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International Conference on
Communications & Electronics
(ICCE-2012)

About the Conference
The conference ICCE-2012 will feature original research and industrial papers on the
theory, design and implementation of the emerging technologies in Communication,
Networking, Microwave and Electronics techniques. Furthermore, it will enable the
researchers in the various domains to foster the exchange of concepts, prototypes,
research ideas and the results of research work which could contribute to the academic
arena and also benefit business and industrial community.
ICCE - 2012 invites original contributions in communication engineering, electronics,
and related technologies.
About the Institute
Krishna Institute of Engineering and Technology (KIET), Ghaziabad, Uttar Pradesh is a
premier institution, providing quality education in the field of Engineering and
Technology in India for the past more than 12 years. In its quest for excellence, KIET has
taken a number of important initiatives, resulting which, today we are NAAC A Graded
(for 5 Years), NBA Accredited and ISO 9001-2000 Engineering College. We have also
been awarded UPTU Excellence Award by UP Technical University for quality
education and excellent infrastructure and other facilities.
Department of ECE grooms the students to excel in the field of technology. Our students
are trained in both software and hardware skills and basic Inputs are provided to make
them self-confident to work in industry and get encouragement for higher studies &
research. The Department's motto is to upgrade skills and knowledge of our young
engineers to enable them to survive best in the present competitive world. The
department also contributes to the society by accomplishing technical projects that caters
to the various requirements of the present day world. The students are also encouraged to
participate in various technical and extra-curricular events. The department has qualified
and dedicated faculty members to provide good technical support to all the students. The
department of ECE has a vision to become a centre of excellence in the field of
Electronics and Communication Engineering. All our faculty and students are dedicated
to achieve this goal with full vigour, enthusiasm and good ethical values. Department is
running B.Tech. (ECE), M.Tech. (ECE). Department is involved in high quality research
on several domains like Optical Integrated Circuits, Signal Processing and
Communication, Semiconductor Device Characterization and Integration, Advanced
Microwave Techniques, and other emerging fields under AICTE Modrobs Projects.
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Preface
Dear Delegates,
We take this opportunity to welcome you all to the proceedings of International
Conference on Communications & Electronics (ICCE-2012). This conference will
provide a forum for in depth and substantial discussions on the theory, design and
implementation of the emerging technologies in Communication, Networking,
Microwave and Electronics techniques, thus providing solutions and strategies for
business resilience.
It gives us an immense pleasure to have an amalgam of researchers from the fields of
communication engineering, electronics, and related technologies. The purpose of the
International Conference is to provide a platform to foster interdisciplinary
communication among the delegates and to support the sharing process of diverse fields
in various concepts and principles related to these domains. The organizing committee is
extremely gratified by the tremendous response to the call for papers. Over 210 papers
were submitted from the researchers, academicians and students on wide range of topics.
Around 102 papers have been accepted for publication under various tracks. We on
behalf of KIET would like to thank our sponsors namely TBI-KIET (Promoted byNSTEDB, DST, Govt. of India, New Delhi). Our appreciation also goes to entire team
whose dedication and timeless efforts have gone for number of days for this conference.
Finally, we extend you all a very warm welcome again and wish a pleasant and
productive conference.

Chief Editor
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Message
It gives me immense pleasure in writing this foreword for the proceedings of the
International Conference on Communications and Electronics (ICCE-2012) being
organized by the Departments of Electronics and Communication Engineering, Krishna
Institute of Engineering and Technology, Ghaziabad during October 19-20, 2012. This
event is targeted towards researchers, professionals, educators and students to share
innovative ideas, issues, recent trends and future directions in the fields of software and
network technologies.
The conference ICCE-2012 will feature is targeted towards researchers, professionals,
educators and students and industrial papers on the theory, design and implementation of
the emerging technologies as well as share innovative ideas, issues, recent trends and
future directions in the fields Communication, Networking, Microwave and Electronics
techniques. Furthermore, it will enable the researchers in the various domains to foster
the exchange of concepts, prototypes, research ideas and the results of research work
which could contribute to the academic arena and also benefit business and industrial
community.
I am pleased to note that researchers from various Institutes/Universities and Industries
from different parts of the country and abroad are presenting their research papers on
almost all the current aspects of Communication System, Electronics system,
Microwave Engineering, Signal Processing & Applications, Networking Technologies
and several others.
I am sure that this colloquy of researchers and experts from academia and industry would
greatly benefit researchers, students and faculty. Young scientists and researchers will
find the contents of the proceedings helpful to set roadmaps for their future endeavors.
I wish the conference a great success.
Dr. Ajay Sharma
Director General
KIET Group of Institutions
Ghaziabad - U.P
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Message
I am delighted note that the Departments of Electronics and Communication
Engineering, Krishna Institute of Engineering and Technology, Ghaziabad is organizing
an International Conference on Communications and Electronics (ICCE-2012) to be held
on October 19th -20th, 2012.
I appreciate the efforts on the part of the Organizing Committee in bringing out a
proceeding on Communication, Networking, Microwave and Electronics techniques.
I understand that the papers contributed for publication in the proceeding are on almost
all the current aspects of Communication System, Electronics system, Microwave
Engineering, Signal Processing & Applications, Networking Technologies and several
others.
I have great pleasure in congratulating the Editors of this Proceedings of ICCE-2012 for
their untiring efforts in bringing out this proceeding which will be a valued treasure for all
who pursue research in Communication, Networking, Microwave and Electronics
Engineering areas.
Let me close with warmest regards.
Dr. Narendra Kumar
Director
KIET Group of Institutions
Ghaziabad - U.P
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Krishna Institute of Engineering and Technology (KIET), Ghaziabad, Uttar Pradesh is a
premier institution, providing quality education in the field of Engineering and Technology in
India for the past more than 12 years. In its quest for excellence, KIET has taken a number of
important initiatives, resulting which, today we are NAAC A Graded (for 5 Years), NBA
Accredited and ISO 9001-2000 Engineering College. We have also been awarded UPTU
Excellence Award by UP Technical University for quality education and excellent
infrastructure and other facilities.
Department of ECE grooms the students to excel in the field of technology. Our students are
trained in both software and hardware skills and basic Inputs are provided to make them selfconfident to work in industry and get encouragement for higher studies & research. The
Department's motto is to upgrade skills and knowledge of our young engineers to enable them
to survive best in the present competitive world. The department also contributes to the society
by accomplishing technical projects that caters to the various requirements of the present day
world. The students are also encouraged to participate in various technical and extra-curricular
events. The department has qualified and dedicated faculty members to provide good technical
support to all the students. The department of ECE has a vision to become a centre of
excellence in the field of Electronics and Communication Engineering. All our faculty and
students are dedicated to achieve this goal with full vigour, enthusiasm and good ethical values.
Department is running B.Tech. (ECE), M.Tech. (ECE). Department is involved in high quality
research on several domains like Optical Integrated Circuits, Signal Processing and
Communication, Semiconductor Device Characterization and Integration, Advanced
Microwave Techniques, and other emerging fields under AICTE Modrobs Projects.
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Abstract: In this paper we have developed a new approach
of designing digitally control circuits. The approach is
based on the fibbonacci series coefficient. This approach
provides the resolution less than the minimum width
available for the MOS transistor in any technology. This
approach not only provides good matching characterstics
but also gives fine resolution without the use any additional
circuitry.A 11 bits Digital to Analog Converter (DAC) has
been designed in 0.18-um CMOS process based on the
proposed digital approach. No calibration technique is
used. The Integral Non linearity and Differential Non
Linearity are less than 0.8 LSB and +-0.1 respectively. The
DAC remains monotonic, shows good matching and high
resolution is achieved.

unary and binary sequence. Many researchers had already
explored the advantages of using segmented architecture
which is a combination of unary and binary sequence in
terms of linearity as the design in binary and unary
sequence is easy and simple. Now, the trend of DAC
design is the improvement of the linearity and spurious free
dynamic range (SFDR) by optimising the circuit topology
with binary or unary sequences for high frequency
applications.[3]-[6], [7].
Recently, a lot of semiconductor elements of low power
consumption that uses a deep-submicron semiconductor
process are implemented in portable electronic equipments.
However, because the operation for a long time with a low
capacity battery as a power supply is requested, low-power
consumption devices are necessary. Moreover, we can add
more functions in such low power consumption devices
[8].

Keywords: Digital to Analog Converter (DAC), Fibonacci
series, INL, DNL.

1. INTRODUCTION

The conventional DAC is composed of binary or/and unary
sequences. In the case of binary sequence, the circuit has
advantageous in terms of area, on the other hand, all MOS
switches should be switched other state in the middle of the
whole bit sequence. So, the accuracy falls and large
margins are required in the chip fabrication. In this case,
the power consumption also increases during the operation.
In the case of unary sequence, the circuit has advantageous
in terms of accuracy because the variations between the
bits are constant. On the other hand, unary sequence DAC
needs a decoder which composed of a thermometer code,
so that, layout becomes more complex and needs large die
size. Moreover, because the number of the switches
increases as 2n, the conversion speed becomes lower in the
high-resolution DAC.

As the wireless systems has spread its application in
personnel communication devices such as mobile and
cellular phones and WLAN. High performance, low cost,
small area, high level of integration, low power is
becoming important attributes for any wireless product.
This approach forced the use of low cost CMOS
technology for the implementation of the Radio frequency
integrated circuits [1]. In traditional Radio frequency
Integrated Circuits front-end circuits are analog while base
band is digital and both are critical for high performance
products. The scaling of CMOS provides the significant
improvement in terms of integration and speed for digital
circuits and degrades the performance of analog circuits.
Furthermore, now the technology has no extension to
implement analog circuit with good performance. So, it is
good idea to use digital control approach for analog
portion. [2]

Here we have developed a novel approach for the
implementation of Digital to Analog Converter (DAC). The
approach is based on the proposal of new series based on
Fibonacci series [11] coefficient for the selection of the
width of DAC cells. By using this new approach we are
able to implement DAC with fine resolution, better
matching and in less area. To verify the concept an 11-bit
DAC in 0.18um TSMC CMOS technology.

Digital to analog converters (DACs) are essential
components of telecommunication systems. For example,
wireless communication devices typically includes a
transmit DAC to convert digital data streams into analog
signals. These DAC are designed and fabricated using
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This paper is organized as follows. Section II describes the
existing method to design the digital circuits. The theory
and motivation for generation of novel approach for th
e implementation of digital circuits is in Section
III. Section IV is implementation of 11 Bit DAC using
novel approach. Results and Conclusions are made in
section V and VI respectively.

3. DESIGN OF DIGITAL TO ANALOG
CONVERTER
The 11 bit digital to analog converter is implemented in
0.18 um TSMC CMOS technology using the proposed
pseudo series. In TSMC technology the minimum width of
PMOS transistor is 220 nm and the minimum resolution in
the width is 10nm. This specifies that fine resolution of 10
nm is also possible using the proposed theory. Here, as we
know from our experience that process, voltage and
temperature (PVT) variation are main culprits to limit the
resolution. So, ± 20 % are taken for PVT variation and
chosen the 100 nm resolution.

2. PROPOSED SERIES
The the proposed series can be given
Wi+1 = Wi + di
and di = di-1+ di-2 +1 (di ≤ 0 = 0)
Where Wi shows the i-th number of the proposed series and
di is the i-th coefficient. Initial value of Wi is equal to the
size of Least Significant Bit (LSB) and di are zero. The
weighted value of the proposed series is decided by the
values of Wi and di. The successive ratio of the proposed
series is between of unary and binary series which is 1 and
2, respectively.

The simplified block diagram of the implemented DAC is
shown in Figure 1. The cascode structure current mirror
circuit model, used to implement digital bits is shown in
Fig.2.

Table I : Comparison with binary weighted and
thermometer coding and proposed series DAC
Parameters
LSB size
MSB size
Resolution
Bit range
Interconnection
lines
Decoder

Proposed
2 um
4 um
100 nm
6.3um12.6um
7

Binary
weighted
0.22 um
7.04 um
220 nm
0.22um to
14.08um
6

Thermometer
0.22 um
0.22 um
220 nm
0.22um to
14.08um
64

Yes

No

yes

Fig. 1: Simplified block diagram of proposed 12-bit
DAC with pseudo Fibonacci sequence.

Table I shows the comparison among the proposed, binary
weighted and thermometer coding scheme. Based on the
comparision following advantages are onserved:
a.

The MSB to LSB ratio in the proposed series is 2 as
compared to 32 in binary series and 1 in thermometer
coding. This implies that new series has better
matching characteristics as bits dimension are in the
close vicinity to each other. So, no additional
calibration technique is required.
b. The proposed series also provides better resolution as
compared to binary weighted and unary weighted
codes.
c. Number of interconnect lines are almost same as
binary weighted but very much less than thermometer
coding so it will also have the capabilities for high
speed operation.
In conclusion the proposed scheme incorporates good
features of binary weighted and thermometer decoding
schemes and eliminates the poor qualities.

Fig. 2: Circuit model of current source of pseudo
fibonacci sequence.
This 11 bit DAC is implemented in two parts. In part I, 7
cells of cascode current mirror are implemented. The size
of these 7 cells is selected according to the proposed series.
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0.8
0.7

These 7 cells represent gives only 6 Effective Number Of
Bits (ENOB) which are used for lower order bits. The
remaining higher order 5 bits are implemented using
thermometer coding. This part has 32 equal size current
mirrors. The sizes of all the cells used in DAC for proposed
series and thermometer coding are given in table II.

INL [LSB]

0.6

Table II: CHANNEL SIZE OF THE DAC CELLS

Cell number

INL

0.5
0.4
0.3
0.2
0.1
0

Size (in um)

Fingers

Cell 1

2

4

Cell 2

2.1

4

Cell 3

2.2

4

Fig.3 (b) Simulated INL for the entire 11 bit DAC.

Cell 4

2.4

4

Cell 5

2.7

4

Cell 6

3.2

4

Cell7

4.0

4

The INL and DNL in this case is less than ±0.5 LSB. From
the result the INL and DNL for 11 bit combination is
degraded because of the slight mismatch due to placement
of cells in layout. The implemented digital to analog
converter is monotonic for all the 11 bit.

Cell for
thermometer code

6.4

8

-0.1
0

0.1

2048

1024
1536
Digital codes

DNL

0.05
DNL [LSB]

The table shown above shows that the implementation of
all the bits the size are varying.between 2um to 4 um. This
shows that the width of all the bits are very close to each
other that gives good matching.

0
-0.05

4. SIMULATION RESULTS
Fig.3 shows the simulated differential non-linearity (DNL)
and integral non-linearity (DNL) for 11 bit DAC at 1.8V
supply voltage. the INL and DNL are better than 0.8 LSB
and ± 0.1 LSB respectively. DNL and INL for six bits
based on the proposed design approach are shown in fig.4.

-0.1
16
0.2

32
48
Digital codes

64

INL

0.15

0.1

INL [LSB]

DNL

0.05

DNL [LSB]

512

0

0.1
0.05
0
-0.05
-0.1

-0.05

16

-0.1
0

512

1024

1536

32
48
Digital codes

64

Fig.4 Simulated (a) DNL (b) INL for the proposed 6 bit
LSB of DAC.

2048

Digital Codes
Fig.3 (a) Simulated DNL for the entire 11 bit DAC.

The DAC power consumption is 3mA at 1.8V power
supply.
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5. CONCLUSIONS
In this brief, we proposed a new approach to Digital to
Analog Converter. The proposed approach is derived with
the use of fibbonacci series. The proposed theory based
DAC has better matching characteristics with fine
resolution. This approach has incorporated the merits of
binary weighted and thermometer coding and eliminated
their demerits. To verify the proposed approach a 11 bit
Digital to Analog Converter is designed, without
employing any calibration technique. This DAC preserves
monotonic pattern for all the 11 bits, the critical issue in
DAC design. Also, the INL and DNL achieved are within
the limits. The proposed approach can also be used in
digitally controlled circuits.
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Abstract: This Paper describes about one of latest
technology LiFi.It is transmission of data through
illumination by taking the fiber out of fiber optics by
sending data through a LED light bulb that varies in
intensity faster than the human eye can follow.

data can be transmitted through LED light.So, the data will
be transmitted through the LED light without any physical
optical fiber.If there will be a LED light ,there will be data.
So,in a very short time we are going to forget to connect to
internet with the Wi-Fi and we will be used to connect to
Wi-Fi through light bulb.

Keywords: LiFi, WI-Fi, D-Light, Illumination, HID, LED.

1. INTRODUCTION
It was observed that the data can be transmitted through
LED light.So; the data will be transmitted through the LED
light without any physical optical fiber. If there will be a
LED light, there will be data.

Whether you are using the internet in a coffee shop or
trying to steal the internet from the next door of your friend
or in a conference when you are facing the internet speed
problem. As the user increases, the speed of the internet
gets decreased.

Meanwhile Steve Perlman of Rearden Labs has introduced
another technology named DIDO which will break the
Shannon's limit by 100 times.

What if the speed gets constant though the user increases in
the place. Normally we transmit the data through EM wave
in the sky, what if we use the other part which is like?

So,in a very short time we are going to forget to connect to
internet with the Wi-Fi and we will be used to connect to
Wi-Fi through light bulb.

3. ABOUT LIFI TECHNOLOGY
LiFi is transmission of data through illumination by taking
the fiber out of fiber optics by sending data through a LED
light bulb that varies in intensity faster than the human eye
can follow.

Whether you are using the internet in a coffee shop or
trying to steal the internet from the next door of your friend
or in a conference when you are facing the internet speed
problem. As the user increases, the speed of the internet
gets decreased.
What if the speed gets constant though the user increases in
the place. Normally we transmit the data through EM wave
in the sky, what if we use the other part which is like?
"data illumination”. Through this technique has taken the
optical part of the fiber out of the fiber optics and sending
the data through light bulbs.
It was called D-light through this technique that is almost
10 GB which is better than any of the internet connection.
So, in a near future you will see that the street lamps are
transmitting data, the headlights of the cars will be also
able to transmit data!

Fig. 1: Different uses of LiFi Technology

2. DEVELOPMENT

4. TECHNOLOGY DEMONSTRATION

Two latest technologies in telecommunication is been
revealed in the last few weeks. It was demonstrated that the

It was demonstrated that table lamp that successfully
transmitted data at speeds exceeding 10Mbps using light
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waves from LED light bulbs to a computer located below
the lamp.

can see. In near future we can see data for laptops, smart
phones, and tablets transmitted through the light in a room.

To prove that the light bulb was the source of the data
stream, he periodically blocked the beam of light, causing
the connection to drop.

Li-Fi technology uses semi-conductor device LED light
bulb that rapidly develop binary signals which can be
manipulated to send data by tiny changes in amplitude.
Using this innovative technology 10,000 to 20,000 bits per
second of data can be transmitted simultaneously in parallel
using a unique signal processing technology and special
modulation.

5.

LiFi TECHNOLOGY AT A GLANCE

The LED bulb will hold a micro-chip that will do the job of
processing the data.

This Li-Fi technology will be really useful on oil rig
platforms and underwater application were conventional
radio signal can ignite fire due to accidental spark. This LiFi technology can be used on aircraft as it cannot interfere
with other radio equipment. There is less risk of data
leaking out of a house or office. As comunicatation
technology is expanding at a rapid pace we are running out
of radio frequency spectrum but this new visible light
spectrum has 10,000 times more capacity than radio
frequency.

The light intensity can be manipulated to send data by tiny
changes in amplitude.
This technology uses visible spectrum of light, a part of the
electromagnetic spectrum that is still not greatly utilized.
In fact the technology transfers thousands of streams of
data simultaneously, in parallel, in higher speeds with the
help of special modulation, using a unique signal
processing technology.

Cellular masts or base stations worldwide uses a lot of
energy particularly for cooling and it operates at only five
percent efficiency whereas Li-Fi technology can transmit
data through the 14 billion light bulbs already installed
worldwide. So it is virtually free .The whole process of
transmitting data through light is more energy efficient than
using radio frequency.

6. SOME ASPECTS OF LiFi
The light used to transmit the data is called D-light by
Harald Hass, the inventor of LiFi.
In future data for laptops, Smartphone's, and tablets can be
transmitted through the light in a room by using LiFi.

Li-Fi technology uses microchip fitted into every lighting
device: household lights, street lamps, cell phones,
overhead lights on planes, traffic lights such that every bulb
can be used something like a Wi-Fi hotspot to transmit
wireless data without no additional cost for infrastructure
thus turning existing light fixtures — from street lamps to
Smartphone LED screens — into rapidly pulsating data
transmitters.

Security would be a snap—if you can’t see the light, you
can’t access the data.

7. BRIGHTNESS OF IS A LIFI SOURCE
The LiFi source has very high lumen density - in other
words, a single source, only a few millimeters in size, can
produce 23,000 lumens of brilliant white light. At this level
of output, you will only need to use one light source per
street light in most cases. This makes the mechanical and
optical implementation of light fixtures much simpler and
less expensive compared to using a large HID bulb or an
array of multiple LEDs that is needed to match this level of
luminous output.

9. APPLICATIONS OF LiFi
1.

Can be used in the places where it is difficult to lay the
optical fiber like hospitals. In operation theatre LiFi
can be used for modern medical instruments.

2.

In traffic signals LiFi can be used which will
communicate with the LED lights of the cars and
accident numbers can be decreased.

3.

Thousand and millions of street lamps can be
transferred to LiFi lamps to transfer data.

4.

In aircraft LiFi can be used for data transmission.

5.

It can be used in petroleum or chemical plants where
other transmission or frequencies could be hazardous.

8. DATA TRANSMISSION USING LiFi
As Wi-Fi hotspots and cloud computing are rapidly
increasing reliable signal is bound to suffer. Speed and
security are also major concerns. They are vulnerable to
hackers as it is penetrate through walls easily. Li-Fi is said
to overcome this .This new technology is comparable to
infrared remote controls which sends data through an LED
light bulb that varies in intensity faster than the human eye
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10. LiFi COMPARISON OVER OTHER
TECHNOLOGY
Parameter

Source Efficacy
(L/W)
Fixture Efficacy
CCT (Kelvin)

Color
Rendering
(CRI)
Lumen Density
(L/mm^2)
Lifetime (hrs)
Dimmable &
Controls

LiFi

LED

Metal
Halide

120

115

100

75

67

5600

6500

63
40005000

75-95

65-75

68

1000

100

N/A

50,000

50,000

20,000

Yes

Yes

No

11. CONCLUSION
The possibilities are numerous and can be explored further.
If his technology can be put into practical use, every bulb
can be used something like a Wi-Fi hotspot to transmit
wireless data
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Abstract: The Eyegaze System is a communication and
control system for people with complex physical
disabilities. You run the system with your eyes. By looking
at control keys displayed on a screen, a person can
synthesize speech, control his environment (lights,
appliances, etc.), type, operate a telephone, run computer
software, operate a computer mouse, and access the
Internet and e-mail. Eyegaze Systems are being used to
write books, attend school and enhance the quality of life of
people with disabilities all over the world.

2. WHO IS USING THE EYEGAZE SYSTEM?
This system is mainly developed for those who lack the use
of their hands or voice. Only requirements to operate the
Eyegaze are control of at least one eye with good vision &
ability to keep head fairly still. Eyegaze Systems are in use
around the world. Its users are adults and children with
cerebral palsy, spinal cord injuries, brain injuries, ALS,
multiple sclerosis, brainstem strokes, muscular dystrophy,
and Werdnig Hoffman syndrome. Eyegaze Systems are
being used in homes, offices, schools, hospitals, and long
term care facilities. By looking at control keys displayed on
a screen, a person can synthesize speech, control his
environment (lights, appliances, etc.), type, operate a
telephone, run computer software, operate a computer
mouse, and access the Internet and e-mail. Eyegaze
Systems are being used to write books, attend school and
enhance the quality of life of people with disabilities all
over the world.

Keywords: Eyegaze System, Nystagmus, Visual acuity,
Diplopia, Mydriasis.

1. INTRODUCTION
Imagine yourself being a intelligent, motivated, and
working person in the fiercely competitive market of
information technology, but just one problem You can't use
your hands. Or you can't speak. How do you do your job?
How do you stay employed? You can, because of a very
good gift from computer Industry: The Eyegaze, a
communication & control system you run with your eyes.

2.1 The skills needed by the user
2.1.1 Good control of one eye

The Eyegaze System is a direct-select vision-controlled
communication and control system. It was developed in
Fairfax, Virginia, by LC Technologies, Inc.,

The user must be able to look up, down, left and right. He
must be able to fix his gaze on all areas of a 15-inch screen
that is about 24 inches in front of his face. He must be able
to focus on one spot for at least 1/2 second.
Several common eye movement problems may interfere
with Eyegaze use. These include:

Nystagmus (constant, involuntary movement of the
eyeball):
The user may not be able to fix his gaze long enough to
make eyegaze selections.

Alternating Strabismus (eyes cannot be directed to the
same object, either one deviates):
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The Eyegaze System is constantly tracking the same single
eye. If, for example, a user with alternating strabismus is
operating the Eyegaze System with the right eye, and that
eye begins to deviate, the left eye will take over and focus
on the screen. The Eyegaze camera, however, will continue
to take pictures of the right eye, and the System will not be
able to determine where the user's left eye is focused.
When the left eye deviates and the right eye is again fixed
on the screen the Eyegaze System will resume predicting
the gazepoint. Putting a partial eye patch over the nasal
side of the eye not being observed by the camera often
solves this tracking problem. Since only the unpatched eyes
can the screen, it will continuously focus on the screen. By
applying only a nasal-side patch to the other eye, the user
will retain peripheral vision on that side.

sitting on top of a big, bright pupil, the corneal reflection
may be indistinguishable and therefore unreadable by the
computer.

2.3 Mental abilities that improve the probability for
successful Eyegaze use:
2.3.1 Cognition:
Cognitive level may be difficult to assess in someone who
is locked in, especially if a rudimentary communication
system has not been established. In general, a user with
average intelligence will best maximize the capabilities of
an Eyegaze System.

2.3.2 Ability to read:

2.1.2 Adequate vision

At present, the Eyegaze System is configured for users who
are literate. The System is text-based. A young child with
average intelligence may not be reading yet, but probably
has the capability to learn to read at an average age. He
may be able to recognize words, and may be moving his
eyes in a left to right pattern in preparation for reading. As
an interim solution many teachers and parents stick pictures
directly onto the screen. When the child looks at the picture
he activates the Eyegaze key that is located directly
underneath it.

Several common vision problems may affect a user's ability
to see text clearly on the Eyegaze monitor. These include
the following:


Inadequate Visual acuity



Diplopia (double vision)



Blurred vision

2.2 Ability to maintain a position in front of the
Eyegaze monitor

2.3.3 Memory:

It is generally easiest to run the System from an upright,
seated position, with the head centered in front of the
Eyegaze monitor. However the Eyegaze System can be
operated from a semi-reclined position if necessary.
Continuous, uncontrolled head movement can make
Eyegaze operation difficult, since the Eyegaze System must
relocate the eye each time the user moves away from the
camera's field of view and then returns. Even though the
System's eye search is completed in just a second or two, it
will be more tiring for a user with constant head movement
to operate the System.

Memory deficits are a particular concern in considering the
Eyegaze System for someone with a brain injury. A user
who can't remember from one day to the next how to
operate the system may find it too difficult to use
effectively.

3. HOW DOES THE EYEGAZE SYSTEM
WORK?
As a user sits in front of the Eyegaze monitor, a specialized
video camera mounted below the monitor observes one of
the user's eyes. Sophisticated image processing software in
the Eyegaze System's computer continually analyzes the
video image of the eye and determines where the user is
looking on the screen. Nothing is attached to the user's
head or body.

1. Absence of medication side effects that affect Eyegaze
operation:
Many commonly prescribed medications have potential
side effects that can make it difficult to operate Eyegaze.
Anticonvulsants (seizure drugs) can cause: nystagmus,
blurred vision, diplopia, dizziness, drowsiness, headache
and confusion. Some antidepressants can cause blurred
vision and mydriasis (abnormally dilated pupil) and
Baclofen, a drug commonly used to decrease muscle
spasms, can cause dizziness, drowsiness, headache,
disorientation, blurred vision and mydriasis. Mydriasis can
be severe enough to block eyetracking. If the retinal
reflection is extremely bright, and the corneal reflection is
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In detail the procedure can be described as follows: The
Eyegaze System uses the pupil-center/corneal-reflection
method to determine where the user is looking on the
screen. An infrared-sensitive video camera, mounted
beneath the System's monitor, takes 60 pictures per second
of the user's eye. A low power, infrared light emitting
diode (LED), mounted in the center of the camera's lens
illuminates the eye. The LED reflects a small bit of light
off the surface of the eye's cornea. The light also shines
through the pupil and reflects off of the retina, the back
surface of the eye, and causes the pupil to appear white.
The bright-pupil effect enhances the camera's image of the
pupil and makes it easier for the image processing
functions to locate the center of the pupil. The computer
calculates the person's gazepoint, i.e., the coordinates of
where he is looking on the screen, based on the relative
positions of the pupil center and corneal reflection within
the video image of the eye. Typically the Eyegaze System
predicts the gazepoint with an average accuracy of a
quarter inch or better.

Turn pages on the computer screen by looking at
"up" or "down".

BE AT TWO SITES!! Portable computer has a
handle to hand-carry between two sites. Two sets
of other components and cables for access to
Eyegaze System at school, work or home.
Dimensions 9"x5'txl7'1, weight approximately 16
lbs. (Transportable Computer)



BE A KEYBOARD to a second computer to run
any keyboard-controlled software, by means of
the T-TAM connector. (Second Computer Mode)



SPEAK 100 "canned phrases" through a speech
synthesizer, with a single glance of the eye.
Phrases can be changed by caregiver or user.
(Phrases)



CONTROL appliances anywhere in the home or
office from one Eyegaze screen. No special
wiring. (Lights and Appliances)



DIAL and answer a speaker phone from one
screen. "Phone Book" stores 16 frequently used
numbers. (Telephone).

Because eyetracking is done using infrared light. Eyegaze
system must take care of light sources in the room in order
to ensure the best accuracy. The Eyegaze System must be
operated in an environment where there is limited of
ambient infrared light. Common sources of infrared light
are sunlight and incandescent light bulbs. The System
makes its predictions based on the assumption that the only
source of infrared light shining on the user's eye is coming
from the center of the camera. Therefore, stray sources of
infrared may degrade the accuracy or prevent Eyegaze
operation altogether. The System works best away from
windows, and in a room lit with fluorescent or mercuryvapor lights, which are low in infrared.

The Basic Eyegaze Can:





7. ENVIRONMENT REQUIRED FOR AN
EYEGAZE SYSTEM

5. USES OF EYEGAZE

Type with one of four keyboards, then print or
speak.

Teach new users with simplified screens.

Scanning Keyboard is the new row/column keyboard with
an on-screen eye "switch" for people with limited eye
movement. The switch can be placed on either side, above,
or below the keyboard to accommodate users with only
horizontal movement, or only vertical movement. The user
may "speak" what he has typed.

A user operates the Eyegaze System by looking at
rectangular keys that are displayed on the control screen.
To "press" an Eyegaze key, the user looks at the key for a
specified period of time. The gaze duration required to
visually activate a key, typically a fraction of a second, is
adjustable. An array of menu keys and exit keys allow the
user to navigate around the Eyegaze programs
independently.





6. FOR PEOPLE WITH LIMITED EYE
CONTROL

4. HOW TO RUN THE EYEGAZE SYSTEM?

Adjust to a new user in about 15 seconds.

Play games, two "paddle" games, plus solitaire
and slot machine.

5.2 With Options The Eyegaze Can:

Prior to operating the eyetracking applications, the Eyegaze
System must learn several physiological properties of a
user's eye in order to be able to project his gazepoint
accurately. The system learns these properties by
performing a calibration procedure. The user calibrates the
system by fixing his gaze on a small yellow circle
displayed on the screen, and following it as it moves
around the screen. The calibration procedure usually takes
about 15 seconds, and the user does not need to recalibrate
if he moves away from the Eyegaze System and returns
later.
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8. NEW PORTABLE EYEGAZE SYSTEM

9. CONCLUSION

The Portable Eyegaze System can be mounted on a
wheelchair and run from a 12-volt battery or wall outlet. It
weighs only 6 lbs (2.7 kg) and its dimensions are
2.5"x8"x9" (6.5cm x20cm x23cm). The Portable Eyegaze
System comes with a flat screen monitor and a table
mounts for its monitor. The monitor can be lifted off the
table mount and slipped into a wheelchair mount.

Today, the human eye-gaze can be recorded by relatively
unremarkable techniques. This thesis argues that it is
possible to use the eye-gaze of a computer user in the
interface to aid the control of the application. Care must be
taken, though, that eye-gaze tracking data is used in a
sensible way, since the nature of human eye-movements is
a combination of several voluntary and involuntary
cognitive processes.
The main reason for eye-gaze based user interfaces being
attractive is that the direction of the eye-gaze can express
the interests of the user-it is a potential porthole into the
current cognitive processes-and communication through
the direction of the eyes is faster than any other mode of
human communication. It is argued that eye-gaze tracking
data is best used in multimodal interfaces where the user
interacts with the data instead of the interface, in so-called
non-command user interfaces.
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Abstract: The paper presents the principal difficulty in
scaling a system of packet radio stations where
interference from other stations in the system interference
comes both from nearby stations and from distant stations
Each nearby interfering station is a particular problem,
because a signal received from it may be as strong as or
stronger then the desired signal from some other station.
Far off interfering stations are not individually a problem,
since each of their signals will be weaker, but the combined
effect may be he dominant source of interference, the paper
is superior to ideal time division multiplexing of a clear
channel.

determine the received signals as a function of the
transmitted signal assuming linearity and time invariance a
general model is

1. INTRODUCTION

3. SOURCES OF INTERFERENCE IN
PACKED DATA TRANSMISSION

  =   + ∑
 ℎ   ∗



Where M=no of stations
Hij = response at station i to an impulse in time transmitted
by station j
Where Hij =signal due to thermal noise at station i
*= convolution symbol

Interference from other station is the main reason behind
scaling of packed radio networks in transmission.
Interference is caused due to nearby stations as well as
from distant stations because the signals received from
those stations could be strong or week. Thus the overall
noise level and interference caused due to the transmission
of signal to a particular station are analyzed and found to
remain manageable even as the system scales to billions of
nodes. Thus to avoid collision in the packet data
transmission new concepts are developed in this paper.
Telecommunication can be achieved by either sending
signals through cables or by letting generated signals
propagate naturally through space as electromagnetic
radiation cables can provide unlimited bandwidth, but
require a lot of capital investment. the cable costing
becomes expensive due to labour costing and installation
charges.

Interference can come from various sources which include
thermal noise, atmospheric effects, extraterritorial effects.
Along with all those interference from other source
interference create a lot of problem. Thus impulse response
hij(t) is a general model for propogation in that can
represent the strength of the propogation, the propogation
delay and any multipath propogation. So hij(t) will be
assumed to be just a scalar multiple of unit impulse hij(t)
and the equation above can be simplified to

 =  + ∑ℎ  

Where hij(t) are now scalars and the propogation model is
not complete until hij(t) are specified. The signal will be
received successfully at a station i from k if, while ratio is
at least small factor >1 and probably around 3. The
required signal to noise ratio is


≳∝ 2  − 1


2. PACKED DATA NETWORKS MODELLING
A signal either transmitted or received is most completely
as a real valued function of time. Signal transmitted by
source is denoted as Si(t),and the received signal at the
station is denoted as yi(t).the parameter that are to be
considered for the system performance are its power level
and bandwidth and both are regulated by government
regulation and limitations. Noise and propagation

Where C= capacity

S=Power of the signal received at station i from sending
station K. The power contained is the sum of the interfering
signals
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 =  + ∑  ℎ  ∗  

isolated from each other in frequency and the receiver can
use a band pass filter to separate the desired signal. Same
ways TDM can allow for statistical multiplexing of the
traffic and eliminates the problem of transient channel
assignment, but introduces the problem of resolving
contention for the channel. Random aces schemes and
explicitly scheduled schemes can nicely solve the problem
in situations where all the stations or when all the station
can hear each other equally well in case of non uniform
propagation and non centralized traffic, the potential
performance of random access scheme is less understood.
Coode division multiplexing is the term used to denote
spread spectrum technique of multiplexing, where the
signals are allowed to overlap in time and frequency

.

4. SPREAD SPECTRUM
Spread spectrum is the term used to describe techniques for
practically achieving communication by radio when the
signal to noise ratio is less than 1 that is within the used
bandwidth spread spectrum is used to get multiple access
over a single channel or single bandwidth. Most widely
used technique in spread spectrum is direct sequence
spread spectrum (DSSS)which is followed by a modulator
and a demodulator, but as soon as the modulator signal
transmitted a pseudo random code is generated. The
receiver then uses a narrow filter and detector to isolate the
signal and demodulate it to get the transferred bits. Spread
spectrum radio techniques can be used to build systems that
are capable of communication at the rates with in the
Shannon bounds in channels where the interference has
lowered the signal to noise ratio to well below one, but
their are some practical limits. Some additional signal
levels. or headroom will be needed over the minimum
implied by the Shannon bound. It is found that around 5 db
of headroom after propagating gain is needed to achieve a
10-6 bit error probability using a DS/BPSK radio link with
viterbi decoding in a spread spectrum multiple access
application. ( For example the processing gain of around 30
db would handle a few hundred 100√10≈ 316 interfering
signals each with a error correcting codes.

8. PACKET RADIO NETWORKS
Packet radio networks comes from work in multiple access
communication theory by the use of propagation models
that do not have all the receivers receiving the same signal
Interference is a quantifiable phenomenon and is measured
by the resulting signal to noise ratio a which packets are
receive.

9. NOISE LEVELS IN LARGE SYSTEMS
In presence of high levels of interference signal to noise
ratio will be reduced and hence the communication rate
will reduce. The relationship between signal to noise ratio
is significantly less than one. If we consider that stations
are distributed at some average density throughout the
infinite plane, and that each station is operating its
transmitter at unit power output and at duty cycle η. Now
power radiated per unit area in the plane is an average η .
For a receiver located in the plane, the power level received
from a station a distance of one characteristics length Ro
=⍴ %/' can be computed. If the growth in the overall
level of interference then assume that M interfering stations
are distributed randomly within a circle of radius R, then
stations outside the circle can be ignored Average density
is then M/ΠR2 if M increase the distance to the nearest
neighbours also decreases remaining proportional to the
distance. The distance to nearest neighbour also decreases,
remaining proportional to the distance Ro =⍴ %/'

5. CHALLENGES IN INTERFERENCE
SIGNALS
Interference is limited to try to schedule transmission so
that each packet can be transferred without experiencing
any interference from any other transmissions. For
completely filled in propagation matrix, this approach
would require co ordination between all stations
participating in the system and exclusive one at a time use
of channel. The co ordination would be challenging if there
are many millions of stations

6. NOISE LEVEL IN LARGE SYSTEM
In presence of high level of interference signal to noise
rates are bounded by the Shannon limit and hence rate of
communication reduces. Relationship between signal to
noise ratio is significantly less than one

The signal level s from such a nearest neighbour
transmitting with unit power would be
 =∝/()'

7. MULTIPLE ACESS COMMUNICATION
THEORY

=∝/1/√+'
=∝ +

FDM is the most straight forward method of managing the
separation of users. Different users of the spectrum are
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Where depends on the antennas and wavelength used. The
total power of interfering signals N, ignoring the
contribution from local interference inside the circle of
radius Ro =⍴ %/' can be calculated as

independently, as two additional sources of interference
can combine to produce an even greater level of extra
interference, we can hold each such potential additional
sources of interference to a maximum increase of 1 db in
total interference and budget a few decibels of addition
headroom. It would then take more than four simultaneous
high power transmissions each contributing just under1 db
threshold from nearby neighbours to have more than a 3db
effect on the overall level of interference only in frequent
circumstances. And neighbour ‘s transmission increase the
level of interference by more than 1 db. In order for an
interfering station to significantly increase by more than 1
db the total amount of interference, it would have to deliver
more than 20 times or 13 db more the amount of power that
it is delivering to the intended recipient. If the noise level is
20 db or the target receive power. Choosing 13 db here is 1
decibel more conservative. Assuming 1/r2 propogation, this
threshold will be exceeded only when station is more than
five times as far away as the interference from the
transmitter. If the distant stations we are communicating
with are at a distance of 2⍴-1/2 then the expected no of
stations inside a circle with a radius of one fifth this
distance only Π(2/5)2 0.5. This no is well under the
interference threshold of four nearby transmitter. If when
high power must be used, an additional constraints can be
placed on the scheduling to avoid interfering with and
neighbours reception. Those packet transmission that will
require high power must not be scheduled at a time that
overlaps with a receive window at a neighbour who is too
close.

N = ,0) ∝ -'η ⍴2Π./.
0



=∝ η⍴2Π
=∝ η⍴2Π1( − 1(2
=∝ η⍴2Π(/(2
=∝ η⍴2Π1√3/Π
=∝ η⍴Π13/Π

So the signal to noise ratio (SNR) is

∝⍴
=
 ∝ η⍴1 3
Π

=
6
ηΠ 45 Π

The expected signal to noise ratio of a signal from one of
the nearest neighbours depends only on the M and (the
duty cycle).The signal to noise ratio falls very slowly
approaching –db for η=1 as the number of stations
approaches 1012. This observation is encouraging The
signal to noise ratio of a neighbours transmission falls
slowly even as the number of stations grows exponentially

10. WORK PERFORMED THROUGH PSUEDO
RANDOM SCHEDULING FOR PACKED
RADIO NETWORKS VIA CHANNEL
DIVISION

11. CONCLUSION
This paper presents a pseudo random scheduling method
that can be used to ensure that packets are not received at
times when the signal to noise ratio would be unacceptably
lowered due to nearby near by sources of interference. The
method requires neither global synchronization or global
coordination. Each station can arrange independently with
its immediate neighbours to ensure that its transmission do
not mask the reception of packets either by itself or by any
particularly close neighbours. The maximum total
throughput or fraction of time spent sending out of a station
is around 0.21 for a single neighbour and can be increased
as more neighbours are added. A station can even spend
more than half of the time sending if it has a sufficient
number of neighbours. The expected delay per hop due to
the scheduling method is a few scheduling slots which,
with four sub slots is around two dozen packets. The design
strategy introduced above yield a design for an effective
packet radio network that can scale to seemingly arbitrary
density and requires no centralized centralized co
ordination of channel use above paper shows how to ensure
that packets are sent only at times at which they will not be

Interference from a nearby station transmitter may be a
problem if it is used to transmit at high power. It could be
problematic if the nearby station transmitter delivers and
interfering signal with power sufficient to significantly
lower the signal to noise ratio of packet receptions.
Whether the effect is significant or not will depend on how
much processing gain the stations are using. The power
levels are usually discussed in decibels algorithm. But the
effect of an additional interfering signal on overall
interference level which is already quite high. The power
level adds but the logarithmic levels do not increase. Say if
two signals one at a power level of 20 db and other the
other at a power level of 10 db are added the power level of
the resulting signal is 20.4db. which is barely a significant
change. In order for the addition of a week signal to
increase the overall level of interference by more than 1 db
its power level must be at least one fourth the power level
of the overall interference One decibel which is about a 25
percent change is a reasonable threshold for significance.
While we can strictly budget the additional level of
interference we may tolerate from each nearby neighbour
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dropped due to collisions, but we do not require any global
synchronization or co ordination.
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Abstract: In this paper, performance of radio-over-fiber
(RoF) links employing intensity modulation has been
investigated in terms of bit error rate (BER). An analytical
model including dispersion, laser and radio frequency (RF)
oscillator phase noise is constructed to estimate the BER
performance for 64-quadrature amplitude modulation
(QAM) based RoF system. It has been observed that RF
oscillator linewidth and percentage of received power
affect the BER significantly. BER deteriorates rapidly as
value of percentage of received power increases but for
increased RF oscillator linewidths specifically above 1Hz,
the BER degrades to great extents which is not desirable
for efficient communication system. BER does not change
significantly as laser linewidth varies. Percentage of
received power is more decisive factor for BER of 64quadrature amplitude modulation (QAM) based RoF
system.

station (MS) through a wireless channel. This architecture
provides a cost-effective system since any RF oscillator is
not required at the BS [3], and [4]. However, the
performance of RoF systems depends on the method used
to generate the optically modulated RF signal, power
degradation due to fiber chromatic dispersion, nonlinearity
due to an optical power level, and phase noises from a laser
and an RF oscillator. Several techniques have been found
for the optical generation of mm-waves wireless signals
including optical self-heterodyning, up- and down
conversion, and external modulation[5],and[6]. In a radio –
over-fiber system which carries millimeter-wave(MM)
signals, radio spectrum limited capacity can be overcome
by using multilevel modulation techniques such as M-ary
quadrature-amplitude modulation(M-QAM) techniques[7][8]. Regardless of the no. of constellation points, all(QAM)
signals can be generated using a single dual-drive MachZehnder modulator[9].The QAM signal generation is
greatly simplified with usage of only one dual-drive
modulator. Here, we investigate the BER (bit error rate)
and effect of phase noises from an RF oscillator and laser
linewidth using an external optical modulator. For the
analysis of the BER it is expressed in terms of CNR for
which the autocorrelation and the PSD (power spectral
density) function of a received photocurrent at photo
detector (PD) are evaluated [10],and [11].

Keywords: RoF, BER, MZM, Dispersion, Phase Noise.

1. INTRODUCTION
The Indian telecommunication industry is one of the
world's fastest growing industries, with 914.59 million
telephone (landlines and mobile) subscribers and 881.40
million mobile phone connections as on October 2011[1].
It stands the second largest telecommunication network in
the world in terms of number of wireless connections after
China. As the fastest growing telecommunications industry
in the world, it is projected that India will have 1.159
billion mobile subscribers by 2013[1]. To meet the
explosive demands of high-capacity and broadband
wireless access, modern cell-based wire-less networks have
trends, projecting continuous increase in the number of
cells and utilization of higher frequency bands which leads
to a large amount of base stations (BSs) to be deployed;
therefore, cost-effective BS development is a key to
success in the market [2]. In order to reduce the system
cost, radio over fiber (RoF) technology has been proposed.
RoF systems transmit an optically modulated radio
frequency (RF) signal from a central station (CS) to a base
station (BS) via an optical fiber. The RF signal recovered
using a photo detector (PD) at the BS arrives at a mobile

2. THEORETICAL MODEL
Generally, RoF systems transmit an optically modulated
radio frequency (RF) signal from a central station (CS) to a
base station (BS) via an optical fiber and the photocurrent
corresponding to the transmitted RF signal is extracted by
the filter and this signal arrives at a mobile station (MS)
through a wireless channel.The M-ary QAM signal
generated using a Mach Zehender Modulator is given as[9]:

Eqam =
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Where φ 1 = π

2

v1
v2
,φ 2 = π + π
vπ
vπ

i (t ) ≅ η ESS ( L, t ) ….

Here, v1 and v2 signals from RF oscillator. The phase of
v1 and v2 are carefully chosen to generate quadrature
signal in the output. The RF signal is optically modulated
by laser source with an MZM. The optical signals from the
optical source (laser diode) and the RF oscillator are
modeled as follows:

xd (t ) = Ad exp j ( wd t + Φ d (t )) …….

(1)

xo (t ) = Vo .Cos( wot + Φo (t )) ………...

(2)

i(t ) ≅ η A1d

α fiber L fiber

A1 d = Ad .LMZM .Ladd .10

α1 =

20

J 0 (απ )

2 J1 (απ )
J 0 (απ )

B = 1 + α12
where η defines the responsivity of the PD and | .|2 is the
square-law detection. From (6), the autocorrelation
function RI (τ) is obtained as

After optically modulating xo(t) by xd(t) with a Dual
Electrode
MZM, the output signal is represented as

R1 (τ ) = i (t ). i (t + τ ) …..

 Jo(απ ) exp j [ wdt + φ d (t) + π / 4]
 (3)
Ess (0, t ) = Ad .LMZM 

− 2J 1(απ )exp j [ wdt + φ d (t ) + wot + φ o(t )]

α is

B + 2α1 cos



  ….. (6)
Φd (t −τ + ) − Φd (t − τ 0 )
+ w t + Φ (t − τ ) − Φ + Φ  
2
1 
o
+
 o

Where

Where Ad and Vo define amplitudes from the laser diode
and the RF oscillator, ωd and ωo define angular frequencies
of the signals from the LD and the RF oscillator, and Φd(t)
and Φo(t) are phase-noise processes.

where

2

(5)

(7)

The PSD function SI (f) can be written as

S1 ( f ) = F R1 (τ ) …..

vo
,and vπ is switching voltage of MZM,
2vπ

(8)

∞

S1 ( f ) = R1 (τ ) ∫ R1 (τ )dτ *exp(− jτ w) ….

LMZM is insertion loss.After the transmission of Lfiber in
km standard single mode fiber (SSMF), the signal at the
end of the SSMF becomes

(9)

−∞

Next in equation (10), the first term represents a dc
component, second and third is the broadening effects due
to the fiberdispersion and the linewidths of the RF
oscillator.

α fiber L fiber


 Ad.LMZM .Ladd .10 20 J 0 (απ )




wd t + Φd (t − τ 0 )



 − 2J1 (απ )  (4)
ESS ( L, t ) ≅ exp j −φ + π
 J 0 (απ ) 

1

4






wd t + Φd (t − τ + ) + wot 

exp j 


+Φo (t −τ + ) −Φ2




 B2δ ( f ) +


2
 2ϒoα1 .exp(−2ϒt τ ).cos [ 2π ( f − fo )τ ] 


2
ϒo2 +  2π ( f − fo )]





2
4α1 .exp(−2ϒt τ )


S1 ( f )  +
2
2

(2
ϒ
)
+
[2
(
f
−
f
)]
π
=
t
o

η 2 .A1d 4 
.{ϒt .exp(−2ϒt τ ) − ϒt cos [ 2π ( f − fo )τ ]


 − 4πϒd (ϒd + ϒo )( f − fo )

2


2

 ϒo + 2π ( f − fo )]



.sin [ 2π ( f − fo )τ ]} + P( f + fo )


3. CNR EVALUATION
To evaluate the CNR we utilize the autocorrelation
function and the PSD of the photocurrent [11]. By using a
square-law model, the photocurrent i(t) can be found from
(4) as follows:
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Where

For M=64 it can be modified as:

 2ϒoα12.exp(−2ϒt τ ).cos[ 2π ( f + fo )τ ]



2
ϒ2o + 2π ( f + fo )]





2
 4α1 .exp(−2ϒt τ )

+


2
2
P( f + fo ) = (2ϒt ) +[2π( f + fo )]


.{ϒt .exp(−2ϒt τ ) −ϒt cos[ 2π ( f + fo )τ ] 


 4πϒd (ϒd +ϒo )( f + fo )

.sin[ 2π( f + fo )τ ]}
2
− 2 
 ϒo + 2π ( f + fo )]


 CNR 
 7 
BER =   erfc 


7 
 24 

 7 
BER =   erfc
 24 

Table 1 the Simulation Parameters for BER as a function of
the RF oscillator linewidth and percentage of received
power.

Now the received RF carrier Power PI is approximately
represented as follows
fo +

Parameters
Fiber dispersion
Optical transmission distance
RF carrier frequency
Wavelength of LD
Half power bandwidth filter
RF Oscillator linewidth
Percentage of received power

Bo
2

∫

P1 = 2

PSD( f )df …..

(11)

B
fo − o
2

And by using (11), we find ratio p between the total carrier
power and the required power as follows:

p≅

P1
Pt

10


2 
−1  π .Bo   ….
exp( −2 ϒt τ ) tan 

π 
 2 ϒo  
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p=

(12)

The CNR induced by the differential delay from the fiber
chromatic dispersion and the linewidths from the laser and
the RF oscillator is found as

CNR ≅

CNR ≅

P1
N 
2 Bo .  o 
 2 

( log

M −1
M

10

10

)
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Power=0.3
Power=0.5
Power=0.8
Power=0.99
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Now, the result BER is sketched in Fig. 1 with simulation
parameters in Table 1. represents the function of the RF
Oscillator line width and percentage of received power. It
is found that BER deteriorates as the value of p is
increased. It is noticed that BER due to RF Oscillator
linewidth from 1 to 10 Hz are different for different
percentage of power received.

Now, we investigate effect on BER due to RF Oscillatror
Linewidth and percentage of received power laser
linewidth as follows:

BER =

10

Value
17 ps/nm-km
1 km to 40 km
30 GHz
1550 nm
0.5
1Hz to 10 Hz
0.3,0.5,0.8,0.99

Fig.1. BER as a function of the RF oscillator linewidth
and percentage of received power

(13)

4. RESULT AND DISCUSSION

(

10

10

2η 2 A14d α12 p
….
 π . p exp(−2 ϒt τ ) 
 ϒo 
No .

 tan 
2
π 



2η 2 A14d α12 p
....(14)
 ϒo   π . p exp( −2 ϒt τ ) 
7.N o .  tan 

2
π  


)

And we have to make a considerable trade of between the
bandwidth requirement and the RF oscillator linewidth.

3CNR (log M )
erfc
2( M − 1)
M
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Table 2 the Simulation Parameters for BER as a function of
the Laser linewidth and percentage of received power.

Parameters
Fiber dispersion
Optical transmission
distance
RF carrier frequency
Wavelength of LD
Half power bandwidth filter
RF Oscillator linewidth
Laser Linewidth
Percentage of received
power

BER Performance of QAM 64 System

10

10

10

10

10

Value
17 ps/nm-km
1 km to 40 km
30 GHz
1550 nm
0.5
1Hz
10 Mhz,100 Mhz,300 Mhz
0.1,0.2,0.3,0.4,………….1

-1

-2

-3

-4

yld=10
yld1=100
yld2=300

-5

0

0.1

0.2

the receiver should be carefully chosen after considering
minimum required signal power ratio p.BER is plotted
against p on which filter bandwidth depends.It is also clear
that parameter p will be more decisive factor than laser
linewidth as BER does not change significantly as laser
linewidth varies.

0.3
0.4
0.5
0.6
percentage of received power

0.7

0.8

0.9

Fig. 2: BER as a function of the Laser linewidth and
percentage of received power
Here, the result BER is sketched in Fig. 2 with simulation
parameters in Table 2. represents the function of the laser
line width and percentage of received power. It is found
that BER deteriorates as the value of p is increased and
there is no significant effect of laser linewidth.

5. CONCLUSION
We have shown that the BER has been investigated due to
RF Oscillator for various line widths over different
percentage of received power. It is evident that the BER
deteriorates rapidly as the as the value of p is increased. We
also conclude that the bandwidth of an electrical filter at
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Abstract: In many applications such as video surveillance,
people tracking, traffic monitoring, human motion capture
Background subtraction method are widely exploited for
detection of moving objects. The detected moving object
may also be associated with its shadow, so how to deal
with shadow is one of the most challenging aspects. This
paper deals with the various techniques possible and the
suitable approach that can deal with such problem.

perceive images various techniques have been developed
and many applications have been discovered and one such
field is image segmentation. The position of Image
segmentation is shown in the fig2.1. Lower layer is
characterized by the fact that both input and output are
images. It is the foremost pre-processing step in Digital
image processing. Some of the examples include denoising, contrast enhancement, image sharpening

1. INTRODUCTION
The explosive growth of video sources has created new
challenges for data transmission, storage and analysis.
Since various data compression technologies have been
developed to solve the problem of transmission and
storage. Now the data could be easily obtained from video
cameras through hardware compression devices [1].
However the processing of this data is still a crucial task.
Video Surveillance is the major source to monitor the
behaviors of people, vehicles or other objects using video
cameras for security or social control purposes. This
monitoring is mainly based on the detection of any
suspicious object, illegal or abnormal activities. It is very
difficult for a human operator to continuously monitor
those video tapes recorded by surveillance cameras. For
improving the reliability and accuracy of human operators
many techniques have been proposed, a popular technology
among them is Background Subtraction, which consists of
obtaining a background image which contains no
foreground objects and then comparing it with every new
frame of video sequence. This results in detection of only
the moving object, which contain maximum information.
However accurate foreground segmentation could be
difficult due to moving shadows cast by foreground
objects, illumination changes in the background and
similarity between appearances of foreground objects and
the background.

Fig.2.1: Position of Image segmentation among the
scope of Image Processing techniques [2].
In the Middle layer input are the images but the output are
the attributes extracted from those images. For e.g. edges,
contours and the identity of individual objects. This type of
processing involves the task such as segmentation,
description and recognition of segmented objects. Image
segmentation is a popular research area to detect any
suspicious object. Image segmentation is the process of
partioning an image into different regions to separate out
the main object from background. This separation can be
done by selecting a particular threshold value which
requires some knowledge about the object which could be
available in the form of image or video sequence.
Interactive segmentation provides a mean of extracting
semantic object from a video sequence. It could be object
based and region based. Object based segmentation
separate foreground pixels from background so that they
can be easily distinguished, for this threshold techniques

2. IMAGE/VIDEO SEGMENTATION
An image could take any form like video, animation,
graphics, charts; drawing etc. Human being obtains the
majority of information from these images. To better
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are generally preferred. Foreground object can be described
as the main object which contain maximum information
and makes the processing of data easier. For segmentation
background subtraction techniques are generally preferred.
Higher layer is concerned only with the vision.

•

Foreground camouflage- where a moving object looks
similar to the background either in color or in shape.

•

Shadow effects- where shadows created by moving
objects are not actual foreground objects but often
cannot be captured as the background.

3. BACKGROUND SUBTRACTION

•

An image can change locally due to flickering of the
air, shaking of the camera, noise caused by the image
capturing system, and other causes.

When static cameras are used background subtraction is a
widely used approach for detecting moving objects in
videos.

Taking into account these problems, many background
modelling methods have been developed, which can be
classified in the following categories: Basic Background
Modelling, Statistical Background Modelling, Fuzzy
Background Modelling and Background Estimation. The
most commonly used approach is the statistical modelling
of background where it is assumed that the intensity values
of a pixel can be modelled by a single Gaussian.

Original Image

Background

Foreground

4. SHADOW REMOVAL
Shadows appearing with foreground object can have a
significant impact on the content within captured images.
One major issue in foreground segmentation is the
misclassification of shadow pixels as foreground objects.
For example shadows can connect different people walking
in a group separately, generating a single object as output
of background subtraction. This type of attachment in
foreground objects can lead to distorted appearance and
gives false information. Therefore, it is crucial that
shadows be detected and removed accurately and precisely
as failures can significantly affect many subsequent tasks
such as object classification, object tracking, and action
recognition. Moreover, as shadows may connect different
objects into a single blob, the probability of having an
under-segmentation fault is increased.

Shadow

Object

Fig1. : Taxonomy showing aspects of image
segmentation
The basic approach is to detect the moving object from the
difference between current frame and reference frame
which often treated as “background image”, or
“background model”. The background image must appear
as a scene having no moving objects which must be kept
regularly updated so as to adapt to the varying luminance
conditions. The various challenges which could be faced
while developing a background subtraction algorithm are:-

5. ANALYSED APPROACHES
Background subtraction and shadow removal techniques
can be used for greyscale, monochromatic and color video
sequences. The various methods that have been developed
till today are-

•

Temporal consistency- as foreground objects move
continuously, they tend to occupy the same portion in
space in adjacent frames.

•

Foreground aperture- in which the centre of object
may be detected as background.

•

Running Gaussian average.

•

Temporal differencing

•

Background motion- where objects in the background,
such as trees, plants appears as moving with the object.

•

Temporal median filter.

•

Gradual illumination changes- such as cloud covering
sunlight may produce a large number of erroneous
foreground pixels.

•

Mixture of Gaussians.

•

Eigen background approximation.

•

Kernel density estimation (KDE).

•

Sequential KD approximation.

•

Minimization of Gaussian differences.

•

Sudden illumination changes- such as when the vehicle
parked in a car park, the vehicle that had moved now
becoming stationary and becoming the background.
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•

Gaussian mixture shadow model (GMSM).

[4]

6. CONCLUSIONS
Till today several methods have been proposed that can
segment out the object. But there is still some problem as
mentioned above, no method has been proposed that can
deal with all these problems simultaneously. Amongst all
these methods, Gaussian Mixture Model has been proved
as the best in terms of accuracy while achieving a high
frame rate and having limited memory requirements.
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reduce receiver sensitivity and dynamic range, and thus,
RoF system performance [1], [4]–[5]. For the SSB SCM,
multiple RF or FDM signal tones carried by one
wavelength or optical carrier are located in either lower
sideband (LSB) or upper sideband (USB) of the optical
carrier. Therefore, the optical spectral efficiency with
SCMs can be the same in DWDM RoF systems.
Intuitively, it should be expected that the two SCMs should
result in similar nonlinear distortion for a similar RoF
system setup.

Abstract: Radio over Fiber (RoF) networks are the
promising solution for future wireless access network.
In this paper, theoretical investigation has been
carried out to study the impact of second order
intermodulation distortion (IMD) in the RoF network
for one wavelength carrying two radio frequency
(RF) signals with single sideband modulation (SSB)
based on Mech-Zehnder modulator (MZM). Further,
numerical simulation has been carried out for the
evaluated noise to signal ratio (NSR). Non linear
distortion is significantly affected by high value of
modulation index and large fiber length.

To achieve high-capacity wireless access networks, very
dense WDM systems have to be used, which can be
combined with microcell and picocell wireless networks.
Therefore, we mainly focus on the analysis of nonlinear
distortion in DWDM RoF systems with optical channel
spacing of 12.5 GHz. However, our theory and analysis can
be easily modified and applied for DWDM channel spacing
of 25 GHz. Therefore, we have investigated the impact of
second order intermodulation on the transmitted signal.

Keywords: Radio over Fiber (RoF), Single Sideband
Modulation (SSB), Intermodulation Distortion (IMD),
Mech-Zehnder Modulator (MZM), Noise to Signal
Ratio (NSR), Single Mode Fiber (SMF)
1. INTRODUCTION
Radio over Fiber refers to a technology in which light is
modulated by a radio signal & transmitted over an optical
fiber link to facilitate wireless access. The radio
transmission over fiber is used for multiple purposes such
as Cable Television (CATV) network and in satellite base
station.

A RoF System Using SSB modulation based on MZM is
shown in fig 1. Here, two RF signals drive an MZM. Two
RF signals applied to π /2 hybrid circuit (Hilbert
transform) to get composite modulating signal. This
composite modulating signal is applied to both electrode of
the MZM, with a 90 degree relative phase shift between the
two arms. A dc bias is used to set the modulator at the
quadrature point.

To improve optical spectral efficiency in transmission and
reduce chromatic dispersion impact on transmission, two
subcarrier modulations (SCMs), i.e., single-sideband
modulation (SSB) and tandem single-sideband (TSSB)
modulations, were proposed and demonstrated [2]–[3]. The
two SCMs both can be realized by using optical Mach–
Zehnder modulators (MZMs), which have a cosine transfer
function theoretically in the electric field domain. In other
words, MZMs have the nonlinear transfer function, leading
to nonlinear distortion consisting of harmonic distortion
(HD) and intermodulation distortion (IMD) when radio
frequency (RF) signals electrically drive an MZM. The
IMDs can be further increased when multiple RF signals or
frequency division- multiplexed (FDM) signals drive an
MZM simultaneously (i.e., one wavelength carries multiple
RF signals). Such nonlinear distortions will considerably

Fig. 1: RoF System with SSB modulation using MZM
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Now, we derive the expression for nonlinear distortion in
an RoF system with SSB modulation using an MZM. As
shown in fig 1, two RF signals having frequency Ω1 and

also applied to one arm and other arm is grounded and
biased at quadrature.

E0
2

{

where

ω the

optical carrier frequency, is applied to MZM, the output
electric field in terms of Bessel function is given by

shift applied to one arm w.r.t. another. A dc bias voltage is

Eout =

E0e jωt ,

A carrier signal of electric field

Ω2 are applied to both arm of MZM. A 90 degree phase

π

2 J 02 (απ ) cos(ωt + ) − 2 J 0 (απ ) J1 (απ ) cos (ωt + Ω1t )
4

π

−2 J 0 (απ ) J1 (απ ) cos (ωt + Ω2t ) + 2 J12 (απ ) cos(ωt + (Ω2 − Ω1 )t − )
4

π

π

+ 2 J12 (απ ) cos(ωt − (Ω2 − Ω1 )t − ) − 2 J12 (απ ) cos(ωt + (Ω2 + Ω1 )t + )
4
4

(1)

π

− 2 J12 (απ ) cos(ωt − (Ω2 + Ω1 )t + )
4
where

απ is the optical modulation index of the MZM , J 0

and J 1 are the Bessel function of the first kind.

Now above equation can be modified by introducing the effect of linear fiber dispersion and fiber length. Therefore, the
electric field of the SSB signal after propagating through SMF with a length L is given by

π
1
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4
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4
2


where

β1 and β 2

denotes the first and second derivatives of the propagation constant with respect to optical frequency.

Optical output given by equation (2) is fed to a photodetector to convert into electrical signal. After photo detection, the
output current equation can be given as
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)}

ℜ is the responsivity of the photo detector.

Noise to signal ratio is an important metrics for quantifying the effect of IMD on the signal deterioration. Using equation of
the photo current in (3), we can calculate NSR (in dB) for second order intermodulation distortion in terms of Bessel function
and is given by

[(4 J 02 (απ ) J12 (απ )) 2 + (4 J 02 (απ ) J12 (απ ) cos( π − 1 β 2 (Ω12 + Ω1Ω 2 )) 2 ]
4 2
NSR = 10 log
[(2 2 J 03 (απ ) J1 (απ ) + 2 2 J 03 (απ ) J1 (απ ))2 ]

(4)

index ( απ =0.1). The fiber length has been varied from 0
to 50 km. It can be seen in the graph that for fiber length
equal to 0 km, NSR is at constant level of -24.25 dB with
increase in RF signal Frequency. For fiber length 10 km,
there is increment in NSR with value 0.04 dB with increase
in RF signal frequency from 1 GHz to 7GHz. Similarly at
fiber length of 25 km and 50 km, NSR increases with
increase in RF signal frequency. An increase of 0.09 dB
and 0.18 dB is observed at fiber length of 25 km and 50 km
respectively.

2. RESULT AND DISCUSSION
Numerical Simulation has been done for the NSR using
MATLAB. NSR variation has been studied with the change
in length of the fiber and optical modulation index of
Mech-Zehnder modulator. Non Linear distortion severly
affect the performance of the system.
Fig. 2(a) shows the graph between NSR and RF signal
frequency ( Ω1 ) at modulation
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Fig. 2 (a): NSR Vs RF signal frequency (
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Variation of NSR with RF signal frequency (

Ω1 ) at

km, NSR increases by 0.032 dB with increase in RF signal
frequency from 1 GHz to 7 GHz. At fiber length of 25 km
and 50 km, NSR increases with increase in RF signal
frequency and showing an increment of 0.081 dB and
0.169 dB respectively.

modulation index ( απ =0.5) is shown in graph Fig. 2(b).
The fiber length has been varied from 0 to 50 km. In this
NSR is at constant level of -10 dB at fiber length of 0 km
with increase in RF signal Frequency. At fiber length of 10
-9.82
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Fig. 2 (b): NSR Vs RF signal frequency (
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Ω1 ) for modulation index of 0.5

length of 10 km, NSR increases with increase in RF signal
frequency and NSR having an increment of 0.035 dB. For
fiber length 25 km, NSR showing an increment of 0.075
dB. At fiber length 50 km, NSR increases with increase in
RF signal frequency from 1GHz to 7GHz. The Increment
value is equal to 0.165 dB.

In Fig. 2(c), the variation of NSR is shown with RF signal
frequency ( Ω1 ) at modulation index ( απ =1). The fiber
length has been varied from 0 to 50 km. It can be found
that NSR possesses a constant value of -3.05 dB at fiber
length of 0 km. At this length the NSR is almost
independent of RF signal frequency variation. At fiber
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Fig. 2 (c): NSR Vs RF signal frequency (
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Fig 2(d) shows the impact of RF signal frequency variation,
fiber length and high modulation index of ( απ =1.7) on
NSR. A significant increment is observed from the graph.

The NSR has reached at high level of about 5 dB. It is also
seen that RF frequency variation is dominant again at a
length of 50 km.
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Fig. 2 (d): NSR Vs RF signal frequency (

3. CONCLUSION
Analysis has been carried out to find the impact of second
order non-linear Intermodulation distortion on RoF
network with SSB modulation based on MZM, considering
two RF signal on a single optical wavelength. It is found
that non-linear distortion strongly depends on modulation
index and fiber length. NSR level reaches at very high
value (about 5 dB) for large value of modulation index.
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[4]

4. REFERENCES
[1]

[2]

W. Chen and W. Way, “Multi-channel signal-sideband
SCM/DWDM transmission systems,” J. Lightw.
Technol., vol. 22, no. 7, pp. 1679–1693, Jul. 2004.
G. Smith, D. Novak, and Z. Ahmed, “Technique for
optical SSB generation to overcome dispersion

[5]

♦ 31 ♦

6

7

Ω1 ) for modulation index of 1.7
penalties in fiber-radio system,” Electron. Lett., vol.
33, no. 1, pp. 74–75, Jan. 1997.
A. Narasimha, X. Meng, M. Wu, and E. Yablonovitch,
“Tandem singleside band modulation scheme for
doubling spectral efficiency of analogue fiber links,”
Electron. Lett., vol. 36, no. 13, pp. 1135–1136, Jun.
2000.
P. Laurencio and M. Medeiros, “Dynamic range of
optical links employing optical single side-band
modulation,” IEEE Photon. Technol. Lett., vol. 15, no.
5, pp. 748–750, May 2003..
L. Roselli, V. Borgioni, F. Zepparelli, F. Ambrosi, M.
Comez, P. Faccin, and A. Casini, “Analog laser predistortion for multi-service radio over fiber systems,”
J. Lightw. Technol., vol. 21, no. 5, pp. 1211–1223,
May 2003.

Network Architecture Evolution of eNodeB in
4G Wireless Communications
Rahul Dayal1, N K Agrawal2
1

Department of Electronics and Communication, Engineering, Krishna Engineering
College, Ghaziabad, UP-2001007
rahuldayal1411@gmail.com
2
Department of Electronics and Communication Engineering,
Inderprastha Engineering College, Ghaziabad, UP-2001007
agrawalnawal@gmail.com

Abstract: Communication systems while transiting
from 2G to 4G have undergone major changes in
infrastructure and network configuration. The
functions performed by BTS and BSC in 2G were
replaced by NodeB and RNC in 3G. To achieve the
objectives of 4G, major changes have been suggested
in the 3G network architecture. The functions of
RNCs and MSC/MGW have been combined together
in a highly intelligent entity called eNodeB. A typical
4G network will now have only two entities, eNodeBs
and the gateways. Therefore, the performance of 4G
networks will depend to a large extent on the
capabilities of eNodeBs. The eNodeB of 4G networks
are expected to perform all functions except the
gateway function in real time.

1. INTRODUCTION
A. 2G network architecture
This architecture for 2G wireless communication was
based on base transreceivers (BTS) concept. The user
equipments (UE) were connected to BTS through radio
links in 900/1800MHz bands. BTSs were controlled by
base station controllers (BSCs) and the combined system
was known as radio Sub system (RSS). BSCs passed the
data to mobile switching centers (MSCs) for on ward
passage of data to the Gateway mobile serving centers
(GMSCs).
Home location register (HLR) maintained data of its
permanent subscribers located in its cell while visitor
location registers (VLR) maintained data of the subscribers
visiting the cell temporarily.

The cell radius of eNodeB has been reduced to 400
meter and the antenna height to 10 meters. The
miniaturization of eNodeB and the requirement of
installing them at street level have further
complicated their designing. Researchers as well as
manufacturers are trying to find out various
alternatives for designing these eNodeBs. Presently, it
is yet not fully clear as to what all functions would be
performed by these eNodeBs and how would they be
configured. This paper analyzes the various functions
likely to be performed by eNodeBs. An effort has also
been made to visualize the network architecture of
eNodeBs. Also problems in the installation of
eNodeBs have been discussed along with possible
solutions.

This part of the network was called Network sub system
(NSS) The operations and maintenance functions were
performed by authentication center (AUC), equipment
identity register (EIR) and operations and maintenance
center (OMC) respectively [4]. A typical 2G network
configuration is shown in Fig1 below.

Keywords: Evolved UMTS Terrestrial Radio Access
Network (eUTRAN) NodeB (eNodeB); Packet data
network Gateway; Servicing Gateway; Evolved
packet system; Mobility Management Entity; Radio
network Controller

Fig. 1: A typical 2G Network Architecture
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increased to 100Mbps and 1Gbps as against 384Kbps in
3G. Faster and more versatile phones I-Phones, I-PADs,
HDTV etc have been introduced in the market and large
numbers of subscribers are transmitting voice, video and
data [1].

B. Existing 3G network architecture
The 3G networks were to provide data at 384 Kbps as
against 144 Kbps in 2G. Due to the saturation of band-I and
band-II, cellular operators had no alternative except to
increase frequency reuse by reducing the cell radius from
10 Km to 1 Km. Also the network configuration needed to
be made more compact and intelligent[4].

To meet this increased demand cellular operators need
considerable band width both in the access as well as the
backhaul portion of the network. Although backhaul band
width is not limited due to the use of optical fiber cables
yet access band width is limited due to the dependence on
radio waves in 900, 1800 MHz and 2-4 GHz bands. A
cellular operator per force has to reduce the cell radius
from the present 1Km to 400 meters as explained in [5].

This was achieved by combining the functions of BTS and
BSC in one entity called NodeB. Thus the network
architecture of 3G consisted of NodeB, Radio Network
Controller (RNC) and the gateways. The Radio Network
controllers provide control over multiple cell sites and
radio transreceivers, supporting call handoffs and resource
allocation. The RNCs are connected to both TDM voice
switch and a packet gateway located at mobile switching
center as shown in fig2.

To reduce latency the functions of RNC are also being
shifted to the NodeB. This has resulted in the conversion
of NodeB into eNodeB [4]. Probable future 4G network
architecture showing eNodeB and the gateways is shown in
Fig 3. By putting RNC inside NodeB, latency has been
reduced and hops have also been decreased.

The wireless industry defined each functional element in
the network, as well as a set of standard interfaces
connecting these devices.

Fig. 2: Existing 3G Network Architecture
Fig. 3: Future 4G Network Architecture

The existing 3G networks support a maximum data rate of
384 Kbps and are not adequate to meet the requirements of
4G [1].

2. HIGH LEVEL 4G NETWORKS
While Fig 3 above shows a possible 4G network
architecture, certain important entities are not shown in it
like mobility management entity and home subscription
server which are also necessary for the operation of 4G
networks [3]. High level 4G network is shown in Fig 4.

C. Future 4G communication networks.
The 4G of wireless communications have standards which
have seen a quantum jump. The data rates have been

♦ 33 ♦

Proceedings of the International Conference on Communications & Electronics – ICCE – 2012

UE

eUTRAN

Mobile

eNodeB

Medium Access Control (MAC). The MAC layer is
responsible for scheduling the data according to priorities
and multiplexing data to layer I transport block. MAC layer
also provides error correction with hybrid ARQ.
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An important aspect in any packet network is a mechanism
to guarantee differentiation of packet flows based on their
assigned QoS. Applications such as video streaming, HTTP
or VOIP have different QoS and thus need to be treated
differently [2].

PC
eNodeB

The Evolved Packet System (EPS) establishes EPS bearers
between the user and the gateways using the mobility
tunnels. Each EPS bearer is associated with a QoS profile,
a radio bearer and mobility tunnel as shown in Fig 6.

Fig. 4: High Level 4G Network Architecture

3. FUNCTIONS OF ENODEB
eNodeBs are connected to the user equipment through
various access networks like High speed Packet access
(HSPA), Evolution-Data optimized (EV-DO) or Long term
evolution- advanced (LTE-Adv) as shown in Fig 5.

Fig 6. Mobility Management between eNodeB and
Gateways
On receiving a packet, the Gateway performs packet
classification based on parameters and sends it through the
proper mobility tunnel. Based on the mobility tunnel, the
eNodeB can map packets to the appropriate radio QoS
bearer [2].
Fig .5: Functions Performed by eNodeB

5. COMMERCIAL LAUNCH OF ENODEBS
eNodeBs, the backbone of 4G communication network
architecture are expected to transmit powers of the order of
few microwatts in a cell radius of 400meters. It is
envisaged that eNodeBs would operate from heights of
around 10 meters [11].

Following functions are performed by eNodeBs [2]:Radio Resource Control (RRC). This protocol controls
radio resource usage and manages UE’s signaling and data
connections including handover functions.

Researchers are envisaging their operation from street
poles or light poles. This has put an additional constraint on
the size of these eNodeBs and compact or VLSI design has
become necessary.

Packet Data Convergence (PDCP). The main functions of
PDCP are IP header compression (UP), encryption and
integrity protection.
Radio Link Control (RLC). The RLC is responsible for
segmenting and concatenation of the PDCP-PDU’s for
radio interface transmissions. It also performs error
correction using Automatic repeat Request (ARQ)
technique.

Initially a three architecture solution was suggested which
consisted of signal processing layer, a network layer
consisting of network processor and a data plane processor
and the third layer consisting of general purpose processor
and a control plane processor as in [9].
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Intel Inc has now being able to bring out one architecture
solution instead of three layer solution using Intel
Processor and multi core technology as shown in Fig 7.

The power required to be transmitted by each eNodeB in
4G is only 20 mW. This has made the eNodeB equipment
very compact (VLSI design) and systems under
development are housed in a cylinder of 9” diameter and
1foot height as explained in [12].
With the introduction of 4G, major changes in the network
architecture would take place. The present tower mounted
antennas with big cabins along with DG sets and air
conditioners would get replaced by low power street top
/pole mounted compact equipment operating on
commercial/UPS.
This would be a major step in reducing radiation hazards to
the people as well as to reduce pollution to the environment
due to the burning of diesel in around 4 lakh BTS towers in
India alone[7].

8. INSTALLATION PROBLEMS
However, mounting of these small cylindrical eNodeB on
the street light poles or the traffic signals is a challenging
task. The eNodeB is mounted at a height of approximately
10m, weighs approximately 8-9 Kgs and is to be provided
electrical connection as well as UPS. Also the data transfer
between this node and the Service Gateway is either by
optical fiber cable or 60 GHz microwave link [6].
Fig 7. eNodeB Functions Consolidation on Intel
Architecture

9. FUTURE CONCERNS

6. OPTIONS TO ACHIEVE 4G

One of the main concerns about 4G is that due to the high
speed of the UE, severe interference from multipath
secondary signals reflecting from surrounding objects will
take place. To counter this problem, numbers of solutions
are being proposed including variable speed factor and
orthogonal frequency code division multiplexing [8].

The existing 3G technology has proper standards and many
big companies have invested huge sums to acquire the
needed spectrum. Also it is argued that 3G and 4G
technologies are not mutually exclusive but are
complementary to each other. Now the question arises that
should countries those have not made huge investments in
3G need to follow 3G migration route to 4G. Will it not be
advantageous to bypass 3G while migrating to 4G.Many
wireless operators are already envisaging direct adoption to
4G. However, worldwide many mobile operators, industry
experts and researchers have diverse visions of potential
4G features and its implementation.

The second concern is due to the problem of noncompatibility of various applications. For example,
Freedom of Multimedia access (FOMA) enabled
videophones cannot be used for i-motion music and video
links [9].
The third major concern is that in 4G in an area of 1Km
radius, there would be seven eNodeBs which would need to
be connected to the gateways. Each eNodeB would be
required to provide 50Mbps in the up-link and 100Mpbs in
the down link with a 5MHz BW to each user. With the
present limited frequency spectrum at the disposal of
cellular operators, this will be challenging task [10].

7. POWER AND ANTENNA HEIGHTS
The present 3G NodeBs transmit high powers of the order
of 20W (continuous) to cover 1KM radius. The antennas
are also around 30 m high and are generally tower or roof
top mounted and antenna tilts are negative to cover
maximum area. Reduction of cell radius to 400m would
bring down the antenna heights to around 10m
necessitating their operation from street lights or traffic
poles [8].

10. CONCLUSION
While transiting from 2G to 4G, the radio networks have
undergone major changes in architecture. The BTS in 2G
were made more intelligent in NodeB in 3G. However,
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there has been quantum jump in 4G in which more and
more intelligence has been pushed in NodeB calling it
eNodeB. A4G network architecture now consists of only
two entities eNodeB and the Gateways.
This paper has discussed the probable network architecture
of eNodeBs of 4G likely to be operational in India by 2014.
The problems likely to arise due to their compact size and
the need to install them at street level have been discussed.
However, it is stressed that the solution suggested is one of
the many possibilities. Future network designs can make a
comparison between this design and the actual network
architectures when these are actually deployed in India
sometime during 2014.
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Abstract: A mobile ad-hoc sensor network usually consists
of large number of sensor nodes (stationary or mobile)
deployed over an area to be monitored. Each sensor node
is a self-contained, battery-powered device that is capable
of sensing, communication and some level of computation
and data processing [1]. Due to the large amount usage of
sensors in the network, it is important to keep each node
small and inexpensive. Mobile Ad-hoc network focuses
more on single attacks. Meanwhile some attacks involving
multiple nodes have received little attention since they are
unanticipated and combined attacks [2]. There have been
no proper definition and categorization of these kinds of
attacks (multiple node attacks) in Mobile Ad-Hoc Network.
Moreover, the effects of these kinds of attacks on Mobile
Ad Hoc Network have not been well measured since each
researcher tends to use different simulators to visualize
those attacks and determine the consequences such as
impact on packet delivery ratio, throughput, and end-to end
delay [4][5]. We have measure Wormhole attack using new
technology software Qualnet version 5.0.
Keywords: CBR; WS; MANET; AODV; ZIG-BEE.

1. INTRODUCION
A mobile ad-hoc sensor network usually consists of a large
number of sensor nodes (stationary or mobile) deployed
over an area to be monitored. Each sensor node is a selfcontained, battery-powered device that is capable of
sensing, communication and some level of computation
and data processing. Due to the large amount usage of
sensors in the network, it is important to keep each node
small and inexpensive [1]. This strictly restricts its
resources in terms of energy, memory, processing speed
and bandwidth. A wireless sensor network (WSN) is a
wireless computer network consisting of spatially
distributed autonomous devices using sensors to
cooperatively monitor physical or environmental
conditions, such as temperature, sound, vibration, pressure,
motion or pollutants, at different locations [2]. A sensor, in
its simplest definition, is a device that is capable of
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observing and recording a phenomenon. This is termed as
sensing. Sensors are used in various applications such as
industry, military, healthcare, disaster relief, meteorology
etc. A sensor network consists of possibly several hundred
sensor nodes, deployed in close proximity to the
phenomenon that they are designed to observe. The
position of sensor nodes within a sensor network need not
be pre-determined. Sensor networks must have the
robustness to work in extreme environmental conditions
with scarce or zero interference from humans [4]. This also
means that they should be able to overcome frequent node
failures.

2. OVERVIEW OF CURRENT LITERATURE
Many studies on mobile ad-hoc sensor network focus on
the protocols used their security issues such as data
encryption, authentication, trust, and cooperation among
nodes, attacks on the protocols and proposed solutions or
preventions. Most ad hoc routing protocols such as
Optimized Link State Routing (OLSR) protocol [7], Ad
hoc On-Demand Distance Vector (AODV) routing protocol
[6], Micro-mobility support with Efficient Handoff and
Route Optimization Mechanisms (MEHROM) protocol and
wireless MAC protocols, like the 802.11 usually make
assumptions about suitable and trusted environments,
giving room for malicious activities and attackers.
Distributed protocols like the link-layer protocols and
network-layer protocols used in multi-hops wireless
channels communication assume that the nodes are
cooperative in the synchronization process. However, these
assumptions are usually untrue in a harsh environment.
Attackers can interrupt the network by violating the
protocols requirement because mobile ad-hoc sensor
network assumes trust and cooperation; it does not enforce
node cooperation. Despite of the different specific attacks
on mobile ad-hoc sensor network such as Denial-of-Service
(DoS), impersonation, Node hijacking and so on that have
been exposed, the attacks involving multiple nodes seem to
have received little attention. One of the possible reasons
could be that most researchers tend to adopt ideas about
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security measures from wired networks to ad hoc networks
and forget that security issues regarding mobile ad-hoc
sensor network are more complicated since mobile ad-hoc
sensor network is unable to rely on pre-existing
infrastructure. In other words, all nodes are communicating
without a central authority or base station to keep a
network connected. Therefore, the existing security
solutions for wired network cannot be directly applied to
the mobile ad-hoc sensor network. Wormhole attack is very
powerful, and preventing the attack has proven to be very
difficult. A strategic placement of the wormhole can result
in a significant breakdown in communication across a
wireless network [5] [6]. In such attacks two or more
malicious colluding nodes create a higher-level virtual
tunnel in the network, which is employed to transport
packets between the tunnel endpoints. These tunnels
emulate shorter links in the network and so act as benefit to
unsuspecting network nodes which by default seek shorter
routes. Basic vulnerabilities in mobile ad-hoc sensor
network have been researched previously ranging from
their open network medium, severe resource restriction,
selfishness, dynamic nature, to vulnerabilities in some
protocols.

if the administrator wants to use some tools to probe the
network traffic, in order to troubleshoot or account the
network then it is legitimate. On the contrary, if the
purpose is malicious, one attacker can steal valuable
information by probing the network traffic such as credit
card information, credential email, and then use the
information to illegally withdraw money from bank
accounts or blackmail the victims. Roughly speaking,
passive attacks do not intend to disrupt the operation of the
particular network, but active attacks are able to alter the
normal network operation [5] [6]. Typical example of
active attacks can be: masquerade attack, replay attack,
modification of message. We have studied some different
type of attack define below:-

4.1 Black hole attack
A black hole attack occurs when a malicious node
impersonates the destination node or forging route reply
message that is sent to the source node, with no effective
route to the destination. The malicious node may generate
unwanted traffics and usually discards packets received in
the network. When this malicious node (black hole node)
has effects on one or more nodes, making them malicious
as well, then this kind of attack can be referred to as to as
multiple node attack or collaborative attack. In a black hole
attack, the malicious node presents itself as having the
shortest path to the node it is impersonating, making it
easier to intercept the message. To achieve this, the
malicious node waits and tries to get the replies from
nearby nodes in order to discover a safe and valid route.
This route could be forged [6], illegitimate or an imitation
but it appears genuine to the source node.

3. ARCHITECTURE
The concept of wireless sensor networks is based on a
simple equation: Sensing + CPU + Radio = Thousands of
potential applications.

4. SECURITY ISSUE ON MOBILEAD-HOC
NETWORK
Due to the fact that mobile ad-hoc sensor network is a
group of nodes that form a temporary network without
centralized administration, the nodes have to communicate
with each other based on unconditional trust. This
characteristic leads to the consequence that mobile ad-hoc
sensor network is more susceptible to be attacked by inside
the network while comparing to other type of networks.
Practically, mobile ad-hoc sensor network could be
attacked by several ways using multiple methods; before
going to deeper investigation, it is necessary to classify
security attacks within the context of mobile ad-hoc sensor
network The classification can be based on the behavior of
the attack (Passive vs. Active), the source of the attacks
(Internal vs. External), the processing capacity of the
attackers (Wired vs. Mobile) and the number of the
attackers (Single vs. Multiple). Typically, passive attacks
aim to steal valuable information in at least two
communicating nodes as or even in the whole network [4].
There are many variations of passive attacks, but in mobile
ad-hoc sensor network there exist two types: eavesdropping
and traffic analysis. Practically, depending on situations,
passive attacks can be considered as legitimate or
illegitimate actions. If the purpose is benign, for example,

4.2 Wormhole attack
A wormhole attack is an attack in which the attacker
provides two choke-points that are used to degrade the
network or analyze traffic as preferred any time. False
impressions are used in creating these choke-points with
two or more nodes joint together. In other words,
wormhole attack creates a tunnel that records traffic data
(in bits or packets) at one network place and channels them
to another place in the network. This kind of attack is
usually against many ad hoc routing protocols and the
attacker is hidden at higher layers; thus the wormhole and
both colluding attacker nodes at each choke-point of the
wormhole are invisible in the mobile ad-hoc sensor
network out [7]. There are different adaptations of
wormhole attack where in-band and out-of-band
wormholes are the two main variations.

4.2.1 In-band Wormhole
This method of wormhole attack builds up a secret overlay
tunnel within the active wireless medium. In-band
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wormhole could be more dangerous than out-of-band
wormhole because it does not have any need for an extra
hardware device or node and it also utilizes the existing
communication medium in its routing. Self contained
wormhole and extended in-band wormhole are two types of
in-band wormhole. The self-contained wormhole promotes
a false link connecting the attacker nodes while the
extended in-band wormhole promotes its fake link between
two nodes [5], which are none attacker nodes. The latter
type produces a wormhole that goes further than the
attacker nodes, thus creating the end choke points.
Fig. 1: Parameter set as Wormhole

4.2.2 Out-of-band Wormhole
In this variation of wormhole, the attacker nodes create a
direct connection linking the two choke-points. This
established link is an external link that could be wired or a
kind of wireless medium. One end of the connection is
used to accept packets while it is forwarded using the
second end of the connection [6], thus giving room for
huge amount of data to be transmitted through the
wormhole.

6. SIMULATION ENVIROMENT
In this case we find out the attack that degrades the
network performance. Moreover, the effects of these kinds
of attacks on mobile ad-hoc sensor network have not been
well measured since each researcher tends to use different
simulators to visualize those attacks and determine the
consequences such as impact on packet delivery ratio,
throughput, and end-to end delay Scenario 2 comprises of 6
nodes connected to a sub network and a CBR application is
applied between nodes 1 and 6 [4],here we have not
implemented the Mac protocol as wormhole and thus we
see that that all the packets sent by node 1 are received by
node 6.

4.2.3 Sybil Attack
A Sybil attack is a situation where a malicious node acts
like two or more nodes rather than just a node like
previously mentioned attacks. The Sybil nodes are created
by series of false identities, imitations, or impersonation of
nodes in a mobile ad-hoc sensor network [7], and these
additional node identities could be generated by just a
physical device.

In Scenario 3 we have taken 6 nodes connected to different
sub networks. Nodes 1 and 3 connected to sub network 1, 2
and 4 to second and 5 and 6 to the third. The Mac protocol
for sub network 2 is made wormhole .so the packets sent by
node1 are not received by 6 rather tunneled by wormhole
nodes 2 and 4.

5. SIMULATION PARAMETER
5.1 GUI Configuration

Here we see the effect of wormhole attack at threshold, all
drop and all pass modes of operation .In the same way we
have increased the number of nodes and analyze the effect
of wormhole attack at different operating modes.

This section describes how to configure Wormhole and
Eavesdrop in the GUI.

5.1.1 Configuring Wormhole Parameters

7. SIMULATION RESULTS ANALYSIS

To configure the Wormhole parameters, perform the
following steps:
• To set properties at subnet level, go to the MAC Layer
tab of Wireless Subnet Properties Editor.
• To set properties at interface level, go to one of the
following locations:
Interface Properties Editor > Interfaces > Interface # >
MAC Layer or - Default Device Properties Editor >
Interfaces > Interface # > MAC Layer.
2.

Set MAC Protocol to Wormhole.

3.

If Wormhole Operation Mode is set to Threshold [4],
set the dependent parameter.

7.1 Running Scenario2 without Wormhole Attack

Scenario 1 parameter set as Wormhole:
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8.2.2 Average end to end delay:

7.2 Running Scenario 3 with Wormhole Attack

8.2.3 Result analysis on frame tunneled after setting
the parameter wormhole:
8. GRAPHICAL RESULTS
8.1 Different graphical result analysis without
wormhole attack:- We have to find different result
without using the parameter wormhole:8.1.1 We have sent total packet 300 as shown in
diagram

8.2.3 Result analysis on frame Intercepted after
setting the parameter wormhole:

8.1.2 Average end to end delay:

8.2.4 Result analysis on frame Replayed after setting
the parameter wormhole:

8.2 Different graphical result analysis with
wormhole attack: We have to find different result
using the parameter wormhole;
8.2.1 We have to send total packet 300 as shown in
diagram:

As shown in scenario2 we have not find the result on
setting the parameter wormhole. But in scenario 3 we have
shown some result on as setting the parameter wormhole. It
means we have to measure the wormhole attack because
we have found some result on parameter wormhole [5].
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network. Wormhole attack chock to our sub network, and
packet are not transmitting to each other node in the
effected sub network.

9. CONCLUSION
Our aimed is to measure the consequence of direct
wormhole attack on MANET. Intuitively, the analysis of
the consequences of each scenario shows that the
throughput, packet delivery ratio and end-to-end delay of
mobile ad-hoc sensor network under collaborative
wormhole attack significantly drop compared to normal
mobile ad-hoc sensor network operation Furthermore, the
significant negative performance impact which we have
collected in the simulation can also provide invaluable
inputs for future research in case the researcher wants to
perform consequence comparisons between normal attacks
with collaborative attacks in mobile ad-hoc sensor network.
There are a few schemes that claim to be able to prevent
and mitigate all kind of security attacks in mobile ad-hoc
sensor network. In those proposed schemes [5] [6], the
researchers believe that with their unique mechanisms,
such as integrating an agent into each node to monitor the
malicious activity in a mobile network and if one of the
nodes becomes malicious, the adjacent node can inform
other nodes in the network. Then, the agent at the malicious
node can also suspend that node from spreading to other
nodes. Nonetheless, those schemes show no sign or proof
that they could combat against sophisticated security
attacks, e.g., like collaborative attacks. Specifically, each
type of collaborative attack has a specific mitigation plan
or set of mitigation plans that are proposed to counteract
against that particular attack. However, Cross-layer Active
Rerouting (CARE), a routing resilient architecture has
theoretically claimed to be able to alleviate direct
collaborative attacks. So after analysis of our Result using
commercial simulator called Qual net version 5.0, software
[6] [7], we have find the wormhole attack that affected our
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Stochastic filters like Weiner and Kalman filter have wide
area of applications[13]. Wiener filter has been extensively
used in number of applications. For estimation of channel
[11][13-16] in various system, for designing a channel
equalizer[17] which remove the distortion caused from
transmitted signal without requiring any specific model or
state space information. Optimal Wiener filter is considered
as one of the most fundamental noise reduction approaches,
which has been delineated in different forms and adopted
in various applications [18][19] [20].

Abstract: Stochastic filtering has become a very important
tool in modern wireless communication. Adaptive based
filters like Wiener Filter, Kalman Filter, Extended Kalman
Filter and Unscented Kalman are being used for
performance improvement of wireless communication.
Keeping the above fact in mind we had tried to present a
complete review on stochastic filtering, especially Wiener
Filter and Kalman Filter has been analyzed in detail. In
both filters, there is great interest of obtaining optimum
estimation of stochastic process in order to allow their use
in real time telecommunication application.

In wireless cellular communications, accurate local mean
(shadow) power estimation performed at a mobile station is
important for use in power control, handoff, and adaptive
transmission. A scalar Kalman-filter can be efficiently used
for local mean power estimation[21] with only slightly
increased computational complexity. One of the challenges
in the design of wireless communication systems is
accurate estimation of the channel characteristics. Kalman
filter proved to be very efficient tool for channel
estimation[22-31]. It is also used for interfering channels
estimation and calculation of interference correlation
matrix. This correlation matrix estimate is exploited in ZF
or MMSE based interference cancellation scheme for
interference mitigation[32-35] in next generation of the
WiMAX systems[36].

Keywords: Stochastic process, Stochastic filtering, Kalman
Filter, Weiner Filter, Estimation.

1. INTRODUCTION
Stochastic filtering theory has been first established in the
early 1940s because of the pioneering work by Norbert
Wiener [1], [2] and Andrey N. Kolmogorov [3], [4], and it
culminated in 1960 for the publication of classic Kalman
filter (KF) [5] and Kalman-Bucy filter in 1961 [6], though
many credits should be also given to some earlier work by
Bode and Shannon [7], Zadeh and Ragazzini [8], [9],
Swerling [10], Levinson , and others. It seems fair to say
that the stochastic filter have completely dominated the
adaptive filter theory for decades in various fields.

2. CLASSIFICATION OF STOCHASTIC
FILTERS

As we observe some natural phenomenon, there are
essentially two “random” or “noisy” influences. First there
may be uncontrollable, seemingly random, processes that
influence the phenomenon itself, then there would be errors
in the measuring process. Stochastic filters are algorithms
that compute estimations of the true state of the
phenomenon, given “noisy” observation[11]. Mobile
communications and wireless network have experienced
extensive growth and success in the recent years. However,
the radio channels in mobile radio systems are usually not
amiable as the wired one. Unlike wired channels that are
stationary and predictable, wireless channels are extremely
random and time-variant[12]. The random behavior of all
wireless channel can be viewed as a stochastic process.
Filtering of stochastic processes has attracted a lot of
attention. The goal of stochastic filters is to determine the
best estimate for the state of a stochastic process from
partial observations.

In past few decades a number of stochastic filters have
came into existence like Weiner filter, Kalman filter[37],
Extended Kalman filter, Unscented Kalman, Ensemble
Kalman etc. Among them Weiner filter and Kalman filer
are widely used in wireless communication. In this paper
we will present complete review of two optimum linear
filter, Weiner filter and Kalman Filter considering there
widespread role in wireless communication.

A. Wiener Filter
The Wiener filter was introduced by Norbert Wiener in
the 1940's and published in 1949 in signal processing. A
major contribution in it was the use of a statistical model
for the estimated signal. Wiener filters are basically a class
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both < and / are random processes (discrete-time
random signals). The filter output is  and = is the
estimation error. In Weiner filter, the performance function
is chosen to be

of optimum linear filters which involve linear estimation of
a desired signal sequence from another related
sequence[38]. In the statistical approach for the solution of
the linear filtering problem, we assume the availability of
certain statistical parameters (e.g. mean and correlation
functions) of the useful signal and unwanted additive noise.
The main goal of the Wiener filter is to filter out noise that
has corrupted a signal. The problem of designing a linear
filter with the noisy data as input and the requirement of
mitigating the effect of the noise at the filter output
according to some statistical criterion. An appropriate
approach to this filter-optimization problem is MMSE
(minimize the mean-square value of the error signal that is
defined as the difference between some desired response
and the actual filter output). For stationary inputs case, the
resulting solution is known as the Wiener filter.

J?wA = EC|en|' G

This is also called “mean-square error criterion”
Let W = CWI , W , … , WL% GM
Un = CuI , u , … , uP%LQ GM

The output is

L%

yn =  WR un − i = W Un = U nW … … C1G

A limitation of Wiener filter is that it is inadequate for
dealing with situations in which the signal and/or noise is
non-stationary[39]. In such situations, the optimum filter
has to be assumed a time-varying form.

RI

•

M

The performance function is then given
J?wA = EC|en|' G

Assumption

= E UVdn − W UnW Vdn − U nWWX

Signal and (additive) noise are stationary linear
stochastic
processes
with
known
spectral
characteristics or known autocorrelation and crosscorrelation.
•

M

en = dn − yn = dn − U nW … … … … … C2G

1) Mathematical model:
•
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M
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Requirement

We want to find the linear MMSE estimate of s8 based
on measurement y8 . There are three versions of this
problem: causal, anti-causal and FIR filter. In this
paper we consider the FIR case for simplicity.

M
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Now , the Nx1 cross-correlation vector is defined as:
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and the NxN autocorrelation matrix
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Fig.1: Filtering Process

A linear discrete-time filter :; for estimating a desired
signal / based on an excitation <. We assume that

Equation 4 is a quadratic function of the tap-weight vector
W with a single global minimum.
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mathematical equations that provides a recursive means to
estimate the state of a process, which minimizes the mean
of the squared error. The filter is powerful in several
aspects: it enables estimations of past, present, and even
future states, even when the precise nature of the modeled
system is unknown. Kalman filter has various advantages
from others filter. The highlighting feature of Kalman filter
is that its mathematical formulation is described in terms of
state space concept[42][43]. Another advantage is that the
solution is computed recursively, applying without
modification to the stationary as well as non-stationary
environments. The main property of Kalman filter is that it
is a minimum mean square (variance) estimator of the state
of the linear dynamical system, which follows from a
stochastic state space model[44].

Minimization of performance function
The set of tap weights that minimizes the performance
function:

From Equation 4 we have:

and

can be expanded as

1) Mathematical Model: We assume that we observe a
process zt at discrete instant of time t = t0, t1 ,…, and that z.
follows
zt = Htxt + vt (Observation equation)
By substituting

where Ht is an observed design matrix, v. are iid vectors of
normally distributed noise with covariance, R and mean 0.
It is determined by the state variable, x., which we assume
follows:

, we obtain

xt = Axt-1 + wt-1 (State equation)
where A is a design matrix, and iid normally distributed
vectors, w., with mean 0 and covariance Q. Our goal is to
determine the value for x. at a given time based on all
information up to that time.
In matrix notation, we then obtain

where

It = {zt, zt-1,…. , z0, xt, xt-1,…., x0}

is the optimum tap-weight vector.
A posteriori and a priori errors given by:

Equation 6 is also known as the Wiener-Hopf equation,
which has the solution

with corresponding error covariance matrices Pt and P-t.
The main goal of the Kalman filter is to determine a
posteriori state estimate which minimizes the a posteriori
error covariance. We assume that a posteriori state is
determined from the difference of the most current a priori
state estimate and a linear combination of the most recent
observation and the most recent predicted observation.

The minimum performance function is then expressed as

B) Kalman Filter
In 1960, R.E. Kalman published his famous paper giving a
recursive solution to the discrete-data linear filtering
problem[40][41]. The Kalman filter is a set of
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Kt is the matrix solution to the optimization problem so
defined, and is defined as Kalman gain. It has a closed
form solution given by

is not containing any innovation but may be highly helpful
for the researcher’s engaged in either academic or
industrial R&D in the field of wireless communication.
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The phenomenon of fading constitutes a
fundamental problem in wireless communications.
Researchers have proposed many methods to improve the
reliability of communication over wireless channels in the
presence of fading. In past decades this field have focused
on diversity techniques in which multiple antennas are
employed at the transmitter. Space-time trellis codes
provide both diversity gain and coding gain. In this paper,
we propose a computationally efficient the encoding
method and the decoding algorithm for space-time trellis
codes for comparison of various QPSK schemes over
MIMO channel. The design includes the analysis of Space
time trellis code for different antenna constellation size,
modulation schemes and data rates .Then, the trellis of
Space Time Trellis Code is analysed and the coding
process of Space Time Trellis Code is specifically
explained. Finally, simulation results show the bit error
rate and the frame error rate, signal to noise ratio slightly
outperform the best previous published codes.

determinant criteria transmit antennas.Coding of symbols
across space and time can be employed to yield coding gain
and diversity gain. Coding gain is defined as the reduction
in signal to noise (SNR) for the same FER that can be
realized through the use of a code Diversity gain
performance improvement that can be achieved from a
system by using diversity .BER is a commonly used the
measure of the system performance.

Abstract:

2. SYSTEM MODEL
In order to implement a MIMO communication system, we
must first select a particular coding scheme shown in
figure1 [3].A Space Time Code is a coding technique that
uses multiple transmit as well as receive antennas over
fading channels, to achieve efficient and reliable data
transmission in wireless communication systems.. This
correlation is then used to exploit the scattering
environment and minimize transmission errors at the
receiver. Space Time Trellis Codes (STTC): It is an
extension of convolutional coding with symbol mapping
onto multiple transmits antennas. The STTCs create interrelations between signals in the space domain (different
transmit antennas) and signals in the time domain
(consecutive time symbols).

Keywords: STTC, QPSK, MIMO

1. INTRODUCTION
The rank and determinant criteria were proposed as the
design parameters for STTC in multipath fading channels.
Different STTC design criteria were proposed which
depend on the signal-to-noise ratio, Recent papers [proved
and showed that different design criteria apply depending
on the value of the diversity gain. When reasonably large
diversity gain is provided by transmit or/and receive
diversity, a multiple-input multiple-output (MIMO) fading
channel converges to a Gaussian channel. Thus, the
performance is determined by the minimum squared
Euclidean distance of the code.

The encoder is composed of nT (transmit antennas) different
generator polynomials to determine the simultaneously
transmitted symbols. The receiver is based upon the
channel estimation of the fade coefficients and Maximum
Likelihood Sequence Estimation (MLSE) decoder, which
computes the lowest accumulated Euclidean distance
metric to extract the most likely transmitted sequence.
STTCs provide both coding gain as well as diversity gain
but decoding complexity in the receiver which grows
exponentially with the memory length of the trellis code
and the number of transmit antennas So we are using
Viterbi decoding algorithm [6].Just as trellis codes impose
structure with in each code word and also between code
words transmitted in sequence.STTCs impose simiar
constaints in physical space and time by distributing the
symbols comprising each codeword over the elements of
transmitted antenna array.Thus they are able to provide a
diversity gain as well as coding gain.

When the diversity gain is small, the rank and determinant
criteria will determine the code performance. In this we
comparing the performance of 4-state, 8state,16 state, 32
state QPSK two transmit antennas and two receive antenna
and based on the Euclidean distance criterion and Viterbi
decoding were reported[1].
For two or more receive antennas, these new codes were
shown to be superior to those based on the rank and
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TABLE 2.: TRELLIS SEQUENCE for 8-state
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Fig. 1: Block Diagram of System

3. CODE CONSTRUCTION
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Fig. 4: Generator Matrix for 16-state Figure 5.
Generator Matrix for 32-state

In this we focus on STTCs, which have been developed to
simultaneously provide coding gain and diversity in MIMO
systems. The coding gain is dependent on the code
construction criteria and on the length of the memory in the
encoder. STTCs are represented in a number of ways, such
as the trellis form or generator matrix form as illustrated in
figure2, figure3, figure4, figure5,[2]

00
12
20
32
20
32
00
12
02
10
22
30
22
30
02
10
00
12
20

Assume that no of transmit and receive antenna to describe
this code we need to simplify [7]. Assume that 4-state
trellis sequence is shown in table1.Encoding is performed
as follows. The initial state of finite state machine is
assumed to be 0. Each pair of information bits to be
encoded determines the state transition and two coded
symbols to be transmitted from the two transmit antenna.
The encoded sequence corresponding to the (4-ary)
information sequence
TABLE 1.: TRELLIS SEQUENCE for 4-state

02
12
22
32

02
12
22
32
20
30
00
10

03
13
23
33
21
31
01
11

01
13
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10
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32
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13
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21
33
01
13

TABLE 4.: TRELLIS SEQUENCE for 32-state

4. ENCODING
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TABLE 3: TRELLIS SEQUENCE for16-state
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value that is the minimum, then one is chosen arbitrarily.
This procedure is then repeated for each node throughout
the trellis, working from left to right. Once these values
have been calculated, we move towards the next step of
trace back operation which identifies the most likely path
through the trellis based on low PMV values. This
operation is performed from the end of the trellis to the
start (i.e., right to left) and so can only be performed when
an entire frame has been received. The operation begins
with the selection of the smallest PMV for the end/last set.
The path backwards (the overall survivor path) to the start
of the trellis is calculated based on the selection of the
smallest of all the PMV's joining the current node, if there
exist more than one PMV with the smallest value then one
is chosen arbitrarily. This path is then stored as
the
modulo-m (m is 4 for 4 PSK, 8 for 8 PSK and so on) value
of the systematic output corresponding to the selected path.
This stored encoder output sequence is then reversed in
order (symbol by symbol) and becomes the decoded data
[5].

32
23
31
03
11
01
13
21
33
21
33
01
13

2,1,2,3,0,0,1,3,2,….
Is simply
0,2,1,2,3,0,0,1,3,….
The first antenna and
2,1,2,3,0,0,1,3,2…
From the second antenna once all the information bits are
encoded, the trellis is terminated to complete each frame of
data. Similarly trellis sequence is shown for 8-state, 16state, 32- state in table 2, table 3, table4 respectively

6.

SIMULATION RESULTS

It is possible to improve the performance of STTCs by
increasing the number of states of the trellis. We assume
that a frame length of N =130 is selected, and perfect
channel state information is available at the receiver.
Figure 6 illustrates the bit error rates of the 4-state, 8-state,
16-state and 32-state space-time trellis codes that achieve a
transmission rate of 2 bits per channel use when only a
single receive antenna is used. We observe that all four
schemes achieve a diversity order of two, i.e., full spatial
diversity, as expected. We also see that the coding gain
improves by using a more complicated trellis (with a larger
number of states). We evaluate system performance and
discuss the effects of number of states, transmit and receive
diversity, increasing data rates,. . For all the simulations,
each frame consist of 130 symbols transmitted out of each
transmit antenna. Each symbol is driven by m number of
information bits, where m = log2M for M-PSK STTC. The
curves are plotted against the signal to noise ratio (SNR).
These simulations were executed with a maximum of 1000
frame errors for each value of SNR, with a total of 100000
frames per SNR value. All the simulations were carried out
assuming the channel to be Multipath fading. The
simulations for space time trellis were carried out for the
following different cases:

5. DECODING
Considering we have a trellis diagram of length L (L being
the number of symbols) with finite number of states,
Viterbi decoding algorithm finds the most likely path
through it. The Viterbi decoding algorithm consists of two
major steps [4]. In first step we traverse the trellis forward
i.e., from left to right and find the path metric. Using y as
the received values and s the assumed possible noiseless
symbols or values, we perform the branch metric
calculation which is nothing but the Euclidean distances of
y to s:
Branch Metric Value= nr∑ J=1│y j(l)- nt ∑ i=1 h ij (l)si(l)│2
We calculate Branch Metric Value (BMV) for each state
transition, and repeat it through the trellis (from left to
right) until the whole frame has been calculated. Once all
the branch metric values have been calculated we find the
path metric values. Every trellis section, has certain number
of paths (four, in the case of a 4 PSK code) leading into
each node, out of which one is the survivor path and rest
are the competitor paths. At the beginning of the trellis, the
Path Metric Value (PMV) values are taken the same as the
BMV values leading to a node. Next, we find the local
survivor by adding the BMV value of a path entering a
node to the PMV value from the previous node connected
to that path to form a competitor path. This procedure is
then repeated for all available paths(four paths in case of 4
PSK code) and the minimum of these values is used to
form the new node PMV value, if there is more than one

(a) 4 PSK, 4- , 8-, 16- and 32- states, for a transmission
rate of 2 bits/s/Hz over a Multipath fading channel
using two transmit and two receive antennas as in
figure6.
(b) 4 PSK, 4- , 8-, 16- and 32- states, for a transmission
rate of 2 bits/s/Hz over a Multipath fading channel
using two transmit and one receive antenna as in
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figure7.

7.

CONCLUSION

We can see that 8-state QPSK codes are better than 4-state
codes by almost 1 dB at a FER of 10-1 for two transmit
antennas. Similarly 32-state QPSK are better than 4-state,
8-state, 16-state.It can be seen that as the number of states
in the trellis increases, the coding gain increases and so
does the performance. In general, the coding advantage of
the above codes can be improved by constructing encoders
with more number of states... STTCs based on the
Euclidean distance criterion and Viterbi decoding, are
designed for two transmit antennas and two receive
antennas gives performance improvement compared with
the codes with one transmit and one receive antenna.
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Abstract: In this paper, the comparison of number of
fundamental modes with the number of higher order modes
for M-type triple-clad fiber with depressed index inner
cladding is examined. The analyzed results show that the
number of modes decreases as the order of modes
increases, hence dispersion also decreases. And also when
we compare this result with conventional standard optical
fiber, the decrement in the number of modes is of great
extent.

the optical fiber based communication. In the present
scenario low loss optical fibers are available in the nearby
range of the 1.55 lm wavelength can be the alternative for
traditional optical carrier [4]. There is a critical effect of
dispersion on the high- speed communication. And this
effect is more serious for large channels dense wavelength
division multiplexing (DWDM). Hence Dispersion
management is developed for the compensation of
dispersion in optical fibers.

Keywords: Triple-clad single mode fiber; weakly guided
modes; normalized frequency; normalized propagation
constant

2. MATHEMATICAL ANALYSIS

1.

Considering a four- layer (triple-clad) cylindrical dielectric
structure. All layers are assumed to be lossless, linear,
isotropic, homogeneous, and nonmagnetic. The outer
cladding is assumed to extend to infinity in the radial
direction. This assumption is justified for guided modes
whose fields decay exponentially in the radial direction [5].

INTRODUCTION

As we come to the optical fiber, there are two types of the
optical fiber, the first one in which the refractive index of
the core is maximum and the second one in which the
refractive index of the one of the inner cladding is
maximum. Here the proposed structure is of second type.
Optical fiber with two or more claddings is required for
dispersion shifting, dispersion flattening, and other
specialized application. Most modes can be suppressed by
making the core thin and the difference of index between
core and cladding small [1]. The modes which travel at this
small index difference (few parts in thousands) are known
as the weakly guided modes. Hence the radius of the core
must be reduced in order to achieve more perfect
dispersion- flattened and –shifted characteristics, and to
achieve single- mode propagation [2]. The perfect
transmission properties can be achieved by adjusting the
multi-parameters in triple clad fibers; hence it is paid
attention [3].

The width of the first, second and third layers is d0, d1, d2
respectively. And the radius of the first, second and third
layers is a, b, c respectively. Here the width or radius of
fourth (last) layer is assumed to be infinity. The relation
between radius and width is given as follows:
a = d0,

b = a + d1,

c = b + d2.

The refractive index profile of the proposed structure which
is given below (Fig. 1) is defined as follows:
 . =

Optical fiber is essential physical element for optical
communications. The loss of intensity and broadening of
pulse due to dispersion phenomenon are two mile stone in
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where r is the radius position. According to the effective
y
refractive index given by wxx = z , where y is the
I
longitudinal propagation constant of guided mode and zI is
the wave number in vacuum. The proposed structure of Mtype can be divided into three regions, which is shown in
Fig. 1.
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Here we are considering only the (I) region.
According to the wave equation, the boundary conditions
of electromagnetic field and under the LP approximation,
the characteristics equations in region (I) can be obtained
as follows:

Fig.1: Refractive index profile of proposed M-type
structure with parameter defined.
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The computed results in the form of dispersion curve are
shown in the Fig 2, Fig. 3, Fig. 4 and Fig. 5. It is seen that
all the curves have the standard expected shape which
means that the in standard shifted M-type circular
waveguide does not change in the standard shape of the
dispersion curve.
Here the dispersion curves are drawn for an operating
wavelength I = 1.55 l and various values of
dimensional parameter d1 in regular increasing order. The
value of other parameters is:
d0 = 0.5 l
d2 = 0.5 l



For evaluating of the index of refraction difference between
core and cladding the following definition is done
≈

′ : 
−:u |
u

(2.3)

Here the modes are calculated for the equation (2.3) with
help of MATLAB and similar is drawn as follows.

Where P and Q are the geometrical parameters defined as
follows:


= , = .
(2.4)


Also, the optical parameters are defined as:
5 %5
5 %5
( = 5%5 ,
(' = 5%5.
(2.5)

5  %5 

0

3. RESULTS AND DISCUSSION

Wu = c?β' − k 'I n'u A,

∆=

−| :u 

And the normalized propagation constant as:

'



0

The normalized frequency as:
 = zI r' ' − u '

Ut = b?k'I n't − β' A,



t 
~| }

−}t ~|′ }t 

U' = a?k 'I n'' − β' A,
' =  U' ,
}


0

−~| }t 

Where {| , ~| , | , | are the Bessel and modified
Bessel functions. The parameters used in the above matrix
are defined as follows:
a?k 'I

(2.2)

n1 = 1.498270 n2 = 1.496535
n3 = 1.50000 n4 = 1.49550

(2.6)
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Fig. 5 Normalized propagation constant (B) vs.
Normalized frequency V) for m=3.

Normalized frequency (V)

Fig. 2 Normalized propagation constant (B) vs.
Normalized frequency (V) for m=0.

Hence in the range of 0 to 20 of the normalized frequency
there are 7 modes for m=0 shown in Fig. 2, 6 modes for
m=1 shown in Fig. 3, 6 modes for m=2 shown in Fig. 4 and
5 modes for m=3 shown in Fig. 5. Hence we can say that
the total number of modes decreases as the order of modes
increases.

From the Fig. 2, Fig. 3, Fig. 4 and Fig. 5 it is cleared that
the higher order modes are shifted at higher normalized
frequency.

4. CONCLUSION

m=1, ∆=.003, a=1.5
R1=0.5, R2=0.3, P=0.8, Q=0.3

Normalized propagation
constant (B)

0.8

0.1

0

In the study of this paper, shifting of modes for the
proposed structure for optical fibers has been done. In this
analysis, we have presented that when we increase the
order of modes (m=0, 1, 2, 3…), the modes are shifted
towards higher value of normalized frequency. Hence the
number of modes travelling in the fixed range of
normalized frequency is decreases on increasing the order
of modes. And when the no. of modes decreases, the
dispersion of the modes also decreases. And also the
number of modes in comparison with the conventional
standard fiber is much less.
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Abstract: This paper analyses the enhancing or improving
Multi-channel wireless networks. WiMAX, has emerged as
one of the most important 4G networks to provide high
speed data communication in metropolitan areas. There
will be huge challenges in designing the networking
protocols to allow WiMAX to provide high quality of
services. This paper aims to solve these challenges to
improve the performance of multi-channel wireless
networks, using WiMAX as a representative, through a
number of techniques. In this report, we propose cognitive
WiMAX with femto cells and study the resource
management problem in the network. Tightly integrated
with the novel cognitive WiMAX architecture, our crosslayer resource management protocol is designed to apply
power control, multi-hop cooperative communication and
flow management techniques, achieving near-optimal
performance for next generation system.

two adaptive algorithms embedded in MRNC with welltuned designs which are able to facilitate MRNC to achieve
even larger benefits. Admittedly, MRNC provides quite
satisfactory performance in the regular cases. However, in
the conditions of low channel qualities, transient
unpredictable bit errors would corrupt the entire packet
which would waste scarce wireless spectrum. In the second
step, built on top of MAC-layer random network coding
scheme, we seek to further improve the performance
through effactive error control in the physical layer
especially under the poor channel conditions. We
introduced, designed, and evaluated a cooperative symbollevel random network coding protocol in WiMAX, named
Drizzle. Tightly integrated with WiMAX physical layer,
Drizzle provides error control in fine granularity and
minimizes the waste of bandwidth in various multi-channel
communication scenarios in WiMAX. Through our
extensive simulation evaluation, we show both MAC-layer
and symbol-level network coding protocols, with our finetuned designs, are able to provide significant improvement
on system performance. After solving the challenges in the
fundamental communication in WiMAX with the research,
we study the important services in WiMAX and seek to
provide specific designs regarding these services which are
crucial for practical WiMAX systems. First, we focus on
multicast broadcast services (MBS) in WiMAX. We
propose a novel multicast scheduling with multi-hop multipath trans- missions over multiple OFDMA channels to
fully exploit the advantages provided by cooperative
communication and random network coding, in the last we
focus on femto cell architecture which is a cost-effective
means of providing ubiquitous connectivity in WiMAX.
Recently, a number of large ISPs start to deploy femto cells
in the real systems. We provide both rigorous theoretical
analysis and realistic simulation evaluation for both
multicast scheduling protocol and cognitive resource
management in WiMAX, which show near- optimal
performance. It is based on a sound theoretical foundation
using stochastic Lyapunov optimization, but not without
careful considerations of the practicality, feasibility and
efficiency of implementing these solutions.

Keywords: Wimax, femto cell, Optimization, CR technique,
MAC-layer, Random network coding protocol.

1. INTRODUCTION
WiMAX like multi-channel wireless networks: they
represent the future generation of high-bandwidth wireless
access technologies and it is challenging and important to
effectively utilize the scarce wireless spectrum in order to
provide high quality of services. The objective of this paper
is to have research on multi-channel wireless networks with
WiMAX as the representative with femto cell, and
optimize the performance, which are not fully studied in
both academia and industry. We investigate the use of
network coding when applied in the MAC-layer of
WiMAX. We have observation that random network
coding indeed provides salient improvement in terms of
throughput and transmission resilience in WiMAX. With
this finding, we proposed a MAC-layer random network
coding protocol, MRNC in short, which is designed to take
full advantage of the favorable properties of random
network coding and tightly integrate with the multi-channel
communication structure in WiMAX. Especially, we have
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WI-MAX: WiMAX essentially works in a point-tomultipoint fashion, with one base station serving a number
of mobile stations in a certain area. As opposed to previous
generations
of
wireless
Internet
technologies,
communication between the base station and the mobile
stations is based on the principle of orthogonal frequency
division multiplexing/multiple access, a digital multicarrier modulation scheme using a large number of closelyspaced orthogonal subcarriers. Multiple access is achieved
in OFDMA by assigning subsets of subcarriers to
individual users. This allows simultaneous low data rate
transmissions from several users without generating
interference and collision. Most 4G wireless
communication networks adopt OFDMA which essentially
can be considered as multi-channel wireless networks.
With these technologies, WiMAX has great potentials to
provide higher quality of service. WiMAX is a step
towards achieving ultra-broadband mobile Internet in
metropolitan areas. Some desired features in the future
WiMAX deployment are: high data rate (100 MB/s mobile
and 1 GB/s fixed), wide range (maximum serving range of
50 km for each base station), resilience, and robustness .
There will be a number of challenges in WiMAX designs
in order to provide such performance. How to fully utilize
wireless bandwidth and effectively allocate the resources
will be very crucial. In this paper, we focus on designing
new algorithms and protocols to improve the performance
of WiMAX systems. In order to achieve this objective, we
adopt network coding, cooperative communication, and
dynamic optimization techniques to perform effective error
control, resource allocation, and communication
scheduling.

, cn] in the Galois field (normally in GF(28 )), and then
produces one coded block x of k bytes:
x=

Pn i= 1
cibi.

There is great potential to gain benefits when applying
network coding to WiMAX with multi-channel
communication. In this thesis, we seek to investigate the
use of random network coding in WiMAX. Before starting
this work, the network coding is basically deployed in
IEEE 802.11-based networks to take advantage of multiple
routes and wireless broadcast properties. Unfortunately, in
multi-channel wireless networks such as IEEE802.16
WiMAX with OFDMA at the physical layer the
convenience of a shared wireless broadcast channel to
perform opportunistic listening no longer exists, and
Hybrid Automatic
Repeat request (HARQ) is the predominant error control
protocol at the physical layer, rather than plain Automatic
Repeat request (ARQ) in IEEE 802.11The current
protocols do not fit in these scenarios and can not fully
utilize the wireless spectrum. It is challenging to design
efficient protocols to exploit the benefits of network coding
in WIMAX. Different from previous works, in our study,
we seek to solve the challenges and specially design
random network coding protocols to tightly integrate with
the WIMAX architecture, by considering
its
communication characteristics. Specifically, we propose
and design both MAC-layer network coding and symbollevel network coding, named MRNC and Drizzle
respectively not only take advantage of the favorable
properties of network coding, they also enable cooperative
communication to cater the multi-path multi-channel
transmission opportunities in WIMAX. They fully utilize
the scarce wire- less spectrum and are designed to adapt in
realistic channel conditions with time-varying and bursty
errors.

NETWORK CODING: Network coding play a important
role in enhancing and improving the WI-MAX network.
The basic idea inside is that network coding, allowing the
routers to mix the bits in forwarded messages can increase
network throughput. In recent studies on network coding
that are rapidly expanding, it is well known that random
linear codes using a Galois field of a limited size are
sufficient to implement network coding in a practical
network. Recently it has been shown that random network
coding is able to significantly improve end-to-end unicast
throughput in multi-hop wireless networks, when
implemented above the MAC layer of IEEE 802.11.

Multi-hop Transmission:
Finally, we illustrate the synergy between network coding
and the WIMAX multi-hop mode. We evaluate the
performance in a practical setting of the multi-hop case, by
considering the benefit of multi-path transmission. In order
to extend the coverage area of the cell, the RSs are placed
within the border of the radio ranges of BSs. The MS in the
simulation receives downlink data either directly from RS
or BS, or from both. A similar evaluation is performed with
the same setting as our simulation in the first handover
case. We observe from the results that MRNC gains a 36%
throughput improvement and a 70% variance improvement.

RANDOM LINEAR CODING: In random linear codes
[22], a data segment (also referred to as a generation or a
group in the literature) is divided into n blocks, denoted as
[b1 , b2 , · · · , bn], each of which has a fixed number of
bytes, referred to as the block size. If the segment size is
predetermined, the block size k can be directly computed
from n. When a segment p is to be transmitted, the sender
randomly chooses a set of coding coefficients [c1 , c2 , · · ·
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The Design of Drizzle:
Drizzle is designed specifically to explore the benefits of
using network coding at the symbol level in the physical
layer of WiMAX. For example, one symbol represents two
bits if quadrature Phase Shift Keying (QPSK) is used, and
four bits if 16 Quadrature Amplitude Modulation (16QAM) is used.

Fig. 1: Multi-hop Relay Network
We further well tune the design of MRNC by designing
two adaptive algorithms: adaptive block size and adaptive
upstream node. The adaptive block size algorithm aims to
provide a more flexible scheme for data transmission by
dynamically adjusting the block size in response to the
channel conditions. Meanwhile, the adaptive upstream
node algorithm could help to efficiently utilize the scarce
wireless bandwidth, particularly in multi-path transmission
scenarios. With extensive studies, we have observed that
our proposed protocol based on random network coding
has indeed offered salient advantages over HARQ,
especially in cases where the channel condition varies over
time, during the handover procedure, and in the multi-hop
mode.

Fig. 2: MIMO Case System for wi-max mobile system

In this paper, we consider relay networks where the number
of source-destination pairs, s(n), is a function of the total
number of the nodes in the network, n. The transportation
of information from sources to destinations occurs through
multiple hops depending on the distance between each
source destination pairs. We define this network as
Multihop Relay Wireless Network (MRWN). Since most
wireless ad hoc networks such as military networks utilize
multihop communications, this study is valuable in
understanding the throughput capacity behavior of these
networks.
The throughput capacity is derived by utilizing a multihop
Manhattan routing protocol. In the clustered network is
considered where the density of the network is not uniform
and varies. There are also other nodes distributed outside
the clusters inside the network. All the information is
generated by the clustered nodes and nodes outside the
clusters perform as relays. In this work, the authors analyze
the effects of the clustered nodes and the size of the
network on the throughput capacity. In our work, all
sources, destinations, and relays are distributed uniformly
inside the network

Fig3 (a&b): Frequency Reuse System in Wi-Max
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as a part of the session control information (in HARQ, the
session number is also communicated as a part of the
session control information). In order to reduce the
overhead of storing different coefficient matrices for
different batch sizes and different maximum number of
retransmission blocks, only one coefficient matrix with a
minimum sufficient size is stored and used for encoding
and decoding. Let us denote the maximum batch size as N ,
the maximum number of retransmission blocks as D, and
the maximum number of cooperating upstream nodes as C .
Then the dimension of the stored matrix is N × M, where
M = N + D × C. To guarantee successful decoding, any N
× N sub-matrix is produced to be non singular. How can
the reliability of index negotiation be ensured? Wireless
systems
like
WiMAX
employ
a
reliable
management/control message transmission mechanism.
Session control information is conveyed using
management/control messages, which are protected by the
modulation and coding scheme (MCS) level, which is more
robust than regular data burst transmission, or reliable error
control schemes using HARQ or MAC level ARQ. The
Multiple-input and multiple-output (MIMO) antenna
scheme and low density parity check (LDPC) codes use the
same concept to transmit the index for pre- coding matrix
and matrix H , respectively, which are pre-generated and
kept in the transmitters and receivers. Therefore, the
coefficient index can be effectively protected and
guaranteed to be successfully distributed to both receivers
and senders.

Fig. 4: Specification Issues

2. IMPLRMENTATION ISSUES
Choosing the Size for Coded Blocks:
In order to show the effect of different block sizes to the
packet delivery rate, we consider a packet with a size of
512 bits which is divided into 128, 64, 32 blocks for m = 4,
8, 16, respectively. We have observed clearly that as the
block size increases, the block error rate also increases.
However, due to the high decoding error probability with
small block sizes, its packet delivery rate, which is a ratio
of the number of error-free packets over the total
transmitted packets, suffers from poor performance.
Considering the trade off between the block error rate and
the decoding error probability generated by blocks with
different sizes, we select 8 bits as the best trade off. Thus,
we adopt GF (28) to perform random network coding. In

Computational Complexity and Protocol Overhead:
According to random network coding is almost “free” with
modern mobile processors. The coding speed could reach
1248 Mbps for 16 blocks of 32 KB each and 348 Mbps for
64 blocks of 32 KB each. As our block size is as small as a
few bits, encoding and decoding are even much faster.
Although it indeed incurs additional computation to some
extent, it keeps the overhead within practical limits. For
each coded block, an 8.5% overhead is incurred, which is
rather substantial. Usually, with 400 symbols, there are
dozens of runs at the least, regardless of dynamic
programming schemes used in MIXIT. Assume that there
are 20 runs, leading to a completely unacceptable overhead
of 42%. Moreover, if the header is not correctly received,
the decoding cannot be performed (with most of the
packets discarded). In contrast, Drizzle adopts a totally
different approach by using a pre-defined codebook, which
is only transmitted to the receivers once. There is no header
overhead when coded blocks are transmitted.

this case, a block may contain multiple symbols when a
symbol is smaller than 8 bits. For example, a block
contains 4 symbols with QPSK modulation, where a
symbol has 2 bits. In 16QAM modulation, a block includes
2 symbols.

Reducing the Overhead of Carrying Coefficients:
In Drizzle, the random coefficient matrix is pre-generated
and kept at both the senders and the receivers. In WiMAX,
each sender-receiver pair needs to negotiate parameters
such as modulation, coding, and transmission power,
before the actual data transmission. In Drizzle, the sender
transmits the index of the pre generated random
coefficients matrix that is used for encoding to the receiver,

Performance Evaluation:
We are now ready to resort to extensive simulations to
study Drizzle’s performance. For this purpose, we take
advantage of the latest communication toolbox in
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MATLAB for simulation implementation. MATLAB is
efficient for evaluating the performance of physical-layer
protocols, and it is well designed to simulate physical layer
designs in multi-channel wireless networks with fading
channel characteristics, modulation, and soft decision
values. To be realistic, we evaluate Drizzle’s performance
in WiMAX networks, where the practical settings of a realworld WiMAX network configuration are adopted.

high quality of services/applications and attract users to
evolve in the networks. This design provides a solution to
solve the problems in traditional multicast scheduling, and
this study creates a new paradigm of multi-hop cooperative
communication in WIMAX. Within such paradigm, in the
last step, we focus on femto cell architecture which is a
cost effective means of providing ubiquitous connectivity
in WIMAX. Recently, a number of large ISPs start to
deploy femto cells in the real systems. We propose a
cognitive WIMAX architecture with femto cells, by
exploring the benefits of collaboration of popular cognitive
radio technique, multi-hop paradigm, as well as femto cell
structure. We provide both rigorous theoretical analysis and
realistic simulation evaluation for both multicast
scheduling protocol and cognitive resource management in
WIMAX, which show near- optimal performance. With our
complete cycle of study on WIMAX protocols and the
research findings across, we believe our proposals have
great potentials to be implemented in the practical WIMAX
systems, and smoothly applied to other next generation
wireless communication networks. In the future work, we
will extend our understanding and study on other emerging
attractive applications by applying advanced technologies.

3. SIMULATION SETTING
Similar to the simulation evaluation, WiMAX networks are
simulated according to typical parameters defined in the
IEEE 802.16 standard and WiMAX system evaluation
methodology released by WiMAX forum. In particular, we
have used mobility patterns that reflect realistic parameter
settings in a practical wireless environment. To evaluate
the performance, we compare Drizzle with HARQ, With
respect to HARQ, we adopt the type-II HARQ which
performs Packet Soft Combining in transmissions and
employs Viterbi Soft Decision Decoding using soft
decision values. In the multi-path transmission scenarios,
maximal ratio combining is performed in HARQ.

5. CONCLUSION
This paper aims to solve these challenges to improve the
performance of multi-channel wireless networks, using
WIMAX as a representative, through a number of
techniques. In this report, we propose cognitive WIMAX
with femto cells and study the resource management
problem in the network for future work.
Fig. 5: Simulation Result

4. WI-MAX FEMTO CELL
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Abstract: In this paper, we would provide the survey of
various sensor network service challenges. Since service
involves efficient data delivery by the serving entity to the
requesting entity, this data delivery has to be within the
specified deadline as well the requested data need to
possess good quality. Thus, QoS has become a necessity in
overwhelming WSN applications. In order to provide
quality of service to such applications, various challenges
has to be taken into account which would be discussed in
this paper.

Since, sensor nodes use wireless link for routing of sensed
data, they are insecure i.e. an eavesdropper can sense this
routed data and degrade the quality of this data upto some
extent. Security as well as quality becomes a necessity
when the communication between various nodes bears
confidential data such as in military applications. Although
there are various techniques which provides security
among wireless network such as cryptographic techniques,
MAC (message authentication code), digital signatures etc.
but due to resource-constrained sensor nodes they cannot
be applied directly to sensor networks and there are very
few techniques to maintain the quality of information being
transmitted over the network. Quality information includes
congestion free environment [3] [4], data security [2] as
well as time factor. All these things collectively contribute
to good quality of service by the servicing organization.
Whether it’s a network or a specific business organization,
quality of data/product supplied to the requesting entity
leads to customer satisfaction. Thus, in order to provide
better service to the user, some challenges have to be taken
into account.

Keywords: Intrusion Avoidance, Sensor Network, Quality
of Service.

1. INTRODUCTION
Wireless sensor network (WSN) can be defined as the
network of cooperative, self-organizing and fault-tolerant
sensor nodes as shown in fig. 1, fitted with an onboard
processor which instead of sending raw data to the nodes
responsible for fusion, use their processing abilities to
locally carry out simple computations.

A. Applications of Sensor Networks

As the position of these nodes cannot be engineered or
predetermined, they can be deployed randomly inside the
inaccessible or inhospitable areas. This self-organizing
nature of these sensor nodes and their ability to deploy
automatically in unreachable areas demands high grade of
security as well as data quality.

Sensor networks are applied to wide range of applications
ranging from security free to security-critical applications.
Various applications are specified as under:
•

Hospitality

•

Habitat monitoring

•

Forest fire detection

•

Nuclear, chemical, and biological attack detection

•

Military applications( battlefield surveillance)

•

Transportation (equip goods, traffic control)

•

Disaster relief

•

Environmental monitoring (air, water, and soil
chemistry).

In hospitality, sensors nodes are used to keep patient data
as shown in fig.2 as well as to keep track of condition of
blood bags in the repository. This type of data demands
high degree of accuracy and precision as a little mistake
may lead to serious consequences. All the data collected is
first aggregated by the sensor node and then it is sent to the

Fig. 1: Wireless sensor network architecture [1]
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•

base station or sink which then distributes this data to other
network as shown in fig.1. This collected data has to
possess accuracy so that there would not be any incorrect
predictions by the doctors.

Application layer: Wired networks make use of
adaptive compression techniques in order to reduce the
bandwidth used [7] for audio and video applications;
this same approach can also be applied to sensor
networks, adjusting the frequency in which data are
sent [9]. Due to the intrinsic characteristics of sensor
networks, the design of QoS-enabled protocols for
WSN differ from traditional approaches as in
traditional networks, QoS is based on metrics such as
bandwidth, latency and jitter. While in WSN, we face
various challenges that are not found in traditional
networks such as scarce energy [10], data correlation
[9], low power operation [11], hardware restrictions
and noisy medium.

C. QoS techniques in MAC Protocols
QoS techniques for WSN in MAC protocols can be
classified into four categories which can be discussed as
follows:
a) Packet reordering: This technique reorders the
outgoing packet in order to adjust the time spent by
the packets in queue according to their priority. For
eg- Real-Time Architecture Protocol (RAP) makes
use of this technique in WSNs [12].
b) Medium access priorization and allocation: This
technique allows outgoing high priority packets to
access the medium.
c) Admission control: This technique controls the
amount of data which a particular sensing device may
send in a given time period.
d) Control overhead: These algorithms selectively
adjust the amount of control packets used for each
data packet in order to guarantee higher delivery
rates.

Fig. 2: Wireless sensor network medical application
Since networks are also applied to safety-critical
applications, they require great deal of security as well as
service quality. Their applicability in such application areas
motivated various researchers to develop some mechanisms
in order to provide gathered data with more accuracy and
better quality.

B. QoS techniques in WSNs
Traditionally, QoS is defined as the priorization of data
transmissions or a particular application over others. QoS
techniques can be employed in each layer of the protocol
stack as:
•

Physical layer: This layer involves the avoidance of
interference with other networks which modifies the
modulation and frequency of operation in order to
enhance the signal to noise ratio (SNR), as in
HiperLAN [5], as well as HomePlug and HomePNA
[6].

•

Link layer: This layer involves the change in schedule
of medium access and the sequence of packets to be
sent in order to supply the QoS requirements. These
changes may be achieved by packet reordering and by
priority control and admission policies.

•

Network layer: In wired networks, packet priority is
assigned by flow or individually, using packet queuing
policies such as token bus and WFQ (Weighted Fair
Queuing), among others [7]. In WSN, in general, there
is not the notion of a flow, precluding per flow
priorization. Due to the variability of link quality, both
the amount of copies sent and the number of distinct
routes for a given packet can be adjusted according to
its priority, increasing the probability of a successful
delivery of a packet [8].

2. QOS CHALLENGES IN WSNS
Most of the well-known QoS challenges have been
inherited from traditional wireless networks, such as time
varying channels and unreliable links [13]. However,
various characteristics of WSNs, such as resource
constraints, unreliable link etc pose additional challenges
for providing QoS-support in these networks. These QoS
challenges for WSNs are explained in this section:
•
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Resource constraints: Sensor networks are highly
resource constrained in terms of bandwidth, memory,
energy and processing capability. As it is impossible to
replace or recharge batteries of the sensor nodes due to
their application in unreachable environments, limited
energy becomes the bottleneck and therefore leads to
decrease in lifetime as well as quality of service of the
corresponding network. Although energy harvesting
via solar energy [14], [15] can be a promising solution
to this problem of energy scarcity but the present solar
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•

•

•

•

•

•

2)

panels are still too large for tiny sensor devices. Thus,
lightweight and simple QoS support mechanisms need
to be developed in order to operate on a highly
resource constrained sensor node.
Unbalanced traffic: In most applications of WSNs,
upstream traffic as well as downstream traffic flows
from a large number of sensor nodes to a small subset
of sink nodes. Thus, QoS mechanisms should be
designed for balancing of such an unbalanced QoSconstrained traffic.
Data redundancy: Data transmitting over sensing
devices possess high redundancy which leads to loss in
the reliability/robustness requirement of data delivery.
Robustness can be maintained by data fusion or data
aggregation [16], [17] while decreasing redundancy in
the data, but this mechanism also introduces latency
and complicates QoS design in WSNs.
Scalability: A sensor network consists of hundreds or
thousands of sensor nodes densely distributed in a
wireless medium. Therefore, QoS support designed for
WSNs should be able to scale up to a large number of
sensor nodes.
Network dynamics: As the medium is wireless in
nature, network as well as link characteristics changes
with time. Network dynamics may arise from node
failures, wireless link failures, node mobility, and node
state transitions due to the use of power management
or energy efficient schemes. Such a highly dynamic
network greatly increases the complexity of QoS
support.
Multiple traffic types: As sensing devices deployed
in an environment are heterogeneous in nature, they
raise greater challenges for QoS support.
Energy balance: In order to enhance network lifetime,
the load on sensory devices has to be evenly
distributed so that the energy at a single sensor node
may not be drained faster as compared to other nodes.
QoS support mechanism should be designed
accordingly.

3)

4)

5)

All these issues should be taken into account while
designing a QoS support mechanism for the sensor
networks.

3. LITERATURE REVIEW
Wireless sensor networks are usually deployed for
gathering data in unattended or hostile environment.
Several application specific sensor network data gathering
protocols have been proposed in research literatures, some
of which has been described as under:

A. Data-centric protocols
There are various data routing protocols proposed for data
dissemination such as LEACH [20], PEGASIS [21], TEEN
[22], Directed Diffusion [23], TTDD [24], Rumor Routing
[25] etc. but few of them are designed considering security
as a goal such as SPIN [26] which would enhance the
quality of service of the network.
SPIN [26] is the first data-centric protocol, which considers
data negotiation between nodes in order to eliminate
redundant data and save energy. The idea behind SPIN [26]
is to name the data using high-level descriptors or metadata. Before transmission, metadata are exchanged among
sensors via a data advertisement mechanism. Each node
upon receiving new data, advertises it to its neighbors and
the interested neighbors retrieve the data by sending a
request message. Later, Directed Diffusion [23] has been
developed and has become a breakthrough in data-centric
routing. The data is diffused through sensor nodes by using
a naming scheme. The main reason behind using such a
scheme is to get rid of unnecessary operations of network
layer routing in order to save energy. Then, many other
protocols have been proposed either based on Directed
Diffusion [25] or following a similar concept [27, 22].
Flooding and gossiping [11] are two classical mechanisms
to relay data in sensor networks without the need for any
routing algorithms and topology maintenance. In flooding,
each sensor node receiving a data packet broadcasts it to all
of its neighbors and this process continues until the packet
arrives at the destination or the maximum number of hops

There is lot of other issues besides mentioned above such
as security of routing information, congestion in the
network, timeliness, network lifetime etc which has to be
addressed in order to provide QoS support to the users.
Issues related to security in sensor networks are similar to
that in ad hoc networks and have been well enumerated in
the literature [18], [19], but the prevention mechanisms
developed for ad hoc networks cannot be directly applied
to sensor networks since both networks differ from each
other in following areas:
1)

Sensor nodes are deployed in large numbers as
compared to ad hoc network nodes.
Nodes in sensor network are more prone to failure as
less amount of research carried out in this context as
compared to nodes in ad hoc network.
Sensor networks are based on broadcast
communication while ad hoc networks are based on
point to point communication.
Sensor network nodes do not possess global
identification (ID) as compared to ad hoc network
nodes.

Generally, nodes in sensor networks have limited
resources but sensor networks are even more
resource-constrained.
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for the packet is reached. On the other hand, gossiping is a
slightly enhanced version of flooding where the receiving
node sends the packet to a randomly selected neighbor,
which picks another random neighbor to forward the packet
to and so on.

provide good service quality. The brief review of some of
them is presented as under:

A. SIFT
It is a low latency MAC protocol specifically designed for
event-driven wireless sensor networks. SIFT [33] is a
CSMA based MAC protocol. It involves a small, fixed size
contention window and a non-uniform probability
distribution function in order to reduce the latency in
delivery of event reports.

B. Coverage Aware QOS Control (CAQC)
Rong-Guei Tsai, Hao-Li Wang [28] has proposed a
coverage aware quality of service control protocol which
not only controls the maximum area covered but also the
quality of service. CAQC deals with coverage and node
variability in sensor networks effectively. Some of the
protocols had similar work but their approach was based on
gur game [29] in which the coverage area was not
considered by active sensors. The reason was that if the
active sensors are distributed too densely, redundant data
collection, bandwidth and energy may become a problem.
Thus, CAQC was developed which controls both QOS and
coverage. The mechanism consists of two parts -sensor
nodes have to send the ID of covered regions to the sink.
The field is divided into a number of small regions and
each region may be covered by one or more sensors where
each sensor has the id numbers of covered regions and
these id numbers are embedded into the collected data
sending to the sink in the first part. In the second part, sink
receives the data from all active sensors and has the id
numbers of all covered regions and finally provides the
result which is carried out with the help of reward function.

Assumptions
•

Various assumptions of SIFT protocol are:

•

works with only one hop communication

•

all nodes in the range of the base station and compete
to send to only one sink

•

all nodes are assumed to sense the same event at the
same time

•

different data flows would be treated equally

Advantages
•

Various advantages of this protocol are as follows:

•

Enables collision-free transmission

•

Energy efficiency can be achieved by suppressing
other unnecessary reports

Disadvantages
Various disadvantages of this protocol are as follows:

C. LOCALMOR
It can be abbreviated for LOCALized Multi Objectives
Routing and is a QOS routing protocol for wireless sensor
networks proposed by Djamel Djenouri and Ilangko
Balasingham [30]. It is based on differentiating QoS
requirements according to the data type, which enables to
provide several and customized QoS metrics for each
traffic category. With each packet, the protocol attempts to
fulfill the required data-related QoS metrics while
considering power efficiency. For link quality estimation,
the protocol employs distributed, memory and computation
efficient mechanisms. It uses a multisink single-path
approach to increase reliability. When this protocol was
compared with state-of-the-art localized routing namely
DARA [31], MMSPEED [32], it was found that for high
critical packet rates, LOCALMOR halves the delay
compared to the majority of protocols and provides 25
percent better performance as compared to DARA. Even
the packet reception ratio also increases up to 13 percent as
compared to MMSPEED.

•

increased idle listening

•

increased overhearing

•

more chances of data loss

B. PSIFT
It can be abbreviated for Prioritized-SIFT [34] which is an
enhancement of SIFT protocol.
Operation
Each packet of the data flow is assigned its own priority
level. Higher packet priority level means it has higher
priority. Packet that travel over the longer route should be
transmitted earlier because of the characteristics of PSIFT
protocol (only a certain number of report need to forward,
so as the number of hops increase, the importance of packet
also increases). Thus, each time packet is route through a
relay node, its priority level increases.
Assumptions

4. WORK REVIEW

PSIFT protocol makes the following assumptions:

Various protocols have been designed for effective
distribution of data among sensor nodes but few of them

•
•
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works in multihop transmission scenario
different data flows would be treated differently
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• It is a CSMA-based MAC protocol
• It uses overhearing mechanism (explicit ACK and
implicit ACK) as shown in fig.3 for suppressing the
unnecessary redundant reports by utilizing the
broadcast nature of the wireless medium.
• It ensures the nodes having highest priority level data
to transmit first, followed by the lower ones.
• It uses different IFS periods to separate transmissions.
• It assign priority level to each packet so that relay node
can handle them differently.
• different contention window sizes are used by each
priority class .
• assign priority level to each packet
• uses different inter frame space periods to separate
transmissions
• designed for event-driven applications
Disadvantages
Various disadvantages of this protocol are as follows:
• impossible to be used in any other type of applications
• unreliable data
• delivery
• mostly idle sensor nodes
• DIFS values needs to be preset in order to assign
priority to each packet

5. CONCLUSION
In this paper, various protocols have been reviewed for
effective data distribution among sensor nodes but few of
them provide good service quality. This paper provides
brief study of two such protocols namely SIFT and PSIFT.
Both these protocols have some common disadvantages
such as idle channel, data loss etc. So, It can be concluded
that there is a great need of designing new protocols in
order to achieve good service quality.
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Abstract: Due to the intrinsic nature of the network and
application scenario, Wireless Sensor Networks (WSNs)
are vulnerable to many attacks. In this paper, we present
briefly issues, different attacks such as sybil, sinkhole,
wormhole, hello flood, selective forwarding, neglect and
greed, homing, misdirection and black hole attacks and
their countermeasures related to network layer. Also, this
paper gives known approaches of security detection and
defense mechanisms against the network layer attacks; this
would enable security managers to manage the network
layer attacks more effectively. Protecting WSNs against
different attacks - while remaining low-cost and flexible - is
a primary research challenge that bears further
exploration.
Keywords:
Sensor
countermeasures.

networks,

issues,

describe various security attacks and their countermeasures
against security attacks. Section-IV concludes with future
directions.

2. ISSUES AT THE NETWORK LAYER
Sensor networks are being built for specific purposes.
Routing is the most important part of WSNs for sending
the data from sensor nodes to base station. At the network
layer various design issues are [1, 2, 3, 4]:
1.

attacks,

1. INTRODUCTION
2.

A wireless sensor network (WSN) consists of spatially
distributed autonomous sensors to monitor physical or
environmental conditions, such as temperature, sound,
vibration, pressure, humidity, motion or pollutants and to
cooperatively pass their data through the network to a main
location. The development of wireless sensor networks was
motivated by military application such as battlefield
surveillance. Today such networks are used in many
industrial and consumer applications, such as industrial
process monitoring and control, machine health
monitoring, and so on. The WSN is built of sensor nodes
from a few to several hundreds or even thousands. A sensor
node might vary in size from that of a shoebox down to the
size of a grain of dust. The cost of sensor nodes is similarly
variable, ranging from a few to hundreds of dollars,
depending on the complexity of the individual sensor
nodes. Size and cost constraints on sensor nodes result in
corresponding constraints on resources such as energy,
memory, computational speed and communication
bandwidth.

3.

4.

5.

6.

This paper is organized as follows: Section-I provides a
brief overview of WSNs. Section-II describes different
types of issues at the network layer in WSNs. Section-III

7)
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Energy efficiency is a very important issue at the
network layer. There is a need to discover different
techniques to eliminate energy inefficiencies that may
shorten the lifetime of the network. There is a need to
find various methods for discovering energy efficient
routes and for relaying the data from the sensor nodes
to the base station at the network layer to optimize the
lifetime of a wireless sensor network.
Multi-path design technique should be incorporated
in the routing protocols. Multi-path technique is
applied in those protocols which set up multiple paths
so that a path among them can be used when the
primary path is failed.
The repairing of path is desired in routing protocols
whenever a path break is detected. Routing protocols
should be able to find a new path at the network layer
even if some nodes failed or blocked due to some
environmental interference.
In order to maximize energy saving there is a need to
provide a flexible platform for performing routing
and data management.
The data traffic that is generated will have significant
redundancy among individual sensor nodes. The
routing protocol should exploit such redundancy to
improve energy and bandwidth utilization.
There is a need to develop a routing protocol that
have the property of multiple wireless hops as the
nodes are scattered randomly resulting in an ad hoc
routing infrastructure.
Routing protocols should be able to take care of
homogeneous as well as heterogeneous nature of

Proceedings of the International Conference on Communications & Electronics – ICCE – 2012

nodes i.e. each node will be different in terms of
computation, communication, operating system
(TinyOS, ZigBee etc.) and power.

Countermeasures
One approach to avoiding sinkhole attack is to use routing
algorithms that are resistant to arbitrary configurations,
such as geographic forwarding [6, 9]. Since each node
makes an independent forwarding decision based on the
location of its neighbors, it is not as easy to attract routing
to an attacker. Communicating parties may also use end-toend verification of advertised latency or quality to detect
when a path may contain an unwarranted diversion [6].
Upon detecting a problem, nodes may attempt systematic
rerouting to avoid the malicious node [10].

Various types of routing protocols for WSNs are: Sensor
Protocols for Information via Negotiation (SPIN), Rumor
Routing (RR), Direct Diffusion (DD), Low Energy
Adaptive Cluster Hierarchy (LEACH), Power Efficient
Gathering in Sensor Information System (PEGASIS),
Threshold sensitive Energy Efficient Sensor Network
Protocol (TEEN), Geographic and Energy Aware Routing
(GEAR), Sequential Assignment Routing (SAR), Hybrid
Energy Efficiency Protocol (HEEP) and others.

3. Wormhole Attack
3. SECURITY ATTACKS AND THEIR
COUNTERMEASURES

In a wormhole attack, adversaries cooperate to provide a
low-latency side-channel for communication [11, 18, 19,
20, 21, 22]. For example, two attackers may possess a
second radio for communicating over a higher-power, longrange link. Messages received at one attacker are relayed to
the other using the side-channel, where they are transmitted
as if only one-hop away from the original source. This
ability to understate ones distance from another node may
cause neighboring nodes to favor the attacker for routing is
another example of a sinkhole. As long as the side-channel
exists, service may actually be enhanced, instead of denied.
However, when the attacker moves or ceases to tunnel
messages, the network may be left in an inconsistent state
that requires re-initialization of some services to restore
proper function.

1. Sybil Attack
In a sybil attack, an attacker presents multiple identities [5,
19, 20, 21, 22]. This means an attacker can appear to be in
multiple places at the same time. By creating fake identities
of nodes located at the edge of communication range all
around a victim, chances are high that the attacker will be
chosen as the next-hop in geographic forwarding. The
attack can also degrade any guarantees made by a
multipath routing scheme, making selective forwarding
easy.

Countermeasures

Countermeasures

Identity fraud is central to the sybil attack; hence proper
authentication is a key defense [6]. A trusted key server or
base station may be used to authenticate nodes to each
other and bootstrap a shared session key for encrypted
communications, as in SPINS [7]. This requires that every
node share a secret key with the key server. If a single
network key is used, compromise of any node in the WSN
would defeat all authentications. Another countermeasure
is location verification. Sastry et al. describe a simple
protocol that uses the difference in time-of-flight of radio
and sound waves to securely verify location claims [8]. The
combination of these two countermeasures, verifying
identities and locations, would prevent sybil-based DOS
(Denial of service) attacks.

As described for sinkhole attacks, geographic forwarding
is a tamper-resistant routing protocol. Each message is
forwarded individually, choosing the next-hop node to be
the neighbor closest to the ultimate destination. Such a
scheme would not favor a wormhole in the network, though
it may coincidentally use it. Hu et al. describe a defense
based on packet leashes, where the distance that a message
may travel in a single hop is limited [11]. Each message
includes a timestamp and the location of the sender. The
receiver compares these with its own location and time to
determine if the maximum transmission range has been
exceeded. The solution requires clock synchronization and
accurate location verification, which may limit its
applicability to WSNs.

2. Sinkhole Attack

4. HELLO Flood Attack

In sinkhole attack [6, 20, 21], an attempt is made to lure
traffic from the sensor network to pass through an
adversary. Low-cost routes may be erroneously flooded to
lure the traffic, or a wormhole attack could be mounted to
actually provide a low-cost route. In either case, the
objective for the attacker is to be positioned such that other
selective forwarding attacks, or merely eavesdropping, are
easier to do.

HELLO flood is a single broadcast by a powerful adversary
to many members of the WSN, announcing false neighbor
status [6, 19, 20, 22]. Many protocols use the exchange of
HELLO messages to establish local neighborhood tables.
The result of a HELLO flood is that every node thinks that
the attacker is within one-hop radio communication range.
If the attacker subsequently advertises low-cost routes,
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nodes will attempt to forward their messages to the
attacker. Retransmission attempts to the absent attacker
cause traffic congestion and confusion in the entire routing
system.

Although
collisions,
collusion, and asymmetric
communication links limit the sender's ability to monitor
every packet, the forwarding ratio can be used to inform a
quality-rating mechanism. This mechanism is responsible
for choosing a next-hop neighbor that has a high
probability of properly forwarding subsequent messages.
Periodic end-to-end probing [15] can also alert a node to
troublesome network paths, whether from congestion or
malicious neglect. An adversary can distinguish the probes
from normal traffic; however, he can properly forward
them so as not to arouse suspicion.

Countermeasures
Verifying the bi-directionality of local links before using
them is effective if the attacker possesses the same
reception capabilities as the sensor devices [6]. However, if
the attacker can use a sensitive receiver, it can eventually
convince nodes in the network of its legitimacy.
Authentication, as described for the sybil defense, is also a
possible solution for hello flood attacks. Nodes can use a
trusted third-party to verify the authenticity of each of its
neighbors before forwarding messages to them.

6. Neglect and Greed Attack
If a node drops packets or denies transmitting legitimate
packets or if a node is very greedy to give undue priority to
its own messages, these could be considered as ‘neglect
and greed’. Dynamic Source Routing (DSR) protocol or
the protocols that are based on DSR are especially
vulnerable to this type of attack.

5. Selective Forwarding Attack
WSNs usually depend on every node to take part in routing
for its neighbors if it can provide a desirable forwarding
path. Various selective forwarding [19, 21, 22] attacks can
exploit this dependence to cause DOS via routing. A
subverted sensor device can simply neglect to forward
certain messages.

Countermeasures
Use of multipath routing or redundant message
transmission could be the solutions for handling neglect
and greed attacks. However, for WSNs these solutions
might not be feasible. Instead, use of some other routing
mechanisms could be helpful.

A random dropping policy raises the local loss rates and
may induce costly end-to-end recovery mechanisms. An
attacker may also drop messages to or from certain victims,
such as base stations or other servers. At an extreme, a
node could not only refuse to forward any packets, but
could advertise a desirable path to its neighbors, creating a
routing blackhole. Any messages passing nearby will be
diverted to the adversary, where they are silently dropped.
In addition to causing a DOS to the senders of the
messages, neighbors of the adversary suffer from increased
contention due to the above-normal levels of traffic.

7. Homing Attack
Sometimes in WSNs, some nodes are given some special
responsibilities like managing cryptographic keys, making
use of acquired data, maintaining a local group, etc. Often
the adversaries are attracted to these leader nodes and try to
eavesdrop on their activities. In case of homing attack, the
adversaries try to hamper the normal functioning of such
types of leader nodes within a WSN. Homing attack is
especially dangerous for the location-aware routing
protocols which rely on geographic information.

Countermeasures
By using multiple disjoint routing paths [12] and diversity
coding [13] can mitigate the effect of this attack. These
countermeasures lessen the probability that a message will
encounter an adversary along all routes to the destination.
Diversity coding sends encoded messages along multiple
paths, such that the originals can be reconstructed to
conceal message loss, without the cost of full duplication.
To counter these defenses, an attacker must subvert
additional nodes along the disjoint paths or choose an
important source to move closer to, where jamming will be
effective. Nodes can also monitor their neighbors to gain
probabilistic assurance that message is being correctly
forwarded. A node relays a message to its neighbor and
then listens to the wireless channel, noting whether it
overhears the neighbor's subsequent broadcast [14] of the
same message.

Countermeasures
Different types of cryptographic schemes, algorithms,
hiding management messages, etc. could be used for
preventing homing attacks.

8. Misdirection Attack
By forwarding messages along wrong paths, an attacker
misdirects them, perhaps by advertising false routing
updates. An attacker could DOS a particular sender by
diverting only traffic originating from the victim node. A
receiver could likewise be denied service if the attacker
diverts traffic away from the node. This may be possible by
rewriting the downstream path in routing algorithms which
embed source-routes in each packet. An attacker can also
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forge a source address when sending a request, so that the
response will return to the victim. This could be done to
confuse the victim or to flood it, if a service provides a
mechanism for traffic amplification.

4. CONCLUSION & FUTURE WORK
The survey on wireless sensor network security is vast with
various attack models and countermeasures proposed by
various researchers. Various methodologies presented for
ensuring security at the network layer in WSNs has been
surveyed. We have presented different issues and attacks
that spoil the functioning of the network layer. We have
also covered the countermeasures and potential solutions
against those network layer attacks. Hopefully by reading
the survey, the readers can have a better view on issues,
attacks and their countermeasures at network layer in
WSNs.

Countermeasures
Routing updates should be authenticated to prevent
malicious modification by untrusted adversaries [16]. A
freshness mechanism can protect against replay attacks,
while cryptographic integrity checks protect against
unauthorized modification of a message while in transit. In
WSNs that use a hierarchical structure for routing, egress
filtering may be appropriate. Nodes which serve as
collection points for subordinates' traffic may examine each
message before forwarding it. Messages with source
addresses that could not legitimately originate at lower
levels of the hierarchy are discarded.

Sensor networks are still at an early stage in terms of
technology as it is still not widely deployed in real world
and this opens many doors for research. The standard
models of current attacks and countermeasures are able to
help increase security developers' understanding and pave
the way for building more secure WSNs. In the future,
network layer attacks can be analyzed using various UML
diagrams - an activity diagram, state diagram, class
diagram, and interaction diagram - to analyze the current
attacks and countermeasures in a sophisticated way.

9. Black Hole Attack
The black hole attack is one of the simplest routing attacks
in WSNs. In a black hole attack, the attacker receives all
the messages but does not forward all the messages he
receives. By refusing to forward any message he receives,
the attacker will affect all the traffic flowing through it.
Hence, the throughput of a subset of nodes, especially the
neighboring nodes around the attacker and with traffic
through it, is dramatically decreased. Different locations of
the attacker induce different influences on the network. If
the attacker is located close to the base station, all the
traffic going to the base station might need to go through
the attacker. Obviously, black hole attacks in this case can
break the communication between the base station and the
rest of the WSNs, and effectively prevent the WSNs from
serving its purposes. In contrast, if a black hole attacking
node is at the edge of the WSNs, probably very few sensors
need it to communicate with others. Therefore, the harm
can be very limited.
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Abstract: Worldwide Interoperability for Microwave
Access (WiMAX) is a Broadband Wireless Access
technology based on IEEE 802.16 standard which utilize
orthogonal frequency division multiple access (OFDMA)
as its multiple access technique. OFDMA gives flexibility
in resources allocation to accommodate maximum possible
users supporting several services classes with quality of
service (QoS). One of the most key performance factors of
OFDMA resource allocation is downlink data mapping
mechanism where the data is allocated to the users in
rectangular regions, called burst. This paper proposes
Adaptive Column Strip Burst Mapping Algorithm for
IEEE802.16 WiMAX. The proposed algorithm is compared
with eOCSA (enhanced One Column Striping with
nonincreasing Area first mapping) algorithm and the result
shows the proposed algorithm achieve higher efficiency.

such as partial use of subcarriers (PUSC) and full use of
subcarriers (FUSC) or adjacent permutation mode like
adaptive modulation and coding (AMC). The subchannels
are
modulated with several modulation schemes
adaptively based on SNR Quality to improve overall
channel efficiency. In a frame, minimum data allocation
unit is a slot which consists of one subchannel over one or
more symbol based on used permutation mode. DL-MAP
& UL-MAP messages are used by BS to control access to
the air frame. These messages contain the informational
elements (IEs) that specify the burst profile.

Keywords: component; formatting; WiMAX; OFDMA;
Burst Mapping.

1. INTRODUCTION
WiMAX is a wireless broadband solution that offers a rich
set of features with a lot of flexibility in terms of
deployment options and potential service offerings [1].
IEEE802.16d, IEEE802.16e and IEEE802.16m are
standards for Wireless Metropolitan Area Network
(WMAN) [2, 3, 4]. In parallel, the WiMAX forum releases
several technical specification profiles [5]. WiMAX is one
of the most promising technologies for broadband wireless
access solution, as well as a 4G candidate. The important
futures of WiMAX are scalable OFDMA, multiple input
multiple output (MIMO) antenna, beam forming and
adaptive modulation and coding (AMC), support time
division duplexing (TDD) and frequency division
duplexing (FDD), space time coding, strong security and
multiple QoS classes [6].

Fig. 1: OFDMA TDD frame structure
In WiMAX system, base station (BS) controls the
allocation of the resources in both uplink and downlink
direction. The downlink resource allocation involves three
main steps. First step is Call admission control where the
BS decides whether to accept or reject new connections
based on the available resource and QoS requirements.
Second step is scheduling where the scheduler select data
packet to be sent in the current frame for each subscriber
station (SS) from the queued traffic flows. It also decides
size of the selected data packets in slots based on the
available slots and quality of services without any shape
constrain. Third step is mapping or allocating the selected
data packets (known as “burst”) into downlink subframe
and this is main focus of this paper. Since, the standard
specifies that mapping data burst has to be in rectangular
form into downlink sub frame. This constrain make the
mapping as two-dimensional rectangle mapping problem.

The frame structure in TDD WiMAX is divided into
downlink sub frame followed by an uplink sub frame
separated by a small gap as shown in Figure.1. Farther the
downlink sub frame and uplink sup frame are divided into
symbols in time domain and orthogonal subcarrier in
frequency domain. The sub carriers are grouped into
logical subchannel using distributed permutation mode
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Shaping the selected data bursts in rectangles may require
allocation of extra slots and fit those rectangles into big
rectangle may leave some unutilized slots. Thus these
unutilized slots affect the efficiency of mapping algorithm
and WiMAX system performance. Also there are many
consideration with two-dimensional rectangle burst
mapping problem like: (i) minimize the number of burst
time symbols to reduce SS active time and power
consummation such as the work proposed in [7], (ii)
minimize the number of burst subchannels to efficiently
utilize the subchannel such as the work proposed in [8, 9]
and (iii) reduce number of bursts to reduce DL-MAP
overhead size such as the work proposed in [10].

step allocate the left space in the allocated column
horizontally. The algorithm minimizes the bursts time
symbols which reduce SS active time. But when most
bursts sizes are large the left space in third step cannot
allocate to any burst this increases the unused space and
degrade the algorithm efficiency. For example allocating
set of bursts (96, 66, 42, 42, 40, 37, 32, and 5) using
eOCSA will result more unused slot. Also the algorithm
unable to allocate theses bursts (40 37 32) and the
efficiency degrade to 69.72%.
Orientation-Based Burst Packing (OBBP) algorithm
present by Eshanta et. al. In [15]. The algorithm is based on
burst factorization and pre-arranging them using matrices.
This simplifies finding optimal column or rows to
minimize the unused slot and avoids padding. The
algorithm shows good efficiency at heavy load. When the
number of bursts is large and small in size the algorithm
required more computation time for factorization and select
optimal column. Where similar efficiency can achieved
with less computation time using simple best fit without
any factorization.

The two-dimensional rectangle burst mapping problem is
considered to be NP-complete problem [11]. The
complexity of the solution grows exponentially with the
number of objects [14]. Recently many heuristic algorithms
have been proposed to solve this problem and we will
discuss some of proposed algorithms which are more
related to our work in related work section.
Most of the proposed mapping algorithms are non
sequential where the scheduler select all the bursts to be
packed in the current frame. Then mapping algorithm starts
packing of those bursts. Also the first step of packing
algorithm is sorting. This gives us information like, number
of bursts to be packed, maximum burst size, smallest burst
size and average burst size. This information may be
utilized to increase Mapping efficiency. In this paper, we
propose Adaptive Column Strips mapping algorithm for
downlink IEEE802.16 WiMAX networks. In addition, we
compare efficiency of our algorithm with eOCSA
algorithm. The result shows our algorithm has higher
packing efficiency. To best of our Knowledge this is not
discussed elsewhere.

3. ADAPTIVE COLUNM STRIP MAPPING
ALGORITHM
Columns strip mapping simplify the two dimension
packing problem. The algorithm strips the two dimension
area into columns then packs the burst in columns. In this
way it is easy for the algorithm to deal with the leftover
empty space in the columns and determine the next burst
can be packed to minimize the leftover space. There are
two main steps in designing of Column striping packing
algorithm. The first step is selecting column strip width and
the second step is selecting which burst and its dimensions
to be packed first in the column.
In our design we consider PUSC with 10 MHz channel and
According to WiMAX forum specification the dimensions
of downlink frame data are rectangle in size (12 symbols
width (w) × 30 subchannel high(sch) ) with total area is
360 slots. The number and the sizes of the bursts to be
packed in one frame depends on many factors like, either
the burst contain the data for single user or it group the
data for different users ,Scheduling mechanism and the
allowed burst size. In our case, we assume that minimum
burst size is 2 and maximum is 150 slots and the number of
burst is vary from 5 to 40 bursts with constrain total data
size is 360 slots.

2. RELATED WORK
Recently several algorithms are proposed to address
problem of two dimensional burst mapping for IEEE802.16
WiMAX. In this section we briefly discus some of
proposed algorithms based on column striping. Ohseki et.
al. In [12] propose an algorithm that first prepares a bucket
of one time slot with more than one sub channel to
construct data from different SSs with the same MCS in
combined columns. It starts as one column, and if the
buckets grow it expands by filling another column which
may not be fully utilized.
One Column Striping with non-increasing Area first
mapping (OCSA) proposed by So-In et. al. In [13] and it’s
enhancement in [14]. The algorithm can be described in
three main steps. First step sort the bursts in decreasing
order. Second step vertically allocate the large burst with
minimum width and maximum height in one column. Third

A. Selecting column strip width
The rectangle data width is 12 symbols so that the possible
stripping columns width are combinations sum of number
12 like, (10,2), (6,4,2), (5,4,3), (4,3,3,2), (3,3,2,2,1,1) and
….(1,1,1,1,1,1,1,1,1,1,1,1).We observe from packing
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algorithms proposed in [13, 14, 15] that when the bursts
packed into DL-subframe, as the sizes of bursts become
large i.e. it’s number is small then the width of strip
column becomes large. But when the sizes of bursts
become small i.e. its number is large then the width of strip
column becomes small. This gives indication that there is a
relation between the number of bursts and the width of strip
column. To select the width combination that gives higher
packing efficiency based on the number of bursts to be
packed, many simulation test for packing different bursts
number and sizes with different strip width using the
proposed algorithm have been conducted. The simulation
result shows that one combination gives higher packing
efficiency within specific bursts number range. Table (I)
and figure (2) illustrated the mapping efficiency using
some strips width combinations which gives higher
mapping efficiency within some range. The algorithm will
adaptively select these combination based on number of
bursts to increase the overall packing efficiency.

Step2
Divide all bursts by (W1) and return hi as [h1 = int+
(B1/W1), h2 = int+ (B2/W1),……and hi=int+(Bi/W1) ]
Select Oh such that [(h1+ (Oh)) - sch] is minimum. Where
Oh (Optimal height) is summation any of (h2, h3,…hi) and
(int+) is closes higher integer . Assume that Oh = (h3+h5)
then the bursts that correspond to selected height are (B1,
B3, B5).

Step3
Allocate the selected bursts in current column as [(B1→
(W1×h1)), (B3→ (W1×h3)), (B5→ (W1×h5))

Step4
For remaining bursts (B2, B4, Bi) repeat step 2 with
divider factor W2. And same steps for the remaining till
last Wn or no data burst.

Table .I Mapping efficiency using some strips width
combinations

No

Width Combination

Best burst
number
range

Maximum
efficiency

(5 to12)

95%

1

(5,4,3)

2

(4,3,3,2)

(12 to 18)

95.72%

3

(3,3,2,2,1,1)

(18 to 24)

96.6%

4

(2,2,2,2,1,1,1,1)

(24 to 30)

97.7%

5

(1,1,1,1,1,1,1,1,1,1,1,1)

(30 to 40)

100%

The algorithm select optimal bursts height to minimize the
left space also we can minimize both the left space and the
extra slot where the extra allocated slots ei = (Wn×hi - Bi)
but the complexity may increase. Fig 3 describe Adaptive
Column Strip mapping algorithm steps

If #burst = X then select ( w1, w2 ,wn) //step1
Sort burst =(B1,B2,…..Bi)
//step2
FOR W= w1, w2, wn
// step3
Divide each burst in sorted list by W and return hi= int+ Bi/W
Select[ (h1+any of (h2,h3..,hi)) – sch] is minimum
Allocate the selected bursts as
(B1→ (w×h1), B3→ 1( w×h3) ,.. Bj→ ( w×hj)
Remove the allocated burst from sorted list
END FOR
END

Fig 3: Adaptive Column Strips mapping algorithm
steps

A. Numerical exampe
In this section, we provide an example that helps explain
our algorithm. Once again, the DL subframe is assumed to
be 12×30 resulting in 360 slots. The set of bursts to be
packed are (84, 42, 63, 14, 50, 70, 34, 3 slots) total data
size is 360. The number of bursts are 8 the algorithm will
select strips width (5, 4, 3) as in table (I). The packing steps
are:-

Fig . 2:Mapping efficiency using some strips width
combinations

A. Selecting the burst and its dimensions to be
packed
After selecting the strips width (W1,W2,…. Wn) based on
the number of bursts. The steps of packing burst as
follows:

Step1
Sorting the bursts in decreasing order as (84, 70, 63, 50, 42,
34, 14, 3)

Step1
Sorting the bursts in decreasing order (B1, B2,.....Bi)
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The final results obtained from this example are: - total left
space = (0+0+3)=3 , total extra slots = (
2+1+2+2+1+1+2)=11 ,packing efficiency
=360(3+11)/360 = 96.111 and the burst (14 ) is failed to
allocate . Figure .4 illustrates Example of burst mapping
using (a) Adaptive Column Strip mapping algorithm and
(b) eOCSA algorithm.

Step2
Divide bursts by (W1=5) as below
Bi/w
1
Int+(
ei

84/
5=
16.
17
2

70/
5=
14
14
0

63/
5=
12.
13
2

50/
5=
10
10
0

42/
5=
8.4
9
3

34
/5
=6
7
1

14/
5=
2.8
3
1

3/5
=
0.6
1
2

4. PERFORMANCE EVALUATION

Select Oh such that [(h1+ (Oh)) – sch] is minimum where
h1=17, Sch=30 then Oh= 13 the corresponding bursts are
(84, 63) and its dimension are (5×17), (5×13) without any
left space and 3 extra allocated slots

In this section, we compare the performance of the
proposed algorithms with eOCSA. TABLE-II shows the
parameters used in the simulation are as per suggestions of
WiMAX forum. The data bursts sizes are generated
randomly with the constraint that sum of all bursts is
(12×30=360) slots. The number of bursts is chosen from 5
to 40.

Step3
Repeat step2 with remaining burst (70, 50, 42, 34, 14, 3)
using w2= 4
Bi/w
70/4= 50/4= 42/4= 34/4= 14/4= 3/4=
2
17.5
12.5
10.5
8.5
3.5
0.75
Int+( 18
13
11
9
4
1
hi)
ei
2
2
2
2
2
1

TABLE II. :System Simulation Parameters
Parameter
Value
Frame length
5 ms
Channel BW
10 MHz
Permutation scheme
PUSC
Number of subchannels
30
DL subframe
12 slot columns
Total number of slots per DL 30×12 slots
subframe
Simulation time
500 frames

In this step h1= 18, Oh = (11+1) then the corresponding
burst are (70, 42, 3) and its dimension are (4×18, 4×11,
4×1) no unused slot and extra slot is 5
Step4 repeat step2 with remaining burst (50, 34, 14) using
W3= 3
Bi/w3
50/3= 16.6 34/3= 11.3 14/3=4.6
Int+(hi)
17
12
5
ei
1
2
1

Figure. 3 illustrate the average unused slots per DL
subframe and the result shows that the average of unused
slots for the proposed algorithms is smaller than that for
eOCSA. That is because eOCSA left more unused space
that cannot accommodate any burst.
Figure. 4 illustrates the average extra allocated slots per DL
frame and the result shows that the average extra allocated
slots are higher in our algorithm because of height
approximation. But our algorithm has total wastage slots
smaller than eOCSA.
Figure. 5 illustrate the average packing efficiency and the
result shows that the proposed algorithms achieve higher
efficiency than eOCSA.

In this step h1=17, Oh = (12) then the corresponding burst
are (50, 34) and its dimension are (3×17, 3×12,) left space
= 3 slots and extra slot is 3.

(a)

(b)

Fig. 4.: Example of burst mapping using (a) the
proposed algorithm and (b) eOCSA algorithm.

Fig.. 3: average unused slots
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Fig.4: average extra allocated slots

[5]
[6]

[7]
[8]

[9]

Fig.5: average packing efficiency

[10]

5. CONCLUSION
This paper presented adaptive downlink burst allocation
algorithm for IEEE 802.16e Mobile WiMAX networks.
The proposed algorithm meets the rectangle shape
allocation constraint and achieves high throughput by
considering mapping for the larger burst first. The
algorithm based on column strips and its basic idea is to
select the strip columns width adaptively based on number
and sizes of the bursts to be packed. Then select the bursts
that minimize the left space in the column. The
performance of the proposed algorithm is compared with
eOCSA. Simulation results show that the proposed
algorithm can achieve higher packing efficiency.
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Abstract: This paper presents comparison of different
channelization codes between OCSF, OVSF, and NOVSF.
The effect of NOVSF codes on blocking probability is
analyzed. OCSF codes are used by second generation
CDMA mobile communication systems where service is
mainly directed towards voice communication with fixed
bandwidth utilization. In third generation mobile radio
communication, directed mainly towards different
multimedia services, WCDMA is selected as technology for
use in UMTS terrestrial radio access (ULTRA) FDD
operation by ETSI. WCDMA can support mixed and
variable rate services. Such flexibility can be given by
multiple OCSF codes and OVSF code but still there are
some drawbacks of these codes so NOVSF codes are used.
This paper will compare and contrast all these codes.

complexity is more. Due to this limitation, OCSF_CDMA
is not preferred.
IN OVSF–CDMA each user requires a single transceiver
unit. This is possible because the number of transceivers is
equal to the number of OVSF codes. For higher data rate
single OVSF code is assigned to each user and higher data
rates are provided by using lower spreading factors. In
recent years there is much research is done on the
assignment strategies of OVSF codes. Adachi [1] proposed
to use OVSF code to allocate bandwidth in CDMA system,
OVSF code corresponding to code rate is provided to any
service. Minn [2] pointed that false use of OVSF code
allocation may waste 25% of OVSF spreading code, and he
proposed DCA method to adjust spreading code tree each
time a service request is made.

Keywords: Orthogonal Constant Spreading Factor
(OCSF); Orthogonal Variable Spreading Factor (OVSF);
Nonblocking Orthogonal Variable Spreading Factor
(NOVSF;, Wideband Code Division Multiple Access
(WCDMA)

Park [3] used both capacity partitioning and class
partitioning methods to allocate resources to different
groups of service class. Yang [4] defined a flexibility index
to measure the capability of assigned code set to support
multirate traffic classes. Saini [5] used code reservation
mechanism to assign codes to incoming serviced .Tseng [6]
used OVSF code tree placement to resolve code placement
problem. These OVSF codes can support 15Kbps, 30Kbps,
60Kbps, 120 Kbps, 240 kbps, 480 kbps and 960 kbps data
rates

1. INTRODUCTION
In India, mobile communication has entered in daily life in
the past decade. In second-generation (2G) mobile radio
communication GSM uses FDMA/TDMA and IS-95 uses
CDMA as access technology. These 2G systems cater to
voice, facsimile, and low-bit-rate data communication. In
IS-95 System, each user is assigned a unique OCSF code.

For requirement of variable data rates fragmented OVSF
are required Jang and Lin [7] proposed OVSF code based
frame work to support QoSfor third generation WCDMA
system.

Beyond 2G systems, WCDMA is used as multiple access
technology in third generation mobile radio communication
(3G), which supports high data rate, variable bit rate, and
different quality of service (QoS) requirements like end-toend delay, jitter, and packet loss. To support all these
requirements of third generation multiple OCSF code or
OVSF codes are used.

The OVSF codes are generated using a tree structure. One
of the important properties of the OVSF codes is that if any
code is used in the OVSF code tree ,none of its ancestors
and descendants ,which leads to the blocking of ancestors
and descendants which gives code blocking in this situation
a new call is rejected even though capacity to handle it. The
spreading factor (SF) in OVSF codes varies from 4 to 256
for uplink transmission and from 4 to 512 for the downlink
transmission.

To support higher data rate in CDMA With multiple OCSF
codes, multiple transceivers are required for every user
device (Mobile subscriber or Base station). User with small
data rates send information by using more number of
OCSF codes .It is done to make overall transmitted
bandwidth of the system constant hence the hardware
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There are three Non-Blocking OVSF codes that overcome
the limitation of OVSF code that orthogonality will not be
there in ancestors and descendants codes:-

2. FUNDAMENTALS
OVSF code tree is a complete binary tree. Each OVSF
code is denoted by as CSF,Xwhere SF is the spreading factor
representing OVSF code length and x is the channelization
OVSF code tree. Transmission rates offered by OVSF
codes An OVSF code tree is a binary tree with ten layers,
labeled from 0 to 9 starting with the root node, such that SF
of codes at layer k is equal to 2k. As stated earlier, any two
OVSF codes are orthogonal if and only if one of them is
not a parent code of the other. Therefore, when an OVSF
code is assigned to a channel, it blocks its entire ancestor
and descendant codes from assignment because they are
not orthogonal to each other.

A. Type 1 NOVSF Codes Employing Time
Multiplexing
The main objective of these codes is to improve the
utilization of OVSF codes without the overhead of code
reassignments. To achieve this, only a single layer of
OVSF codes with SF is taken into consideration and time
multiplexing is applied to share them among channels. This
implies that both time and code multiplexing are used in
NOVSF codes. Note that all OVSF codes of the same layer
are orthogonal to each other and, therefore, do not block
each other. Each code may be shared in time among more
than one channel. The number of time slots in an OVSF
code with SF 8 can be variable or fixed.

For instance, the assignment of code C4;1shown in Fig.4.1
blocks the assignment of its ancestor codes (i.e., C2;1 and
C1;1) and descendant codes(i.e., C8;1 and C8;2). The circle
and cross signs on the links indicate the assigned and
blocked codes, respectively. For instance, the assignment
of code C4;1 blocks the assignments of C2;1, C1;1, C8;1, and
C8;2 because they are either ancestors or descendants of
C4;1. Code C4;4can be prevented from being blocked by
freeing C8;8 and reassigning code C8;6 to the channel of C8;8.

B. Type 2 NOVSF Codes
This type of NOVSF codes can be described in three
different cases. In all cases, OVSF codes are reorganized in
code trees such that all the codes of the code tree are
orthogonal to each other. The reason why the codes in the
first two cases are orthogonal is as follows: There are
initially X1; X2; : : : ; Xi orthogonal codes with the same
spreading factor (SF) that is equal to i, where either i= 4 or
i= 8. Let code Xj, j _ i, generate njorthogonal codes with
the same SF, where n j is a power of 2. All of these n j
orthogonal codes with the same SF are placed on the same
distinct layer of a code tree. Therefore, all the codes of the
resulting code tree are still orthogonal to each other.

C. Type 3 NOVSF Codes
This type of NOVSF codes are generated systematically
when there is no limit on the upper bound of SF. To
describe the systematic generation of all orthogonal codes
for SF_4, we first define BOVSF codes and then NOVSF
codes. BOVSF codes: 1) Let A = [1] be the root BOVSF
code, as A = [1] is also the root OVSF code. 2) Use each
BOVSF code X to generate two orthogonal codes: [X; X; X;
X] and [X; _X], where _X is the inverted sequence of X.

Fig. 1: OVSF codes

3. PROPOSED CODES
A. NOVSF codes using Time multiplexing[8]
Each code may be shared in time among more than one
channel. The number of time slots in an OVSF code with
SF 8 can be variable or fixed. If it is variable, then we need
to introduce a variable, say cycle length, to indicate the
number of time slots, which requires that receiver be
informed about the cycle length during transmission. We
assume that the number of time slots is fixed and equal to
64. In this case, assigning one time slot of an OVSF code
with SF 8 would be equivalent to assigning an OVSF code
with SF 512 to a channel without any time multiplexing.

Using this procedure recursively, generate all BOVSF
codes that can be represented as nodes of a balanced binary
tree. BOVSF codes have the same property as OVSF
codes, that is, i) all BOVSF codes of the same layer of the
BOVSF code-tree are orthogonal to each other, and ii) any
two codes of different layers are orthogonal except for the
case that one of the two codes is a parent code of the other.
With these non-blocking OVSF codes; blocking probability
of OVSF codes is reduced.

♦ 76 ♦

Simulation of Channelization Codes in 2G and 3G Mobile Communication Services using MATLAB

a binary code tree is constructed as follows. Code A is
made the root code with  = 4 in the layer 1 of the tree.
For the tree layer 2, the following two orthogonal codes
with = 8 are generated from code : , and; _.
Similarly, four codes are generated from code C and are
placed on layer 3 of the tree. Finally, eight generated codes
from D are placed on layer 4 of the tree. What is required is
to have a code tree of four layers in this case, but the SF of
codes at any one of these four layers can be equal to any
power of 2 ranging between 4 to 512, depending on the
requested data rates of users. For instance, the SFs of the
code tree could be 16, 4, 32, and 64 at some instant of time.

Similarly, when all 64 time slots of an OVSF code are
assigned to the same channel, the supported data rate
becomes the same as the one that would be obtained in case
of assigning an OVSF code with SF 8 without any time
multiplexing. Thus, if all 64 time slots of a code are not
assigned to the same channel, the data over the channel are
transmitted intermittently.
Figure 4.3 illustrates 8 OVSF codes with SF 8, namely, A,
B, C, D, E, F, G, and H. Each code has 64 time slots, each
corresponding to a sequence of 8 chips. Hence, there are 64
chip sequences in all 64 time slots, resulting in a total of
512 = 64_8 chips. The date rate supported by each time slot
is equivalent to the data rate that an OVSF code with SF
512 can support. Each time slot of the WCDMA standard
frame can carry 2560 chips, which implies that there are 5
transmissions of 64 time slots in a frame.

•

Case 2: NOVSF codes with eight initial orthogonal
codes with SF from 8 to 512.

In this case, as shown in Figure 4.5, there are initially eight
orthogonal codes, namely, A, B, C, D, E, F, G, and H.
Using the first seven orthogonal codes, a binary code tree is
constructed as follows. Code A is made the root code with
 = 8 in the layer 1 of the tree. For the tree layer 2, the
following two orthogonal codes with  = 16 are
generated from code: ; ¡¢; _) Similarly, four
codes are generated from code C and are placed on layer 3
of the tree. As illustrated in Figure 3, codes D, E, F, and G
generate 8, 16, 32, and 64 codes, respectively, and are
placed on layers 4, 5, 6, and 7, respectively. Code H can be
used as a standby code in any tree layer whenever more
codes are needed. Indeed, each one of the eight codes A, B,
C, D, E, F, G, and H. can have any spreading factor
depending on the requested data rates. For instance, if there
are eight users.

If the date rate supported by a time slot is denoted by R,
then data rate supported by K time slots equals R_K. The
time slots that are assigned to a channel do not have to be
consecutive. Fig.4.3 illustrates how the first 8 time slots of
two NOVSF codes, namely, A and B, may be shared in
time among five different channels at some point of time.
The data rates corresponding to the OVSF codes with SF
512, 256, 128, 64, 32, 16, and 8 are obtained by 6 assigning
1, 2, 4, 8, 16, 32, or 64 time slots, respectively, that are a
power of 2. Indeed, since any number of time slots may be
assigned to a channel, many intermediate data rates can be
supported in channels when NOVSF codes are employed.
Or other solution is code reassignment.

Fig. 2: NOVSF code with time multiplexing

A. Type 2 NOVSF CODE

Fig. 3: NOVSF codes with four initial orthogonal codes

These type of codes overcome the limitation of OVSF
code. There are three cases of these type of codes:
•

In this figure, it is assumed that SF ranges from 4 to 32.
But, SF can indeed range from 4 to 512. For instance, the
SFs of the tree layers may be 4, 8, 32, and 128, requesting
codes with  = 8, then each layer is assumed to be
assigned a code with  = 8. In general, any layer of the
tree can have £ = 8 orthogonal codes with the spreading
factor of X, where X is a power of 2 ranging from 8 to 512.

Case 1: NOVSF codes with four initial orthogonal
codes.

In this case, there are initially four orthogonal codes,
namely, A, B, C, and D. Using these four orthogonal codes,
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This implies that, without considering the standby code H,
there may be at most 64 codes in each layer. When H is
also considered, one layer can have as many as 128 codes.

4. SIMULATION RESULTS
Blocking Probability of NOVSF and OVSF Codes at Different Call Rates
0.7

•

Case 3: NOVSF codes with four initial orthogonal
codes with SF from 4 to 512.

OVSF
NOVSF(type2)
NOVSF(type1)

0.6

In this case, there are initially four orthogonal codes,
namely, A, B, C, and D as in Case 1. It is the same as Case
1 except that the descendants of a code in this case can be
assigned more than one layer with the condition that only
orthogonal descendants can be assigned.

B l o c k i n g P r o b a b i lity

0.5

0.4

0.3

A. Type 3 NOVSF Codes

0.2

This type of NOVSF codes are generated systematically
when there is no limit on the upper bound of SF. To
describe the systematic generation of all orthogonal codes
for  = 4, we first define BOVSF codes and then NOVSF
codes. BOVSF codes: 1) Let ¡ = C1G be the root BOVSF
code, as ¡ = C1G is also the root OVSF code. 2) Use each
BOVSF code X to generate two orthogonal codes: C£; £G
andC£; _£Gwhere_X is the inverted sequence of X.
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Fig 5 Blocking probability of OVSF and NOVSF codes
at different call rates.
Blocking probability for different call rates like
R,2R,4R,8R is calculated and graphs are plotted blocking
probability vs different call rates using MATLAB 2010 for
OVSF,NOVSF(Type1), NOVSF(Type2) codes. It has seen
from graph that NOVSF (Type1) with time multiplexing
has reduced blocking probability.

Using this procedure recursively, generate all BOVSF
codes that can be represented as nodes of a balanced binary
tree. BOVSF codes have the same property as OVSF
codes, that is, i)all BOVSF codes of the same layer of the
BOVSF code-tree are orthogonal to each other, and ii)any
two codes of different layers are orthogonal except for the
case that one of the two codes is a parent code of the other.

5. CONCLUSION
OCSF codes used in 2G systems cannot be used for multirate data requirements. For multi-rate data requirements in
3G, multiple OCSF codes can be used, but there is
hardware complexity involved. OVSF codes with different
spreading factor can be used to support variable data rate
requirement but these codes should be orthogonal to each
other. In this ancestors and descendant codes cannot be
used as orthogonal codes. If used, even if system has
capacity to provide channel but calls can be blocked for
that NOVSF code with time multiplexing can be used
which reduces blocking probability by 40% [9] and
throughput of non-real-time calls is improved by use of
NOVSF codes.Call blocking probability of OVSF
,NOVSF(Type 1)with time multiplexing,NOVSF(Type
2(case 1)) is calculated and comparison is done and it is
seen that NOVSF(Type 1) with time multiplexing are best
suited for 3G
WCDMA
systems
which
reduces
blocking
probability.Three different graphs are plotted in MATLAB
call blocking probability vs different call rates.

Fig. 4: The binary code tree for NOVSF codes with 8 _
SF _ 512. (Only one NOVSF code is illustrated in layers
4 to 7 due to space limitations)
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Abstract: The study has been carried out for finding the
position of a mobile subscriber from a network
independent brokers’ point of view. As each mobile device
monitors signal st rength, this helps in assisting the
network to take timely handoff decisions. These signal
strength measurements are referred to as NMR (Network
Measurement Report).

GSM has much more to offer than voice telephony.
Additional services allow you greater flexibility in where
and when you use your phone. A Teleservice utilises the
capabilities of a Bearer Service to transport data, defining
which capabilities are required and how they should be set
up.

Triangular Method & its limitations

In positioning a mobile subscriber (Location Tracking), a
mobile user is provided with information pertaining to its
current position. It is one of the popular areas of wireless
computing research. Researchers paid attention to
Positioning Systems after the Federal Communications
Commission (FCC), mandated that all wireless carriers in
the United States must provide a certain degree of
accuracy in pin pointing location of mobile users who
dial911. The regulation was passed in 1996 and still most
wireless carriers haven’t implemented such a system. The
main reason behind this is the cost associated with the
implementation of such a system. According to an estimate,
a precise GSM based position system incurs a high cost
(approx. U.S. $ 10,000) per base station.

In positioning a mobile subscriber (Location Tracking), a
mobile user is provided with information pertaining to its
current position. The services offered by positioning
system include navigation and routing (e.g. plotting a path
for the user from point A to point B), finding point of
interest which is also called POI (finding a certain business
or a building within the user’s vicinity), and geo-coding
which means mapping the user to an actual geographic
location. More sophisticated systems include assets
management i.e. tracking a parcel or delivery truck and
travel guides etc. view here is an entry level system that
handles proximity services and offers a geo location to the
users’ based on signal strength[2].

1. INTRODUCTION

Design Principles (The Method)

Positioning a Mobile Subscriber in a Cellular
Network System based on Signal Strength

The proposed system is a handset based technique that uses
Network Measurement Report (NMR). NMR contains cell
information such as serving cell ID, signal strengths
monitored by the handset and the Timing Advance (TA)
parameters. The mobile device regularly forwards the
NMR to the serving cell to assist the network to make
handoff decisions. If the NMR can be retrieved, then on the
basis of cell id’s and received signal strengths from 3 or
more BTS, it is possible to triangulate users’ location This
can be done by approximating the user’s distance from 3 or
more locations on the basis of the signal strength received.
Many researchers have tried to find a suitable relation
between signal strength and distance. The main problem
with signal strength is that it varies greatly according to
terrain and changes drastically when a mobile device is
present indoor due to multipath propagation1. There is no
universal relation that can be used to calculate signal
strengths for every location on the earth. For each location,

The services offered by positioning system include
navigation and routing (e.g. plotting a path for the user
from point A to point B), finding point of interest which is
also called POI (finding a certain business or a building
within the user’s vicinity), and geo-coding which means
mapping the user to an actual geographic location. More
sophisticated systems include assets management i.e.
tracking a parcel or delivery truck and travel guides etc.
The system in view here is an entry level system that
handles proximity services and offers a geo-location to the
users’ based on signal strength[7]. The system offers
following facilities to the user:
a. Direction(Angle/bearing)point A to B
b. Direction in (Kilometers) between A&B.
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site specific relations must be formulated Okumara-Hata
models are the most famous models for distance
calculations using signal strengths but it is valid only for
Japanese terrain. Recently, signal fingerprinting has been
adopted as another technique for locating a mobile device.
This method implies that the received signal is extremely
site- specific because of its dependence on the terrain and
intervening obstacles. So the multipath structure of the
channel is unique to every location and can be considered
as a fingerprint or signature of the location if same RF
signal is transmitted from that location. This property has
been exploited in propriety systems to develop a
“signature database” of a location grid in specific service
areas. The received signal is measured along this grid and
recorded in the signature database. When a mobile device
moves in the same area, the signal received from it is
compared with the entry in the database, and thus its
location is determined. Such a scheme may also be useful
for indoor applications where the multipath structure in an
area can be exploited. This is the drawback of
fingerprinting method, it requires that the covered area be
continually monitored and the signature database be
continually updated[1].

point where the access burst would arrive so late that it
would occur outside its designated timeslot and would
interfere with the next time slot[6].
GSM uses Gaussian Minimum Shift Keying (GMSK) as its
modulation method, which has a data throughput of
270.833 kilobits/second (kb/s). guard time is to compensate
for propagation delay due to the unknown distance of the
MS from the BTS It allows an access burst to arrive up to
68.25 bits later than it is supposed to without interfering
with the next time slot. 68.25 bits doesnt mean much to us
in the sense of time, so we must convert 68.25 bits into a
frame of time To do this, it is necessary to calculate the
duration of a single bit, the duration is the amount of time it
would take to transmit a single bit, we must take into
account that the MS synchronizes with the signal it
receives from the BTS. We must account for the time it
takes for the synchronization signal to travel from the BTS
to the MS. When the MS receives the synchronization
signal from the BTS, it has no way of determining how far
away it is from the BTS. So, when the MS receives the
synchronization signal on the SCH, it synchronizes its time
with the timing of the system. However, by the time the
signal arrives at the MS, the timing of the BTS has already
progressed some. Therefore, the timing of the MS will now
be behind the timing of the BTS for an amount of time
equal to the travel time from the BTS to the MS[4]. For
example, if a MS were exactly 75.6km away from the BTS,
then it would take 252µs for the signal to travel from the
BTS to the MS. The MS would then synchronize with this
timing and send its access burst on t he RACH. It would
take 252µs for this signal to return to the BTS. The total
round trip time would be 504µs. So, by the time the signal
from the MS arrives at the BTS, it will be 504µs behind the
timing of the BTS. 504µs equals about 136.5 bits. The
68.25 bits of guard time would absorb some of the delay of
136.5 bits, but the accessburst would still cut into the next
time slot a whopping 68.25bits[5].

Triangulating a mobile user
Triangulating a mobile device involves three steps. The
first step is to retrieve the signal strength values from the
related BTS. The second step involves approximating the
distances from the corresponding BTS with the help of the
received signal strength. The final step is geo-coding which
involves finding the actual geographic location of the
mobile device. This section discusses the last part.
Triangulation is defined as a process by which the location
of a radio transmitter can be determined by measuring
either the radial distance, or the direction, of the received
signal from two or three different BTS points.
Triangulation is used in cellular communications to
pinpoint the geographic position of a mobile user.

NetworkManagement Report

Timing Advance

The Mobile Station continuously measures signal strengths
from both the serving cell (the BTS it is attached to) and
also its neighbouring cells. The serving cell supplies the
MS with a list of adjacent cell frequencies which it should
monitor and in return, the MS provides the results of up to
six strongest signal strength measurements. When the
signal strength of one of the adjacent cell frequencies is
substantially higher than that of the serving cell, Handover
or Cell Reselection takes place. The concept of Cell
Reselection is similar to that of the Handover and is
essentially the process of selecting another cell to attach to,
with the difference that during Cell Reselection the MS is
in idle mode while Handover occurs while the MS is
engaged in a communication session[8].

A Timing Advance (TA) is used to compensate for the
propagation delay as the signal travels between the Mobile
Station (MS) and Base Transceiver Station (BTS). The
Base Station System (BSS) assigns the TA to the MS based
on how far away it perceives the MS to be. Determination
of the TA is a normally a function of the Base Station
Controller (BSC), bit this function can be handled
anywhere in the BSS, depending on the manufacturer.
Time Division Multiple Access (TDMA) requires precise
timing of both the MS and BTS systems. When a MS
wants to gain access to the network, it sends an access burst
on the RACH. The further away the MS is from the BTS,
the longer it will take the access burst to arrive at the BTS,
due to propagation delay. Eventually there comes a certain
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The richer these Network Measurement Reports (NMR),
the more clues are available for making a correct guess of
the location of the mobile device. This information can be
both useful but deceivingly difficult to be interpreted
correctly so as to contribute to a greater accuracy over the
initial location area obtained by using solely Cell-ID and
TA. The received signal strength cannot be directly
interpreted into the distance of the MS from the
corresponding BTS since radio signals do not get
attenuated by air with the same rate as the attenuation of
other materials such as buildings and other solid
obstructions[3].

[2]
[3]
[4]
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Abstract: Power control is the single most important
system requirement for DS-CDMA systems. Well-defined
power control is essential for proper functioning of the DSCDMA system. In the absence of power control the effect of
near/far phenomena is dominant, and the capacity of the
DS-CDMA mobile system is very low, even lower than that
of mobile systems based on FDMA. However, when the
power control in DS-CDMA systems exists, it allows users
to share resources of the system equally between
themselves. Also, with a proper power control it is possible
to lower total transmitting power of the mobiles and
prolong the battery life. In this paper we present a survey
of the power control techniques for modern wireless DSCDMA communication system.

frequency spectrum. By a proper power adjustment, the
harmful effects of co-channel interference can be reduced.
This allows a more "dense" reuse of resources and thus
higher capacity. In DS-CDMA system power control
allows user to share resources of the system equally
between themselves. In the event that power control is not
used, all mobile transmit signal towards the base station
with the same power, without taking into account of fading
and the distance from base station. Mobiles that are closer
to the base station will cause significant interference to the
mobiles that are farther from base station because of nonzero cross correlation between signature sequences
assigned to users. This effect is known as near /far effect.
Because of that, well-defined power control is essential for
proper functioning of the DS-CDMA system. In the
absence of power control the capacity of the DS-CDMA
mobile system is very low, even lower than that of mobile
system based on FDMA. One of the reasons for the use of
power control in FDMA/TDMA and in DS-CDMA
networks is to prolong battery life by using a minimum of
transmitter power to achieve the required transmission
quality.

Keywords: DS-CDMA (Direct Sequence Code Division
Multiple Access), FDMA (Frequency Division Multiple
Access), TDMA (Time Division Multiple Access), TDD
(Time division duplex), FDD (Frequency Division Duplex).

1. INTRODUCTION
Code division multiple access is a scheme in which a
number of users can occupy all of the transponder
bandwidth all of the time. CDMA signals are encoded such
that information from an individual transmitter can be
recovered by a receiving station that knows the code being
used, in the presence of the all other CDMA signals in the
same bandwidth.
Power control is one of the most important system
requirement, and it is analyzed for cellular networks based
on FDMA and TDMA [1, 2], and for DS-CDMA cellular
networks, [3, 7]. In most modern systems, both base
stations and mobiles have the capability of real-time
(dynamic) adjustment of their transmit powers. The
necessity for power control in FDMA/TDMA-based
cellular networks stems from the requirement for cochannel interference management. This type of interference
is caused by frequency reuse due to limited available

Fig.1: The cellular communication system
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algorithm for joint power control and beam forming using
antenna arrays is a two-stage algorithm. In the first stage,
beamforming weight vectors Wj are computed at each
receiver i such that the co-channel interference is
minimized under the constraint of maintaining constant
gain for the direction of interest, and for fixed powers from
the previous iteration step. Afterward, in the second stage
of the algorithm, the updated power vector is calculated.
These operations are done iteratively until the vector of
transmitted powers and beamforming weight vectors
converge to the joint optimal vector. The proposed
algorithm is decentralized and amenable to a distributed
implementation.

2. CLASSIFICATION OF POWER CONTROL
TECHNIQUES
•

One of the possible classification is.
o Power control for reverse link (from mobile to
base stations).
o Power control for forward link (from base station
to mobile).

Another classification is
• Closed loop power control.
• Open loop power control.
• Combined technique consisting of closed loop &
open loop power control
• Power Control techniques for cdma reverse link
• Linear Prediction-Based Closed Loop Power
control.

Also, joint power control, base station assignment, and
beamforming are considered in, which converges to the
optimal power allocation starting from any initial power
vector. The algorithm is given as follows: Each mobile can
be assigned to a set of base stations, denoted by Dj for the
i-th mobile. • At each iteration all base stations in the set
will perform beamforming and the mobile transmitted
power for the next iteration is calculated. • The base station
assignment is performed by comparing the power
requirements for different base station assignments. • The
base station with the least required power will be chosen
for the mobile. This can be expressed mathematically in the
following way:

One of the ways to enhance a closed-loop power control is
to use a linear prediction of power control bits at the
mobile [4]. The linear prediction should mitigate the
impact of the errors in the transmission of the power
control bits and the effect of the delay from when the
power control bit is generated until the transmitted power is
adjusted accordingly. The cost of that is a more complex
receiver structure. The receiver consists of a linear
prediction filter that has accumulated received power
control bits at its input. Its output is the prediction to the
accumulation of the power control bits and power control is
executed according to the predictor output. Since the
performance of the predictor depends on the
autocorrelation of its input signal, it is important that the
power control bit stream is a correlated process.
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After a simplified analysis it has been shown in that
predictor input has the same autocorrelation properties as
the signal corresponding to fading channel variations,
whose bandwidth is defined by the Doppler spread.
Simulation results in have shown that the predictor of the
order 60 and tap gain adaptation step 0.002 compared to
the conventional IS-95 power control yields improvement
in overall system performance that is approximately
equivalent to increasing the SNR by 1dB (from 6dB to
7dB).
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Array to the u-th source; and is the spreading vector of user
u and the other parameters as defined in an earlier section.
It is worth noting that the beamformings at the base stations
are done independently, without the knowledge of other
channel responses. The performance of the joint power
control, base station assignment, and beamforming is
presented, as the total mobile power vs. the number of
users. It can be seen that using omnidirectional antennas
and the power control with fixed base station assignment,
the maximum capacity is 660 users. If the joint base station
assignment and power control algorithms are used, the
capacity is 800 users. In the case of joint power control,
base station assignment, and beamforming, the capacity is
2800 users. The simulation scenario consisted of a network
with 36 base stations. The link gain model included only
path loss.

B. Joint Power Control and Beamforming using
Antenna
Comprehensive analysis of joint power control and beam
forming using antenna arrays. An adaptive antenna array is
depicted [6]. It consists of a set of antennas designed to
receive signals from some specific directions and to
attenuate signals from other directions of no interest. The
outputs of array elements are weighted and added by a
beamformer to produce a directed main beam. The
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3. POWER CONTROL TECHNIQUES FOR
DS-CDMA FORWARD LINK

B. Transmit Beamforming and Power Control
Joint transmit beam forming and power control for forward
link are proposed [7] where it is assumed that only base
stations use antenna arrays. The block diagram of a
transmit beam forming system show in fig.2. A base station
may transmit to more than one mobile with different beam
forming weight vectors within this algorithm; the virtual
reverse link is constructed. In the first step of the algorithm,
the beam forming weight vector with is computed in order
to minimize the total power used in the network and with
the constraint that the desired SIR at e ach mobile is higher
or equal to the target value. Afterward, the power update
vector for the virtual reverse link and the power update
vector for the forward link are computed using the beam
forming weight vector Wi computed for the virtual reverse
link. Mathematically it can be expressed as: Diversity
combining for virtual reverse link where Him is the
channel vector from the antenna arrays of user I to the
mobile user.

The purpose of the forward link power control is to reduce
power for users that are either stationary, relatively close to
the base station, impacted little by multipath fading and
shadowing effects, or experiencing minimal other cell
interference. Therefore, extra power can be given to users
that are either in a more difficult environment or far away
from the base station and experiencing high error rates.

A. Integrated Power Control and Base Station
Assignment
As in the reverse link, the joint power control and base
station assignment [6] are proposed for the forward link.
The algorithm is given as follows:
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Afterward, power control iteration for forward link is run
using the same assignment,
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First, the reverse link selects the base station and power
vector according to It has been shown that this algorithm
converges to the optimal base station assignment and
power allocation for the reverse link, which minimizes
each mobile power, and converges to a feasible base station
assignment and power allocation for the forward link. In
the foregoing it has been assumed that the link gain for the
reverse and the forward link are the same. This assumption
is valid in TDD networks or in FDD networks where the
reverse and forward frequencies are close. In a FDD
network where the reverse and forward link gains are
different, the algorithm updates the forward link powers
where all link gains are replaced by the forward link gains,
i.e., where there are virtual reverse links with the same link
gains as in the forward link.
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(Where i= 1, 2……M in all equations)
Where σ2 is the variance of the noise at the mobile receiver.
This algorithm requires the full knowledge of the channel
and array responses for the entire network. This requires
channel measurements at the mobile and a feedback
channel to send the information to the base stations. Also,
base stations should transfer the measured channel
responses to other base stations, and that can lead to a great
communications overhead through the wire links. In this
case the algorithm has to be implemented in a centralized
way. In the case that the forward and the reverse links are
reciprocal, the virtual reverse link is the same as the real
reverse link, which makes this algorithm amenable to a
decentralized implementation. Power allocation, without
power control) for FDD networks with 10 percent
difference between the reverse and the forward link
frequencies are presented. It can be seen that this algorithm
can significantly reduce the total transmitted power in the
forward link. Power control integrated with transmit beam

This algorithm converges to a feasible base station
assignment that is different from that for the reverse link.
Since the virtual reverse link gains are not related to any
receiver, base station assignment and virtual reverse link
power vector updates must be implemented in the central
unit. The forward link power update can be implemented
locally by measuring the total interference at every mobile
station.
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forming can achieve almost 15 dB higher signal-to-noiseinterference ratio (SNIR) than the link gain model included
path loss, shadow fading,

capacity from 660-2800 users. For forward link transmit
beamforming is very promising technique as it increase the
signal to noise ratio up to 15db.
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Fig. 2: Block diagram of transmit beamforming system.

4. SUMMARY AND DISCUSSION
In this paper, we have presented a survey of the research in
the field of power control for DS-CDMA reverse and
forward link. First, power control techniques are classified
according to different criteria. Then different power control
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power of the mobiles and prolong battery life. Forward link
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with well defined power control it is possible to reduce
power for the mobile users that are either stationary,
relatively close to the base station, impacted little by
multipath fading and shadowing effects, or experiencing a
minimal amount of other cell interference. Therefore, extra
power can be given to mobile users who are either in a
more difficult environment or far away from the base
station.

5. CONCLUSION
Power control is necessary system requirement for mobile
communication. Very promising technique in CDMA for
reverse link is joint power control and beamforming using
an antenna array as it helps in increasing the maximum
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Abstract: This paper provide an overview of computing
channel capacity for evaluating the performance of MIMO
(Multiple input multiple output) wireless communication
system. It primarily provide analysis and comparison of
ergodic capacity assuming with independent and
identically distributed (i. i. d.) environment between
antenna pairs and Rayleigh flat fading channel. Moreover,
a computer simulation with MATLAB is implemented.
Correlation of real world wireless channel may result in
substantially degrades the performance of MIMO
architecture. Apart from this, effect of correlation
coefficient and efficiency imbalance on ergodic capacity is
also presented which is helpful for an antenna engineer
whose objective is to attain the optimum antenna design.

equal to zero. Thus, instead of the capacity, two other
notions are generally used. They are outage capacity and
ergodic capacity.
In the channels where the fading is rapid, the expectation
value of the capacity is usually calculated [3]. Again, the
channel can be in a deep fade, but these periods are short
and the loss of data can be compensated by the suitable
joint coding and interleaving. This expectation value is
called ergodic capacity.

2. ERGODIC CAPACITY MATRIC
Consider an M×M MIMO channel, the instantaneous
channel capacity with no channel information at the
transmitter (i.e., identical transmit power distribution) can
be expressed as [6]

Keywords: component; MIMO, Rayleigh flat fading, signal
to noise, Shannon capacity, correlation coefficient,
efficiency imbalance.

¿ = log ' /= V| + 5 ÄÄ∗ W
Ã

1. INTRODUCTION

Where the SNR is defined as +Å =

In research of wireless communications, multiple input
multiple outputs (MIMO) are recent adoption [2]. MIMO
System equipped with multiple antennas at both side of the
link has recently drawn considerable attention in response
to the increasing requirements on data rate and quality
radio link [1]. A number of channel models exist in MIMO
wireless communication system. In deterministic channel,
channel capacity is the maximum mutual information
between input and output of the system. But in random
channels, there is lot of channel capacity formulas. Channel
capacity of MIMO architecture in independent Rayleigh
channels scales linearly increases with number of antennas
[5]. In [4], a metric based on difference in capacity is
proposed for performance comparison of multiple antenna
terminals in a reverberation chamber (RC).

σn2 is

¶Æ
¹¸

(1)
.

pT denotes the

transmit power and
the noise power at receiver. Since
the interest here is in antenna design, the propagation
environment of independent and identically distributed
Rayleigh fading channel Hw is assumed. MIMO channel is
given by
Ä = (/' ÄÇ

(2)

( = Λ/' ( Λ/'

(3)

Where R is receive correlation matrix that completely
describes the effect of antennas on channel.
Where Ṝ is normalized correlation matrix whose diagonal
elements are 1. And diagonal matrix given by

Ergodic Capacity
The channel gain process is ergodic, i.e., the time average
is equal to ensemble average. The ergodic capacity of a
MIMO channel is the ensemble average of the information
rate over the distribution of the elements of the channel
matrix H. In the channels with fading, the notion of
capacity is not convenient to illustrate the radio channel.
When a deep fade occurs, no data can be transmitted.
According to the definition, capacity of such a channel is

Ʌ = ¢r²Cɳ, ɳ' , ɳt , … … … … … . ɳ G

(4)

¿ = ¿I +log ' /=(

(5)

Where ɳi is the total efficiency of the ith antenna port. The
instantaneous capacity (1) is given by [6]
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Where Co denotes the capacity of ideal i.i.d. Rayleigh
channel at high SNR.
+
¿I = 12²' det  Å3 ÄÇ ÄÇ̄ 
(6)

the correlation induced term, its impact can be understood
in that, as the correlation among the ports increases, the
condition number of Ṝ increases. This in turn decreases
both det (Ṝ) and (Ṝ)1/M. In other words, a higher ρT is
needed in order for its capacity to match that of the i.i.d.
case with SNR ρ0.

Ideal antennas have their efficiency are 100% and
absolutely orthogonal to one another in radiation pattern
(either in space and/or polarization). Since log2 det (Ʌ) ≤ 0
and log2 det(Ṝ) ≤ 0 see also [6], non-ideal antenna effects
will result in a constant degradation in the channel capacity
over SNR relative to that of i.i.d. channel. In order to
translate this capacity gap into a power related measure, we
can apply the following equality [1]:

det( = det {det (


  }


+
¿ ≈ 12²' det { Å3 det (  ÄÇ ÄÇ̄ }

In general, the definition (10) is still valid, even when the
high SNR assumption is not satisfied. However, the
resulting expression for ɳmux is more involved and is a
function ρT of (or equivalently ρ0 ). In other words, the
constant capacity gap seen in (5) may not apply.

(7)

The procedure for deriving the exact ɳmux for a given
instantaneous realization of HW is given as follows.

(8)

•

to (5), this can then be rewritten as

Equate the i.i.d. capacity Ci.i.d. (Of SNR ρ0 ) with (1),
and by the property of determinant
+
12²' det  + I3 ÄÇ ÄÇ̄ 
---------------Ci.i.d.---------------+
(14)
= 12²' det  + Å3 (ÄÇ ÄÇ̄ 
----------------C------------------

Comparing (8) to (6), we conclude that at high SNRs, the
capacity C in (5) with non-ideal antennas is equivalent to
that of ideal antennas in i.i.d. channel with the SNR.

+I = +Å det (

ɳ|Ï =

+I
+Å ≤ 1




(9)

In this context, the multiplexing efficiency is defined as

Since the function log2(.) is monotonic

(10)

ɳ|Ï / = +I − +Å ≤ 1
or equivalently

(11)

Which measures the loss of efficiency in SNR (or power,
assuming the noise power Ωn2 is the same) when using a
real multiple antenna prototype in an i.i.d. channel (with
SNR ρT ) to achieve the same capacity as that of an ideal
array in the same i.i.d. channel (with SNR ρ0 ).

•



.

(12)

= ∏ 
× ɳ× 


 det

Ṝ




+Å
3 ÄÇ ÄÇ̄ 

(15)

Introduce (10) in (15) and solve for ɳmux numerically.

Ø{¿¤¤Ù } = Ø{¿}

Substituting (3) into (12), we can rewrite

ɳ|Ï = det ɅṜ

+I
3 ÄÇ ÄÇ̄ A

Whereas ɳmux in (12) does not depend on either the channel
realization or the exact SNR ɳmux, is influenced by both
factors. In practice, MIMO performance is typically
characterized by ergodic capacity, which is calculated from
a large number of Monte Carlo realizations of the channel
matrix H. Thus, it is more appropriate to derive ɳmux based
on the ergodic capacity. This is achieved by first taking the
expectation on both sides of (14)

For high SNRs, ɳmux is readily obtained from (9), i.e.,

ÑÒ|Ï = limÃÆ→Ô Ñ|Ï = /=(Õ6

= det  +

det? +




(16)

However, there is no known exact closed-form solution for
(16). As an alternative, for a given SNR ρT, the ergodic
capacity for the non-ideal antennas is determined from
Monte Carlo simulations, and the required SNR ρ0 for the
ideal antennas to offer the identical ergodic capacity can
then be obtained by a parametric search (e.g., by decreasing
ρ0 progressively from a starting guess of ρ0 = ρT . Hence,
ɳmux can be calculated numerically from the given ρT and
the corresponding solution ρ0 using (10) .One way to get
around this cumbersome approach is to take the upper
bound from Jensen’s inequality on both sides of (16),
which after some manipulations yields.

(13)

Which shows that the multiplexing efficiency is determined
by the product of the geometric mean (or the arithmetic
mean in dB scale) of the antenna efficiencies and a
correlation induced term det (Ṝ)1/M . The geometric mean
term is intuitive in that the overall efficiency should come
in between the efficiencies of the constituent antennas. For

♦ 88 ♦

Ergodic Capacity as MIMO Performance Measure

1 + +I  = det  + +Å (
ɳ|Ï = {det  + +Å (




− 1}/+Å

(17)

Then, substituting into (17) and solving for, we obtain

(18)

Which can be shown to converge to (12) in the limit of
high SNRs. However, it is noted that the closed-form
solution (18) is obtained using the upper bounds for
Jensen’s inequality, which is in fact a loose bound, as can
be seen in [7]. Moreover, the calculation involves taking
the roots of a polynomial in and does not readily offer
constructive insights into the impact of non-ideal multiple
antennas, as is possible with (13). In addition, since it is
deterministic, it can be shown that the high SNR solution
(12) is equally valid for ergodic capacity, in spite of having
been derived based on instantaneous capacity.

3. CASE STUDY
In 2×2 MIMO, there are two receiving antenna and two
transmit antenna. If efficiency and normalized correlation
matrix is given by [1].

Λ=Ú

Ñ
0

1
(Õ = U ∗
.

0
Û
Ñ'

Fig. 2: Ergodic capacity versus reference SNR with
respect to changes in antenna efficiency imbalance ƴ ( r
= 0 and ɳ1 =1, ɳ2 = Ý Þß Ʌ )

.
X
1

4. CONCLUSION
In this paper, ergodic capacity is proposed as a simple and
intuitive metric for evaluating the effectiveness of MIMO
terminals. This is operating in SM mode.

So resulting from the above derivation ergodic capacity is
can be represented by following formula

¿ = Ñ Ñ' 1 − |.|' )+Å' + (Ñ +Ñ' )+Å + 1

Impact of correlation and efficiency imbalance on ergodic
capacity is illustrated by plotting graph which is helpful for
an antenna engineer whose goal is to achieve the optimum
antenna system design.
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Abstracts: The panel surveyed advanced technology being
developed for commercial use in the satellite
communications field in Europe, Japan, and Russia. All
aspects of satellite communications were considered,
including
fixed,
broadcast,
mobile,
personal
communications, navigation, low earth orbit, and small
satellites. The focus of the study was on experimental and
advanced technology being developed in R&D and
demonstration programs rather than on today's production
capabilities. The report focuses on commercial satellite
technology, and does not review defense-related or other
confidential satellite communications capabilities. The
NASA/NSF panel concluded that the United States has lost
its leading position in many critical satellite
communications technologies. Although U.S. industry
retains a leading position in today's marketplace for
satellite communications systems and services, this position
is largely founded on technologies and capabilities
developed in the 1960s and 1970s. Because the United
States is losing ground with respect to a wide range of
technologies and systems that will be key to future
communications markets, the market share of the U.S.
satellite communications industry is at risk.

2. HISTORY
The first artificial satellite was the Soviet Sputnik 1,
launched on October 4, 1957, and equipped with an onboard radio-transmitter that worked on two frequencies,
20.005 and 40.002 MHz. The first American satellite to
relay communications was Project SCORE in 1958, which
used a tape recorder to store and forward voice messages. It
was used to send a Christmas greeting to the world from
U.S. President Dwight D. Eisenhower. NASA launched an
Echo satellite in 1960; the 100-foot (30 m) aluminized PET
film balloon served as a passive reflector for radio
communications. Courier 1B, built by Philco, also
launched in 1960, was the world’s first active repeater
satellite.
Telstar was the first active, direct relay communications
satellite. Belonging to AT&T as part of a multi-national
agreement between AT&T, Bell Telephone Laboratories,
NASA, the British General Post Office, and the French
National PTT (Post Office) to develop satellite
communications, it was launched by NASA from Cape
Canaveral on July 10, 1962, the first privately sponsored
space launch. Telstar was placed in an elliptical orbit
(completed once every 2 hours and 37 minutes), rotating at
a 45° angle above the equator.

Keywords: DBS, FSS

1. INTRODUCTION

An immediate antecedent of the geostationary satellites
was Hughes’ Syncom 2, launched on July 26, 1963.
Syncom 2 revolved around the earth once per day at
constant speed, but because it still had north-south motion,
special equipment was needed to track it.

This article needs additional citations for verification.
Please help improve this article by adding citations to
reliable sources. Unsourced material may be challenged
and removed. (May 2012)
A communications satellite (sometimes abbreviated to
COMSAT) is an artificial satellite stationed in space for the
purpose of telecommunications. Modern communications
satellites use a variety of orbits including geostationary
orbits, Molniya orbits, other elliptical orbits and low (polar
and non-polar) Earth orbits[2].

A. Geostationary states:
A satellite in a geostationary orbit appears to be in a fixed
position to an earth-based observer. A geostationary
satellite revolves around the earth at the same angular
velocity of the earth itself, 360 degrees every 24 hours in
an equatorial orbit, and therfore it seems to be in a fixed
position over the equator.The launch of Anik A-1 in 1972,
made Canada the first country in the world to establish its
own domestic geostationary communication satellite
network.

For fixed (point-to-point) services, communications
satellites provide a microwave radio relay technology
complementary to that of communication cables. They are
also used for mobile applications such as communications
to ships, vehicles, planes and hand-held terminals, and for
TV and radio broadcasting, for which application of other
technologies, such as cable television, is impractical or
impossible.

The geostationary orbit is useful for communications
applications because ground based antennas, which must be
directed toward the satellite, can operate effectively
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without the need for expensive equipment to track the
satellite’s motion. Especially for applications that require a
large number of ground antennas (such as DirectTV
distribution), the savings in ground equipment can more
than justify the extra cost and onboard complexity of lifting
a satellite into the relatively high geostationary orbit. The
main drawback of a geostationary satellite, however, is that
it cannot be "seen" from polar regions, so it cannot provide
commumications to extreme northerly or southerly areas of
the globe. Another drawback of geostationary satellites is
their distance from earth (~35,800 kilometres (22,200
mi)),[1] which requires more powerful transmitters, larger
(usually dish) antennas, and high sensitivity receivers to
Satellite Earth Stations. This distance also introduces a
large (~0.25 second) delay into satellite communications
link which has to be taken into account.

provide satellite phone services, primarily to remote areas,
are the Iridium and Globalstar systems. The Iridium system
has 66 satellites. Another LEO satellite constellation
known as Teledesic, with backing from Microsoft
entrepreneur Paul Allen, was to have over 840 satellites.
This was later scaled back to 288 and ultimately ended up
only launching one test satellite.

Fig. 2: Low earth orbit

C. Molniya satellite
Geostationary satellites must operate above the equator and
will therefore appear lower on the horizon as the receiver
gets the farther from the equator. This will cause problems
for extreme northerly latitudes, affecting connectivity and
causing multipath (interference caused by signals reflecting
off the ground and into the ground antenna). For areas
close to the North (and South) Pole, a geostationary
satellite may appear below the horizon. Therefore Molniya
orbit satellite have been launched, mainly in Russia, to
alleviate this problem. The first satellite of the Molniya
series was launched on April 23, 1965 and was used for
experimental transmission of TV signal from a Moscow
uplink station to downlink stations located in Siberia and
the Russian Far East, in Norilsk, Khabarovsk, Magadan
and Vladivostok. In November 1967 Soviet engineers
created a unique system of national TV network of satellite
television, called Orbital that was based on Molniya
satellites.

Fig. 1: Geostationary state

3. LOW EARTH-ORBITING SATELLITE
A Low Earth Orbit (LEO) typically is a circular orbit about
400 kilometres (250 mi) above the earth’s surface and,
correspondingly, a period (time to revolve around the
earth) of about 90 minutes. Because of their low altitude,
these satellites are only visible from within a radius of
roughly 1000 kilometers from the sub-satellite point. In
addition, satellites in low earth orbit change their position
relative to the ground position quickly[4]. So even for local
applications, a large number of satellites are needed if the
mission requires uninterrupted connectivity.

4. STRUCTURE OF SATELLITE
COMMUNICATION

Low earth orbiting satellites are less expensive to launch
into orbit than geostationary satellites and, due to proximity
to the ground, do not require as high signal strength (Recall
that signal strength falls off as the square of the distance
from the source, so the effect is dramatic). Thus there is a
trade off between the number of satellites and their cost. In
addition, there are important differences in the onboard and
ground equipment needed to support the two types of
missions.

Communications Satellites are usually composed of the
following subsystems:

A group of satellites working in concert is known as a
satellite constellation. Two such constellations, intended to
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•

Communication Payload, normally composed of
transponders, antenna, and switching systems

•

Engines used to bring the satellite to its desired orbit

•

Station Keeping Tracking and stabilization subsystem
used to keep the satellite in the right orbit, with its

Satellite Communication

antennas pointed in the right direction, and its power
system pointed towards the sun
•

Power subsystem, used to power the Satellite systems,
normally composed of solar cells, and batteries that
maintain power during solar eclipse.

•

Command and Control subsystem, which maintains
communications with ground control stations. The
ground control earth stations monitor the satellite
performance and control its functionality during
various phases of its life-cycle.

B. Satellite television
As television became the main market, its demand for
simultaneous delivery of relatively few signals of large
bandwidth to many receivers being a more precise match
for the capabilities of geosynchronous comsats. Two
satellite types are used for North American television and
radio: Direct broadcast satellite (DBS), and Fixed Service
Satellite (FSS)
The definitions of FSS and DBS satellites outside of North
America, especially in Europe, are a bit more ambiguous.
Most satellites used for direct-to-home television in Europe
have the same high power output as DBS-class satellites in
North America, but use the same linear polarization as
FSS-class satellites[1]. Examples of these are the Astra,
Eutelsat, and Hotbird spacecraft in orbit over the European
continent. Because of this, the terms FSS and DBS are
more so used throughout the North American continent,
and are uncommon in Europe.

A. Bandwidth of satellite:
The bandwidth available from a satellite depends upon the
number of transponders provided by the satellite. Each
service (TV, Voice, Internet, radio) requires a different
amount of bandwidth for transmission. The bandwidth of
transponder is used to carry these services.

5. APPLICATIONS

C. Satellite radio:

A. Telephone

Satellite radio offers audio services in some countries,
notably the United States. Mobile services allow listeners
to roam a continent, listening to the same audio
programming anywhere.

The first and historically most important application for
communication satellites was in intercontinental long
distance telephony. The fixed Public Switched Telephone
Network relays telephone calls from land line telephones to
an earth station, where they are then transmitted to a
geostationary satellite. The downlink follows an analogous
path. Improvements in submarine communications cables,
through the use of fiber-optics, caused some decline in the
use of satellites for fixed telephony in the late 20th century,
but they still serve remote islands such as Ascension Island,
Saint Helena, Diego Garcia, and Easter Island, where no
submarine cables are in service. There are also regions of
some continents and countries where landline
telecommunications are rare to nonexistent, for example
large regions of South America, Africa, Canada, China,
Russia, and Australia. Satellite communications also
provide connection to the edges of Antarctica and
Greenland.

A satellite radio or subscription radio (SR) is a digital radio
signal that is broadcast by a communications satellite,
which covers a much wider geographical range than
terrestrial radio signals.
Satellite radio offers a meaningful alternative to groundbased radio services in some countries, notably the United
States. Mobile services, such as Sirius, XM, and
Worldspace, allow listeners to roam across an entire
continent, listening to the same audio programming
anywhere they go. Other services, such as Music Choice or
Muzak's satellite-delivered content, require a fixed-location
receiver and a dish antenna. In all cases, the antenna must
have a clear view to the satellites. In areas where tall
buildings, bridges, or even parking garages obscure the
signal, repeaters can be placed to make the signal available
to listeners.

Satellite phones connect directly to a constellation of either
geostationary or low-earth-orbit satellites. Calls are then
forwarded to a satellite teleport connected to the Public
Switched Telephone Network.

Radio services are usually provided by commercial
ventures and are subscription-based. The various services
are proprietary signals, requiring specialized hardware for
decoding and playback. Providers usually carry a variety of
news, weather, sports, and music channels, with the music
channels generally being commercial-free.
In areas with a relatively high population density, it is
easier and less expensive to reach the bulk of the
population with terrestrial broadcasts. Thus in the UK and

Fig. 3: An Iridium satellite
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some other countries, the contemporary evolution of radio
services is focused on Digital Audio Broadcasting (DAB)
services or HD Radio, rather than satellite radio.

Communications satellites will not only help out a person
in distress but allow a person walking the street in
Manhasset N.Y. USA to use their cellular phone to speak
with someone in China. More and more satellites are being
launched each year to support new and growing uses for
business, military and communication needs. Satellite
communications will continue in the right direction, UP.

D. Satellite internet:
After the 1990s, satellite communication technology has
been used as a means to connect to the Internet via
broadband data connections. This can be very useful for
users who are located in remote areas, and cannot access a
broadband connection, or require high availability of
services[3].

6. CONCLUSION
The use of satellite technology, particularly in the use of
communications satellites has grown rapidly in the past
thirty years. Each day more and more uses for the satellites
are being discovered. Feeding this is the rapid advancement
of technology that allows the quick implementation of
these uses.
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Abstract: An emerging generation of mission-critical
networked applications is placing demands on the Internet
protocol suite that go well beyond the properties they were
designed to guarantee. Although the “next generation
internet” (NGI) is intended to respond to the need, when
we review such applications in light of the expected
functionality of the NGI, it becomes apparent that the NGI
will be faster but not more robust. We propose a new kind
of virtual overlay network (VON) that overcomes this
deficiency and can be constructed using only simple
extensions of existing network technology. In this paper, we
use the restructured electric power grid to illustrate the
issues, and elaborate on the technical implications of our
proposal.

is creating a daunting challenge for the designer of a
mission-critical system, who will need to demonstrate the
safety, reliability, or stability of the application in order to
convince the end-user that it is safe and appropriate to
deploy the new solution. Traditionally, critical networked
applications have exploited physical or logical separation
to justify a style of reasoning in which each application is
developed independently. For example, a medical
computing system might be divided into a medical
monitoring network, a medical database and records
keeping system, a billing and paperwork system, a medical
library and pharmacy system, and so forth. In hospitals
built during the 1980s each of these subsystems might well
have had its own dedicated infrastructure: a real-time
network for the monitoring system, a more conventional
one for the clinical database system, and so forth. This
approach simplified the task confronting the designers
because each sub problem was smaller and any interactions
between subsystems occurred through well-defined
interfaces.

Keywords: Critical infrastructure, distributed computing,
fault-tolerance, next generation internet (NGI), quality of
service (QOS), virtual overlay networks (VONs).

1. INTRODUCTION
The basic premise of this paper is that mission-critical use
of the Internet, for example, in support of the restructured
electric power grid, emerging medical computing
applications, or advanced avionics, will require
functionality lacking in the “next generation internet”
(NGI). All of these are examples of emerging distributed
computing systems being displaced onto network
architectures constructed from the same hardware and
software components and running the same protocols
employed in Internet settings. Each can point to earlier
successes with networked technologies, but that depended
upon special hardware, highly specialized architectures,
and dedicated protocols. The challenge is to repeat and
surpass these accomplishments with standard components.
Today, faced with what can only be called a revolution in
networking connectivity and productivity, it has become
imperative to work with off-the-shelf commercial products.
Not only are older and less standard approaches
unacceptably expensive, in selecting them a designer
denies him or herself the best available technology, such as
tools associated with building web interfaces, applicationbuilders such as one finds on PCs, management and
monitoring infrastructure, plug-and-play connectivity with
thousands of powerful software products, and access to
other commodity components that offer exciting
functionality and economies of scale. This trend, however,

This paper considers a new networking isolation capability,
termed a virtual overlay network (VON). We suggest that
VONs are well matched with the need, but would be
prohibitively costly to implement using contemporary
technologies. However, by expanding an existing router
feature and coupling it with well-understood group
communication techniques, VONs could be supported at
low cost, with good scalability. In what follows, we start by
examining a sample application in Section II, then review
the degree of match between our VON concept and
emerging NGI technology in Sections III and IV. Section V
presents proposed VON implementation and the associated
technical challenges, and Section VI concludes the paper
with a summary and review of these technology challenges.
The paper leaves open as many questions as it addresses,
and hence should be seen as a technology proposal
emerging from a serious problem with the current Internet
and NGI, but not a definitive answer

2. NEED FOR VONS IN THE
RESTRUCTURED POWER GRID
The restructuring of the electric power grid creates a wide
variety of technical challenges associated with operation of
the power grid, response to changing loads or failures,
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protection and dissemination of information within the grid
both for management, and also for pricing and commerce.
These highlight the broader problem of interest to us here.
For example, the load following problem involves
dynamically adjusting power production to match demand.
Today, this is accomplished by monitoring line frequency.
If generation exceeds consumption, the frequency will rise
above 60 cycles, and if generation is inadequate, frequency
falls. Moreover, frequency is a global property of the grid
(within any well-connected region). Thus, with little or no
computer to computer communication, the industry can
exploit the grid itself to dynamically match power
production to demand: load-following generators simply
increase or decrease power production, working to
maintain line frequency at 60 Hz, but the approach assumes
that within any region, a single company provides all the
power and owns all the load-following generators.

4. NEXT GENERATION INTERNET
The NGI is a work in progress, and there is much debate
about the best way to achieve even the widely accepted
goals. Nonetheless, most of the technologies that will be
widely available within the next few years already exist.
Accordingly, this section speculates about the most
probable evolution of the network. Our goal is to
understand the adequacy of the NGI for hosting
applications needing VON capabilities.
Could one build an ON, and use it to build VONs, over the
NGI? We focus on performance, security, and quality of
service.

A. Achieving Higher Performance
It is certain that the NGI will be faster. Widespread
deployment of broadband technologies and optical fiber is
expected to yield a tento 100-fold improvement in the
performance of the Internet. However, performance alone
says nothing at all about isolation from undesired
interference. In particular, the contemporary Internet is
much faster than the Internet of a decade past, yet
interference problems are, if anything, much more in
evidence. The popular press routinely conflates speed with
safety, but while speed is often necessary for safety, it
rarely suffices.

A major goal of restructuring is to support new ways of
buying and selling power. Suppose that a producer enters
into a load-following contract directly with a consumer—
an option restructuring will create. Implementation of this
capability is not possible using the traditional method,
since changes in line frequency occur throughout the grid,
giving no information about the specific sources of the
loads. Some form of dedicated intranet within which the
producer and consumer can exchange information about
load and production is needed. Utilities would use this both
to implement load following and for other purposes such as
protection and setting pricing. As noted before, we can
assume that this intranet would run Internet protocols,
although it would not be connected to the public network.
The question is to identify a way to implement a loadfollowing capability over a dedicated Internet-like system.

3.

B. Improving Security
The NGI will also have much better security properties
than does the current public Internet. At the level of the
network infrastructure, a security architecture is already
being deployed. At the application level, the NGI will see
widespread availability of virtual private networks (VPNs).
A VPN is a software abstraction overlaid on a shared
network, in which communication between end points
belonging to the VPN is signed (for authentication),
encrypted (for secrecy), or both. Given a key infrastructure,
a VPN offers a way to implement one form of VON—but
only one form, and only one at a time; a given machine can
only belong to a single VPN. Indeed, a VPN is similar to a
firewall, except that whereas a firewall acts only at the
periphery (where packets are filtered), a VPN acts at the
network interface of each attached computer.

OVERLAY NETWORKS AND VIRTUAL
OVERLAY NETWORKS

We are using the term overlay network (ON) to describe a
configuration within which a base network is used to
support some second Network, “layered” upon the
underlying infrastructure. Each ON has associated with it
the following.
• A globally unique identifier, with which traffic within
that ON can be tagged. Routers use the identifier to
associate traffic on different ONs with the resources
reserved for use by that ON.
• Some set of access points. One can imagine the ON as
a sort of virtual Ethernet, in the sense that it offers
service at multiple locations, and the resulting
applications share what is logically a single
infrastructure.
• Some set of guaranteed properties. Notice that these
properties will usually relate to the aggregated traffic
on the ON and not to point-to-point paths within the
ON.

In our own work, we have explored the extension of VPNs
into a form of VON focused exclusively on security issues
[5]. Called a dynamic virtual private network (DVPN), our
solution permits a single machine to belong to multiple
VPNs, and provides fault-tolerance. We also provide
protocols for rapidly changing security keys when the set
of participating computers or applications changes. DVPNs
are limited in some respects. For example, our work does
not allow services like file systems or databases to reside in

♦ 96 ♦

Technology Challenges for Virtual Overlay Networks

multiple DVPNs, and has no support for inter DVPN
communication; any serious DVPN implementation would
need to re-examine such design decisions. Nonetheless, it
seems reasonable to assert that by extending the DVPN
concept one could solve the infrastructure security needs of
ONs and VONs.

present an informal proposal for an alternative way of
building VONs that seems to be within the reach of current
technology, and responsive to the need
A. Using Router Partitioning to Implement ONs
Existing routers support router partitioning, whereby one
internet service provider (ISP) can supply networking
connectivity to another, with guarantees of minimum
throughput and priority. To use router partitioning, a
provider configures the router to set aside some percentage
of its resources (Fig. 1), dedicating these to a particular
flow. Each incoming packet is classified by means of a
flow identifier and treated as if it resides entirely within a
virtual router defined by the resource subset allocated on
behalf of that flow. For example, if Global Domination
Networks (GDNs) leases one-half the capacity of some
router to Gotham Network Solutions (GNS), then each
GNS packet would be labeled with the same flow identifier
and the GNS routers on the network routes associated with
the lease would set aside half of their resources on behalf
of GNS. This is done in a way that virtualizes the router on
behalf of GNS. One can even imagine a scenario in which
GNS packets are dropped (due to congestion) although the
GDN “side” of the same routers is idle.

C. Options for Supporting Isolation
Although expressed in terms of isolation, one can also
understand an ON or a VON as offering forms of many-tomany quality of service. This creates an apparent match
between trends in the Internet QOS domain and the needs
of critical applications such as the ones we surveyed.
Internet QOS research seeks to overcome the erratic
performance of the current Internet, which represents an
obstacle to migration of telephony from the current
dedicated infrastructure onto a packet-based one. Quite a
few approaches to supporting quality of service have been
advanced. Among the most prominent are RSVP, RED,
and RIO, and a family of approaches called Diffserv [6]–
[9]. All of these focus on providing guarantees of a type
needed in telephony, and all are oriented toward one-to-one
communication paths (some work has been done on one-tomany and many-to-many extensions of these methods, but
consensus has yet to emerge).

B. Building VONs over ONs
Power applications and similar critical networked
applications will want more than dedicated bandwidth from
its ONs. A network used to control devices such as
protection relays within the power grid should be reliable
even if links or routers crash, suggesting that the physical
configuration of the resources used to construct the ON
may need to be carefully controlled (for example, we might
require redundant routes between all pairs of endpoints).

Fig. 1: Router flow partitioning

C. Building Better ONs
This observation motivates us to ask what properties ONs
will need to have, and to what degree the underlying
Internet mechanisms are adequate to provide them. Were
we merely to support the extended router partitioning
scheme described above, and to combine this with IPSec
mechanisms to securethe routing and DNS infrastructure,
the resulting ONs would support bandwidth isolation, but
the degree of fault-tolerance against router failure and link
failure would be limited. Specifically, while a router or link
failure will eventually trigger a change in route (assuming
that the network remains connected), the temporal
properties of Internet routing protocols limit the speed of
adaptation. It is likely that an extended period of disrupted
communication would ensure, lasting for many seconds or
even minutes. Accordingly, our basic proposal is
inadequate to support applications for which stronger
guarantees are needed.

5. ALTERNATIVES FOR ON AND VON
SUPPORT
The considerations just cited suggest that the NGI will be
faster and more secure, but not “safer,” if the safety of
critical applications requires VON-like functionality.
However, such an outcome could be avoided. We now
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routes between disjoint addresses will have independent
reliability or latency properties. Our approach would yield
substantial new options for reliability even when using
traditional Internet protocols such as TCP and IP multicast,
while also creating a building block of great power for use
in higher-level protocols.

7. CONCLUSION
We have sketched an ambitious proposal to redesign the
Internet through a series of relatively modest interventions,
but with significant implications. Our proposal is
constructed from existing mechanisms, although extended
in nontrivial ways, and with significant new properties that
result from the extensions. Fleshing out this proposal into a
full-fledged technology would be a major undertaking.
However, the primary intention of the author is to identify
an unrecognized requirement upon the NGI. We do wish to
argue that the problem is tractable, but not that we solved
the problem, and far more work would be required to do so.
The contribution of our study is to suggest that critical
applications often depend on a form of isolation, and that,
as things stand, the NGI will not support. While we do
suggest that VONs could be constructed and would respond
to the need, we also identified a number of technical
challenges which would need to be overcome before a
working VON could be deployed. These include support
for a router resource partitioning mechanism,
implementation of a service to manage router bandwidth
and other resources in support of reservations, new routing
mechanisms supporting redundancy, and the associated
management infrastructure. Our proposal, then, would
require a considerable research and implementation effort.
As things stand, developers of critical applications will be
challenged by insurmountable barriers. Yet it is within our
technical reach to solve this problem, and this can be done
in a way respectful of standards that builds on existing
Internet router capabilities using services similar to ones
already in the pipeline. It would be a great shame if the
NGI fails to do seize this opportunity to create a better
communications infrastructure.

6. TECHNOLOGY SUMMARY
1) Packet Marking and Classification: Our proposal
requires that routers be capable of identifying packets
belonging to ON flows and of matching the packet to the
associated resource reservation. For this purpose, we
envision a single bit, per-packet, marking it as an ON
packet (the IP header has room, although there are
competing proposals that would use the remaining bits), a
4-byte identifier drawn from a global space of ON
identifiers (this could be placed behind the IP header since
it would be needed only if the bit is set), and, of course, the
mechanisms needed for the router to do the necessary
classification.
2) Resource Reservations and Management: Like
Diffserv and RSVP, we do require some degree of resource
management to track reservations and grant requests.
Diffserv does this entirely abstractly, using centralized
servers that maintain a theoretical model of resource use
and grant or deny requests based on their theoretical impact
on the router. Earlier, we saw that this works in a statistical
sense, although network dynamics can cause the guarantees
to break down when a fault occurs or a transient overload
significantly changes packet latencies in ways that could
cause a burst load on a router. The RSVP approach is more
mechanical. Each router on a given point-to-point path is
asked to set aside resources, and the resulting lease must be
renewed periodically to ensure that the router will not
release the associated resources for other uses.
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Abstract: System identification is the art and science of
building mathematical models of dynamic systems from
observed input-output data .This paper combines Particle
Swarm Optimization Algorithm and LMS algorithm to
describe the application of a Particle swarm Optimization
(PSO) to the problem of parameter optimization for an
adaptive Finite Impulse Response (FIR) filter. LMS
algorithm computes the filter coefficients and PSO search
the optimal step-size adaptively. Because step-size
influences on the stability and performance, so it is necessary
to apply method that can control it.. However, the
statistical Least Mean Squares method is faster than the
genetic algorithm. For this reason we suggest using the
genetic algorithm for off-line applications, and the
statistical method for on-line adaptation. A hybrid method
combining the advantages of both methods is proposed for
real world applications.

An important step in System identification procedure is the
estimation of parameters. When an input is applied to both
the system and model, and the difference between the target
system's output and model's output is used in appropriate
manner to update a parameter vector to reduce this
difference. To apply the parameter vector, we use LMS
algorithm. Because of the computational simplicity of the
LMS algorithm, this algorithm is widely used. But it
suffers from a slow rate of convergence. Further, for
implementation of LMS algorithm, we need to select
appropriate value of the step size, which affects the
stability and performance.
We have search algorithm, Particle Swarm Optimization
Algorithm (PSO) to control the value of the step size in
accordance with the input adaptively. . This paper
introduces a novel algorithm named particle swarm
optimization (PSO) to optimize the step size of LMS
algorithm and then LMS algorithm calculate system
identification parameters adaptively . PSO is a population
based search similar to the genetic algorithm (GA) [3]. In
adaptive filtering, the mean squared error (MSE) between
the output of the unknown system and the output of the AF
is the typical cost function, and will hence be used for the
fitness evaluation of each particle in the on-line form of
PSO. In this we also have taken MSE as cost function.

Keywords: FIR, LMS, Particle Swarm Optimization,
System Identification

1. INTRODUCTION
One weakness of conventional PSO is that its local search
is not guaranteed convergent; its local search capability lies
primarily in the swarm size and search parameters. On the
other hand, the problem with simply running a brute-force
population of independent LMS algorithms is that there is
no collective information exchange between population
members, which makes the algorithm inefficient and prone
to the local minimum problem of standard LMS [1].
Therefore, it is desirable to combine the convergent local
search capabilities of the LMS algorithm with the global
search of PSO.

2. PARTICLE SWARM OPTIMIZATION
ALGORITHM
A. Swarm Intelligence
Swarm intelligence describes the collective behavior of
decentralized, self organized natural or artificial systems.
Swam intelligence model were employed in artificial
intelligence. The expression was introduced in the year
1989 by Jing wang and Gerardo Beni in cellular robotic
systems. Swarm Intelligence (SI) was a innovative pattern
for solving optimizing problems. SI systems are typically
made up of populations of simple agents interacting locally
with one another and with their environment [4]. The agent
follows simple rules and the interactions between agents

When initialized in the global optimum valley, the LMS
algorithm can be tuned to provide an optimal rate of
convergence without apprehension of encountering a local
minimum [2]. Therefore, by using a structured stochastic
search, such as PSO, to quickly focus the population on
regions of interest, an optimally tuned LMS algorithm can
take over and provide better results than standard LMS.
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lead to the emergence of “intelligent” global behavior,
unknown to the individual agents.

Vi(u+1) = wVi(u) +C1 rand1(…) * (pbesti-Pi(u)) + C2 rand2(…)
* (gbest-Pi(u))
(1)

B. PSO an Optimization Tool

Pi(u+1) = Pi(u) + Vi(u+1)

Particle swarm optimization (PSO) is a population based
stochastic optimization technique developed by Dr. Ebehart
and Dr. Kennedy in 1995, inspired by social behavior of
bird flocking or fish schooling [3]. PSO shares many
similarities with evolutionary computation techniques such
as Genetic Algorithms (GA). The system is initialized with
a population of random solutions and searches for optima
by updating generations. However, unlike GA, PSO has no
evolution operators such as crossover and mutation. In
PSO, the potential solutions, called particles, fly through
the problem space by following the current optimum
particles. The detailed information will be given in
following sections. Compared to GA, the advantages of
PSO are that PSO is easy to implement and there are few
parameters to adjust. PSO has been successfully applied in
many areas: function optimization, artificial neural network
training, fuzzy system control, and other areas where GA
can be applied.

In the above equation,
The term rand ( )*(pbesti -Pi(u)) is called particle memory
influence.

C. Particle Swarm Optimization Algorithm
PSO simulates the behaviors of bird flocking. Suppose the
following scenario: a group of birds are randomly
searching food in an area. There is only one piece of food
in the area being searched. All the birds do not know where
the food is. But they know how far the food is in each
iteration. So what's the best strategy to find the food? The
effective one is to follow the bird, which is nearest to the
food. PSO learned from the scenario and used it to solve
the optimization problems. In PSO, each single solution is
a "bird" in the search space. We call it "particle". All of
particles have fitness values, which are evaluated by the
fitness function to be optimized, and have velocities, which
direct the flying of the particles. The particles fly through
the problem space by following the current optimum
particles [3].
PSO is initialized with a group of random particles
(solutions) and then searches for optima by updating
generations. In every iteration, each particle is updated by
following two "best" values. The first one is the best
solution (fitness) it has achieved so far. (The fitness value
is also stored.) This value is called pbest. Another "best"
value that is tracked by the particle swarm optimizer is the
best value, obtained so far by any particle in the population.
This best value is a global best and called g-best. When a
particle takes part of the population as its topological
neighbors, the best value is a local best and is called p-best.
After finding the two best values, the particle updates its
velocity and positions with following equation:

(2)

The term rand ( )* (gbesti -Pi(u)) is called swarm influence.
Vi (u) which is the velocity of Ith particle at iteration ‘u’
must lie in the range
Vmin ≤ Vi(u) ≤ Vmax
The parameter Vmax determines the resolution, or fitness,
with which regions are to be searched between the present
position and the target position
•

If Vmax is too high, particles may fly past good
solutions. If Vmin is too small, particles may not
explore sufficiently beyond local solutions.

•

In many experiences with PSO, Vmax was often set at
10-20% of the dynamic range on each dimension.

•

The constants C1and C2 pull each particle towards
pbest and gbest positions.

•

Low values allow particles to roam far from the target
regions before being tugged back. On the other hand,
high values result in abrupt movement towards, or
past, target regions.

•

The acceleration constants C1 and C2 are often set to
be 2.0 according to past experiences

•

Suitable selection of inertia weight ‘w’ provides a
balance between global and local explorations, thus
requiring less iteration on average to find a sufficiently
optimal solution.

•

In general, the inertia weight w is set according to the
following equation.

W= àáâã − U

àáâã %àáäå
æçèéáâã

Xx ITER

Where w -is the inertia weighting factor
Wmax - maximum value of weighting factor
Wmin - minimum value of weighting factor
ITERmax - maximum number of iterations
ITER - current number of iteration

♦ 100 ♦

(3)

Step Size Optimization of LMS Algorithm Using Particle Swarm Optimization in System Identification

or also a function of intermediate variables if the adaptive
filter has a cascaded structure. When J(n) is minimized, the
adaptive filter parameters provide the best possible
representation of the unknown system.

D. PSO Flowchart
Start

F. Population Size
It is obvious that a larger population will always provide a
better search and faster convergence on average, regardless
of the complexity of the error surface, due to the increased
number of estimates evaluated at each epoch. The result
given in Figure indicates that an increased search capacity
enables the algorithm to converge to a more precise
solution. But the computational complexity of the
algorithm increases linearly with population size, which is
a motivation for other algorithm variants that are robust
with smaller populations.

Initialize particles with random position and velocity
Vectors

For each particle position (p) evaluate the fitness

If fitness (p) is better than fitness pbest then pbest=p

fitness function
-5

Set best of pbest as gbest

-10

Update particle velocity and position
-15
mse(dB)

Yes
No
If gbest is the
Optimal solution
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Fig. 1 PSO Flowchart
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E. PSO for Adaptive Filtering

fitness function
18

'
Jn = min V Y∑L%
8I dn − k − y8,R n ZW


L

yk,i(n)=f[x(n-k-1), x(n-k-2),… x(n-k-L)]

16
14
12
mse(dB)

In adaptive filtering, the mean squared error (MSE)
between the output of the unknown system and the output
of the adaptive filter is the typical cost function, and will
hence be used for the fitness evaluation of each particle in
the on-line form of PSO. For an adaptive system
identification configuration the windowed MSE cost
function is as follows:

10
8
6

(4)
4

(5)

2

where f(·) is a nonlinear operator, N is the length of the
window that the error is averaged and L is the amount of
delay in the filter. The adaptive filter output yk(n) may also
be a function of past values of itself if it contains feedback,
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With each iteration of the LMS algorithm, the filter tap
weights of the adaptive filter are updated according to the
following formula-

fitness function
18
16
14

W (n+1)= W (n )+2µ e(n) x(n)

mse(dB)

12

Here x (n) is the input vector of time delayed input values,

10

x(n)=[x(n) x(n-1) x(n-N+1)]T

8
6

The vector w (n) = [w0 (n) w1 (n) w2 (n) .. wN-1 (n)] T
represents the coefficients of the adaptive FIR filter tap
weight vector at time n. The parameter µ is known as the
step size parameter and is a small positive constant. This
step size parameter controls the influence of the updating
factor. Selection of a suitable value for µ is imperative to
the performance of the LMS algorithm, if the value is too
small the time the adaptive filter takes to converge on the
optimal solution will be too long; if µ is too large the
adaptive filter becomes unstable and its output diverges.
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fitness function
16
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4. SYSTEM MODEL & FIR FILTER

12

mse(dB)

(6)

10

A. Unknown System Model
8

The unknown system will be modeled by a FIR system of
length N. Both the unknown system and the FIR model are
connected in parallel and exited by the same input
sequence {x(n)}. If {y(n)} denotes the output of the model
and {d(n)} denotes the output of the unknown system, the
error sequence is {e(n)=d(n)-y(n)}.The unknown system is
FIR system [7].
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Fig. 2: Effect of population Size in PSO

+

e(n)

Signal

3. LMS ALGORITHM
A.

FIR Filter

Basic Principle of LMS Algorithm

66

The LMS algorithm is a type of adaptive filter known as
stochastic gradient-based algorithms as it utilizes the
gradient vector of the filter tap weights to converge on the
optimal wiener solution [6]. It is well known and widely
used due to its computational simplicity. It is this
simplicity that has made it the benchmark against which all
other adaptive filtering algorithms are judged.
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Fig. 4: Proposed Structure
In this paper a new procedure to estimate the coefficients
of an adaptive filter is proposed. It combines the Particle
Swarm Optimization Algorithm with Least-Mean-Square
(LMS) method, i.e. in each iteration of PSO, after the
calculation of gbest, an LMS algorithm will be applied
based on the previous gbest. In our structure, error signal is
adjusted to the PSO block and PSO decides an appropriate
step-size with less error value. Then selected step-size
value is adjusted to the LMS block, and LMS block updates
the coefficients simultaneously. The main advantage of
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PSO is that it can escape local minima, but is a slow
process. LMS algorithm is a faster algorithm but may
diverge in some cases or may remain in local minima and
its results are not as accurate as PSO-based procedures. Our
proposed approach combines the benefits of both
algorithms while accelerates the very slow rate of PSO and
escapes from the local minima which may result from LMS
[8].
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Comparison of the actual weights and the estimated weights

6. CONCLUSION &FUTURE WORK

Actual weights
Estimated weights

The goal of this work is to expose PSO as a viable
approach adaptive filtering problems, as well as to
introduce and explore enhancements to the convergence
properties of structured stochastic search algorithms in
general.

0.3
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It becomes apparent that PSO is not only competitive with
the conventional global search techniques, but are superior
in many instances. As for structured stochastic techniques
in general, in addition to avoiding local minima, they
demonstrate convergence rates that are an order of
magnitude faster (per input sample) than existing gradient
based techniques.
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Fig. 6: Comparison of actual weights and the estimated
weights using fixed step size LMS& PSO variable step
size LMS

A topic that warrants further research is an assessment of
the performance of these algorithms on modified error
surfaces. It is evident that structured stochastic search
algorithms perform better on surfaces exhibiting relatively
few local minima, because the local attractors offer little
interference to the search. By incorporating alternate
formulations of the adaptive filter structures or performing
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data preprocessing, such as input orthognalization and
power normalization, the error surface can be smoothed
dramatically. These additions will likely result in improved
performance of stochastic search algorithms. Related to this
notion is the assertion that structured stochastic algorithms,
particularly versions of PSO, have a tendency to excel on
lower order parameter spaces. This is due partly to the fact
that lower dimensional parameter spaces tend to exhibit
fewer local minima in general, and because the volume of
the hyperspace increases exponentially with each additional
parameter to be estimated. Therefore it is hypothesized that
dimensionality reduction techniques, such as implementing
alternate formulations of adaptive filter structures that are
able to accurately model unknown systems with minimum
number of parameters, could benefit the overall
performance.
In addition, further work is needed to extend and optimize
the relationship and coordination of the various algorithm
parameters and convergence mechanisms. Finally, the
parallel hardware implementation of these algorithms needs
to be investigated, which is essential in order for these
algorithms to become more widely accepted in practice.
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Abstract: In this paper a modification to the Transmitter
Module of Data Communication Controller that is based
on some standard LAN protocol i.e. HDLC (High Level
Data Link Control) for Low cost Networking Applications
is proposed. Although the researchers have presented
individual protocol based data communication controllers
for applications such as, office/business data-com, process
control, data acquisition, monitoring, access control etc,
and their contribution fail to provide a direct path to cost
reduction. To take care of the growing needs of networking
in embedded applications, that too for low cost
applications,
a
Transmitter
Module
of
Data
Communication Controller has been designed which
accepts data from a host and sends it serially out on a LAN
and the CRC (cyclic redundancy checking) is required to
verify that the data packet at destination is error free or not
at the Receiver end. This Transmitter Module in a serial
data Communication Controller will be able to receive
data from a host controller (which can be connected to a
microcontroller or a microprocessor), form frame
according to the frame format and send that frame on a
serial data link so that the receiving module of the
Communication Controller can receive data coming on
serial data line, check its address, performs de-framing if
address matches and then does frame check to signify the
acknowledgment.
Keywords: transmitter module, low cost networking,
communication controller, HDLC protocol, Data
Communication Controller, low cost communication.

1. INTRODUCTION
In all industries we do feel the constant pressure to further
shorten the development time and to cut the development
costs. The increase in the number of processors in a system
is often driven by computation and I/O growth. Existing
standards based around HDLC protocol can still provide
the network designer with enough freedom to optimize the
overall system to best meet the communication
requirements of a specific application. Whatever the
reasons are, once there is more than one CPU in a system

there must be some means of communication to coordinate
action. To take care of the growing needs of networking in
embedded applications, that too for low cost applications, a
Transmitter Module of a communication controller has
been designed which sends data serially out on a LAN. All
other communication controllers react to the incoming data
but only the one for which data is meant accepts the
incoming data. A communications protocol is an agreedupon convention that defines the order and meaning of bits
in a serial transmission. It may also specify a procedure for
exchanging messages.
A protocol will define how many data bits compose a
message unit, the framing and formatting bits, any errordetecting bits that may be added and other information that
governs control of the communications hardware. Channel
efficiency is determined by the protocol design rather than
by digital hardware considerations. Note that there is a
trade off between channel efficiency and reliability
protocols that provide greater immunity to noise by adding
error-detecting and correcting codes must necessarily
become less efficient. In this paper the implementation of a
Transmitter Module of Data Communication Controller
that is based on some standard LAN Protocol using VHDL
coding is proposed.
The standard serial interface that is used in UART
(Universal asynchronous receiver/transmitter) through
which data flows out serially i.e. bit by bit on a single data
line. The networking protocol that is chosen is HDLC
protocol for the Communication Controller, i.e. the frame
format of Communication Controller is based on HDLC
(High Level Data Link Control)[8]. The costs of a LAN
have been concentrated in the electrical interface card that
would be installed in PCs or peripherals to drive the cable,
and in the communications software, not in the cable itself
(whose cost has been minimized). The cost and complexity
of a LAN are not particularly affected by the distance
between stations. Thus a great deal of technology has been
developed for LAN systems to minimize the amount of
cable required and maximize the throughput.
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receives rec_int signal high from receiver module of
communication controller to tell that it wants to send some
data.

2. COMMUNICATION CONTROLLER
BLOCK
The Communication Controller with this proposed
Transmitter Module will be able to receive data from a host
controller, forms frame according to the frame format of
HDLC and send that frame on a serial data link. The
receiving module of the Communication Controller would
receive data coming on serial data line, checks its address,
performs de-framing if address matches and then does
frame check to signify the acknowledgment. The host
controller is an interface between the user and the
Communication Controller. The host controller sends and
receives the data, adds, rec_int, c/db, r/wb and strobe
signals to the Communication Controller as shown in
figure 1.

3. HDLC PROTOCOL
High-Level Data Link Control (HDLC) is an actual
protocol designed to support both half duplex and full
duplex communication over point to point and multipoint
links. It is a bit-oriented synchronous data link layer
protocol developed by the International Organization for
Standardization (ISO). HDLC frames can be transmitted
over synchronous or asynchronous links. Those links have
no mechanism to mark the beginning or end of a frame, so
the beginning and end of each frame has to be identified.
This sequence is '01111110', or, in hexadecimal notation,
7E. Each frame begins and ends with a frame delimiter as
shown in figure 2. A frame delimiter at the end of a frame
may also mark the start of the next frame. A sequence of 7
or more consecutive 1-bits within a frame will cause the
frame to be aborted.
PREAMBLE

DA

SA

LENGTH

DATA

CRC

PRE
AMBLE

AMBL

Fig. 2: HDLC Frame Format

Fig. 1: Block Diagram of Communication Controller
When a host controller wants to send data to the
communication controller, it makes its C/DB line high to
the communication controller. The communication
controller on seeing this signal high, sends the control
register information to the host controller on the data lines.
The MSB of this register is busy bit.
The host controller keeps on checking the status of this bit.
If it is ‘1’, then it means that the communication controller
is busy. After a certain delay it again checks the status and
waits for the busy bit to be ‘0’. If it is ‘0’, then the host
controller makes its C/DB line low to indicate that it has to
send data. Also it makes its R/WB line low, which will
indicate that data will go from host controller to
communication controller. Also the transmit control block
of transmitter module of communication controller, on
seeing the c/db signal and R/WB signal low and the busy
bit also ‘0’ makes the ram_trax bit of control register ‘0’ to
connect the data bus and address bus of host controller to
data bus of ram. If busy bit is ‘1’ then the data and address
bus of ram is connected to the inner blocks of transmitter
module, basically address bus to transmit control block and
data bus of ram to shift register. The host controller

In HDLC frame format, preamble (1 byte) denotes the
starting of frame, destination address(1 byte) gives address
of the communication controller to which the host
controller has to send data, source address(1 byte) gives the
address of Communication Controller which sends the data,
length(2 bytes) represents the length of bit stuffed data,
data(248 bytes max) represents bit stuffed data,
CRC(Cyclic redundancy check,2 bytes) gives frame
checking and last preamble(1 byte) represents end of the
frame. The modified version provides the same function as
zero bit insertion/deletion in HDLC in a more efficient
manner [4]. Specifically, a technique is suggested which
does byte insertion instead of bit insertion to insure data
transparency. It is concluded that, in view of changing data
communications standards and high-speed transmission
medium, the byte-insertion technique should provide
significant throughput enhancement for modified HDLC
data links in ISDN [7].

4. TRANSMITTER MODULE
All the microcontrollers are connected in the form of a
LAN. Each Communication Controller is connected to a
host Controller which sends and receives data, destination
address and various other command signals to and from the
Communication Controller. The transmitting module
collects the data from host controller and stores in its RAM
from where it is send to framing section within this module
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itself which forms frame of data. The data stored in RAM
is framed according to the protocol which we have decided
(cased on HDLC). The byte by byte data from transmitting
module is send to UART where it sends this data bit by bit
on serial data line but before a Communication Controller
sends data it checks the sensor line. If it is free, then it
occupies it else waits until it is free. Once it occupies the
sensor line then it starts sending data on the serial data line.
Of course, the UART is kept in the receiving mode by
default but if it has to send data then it is shifted to
transmitting mode.

form of frame, i.e. flag first followed by destination
address, source address and so on, according to the frame.

Data
adds
Adds
Data RAM_
r/wb
TRAX
ce

STROBE

ENABLE
DONE
DATA(8)

DATA

All other Communication Controllers receive data on the
serial data line but only that Communication Controller
whose address matches with the destination field in the
protocol receives further data or we can say is activated.
The transmitting module as shown in figure 3 consists of a
transmit control block which manages the functions of this
module. When the host controller wants to send data to the
communication controller, it makes its c/db = ‘1’ and r/wb
also ‘1’. On receiving these signals high, the transmitter
module of communication controller sends the status of
control register on data bus. The host controller on
receiving the control register value checks the Busy bit
(MSB) of control register as shown in figure 3.7. If it is ‘1’,
it means that the ram is being used by transmitter module.
So it waits and after a certain delay again updates the status
of control register and checks the status of busy bit.
The time it goes ‘0’, the host controller knows that the ram
is free and it can send its data. So it makes its c/db signal
‘0’ and r/wb signal also ‘0’. On receiving these signals low,
the transmitter module makes sel_ram_tx bit in control
register ‘0’, so that the data and address lines of ram gets
connected to those of host controller. Now the host control
fills the ram with its data. When the host controller is
finished, it sends a strobe signal to transmitter module and
the transmitter module now makes the sel_ram_tx bit in
control register ‘1’. So the data and address bus gets
connected to the transmitter module. The data lines from
ram are connected to the shift register module.
The transmit control block in transmitter module is an
automatic address counter. It keeps on incrementing the
address and at every address increment the data moves out
of the ram and goes byte by byte to shift register module.
The shift register sends this data bit by bit to bit stuffer
module which does bit stuffing to ensure that the flag
pattern of “01111110” does not get repeated anywhere in
the data send by host controller. This bit stuffed data goes
to crc module. The crc module checks crc over the source
address, destination address and the bit stuffed data. The bit
stuffed data and crc goes to the framing module. The
framing module starts working when crc has been
calculated. It sends data byte by byte to the UART in the

TRANSMIT
CONTROL

SHIFT
REGISTE
R

LOAD
READ

CLK

CLK

SERIA
L

BIT
STUFFER

ENABLE

DONE
DATA

DONE

REGISTER TO STORE BIT
STUFFED DATA (512 BITS)

CRC_SUM

CRC

SA

FRAMING MODULE
DA

IRQ

8-BIT

SA

SCI_IRQ

TO UART

Fig. 3: Block Diagram of Transmitter Module
The data is send to the UART. UART receives data byte by
byte and sends it bit by bit serially on the data line. So first
we send preamble “01111110” when we receive SCI_IRQ
signal from UART. SCI_IRQ signal is IRQ signal in
transmitter. This signal is made high by UART whenever
its transmitter is ready to send data and it’s transmit data
register is empty. Then we send source address, then
destination address followed by the length field and so on.

5. SIMULATION RESULTS
The parallel 8 bit data bus going out of the transmitter
module to UART is represented by the signal data. Reg_in
is the register which holds the bit stuffed data and crc is the
16 bit crc calculated for source address, destination address
and bit stuffed data. Strobe is the signal given to transmitter
module by host controller to start sending data from ram to
shift register and carry on with the framing process. SA and
DA are the source and destination address, kept “CA” and
“AC” respectively. So we can see that the value of data bus
is “7E” first which is the value of preamble, followed by
destination address’ value = “AC” and source address
value “CA”. Then the length field goes successively in two
byte which is of value “0F” and “01”. Then the bit stuffed
data flows out “01”, “02”, “03” and so on.
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6. CONCLUSION

Next goes the crc field and then the preamble “7E”

This proposed Transmitter module of Communication
Controller has capability to operate in half duplex and
asynchronous modes and provides a maximum frame
length of 256 bytes and sends and receives data with
variable baud rates with maximum up to 38400 data bits
per second. It can automatically generate and check frame
sequence using cyclic redundancy check i.e. CRC-16 to
ensure error free transmission. Sensor line in Transmitter
Module has been used to check whether the system is idle
or not i.e. any Communication Controller is transmitting
data or not. Channel access technique is adopted to avoid
collision. Both, negative and positive acknowledgments
can be signified. It is low cost because it uses simple
components like UART, which is present in all
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microcontrollers and is easily synthesizable. This is
suitable for applications which require very less coding
constraints and demands on the designer. It can be used
efficiently in automotive and home applications which
microcontrollers sensing simple sensors need to be
interconnected in the form of a LAN to enable inter
microcontroller communication.

7. FUTURE SCOPE
Although proposed Transmitter Module of Communication
Controller in this paper provides more adequate path to
highly efficient, low cost, HDLC protocol based controllers
for designers. So the future work includes more functions
like facility to disable protocol function, watch dog timers,
interrupt controllers, increased data capacity in frame and
transmit packet priority setting. Length of the serial data
line is not a hard constraint on designer. The concept of 420 milliamps can be used to increase the line length at the
cost of baud rate but it can be managed if baud rate is
within acceptable limits in the applications which require
less coding constraints and demands on designer.
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Abstract: Network lifetime has become the key
characteristic for evaluating sensor networks in an
application specific way. In this paper , we derive a
universal formula for the lifetime of wireless sensor
networks which holds independently of the fundamental
network model including network architecture and
protocol, data collection initiation, lifetime definition,
channel fading characteristics, and energy consumption
model. This formula identifies two key parameters at the
physical layer that influence the network lifetime: the
channel state and the residual energy of sensors. As an
outcome, it provides not only a gauge for performance
assessment of sensor networks but also a guideline for the
design of network protocols. Based on this formula, we
suggest a medium access control protocol that exploits
both the channel state information and the residual energy
information of individual sensors. Referred to as the maxmin approach, this protocol maximizes the minimum
residual energy across the network in each data collection.
Keywords: Wireless sensor network (WSN), network
lifetime, channel state information (CSI), residual energy
information (REI), medium access control (MAC).

1. INTRODUCTION
With the proliferation of wireless sensor networks (WSN),
completely new application domains for wireless ad hoc
networks have emerged. From wildlife monitoring and
precision agriculture to habitat monitoring and logistics
applications, there is an increasing demand on developing
more efficient sensor networks. Especially the
characteristic features of WSN, such as the limitations in
the available resources (energy, processing speed, storage),
distinguish sensor networks from other ad hoc networks
[1]. Besides these restrictions, WSN are also exposed to
various requirements, for example the varying density of
the node deployment, and possibly hazardous
environmental conditions [2]. Many aspects concerning
sensor networks have already been investigated [3], e.g.
routing and data dissemination schemes [4], selforganization issues [5], the efficient deployment of sensor
nodes [6], and the interaction of sensor and actor networks

(SANETs) [7], while others are still work in progress. This
includes the study of network lifetime as a key
characteristic of WSN.
Network lifetime is perhaps the most important metric for
the evaluation of sensor networks. Of course, in a resourceconstrained environment, the consumption of every limited
resource must be considered. However, network lifetime as
a measure for energy consumption occupies the exceptional
position that it forms an upper bound for the utility of the
sensor network. The network can only fulfill its purpose as
long as it is considered "alive", but not after that. It is
therefore an indicator for the maximum utility a sensor
network can provide. If the metric is used in an analysis
preceding a real-life deployment, the estimated network
lifetime can also contribute to justifying the cost of the
deployment. Lifetime is also considered a fundamental
parameter in the context of availability and security in
networks [8]. Network lifetime strongly depends on the
lifetimes of the single nodes that constitute the network.
This fact does not depend on how the network lifetime is
defined. Each definition can finally be reduced to the
question when the individual nodes fail. Thus, if the
lifetimes of single nodes are not predicted accurately, it is
possible that the derived network lifetime metric deviates
in an uncontrollable manner. It should therefore be clear
that an accurate and consistent modeling of the single
nodes is very important. However, a detailed discussion of
all the different approaches found in the literature is
beyond the scope of this paper.
The lifetime of a sensor node depends basically on two
factors: how much energy it consumes over time, and how
much energy is available for its use. Following the
discussion by Akyildiz et al. [9], the predominant amount
of energy is consumed by a sensor node during sensing,
communication, and data processing activities. A sensor
network consists of a number of these nodes. In such a
network, the nodes communicate to form an ad hoc
network and are thus able to transmit the collected sensor
data to designated sinks. In principle, this is also true if innetwork processing mechanisms are employed [10].
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Lifetime studies first came up because the recharging or
replacement of batteries is not feasible in many scenarios
(too many nodes, hostile environment, etc.), and thus the
lifetime of the network cannot be extended infinitely.
Naturally, lifetime was then discussed from different points
of view, which led to the development of various lifetime
metrics. Depending on the energy consumers regarded in
each metric and the specific application requirements
considered, these metrics may lead to very different
estimations of network lifetime.
In this paper, we derive a general formula for network
lifetime which holds independently of the underlying
network model. This formula reveals that two physical
layer and the residual energy of sensors. It indicates that
lifetime maximizing protocols should exploit both the
channel state information (CSI) and the residual energy
information (REI) of individual sensors. Based on this
formulation, we propose a greedy approach to medium
access for lifetime maximization. Using both CSI and REI,
the proposed protocol maximizes the minimum residual
energy across the network in each data collection.
The rest of this paper is organized as follows: In Section II,
related work on lifetime of wireless sensor networks is
discussed. Section III describes the general model of
WSNs. Section IV, we derive a universal formula for the
lifetime of wireless sensor networks. Section V describes
the simulation parameters and results. Finally, Section VI
concludes the paper and provides directions for future
work.

2. RELATED WORK ON LIFETIME
For energy-constrained wireless networks, we can increase
the network lifetime by using transmission schemes that
have the following characteristics.
(i) Multihop Routing: In wireless environments the
received power typically falls off as the mth power of
distance, with 2 ≤ m ≤ 6. Hence, we can conserve
transmission energy by using multihop routing [11, 12].
(ii) Load Balancing: If a node is on the routes of many
source destination pairs, it will run out of energy very
quickly. Hence, load balancing is necessary to avoid the
creation of hot spots where some nodes die out quickly and
cause the network to fail [13].
(iii) Interference Mitigation: Links that strongly interfere
with each other should be scheduled at different times to
decrease the energy consumption on these links [14].
(iv) Frequency Reuse: Weakly interfering links should be
scheduled together so that each link has a longer duration

of time to transmit the same amount of data. This reduces
the average transmission power on each link.
We note that there is an inherent trade-off between using
minimum energy routes and load balancing. Minimum
energy routing may require some nodes to lie on routes of
many source destination pairs, which may cause them to
run out of energy quickly. The network lifetime can be
increased by load balancing, where a part of the data may
be transmitted over energy suboptimal paths. Also, there is
a trade-off between scheduling each link for a larger
amount of time to decrease energy consumption for data
transmission, and interference mitigation by scheduling
strongly interfering links at different times. A brief
overview of recent work on optimization of different layers
of a wireless network for minimizing the total energy
consumption and maximizing the network lifetime is given
below.
Physical Layer: For a given rate vector, power control can
be used to conserve energy. An overview of power control
was given in [15]. Energy-optimal modulation schemes for
coded and uncoded systems, where given the number of
bits to transmit with a certain deadline, an optimal
constellation size was computed to minimize the total
transmission and circuit energy. Also, it was shown that if
we relax the constraint that the constellation size is an
integer, the energy minimization problem can be
approximated by a convex optimization problem.
MAC: The physical layer results were extended to compute
the TDMA time slot lengths to minimize the total energy
consumption in a network consisting of many transmitters
and one receiver. However, note that the problem of
deciding the slot allocation to links becomes combinatorial
when we consider an arbitrary wireless network, with the
possibility of interfering links being scheduled in the same
time slot.
Routing: Routing algorithms for wireless networks have
traditionally focused on minimizing the total energy
consumption. However, as pointed out in [13], minimum
energy routing can lead to some nodes in the network being
drained of energy very quickly. Hence, instead of trying to
minimize the total energy consumption, routing to
maximize the network lifetime was considered in [13].
Distributed algorithms to compute a routing scheme to
maximize the network lifetime were proposed in [16, 17].
Cross-layer: Joint scheduling and power control to reduce
energy consumption and increase single hop throughput
was considered in [18]. Cross-layer design based on
computation of optimal transmission powers, link schedule,
and routing flow was described in [19]. The aim of that
paper was to minimize the average transmission power
over an infinite horizon. Also, the routing flow was
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computed in an incremental manner: it used the Lagrange
multipliers obtained at each step by solving an optimization
problem of possibly exponential complexity in the number
of links. Energy efficient power control and scheduling,
with no rate adaptation on links, for QoS provisioning were
considered in [20].

dies, a percentage of sensors die, the network partitions, or
the loss of coverage occurs. In summary, we provide a list
of the discussed network lifetime definitions, each with a
short outline of the definition and selected references that
use or propose this definition in the literature.
(1)

The time until the first sensor is drained of its energy
[21].

(2)

The time until the first cluster head is drained of its
energy [22].

(3)

The time there is at least a certain fraction ß of
surviving nodes in the network [23].

(4)

The time until all nodes have been drained of their
energy [24].

(5)

k-coverage: the time the area of interest is covered by
at least k nodes [ 25].

(6)

100% coverage.

3. A GENERAL MODEL OF WSNS
We list below important network characteristics that affect
the network lifetime.
Network Architecture: Network architecture specifies
how sensors should report their data to the APs. Three
types of network architecture have been considered in the
literature: the flat ad hoc, the hierarchical ad hoc, and the
Sensor Network with Mobile Access (SENMA). Under the
flat ad hoc architecture, sensors relay each other’s data in
multiple hops to the APs. In hierarchical WSNs, sensors
form clusters and report their data to the cluster heads who
are responsible for sending the aggregated data to the APs.
In SENMA, sensors communicate directly with mobile
APs moving around the sensor field.
Data Collection Initiation: According to the applications,
data collections in a WSN can be initiated by the internal
clock of sensors, the event of interest, or the demand of the
end-user. In clock-driven WSNs, sensors collect and
transmit data at predetermined time intervals. In eventdriven or demand-driven WSNs, data collections are
triggered by an event of interest or a request from the APs.
Channel and Energy Consumption Model: The energy
consumption model characterizes the sources of energy
consumption in the network. According to the rate of
energy expenditure, we classify energy consumption into
two general categories: the continuous energy consumption
and the reporting energy consumption. The continuous
energy consumption is the minimum energy needed to
sustain the network during its lifetime without data
collection. It includes, for example, battery leakage and
sensor sleeping energy. The reporting energy consumption
is the additional energy consumed in data collections. It
depends on the rate of data collection as well as the channel
model and the network architecture and protocols. It
includes the energy consumed in transmission, reception,
and possibly channels acquisition. We point out that energy
consumption may come from other sources such as
network maintenance whose energy expenditure rate is
neither continuous nor related to data collections.
Lifetime Definition: Network lifetime is the time span
from the deployment to the instant when the network is
considered nonfunctional. When a network should be
considered nonfunctional is, however, application-specific.
It can be, for example, the instant when the first sensor

(a) The time each target is covered by at least one
node [26].
(b) The time the whole area is covered by at least one
node [27].
(7)

α- coverage.
(a)The accumulated time during which at least α
portion of the region is covered by at least one
node [28].
(b)The time until the coverage drops below a
predefined threshold α (until last drop below
threshold) [29].
(c) The continuous operational time of the system
before either the coverage or delivery ratio first
drops below a predefined threshold [30].

(8) The number of successful data gathering trips [31].
(9) The number of total transmitted messages [32].
(10)The percentage of nodes that have a path to the base
station [33].
(11) The expectation of the entire interval during which the
probability of guaranteeing connectivity and kcoverage simultaneously is at least α [25].
(12) The time until “connectivity" or “coverage" is lost
[34].
(13) The time until the network no longer provides an
acceptable event detection ratio [24].
(14) The time period during which the network
continuously satisfies the application requirement
[35].
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Our objective here is to obtain a general formula for
network lifetime which holds independently of the
underlying network model. It should allow us to identify
key parameters that affect network lifetime without
worrying about specific network settings. As a result, it can
provide design guidelines applicable to various types of
sensor networks.

4. A GENERAL FORMULA FOR WIRELESS
SENSOR NETWORK LIFETIME

E 0 − E[ E w ]
Pc + λ E[ E r ]

E 0 − E[ E w ]
Pc + λE[ E r ] + ηE[ E m ]

(2)

Where η is the maintenance rate of the network which
shows how often the maintenance is performed, and E[Em]
is the expected energy consumed in a randomly chosen
network maintenance.

5. PERFORMANCE EVALUATION

For a sensor network with total non-rechargeable initial
energy E0, the expected network life E[£], measured as the
average amount of time until the network is considered
nonfunctional is given as

E [l ] =

E [l] =

(1)

Where Pc is the constant continuous power consumption of
all sensors in the network, E [Ew] is the expected wasted
energy (i.e. the total unused energy in the network when it
is dies), λ is the expected sensor reporting rate defined as
the number of data collections per unit time, and E[Er] is
the expected reporting energy consumed by all sensors in a
randomly chosen data collection. Network life time is
defined as the number of data-aggregation round until α
percent of sensor die where α percent is specified by the
system designer. For instance, in applications where the
time that all nodes operate together is vital, life time is
defined as the number of rounds until the first sensor is
drained of its energy. The main idea is to perform data
aggregation such that there is uniform energy drainage in
the network. In addition, energy efficiency and network life
time are synonymous in that improving energy efficiency
enhances the lifetime of the network.
The lifetime formula given in (1) provides a quantitative
characterization of key components that affect network
lifetime under a general network setting. Specifically, a
lifetime maximizing protocol should aim at reducing the
average wasted energy E [Ew] and the average reporting
energy E[Er]. To reduce E[Ew], the protocol should exploit
the REI of individual sensors to achieve balanced energy
consumption across the network. To reduce E[Er], the
protocol should exploit the CSI to prioritize sensors with
better channels for transmission thus reduce the energy
consumed in transmission. In Section V, we propose, based
on the design guideline provided by (1), medium accesses
control (MAC) protocol that uses both CSI and REI for
lifetime maximization. We point out that (1) can be easily
extended to include other energy consumption sources. For
example, to include the energy consumed in network
maintenance, we obtain the following formula via a
derivation similar to that given above.

In this section, we apply (1) to the MAC design in a
specific WSN. We demonstrate that exploiting the two
physical layer parameters (channel state and residual
energy) identified by (1) in the design of MAC protocols
leads to improved network performance. Consider a clockdriven WSN with S homogeneous sensors, each powered
by a non-rechargeable battery with E0 initial energy. In
each data collection, one out of S sensors is selected to
transmit its measurement to a mobile AP through a wireless
fading channel. We assume that sensor measurements are
in the form of equal-sized packets. The channel between
the mobile AP and a sensor follows a block fading model
with the block length equal to the transmission time of one
packet. The required reporting energy Er (ci) of sensor i as a
function of its fading gain ci can be modeled as

E r ( c i ) = E tc +

E
ci

(3)

Where Etc is the energy consumed in the transmitter
circuitry and E is the required transmission energy to
achieve an acceptable received SNR at the AP in the
absence of channel fading. Clearly, the better the channel
gain ci, the smaller the required transmission energy Er (ci).
A sensor is considered dead if its residual energy drops
below Etc, i.e., it does not have enough energy for
transmission under any channel condition. We ignore the
continuous energy consumption in the network and define
the network lifetime as the time span until any sensor in the
network dies (the first death) or no sensor has enough
energy for transmission during a data collection (the first
failure in data collection), whichever occurs first. Applying
(1) to the current network setting, we have

E[l] =

SE 0 − E[ E w ]
E[ Er ]

(4)

Where we have assumed, without loss of generality, that λ
= 1.Equation (4) shows that the network lifetime E[£]
increases as E[Er] or E[Ew] decreases. To prolong the
network lifetime, the MAC protocol should strike a balance
between E[Er] and E[Ew]. With this goal in mind, we
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propose a MAC protocol which selects the sensor with the
maximum energy-efficiency index γi defined as

improves the network lifetime performance, and the gain in
lifetime increases with the size S of the network.

γ i = ei − Er (ci )

6. CONCLUSION

(5)

Where ei is the residual energy of sensor i at the beginning
of a data collection. It is clear from (5) that the proposed
protocol maximizes the minimum residual energy across
the network in each data collection.
Comparision of Network Lifetime
2500

(RANDOM )
(PURE CONSERVATIVE )
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Average Network Lifetime

2000

1500

1000

In this paper, we reviewed the existing definitions of
network lifetime as proposed in the literature. It turned out
that most papers- especially those proposing algorithms to
increase the lifetime of sensor networks- are built on
differing lifetime definitions. This paper also provides brief
overview of recent work on optimization of different layers
of a wireless network for minimizing the total energy
consumption and maximizing the network lifetime. In this
Paper, we obtain a general expression for the lifetime of
wireless sensor networks which holds apart from of the
underlying network model. This method provides insights
on lifetime-maximizing procedure design. It reveals that a
lifetime-maximizing procedure should exploit both channel
state information and residual energy information of
individual sensors. Based on this principle, we propose an
insatiable approach to lifetime maximization which
achieves substantial enhancement in lifetime performance.
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Abstract: Orthogonal frequency division multiplexing
(OFDM) is a popular method for high data rate wireless
transmission. OFDM may be combined with antenna
arrays at the transmitter and receiver to increase the
diversity gain and/or to enhance the system capacity on
time-variant and frequency-selective channels, resulting in
a multiple-input multiple-output (MIMO) configuration. As
a promising technology for future broadband
communication, MIMO –OFDM has gained more and
more interests in recent years. In this paper, the
performance of MIMO-OFDM system has been done.
Keywords: component; MIMO; OFDM; QAM.

1. INTRODUCTION
The growing demand of multimedia services and the
growth of Internet related contents lead to increasing
interest to high speed communications. The requirement for
wide bandwidth and flexibility imposes the use of efficient
transmission methods that would fit to the characteristics of
wideband channels especially in wireless environment
where the channel is very challenging. In wireless
environment the signal is propagating from the transmitter
to the receiver along number of different paths, collectively
referred as multipath. While propagating the signal power
drops of due to three effects: path loss, macroscopic fading
and microscopic fading.

subcarriers or sub channels i.e. one OFDM symbol consists
of N symbols modulated for example by QAM or PSK. As
a result the symbol duration is N times longer than in a
single carrier system with the same symbol rate. The
symbol duration is made even longer by adding a cyclic
prefix to each symbol. As long as the cyclic prefix is longer
than the channel delay spread OFDM offers inter-symbol
interference (ISI) free transmission.
Another key advantage of OFDM is that it dramatically
reduces equalization complexity by enabling equalization
in the frequency domain. OFDM, implemented with IFFT
at the transmitter and FFT at the receiver, converts the
wideband signal, affected by frequency selective fading,
into N narrowband flat fading signals thus the equalization
can be performed in the frequency domain by a scalar
division carrier-wise with the subcarrier related channel
coefficients. The channel should be known or learned at the
receiver. The combination MIMO-OFDM is very natural
and beneficial since OFDM enables support of more
antennas and larger bandwidths since it simplifies
equalizations dramatically in MIMO systems.
MIMO-OFDM is under intensive investigation by
researchers .This paper provides a general overview of this
promising transmission technique.

2. MIMO-OFDM TRANSCEIVER
Fading of the signal can be mitigated by different diversity
techniques. To obtain diversity, the signal is transmitted
through multiple (ideally) independent fading paths e.g. in
time, frequency or space and combined constructively at
the receiver. Multiple input- multiple-output (MIMO)
exploits spatial diversity by having several transmit and
receive antennas. However the paper “MIMO principles”
assumed frequency flat fading MIMO channels.
OFDM is modulation method known for its capability to
mitigate multipath. In OFDM the high speed data stream is
into Nc narrowband data streams, Nc corresponding to the

The general transceiver structure of MIMO-OFDM is
presented in Fig. 1. The system consists of N transmit
antennas and M receive antennas. In this paper the cyclic
prefix is assumed to be longer than the channel delay
spread. The OFDM signal for each antenna is obtained by
using inverse fast Fourier transform (IFFT) and can be
detected by fast Fourier transform (FFT). The received
MIMO-OFDM symbol of the n:th subcarrier and the m:th
OFDM symbol of the i:th receive antenna after FFT can be
written as
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N Ri [n, m]= ∑H
i = 1,2,...M

i, j

[n, m] Aj [n, m]+Wi [n, m],= j=1

where Aj[n,m] is the transmitted data symbol on n:th carrier
and m:th OFDM symbol, Wi[n,m] is the additive noise
contribution at i:th receive antenna for the corresponding
symbol in frequency domain and Hi,j[n,m] is the channel
coefficient in the frequency domain between the j:th
transmit antenna and the i:th receive antenna. The channel
coefficients in frequency domain are obtained as linear
combinations of the dispersive channel taps.

Fig. 2

4. CYLIC PREFIX

Fig. 1: MIMO-OFDM transceiver

3. THE EFFECT OF FREQUENCY OFFSET IN
OFDM
Orthogonal Frequency Division Multiplexing (OFDM) is a
multi-carrier modulation technique, in which a single high
rate data-stream is divided into multiple low rate datastreams and is modulated using sub-carriers, which are
orthogonal to each other. Some of its main advantages are
multipath delay spread tolerance, high spectral efficiency,
efficient modulation and demodulation process using
computationally efficient Inverse Fast Fourier Transform
and Fast Fourier Transform operation respectively. The
peak to average power ratio of the time domain envelope is
an important parameter at the physical layer of the
communication system using OFDM signaling. The signals
must maintain a specified average energy level in the
channel to obtain the desired Bit-error-rate. The peak signal
level relative to that average defines the maximum dynamic
range that must be accommodated by the components in
the signal flow path to support the desired average. High
sensitivity to frequency offset errors which destroy
orthogonality among subcarriers and result ICI.
As is well known, the carrier frequency offset attenuates
the desired signal and causes inter-carrier-interference, thus
reducing the signal-to-noise ratio (SNR).The undesired ICI
degrades the performance of the system.

The filter of OFDM have non-ideal spectral transfer
function. Due to dispersive effects of wireless channel, ISI
of adjacent OFDM symbol results and degrades the error
performance of the system. Therefore, a cyclic extension is
appended to OFDM symbol to compensate for these
effects. Although a buffer of zero would suffice in
preventing ISI, the use of cyclic extension has more
advantage representation of the use of cyclic extension is
shown in fig. 3. This cyclic extension is called (CP).The
CP is created by copying the end of the OFDM symbol and
placing that copy at the beginning of the symbol, for every
symbol .The length of CP is selected according to the
impulse response of wireless channel .As a result of
channel dispersion, the samples of symbol M-1 spreads to
symbols M+1.The CP must have enough length to capture
the interference due to channel dispersion.

Fig. 3: Cyclic prefix for avoiding ISI

5. CAPACITY
In the capacity of conventional MIMO, MIMO-OFDM and
spread MIMO-OFDM in presence of multipath is studied.
Spread MIMO-OFDM is MIMO with OFDM and CDMA
i.e. above MIMO-OFDM a spreading code is used in the
signal .In the single user case the results showed that
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capacity for the conventional MIMO without ISI is the
highest and they state that it is upper bound of capacity
limit. MIMO-OFDM and spread MIMO-OFDM would be
similarly impacted by multipath. This seems reasonable
since OFDM with long enough cyclic prefix is a powerful
mean to mitigate multipath.
In multiuser channel spread MIMO-OFDM provides more
capacity than the other schemes. MIMO-OFDM channel
capacity is analyzed both with fixed receiver signal-tonoise ratio (SNR) and fixed transmitter (Tx) power criteria.
It is found that fixed SNR capacity increased while fixed
(Tx) power capacity decreased in both environments by the
presence of pedestrian. It is also revealed that the spread of
the capacity cumulative distribution function (CDF)
increased due to the pedestrians in both environments with
both criteria.

6. PAPR (PEAK TO AVERAGE POWER
RATIO)
Orthogonal Frequency Division Multiplexing (OFDM) is
an efficient method of data transmission for high speed
communication systems. However, the main drawback of
OFDM system is the high Peak to Average Power Ratio
(PAPR) of the transmitted signals. OFDM consist of large
number of independent subcarriers, as a result of which the
amplitude of such a signal can have high peak values.
Coding, phase rotation and clipping are among many
PAPR reduction schemes that have been proposed to
overcome this problem. Here two different PAPR reduction
methods e.g. partial transmit sequence (PTS) and selective
mapping (SLM) are used to reduce PAPR. Significant
reduction in PAPR has been achieved using these
techniques. The performances of the two methods are then
compared.
A measure problem of multicarrier system is that they
show great sensitivity to nonlinear distortion. In-band and
Out-of-band interferences caused by nonlinear distortion
degrade BER performance of the system and give rise to
interference to adjacent frequency bands, respectively .At
the transmitter, the high power amplifier (PA) is the main
source of nonlinear distortions. Due to the fact that
amplifier of nonlinearity is amplitude depend, the
amplitude fluctuations of the input signal are of a concern.
To peak –to-average power ratio (PAPR), which is defined
has the ratio of the peak power of the signal to its average
power, is a measure of the amplitude fluctuations of the
signal. Any multicarrier signal with a large number of
subcarrier may have a high PAPR due to occasional
constructive addition of subcarriers. In OFDM, when the
number of carrier is large, the central limit theorem holds
and the time domain of the OFDM signal, sample at
Nyquist rate, are approximately zero-mean complex
Gaussian random variables. Then, the complementary

cumulative distribution function (CCDF), which is the
probability that the PAPR of an OFDM symbol exceeds the
given threshold PAPR0, can be expressed as
CCDF = Pr (PAPR > PAPR0)
The problem of this PAPR approximation is that it is
derived for the Nyquist rate sampled version of a
continuous signal. The continuous signal may have higher
amplitude peak than our maximum sample would imply
and this analysis underestimates the distribution of the
PAPR .It can also be noted that the Gaussian distribution
has infinite values but the largest amplitude value of an
OFDM signal is only N times the average amplitude of the
carriers thus the approximation does not hold very
accurately on the large amplitudes .i.e. the shape of the
PAPR distribution is does not follow Gaussian in the tails
of the distribution. The Gaussian approximation is
compared to a CCDF of a Nyquist rate sampled signal and
to CCDF of an oversampled signal with oversampling
factor.

A. Example of PAPR prediction in MIMO –OFDM
A number of techniques have been proposed to reduce
PAPR and they can be divide in two kind of approaches .In
the first approach. PAPR reduction can be obtained with
help of redundancy and the second one is to apply
correcting function to the signal to eliminate the high
amplitude peaks .This is very simple approach but is causes
interferences. Adding redundancy does not cause and
interference but it adds complexity of the transmitter and
lowers the net transmission rate.
Selective mapping (SLM) belongs to the first approach. In
SLM, V statistically independent sequences are generated
from the same information by multiplying with a certain
vector and that sequence with the lowest PAPR is selected.
The information of the vector used to generate the selected
sequence has to be sent to the receiver. Detection of the
signal depends also on the errors on the side information
transmission .In MIMO-OFDM SLM can be applied to
individual independently one of V sequences to be a
transmitted .In this way, each antenna are sending different
side information.
In a concurrent SLM approach is proposed .In this
approach common vector to all transmit antennas among
the V vector is selected. The selection is made based on the
lowest average PAPR over the N transmit antennas .In this
way the same information about the selected vector is sent
over all transmit antennas and thus diversity gain is
obtained and the errors are reduced. Correspondingly the
amount of redundancy could be lowered .As the selection is
made according to the average PAPR there will be slight
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degradation in PAPR performance compared to the
individual SLM approach.

[3]

The CCDF of the best sequence is
[4]

7. CONCLUSION
In this paper, the performance of MIMO-OFDM system
employing Quadrature Amplitude Modulation (QAM) in
Rayleigh fading channel is analyzed. The use of multiple
antennas at both ends of a wireless link (multiple-input
multiple output (MIMO) technology) has recently been
demonstrated to have the potential of achieving
extraordinary data rates. Orthogonal frequency division
multiplexing (OFDM) significantly reduces receiver
complexity in wireless broadband systems. The use of
MIMO technology in combination with OFDM, i.e.,
MIMO-OFDM therefore seems to be an attractive solution
for future broadband wireless systems.

[5]

[6]
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Abstract: In this paper Improvements in the performance
of a three-phase self-excited induction generator (SEIG)
through series compensation are presented. Both shortshunt and long-shunt configurations, of capacitive series
compensation requirement are calculated for the selection
of capacitive elements. It is clearly shown that short-shunt
method is more superior than long-shunt SEIG. Simulated
result showed the effectiveness using Fuzzy logic.
Keywords: Self excited induction generator, Short shunt &
Long shunt configuration and Fuzzy logic.

List of Symbols
R1, R2 = Per phase stator and rotor
RL= Per phase load resistance
X1,X2= Per phase stator and rotor
Xµ= Magnetizing reactance
Xc = Capacitive reactance of the terminal capacitor
Xs= Capacitive reactance of the series capacitor
a= Frequency, b= Speed
I1,I2= Per phase stator and rotor current
IL= per phase load current
VL= per phase load voltage
E1= Air-gap voltage

1. INTRODUCTION
Development on distributed power system is increasing day
by day in remote areas. The Self-excited induction
generator is considered as viable option due to specific
advantage over conventional synchronous generator. Main
advantage is over load protection occurrence at fault.
Current will be limited by the excitation, and the machine
voltage will collapse immediately. SEIG builds its voltage
from residual magnetism, with the help an a.c. capacitor
bank that provides the required reactive power from the
induction machine. These capacitors are connected in
parallel with the SEIG. Other important advantage of
SEIG are brushless construction (squirrel-cage rotor),
reduced size, absence of DC power supply for excitation as
in synchronous generators, reduced maintenance cost, good
over speed capability, self short circuit protection

capability and no synchronizing problem. Lahcene[1]
presented in this paper analysis of self-excited induction
generator.
Different methods have been proposed for regulating the
voltage of the SEIGs .The scheme based on switched
capacitors finds limited application because it regulates the
terminal voltage in discrete steps and it may create
switching transients. Also a shunt connected saturable core
reactor may be used as a variable VAR generator. The
static VAR compensators (SVC) use a capacitor and
inductor with fast switches (GTO´s, thyristors or IGBT´s).
Most recent methods are mainly based on either voltage-orcurrent static capacitors STATCOM that are based on a
DC/AC converter (or inverter), which is able to generate
leading or lagging reactive power. These last two methods
are often found to be complex with reduced reliability as
electronic circuits used therefore are prone to failure in
field application, and the switching injects harmonics in the
line current of the system. Yogesh K.[2] have described the
Performance of self-excited induction generator with cost
effective static compensator. Use of additional passive
elements to provide self-regulating features therefore was
considered worthy of exploration . Inclusion of series
capacitors to provide additional reactive power with
loading is one of the attractive options to improve the
regulation of SEIGs.

2. MODELLING OF SHORT-SHUNT SELFEXCITED INDUCTION GENERATOR
WITH SERIES COMPENSATION
Model used to analyze self-excited induction generators
has been classified into two major categories, are loop
impedance and nodal admittance method. N.H.Malik[3]
represented study-state analysis of self-excited induction
generator. S.S. Murthy [4] described the loop impedance
method and Jesus Frail-Ardanuy [5] presented nodal
admittance method and T.F. Chan [6] used an iterative
method to describes the steady-state analysis of selfexcited induction generator. D.Joshi [7] used Iterative
technique to find the generated frequency and Artificial
Neural Network (ANN) has applied to capture the nonlinear magnetization characteristics of induction machine.
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Fig. 1: Schematic diagram of the Short-Shunt selfexcited induction generator with series compensation.
The basis of system design is, firstly, to determine the
value of shunt capacitors to produce the self-excitation of
the generator and, secondly, to calculate the value of series
capacitors to ensure that the voltage and frequency of the
induction generator are within the desired range. The
steady-state analysis of the SEIG involves solution of the
following problem: given the machine parameters, speed,
excitation capacitance, series capacitance and load
resistance, it is necessary to determine the value of per-unit
electric frequency ‘a’ and the magnetizing reactance ‘Xµ’.
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Equating to zero the real and imaginary part, in (6) the
following two equations are obtained;
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Therefore for magnetizing reactance can be written as from
equation (8)
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From these equations (7) and (8) frequency and
magnetizing reactance can be calculated. If Xµ is less than
the saturated value an operating point exists and
corresponding air-gap e.m.f. E1 can be calculate from
magnetizing curve of generator and estimated by equation
Ø1
= 1.714 − 0.4£μ
r

Fig 2: Steady-state equivalent circuit of the short-shunt
SEIG
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ô

ô



ö÷ Qõ÷ø

=

I = I .

(3)

Voltage

(4)

î
  Q0ù %òó %óù 

ï

î
V ï úîù W Qó %óù 

Load current and Terminal voltage given by equation

(2)

And admittance
~ëª = õ

Stator current given byØ
 = . ~ëª
r

(5)

−{£
r( − {£Å

VL= RLIL

By using these analysis theoretical result calculated, using
following base values. Calculated excitation and series
capacitor value are taken as input and frequency, terminal
voltage and current taken as output for Fuzzy-Logic
analysis.
 w = rated voltage =230 V
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 w =rated phase current=4.74
 w =

ñï
ñï

Base speed  w =1500 rev/min
=48.52

Table.1: For terminal voltage and Current.

INPUT

OUTPUT

S.
No

(µF)

C
( µF)

a(Hz)

IL(Am
p)

VL
(Volt)

1

20

26

49.37

0.8231

175.93

2

25

28

49.25

0.9843

201.14

3

30

30

49.16

1.1036

217.33

4

35

32

49.09

1.1975

229.00

5

40

34

49.04

1.2692

237.24

6

45

36

48.99

1.3325

245.50

7

50

38

48.95

1.3929

252.23

8

55

40

48.92

1.4454

258.79

9

60

42

48.89

1.4884

264.13

10

65

44

48.87

1.5300

269.44

11

70

46

48.84

1.5692

274.69

12

75

48

48.82

1.5806

275.20

Cs

Fig.4: Steady-state equivalent circuit of the Long-shunt
SEIG
Total current at node A may be given by:
ê


?~ëì + ~í + ~ëª A = 0

(9)

Therefore under steady-state self excitation the total
admittance must be zero. Since E1≠0
Therefore under steady-state self excitation the total
admittance must be zero. Since E1≠0

?~ëì + ~í + ~ëª A = 0
~ëì =

î
%òó'
ïðñ
î 
V
W Qó 
ïðñ

(10)
(11)

~í = òó = −{ ó




ô

From this table.1: It is clear that as increasing the value of
capacitor, Voltage profile is increasing.

ô

(12)

And admittance

3. MODELLING OF LONG-SHUNT SELFEXCITED INDUCTION GENERATOR
WITH SERIES COMPENSATION

~ëª =
õ

It is worth comparing the performance of the short-shunt
SEIG with that of the long-shunt SEIG. In the long shunt
SEIG, the series capacitance is placed between the
generator terminals and the shunt capacitance, as shown in
Fig.3: The performance of the long-shunt SEIG is analyzed
by extending the technique described for the short-shunt
SEIG.
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Where Rt and Xt are
(û = 0ü þQó
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Total admittance is rewritten as.
î
%òó
ïðñ
î 
V
W Qó 
ïðñ

−



óô

+

î

V  Q0ù W%ó %óù %  
ï

ï

î

  Q0ù  Qó %óù % 
ï

ï

=0

(14)

Equating to zero the real and imaginary part, in (14) the
following two equations are obtained

Fig.3: Schematic diagram of the Long-Shunt selfexcited induction generator with series compensation

î
ïðñ

î
V  W Qó 
ïðñ
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4. RESULT AND ANALYSIS

(16)

A. Short-shunt configuration

Therefore magnetizing reactance can be written as
£í =


î
î
V  Q0ù WÚV  W Qó  Û
ï
ïðñ

î
î
Vó %óù %  W  ð  ï Q0ù 
ï ïðñ

(17)

From these equations (15) and (16) frequency and
magnetizing reactance can be calculated. If Xµ is less than
the saturated value an operating point exists and
corresponding air-gap e.m.f. E1 can be calculate from
magnetizing curve of generator and estimated by equation
Ø1
= 1.714 − 0.4£µ
r

Stator current given byê
 =  . ~ëª

Load current and Terminal voltage given by equation
−{£
I = I .
r( − {£Å

With reference table.1: following short shunt SEIG
simulated result are shown. In Fig.5 two input variable
series capacitor & excitation capacitor and three output
variable namely frequency, terminal voltage and load
current. Triangular membership function taken in mamdani
system. In Fig.6: making sixteen rule-base with
combination of ‘Low’, ‘medium’, ‘high’, and ‘very high’.
With making these rule-base final experimental result is
shown in fig.7. With this simulated result it is clearly
investigated that as increasing value of either excitation
capacitor or series capacitor terminal voltage and current is
increasing and frequency is reducing.Fig.8 shown surface
view of input and output result. The comparison of
computed results with simulated one gives the validity and
accuracy of proposed modeling for SEIG using fuzzy-logic.
Faa-Jeng[9] presented in this paper induction generator
with Fuzzy modeling.

Voltage  = ( 

Calculated value excitation and series capacitor value
taken as input and frequency, terminal voltage and current
taken as output for Fuzzy-Logic analysis. B.Singh,[8] has
presented improvements in the performance of self-excited
induction generator through series compensation.
Table.2: For terminal voltage and Current

INPUT
C(µF) a(Hz)
36
49.19
38
49.10
40
49.05
42
49.01
44
48.98
46
48.95
48
48.92
50
48.90

OUTPUT
IL(Amp) VL(Volt)
0.9875
167.83
1.1230
190.69
1.2163
206.62
1.2909
219.34
1.3522
229.80
1.4084
239.51
1.4575
247.92
1.4995
255.17

S.No.
1
2
3
4
5
6
7
8

Cs(µF)
200
300
400
500
600
700
800
900

9

1000

52

48.88

1.5415

262.42

10

1100

54

48.86

1.5778

268.70

11

1200

56

48.84

1.6113

274.57

12

1300

58

48.82

1.6429

280.05

Fig .5: Input & output of short shunt mamdani system

Fig. 6: Rule-Base for short-shunt SEIG
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Fig. 7 Fuzzy logic output result of short-shunt SEIG
Fig .10: Rule-Base for long-shunt SEIG

Fig.11: Fuzzy logic output result of long-shunt SEIG
Fig .8: Surface view of short-shunt SEIG

B Long-shunt configuration
With reference table.2: following simulated result shown.
Fig.8 shows two input variable series capacitor and
excitation capacitor, three out-put variable frequency,
terminal voltage and load current. Fig.9 depict rule base
with combination of input and out-put variable. Fig.10
shows output result, with increasing of shunt or series
capacitor terminal voltage and load current is increasing.
Li-wang[10] presented effect of capacitor in long shunt
self-excited SEIG. E.Bhim[11] presented voltage
compensation in long shunt configuration.

Fig .12: Surface view of long-shunt SEIG

5. CONCLUSIONS

Fig. 9: Input –output of long shunt mamdani system

The possibility of improving voltage regulation of the
SEIG by using an additional capacitance in series with the
load has been investigated. This paper presented a simple
analytical method based on nodal admittance to obtain the
steady state characteristics of an isolated self-excited
induction generator using Fuzzy logic. The preference of
the short-shunt over long-shunt configuration is clearly
demonstrated by the values of the capacitances with
economic point of view. It is clearly shown by
computational and simulated result using Fuzzy-logic.
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Abstract : In order to design energy constrained wireless
sensor networks (WSN) that must have extremely long
battery lifetimes, we propose a physical layer driven
approach to find the best modulation technique for WSNs
in a given scenario of three modulations viz. Amplitude
Shift Keying (ASK), Binary Phase Shift Keying (BPSK) and
Offset Quadrature Phase Shift Keying (OQPSK). In this
paper, we present the best modulation strategy to minimize
the total energy consumption required to send a given
number of bits in energy efficient wireless sensor network
scenario. In order to find the optimal transmission scheme,
the overall energy consumption including both
transmission and circuit energy consumption needs to be
considered. Simulation results shows that for uncoded data
transmission, by optimizing the transmission time and the
modulation parameters, up to 60% energy savings is
achievable over non optimized systems. On other hand for
coded data transmission, it is shown that the benefit of
coding (referred as “Coding Gain”) varies with the
transmission distance and the underlying modulation
schemes.
Keywords: Energy efficiency, Amplitude Shift Keying
(ASK), Binary Phase Shift Keying (BPSK), offset
Quadrature Phase Keying (OQPSK).

1. INTRODUCTION
WIRELESS sensor networks (WSNs) are typically
characterized by battery-powered sensor devices that are
expected to operate over prolonged periods of time.
Because of the difficulties in replacing the batteries of

si

mi

Message
Source

Signal
Transmission
Encoder

Carrier Wave

Modulator

these devices quickly and regularly and communication
being a major source of power drain in such networks,
energy-efficient communication protocols are of paramount
importance in such networks. To achieve this goal, one
needs to address the energy-saving measures in all possible
fronts such as physical layer, MAC layer, network layer
(e.g., energy-efficient routing) and application layer (e.g.,
data aggregation). Our aim is not to explain the functioning
of underlying mechanism of modulation schemes but to
evaluate their performance in terms of overall energy
consumption in the sensor network[1]. In this paper, we
consider three different modulation types frequently
employed in wireless communications; ASK, BPSK, and
OQPSK, and derive an energy minimization scheme for
point-to-point wireless communications. Our results shows
that, among these three modulation types, OQPSK has
been a preferable choice for WSNs [Table 1]. We
numerically analyze the minimum energy, considering both
transmit signal and circuit, spent per information bit.
Our main objective is to derive a suitable modulation
format and the optimum parameters that achieve minimum
energy consumption for a given distance between nodes.
The remainder of this paper is organized as follows.
Section III describes the modulation techniques, followed
by the modelling of a sensor node energy in Section IV and
then Simulation in Section V and Simulation results in
Section VI. Section VII extends our simulated results to the
performance analysis of higher level of Modulations
schemes viz. MQAM and MPSK which are widely used in
wireless communication. Finally, Section VIII concludes
the paper.

si(t)

x(t)

Communication
Channel

x

Detector

Estimate (m`)

Signal
Transmission
Decoder

Fig. 1: Basic Block diagram of a digital Communication System with modulation and demodulation process.
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2. RELATED WORK ON WSN
Researchers have explored the sensor node energy with
different modulation schemes. Chouhan et al. [1] have
proposed a framework for energy consumption based
design space exploration. Using this framework, the
authors have explored various modulations schemes and
observed that using modulations saves energy as compared
to unmodulated data transmission. E. Shih, S. Cho, F. S.
Lee [ 3] analyze both transmission time and constellation
size optimization for MQAM and MFSK (both coded and
uncoded), considering both transmission and circuit energy
consumption. For both MQAM and MFSK, it has been
shown that optimizing transmission time or, equivalently,
constellation size, minimizes the total energy used for
transmission of information[8].This paper extends the work
of [1] by considering more practical scenario; we consider
three
different
modulation
types
in
wireless
communications ASK, BPSK, and OQPSK, and find an
energy minimization scheme for point-to-point wireless
communications. Among these three modulation types,
OQPSK has been a preferable choice for WSNs. Further,
this paper is extended to the study of three most widely
used modulation schemes in wireless communication
systems, i.e. MQAM, MPSK and MFSK[6].

information in both amplitude and phase of the carrier
signal[7]. Digital cable television and cable modem
applications use QAM as modulation scheme invariantly. A
comparison of various modulation techniques is shown in
Table 1.
Classification of
Digital Modulation
Techniques

Amplitude Shift
Keying (ASK)

Quadrature
Amplitude
Modulation
(QAM)

3. MODULATION TECHNIQUES
In fig.2 the basic classification of modulation techniques is
shown in which the three basic binary modulation schemes
viz. Amplitude
Shift Keying (ASK), frequency Shift Keying (FSK) and
Phase Shift Keying (PSK)[8]. Fig.3 shows the basic block
diagram of digital communication system for modelling
and visualising the exact position of Modulator and
demodulator circuits in transmitter and receiver of a sensor
node. The Quadrature Amplitude modulation contains

Phase Shift
Keying (PSK)

M-ary Phase
Shift Keying
(MPSK)
• BPSK
• QPSK
• 16-PSK and
above

Frequency Shift
Keying (FSK)

• OFFSET
QPSK
(OQPSK)
• Differential
PSK(DPSK)

Fig.2 Classification of Digital Modulation techniques
The PSK scheme is mostly used in wireless communication
because the probability of
error (Pe) or (Bit Error
Rate(BER) in digital sense) is less as compared to ASK
scheme. in case of PSK the signal to Noise ratio (SNR) is
high. The complexity of coherent schemes is always high
compared to non coherent schemes. Coherent schemes
have less probability of error compared to non coherent
schemes under same conditions[9].

Table1 : Comparison of Digital Modulation Schemes
Modulation Scheme
Coherent ASK
Non-coherent ASK
Coherent FSK

S1(t) & S2(t)
S1(t) = A cos ωct
S2(t) = 0
S1(t) = A cos ωct
S2(t) = 0
S1(t) = A cos 2πf1t
S2(t) = A cos 2πf2t
(f1>f2)
S1(t) = A cos 2πf1t

Non-coherent FSK
Coherent PSK
Non-coherent PSK

Band
width

Probability
of Error (Pe)

Power
Efficiency

2 Rb

High

Low

High

2 Rb

High

Low

Low

2 Rb + (f1 -f2)

Moderate

High

High

>2Rb

Moderate

High

Low

2 Rb

Low

2 Rb

Low

S2(t) = A cos 2πf2t
S1(t) = A cos ωct
S2(t) = - A cos ωct
S1(t) = A cos ωct
S2(t) = -A cos ωct
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(SNR)

High
High

Complex
ity

High
Low
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ASK scheme has lowest noise immunity against noise.
PSK is best among all shift keying schemes(overall).
Coherent schemes require less power compared to
noncoherent schemes for same probability of error. In Marray signalling we can use M number of phases (in case
of PSK), M number of frequencies (in case of FSK), M
number of amplitudes levels (in case of ASK) for sending
digital data. By using M-array signalling scheme we can
send data at higher rate at the cost of increased
probability of error (Pe)[10].

M=16. Accordingly, in an AWGN channel , M-array QAM
performs better than the M-array PSK in error performance
for M>4.
For M-array FSK, with a fixed BER , increasing the value
of M results in reduced power requirement. However, this
reduction in transmitted power is achieved at the cost of
increased channel bandwidth.
Table 2 Comparision of Power-Bandwidth
requirements of M-array PSK with binary PSK at
BER=10-4

The Bandwidth required for any M-array modulation
scheme is
BW=

  Þß  
!"# $

Sr. No.
(1)

1

Modulation
Scheme
Coherent ASK

For M-array PSK,
BWPSK =

# %&

!"# $

2
(2)

3

A desirable modulation techniques must provide low BER,
performs well in multipath and fading conditions, occupies
minimum BW, consumes less power, easy to implement
and cost effective.

4

Coherent binary
PSK
Coherent QPSK
Coherent MSK
DPSK
Coherent binary
FSK

Bit Error rate (BER)
¡' )
*
 '(
4I

1
=.+?Ø /I A
2

1
=,-−Ø /I 
2
1
=.+?2Ø /IA
2

A. Bandwidth and Power Efficiency of M-Array
Digital Modulation Techniques:

4. MODELING AND ANALYSIS OF
WIRELESS SENSOR NETWORKS:

In table 2. we summarised typical values of power –
bandwidth requirements for coherent binary and M-array
PSK schemes[8], assuming probability of symbol error rate
equals to 10-4 and the systems operating in identical
channel environments[15]. From these results , we observe
that among the family of M-array PSK signals, QPSK
(M=4) offers the best trade-off between bandwidth and
power requirements. For this reason QPSK is widely used
in practice. For M>8 , power requirement becomes
excessive therefore M-array PSK schemes with M>8 are
not used widely in practice. Also, coherent M-array PSK
scheme require more complex equipments than coherent
binary PSK scheme for signal generation and detection.

In such a scenario, to evaluate the utility of modulation
schemes from an energy perspective, one has to consider
the energy consumed in transmission of the signal[12] i.e.
transmitter power and reception of the signal i.e. receiver
powers respectively.

Basically, M-array PSK and M-array QAM have similar
spectral and bandwidth characteristics. For M>4, the two
schemes have different constellation size. For M-array PSK
the signal constellation size is circular, whereas for Marray QAM it is rectangular. Moreover a comparision
between the these two constillations reveals that the
distance between the message points of M-array PSK is
smaller than the distance between the message points of Marray QAM, for a fixed transmitted power . The basic
difference between the two schemes is shown in fig.8. for

Ø.)Ùw =

ê/ï0§1 Qêþ123

(3)

Where, Eradio and Ecomp are Energy consumed in RF circuit
(transmitter-receiver section) and Computation circuit
(micro-controller section)of the sensor node. The Eradio is
modelled as
Ø-Ù¤) =

¶45 Å45 Q¶67 Å67 Q¶ÆîÅÆî

(4)

where, PON, PSP, and PTR are the powers consumed during
transceiver ON, SLEEP, and TRANSIENT modes and TON,
TSP, and TTR are the Transceiver ON, SLEEP, and
TRANSIENT mode durations, respectively and L is no. of
Transmitting bits. The Ecomp is modelling depends upon the
architecture of the microprocessor used inside the WSN
node. Here we have considered the energy model of
MICAZ motes.

♦ 128 ♦

Performance Analysis of Modulation Schemes for Energy Efficient Wireless Sensor Networks

Table 3: Simulation Parameters[18]
Parameters
Values
Radio Type
802.15.4 Radio
Transmission Power (dBm)
15.0
Packet Reception Model
PHY 802.15.4
Reception Model
Antenna Gain (dB)
0.0
Antenna Height (meters)
1.5
Antenna Efficiency (dB)
0.8
Antenna Mismatch Loss (dB)
0.3
Antenna Cable Loss (dB)
0.0
Antenna Connection Loss (dB)
0.2
Antenna Model
Omni directional
Temperature (K)
290.0
Noise Factor (dB)
10.0
Energy Model
MICAz Motes

5. SIMULATION OF WSN
Here we have used Qualnet 5.0 Network simulator which
has a research library for wireless sensor networks. In this
simulator, we have used a sample scenario of home
automation (Zigbee Auto Home) and simulated the
scenario for 60 sec. in real time within the range of
dimension area as 500X500 meters. We have done a batch
experiment in Qualnet for the three modulation schemes.
First we take ASK as modulation scheme and simulate the
scenario and note down the Energy consumed in all nodes.
Then we take next modulation scheme in the batch
experiment and so on. An important feature of this
methodology of research is that this work can be extended
for advanced modulation schemes also like MQAM,
MPSK etc. for better choice of modulation schemes for
WSNs.

OQPSK Modulation Schemes respectively. Clearly, here
the energy consumed by the BPSK modulation scheme in
transmit mode is highest (9.745 mJ). Fig.2 shows the
Energy Consumed (mJ) by all nodes in the network
scenario in Receive Mode using ASK, BPSK and OQPSK
Modulation Scheme respectively. Here also, the energy
consumed by the BPSK
WSN
Applications

Modulation
Library:
1. ASK
2. BPSK
3. OQPSK

Fig.3 A Zigbee Auto-home Wireless Sensor Network
Scenerio in Qualnet Network Simulator with twelve
sensor nodes

WSN
Constraints

Configuration
Selector

Candidate
Configuration

Table 3 shows the simulation parameters i.e. Radio Type,
Transmission Power, Packet reception model, Antenna
Gain (dB), Noise factor and the type of Energy model used
in the sensor nodes.

WSN
Configuration
with optimal
Energy

Energy
Simulator

6. SIMULATION RESULTS
In our batch experiment [18], the simulations results for
three modulation scheme is shown respectively for all
nodes. Fig.1 shows Energy Consumed (mJ) by all nodes in
the network scenario of Home automation in Transmission
Mode using ASK, BPSK and

Configuration
Energy

Fig.4 A Framework for Performance Analysis of
Modulation schemes in WSNs.
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Fig. 5 A batch experiment result of Energy Consumed
(mJ) by all (twelve) nodes in the network scenario of
Home automation in Transmit Mode using ASK, BPSK
& OQPSK Modulation Schemes

Fig.6 A batch experiment result of Energy Consumed
(mJ) by all (twelve) nodes in the network scenario of
Home automation in Transmit Mode using ASK, BPSK
& OQPSK Modulation Schemes.

Table4. Simulation Results

Receive
Mode
(mJ)

Sleep Mode
(mJ)

Idle Mode
(mJ)

Total
Energy
Consumed
(mJ)

Experiment
No.

Modulation
Scheme

Transmit
Mode
(mJ)

1

ASK

2.071

1.203

0

10.739

14.013

2

BPSK

9.745

5.525

0

10.487

25.757

3

OQPSK

2.250

1.415

0

11.736

15.401

7. EXTENSION OF OUR ANALYSIS OF ASK,
BPSK AND OQPSK TO MQAM, MPSK AND
MFSK SCHEMES:

c.

Based on the performance curves shown in fig.8 and fig.9,
the summary of formulas given in Table3, and the defining
equations for the modulation formats, [8]we can make the
following statements:

d.

a.

b.

The bit error rates for all the systems decreases
monotonically with increasing values of Eb/N0 ; the
defining curves have a similar shape in the form of a
waterfall.(fig.7)
For any value of Eb/N0 , coherent binary PSK, QPSK,
and MSK, OQPSK and QAM produce a smaller bit
error rate as compared to any other modulation
scheme. (fig.7)

e.
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Coherent binary PSK and DPSK require an Eb/N0 that
is 3 dB, less than the corresponding values for
conventional coherent binary FSK, to realise the same
bit error rate. (fig.9)
D. At high values of Eb/N0 , DPSK perform almost as
well (to within about 1 dB) as coherent binary PSK
and conventional coherent binary FSK, respectively ,
for the same bit rate and signal energy per bit.
In coherent QPSK, two orthogonal carriers
2/) cos(28+  and 2/) sin28+  are used,
where the carrier frequency fc is an integer multiple
of the symbol rate 1/T, with the result that two
independent bit streams can be transmitted
simultaneously and subsequently detected in the
receiver. (fig.7)
The MSK scheme differs from its counterpart, the
QPSK,[15] in that its receiver has a memory. In

Performance Analysis of Modulation Schemes for Energy Efficient Wireless Sensor Networks

f.

particular, the MSK receiver makes decision based on
observations over two successive bit intervals.
As the value of M increases the signal to noise ratio
also increases. Practically, in wireless communication
we don’t use value of M>8 .

Fig.9 BER performance of various modulations
schemes used in wireless communication.

8. CONCLUSION
From Table 4, out of the group of ASK, BPSK and
OQPSK, the OQPSK proves to be the best modulation
scheme as ASK has high probability of error. Therefore,
even if the energy consumption of ASK is less than
OQPSK but due to its high sensitivity to noise we reject
this modulation scheme and choose OQPSK out of the
three modulation schemes taken in our batch experiment
simulation.Our extension of results to higher modulation
schemes shows [8] that, for any value of Eb/N0, coherent
binary PSK, QPSK, and MSK, OQPSK and QAM produce
a smaller bit error rate as compared to any other
modulation scheme.

Fig.7: Simulation results for of ASK, BPSK and
OQPSK in MATLAB
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Abstract: This paper deals with performance evaluation of
well known image compression algorithm i.e. Discrete
cosine transform (DCT), decomposition algorithm known
as Singular Value Decomposition (SVD) and wavelet based
image compression Set Partition in hierarchical Tree
(SPIHT) . Due to multi resolution nature of wavelet
transforms, SPIHT provides better image compression at
higher compression ratio. The techniques are implemented
in MATLAB and compared using the performance
parameters PSNR, MSE and compression ratio. Images
obtained with SPIHT technique yields higher compression
ratio and better visual quality.

Keywords: DCT, SVD and SPIHT
Now a day the data are transmitted in the form of images,
graphics, audio and video. These types of data require a lot
of storage capacity and transmission bandwidth. With the
growth of multimedia and internet, large amount of data are
transmitted through network. Large amount of data can’t be
sent if there is low storage capacity and bandwidth. To
solve this problem data has to be compressed by using one
of the algorithms and then it can be sent easily. [1]
Image compression means minimizing the size in bytes of a
graphics file without degrading the quality of the image to
an unacceptable level. The image compression techniques
are categorized into two main classifications namely lossy
compression techniques and Lossless compression
techniques [2].Lossless compression works by compressing
the overall image without removing any of the image's
detail. Lossy compression works by removing image detail,
but not in such a way that it is apparent to the viewer.
Lossy techniques provide for greater compression ratios
than lossless techniques.
The discrete cosine transform (DCT) is a technique for
converting a signal into elementary frequency components.
It is widely used in image compression. The DCT is a close
relative of the Discrete Fourier transform (DFT). The onedimensional DCT is useful in processing one-dimensional
signals such as speech waveforms. For analysis of twodimensional (2D) signals such as images, we need a 2D

version of the DCT. DCT is the lossy method of image
compression. [7]
Singular Value Decomposition is based on dividing the
image matrix A into product USVT, which allows us to
refactoring a digital image in three matrices. The using of
singular values of such refactoring allows us to represent
the image with a smaller set of values, which can preserve
useful features of the original image, but use less storage
space in the memory, and achieve the image compression
process. [7]
Most recently the Wavelet based image compression is
introduced. In this type, the coders give a better
improvement in the picture quality in the higher
compression ratios. There are plenty of algorithms are
found under this Wavelet based transforms such as
Embedded Zero Tree Wavelet (EZW), Set Partition in
hierarchical Tree Algorithm (SPIHT) etc.[2]
In this paper, we will do comparison with all three
techniques i.e. DCT, SVD and SPIHT on different
performance measure such as Peak to Noise Ratio (PSNR),
Mean Square Error (MSE) and CR (Compression Ratio).

1. DISCRETE COSINE TRANSFORM
The discrete cosine transform (DCT) is a technique for
converting a signal into elementary frequency components.
It is widely used in image compression. The DCT is a close
relative of the Discrete Fourier transform (DFT). The onedimensional DCT is useful in processing one-dimensional
signals such as speech waveforms. For analysis of twodimensional (2D) signals such as images, we need a 2D
version of the DCT. The following equations are the
idealized mathematical definitions of the 8x8 FDCT and
8x8 IDCT.
<, 9 =
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across the sub bands in order to exploit the inter-band
correlation. SPIHT algorithm uses a special data structure –
spatial orientation trees (SOT). This particular structure is
not only made full use of different scales the correlation
between the wavelet coefficients, but also give full
consideration to the correlation of the same scale wavelet
coefficients.

Some simple intuition for DCT-based compression can be
obtained by viewing the FDCT as a harmonic analyzer and
the IDCT as a harmonic synthesizer. DCT based image
compression relies on two techniques to reduce the data
required to represent the image. The first is quantization of
the image's DCT coefficients; the second is entropy coding
of the quantized coefficients. Quantization is the process of
reducing the number of possible values of a quantity,
thereby reducing the number of bits needed to represent it.
Entropy coding is a technique for representing the
quantized data as compactly as possible.

2. SINGULAR VALUE DECOMPOSITION
(SVD)
Singular Value Decomposition is a lossless compression
technique. The main advantage of SVD is that it localizes
most of the energy content of the matrices into few singular
values [5]. It is a general linear algebra technique which
diagonalizes a given matrix and decomposes it into three
individual matrices. SVD method can transform matrix A
into product USV T, which allows us to refactoring a digital
image in three matrices. The using of singular values of
such refactoring allows us to represent the image with a
smaller set of values, which can preserve useful features of
the original image, but use less storage space in the
memory, and achieve the image compression process Let A
is an m x n matrix and this matrix have a real-valued data,
where m≥n. Now A is decomposed into three individual
matrices U, S and V. The equation of singular value
decomposition is given by
A = U S VT

(3)

Where U and V are m x m orthogonal matrices and S is m
x n diagonal matrix. The geometry of an image depends on
U and V matrices and S matrix is responsible for energy
content of the image.
3. SET PARTITIONING IN HIERARCHICAL TREE
(SPIHT) ALGORITHM
The SPIHT algorithm was developed by Said and Pearlman
in 1996. The SPIHT uses the fundamental idea of zero-tree
coding from the EZW but is able to obtain a more efficient
and better compression performance in most cases without
having to use an arithmetic encoder. It uses wavelet sub
band decomposition and imposes a quad tree structure

Fig 1: Tree structure used in the SPIHT algorithm
The algorithm searches each tree, and partitions the tree
into one of three lists: 1) the list of significant pixels (LSP)
containing the coordinates of pixels found to be significant
at the current threshold; 2) the list of insignificant pixels
(LIP), with pixels that are not significant at the current
threshold; and 3) the list of insignificant sets (LIS), which
contain information about trees that have all the constituent
entries to be insignificant at the current threshold. [2] The
SPIHT algorithm consists of three stages: initialization,
sorting pass and refinement pass. At the initialization stage
the SPIHT first defines a start threshold according to the
maximum value in the wavelet coefficients pyramid, then
sets the LSP as an empty list and puts the coordinates of all
coefficients in the coarsest level of the wavelet pyramid
(LL band) in the LIP and those which have descendants to
the LIS. In the sorting pass, the elements in the LIP then in
the LIS are sorted. For each pixel in the LIP it performs a
significance test against the current threshold and outputs
the test result (0 or 1) to the output bit stream. If a
coefficient is significant, its sign is coded and then it’s
coordinate is moved to the LSP. During the sorting pass of
LIS, the SPIHT does the significance test for each set in the
LIS and outputs the significance information (0 or 1). If a
set is significant, it is partitioned into its offspring and
leaves. The current threshold is divided by 2 and the
sorting and refinement stages are continued until we
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achieve the target bit-rate. [6] Steps of SPIHT Algorithm as
follows:
1.

3.

If coefficient (i,j) is significant, then the output "1"
and the sign bit is sent out , the node removed from
the LIP form, added to the LSP end of the table.

4.

If coefficient (i,j) is not significant, then the output
should be "0", do not remove this node, the
corresponding coordinates are moved to the LIP or
LIS respectively, for subsequent testing at a lower bit
level.

5.

For the same threshold value, scan each node fine in
turn in LSP table fine: output not newly added node
LSP table wavelet coefficients corresponding to the
first binary representation of n +1 bits, the scan end.

6.

for the next scan: threshold T←T/2, n←n-1, repeat
step (3) and step (4) step (5), until the threshold
values or bit rate compliance encoder requirements.

M

N

y =1

x =1

∑ ∑ [I ( x ,

y ) − I ' ( x , y ) ]2

Where I(x,y) is the original image, I'(x,y) is the
approximated version (which is actually the decompressed
image) and M,N are the dimensions of the images. Peak
Signal-to-Noise Ratio (PSNR) is more subjected to the
qualitative measurement of distortion. For an 8-bit image it
is defined by-

n= [log2max| (i, j) |]
For a given threshold, searches LIP, LIS table to
determine the importance of each wavelet coefficient
in LIP table.

1
MN

(4)

Initialize the LIP, LIS, LSP table and determine the
Maximum threshold Threshold T=2n, Where,

2.

=

MSE

PSNR= 20 log 10 (255/ SQRT (MSE))

(5)

Depending on the image properties, a simple decision
making criterion is used to choose the transform to be
employed. The decision making criterion is based on the
observation of standard deviation (SD) of the source image.
SD of an image is larger when it has many abrupt changes
in intensity than when the image has smoothly varying
intensity. Image compression is based on the following
algorithm:
The SD of current block is computed and if it is lesser than
the decision making parameter (40), the DCT is used to
compute the transform coefficients. Conversely if the
standard deviation is more than the decision making
parameter (50) the SPIHT transform is used and if its
value is between the 40 & 50 then SVD is used .This is
done because DCT is computationally efficient and
achieves good performance for images characterized by
high correlation. In contrast, SVD provides optimal energy
packing efficiency for less correlated images and SPIHT
has many advantages over others.

3. EXPERIMENTAL RESULTS
The three schemes are discussed here and stimulated on the
platform called MATLAB. In this paper we select 8 bit
grey scale image. The quality of the image is analysed by
measuring PSNR and MSE
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Table-1 shows the performance evaluation of algorithm in terms
of PSNR, MSE and compressed size of different images.
S.
NO.

IMAGE
NO.

SD

Selected
technique

1
2
3
4
5
6
7
8
9
10

1
2
3
4
5
6
7
8
9
10

31.724
44.454
45.804
46.787
47.256
47.786
48.829
50.555
52.594
66.346

DCT
SVD
SVD
SVD
SVD
SVD
SVD
SPIHT
SPIHT
SPIHT

DCT
PSNR
32.74
57.76
55.77
41.36
53.29
32.81
49.33
41.41
30.7
29.33

MSE
34.56
0.109
0.172
4.757
0.305
34.01
0.759
4.695
55.31
75.93

SVD
CR
12.21
12.21
12.21
12.21
12.21
12.21
12.21
12.21
12.21
12.21
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PSNR
38.16
67.29
65.97
44.99
62.72
37.7
56.67
44.97
33.97
33.07

MSE
9.93
0.01
0.02
2.06
0.03
11
0.14
2.07
26.1
32.1

SPIHT
CR
62.16
62.16
62.16
62.16
62.16
62.16
62.16
62.16
62.16
62.16

PSNR
37.94
57.16
55.86
54.48
54.05
37.25
50.8
45.86
36.41
40.43

MSE
10.44
0.125
0.1687
0.2316
0.2557
12.257
0.5406
1.6861
14.853
5.8926

CR
40.18
41.94
41.86
40.25
41.35
40.25
40.9
39.88
39.81
37.61
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As shown in table it is observed that if SD is more than 50 then SPIHT technique is used ,if SD is in between the 40 & 50
then SVD technique is used and if SD is less than 40 then DCT technique is used. . It has been observed that DCT gives the
poor quality as compared to SPIHT and SVD and SPIHT gives the better quality as compared to DCT and SVD.

Fig 1 : Visual Comparison (a) Original Image (b) SVD Image (c) DCT Image (d) SPIHT Image

4. CONCLUSION
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Abstract: In this paper, classification of polsar images is
suggested by using a hybrid classifier which is ensemble of
some other classifiers. A simple and easy to be parallelized
ensemble method is proposed as a unsupervised tool for the
accurate classification of PolSAR imagery. The proposed
method uses two different classifiers. One as spatial
partitioning method, assigning each leaf of each tree a
distinct region label. So they are called as clustering trees.
And other one is used as the second classifier for
generating the class labels. But the final map is generated
by voting over the ensemble of results of the two classifier.
Classification is performed with each feature individually
and with the multiple features selected based on the simple
but efficient selection criterion. Then final result is
achieved after a particular logic performed on the results
of two classifier.
Keywords: Feature evaluation, feature selection, HYBRID
Classifier, multifeature combination, SAR image
classification.

1. INTRODUCTION
Synthetic Aperture Radar is a radar technology that is
used from satellite or airplane. It produces high resolution
images of earth‘s surface by using special signal
processing techniques. Synthetic aperture radar has
important role in gathering information about earth‘s
surface because it can operate under all kinds of weather
condition (whether it is cloudy, hazy or dark).However
acquisition
of
SAR
images
face
certain
problems.Synthetic-aperture radar (SAR) has seen wide
applications in remote sensing and mapping. Synthetic
aperture radar technology has provided terrain structural
information to geologists for mineral exploration, oil spill
boundaries on water to environmentalists, sea state and
ice hazard maps to navigators, and reconnaissance and
targeting information to military operations. Our
methodology will improve the performance statistics of
pattern recognition & recent classification schemes of
POLSAR image which are limited by the selected feature
dimension on newly proposed classification technique
because the effectively in dimension reduction is very

impressive & makes this strategy outstanding.HYBRID
Classifier focuses on predicting the right algorithm for a
particular problem based on characteristics of the database
or based on the performance of other, simpler learning
algorithms. Stacking is concerned with HYBRID-learning
of ensemble learning schemes or HYBRID-classification
schemes.A classifier ensemble, consists of a set of n
classifiers C1, …Cn, called base-level classifiers and a
HYBRID-level classifier CML that learns how to combine
the predictions of the base-classifiers. The base-classifiers
are generated by applying n different classification
algorithms on a labelled dataset, the training set,
TRAINSET ={(xk , yk)}, where xk and yk are the features
and the class value for the k-th instance vector respectively.
The individual predictions of the base-classifiers on a
different labeled dataset TESTSET, are used to train the
HYBRID-classifier CML. The predictions of the baseclassifiers on TESTSET are then transformed into a
HYBRID-level set of classification vectors. At runtime,
CML combines the predictions PM(x) = {Pi(x), i = 1…n}
of the n base classifiers on each new instance x, from the
test data and decides upon the final class value y(x). The
final predictions of the base-classifiers on x are
transformed into a single vector representation, which is
then classified by CML.
The above mentioned technique is implemented using
MATLAB. The results obtained are compared to other
competitive classifiers. A particular attention is devoted to
the optimization of classifier parameters for better
performance.

2. POLARIMETRIC FEATURE EXTRACTION
& COMBINATION
2.1 Polarimetric Features
Polarimetric features of PolSAR images can be divided into
two categories that is features based on original data and
their transforms and the features based on polarimetric
target decomposition. In this paper, features from second
category are used. Table I lists the features used in this
work.
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2.1.2 Automatic Feature Combination
Automatic selection and combination of different feature
types is always necessary when there are a large number of
feature types. Since there may exist many relevant and
redundant information between different feature types,
classification accuracies of different feature types are
needed to be considered along with keeping track of their
correlations. In this section, a metric-based feature
combination is proposed to balance the feature dependence
and classification accuracy. Given a feature type pool Fi (i
= 1, 2, . . . , N), the feature dependence of the ith feature
type is defined in (equ.no.1)
N−1
E,ER corrcefPR , PE 

DepR = ∑L

1

where Pi the terrain classification accuracy of the ith
feature type in feature type pool. corrcoef (·) is the
correlation coefficient. Depi is actually the reciprocal of
average crosscorrelation coefficient of the ith feature type
which represents the average coupling of ith feature type
with other feature types. Under the assumption that these
two metrics are independent in feature combination,
selection metric of ith feature type Ri can be defined in
(eq.no.2)
( = ¢=- × ¡

2

where Ai is the average accuracy of ith feature type. If Ri is
low, the corresponding feature type will be selected with
low probability and vice-versa. After classification
accuracy of each feature type is obtained, features are
proposed to be combined automatically as outlined in
Algorithm 1.Features with higher selection metric have
higher priority to be selected which is allowed to happen
only if this selection improves the classification accuracy
with a predefined threshold.

Fig. 1: Flowchart of the proposed HYBRID
The procedure is initiated by extracting the widely used
polarimetric descriptors for classification. Then, a stratified
strategy is used to select the samples randomly from the
dataset which are used to train the classifier. Training
model is saved and class label of each testing sample is
predicted with this model.
Classifier parameters are set based on experimental
observations. Classification accuracy with each single
polarimetric descriptor
is evaluated.
Automatic
combination of features is recommended since it is more
flexible.

4. EXPERIMENTAL RESULTS
4.1 Experimental Dataset
The AIRSAR polarimetric SAR data of Death-Valley is
used for feature analysis and comparison. The selected
PolSAR image has 1024 X 1279 pixels. To avoid the
computational complexities, a cropped portion of the image
with 61 x 46 pixels is taken. Pseudo colormap of the
cropped region is prepared using four colors which
correspond to four classes. The classification accuracy of
each terrain is used to evaluate the different feature types
and their combination. In training stage, 50 samples of each
class are selected at random as training data. One hundred
samples of each class are selected at random for testing
stage. Finally KNN, ERCF and HYBRID classifiers are
used for evaluation of classification accuracy.

3. HYBRID CLASSIFIER
Table I.: Polarimetric features used in this paper
HYBRID classifier is a simple and easy to be parallelized
ensemble method is proposed as a unsupervised tool for the
accurate classification of PolSAR imagery. The proposed
method uses two different classifiers. One as spatial
partitioning method, assigning each leaf of each tree a
distinct region label. So they are called as clustering trees.
And other one is used as the second classifier for
generating the class labels. But the final map is generated
by voting over the ensemble of results of the two classifier.
Classification is performed with each feature individually
and with the multiple features selected based on the simple
but efficient selection criterion. Then final result is
achieved after a particular logic performed on the results of
two classifier.

♦ 139 ♦

Feature Description
Cloude Decomposition
Krogager Decomposition
Barnes Decomposition
H/A/α Decomposition
Huynen Decomposition
Cloude-Pottier Decomposition
Freeman-Durden Decomposition
Eigenvalue Decomposition Parameters-1
Eigenvalue Decomposition Parameters-2

Dimen
sion
3
3
3
3
3
3
3
12
4
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To summarize, HYBRID Classifier, introduced in the
classification step, incorporated with selected multiple
polarimetric descriptors have achieved satisfactory
classification accuracies that are as good as or better than
other state-of-the-art classification techniques having
comparable computational complexities. Hence HYBRID
is a promising approach for POLSAR image classification
and deserves the particular attention. It uses all features at a
tiem to classify an image and gives the better performance
result.

Fig. 4. (c) Cropped image

Fig. 4. (a) Original PolSAR image

4.2 Experimental Observations
•

With the complete feature set classification accuracy is
maximum for HYBRID as compared to KNN and
ERCF.

4.3 Performance Comparison of KNN, ERCF,
HYBRID
90
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ERCF

Fig. 4. (c) Pseudocolor image
Class1

KNN
Class2
Class3

Class4
Figure4 (b). Classification accuracies of using
KNN,ERCF, HYBRID for single and multiple features
cases

Fig. 4. (c) Legend
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ERCF

ERCF

KNN

KNN

HYBRID

HYBRID

Fig.4 (e) Misclassification result of individual classes
using ERCF, KNN, HYBRID

Figure4(f) Misclassification result of all the classes
using ERCF, KNN, HYBRID
Above figure shows the pixels of all the classes on an
average which are misclassified when the different
classifiers KNN, ERCF and HYBRID are employed for the
classification.
1. KNN: Less accurate classifier as more number of
pixels are misclassified.
2. ERCF: Better performance as compared to KNN as
less number of pixels are misclassified.
3. HYBRID: Best performance as compared to the KNN
and ERCF as misclassified pixels is least with
HYBRID.

Above figure shows the pixels of different classes which
are misclassified when the different classifiers KNN, ERCF
and HYBRID are employed for the classification.
1. KNN: Among the misclassified pixels red, blue and
dark red pixels are dominating.
2. ERCF: Among the misclassified pixels red and dark
red pixels are dominating.
3. HYBRID: Less number of pixels are misclassified as
compared to KNN and ERCF. Also the
misclassification rate is independent of class.
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5. CONCLUSION
Improvement in the classification accuracy compared to
other competitive classifiers is obtained. The results reveal
that with the single feature dimension there is large
variance in the classification accuracy among different
classes with each classifier. Multifeature combination
results in this variance reduction. Additionally, with
multifeature combination the classification accuracy
comparable to all feature set accuracy is obtained.
The problem of classifying PolSAR image with
multifeature combination and HYBRID classifier has been
addressed. The work started by testing the widely used
polarimetric descriptors foe classification and then
considering the automatic feature combination. HYBRID,
introduced in the classification step, incorporated with
selected multiple polarimetric descriptors have achieved
the satisfactory classification accuracies that as good as or
better than that using state of art classification techniques
which shows that the HYBRID is a promising approach for
PolSAR image classification and deserves particular
attention.
In future works, more features such as texture, shape etc.
might be considered to perform possibly more efficient
feature selection. Besides, a further validation of the
performance of the method using other descriptors to
represent the information of images, in order to access the
effectiveness of those descriptors from a classification
viewpoint and the flexibility of HYBRID.
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Abstract: In this paper we investigate and compare various
efficient pilot based channel estimation schemes for OFDM
systems. The channel estimation can be performed by
either inserting pilot tones into all subcarriers of OFDM
symbols with a specific period or inserting pilot tones into
each OFDM symbol. In this present study, two major types
of pilot arrangement such as blocktype and comb-type pilot
have been focused employing Least Square Error (LSE)
and Minimum Mean Square Error (MMSE) channel
estimators. Block type pilot sub-carriers is especially
suitable for slow-fading radio channels whereas comb type
pilots provide better resistance to fast fading channels [1].
Also comb type pilot arrangement is sensitive to frequency
selectivity when comparing to block type arrangement. The
channel estimation algorithm based on comb type pilots is
divided into pilot signal estimation and channel
interpolation. The pilot signal estimation is based on LSE
and MMSE criteria, together with channel interpolation
using linear interpolation and spline cubic interpolation
[2]. The symbol error rate (SER) performances of OFDM
system for both block type and comb type pilot subcarriers
are presented in the paper.

orthogonal to each other the nulls of one carrier coincides
with the peak of another sub carrier. As a result it is
possible to extract the sub carrier of interest OFDM
transmits a large number of narrowband sub-channels. The
frequency range between carriers is carefully chosen in
order to make them orthogonal one another. In fact, the
carriers are separated by an interval of 1/T, where T
represents the duration of an OFDM symbol [4].

Keywords: Channel Estimation, MIMO-OFDM, Pilot
carriers, Diversity, Spatial Multiplexing, Space time
coding, Rayleigh fading.

Fig 1.1: A single carrier of OFDM

1. INTRODUCTION
OFDM is simply defined as a form of multi-carrier
modulation where the carrier spacing is carefully selected
so that each sub carrier is orthogonal to the other sub
carriers. Two signals are orthogonal if their dot product is
zero. That is, if you take two signals multiply them together
and if their integral over an interval is zero, then two
signals are orthogonal in that interval. Orthogonality can be
achieved by carefully selecting carrier spacing, such as
letting the carrier spacing be equal to the reciprocal of the
useful symbol period. As the sub carriers are orthogonal,
the spectrum of each carrier has a null at the center
frequency of each of the other carriers in the system [3].
This results in no interference between the carriers,
allowing them to be spaced as close as theoretically
possible. The signals are orthogonal if the integral value is
zero. Where T is a symbol period. Since the carriers are

It is worth mentioning here that relative to single carrier
Modulation technique (SCM), the OFDM carriers occupy a
significant amount of bandwidth of the spectrum relative to
the symbol rate. This characteristic is not a problem given
that the carriers overlap significantly. The slow sin (x)/x
roll off, which implies a wider carrier bandwidth is only an
issue at the edge of the channel spectrum. Standards like
802.11a, allow the RECT pulse to be modified such that the
rising and falling edges are softer (Raised cosine) at the
edge of their assigned spectrum. This helps constrain the
spectrum without affecting data transmissions OFDM
offers several advantages over single carrier system like
better multipath effect immunity, simpler channel
equalization and relaxed timing acquisition constraints [5].

2. DESCRIPTION OF BASE BAND OFDM
SYSTEM
The binary information is first grouped and mapped according to the modulation in “signal mapeer”. After
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inserting pilots either to all sub-carriers with a specific
period or uniformly between the information data
sequence, IDFT block is used to transform the data
sequence of length into time domain signal with the
following equation

x(n ) = IDFT {x(k )}

∑ x(k )e

n = 0,1, 2, ........ N − 1

j ( 2πkn / N )

4. SERIAL TO PARALLEL CONVERSION:
The input serial data stream is formatted into the word size
required for transmission, e.g. 2bit/word for QPSK, and
shifted into a parallel format. The data is then transmitted
in parallel by assigning each data word to one carrier in the
transmission.

5. MODULATION OF DATA

Where N is the DFT length. Following IDFT block, guard
time, which is chosen to be larger than the expected delay
spread, is inserted to prevent inter-symbol interference [6].

The data to be transmitted on each carrier is modulated into
a QAM and M-ary PSK format. The data on each symbol is
mapped. In the simulations we used 16-QAM BPSK,
QPSK, 8PSK modulation.

6. INVERSE FOURIER TRANSFORM
After the required spectrum is worked out, an inverse
Fourier transform is used to find the corresponding time
waveform. The guard period is then added to the start of
each symbol.

7. CHANNEL MODEL USED
A Channel model is then applied to the transmitted signal.
Standard channel models used in mobile radio environment
have been referred from [7], [8]. The model allows for the
signal to noise ratio and multipath to be controlled. The
signal to noise ratio is set by adding a known amount of
white noise to the transmitted signal.

Fig 1.2: Baseband OFDM System

3. OFDM MODEL USED IN SIMULATIONS:
AN OFDM SYSTEM MODEL USED IS
SHOWN IN FIGURE 1.3.

8. RECEIVER
The receiver basically does the reverse operation to the
transmitter. The guard period is removed. The FFT of each
symbol is then taken to find the original transmitted
spectrum. Each transmission carrier is then evaluated and
converted back to the data word by demodulating the
received symbol. The data words are then combined back
to the same word size as the original data [9].

Fig.1.3: OFDM Model used for Simulation
The input signal which we used is the random data
generated by randn() function of the Matlab, and limit the
data to its maximum value e.g. 16 (for 16QAM).

Simulation Result For Block Type Pilot Arrangement:
In the simulation we consider a system operating with a
bandwidth of 500 kHz, divided into 64 tones with total
symbol period of 138 Cs, of which 10 Cs is a cyclic prefix.
Sampling is performed with a 500 kHz rate. A symbol thus
consists of 69 samples, five of which are contained in the
cyclic prefix. 10,000 channels are randomized per average
SNR. We consider the two ray channel as h(t) =δ(t − T +δ
(t – T)). Figure 1.4 demonstrates discrete time impulse
response |h(n)| at different taps. Figure 1.5 demonstrates
Mean square error of channel estimation at different SNRs
in dB. As SNR increases mean square error decreases for
both LSE and MMSE [10].
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Figure 1.6 shows Average SNR versus Symbol Error Rate
(SER). As SNR increases Symbol Error Rate decreases for
both cases. For a given SNR, MMSE estimator shows
better performance than LSE estimator. The complexity of
MMSE estimators will be lager than LSE estimators but
give better performance in comparison to LSE. It should be
noticed that MMSE estimators have been derived under
assumption of known channel correlation and noise
variance. In practice these quantities hh R and 2nσ, are
either taken as fixed or estimated, possibly in an adaptive
way. This will increase the estimator complexity but
improve performance over LSE estimators [11].

estimator works better. But at higher SNRs, it is better to
go for LSE estimator because of its simplicity where noise
is less effective [12]. Figure 1.7 shows result for
interpolation techniques used in the simulation. The
interpolation techniques are applied to LSE estimation. It is
found that spline interpolation having better performance
than linear interpolation.

Fig 1.6: SER for LSE and MMSE estimators at
different SNRs
Fig 1.4 Channel Impulse Response

Simulation Result
Arrangement:

for

Comb

Type

Pilot

For comb type pilot arrangement we consider an OFDM
system with N=1024 subcarriers. The frequency selective
Rayleigh channel has L= 40 zero-mean uncorrelated
complex Gaussian random taps [13].

Fig 1.5: Mean-Square Error for LSE and MMSE
estimators at different SNRs
In Figure 1.6 we compared the performance between
MMSE and LSE estimators. MMSE estimators have less
Symbol Error Rate than LSE estimators in low SNRs. But
at higher SNRs both will have equal performance. At lower
SNRs noise is the prominent factor. In this case MMSE
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Fig 1.7: SER (MMSE channel Estimation) for M-PSK
modulation for different SNRs
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Abstract: Finite state machines are widely used in digital
circuit designs. Generally, when designing a state machine
using an HDL, the synthesis tools will optimize away all
states that cannot be reached and generate a highly
optimized circuit. Sometimes, however, the optimization is
not acceptable. For example, if the circuit powers up in an
invalid state, or the circuit is in an extreme working
environment and a glitch sends it into an undesired state,
the circuit may never get back to its normal operating
condition. This paper discuses a general methodology
when creating a state machine using the HDL Designer
Series State Diagram Editor. We can specify the design so
that synthesis tools will not optimize away those unused
states, thus a “safe” state machine can be generated.

For example, consider a design that contains 4 states:
The number of states is 4, if you use the one-hot encoding
algorithm. For example:
s0 => 0001
s1 => 0010
s2 => 0100
s3 => 1000

Keywords: State Machines, Safe, Unsafe & Hard-Encoded
Sate State Machines.

1. INTRODUCTION
A. “Safe” and “Unsafe” State Machines:
Not all state machine designs are “unsafe.” “Safe” depends
on how many states are in a design and how you define the
state encoding styles.
Fig. 1: NRZ-to-Manchester Conversion

B. “Safe” State Machines:
If the number of states (N) is a power of 2, and you use a
binary or gray-code encoding algorithm, the state machine
is “safe”. This ensures that you have M number of registers
M.

where N = 2 Because all of the possible state values (or
register statuses) are reachable, the design is “safe.”

Thus there are 12 more states which are not defined.
Generally these states are covered by the “others” (for
VHDL) or “default” (for Verilog) branch of the case
statement. The default operation of the synthesis tool will
optimize away unreachable states in order to get a high
performance circuit. But the optimization will create an
“unsafe” circuit.

C. “Unsafe” State Machines:
If the number of states is not a power of 2, or if you do not
use binary or gray-code encoding algorithm, e.g. one-hot,
the state machine is “unsafe.”

D. Hard-encoded “Safe” State Machines:
Regardless of how many states you have, if you use the
“bit-level” encoding scheme, the optimized result will be
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“safe.” This requires you to specify bit patterns for your
states. For example, in VHDL use std_logic_vector to
define your state type, then you can detect the undesired
states using the “others” statement in the state decoding
process or by explicitly defining if:
current_state = (undesired states) or current_state /=
(desired states).
For the example given above you can use the following
statements to declare the state values:
SUBTYPE STATE_TYPE IS std_logic_vector (3
DOWNTO 0);
CONSTANT s0 : STATE_TYPE := "0001";
CONSTANT s1 : STATE_TYPE := "0010";
CONSTANT s2 : STATE_TYPE := "0100";
CONSTANT s3 : STATE_TYPE := "1000";
SIGNAL current_state : STATE_TYPE ;
SIGNAL next_state : STATE_TYPE ;

The Recovery State can be defined as <start_state>,
<current_state>, or a specific state. In the generated HDL,
this will be the “others” (for VHDL) or “default” (for
Verilog) branch of the case statement. The encoding mode
for Hard can be Auto or Manual. If Auto is chosen, the
width of STATE_TYPE will be calculated by using the
least number of bits based on the number of states. If
Manual is selected, you must define the value for each state
in the State Diagram Editor and all the values must have
the same size.

The example uses one-hot encoding; it also applies to any
other encoding algorithm.

2. CREATING “HARD” ENCODED “SAFE”
STATE MACHINES USING THE STATE
DIAGRAM EDITOR
The State Diagram Editor of the HDL Designer Series fully
supports creating hard-encoded “safe” state machines as
described above. In order to achieve this result, the
following options need to be set in the State Machine
Properties dialog box:

Fig. 4: NRZ-to-Manchester Conversion Using Hard
Manual One-Hot Encoding Scheme
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Abstract: The Silicon-Germanium semiconductor device
(SiGe Heterojunction Bipolar Transistor) technology has
recently become a practical contender to III-V technologies
for RF and mixed-signal as well as millimeter-wave circuit
applications. In this paper, a model of SiGe HBT under
cryogenic temperature is studied. Current gain (β), cut-off
frequency (fT) and maximum oscillation frequency (fmax) are
chief factors for investigating the performance of this
cryogenic transistor. The operating temperature is used as
an effective way of achieving crucial capabilities of this
HBT for gaining THz speeds and a superior understanding
of its performance limits. The device characteristics are
examined for the temperature range 300K to 77K. The
cryogenic devices are imperative for space missions to
extremely cold environments as well as potential
applications on Earth such as commercial, industrial, and
defense systems that incorporate cryogenics or
superconductivity. This method is validated by the
examination of certain linear relations of device frequency
behavior as forecasted by the analogous theoretical
analysis. The device characteristics of proposed model are
found much advanced to those of III-V semiconductor
devices. These results have been also validated using a
viable numerical device simulator ATLAS from Silvaco
International.
Keywords: SiGe; HBT; cut-off frequency; cryogenic
temperature

1. INTRODUCTION
SiGe HBTs technology has appeared as a significant
alternative to III-V semiconductor device technologies for
mixed-signal and RF applications [1]. Commercial Si-Ge
device was first developed at IBM over 25 years ago. After
commencement, a remarkable growth has been shown in
SiGe ever since. Transistor performance in the range about
200 GHz now survives in most of the companies
worldwide. Whereas, numerous high-performance circuits
are now-a-days using 350GHz SiGe HBTs made by SiGe
manufacturers. The presence of Ge in the base region of a

conventional Si BJT engineers the band structure of the
device. It improves significantly the operating speed to
attain that of the state-of-the-art III-V transistors such as
InP or GaAs. The improvement in the frequency
performance comes with only a reticent compromise in the
process complexity and the cost as compared to its Silicon
BJT counterpart. For high speed microwave and RF
communication circuits, the cost-performance advantage
has made SiGe HBT an extraordinary candidate.
Additionally, the ease of integrating SiGe HBTs with the
leading Si CMOS technology to form SiGe BiCMOS has
offered further flexibility for circuit designs [2].
Bandgap engineering has an optimistic influence on the
low-temperature transistors characteristics. SiGe HBT
works very well in the cryogenic milieu (e.g., liquid
nitrogen temperature = 77.3 K = -3200 F = -1960 C ≡ 77 K)
which is an operational regime usually prohibited for Si
bipolar transistors. Apart from method of device scaling a
different approach for improving performance is to cool the
SiGe HBTs to attain their final performance. Revolutionary
works related to the improved performance at cryogenic
temperatures of cooled SiGe HBTs had been demonstrated
[3]. Such cooling-induced performance enhancements were
not dramatic; however it is due to the combined effect of
the finite base freeze out related to the modest base doping
and relatively small bandgap grading used in firstgeneration SiGe HBTs [4], [5]. However, in many ways,
the cryogenic operation of more insistently scaled modern
SiGe HBTs is more comparable with the room temperature
vertical and lateral scaling. Thus, cooling has recently
become an expedient and efficient way of gaining a better
understanding of the ultimate performance of SiGe HBTs
at the limits of scaling. Cooling is known as an excellent
method for improving the speed of SiGe HBTs. It expands
the encouraging effects of bandgap engineering [4] [6] [7].
For instance, the peak fT /fmax of the SiGe HBT in increase
from 253/281 GHz at 300 K to 404/443 GHz at 50 K [8].
Thus cooling can be used as an effective way for
understanding the ultimate scaling limits of SiGe HBTs.
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In this paper, we explored the effect of temperature on the
performance of SiGe HBT with uniform impurity doping in
the base. The current-gain (β) maximum oscillationfrequency (fmax) and cutoff frequency (fT) are calculated for
wide range of temperature. Following this motivation, in
second section, we address model of SiGe HBT at cooling
temperatures. In next section, we discuss the calculated
results. Finally, we concluded with common protrusions
and general observations in IV section.

2. MODEL
In this section, a simple and accurate method is presented
for discussing the transistor HF performance along with
procedures to find out the effect of temperature on the
parameters of SiGe HBT with uniform impurity doping in
the base. Cooling can efficiently lessen the primary
performance limiting parasitics of SiGe device which
include base resistance and base-collector junction
capacitance, while adjusting transit-time at base-emitter
junction, without physically scaling the lateral dimensions
at fixed lithography node. This optimistic advantage of
cooling can be explained with the help of fundamental
device physics. With cooling, the Fermi level (EF) of n-type
non-degenerate Si in the collector moves closer to the
conduction band. As a result the built-in potential (Vbi) of
the p-n junctions is increased at cryogenic temperature.
Thus, at fixed bias, the resultant wider space charge region
(SCR) gives rise to a decrease in base-collector junction
capacitance at cryogenic temperature.
Furthermore, at low-temperature, the widening of WCSCL
does not increase τCSCL because vsat is also higher at lowtemperature and this enables the improved current drive.
Where τCSCL is the collector transit time and WCSCL is the
collector width at collector scaling. Next, the increased
base doping level obviously must increase with
generational scaling. This plays a vital role in the base
resistance at low temperatures. The carrier transport
properties of silicon germanium hetrojunction transistor are
depending on the doping level. The associated carrier
freezeout in silicon germanium hetrojunction transistor
doped below 1018 atoms/cm3 at low-temperatures is
unfavourable to cryogenic performance of SiGe HBT (e.g.
fT fmax and β). Increment in the base doping can slowly
degenerate the silicon from a semiconductor to a quasimetallic performance over temperature [9][4]. All dopants
remain active to deep cryogenic temperatures and the
resistivity is a monotonically increasing function of
temperature. So, it can be inferred that base resistance is
significantly reduced with decreasing temperature in SiGe
HBTs [6]. As formerly discussed, a higher fmax is a direct
advantage of reducing device parasitics.
Additionally, base-emitter junction transit-time is very
sensitive to the ambient temperature. Since in an advanced

SiGe HBT, both the emitter and the base are heavily doped
(degenerate). So the Fermi levels are generally considered
to be at the edges of the conduction (for emitter) and
valence (for base) bands, while Vbi of the BE junction at
zero bias does not differ appreciably across temperature.
However, since higher VBE is needed to operate the
transistor at cryogenic temperature resulting from the lower
intrinsic carrier concentration (ni), the BE junction width is
efficiently diminished during operation, enhancing the BE
junction capacitance and decreasing the electron transit
time through the BE SCR which changes BE junction
transit time. Because of the complexity in decoupling τBE
(BE junction transit time) from τB and τE, cooling becomes
a helpful tool in tuning the depletion region width of the
BE junction to attain an optimized τBE. Thus it can be
predicted that SiGe HBT device can work well in
cryogenic environment in comparison with Si BJT.
To consider the consequence of cooling at cryogenic
temperature on the performance of a SiGe HBT, it is
advisable that first optimize that SiGe HBT device which
has not been optimized in any technique for cryogenic
operation (77K). This 300 K optimized design will be
referred as “i-p-i” SiGe HBT. It is termed as “i-p-i”
because it is fabricated with lightly doped intrinsic (“i”)
spacers on both the EB and CB side of the neutral base [3].
The temperature dependent current-gain β (T) in a SiGe
HBT should increase exponentially with decreasing
temperature in comparative to the case of β (T) in Si BJT,
as in the following equation,

β SiGe
β Si

V BE

∆ E g ,Ge ( 0 )
 ∆ E g ,Ge ( grade ) 
kT
×e


kT


%%
= γη
− ∆ E g ,Ge ( grade )
kT
1− e

(1)

Where γ% is effective density of state ratio between SiGe
and Si and η% is electron diffusivity. Intuitively, the bandedge effects (either Ev or Ec or both) will be generally
coupled firmly to bipolar transistor properties that are
induced by bandgap engineering. Bipolar transistors have
strong coupling because they are minority carrier devices.
Consequently, via the Shockley boundary conditions, the
terminal currents are proportional to n i20 , which in turn
proportional to the exponential of the bandgap.
Thus, the currents will be coupled exponentially with the
changes to the bandgap. Moreover, these changes in
bandgap will certainly be divided by thermal energy (kT),
such that a reduction in temperature will greatly magnify
any bandgap changes. It is verified even by a concise
examination of the SiGe HBT device equations which
supports that, the cooling influences positively to both the
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ac and dc properties of SiGe HBTs. Actually, at each case
the thermal energy (kT) is organized in the equations of
SiGe HBT device in such a way that it positively influences
the low-temperature properties of the particular
performance [β (T), fT(T), fmax(T)]. The temperature
dependent current-gain will be organized as in equation (2)
[3],
β (T ) =

+
app
app
q D nb(T ).L pe(T ).N de(T ) ( ∆E gb −∆E ge )
kT
.
e
−
D pe(T ).W b(T ).N ab(T )

∆ E app
ge

app

Where ∆ E gb and

are

the

(2)

doping-induced

apparent bandgap narrowing values in the base and emitter
regions respectively. Thus temperature dependence of the
frequency response of a SiGe hetrojunction bipolar
transistor can be assembled in equation (3) and equation (4)
as [3],

 kT

 q I ( C CB(T ) +C EB(T ) ) 
 C

1 
W
CB (T ) 
f T (T ) =
+τ b(T ) +τ e(T ) +

2π 
2v sat (T ) 
+τ c(T )C CB(T )






−1

(3)

Where, τb, τe, τc are base, emitter and collector transit
times.
And

f max (T ) =

f T (T )
8π C CB (T ) R B (T )

(4)

Given that

τ
τ

B , SiGe
B , Si

kT


1 − ∆

(
)
grade
E g ,Ge
2
kT


= .
.
−∆ E g ,Ge ( grade )

η% ∆ E g ,Ge( grade)  

kT 


 1− e


(5)

3. RESULT & DISCUSSION
On the basis of above model and method values of many
performance parameters current-gain (β), maximum
oscillation frequency (fmax), unity current gain frequency
(i.e. cut-off frequency fT) calculated for n-p-n SiGe HBT
with uniform impurity doping in the base. For this purpose
we find out the value of above parameters at wide range of
temperature 300K to 77K. The HBT considered in this
paper has 0.1µm base width. ATLAS simulation of this
HBT is carried out to verify the precision. All important
physical effects, such as impact ionization (II) are
appropriately modelled. AC simulation needs apposite DC
calibration which is an important prerequisite for it [10].
The simulated device is shown in figure 1.
As expected, the current gain β increases monotonically
with cooling; down to cryogenic temperature 77 K. It can
be visualized from equations (1) and (2) that the current
gain β depends inversely on temperature that means β
increases on lowering the temperature. This SiGe HBT
sustains admirable dc ideality down to cryogenic
temperature 77 K, with a peak β of 9051 at 77 K at 0.28 Ge
concentration. The value of β increases from 904 at 300 K
to 9051 at 77K. Figure 2 depicts the effect of temperature
on current-gain β. It is found that on lowering down the
temperature the current-gain increases from its room
temperature value.
The maximum oscillation frequency fmax, and transit
frequency fT depend on temperature. It can be interptretted
from equation (3) and (4) that fmax, fT, and τB increases on
deterioting the temperature. In this issue, the extraction of
fmax, fT is accomplished by the method of extrapolation [11]
[12].This can be verified in figure 3 in the way that
maximum oscillation frequency fmax increases as
temperature decreases which in turn increases the cut-off
frequency fT on decreasing the temperature.

And
−∆ E g ,Ge ( grade )

τ e,SiGe = J C ,Si =
1−e
∆
( grade)

E
g ,Ge
τ e,Si J C ,SiGe γη
%%


kT

(6)

 ∆ E g ,Ge (0) kT
×

kT  e

Where, JC is collector current density. These both equations
(5) and (6) are positively influenced by cooling. It is
expected that the influence of the graded SiGe base might
be ample to overcome the natural electron diffusivity
degradation on τb with cooling. At low temperature, Geinduced improvements in both τe and τb are adequate to
produce a peak fT in the SiGe HBT. This value of fT is
larger at 77K than at 300K [3].
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Fig. 1: The simulated SiGe HBT
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In this work, it is found that the maximum oscillation
frequency fmax of this SiGe HBT device is increased from
room temperature value of 438 GHz to 602 GHz as the
device is cooled to cyogenic temperature (77K). Similarly,
the cut-off frequency fT of this SiGe HBT device is
increased to 481 GHz at cryogenic temperature (77K) from
its value at room tempearture (300K) i.e. 398 GHz. From
table-1, it can be summarized that SiGe HBT device can
work well in cryogenic environment in comparison to room
temperature environment. The comparative study can be
analysed in Table-1.

This device with such gain and frequency may be used at
deep-space probes and planetary missions (e.g. Moon),
satellite communications systems and space-based radar,
ultra-high-speed / high sensitivity instrumentation systems,
medical electronics (e.g. CT scanner), superconductorsemiconductor hybrids (e.g., 20 Gb/sec ADC), very lownoise receivers (radio astronomy) and cooled IR detector
arrays [13] [14].

4. CONCLUSIONS
In this paper, a way for achieving near THz speeds in SiGe
semiconductor device by cooling is investigated. Cooling
has been verified to be qualitatively analogous to device
scaling with respect to its dc and ac performance in SiGe
HBT. For this purpose, the various performance parameters
are calculated for a wide range of temperature (300K to
77K). The current gain was increased from 904 which is
its room temperature value to a record value of 9051 at
cryogenic temperature. The cut-off frequency and
maximum oscillation frequency were also increased at 77K
from its room temperature value. A peak fT of 481 GHz
and fmax of 602 GHz at cryogenic temperature were
calculated. This SiGe HBT with such fT/fmax may be used
for
planetary
missions,
medical
electronics,
superconductor-semiconductor hybrids, very low-noise
receivers and cooled IR detector arrays.

Fig 2. Effect of Temperature on Current gain
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Abstract: This paper analyzes the errors associated with
the analog to digital conversion process of a digital signal
processing unit (DSP) within the operation. Quantization
of the analog current measurement signal leads to
measurement an error that is a direct consequence of the
uncertainty with which an N-bit resolution analog-todigital converter assigns a binary word for a given analog
input value. This paper also focused on the problem of
diagnosis of flash ADC’s and proposed a fault diagnosis
technique that employs the Differential Nonlinearity (DNL)
test data for fault location and identification of the analog
components in the converter. In this research we describe
the concept and the detailed diagnosis algorithm.

predominantly parallel in their design structure, require a
large die area, and require high precision components.
Most ADC testing aim to detect the transition edges at each
code and constructing a transfer function of the device
under test [5-8]. Some specification parameters of the ADC
such as offset error, gain error, Integral Non Linearity
(INL), Differential Non Linearity (DNL), and noise figures
are then obtained from the transfer function. The transfer
function of an ADC describes its function exhaustively.
Additionally, in the flash converter, the functionality of
each component is also reflected in the transfer function.

2. FAULT MODEL

1. INTRODUCTION
An A/D converter is a very important building block and
has numerous applications. It forms an essential interface
when it comes to analyzing analogue data with a digital
computer. The flash method of A/D conversion is based on
using a number of comparators. The number of
comparators needed for n bit A/D conversion is 2n-1.The
construction of a simultaneous A/D converter is quite
straightforward and relatively easy to understand. However
,as the number of bits in digital signals increase, the
number of comparators
required to perform A/D
conversion increases very rapidly it may not be feasible to
use this approach once the number of bits exceeds six.
Large die area increases the probability of failure, requiring
diagnosis techniques for both design verification and
production low yield analysis. Due to poor device matching
ability, most high performance ADC’s require calibration
and trimming. Testing and diagnosis of mixed signal
circuits, such as ADC’s have been identified as being
among the most serious problems faced by the
development and manufacturing companies today. In
particular, high performance ADC’s such as the flash
ADC’s, are in very high demand for use in the rapidly
expanding telecommunication and video applications.
Because of the performance requirements, these ADC’s are

At present there are no widely used comprehensive fault
models for analog macro circuits. Analog components are
usually tested based on their behavioral specifications. This
approach is also taken in this paper. In this paper, we
consider analog functional level fault models which include
1)
2)
3)

resistor value out of specification;
comparator's offset voltage out of specification;
comparator's bias current out of specification.

This paper considers both the single fault case and the
multiple fault case. In the presence of multiple faults,
different fault cases may result in the same effect on the
output of the circuit due to fault masking or equivalent
faults. Flash converters consist of two subcircuits: the
analog subcircuit which consists of the resistor string, and
the comparators; and the digital subcircuit which consists
of the encoder.

3. DIFFERENTIANL NONLINEARITEY
ERROR
Deviation from ideal of the transfer function is categorized
by different types of errors which include offset error, gain
error, Integral NonLinearity error (INL), and DNL. DNL
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values are measures of step size deviations from the ideal
ones (Fig. 1). DNL error is defined as the difference
between successive code edges and the mean code width
expressed in units of LSB
DNLj = (Sj - LSB )/LSB = ∆Sj/LSB
where DNLj is the DNL at code j, and Sj is the actual
stepsize at code j in the transfer function.

IF two complementary peaks at k, k+l THEN fault case =
comparator's offset fault at k+l.
IF transition code at k THEN fault case = comparator's
biasing current fault at k.
Step 2) Formulate eo =f -1(DNLTk) at peak or transition
code k using the corresponding equation from Eqs. (13.19).
Solve for eo (DNLTk = actual test data).
Step 3) Using the estimated fault value, e', recompute
DNL', for j = 1 to 2n.
Step 4) Compute RMSE between DNLc, and DNL;.
Step4-1 1/2n Σ (DNLj c - DNLj T ) 2 > δ
The sign of the increment corresponds to the sign of DNL
noise at code k.
Repeat Step 3) to Step 4).
Step 4-2) ELSE IF 1/2n Σ (DNLj c - DNLj T ) 2 < δ fault
is identified.
Step 4-3) ELSE No match.
STOP.
Diagnosis of analog faults (single fault case:).

5. CONCLUSION

4. ALGORITHM
A flash ADC is tested using a manufacturing test method
[3] [8] [4]. This will detect a fault if one exists. Once a
flash ADC is tested and is rejected (failed), complete data
(values at all output codes) from the DNL test which is a
part of the manufacturing test is kept for diagnosis. We
define testgattem as DNL test data and derivedqattern as
DNL data generated from computation. This algorithm is a
pattern matching algorithm that matches the testgattem
with a fault pattern, which is called derivedgattem,
generated from the equation.
In practice, for general ADCs, DNL at each output code of
a good converter is not zero, but varies within a small
acceptable level, e.g 0.05 LSB, we define this as DNL
noise. The error margin (error-margin) allowed in
matching the patterns should be greater than the average
noise value. The upper limit of error-margin is set by how
exact we require the match to be. If the smallest DNL value
of a faulty ADC is smaller than the average noise value in a
good converter of the same type, it will be difficult to carry
out an exact pattern recognition. The diagnosis technique
proposed here is therefore limited by noise in DNL data.

This paper has described a fault diagnosis technique using
DNL data from ADC test results. In a flash converter,
functional faults in its analog components are uniquely
reflected in its transfer function and DNL values. The DNL
distribution pattern on the output codes is used to locate the
faulty component and DNL values are used to calculate the
error value of the faulty component. DNL test data from
the manufacturing test is used for diagnosis and no
additional test is required for the diagnosis of analog
components. The diagnosis technique proposed relies only
on DNL data and not the test method used to test the ADC.
Thus the ADC can be diagnosed using at-operating speed
test data. The relationship between each fault case and its
respective DNL values was derived and fault simulation
results of a small flash ADC were presented.
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Abstract: The paper reports the development of data
acquisition and analysis system (DAS) for a noisy and
hostile environment for arc operated hydrogen fluoride/
deuterium fluoride (HF/ DF) chemical lasers. HF/ DF is a
high power chemical laser based on vibrational transition.
The typical lasing wavelength of HF is 2.7 µm and that of
DF is 3.8 µm. The plasma arc discharge in an arc heater/
generator is essentially employed for inducing thermal
dissociation of SF6 for production of fluorine atoms. The
dissociation of SF6 is a much safer alternative than other
options of combustion of F2/ NF3 in an environment of
H2/D2. Another accrued advantage is that the composition
of the lasing mixture to an extent may be varied
independently of the pressure and temperature of its
constituents. But the arc load is complex load and involved
high voltage transients and electromagnetic noise. The
development of suitable DAS for monitoring and
performance evaluation of parameters for 50 kW arc
tunnel is implemented with proper protection devices. Since
each designed plasma arc tunnel is unique in itself and
specific to the application, DAS would enable altering arc
discharge for optimization of the intended laser.
Keywords: HF/DF Laser, Arc tunnel, DAS, Optical fibre

1. INTRODUCTION

compatible Data Acquisition and analysis System (DAS) is
essential for monitoring and control the operation of arc
driven HF/ DF tunnel. A DAS consists of individual
sensors with necessary signal conditioning, multiplexing,
data conversion, data processing, data handling &
associated transmission storage & display systems. Any
DAS can be divided into two types on the basis of
environment in which the system works. These are defined
as a system which is suitable for less noisy environment or
for the favorable conditions and the other one which is
working in hostile environment like arc tunnel [6, 7]. The
precise control of flow of gases (i.e. Nitrogen, Sulphur
Hexafluoride, Hydrogen & Oxygen) with proper time
sequencing, need to change the flow parameters during
operation and handling of various sub systems are some of
the important features of arc driven HF/ DF tunnel. Also
safety considerations demand operation from remote
control console. Keeping these features in mind, it is
important that arc driven HF/ DF tunnel should be operated
with a dedicated DAS, where all the controls are in the
hands of a single operator. We have operated arc driven
HF/ DF laser system that was developed in-house. Using
DAS, the basic arc behavior is studied and lasing
experiments are reported on 50 kW arc tunnel.

2. SYSTEM DESCRIPSTION

Gas lasers have wide range of applications in various
defense and industrial scenarios [1]. HF/DF gas lasers fall
in class of high power chemical lasers based on vibrational
transition. These lasers have proved their mettle in various
defense applications. However, one of their limitations is
the toxicity of its constituent elements. Hence, production
of lasing species through combustion forms a safety
concern. In this context, the use of arc plasma generator [2,
3, 4] is beneficial as it offers safe decomposition of SF6 for
generation of fluorine atoms to be used subsequently for
lasing action.
Arc plasma heater or generator is a versatile tool for
optimizing lasers parameters [5] such as gas flow rate,
pressure, temperature and Mach no. etc. These parameters
are to be acquired and monitored in real time. So a

The goal of all chemical lasers is efficient conversion of
chemical energy into coherent radiations of high power
beam. Most of the recent developments in high power HF/
DF chemical lasers are based on combustion of Fluorine/
NF3 gas with Helium and H2 / D2 to have lasing
compositions. These types of lasers are difficult to use in
normal laboratory environment because of toxic &
hazardous gases. In order to overcome this drawback and to
have laboratory useable HF/ DF Laser, arc tunnel is used
for optimization of various laser parameters. The arc heater
is used to create fluorine atoms by thermal dissociation of
SF6, which is very safe gas as compared to other fluorine
based gases in laboratory environment. The arc heater has
the advantage that it allows independent variation of gas
composition with respect to temperature & pressure and
thereby permitting ideal gas mixture ratio at required
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temperature & pressure conditions for longer run times.
Arc heater is neat & clean and best laboratory apparatus for
optimizing laser parameters. The presented work in this
paper discusses the development of DAS for a kW level HF
chemical Laser facility using arc discharge method.
The Data Acquisition and Analysis System (DAS) for arc
driven hydrogen fluoride chemical laser system was
realized with ADAM 5000 series cards of Advantech make
(schematics shown in fig 1). This system consists of system
Kernel with plug in modules. The system Kernel handles
all software functions between the field devices and the
host computer, including signal conditioning, data
conversion, calibration, alarm monitoring, internal
diagnosis and communication. As the arc plasma is a
complex load involving high voltage transients and
electromagnetic interference (EMI), so the system has been
developed to cater for EMI induced environment with fiber
optic cable as the communication link between the DAS
and the PC. The DAS initiates the operation of various
subsystems such as power, gas, water etc. It also switches
'off ' these subsystems after the defined run time. Various
experimental parameters such as gas flow, pressure,
temperature, voltage, current, power etc. are being
acquired, displayed on the screen & stored in the PC. In
case of any parameter going out of set range or in case of
gas leakage an alarm is sounded and the system is switched
off. The DAS has been designed for 24 analog inputs
channels, 16 digital outputs, sampling rate of
10samples/sec with distributed I/ O features and RS 485 as
serial communication interface with PC. It is capable of
communicating up to 1200 metres with a speed of
9.6KBPS. Thus the cards for arc heater driven system are
chosen for 2.5kV dc opto-isolation in communication lines
and 3kV dc isolation in the power lines & I/O lines. Also to
reduce EMI optical fiber communication link has been
used. The 820nm wavelength is used as a carrier wave with
fiber core/clad diameter 62.5/125µm and typical
attenuation at this wavelength is 12.5 dB.

The dedicated DAS is utilized to control and monitor the
safe functioning of arc test bed facility (schematics shown
in fig 2) comprising of arc heater, cooling water system,
gas supply system and power supply system along with
smooth operation of arc tunnel for lasing experiments. The
details of various sub systems developed for safe operation
of 50 kW arc tunnel are as:
A. Arc Heater: The arc heater was designed to provide a
highly energized, continuous plasma source, composed of
free electrons, positively charged ions and neutral atoms [8,
9, 10]. The system is capable of operating with gases such
as argon, nitrogen, helium, and mixture of such gases. The
plasma is formed in a direct current electric arc and
discharged in to a plenum chamber for mixing of other
gases (such as N2, SF6) for achieving desired lasing
composition temperature close to 2000 K. The DAS
ensures the safe operation at such a high temperatures by
incorporating the proper sequence of operation and
interlocks.
B. Direct Current Power Source: The power for the arc
heater is obtained from combination of industrial welding
machines (i.e. rectifiers and generators) of
Miraj
Electronics make rectifiers for dc Output: open circuit
voltage (OCV) of 80V, 600 Amp, input: 45KVA, 415V,
3Ph, 50 Hz and Advani Orlikon make generators for OCV
60V, 450 Amp dc max, Input: 26kW, 3ph, Induction
motor, 2850rpm, with a total rating of 780 V OCV and 600
Amp current capacities for operating arc heaters up to
200kW ratings. These are connected to the arc heater with
cables of 1000 A rating through a control panel and
monitored from DAS.
C. Cooling system: De-ionized water supplied by a deionized water plant is utilized for arc heater cooling. The
water is supplied from a storage tank filled with ionized
water, which is pumped employing a 20 HP multistage
centrifugal pump at a pressure of 10 Kg/cm2 with a flow
rate of 300 lpm. The flow through the arc heater system,
mainly the manifold and the electrodes, is monitored online
by the DAS through thermal flow meter. The coolant
stream from arc heater system is then supplied back to a
second manifold and to another tank for water disposal.
D. Gas Supply System: The gas supply systems for arc
heater and plenum comprise of a cylinder bank to feed the
high pressure gas manifolds and dome regulators for the
desired high mass flow rates and pressures. Dome
regulators are employed for flow regulation and strain
gauge (IRA make with accuracy ±0.5 torr) and peizoresistive (Yokogawa make with accuracy of ±0.25 torr)
type pressure transducers are used for pressure
measurements and control by the DAS in cavity and
plenum respectively. Thermal mass flow meter (Bronkhorst
make with accuracy of ±1%) for SF6 and coriolis mass flow
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meters (with accuracy of ±0.5%) for N2 & H2 are placed for
mass flow measurements through DAS.

E
x
Acquisition
and Analysis System for HF/DF Chemical Lasers
t
r
e
m
Thee arc plasma generator or arc heater is an attractive tool
for l obtaining the high temperature necessary for
y

dissociation of SF6 (>2000K). The energy from N2 arc
h
plasma
is utilized to dissociate SF6 in plenum so as desired
a
number
of fluorine atoms are generated for initiating the
z
subsequent
lasing reaction in the cavity [14]. For a kW
a
-1
r HF arc-driven chemical Laser system, 1gs flow rate
level
d
of SF
is required in plenum to generate desired quantity of
o 6
fluorine
atoms and subsequently 1gs-1 of H2 is added at the
u
s
nozzle exit plane to initiate the chemical reaction essential
for lasing action. A 50 kW arc heater (input power) is
sufficient to create N2 plasma and to carry out the
parametric variations of different gases (viz. SF6, N2, O2
etc) in plenum to have desired lasing composition for kW
laser output.
SCHEMATIC DRAWING OF KW HF LASER
FACILITY

Fig. 2: Arrangement of various
sub systems of arc plasma generator
N2

SF6 ,O2 ,N2

E. D.M. Plant: A de-mineralized water plant was installed
for this purpose supplying 600 liters per hour of water with
less than 1 siemens conductivity.
F. Control Panels: Control panels were designed &
developed for measurement and control of different arc
related parameters such as voltage, current, flow, pressure
& temperature etc from single control console at DAS
station. The control panels were made operational for safe
working of 50 kW arc tunnel. Instrumentation was directed
towards the two-fold purpose of arc operation and
performance evaluation. Primary instrumentation is
directed towards the determination of arc performance and
is basically necessary for an energy analysis to evaluate
performance of arc heater. Pt-100 RTDs (with accuracy of
±1%) and R-type thermocouple (with accuracy of ±0.5%)
were used for water and plenum temperature measurements
respectively.
G. Development of 50 kW arc tunnel: The 50 kW arc
tunnel consisting of arc heater, plenum, supersonic nozzle,
cavity, diffuser and dump was integrated for lasing
experiments (schematics shown in fig 3). In a chemical
Laser, the population inversion is by the chemical reaction,
where reaction mostly involves free atoms since the fuels
involved do not react rapidly in their molecular form [11,
12, 13].
Basic Chemical reaction is given by:
F+ H2 → HF* + H + 32kcal/ mole
HF* → HF + H + Laser

NOZZLE
H2

VACUUM
DUMPS
2 Nos (6m3 each)

D1

2” MIRROR

EXHAUST

DIFFUSER
D2

ARC
HEATER

PLENUM

CAVIT
Y
TRANSITION
PIECE
LASER

 New and difficult technology

OUTPUT
COUPLER
ZnSe

ISOLATING
VALVE

SCRUBBER

VACUUM PUMPS
Capacity 500 m3/hr
& 375 m3/ hr

Fig. 3: Arrangement of key
components of the laser tunnel

3. PERFORMANCE EVALUATION OF ARC
HEATER
An ordinary electric arc without forced convection has
definite intrinsic properties. However, mass flow of gas
through the arc chamber represents a new, independent
parameter not present in ordinary arcs with natural
convection. Typical voltage-current characteristics for a
cylindrical configuration with thoriated tungsten cathode
are shown in fig 4 for Nitrogen in 50kW Arc Heater. The
arc is negative resistance load, so special power source
with drooping characteristics is needed for stable operation.
Also it has been observed that at fixed mass flow rate, the
arc voltage is relatively insensitive to arc currents.
However, with increasing mass flow rates the voltage
demand and input power increases proportionally.
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which means that more than half of the total power input
taken away by the cathode and anode cooling water.
50 kW Arc Heater with Nitrogen
65

efficeincy (%)

60
55
50
45
40

Fig 4: Variation of arc voltage with arc current
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Fig. 6: Efficiency as a function of arc input power
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Fig. 5: Variation of chamber pressure for various
nozzle combinations
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The chamber pressure variations [refer fig (5)] were studied
with three different nozzles i.e. 3mm, 5mm and 6mm. It is
apparent that the smallest nozzle shows the highest
chamber pressure.
Arc heater efficiency is defined as ratio of the power to the
gas divided by the gross arc power fed into the arc heater;

 PC + PA 
η = 1001 −
%
PG 

PC = Cathode losses in kW
PA = Anode losses in kW
PG = Gross power in kW
The results [ refer fig (6)] show that thermal efficiency of
the arc heater ranges from 42 to 45 in 50kW arc heater,

Fig. 7: Variation of arc power with SF6 flow

4. EXPERIMENTAL RESULTS ON 50KW
ARC TUNNEL
The experimental parametric analysis for the developed arc
plasma tunnel is highly time intensive where the final aim
is to employ it for laser applications. Experiments were
carried out to establish the lasing parameters in 50 kW arc
tunnel. The results achieved are in compliance with the
theoretical values for lasing gas mixture in 50 kW arc
tunnel [14]. The desired Mach No in gas mixture is
achieved with special supersonic converging/ diverging
nozzle attached to plenum of the tunnel. The variation of
arc power with variation in SF6 and H2 flows is shown in
fig (7) and (8) respectively.
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Abstract: An underactuated robotic system is one in which
at least one of the joint cannot be actuated and may be
termed as a passive joint. This type of condition, which is a
nonholonomic in nature, represents a variety of systems
such as space craft, loss of a joint of a system in a remote
location, surface vessels, snake like robots, underwater
vehicles, to name a few. Various aspects related to the
control of the underactuated systems are reviewed since
1990 to till date. This study will help in choosing an
appropriate control strategy for the system adopted.
Keywords: Robotics; underactuated; control; manipulator
control; fault detection and isolation; intelligent systems
1.

INTRODUCTION

The Robots have emerged as powerful machines assisting
Humans in their day to day tasks and even to complex or
hazardous tasks, including working in mines, undersea or
on moon. The service robots are gaining popularity and
recent developments are promising notably in the fields of
medical sciences, as savior in an event of a disaster, ship
building, in the construction field [1]. Despite the fact that
several mathematical tools and intelligent algorithms have
been developed, the desired level of the control of the
robots remains a challenging task for researchers.
Developments in sophistication of the industrial robots are
rising to meet the growing needs. Still the robots are not
completely utilized to their full potential, particularly
limitations have been observed while achieving the desired
level of the control of the manipulators. A class of robots
called ‘underactuated robots’ are although simpler in their
configurations still offers a powerful insight about their
kinematic as well as dynamic behavior. Therefore, such
systems offer challenging problems during control aspects.
In this paper, various aspects of the control of the
underactuated robots have been reviewed.

manipulation is, therefore, a known parameter. In simple
terms, all the joints are controllable. A general form of
dynamic state can be expressed as
FG = + F, FH ,  + +' F, FH , <

(2.1)

Rank [+' F, FH , ] = dimension[F]

(2.2)

Here, the position vector q, the velocity vector, FH , the
acceleration vector FG and < is the control vector. In the case
of a fully actuated system, it is possible to maneuver an
instantaneous acceleration in response to the applied torque
even in an arbitrary direction. Therefore, the rank of the
control term in (2.1) will be equal to the dimension of the
state of position as given in (2.2).

However, if the Rank [+' F, FH , ] < dimension[F], all the
joints in this system can be said to respond to torques in
any arbitrary direction related to F. Therefore, the number
of the working joints (actuators) is less than the number of
the total joints in the robot. A 2-D planar robotic system is
shown in Fig. 1.
The underactuated systems are a class of nonholonomic
systems. Here, the number of the available control
locations is less than that of generalized coordinates.
m2
l2

θ2

m1
l1
θ1

2. ACTUATED VS. UNDERACTUATED
SYSTEM
Normal condition state of the robot may be termed as
actuated when all the joints can be activated. Their state of
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Fig. 1. A 2-DOF Manipulator
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The term nonholonomic (introduced by Hertz, H.) refers to
a system whose state depends on the path taken to achieve
it. The path integrals in such systems depend only upon the
initial as well as the final states of the system and are nonintegrable.

3. SURVEY PRIOR TO 1990
Abdallah at al. [2] have surveyed the control of the robots
prior to 1990. Some of the important points from this
survey are presented below. They discussed primarily three
approaches which were limited to the rigid robots and nonadaptive type of controllers.

A

Linear Multivariable Approach

This involves the global linearization of the nonlinearities
by way of linearising the error vector in the system. The
error vector (e) can be modeled as
=H = ¡= + yI

(3.1)

The nonlinear controller may also be written as
J = ¢F[FG Ù + I] + ℎF, FH 

(3.2)

It may be observed that uncertainty in the terms D(q) and
ℎF, FH  poses difficulties during simulation, which may be
K and ℎL
overcome by adopting another simplified terms as ¢
(estimated values) described as below.
K [FG Ù + I] + ℎL
J=¢

(3.3)

(3.5)

The vector η is a function of e as well as I and is nonlinear in nature. It represents the contribution due to model
uncertainties, noise and parameter variations of the system.
I = ¿ =

(3.6)

This methodology helps designing the linear controller C(s)
which have the central law I in a way that the closed loop
system would be bounded or globally asymptotically stable
in nature. The following assumption related to the limit
states has been usually considered.
‖¢% ‖ ≤ r, ‖Ø ‖ ≤∝ , ∆ℎ ≤ N) ‖= ' ‖ + N ‖=‖ + +)

(3.7)

B

Passivity Based Approach

In this approach, the passive structure of the rigid robots
may be utilized. A passive mapping from J 2 FH as
described below for the Lagrange-Euler dynamic equation
may be considered.
< FH ⁄J >

Å

≡ ,I FH Å J /J ≥ −y
Å

(3.8)

This is applicable for conditions in which β>0 and all T are
finite. This shows that there is the asymptotic stability of =H
and not of =. J may be mapped on a vector r (a filtered
version of =) by choosing controller between –r and J; in
this way the asymptotic stability of =H and =can be
guaranteed. The following control law may then be
adopted.
J = ¢FG Ù − R R  =H  + ¿FH + ²

(3.9)

Here R   is an SPR transform function, R is a positive
definite gain matrix. From (3.8) it can be shown that,

r/ <' = ¢FG Ù + ¿FH Ù + ².

(3.4)

Where, η=E(γ+FG )+ D-1 ∆h, and
K − 5 , ∆ℎ = ℎL − ℎ.
Ø = ¢% ¢

The linear controller may appropriately be designed to
minimize the effects of ηfunction of e and I which, may
not necessarily guarantee a closed loop stability. To
improve the robustness or sensitivity, the PID controller (or
Lyapunov based ‘High Gain’ controller) have been
attempted in addition to the local linearisation approach.

. = C¿ − ¢R R  G=H ≡˄(s) =H or, it yields
=H = ˄H   .
(3.10)

This formulation modify the error vector term as
=H = ¡= + yI + Ñ

Where, a, O, N) , N and +) are nonnegative-finite constants
and are chosen depending on the level of the uncertainties
associated with the model.

K and ¿T instead of D and C, and
Another approach using ¢
SPR function as Y¢R R   − ¿T Z has successfully been
carried out by researchers.
Further, a combination of several approaches involving
feedback linearization and the passivity have been
implemented for the stability of the closed loop system for
small or known ‘h’ parameter.

C

Variable Structure Control

The variable-Structure Controller (VSS) along with the
sliding mode has been adopted for controlling the nonlinear
system. In this approach, the error is driven to a ‘switching
surface’ and then the system is considered to lie in the
‘sliding mode’ in which the uncertainties and the
disturbances would have no influence on the system. The
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Set Point Regulation (SPR) uses the controller described as
below.
ú §V  §,WH X
§
§V § §,WH Y

J¤ = VUU§ð
§

W

(3.11)

Here, i= 1, 2, ,n for an n-link robot system and the
switching planes satisfy the condition ¤ (e1i, FH )=¿¤ =¤ +
FH ¤ , ¿¤ > 0. The bounds J¤Q r/ J¤% may be obtained based
on the hierarchy of the sliding surfaces (s1, s2) and the
bounds mentioned in uncertainties of the system. Then the
error reaches the plane of an intersection of the sliding
surfaces and ultimately it reaches asymptotically to zero.
The nonlinear coupling of the joints may be avoided by
forcing the system into the sliding mode. However, the
high frequency noise may appear along with the controller.
Further, improvements have been suggested in this
approach by way of choosing the controller based on a
scheme called ‘suction control’ which could be
implemented in two steps as mentioned below. The sliding
surface s(t) may be chosen as time variable. The first step
here involves forcing the trajectory towards the sliding
surface; in the next step, the controller may be smoothed
inside a band called the boundary layer. This process helps
avoiding the influence of high frequency noise in the
system. The control law may be defined as
K FG Ù − 2˄=H − ˄' = − ZF, FH ,  + ℎL ).
J=¢
(3.12)

Here, ˄ is a diagonal matrix of the positive elements
consisting of ¤ and Z , which are nonlinear in nature and
are constituted depending on the level of uncertainties in
the system.

4. CONDITIONS FOR CONTROLLABILITY
OF UNDERACTUATED SYSTEM

during the process of the control. Due to several difficulties
in the assessing the dynamic coupling of underactuation,
the control scheme of PID cannot be successfully
implemented.

B

In general, during operation any of the joint may become
passive. It is interesting to note whether the previously
stated condition about the possible actuable joints is
sufficient for controllability irrespective of location of
passive joints? Kobayashi and Yoshikawa [5] have shown
that as long as the first joint (the base joint) is active, the
controllability is achievable. If the first joint is passive then
the system is not completely controllable.

C

This implies that the number of the actuated joints (Nja) is
greater or equal to the number of the passive joints (Njp).
This also implies that at least half the total joints in the
system can be actuated for achieving the controllability.

A. Statement
It should be possible to control the system with the passive
joints. It has been observed that there exists certain
dynamic coupling between the active and passive joints,
which plays a crucial role in their controllability [4]. The
knowledge of the dynamic model is normally required to
perform the stated control of the system. It may be noted
that the errors in modeling can cause errors also in the
process of manipulation and even it may cause instability

Coupling Mechanism

A good description of the coupling mechanism between the
active joint and the passive joint is given by Dai and Zhao
[6]. They showed that the stiffness of both the types of
joints may influence the joint torque and displacements.
Highly nonlinear behavior involving the coupling
mechanism has been observed which has been summarized
as follows. The actuation of the first joint (τ1) may induce
the proportional increase with increasing the angle, θ1.
However, this trend gets reverses when θ1 reaches certain
value, called the critical angle. Further, increase in the first
joint torque may cause an abrupt rotation in the system.
This explains an observed situation in which the stiffness
ratio (between the active and the passive joints) may be
smaller than some threshold value, and the link with the
passive joint may be showing certain level of instability.

D

In practice, any of the joint may fail and any number of
joints may render unactuated. Arai and Tachi [3] have
provide a necessary condition for the controllability of the
underactuated system, which states that
 ≥ [
(4.1)

Minimum Condition for Passive Joint

Assessing Energy Requirements

Maciel et al. [7] have proposed redundancy based control
strategies. In this paper, they have provided a tool for
assessing the consumption of energy during the control
process which as shown in (4.2).
Ø = ∑¤|J¤ ( ∆)|) + ∑¤(|J' ( ∆)|)
(4.2)

5. DIFFERENT APPROACHES FOR
CONTROLLING THE SYSTEM
Bergerman and Xu [8] suggested to adopt a strategy of an
underactuated manipulator to reduce the weight of the
system and also to reduce the energy requirement (e.g.
application in space robots) during the process. A variable
structure controller has been proposed which uses the
sliding surface function even in the case when the system
model is not accurately available. The passive joint may be
equipped with brakes. All the joints may also be equipped
with the position encoders. The control methodology
considers the dynamic coupling between the passive and
active joints, and to bring the passive joint angles to a set-
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point (location). Now the passive joint may be brought to
the brake-state. The rest of the system then can be
controlled to the desired location. The robustness of this
scheme even in the presence of uncertainties due to
dynamic nature of the system has been succeeded.
Attempts of controlling the underactuated robots after
applying brakes to the passive joints have been made
successfully. However, Shin and Lee [9] have
demonstrated the controllability of the underactuated
system in a condition where braking of the passive joint
was not required and this condition represented a more
general condition. The proposed dynamic control
methodology by them involves achieving the cancellation
of the nonlinear term by a nonlinear feedback. The
dynamic feedback control consists of ‘dynamic
singularities’ in the controller which depends upon the
kinematic as well as dynamic parameters of the system.
However, the singularities need to be avoided for a
successful control. The feedback linearising decoupling
controller may be described as
J = ¢× F9 − sF, FH ,

(5.1)

where ¢× F is the pseudoinverse matrix of ¢F
(decoupling matrix) and

%
H
sF, FH  = {H F, FH F − \F3
] F, FH  F(q, FG ).

(5.2)

Here, J is the Jacobian and F represents the damping,
centripetal as well as the gravity terms. Further, avoidance
of singularities has been guaranteed by adopting the
following steps. The dynamic singularity region may be
obtained by choosing |D (q) DT (q)| < ε. Showing semisingularity regions in the Cartesian space corresponding to
the singularities regions in the joint space by means of
kinematics. Also, it may require obtaining the singularity
free regions in the Cartesian space corresponding to the
nonsingular regions in the joint space. A desired path inside
the nonsingular region in the Cartesian space would then be
marked.
Siqueira et al [10] have demonstrated application of H∞
control technique for the underactuated UArm-II robot. The
Quasi-linear parameter varying (LPV) representation gain
theory has been utilized by the researchers once the passive
joint was braked. They observed that the quasi-LPV
technique offers greater robustness in comparison to the
game theory. They have also applied H∞ control technique
with Markov theory for robot system while comparing
these methods using H∞ controller, energy consumption
under similar conditions was observed to be lowest with
the Markovian approach.
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Fig. 2: Fuzzy Indices for Switching Partly Stable Controllers [21]
Arun et al. [11] have provided control of a 2-D
underactuated manipulation considering frictional forces in
the passive joint. They implemented the technique in two
stages. In the first stage, the finite-time controller helps
gaining the desired position of the passive link and was
actuated without disturbing the second link. The modeling
of braking was effected in such a way the cross-coupling
torque (between the active and passive joints) would be
limited to the static friction between them.
Lyapunov based function formulation has also been carried
out by Park and Park [12]. Assurance of UUB property of
the state-space errors could be monitored by choosing
proper Lyapunov function. The observer was fed with

fuzzy parameters obtained by an on-line process along with
certain dynamic rule activation. In this technique, a-priori
knowledge of an upper bound of uncertainties was
required.

6.

ENERGY BASED CONTROL

Passivity based controls (PBC) have been popular among
researchers which involve the manipulation of the potential
energy of the system. Ortega and Spong [13] have
proposed shaping the total energy i.e. potential as well as
the kinetic energy (by adopting the electromechanical and
mass-balance approach) and has been termed as
interconnection and damping assignment (IDA) PBC. This
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Arun and Banavar [15] have also employed the energy
method for an upward equilibrium position of the arm of
the acrobat. In this method, the second link was aligned
with the first link and the energy was provided to the
system in the controlled manner. Bloch et al [16] have
combined the controlled Lagrangians with the potential
shaping that achieved the state-space asymptotic
stabilization of the robotic system. The method has been
applied to symmetric as well as non-symmetric parametric
cases (for the underactuated systems). Another researcher
[17] has implemented a scheme for a system with one
degree of underactuation by using the energy shaping
method. In his approach, the positive definite closed-loop
metric was no more a necessity.

stable controllers (PSC) which were appropriately
synthesized based on fuzzy rule extraction and could be
used online. The optimization of switching of PSCs may be
obtained using generic algorithm offline. The errors (qd - q)
were considered as inputs to the Gaussian membership
functions in the precedent step and the index of the PSCs
was assigned in the next step as an offline operation. The
schematic of this methodology for extracting fuzzy
functions for the switching PSCs is shown in Fig. 2.
Another group of researchers [22] used a switch controller
in which genetic algorithms have been used to optimize the
neuro-controller for the first stage of swinging. The swing
up stage may be considered in which both the links are in
an upright condition having nearly zero velocity. In the
second stage (of the balancing) a linear quadratic regulator
(LQR) has been used. This stage maintains the robot in an
inverted position. The technique provided a smooth control
as well as an advance information on the swing up time.
The scheme proposed by them is shown in Fig. 3.

GA

Xref
+

7. SOFT COMPUTING TECHNIQUES
Uncertainties in the system can be modeled using several
of the soft-computing techniques namely Artificial Neural
Network (ANN), Fuzzy Logic and Genetic Algorithm
(GA), to name a few. The landmark paper of Albus [18] in
1975 has paved way for a new controller scheme by
adopting bio-inspired model called the Cerebeller Model
Articulation Controller (CMAC) which forms the basis of
what is now termed as ANN. The ANN may be used for
making approximations to the nonlinear systems, signal
classifications, associative memories etc. One of the
inabilities [19] of this technique is lack of providing
assurance or guaranteeing the control under minor tracking
errors. The ANN technique has been used extensively by
researchers for fully actuated robotic systems.
A hybrid neural-network-based variable structure control
technique has been applied on a double inverted cart
system by Hwang et al [20]. The control design was such
that the number of the control inputs was similar to the
sliding surfaces and tracking was achieved of the signal in
a asymptotical manner. The uncertainties were modeled
using an online ANN model.
Switching computed torque method as suggested by Lanka
et al [21] utilized sets of elemental controllers called partly

Swing-up
controller
(NC)

Stabilizing
controller
(LQR)

τ

Acrobot

approach provides a smooth stabilizing controller. They
demonstrated controllability of a pendulum under an
upward position without switching and without the
measurement of velocities. The energy shaping involves
solving a nonlinear system of differential equations.
Another approach of differential geometric method also
called ^-equation for kinetic energy shaping has been used
by Auckly and Kapintanski [14]. In this method, a new
variable was proposed which was defined as λ = G`× Gab
and consists of a closed-loop as well as an open-loop
metrics. The quasi-linear equations for kinetic energy
shaping were converted into a set of over determined linear
partial differential equations.

τ

Fig. 3: Control Scheme by Duong et al [22]
A combination of several soft computing tools such as
fuzzy control rules in which the membership functions may
be generated offline using genetic algorithm has been
proposed by Liu et al [23]. It has advantage of application
to any degree of freedom of systems with no imposed
conditions on linearization. This technique, therefore, can
be considered more generalized in nature.
An approach by C.C. King [24] for the nonlinear control
systems has been used in which already popular technique
of sliding mode controller was integrated with the
technique of adaptive fuzzy modeling. The under actuated
system which was of the fourth order can be decoupled into
two subsystems. The sliding surfaces were defined for each
of these two sub systems. The unknown characteristic
functions of the system were assessed using the fuzzy
modeling. Based on the Lyapunov theorem, the stability of
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the system using adaptive fuzzy sliding model was
controlled to achieve the guaranteed tracking performance.
Another interesting application of ANN has been reported
by Li et al [25] in which grasping by the robotic fingers
holding fruits (grasping and grading) has been modelled.
The underactuated robotic hand was simulated using offline ANN training and online computations. In the next
step, fuzzy clustering method has been used to assess the
discrete space sample to create a decision scheme. The
reliability of the grasping using the proposed technique has
been achieved up to a value of 90% by the researchers.

8. CONCLUSIONS

[6]

[7]

[8]

[9]

Various methodologies available in literature in past two
decades for the control of an underactuated robotic system
have been selectively reviewed. The necessary and
sufficient conditions for the control of an underactuated
condition i.e. related to the passive joints have been
described. It has been observed that researchers have used a
combination of various control approaches for achieving a
robust control scheme for the underactuated systems.
Recently, soft computing techniques are gaining greater
popularity for control of the robotic systems.

[10]
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Abstract: Fingerprints are the most widely used biometric
feature for person identification & verification in the field
of biometric identification. Fingerprint posses’ two main
types of features that are used for automatic fingerprint
identification & verification (i) Ridge & furrow structure
that forms a special pattern in the central region of finger
print & (ii) Minutiae details associated with the local ridge
& furrow structure. This paper presents an approach to
speed up the matching process by classifying the
fingerprint pattern into different groups at the time of
enrollment & improves finger print matching while
matching the input template with stored template. And
apart from that we have introduced spectral minutiae
features and involved the singular point algorithms and as
well as into feature reduction algorithms. With reduced
features we can also achieve a fast minutiae based
matching algorithm. The algorithm result indicates that
this approach manages to speed up the matching effectively
and therefore prove to be suitable for large database like
forensic divisions.

A

Keywords:
component;
biometrics,
identification,
verification, feature reduction, fingerprint identification,
fast minutiae matching, singular points.

D

Critical points in a finger print, called core and delta, are
marked as squares and triangles. An important advance in
fingerprint identification was made in 1899 by Edward
Henry who established the famous ‘’ Henry system’ of
fingerprint classification [1, 2]*

E

C

F

Fig 1: Finger print classification involving six
categories: (A) arch (B) tented arch (C) right loop (D)
left loop (E) whorl (F) twin loop.

1. INTRODUCTION
Fingerprint is one of the most acceptable biometric
technology [1]. Most fingerprint recognition systems are
based on the use of a minutiae set. An increasing number of
civilian and commercial applications are either using or
actively considering using fingerprint based identification
because of a better understanding of fingerprints as well as
demonstrated matching performance than any other
existing biometric technology. In the late 19th century, Sir
Francis Galton conducted an extensive study of fingerprints
[2]*. He introduced the minutiae features for single
fingerprint classification in 1888.

B

who established the famous ‘’ Henry system’ of fingerprint
classification [1, 2] Minutiae are the endpoint and
bifurcation of fingerprint ridges. They are known to remain
unchanged over an individual’s lifetime & allow a very
discriminative classification of fingerprints [3].

2. FINGERPRINT FEATURE EXTRACTION
The human fingerprint is comprised of various types of
ridge patterns, traditionally classified according to the
decades old Henry systems, Left Loop, Right Loop, arch,
whorl, & tented arch Loops make up nearly 2/3 of all
fingerprints, whorls are nearly 1/3rd & perhaps 5-10 % of
arches [3]. These classifications are relevant in many large
scale forensic applications.
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In a verification fingerprint system, the template finger
print image is obtained in the enrollment phase. After that
verification process takes place by inputting the samples of
the users fingerprint at sensor. Such input finger print must
be processed, in a preprocessing step. The preprocessing
includes image enhancement, gray level adjust, ridge
thinning etc.
After the fingerprint image has been preprocessed the
feature extraction block extracts the relevant information
that will be used for matching with the template fingerprint
[5]. Finally a verification decision is made with the results
or percentage of similarity obtained from the matching
step.

4. RELATED WORK
Fig. 2: fingerprint

3. FINGERPRINT MATCHING PROCESS
Fingerprint matching technique can be placed into two
categories.
•

Minutiae based.

•

Correlation based.

But commonly used techniques with minimum FAR &
FRR are minutiae based technique. In this process, we first
of all find the minutiae points and map their relative
placement on the finger. Now, for doing this we come
across some difficulties with the above approach that to
extract the minutiae points accurately having low quality
fingerprint. Apart from that this method does not take into
account the global pattern of ridges and furrows [4].
Fingerprint verification system is a system that determines
the correspondence of an input fingerprint with a template
fingerprint stored in database. A typical block diagram of
biometric matching system is shown in figure 3.

Subsequent searches (manual or automated) utilizing
granular characteristics such as minutiae are greatly
simplified. Henry classification system assigns each finger
a number according to the order in which is it located in the
hand, beginning with the right thumb as number 1 and
ending with the left pinky/little as number 10.Tthe system
also assigns a numerical value to fingers that contain a
whorl pattern; fingers 1 and 2 each have a value of 16,
fingers 3 and 4 have a value of 8 and so on, with the final
two fingers having a value of 1. Fingers with a non-whorl
pattern, such as an arch or loop pattern, have a value of
zero. Images of various fingerprint patterns are shown
already in figure1. In accordance to the Henry
Classification system, finger numbers and finger values are
assigned as following: : the fingerprint record’s primary
grouping is determined by calculating the ratio of one plus
the sum of the values of the whorl-patterned, evennumbered fingers: divided by one plus the sum of the
values of the whorl-patterned, odd-numbered fingers
(Harling 1996). This formula is represented below [6]:

Henry Classification System Formula
Primary Grouping Ratio (PGR) =
1+ (Sum of whorled, EVEN finger value)
1+ (Sum of whorled, ODD finger value)

5. PROBLEMS ASSOCIATED WITH
EXISTING SYSTEM
Fig: 3 block diagram of typical Automatic fingerprint
verification system

Above method works very efficiently when we have palm
prints of all fingers of both hands. We assign weights to the
person prints and calculate PRG. On the basis on PGR
factor the search goes to particular domain and identified
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mi ={xi, yi, θi }

the proper match. But if we have only one finger print as
input print, then there will be problem as in this case we
can’t find PRG FACTOR. Further the problem can also
arise if the criminal is made some trick while giving its
input prints to the system. He can change the order of his
fingerprint while giving input print, if this happen then his
print can’t be matched anywhere in the system.

D = {m1, m2,…………..mn}
i = 1,2,…………..m
T = {m’1, m’2,…………m’n}
j = 1,2,……………n

6. PROPOSED WORK

Database Template and Stored Template and will be
matched, if we calculate Spatial Distance (SD) and
direction difference (DD) that will not be below than
specified value r0 and θ0 we can write as [7].

Proposed work is based on the theory of fingerprint
classification, we store only single finger print of person in
the database. This single print can be thumb print or print
of index finger. One obvious advantage of this approach is
that it will considerable reduce the amount of memory
required to store the fingerprint template as only one print
is stored instead of 10 prints for an individual. Now let us
see how the proposed system will work. First let us talk
about the enrollment process: in conventional system the
database contains the fingerprint templates in an ordinary
manner. But here in our proposed system the database
contains the different set of templates according to
classification. During the enrollment process, sensor senses
the fingerprint, then next step is feature extraction, here
minutiae points are extracted. After this step we put a
classifier to check the classification of input template that
whether it is left-loop, right-loop, arch or whorl. The detail
function of classifier is shown in figure 5. After
classification the input template will be stored in particular
domain. A domain in the database contains the templates of
same classification. Normally the fingerprints are classified
as whorl. Arch and loop. Loops make up nearly 65% of all
fingerprints, whorls are nearly 30% and perhaps 5% are
arches [3]. These classifications are relevant in many largescale forensic applications, but are rarely used in biometric
authentication. Since the loops are 65%, we further divide
this domain into two parts i.e. left loop 32% approx. and
right loop 33% approx.. So we have four different domains
i) Left-Loop ii) Right-Loop iii) Arch and iv) Whorl as
shown in figure5. Now let us come to the verification
process, here the finger or finger print is placed at sensor
and then its features are extracted and a final template is
generated for matching. Now this template will not
matched with every templates in the database rather it
extracts its classified domain out of 4- domain and will
perform match from this extracted domain. This process,
no doubt will be fast and more efficient especially when the
stored database is very large that is more than 1,00000
templates. Let D and T be the representation of the
Database Template and Stored template respectively. Each
minutia may be described by a number of attributes,
including its location in the fingerprint image, orientation,
type etc. Most common minutiae matching algorithms
consider each minutiae as a triplet m = {x, y, θ} that
indicates the minutiae location coordinates and the
minutiae angle θ.

mj = {x’j,y’j, θ’j }

Where m and n denote the number of minutiae in D and T
respectively.

DS (m’1, m1) = sqrt [(x’I - xi)2 +(y’I -yi)2]>=r0 .

(1)

DS (m’1, m1)>= θ0

(2)

……………

Fig.4: Block diagram of fingerprint classification

7. FINGERPRINT CLASSFIER
Fingerprint classifiers classify the input fingerprint into
four major categories namely Left-Loop, Right-Loop,
Whorl and Arch. The proposed classifiers works on the
basis of singular point (Delta) extracted. If there are two
deltas then it will be counted as whorl or twin loop. If there
is no delta then it will be counted at arch. If only one delta
is there then it will be either left loop or right loop. We
further find the category of loop by measuring relative
position(R). If relative position, R of delta with respect to
symmetry axis is R = 1 means the delta is on the right side
of symmetry axis then it will be left loop otherwise it will
be right loop [10]. On the basis of above idea, a flowchart
(fig6) for algorithm is designed to find the fingerprint
classification.
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Loop (33%) 10000 Arch (5%)
At first stage we get the template classification and
accordingly particular domain will be extracted. Now we
calculate the time taken for each classification.
For Whorl
For LL
For RL
For Arch
Average time

= 1ms x 60000 = 60 sec.
= 1ms 64000 = 64 sec.
= 1ms x 66000 =66 sec.
=1ms x 10000 = 10 sec.
= 200/4 = 50 sec.

For an average case, time required = approx 30-34 sec.
Performance Factor =
Time taken in worst case of existing system = 33 min
Time take in worst case of proposed system 50 sec
= 40
i.e. the new approach is approx 40 times better than the
existing approach.
Fig. 5 Proposed working of fingerprint classifier

11. CONCLUSION AND FUTURE SCOPE

8. PERFORMANCE ESTIMATION OF
PROPOSED SCHEME
Let us take the example of STMicroelectronics, G.Noida
where database of more than 2, 00000 templates are stored.
We had performed an experiment at STMicroelectronics by
inputting a single template at the sensor and started to
identify it from their database. The process takes 25-30
minutes to identify and also gives 34 matched templates
(equations 1,2 satisfy for 34 templates) [7]. These 34
templates again have to match manually and consume
around 5-6 hours i.e. it’s a quite time consuming and
complex task. Let’s assume that time taken to perform a
single match = 1ms (1 milli seconds).

An approach has been presented for fingerprint matching in
an effective way to reduce time. The proposed scheme has
been calculated as 40 times efficient as compared with an
existing system. We have taken four major classifications
of fingerprint, whorl, arch, left-loop and right-loop. But
still there is some problem in existing system that is in our
proposed system our pre-request is concern about our
database. Our database should contain only one print of
every individual not both palm prints. Future scope is to
consider the feature reduction methods and simultaneously
the recognition performance of the fingerprint system is not
degraded. We can work on the spectral minutiae fingerprint
recognition system and work on the algorithms

12. REFERENCES

9. PERFORMANCE OF EXISTING SYSTEM
For Best case i.e. the template is First match, time required
=
1x1 =1ms
For worst case i.e. the template is last match, time required
=
1x2, 00000 = 200 sec. = 33 min.
For an Average case, Time required = approx. 10-20min.

[1]
[2]
[3]
[4]
[5]

10. PERFORMANCE OF PROPOSED SYSTEM
For Best case i.e. the template is First match time required
=1x1 = 1 ms
Now let us calculate for worst case we have assumed 2,
00000 templates, according to classification there will be
60000 whorls (30%) + 64000 left Loop (32%) + 66000
Right

[6]
[7]

♦ 174 ♦

Spot light on Biometrics [online].Available
http://www.unisyssecuri-tyindex.com//.
H.C.Lee&R.E.Gaensslen, Advances in finger print
technology, Elsevier, NewYork , 2006.
D.Maltoni ,D.Maio,A.Jain & S.Prabhakar,Handbook
of fingerprint Recognition,NewYork Springer 2003
A.K.Jain, R Bolle,S.Pankanti,Biometrics : Personal
Identification in networked society-kluwer Academics
Dec 2000 AK Hrechak &JA McHugh, Automated
fingerprint recognition using structural matching
Pattern recognition Vol 23,No.8.
The Henry classification system copyright 2003.
L.Hong, Automatic Personal identification using
fingerprints, PhD Thesis, Michiggan state University.

Ecological Concerns of Wearable
Electronics: A Classified Overview
Abhinav Garg1, Sonam Goel2
1

M.Tech. (IIIT Bangalore)
Assistant Professor
National Institute of Fashion Technology, Hyderabad, India
abhinavarungarg@gmail.com
2
M.S. (Software Sys.) BITS Pilani, Hyderabad, India
sonam1403@gmail.com

Abstract: Wearable Electronics are a buzzword in an
emerging generation of smart products. They consist of
small electronic devices which are seamlessly embedded
into clothes, wrist watches, shoes, mobiles and other
wearables. Wearable Electronics provide enhanced
functions in a variety of unobtrusive and convenient ways.
Like many high-tech products, wearable electronics may
evolve to become a mass market in the future that will in
turn proliferate the soaring mountains of e-waste which
poses environmental and occupational health hazards.
Large amounts of difficult-to-recycle products will be
discarded. This can result in new waste problems. In this
thematic article we provide an overview of the Ecological
concerns of Wearable Electronics. Also we attempt to
classify the impacts of wearable computers on the
environment and human beings on the basis of chronology
of usage and device types.
Index Terms:- Wearable Electronics/Computers, ETextiles (Electronic Textiles), HMD’s (Head Mounted
Displays), E-waste (Electronic Waste)

1. INTRODUCTION
The worldwide market for wearable electronics is growing
at a dazzling pace, with brand name companies battling for
market shares. Consumers are hungry for the latest
communication technology, replacing and adding new
“necessities” to stay in touch, work while travelling, and
play the latest games.
The life span of a typical computer ranges between two to
five years. Many are discarded before the end of their usual
lives due to minor software or hardware problems. The
majorities are not properly disposed of and end up in open
air incinerators. There is no reason to assume that e-textiles
will break with that trend. On the contrary, their obsolesce
may even be accelerated due to fleeting fashion trends in
the apparel sector. One can expect that old e-textiles will
cause large waste streams similar to today’s e-waste [9].

E-waste accounts for 70% of the overall toxic waste that is
currently found in landfills. In addition to valuable metals
like aluminum, zinc, etc, electronics contain hazardous
materials like mercury, arsenic, cadmium, lead,
phosphorus, BFR’s (Brominated Flame Retardants),
beryllium and more. When placed in a landfill these
materials can contaminate soil as well as drinking water. Ewaste disposal is a vital environmental challenge and
wearable electronics act as a catalyst in the critical issue of
e-waste disposal. It has been estimated that 20-50 million
metric tons electronic wastes per year are generated
worldwide. For example, in the U.S., it was estimated that
over 500 million computers between 1997 and 2007
became obsolete, and only 20% of them was collected,
treated and recycled. The electronic wastes scrap represents
a complex mixture of three major material fractions: (i)
metals, (ii) polymers and (iii) ceramics. The metal fraction
including iron, copper, aluminum, gold and others in
electronic wastes is over 60%, while pollutants comprise
2.70%.
“E-cycled” iPod or cathode ray tube ends up on a slow boat
to China, India, South America, Africa, or Southeast Asia.
There they come to black market scrap heaps where lowwage workers use alarmingly hazardous techniques—open
coal fires, medieval acid baths—to extract a pittance of
precious metals from circuit boards and soldered wires. In
the process the workers, sometimes including children,
release Superfund-level quantities of toxic waste into the
environment.
Carbon dioxide emissions from the mining and production
of copper and precious and rare metals used in electrical
and electronic equipment are estimated at over 23 million
tonnes – 0.1 percent of global emissions (not including
emissions linked to steel, nickel or aluminum, nor those
linked to manufacturing the devices)[5].
In 2006, India had around 5 million PCs, and this is
growing at a compounded rate of 25 % per year. By 2020,
e-waste from old computers in the country will jump by
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500% from 2007 levels [5]. Globally, e-waste is growing
by about 40 million tons a year. The manufacturing of
mobile phones and personal computers consumes 3 per
cent of the gold and silver mined worldwide each year; 13
per cent of the palladium and 15 per cent of cobalt. Modern
electronics contain up to 60 different elements -- many
valuable, some hazardous, and some both [5].
Classification of impact of Wearable Electronics on
Ecology (Environment and Humans)

nearby marketplaces and schools. When the fires burn
down, metals can then be recovered and sold.
Burning results in toxic emissions along with the
metals.
Some of the health effects of these metals are summarized
below:
•

Mercury: found in fluorescent tubes (numerous
applications), tilt switches (mechanical doorbells,
thermostats), and flat screen monitors. Health effects
include sensory impairment, dermatitis, memory loss,
and muscle weakness. Environmental effects in
animals include death, reduced fertility, slower growth
and development.

•

Sulphur: found in lead-acid batteries. Health effects
include liver damage, kidney damage, heart damage,
eye and throat irritation. When released in to the
environment, it can create sulphuric acid.

•

BFRs: Used as flame retardants in plastics in most
electronics.
Includes
PBBs
(Polybrominated
Biphenyl), PBDE (Polybrominated Diphenyl Ethers),
DecaBDE, OctaBDE, PentaBDE. Health effects
include impaired development of the nervous system,
thyroid problems, liver problems. Environmental
effects: similar effects as in animals as humans.

•

Cadmium: The most common form of cadmium is
found in Nickel-cadmium rechargeable batteries.
These batteries tend to contain between 6-18%
cadmium. When not properly recycled it can leach into
the soil, harming microorganisms and disrupting the
soil ecosystem. Exposure is caused by proximity to
hazardous waste sites and factories and workers in the
metal refining industry. The inhalation of cadmium
can cause severe damage to the lungs and is also
known to cause kidney damage.

Classification on the basis of chronology of usage:
1)

2)

3)

Pre-Consumption: Electronic products like mobile
phones, laptop computers and mp3 players contain a
substantial amount of numerous metals many of
which are extracted in developing countries that have
high risks of environmental damage, including the
depletion and pollution of drinking water sources and
air pollution, human rights abuses and poor working
conditions. Unacceptable health and safety conditions
have been found in the mines. The worker’s health is
compromised by the inhalation of dust, which
negatively affects their long-term health. A
substantial number of workers suffer from silicosis, a
respiratory disease that is caused by inhaling silica
and results in inflammation and scarring of the lung
tissue as well as tuberculosis. Other issues include the
vast amounts of electricity, water and other utilities
needed for mining operations. These basic necessities
of life would have otherwise been used in a more
fruitful way.
While-Consumption: During hot weather or high
energy activities, wearable computers tend to irritate
the user or wearer. This is because the computer
emits its own heat despite its inbuilt cooling system,
and the users too emit heat due to the daily activities
they are engaged in. Like regular computers,
wearable computers also tend to leave users with a
slight headache as a side effect from their prolonged
use.
Post-Consumption: Products like laptops, mobile
phones, games, MP3 players and webcams contain a
substantial amount of metals. Once discarded, these
electronics are recycled to extract valuable metals
from them. Though economic hurdles hinder the
recycling of electronics in developed countries,
informal "backyard recycling" operations for
electronics have taken root in many developing
countries, where it makes economic sense for
impoverished populations to recover and resell small
amounts of valuable metals. The e-waste trade,
though for the most part illegal, generates towering
mounds of electronics in poor neighborhoods. These
mounds are lit on fire, and they blaze like funeral
pyres, casting thick plumes of toxic black smoke into

Classification on the basis
computers, also known as
miniature electronic devices
under, with or on top of
categorized as under:1)
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of device types: Wearable
body-borne computers are
that are worn by the bearer
clothing [6]. They can be

Handheld devices: A mobile device (also known as a
handheld device, handheld computer or simply
handheld) is a small, hand-held computing device,
typically having a display screen with touch input
and/or a miniature keyboard.[7] For the production of
mobile phones a rare metal called tantalum is used as
it is well suited to produce powerful capacitors. The
function of these capacitors is to store the electrical
charge. Tantalum is extracted from an ore called
coltan, which is primarily found in Central Africa
[1].The strong demand for this raw material is one of
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the key causes of the Congo conflict in 2008 which
continues even today after the official end of the war
in the Kivu region was announced. The funds from
mining finance, the soldiers and their weapons and
are thus contributing to the continuation of the
conflict which has already cost 5 million lives.
Further to the vagaries of war are the inhumane
working conditions under which the mine workers are
forced to work. Their lungs are affected by mineral
dust and the mines prone to landslides resulting in
fatalities. Even children work under such harsh and
dangerous conditions as they try to support their
families.
The natural environment in the region has suffered to a
great extent by the uncontrolled mining in the Democratic
Republic of the Congo during the coltan boom in the year
2000. Numerous mines are situated in the Kahuzi-Biega
National Park, where some of the last gorillas of DRC can
be found. Their habitat is being progressively destroyed by
deforestation for new mining sites and the endangered apes
are also being hunted down for their flesh.
Several recent studies show a correlation between cell
phone radiation emission and conditions involving the
brain or within the region of the head. EWG reports that:

clothing and technical textiles. A mass consumer
market for e-textiles without an integrated
understanding of safe disposal methods raises serious
questions about the depletion of resources and effects
on human health[12].
During hot weather or high energy activities, wearable
computers tend to irritate the user or wearer. Like regular
computers, garment mounted computers also tend to leave
users with a slight headache as a side effect from their
prolonged use.
The growing practice of weaving electronics into the fiber
of clothing could add to the already monumental challenge
of e-waste disposal.
Even if there existed an effective system for collecting the
profusion of consumer electronics, there is no technology
today capable of recycling e-textiles: sent to standard
electronics recyclers, e-textiles will jam shredding
machines; sent to textile recyclers, the metal content will
contaminate recycling streams. There is a problematic and
frequently ignored lag between the release of new
technology and the establishment of a corollary waste
management industry.
3)

Body-mounted device: Improperly fitting HMDs can
cause discomfort and additional strain can be placed
on the neck by large masses. There may also be a risk
of injury while the user is using a fully immersive
HMD. When a user is wearing an HMD, they are
functionally blind in real world terms. This can lead
to problems due to collision with real world objects
or possibly the VR system cabling and even if the
user has some external vision, the compelling
immersive scene may distract attention from the
outside world. Additionally, many HMDs also
provide sound cues for the user that effectively cut off
aural stimulation from the real world. Also they may
cause Eye Strain and Visual fatigue

4)

Implanted device: A human microchip implant is an
integrated circuit device or RFID transponder encased
in silicate glass and implanted in the body of a human
being. They may record electrical impulses in the
brain or they may stimulate neurons with electrical
impulses from an external source. Scientists have
built thin, flexible electronics on a silk substrate,
creating implants that are perfect for implantation in
the body. Over time, the silk melts away and the
silicon circuits, just 250 nanometers thick, remain and
work perfectly. Silk-silicon LEDs that might act as
photonic tattoos that can show blood-sugar readings,
as well as arrays of conformable electrodes that might
interface with the nervous system [2].

Brain Cancer: Two analyses of 25 original publications
identified a 50-90% increase in risk for two types of brain
tumors: glioma and acoustic neuroma [13]. These results
confirm earlier findings, from 1996 and 2002, that a child’s
head absorbs more radiofrequency radiation than an adult.
Other implications of using Cellphones are:Salivary Gland Tumors: An Israeli study found an
increased risk of 50-60% for salivary gland tumors among
people with the highest cell phone use [14].
Behavioral Problems: A study of 13,159 Danish children
showed an 80% elevated risk for emotional and
hyperactivity problems among young children who used
cell phones and whose mothers also used cell phones
during pregnancy [14].
Migraines and Vertigo: A study of 420,095 Danish adults
showed that long-term cell phone users were 10-20% more
likely to be hospitalized for migraines and vertigo than
people who took up cell phones more recently [14].
2) Garment-mounted device (E-Textiles): Textiles
integrated with electronics, often called e-textiles, are
traditional textiles augmented with electronic devices,
communications, and power storage/generation
capabilities [8]. Electronic textiles consist of small
electronic devices that are seamlessly embedded into
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Deep-brain stimulators, implanted devices that send pulses
of current into small regions of the brain, help thousands of
people with Parkinson’s disease get through their daily
lives. But while quelling people’s tremors, these implants
may also be scrambling their ability to make decisions,
according to a report published yesterday on the Web site
of the journal Science [3].
Veterinary and toxicology studies carried out from 1996 to
2006 found that lab mice and rats injected with microchips
sometimes developed cancerous tumors around the
microchips (subcutaneous sarcomas) [10].
According to the Food and Drug Administration (FDA),
implantation of the VeriChip poses potential medical
downsides. Electrical hazards, MRI incompatibility,
adverse tissue reaction, and migration of the implanted
transponder are just a few of the potential risks associated
with the Verichip ID implant device [11]. Moreover, a
patient could be burned if the chip reacts to outside source
of EMF radiation, such as a strong electrical field or a
magnetic resonance imager (MRI) machine.

2. CONCLUSION AND
RECOMMENDATIONS:
As computers move from the desktop, to the palm top, and
onto our bodies and into our everyday lives, infinite
opportunities arise to realize applications that have never
before been possible. Flexible, wearable electronics will
create more effective, safer and less expensive methods to
provide health care monitoring of patients, the elderly,
military personnel, and athletes. From sports, fitness, and
well-being, to home monitoring, remote patient monitoring,
and on-site professional healthcare monitoring, the
potential markets for wearable devices are endless.
Wearable electronics is already an established and growing
market, with approximately 170 million units forecast in
2017, according ABI Research.
This article examines the possible end-of-life implications
of wearable electronics on our ecology. Also it attempts to
classify those implications on the basis of chronology of
usage and the type of device used as wearable electronics.
The huge amount of computing manufactured worldwide
has a direct impact on environment issues, and scientists
are conducting numerous studies in order to reduce the
negative impact of computing technology on our natural
resources. Companies are addressing e-waste by offering
take-back recycling programs and other solutions, with
lower energy consumption and less wasted hardware.
Recycling of old e-textiles will be difficult because
valuable materials are dispersed in large amounts of
heterogeneous textile waste. Moreover, the electronic
components can act as contaminants in the recycling of
textile materials.

A central point of research is testing and applying
alternative nonhazardous materials in the products’
manufacturing process [13]. Hazardous materials should be
safely stored or treated while valuable materials removed
for reuse or treatment. For instance, batteries and capacitors
can be removed for pre-treatment to recover cobalt, nickel
and copper. The final recovery of metals, in sufficient
quantity, can take place in steel plants, aluminum smelters
or integrated metal smelters [5].
“One person’s waste can be another’s raw material. The
challenge of dealing with e-waste represents an important
step in the transition to a green economy by transforming
waste into assets and creating new businesses with decent
green jobs. In the process, countries can help cut pollution
linked with mining and manufacturing, and with the safe
disposal of electronic devices.” [5]. Innovators can take a
pause to make a resolution for more sustainable paths
forward in the development and deployment of wearable
electronics. For-example Eco-friendly phones are
becoming more numerous, allowing relatively guilt-free
use of this ubiquitous mobile technology.
Green recycling of electronic wastes to prevent the toxic
materials from entering our living system is of importance
to the environmental sustainability. The innovation trend of
technological convergence should be scrutinized from the
life cycle perspective. Technology developers and product
designers should implement waste preventative measures at
the early phases in the development process of the
emerging technology..
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Abstract: Body capacitance is the absolute amount of
energy storage of the body due to intact cellular
membranes. A high capacitance of living cell is
differentiated by the thickness of the cellular membranes,
in contrast a low capacitance of living cell has lower
energy stored in cellular membrane. Capacitance is
proportional to the size of the body cell mass compartment
or number of cells and to the integrity of cellular
membranes. In this paper the authors try to highlight the
importance of cell capacitance in diagnosing diseases. It is
to be noted that membrane capacitance changes with
various diseases and its measure is helpful for the
diagnosis of diseases. The effect of quantum metabolite is
different for different diseases. The linking of quantum
metabolite with cell capacitance will help to diagnose the
disease of the subject.
Keywords: Capacitance of cell,
membrane, quantization of diseases.

diseases,

cellular

1. INTRODUCTION
Interiors of living cells are electrically negative with
respect to their environment as shown in fig 1 and this
charge separation is utilized for a variety of cellular
properties, from energy production to cell-to-cell
communication. The linear dielectric response, which
measures the ability of the charges to respond to an
alternating field, decreases with frequency. Most
importantly, its frequency-dependence depends on the type
of organism and also helps differentiate between living
organisms and nonliving materials [1].

concentrated solution of chemicals and salts. Cells are
grouped to perform specialized functions and they are
linked by an intricate communications system. The cell
membrane maintains an ion concentration gradient between
the intracellular and extracellular spaces. This gradient
creates an electrical potential difference across the
membrane which is essential to cell survival. Electrical
gradients are necessary to support movement of oxygen,
carbon dioxide, and nutrients. Therefore, the cell
membrane has electrically insulating qualities or
capacitance. Electrical capacitance will increase or
decrease depending on the health and the number of cells.
Damage to the cell membrane, and its functions, is as lethal
to the cell as direct damage to the nucleus itself.
Improved cell membrane potential and membrane
capacitance will affect mitochondrial production of ATP,
cell membrane permeability, production of proteins and
other macromolecules. Certain nutrients have the ability to
support the electrical potential of the cell membrane. These
nutrients include essential fatty acids, phospholipids,
sterols and nutrients such as mineral transporters that help
normalize intracellular mineral concentrations in diseased
cells [2]. The combination of cell membrane repair and
correction of deficiencies of intracellular mineral
concentrations primarily potassium, magnesium, zinc and
calcium and correction of excessive intracellular levels of
sodium will result in improvement of cell membrane
capacitance back toward a healthier charge. Some
clinicians also try to improve the cellular capacitance of
cancer cells by use of PEMF, micro current, infrared and
phototherapy equipment.

2. VARIOUS DISEASES EFFECTING
CAPACITANCE OF CELL MEMBRANE
A. Diabetes mellitus

Fig. 1: Electrical Representation of living cell
All living things are made up of various cells. Cells are
membrane bounded compartments filled with a

It is one of the most fatal diseases nowadays. This is a
disease in which the body does not produce enough insulin.
The electrical properties of red blood cells in the patients
with diabetes change. There was an increase in the
viscosity and the yield stress of diabetic erythrocyte
comparing to the normal [3]. The relative permittivity,
dielectric loss, and AC conductivity of diabetic
erythrocytes increased significantly compared to the
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control. Observation done by O.S. Desouky is shown in
table1.

b)

Table: 1: Dielectric property of living cell

Patients with diabetes mellitus show the variation in their
relative permittivity as shown in the fig2.

Cancer: Cancer is a class of diseases characterized
by out-of-control cell growth. Cancer harms the body
when damaged cells divide uncontrollably to form
lumps or masses of tissue called tumors. The area of
the plates and the type of dielectric material used
affect the capacitance of the cell. The dielectric
characteristics of a material include both conductive
and capacitive properties. In cancer cell the content of
water and sodium ions increases hence results in
leaky dielectric [4]. Due to this the area of the cell
membrane increases, thus the capacitance of the
membrane increases during the process of metastasis
as shown in fig 4

Fig2: Variation in their relative permittivity in Diabetic
patients
As the dielectric of the cell changes, the capacitance also
changes as shown in fig3.
Fig 4.Capacitance Relaxation Curve of cancer cell
Sclerosis: It is an inflammatory disease in which the fatty
myelin sheaths around the axons of the brain and spinal
cord are damaged, leading to demyelination and scarring as
well as a broad spectrum of signs and symptoms. Disease
onset usually occurs in young adults, and it is more
common in women. The main purpose of a myelin layer (or
sheath) is to increase the speed at which impulses
propagate along the myelinated fiber.

Fig3.Relation of Di-electric and
capacitance of living cell

Along unmyelinated fibers, impulses move continuously as
waves, but, in myelinated fibers, they hop or “propagate by
saltation”. Myelin decreases the capacitance across the cell
membrane as shown in fig. Thus, myelination helps prevent
the electrical current from leaving the axon [5]. The
variation in the cell capacitance with increase in frequency
level is shown in fig5.
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organs. Mucus can obstruct the airways and cause bacterial
infections in the lungs, leading to chronic coughing,
wheezing, and inflammation [8,9]. Over time, mucus
buildup and infections lead to permanent lung damage,
including the formation of scar tissue (fibrosis) and cysts in
the lungs. Once fibrosis starts the capacitance of the cell
linked to fibrosis will vary at different stages. As we know
the cell lipid gets thicker when fibrosis progresses. This as
a result increases the cell capacitance as shown in fig 6.

Fig. 5: Frequency Capacitance curve
Cholesterol: Plasma membrane lipids such as cholesterol
play an important role in regulating the barrier function of
epithelial cell layers. Lipids contribute to the structure,
assembly and function of tight junctions and thereby have
an effect on the selective permeability of the par cellular
pathway. A common in vitro approach to study the
underlying mechanisms is to selectively alter the lipid
composition of the plasma membrane and then employ
analytical techniques to determine possible effects on the
barrier properties. In this study Madin-Darby canine kidney
(MDCK) cells grown on porous membrane inserts were
exposed to different concentrations of methyl-ßcyclodextrin (MBCD). This agent serves as a cholesterol
binding reagent and thereby allows one to selectively lower
the content of cellular cholesterol [6].
It has been observed that the cholesterol increases the
membrane water permeability. Due to this the capacitance
of cell increases proportionally as shown in fig 6.

Fig 6. Relation between cell capacitance and Fibrosis

3. DISCUSSION AND CONCLUSION
The cell membrane functions as a permeable barrier
separating the intracellular (cytoplasm) and extracellular
components. The lipid membrane is transverse by proteins,
which are soluble in water thus making pores through
which water, ions and other chemicals can enter and exit
the cell. It is a measure of cell membrane health in all
living substances and can change with quantum metabolite
linked with the energy of the cell. The effect of quantum
metabolite is different for different diseases. The linking of
quantum metabolite with cell capacitance will help to
diagnose the disease of the subject. Cell capacitance is a
measure of the integrity of your cell walls. A low cell
capacitance (unhealthy cell walls) is associated with
oxidative stress and can be an indication of poor health
and/or disease progression. A high cell capacitance
(healthy cell walls) is associated with adequate antioxidant
support and can be an indication of good health. The
variation in cell capacitance with subjects is as shown in
the fig 7.

Fig. 6:Cell capacitance and Cholesterol curve
d) Fibrosis: It is the formation of excess fibrous connective
tissue in an organ or tissue in a reparative or reactive
process. Fibrosis in the pancreas as well as myocardium is
one of the major problems related with long term diabetes
[7].
The signs and symptoms of this disorder are caused by the
production of abnormally thick, sticky mucus in the body's
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Fig 7. Variation in cell capacitance with Subjects

The Disease Dependent Electrical Properties of Living Cell -A Review

Using Capacitance property it is also possible to
distinguish between Living and Dead Cells. The use of
capacitance to measure viable cell number is useful in
screening cryoprotective agents and conditions for the
viable freezing of cells, as it is possible to predict the
viability of the cultures at 48 hours after their recovery.

[4]
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Abstract: We report in present discussion a comprehensive
and up- to- date description on properties and applications
of few n- type semiconductor metal oxide thin films of II-VI
group. The structural, electrical as well as optical
properties of these unusual materials can be tailored by
controlling deposition parameters. Thin films of zinc oxide,
cadmium oxide, indium oxide and their various alloys
deposited by various techniques, exhibit polycrystalline
nature, high transmittance in visible spectral region and
D.C electrical conductivity. These transparent conductors
have found applications in enlarge number of active and
passive electronic and optoelectronic devices.
Keywords: Semiconductors; Thin films; II-VI Group;
Transparent Conducting Oxides

1. INTRODUCTION
Optoelectronics, the alliance of optics and electronics, is
one the most exciting and dynamic industries of the
information age. As a strategic enabling technology, the
application of optoelectronics extend throughout our
everyday lives, including the fields of computing,
entertainment, education, electronic commerce, health care
and transportation. Defense applications include military
command and control functions, imaging, radar, aviation
sensors and optically guided weapons. It is classified as
light sources (LED, LASERS) and light detectors
(photodetectors, photoconductors, photovoltaics).From the
technological view point these optoelectronic devices are
very amenable for manufacturing light weight, wide
viewing angle, solid state, radiation-hard, bright, highcontrast and pleasant to the eye emissive flat panel displays
[7].Thin films are of great technological interest in
electronic and photo electronic devices. Such alloy systems
are known to have well defined band structures in which
the energy gap and other band parameters vary
continuously with composition between their values for the
constituent compounds. Thus such materials allow the
possibility of tailoring their properties to meet specific
requirements [1-6].Thin films of conducting oxides are
required for different kinds of optoelectronic thin film

devices [8], e.g. image sensors based on amorphous silicon
[9,10], liquid crystal displays [11] or solar cells [12].Based
on mechanism of electrical conductivity, thin films are
categorized into n- type TCO such as indium tin oxide, zinc
oxide, cadmium oxide, tin oxide and p- type TCO such as
CuAlO2 ,CuCrO2, CuFeO2 and SrCu2O2 [31]. N- type TCO
such as zinc oxide, indium tin oxide, tin oxide and
cadmium oxide have been extensively researched due to
their use in gas sensors devices and semiconductor device
technology which have common application area in
photovoltaic solar cells and some optoelectronic devices
[13-16].These n-type TCO must therefore meet the
following requirements simultaneously [17] for the
application of optoelectronic devices.
•

Optical transparency( normally in the visible region).

•

Electrical conductivity (value depend upon specific
application).

•

Structurability by XRD.

In this study we are trying to put together the most
important and updated information and to present a unified,
systematic and concise overview of the role of few n- type
II-VI semiconductor oxide thin films in making
optoelectronic devices. A lot of research reports are
available on preparing II-VI semiconductor oxide thin
films by a number of methods and their applications on
optoelectronic devices. Some reviews on these thin films
are given below:
Thin films of boron and hydrogen-co doped CdO (B&H-co
doped CdO) oxide with different boron contents have been
prepared on glass and silicon substrates. The effects of co
doping on the structural, electrical, and optical properties of
the host CdO films were systematically studied. The
optoelectronic measurements in visible and NIR spectral
range demonstrate the utility of the oxide/p-Si
heterojunction in photodetection applications [18]. The
conductivity of CdO films can be controlled by creation of
cadmium interstitials and/oxygen vacancies that can be
managed by doping with different metallic ions like In, Sn.
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Al, Sc, Y, Tl, Fe, Sm, ..etc [19-26]. Nanostructured zinc
oxide thin films were prepared by spray pyrolysis
technique using Zn(NO3)2·6H2O as the precursor solution
[27]. The resulting films were investigated by X-ray
diffraction and scanning electron microscopy to know
crystal structure, size of crystallites and surface
morphology. The LPG sensing performance of the films
has been investigated at various concentrations of LPG in
air at operating temperatures varying from 225 to 400 °C
[27].Silver doped zinc oxide thin films were grown on
quartz substrate using pulsed laser deposition technique
[28].The effect of substrate temperature on structural,
optical and electrical properties was studied. At low
temperatures films were amorphous and at high
temperatures films were crystalline. These highly
transparent and high mobility films could be used as
bottom electrodes in optoelectronic devices [28]. Doped
zinc oxides are attractive alternative materials as
transparent conducting electrodes because they are non
toxic and inexpensive [29]. Tin-doped indium oxide (ITO)
thin films were fabricated by the sol–gel spin-coating
method [30] with different indium precursor solutions
synthesized from In(NO3)3 or InCl3 (denoted as N-ITO and
Cl-ITO, respectively). For both N-ITO and Cl-ITO thin
films, the increase of mobility/conductivity and the
reduction of carrier concentration with increasing annealing
temperatures from 400 to 700 °C are related to the increase
of crystallization/densification and the annihilation of
oxygen vacancies and optical band gap (3.95 eV) of N-ITO
thin films are higher than that of Cl-ITO thin films, which
can be attributed to the higher densification, lower
crystallinity and more free charge carriers of N-ITO thin
films. These properties make the indium nitrate-derived
ITO thin films have better potential applications for some
commercial products [30]. The multi element oxide thin
films [31] with different oxygen contents which changes
electron binding energy of cations, we can alter the
electrical and optical properties of thin films. When oxygen
content ranges between 51.6 to 56 atom%, the films are
optoelectronic semiconductor. When oxygen content is
outside this range, film is transparent and insulating [31].

potential and development [38,39]. These polycrystalline
semiconductors grown either by thermal evaporation,
electron beam evaporation, sputter deposition, sol- gel
method or chemical vapor deposition [40-45].The
polycrystalline nature of thin film exhibit good
characteristics as compared to monocrystalline and
amorphous thin films for their basic use. Some basic
conducting oxides of II-VI group show polycrystalline
nature when analyzed by XRD. ZnO is a promising
material for making transparent conducting films. It has
wurzite type hexagonal crystal structure [46,29]. Pure ZnO
and ZnO doped with (B,Al,Ga,In) all show polycrystalline
nature. Another popular TCO is cadmium oxide which is ntype semiconductor with rock salt crystal structure FCC
show polycrystalline nature [47]. An indium oxide thin
film crystallizes in cubic form and also exhibit
polycrystalline nature [48]. For use of thin films in
photovoltaics, solar cells, light emitting diodes and many
more optoelectronic devices the semiconducting oxide
material should have direct energy band gap in visible
region. Our main motive for exploring thin films of
semiconducting oxides, is their incorporation in short
wavelength optical devices. ZnO has direct energy band
gap of 3.37 eV, which corresponds to emission in the U.V
region [49].CdO has direct energy band gap 2.3 to 2.7eV. It
has optical transmittance in the visible region of solar
spectrum [47,50,51and52]. The direct optical band gap of
ITO is generally greater than 3.75 eV although a range of
values from 3.5 to 4.06eV have also been reported in the
literature [53].The electrical transport properties of the
materials are of great importance in determining whether
the material is congruent with our necessities or not
[54,55]. The electrical properties are dependent on various
film and growth parameters such as film composition,
thickness and substrate temperature and deposition rate
[54,55]. For optoelectronic application important
characterization includes D.C electrical conductivity which
should be higher than 103 (Ώcm)-1for efficient carrier
transport. ZnO thin films has conductivity in the range 102
to 103 (Ώcm)-1 [56, 57]. Pure CdO has also conductivity of
the order of 103(Ώcm)-1 [36].

2. RESULTS AND DISCUSSION

3. CONCLUSION

Metal doped degenerate semiconductor oxides have been
used extensively in transparent conducting oxides and
many other optoelectronic applications [19,32-36]. These
applications are based on their suitable structural, optical
and electrical properties. The use of polycrystalline thin
film semiconductors has attracted much interest in an
expanding variety of application in various electronic and
optoelectronic devices. The technological interest in
polycrystalline based devices mainly caused by their very
low production cost [37]. Among the alternatives of large
scale optoelectronic energy conversion, the polycrystalline
solar cells in its various configuration holds the highest

In summary, optoelectronics is undergoing enormous
growth with almost unlimited potential for sustainable
future energy requirements of the world. This discussion
can be realized best with strong support through research
and development of metal oxide semiconductor thin films.
The production cost of these thin films is very low. Thin
films of II-VI n- type semiconductor metal oxides excellent
show polycrystalline nature, optimum band gap in visible
region and high D.C electrical conductivity, are excellent
candidates for future optoelectronic devices ranging from
aircraft window heaters to charge coupled imaging devices.
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Abstract: Drive applications can be divided into three
main categories according to speed and torque. The most
common AC drive application is a single quadrant
application where speed and torque always have the same
direction, i.e. the power flow (which is speed multiplied by
torque) is from inverter to process. These applications are
typically pump and fan applications having quadratic
behavior of load torque and thus often called variable
torque applications. In this paper, controller based on
torque reference has developed for improving flux and
torque which produced improved speed, widely used in
industrial applications.
Keywords: Induction motor; Matlab software; Braking
chopper; Inverter; Rectifier, DTC controller, Hysteresis
comparator, VSI etc.

Typically loads are categorized as constant torque or
quadratic torque type. Quadratic load torque means that the
load torque is proportional to the square of the speed.[3] It
also means that the power is speed to the power of three. In
constant torque applications, the power is directly
proportional to speed.
The DTC control method combined with IGBT technology
contributes to a low amount of current harmonics. For that
reason the IGBT supply unit can be used to replace single
quadrant 12-pulse or 18-pulse supply configurations, which
are typically used for reducing current harmonics on the
supply side. An IGBT supply unit is therefore also a
solution for those cases where current harmonics rather
than the handling of braking energy is the issue.[6]

1. INTRODUCTION
It is commonly understood that from the energy saving
point of view the AC motor combined with inverter is
superior to mechanical control methods such as throttling.
However, less attention is paid to the fact that many
processes may inherently include power flow from process
to drive, but how this braking energy could be utilized in
the most economical way.
Fig. 2: Hysteresis comparator

Direct Torque Control

Fig. 1: Block diagram speed control of
induction motor using DTC

Direct torque control (DTC) is a way to control an AC motor fed by an inverter. The control principal turns IGBT
switches on and off directly based on the difference between the actual AC motor torque and the user’s reference
torque (Technical Guide No. 1). The very same principle
can be applied in a line converter controlling the power
flow from power network to drive and vice versa. The
power is torque multiplied by angular frequency, which in
the net- work is constant, i.e. controlling torque means also
con- trol of power flow.[1][5]
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The instantaneous torque in terms of stator and rotor flux
linkages is given by -

Te =

Proposed technology for DTC Induction Motor
Drive

3 Lm
3 Lm
ψs ×ψr =
ψsψr sin θsr
2 σLsLr
2 σLsLr

Table: Variation of ΘSR AND TE with Different Voltage
Vectors

Voltage
vector

Effect on stator
flux

cd ße f

Active
forword
(Õs,k+1 and
Õs,k+2)

Stator flux
advances forward

Increases

Zero (Õs,0 and
Õs,7)

Stator flux
weakens only due
to stator resistance
drop

Decrease

Radial (Õs,k
and Õs,k+3)

Stator flux
magnitude
increases or
redudes rapidly

Decrease

Reverse
active (Õs,k-1
and Õs,k-2)

Stator flux rotates
in reverse direction

Fig. 4: Block diagram of torque reference DTC
controller
Controller based on torque reference has developed for
improving flux and torque which produced improved
speed, widely used in industrial applications. This
particular technology produced improved flux as classical
DTC controller which is based on hysteresis
controller.[4][5]

Simulation Results and Discussions
Decrease rapidly

The induction motor is fed by a voltage source inverter
which is built using a Universal Bridge Block. The speed
control loop uses a proportional-integral controller to
produce the flux and torque references for the DTC block.
The DTC block computes the motor torque and flux
estimates and compares them to their respective reference.
The comparators outputs are then used by an optimal
switching table which generates the inverter switching
pulses.
The result of simulation of the speed control with different
reference speed and load torque is shown belowSimulation Test Run
Speed, at time(s): [0 1], amplitude is [300 0]
Torque, at time(s): [0 0.5 1], amplitude [0 692 -692]

Fig. 3: Boosting capability of supplying voltage
In order to obtain instantaneous torque control, it is
necessary to vary θsr quickly. Variation of θsr and
electromagnetic torque with the application of different
voltage vectors are given in Table. Two assumptions are
motor rotates in counterclockwise rotation, and load torque
remains constant. [6]

Start the simulation. You can observe the motor stator
current, the rotor speed, the electromagnetic torque and the
DC bus voltage on the scope. The speed set point and the
torque set point are also shown.
At time t = 0 s, the speed set point is 300 rpm. Observe that
the speed follows precisely the acceleration ramp.
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At time t= 0.3s, speed is ramping to final value. The
electromagnetic torque to decrease to 400 Nm and then
stabilize at 600 Nm.
At t = 0.5 s, the full load torque is applied to the motor
shaft while the motor speed is still ramping to its final
value. This forces the electromagnetic torque to increase to
stabilize at 600 Nm once the speed ramping is completed
and the motor has reached 300 rpm.
At t = 1 s, the speed set point is changed to 0 rpm. The
speed decreases down to 0 rpm by following precisely the
deceleration ramp even though the mechanical load is
inverted abruptly, passing from 592 Nm to - 592 Nm, at t =
1.5 s. Shortly after, the motor speed stabilizes at 0 rpm.

and restrictions on maximum voltage, speed and power
rating. Consequently, because of these advantages of
induction motor over dc motors, it was predicted that
induction motor drives is replace dc drives in variable
speed applications.
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Abstract: Testing is the most important method used to
validate a software product. Unit testing is an efficient
method of detecting and isolating defects in individual
units of code.In this thesis we explore some issues relating
to the unit testing of object-oriented systems, using the
experimental approach for validation Specifically we
Proposes a framework for assessing the effectiveness and
the efficiency of unit testing and applies it to evaluate
different coverage criteria.
Keywords: Testing, effectiveness, efficiency

1. INTRODUCTION
Testing is the most important method used to validate a
software product. In general, many different levels of
testing are applied in a software project. Unit testing is
normally the first formal test activity performed in the
software life cycle and it occurs during the implementation
phase after a program unit is coded. Unit testing is an
efficient method of detecting and isolating defects in
individual units of code..
In object-oriented software, a class or a small collection of
classes is generally chosen to represent a unit for unit
testing purposes. Object-oriented systems introduce new
issues to unit testing when compared to procedural
systems.
The experimental work in software testing has so far,
generally focused on evaluating the effectiveness (fault
detection capability) of a coverage criterion. The important
issue of testing efficiency has not been sufficiently
addressed.
The automated tools, such as JUnit [1], has raise awareness
of the importance of testing. However, there is little
information about how effective testing with JUnit is in
practice, since test-sets are constructed intentionally and
are not evaluated for their quality. In other testing
approaches, test coverage metrics are frequently looked

such as statement, branch or multiple condition coverage
[2].

2. EFFECTIVE TESTING TECHNIQUES
Testing is the most important method used to validate a
software product. The word program ‘testing’ may be
defined differently in different circumstances, but most
commonly it refers to the process of exercising a program
with the intent of observing errors[1,2]. A key purpose of
testing is to increase the confidence in the code being
developed. Software development is a complex process and
its various development activities are carried out by a team
of developers having different roles and responsibilities;
inevitably the process is inherently error prone. In order to
maximize defect detection, testing at different levels are
applied in a software project. The key levels are [3]:
•

Unit Testing - refers to the testing of individual
program units in isolation.

•

Integration Testing - refers to the testing for interface
faults in the combined program units.

•

System Testing - refers to the testing of the system as
a whole by putting all parts of the system in place. The
system may have electrical, mechanical, or other
components as per the system requirements.

•

Acceptance Testing - refers to the testing of the
system from the perspective of the user.

The purpose of these different levels of testing is to detect
defects that are introduced in the major phases of software
development
requirement
gathering,
system
specifications, design, and coding. This relationship is
shown as the V-model forsoftwaretesting[4].

3. UNIT TESTING
Unit testing consists of the dynamic verification of the
behavior of a program unit on a finite set of test cases,
suitably. selected from the usually infinite executions
domain, against the specified expected behavior [9].
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Systematic unit testing assumes a model of the program
unit under test, and tests are generated to cover certain
aspects of that model. A model can be the program unit
itself, an abstraction of the unit (e.g. a control flow graph),
or a specification of the unit - be it a state model or more
formal specifications of the program. During testing, the
program is executed with a set of test cases and its behavior
is observed to identify the presence of defects in the
program. In this section we discuss the different
components of unit testing. But before that we define the
unit as well as some other terms related to unit testing.[14]

4. CONSTRAINTS ABOUT TESTING
It is assume that testing is very easy process and goes along
with the process in a specific manner but there are some
constraints that lead to misconception that the testing is
waste of time and not should be given that much preference
than other processes[5][15]
1) It’s Time Consuming Process: After writhing the
code it is assumed that the process is ready to work and is
integrated with the other unit for proper functioning .Unit
testing is the real process from where the actual testing
begins but is treated as sort of doing the things in proper
manner.
2) It’s tells about the functionality of code: The
programmers think that jumping directly to code is the
better option and easiest way to develop the program. After
written the code it is the task to check weather it is written
in correct manner or not. Programmer just read the code to
find out the compiler error only not emphasis on the scope.
3) Programmer misconception about their ability: The
programmer sometimes think that they are mature and
intelligent enough that whatever they write will never
contain any kind of error. so doing unit testing is kind of
waste of time and human effort.

A Unit
In procedural systems, a unit is represented by an
autonomous function (also called procedures or subroutines). A function is a program unit with a defined
interface. If invoked by another function, the function takes
the input in the form of a parameter (and/or global
variable), performs some computation, and returns some
values. The integration of a set of related functions is
typically called a module, and a system is the integration of
all such modules. An object-oriented system consists of a
set of objects, and computations are performed by sending
messages from one object to another.
A message invokes one of the objects methods, which may
then modify the object state and may send messages to
other objects.[13] A class is the fundamental building block
of an object-oriented system as it represents the template
for creating objects, which encapsulates an object’s data
and operations that can be applied on that data. Due to the
high potential and the frequency of reuse, the class is the
focal point of the unit testing in object-oriented systems. It
has been pointed out that due to encapsulation; the methods
are meaningless apart from their class [10, 11]. Moreover,
inheritance, polymorphisms, and the reuse of the classes
introduce new problems in testing and have to be tackled
accordingly. Therefore, unit testing in object-oriented
systems is different from unit testing in procedural systems.

4) Another options are available to catch the error: It is
often assumed by the programmer that other types of
testing levels are available which are efficient enough to
catch the error in the code, so doing it in initial stage is
totally a waste of time.

5. PROPOSED WORK FOR EVALUATING
EFFECTIVENESS & EFFICIENCY OF
COVERAGE CRITERIA FOR UNIT
TESTING
We propose a general approach for comparison of coverage
criteria experimentally using tool supported mutation
analysis. This approach enables us to compare coverage
criteria based on their effectiveness and efficiency. This is
achieved by evaluating the effectiveness and efficiency of a
set of coverage adequate test suites for each of the coverage
criteria under study over a set of test programs, which are
seeded with artificial faults[12]. For a test program, this
approach requires availability of a test-pool, which is
‘sufficiently large’ so as to facilitate construction of
multiple coverage-adequate test suites for each coverage
criterion under study, randomly. As an application of the
proposed approach, we describe an experiment comparing
three control- flow-based coverage criteria, namely, block,
branch, and predicate coverage [19].
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A. An Approach for Evaluating Coverage Criteria
We develop a general framework to facilitate comparison
among different coverage criteria. The proposed approach
is a two-phase testing process for obtaining coverage
information and the fault data. First we define some
important terms that are used in this work.
1) Coverage-adequate Test Suite: A test suite satisfying
some completeness criterion, e.g. 90% branch coverage.
2) Minimal Test Suite : A test suite which is constructed by
selecting tests cases monotonically, in such a fashion that it
takes minimum number of test cases required to satisfy a
given criterion.
3) Test-Pool : A collection of a large number of test cases
which can be used for the generation of multiple coverageadequate test suites, for the different coverage criteria
under study, by selecting a subset of the test cases from the
test pool.
4) Mutation Operator : A handle to seed faults in a testprogram in some specific context.
5) Mutant : A faulty version of a program containing
exactly one known fault. It is obtained by applying a
mutation operator at an appropriate place in the program.

tests that can detect simple faults [11]. A mutant program
can be obtained by applying a specific mutation operator to
create a known fault in the code.
The systematic generation of mutant programs means that
different types of fault can be compared. In particular, one
can identify whether one coverage criterion is better than
the other at revealing faults of a specific type.

6. CONCLUSION
Improving the effectiveness and the efficiency of unit
testing in industry requires the evidence to drive the
change[16] This work investigates critical issues relating to
unit testing and collates evidence to accept or refute
various propositions by performing sophisticated
measurements of effectiveness and The first contribution
this work makes is to propose a tool- supported controlled
experimentation framework that facilitates comparison
between different coverage criteria. The framework allows
the reliable measurement of testing effect effectiveness and
(the relatively under-researched variable) efficiency. We
demonstrate that the proposed approach has practical
application by describing the results of an experiment
comparing three code-based testing criteria, namely, block
coverage, branch coverage, and predicate coverage
efficiency. The proposed approach will facilitate the
comparison of any coverage criteria for which test
coverage information can be obtained. We not only can
effectively compare within a family (a particular section of
the classification), but across the classification as well.
With the help of proper tool support, for instance, we can
use the proposed approach for comparing data-flow based
coverage criteria or mutation based testing.

7. REFERENCES
[1]
[2]
[3]

[4]

[5]
Fig. 1: Constructing Coverage Adequate
Minimal Test Suites

[6]

Mutation testing is a fault-based testing technique that is
based on the assumption that a program is well tested if all
simple faults are predicted and removed; complex faults are
coupled with simple faults and thus are also detected by the

[7]
[8]

♦ 193 ♦

P. Jalote. An integrated approach to software
engineering. Springer-Verlag, NewYork, NY,USA,
G. J. Myers. The Art of Software Testing. Wiley Inc.,
1979.
L. Peeger and J. M. Atlee. Software Engineering:
Theory and Practice. Pearson international , New
Jersey, 3rd edition, 2006.
Vegas and V. Basili. A characterisation schema for
software testing techniques. Empirical Softw. Engg.,
10(4):437–466, 2005.
J. A. Whittaker. What is software testing? and why is it
so hard? IEEE Softw.,17(1):70–79,2000.
B. Beizer. Software Testing Techniques. Thomson
Computer Press, 2nd edition,1990
K. Beck. Simple smalltalk testing: With patterns.
Technical report, First ClassSoftware,Inc.,1994
S. P. Fiedler. Object-oriented unit testing. HewlettPackard Journal, 40(2):69–75,1989

Proceedings of the International Conference on Communications & Electronics – ICCE – 2012

[9]

[10]

[11]

[12]
[13]
[14]

P. Bourque, R. Dupuis, A. Abran, J. W. Moore, and L.
Tripp. The guide to the software engineering body of
knowledge. IEEE Softw., 16(6):35–44, 1999.
M. D. Smith and D. J. Robson. Object-oriented
programming-the problems of validation. In ICSM’90:
Proceedings of the Seventh International conference
on Software Maintenance, pages 272–281, 1990.
C. D. Turner and D. J. Robson. The state-based testing
of object-oriented programs. In ICSM ’93:
Proceedings of the International Conference on
Software Maintenance, pages 302–310, Washington,
DC, USA, 1993. IEEE Computer Society.
IEEE. Standard glossary of software engineering
terminology, IEEE Std 610.12-1990 edition, 1990.
JUnit Home Page. http://www. junit.org, [Accessed
July 2011].
E. J. Weyuker. The evaluation of program-based
software test data adequacy criteria. Commun. ACM,
31(6):668–675, 1988.

[15] T. Korson and J. D. McGregor. Understanding objectoriented: a unifying paradigm.Commun.ACM,
33(9):40–60, 1990.
[16] L. C. Briand, Y. Labiche, and Y. Wang. An
investigation of graph-based class integration test
order strategies. IEEE Trans. Softw. Eng., 29(7):594–
607, 2003.
[17] M. J. Harrold, J. D. McGregor, and K. J. Fitzpatrick.
Incremental testing of object-oriented class structures.
In ICSE ’92: Proceedings of the 14th International
Conference on Software Engineering, pages 68–80,
NewYork, NY, USA, 1992. ACM Press.
[18] D. Kung, J. Gao, P. Hsia, J. Lin, and Y. Toyoshima.
Class firewall, test order, and regression testing of
object-oriented programs. Jour of OOP, 8(2):51–65,
1995.
[19] W. E. Howden. Reliability of the path analysis testing
strategy. IEEE Trans. Softw. Eng., SE-2(3):208–215,
1976.

♦ 194 ♦

Comparative Analysis of CMOS based
Pseudo Differential Amplifiers
Sunita Rani
Assistant Professor (ECE)
YCOE, Punjabi University, Guru Kashi Campus
Talwandi Sabo(India)
ersunitagoyal@rediffmail.com

Abstract : This paper presents a comparative analysis of
CMOS pseudo differential amplifier and CMOS inverter
based class AB pseudo differential amplifier using rail to
rail CMFB circuit. In CMOS PDA complimentary CMFB
circuit consisting of common mode detector,
transimpedance and transconductance amplifier. But
CMOS inverter based PDA circuit employs two CMOS
inverters and CMFB consisting of current mode common
mode detector and transimpedance amplifiers. The circuits
have been designed using 0.18µm CMOS technology under
1 Volt supply and simulation results show that in CMOS
inverter based PDA the rail to rail output swing is
achieved with low common mode gain ( -15dB).The output
swing of circuit is 0.7V and power dissipation is 96Uw,
which is less in comparison to 1V CMOS PDA.
Keywords: pseudo differential amplifier; common mode
feedback; CMOS inverter

1. INTRODUCTION
Nowadays, a high performance analog circuit using low
voltage becomes essential mainly due to the advance of the
large scale integration with complicated circuit systems and
the demand for battery-operated portable equipments.
However, supply voltage reduction in analog circuit causes
several performance degradations and, therefore, new
approaches in the design are needed to obtain analog
circuits with enough bandwidth, gain and linearity.
Operational transconductance amplifier (OTA) is one of
the most basic cells as OTA finds many applications in
many analog circuits such as operational amplifier, voltage
comparators, A-D and D-A converters and high frequency
filters. Several approaches have been proposed to design
low voltage OTA [1-14] using both fully differential (FD)
and pseudo-differential (PD) configurations. FD is
typically based on a differential pair with a tail current
source while PD is based on two independent inverters
without tail current source. It is known that avoiding the
voltage drop across the tail current source, in a PD
structure, allows wider input and output ranges, and makes
the architecture attractive for low power- supply
applications. However, PD structure requires an extra

common-mode feedback (CMFB) circuit, which serves two
purposes: 1) to fix the common-mode voltage at high
impedance nodes and 2) to suppress the common-mode
signal components. Several approaches have been proposed
to achieve CMFB [1-10]. Switched-capacitor circuit was
proposed to build a CMFB [1], and the resulting circuit
shows small power consumption. However, the CMFB
circuits introduces clock-feed through error and load
capacitance, [2-3] used simple resistive divider to sense the
voltage of two differential nodes. As a result, the voltage
swing of the CMFB is not limited. However, not only do
these resistors require large silicon area, they load down the
output impedances. [4] used MOS resistive network with
bulk-driven CMFB technique. However, the circuit has
quite low output impedance and high common gain. To
solve the problem, methods of employing MOS transistor
as CMFB circuit have been proposed [5-6]. The CMFB
consists of CM detector and one stage amplifier. As a
result, the common-mode gains are quite high and, in
addition, the output swings are limited. [7-8] employs
transistors with two stage common-mode amplifiers. The
resulting common-mode gain is low. The problem with this
structure is that the circuit has limited output swing and
potential oscillation problem. [9-10] proposed the
complementary CMFB, which can achieve both low
common- mode gains with good output swings. However,
the circuits are complex and show high power
consumption. [11-12] proposed positive feedback
technique to increase the differential gain. However, the
circuit shows quite high common-mode gain (Acm = -6 dB).

2. CIRCUIT DESCRIPTION
The circuit for CMOS pseudo differential amplifier is
based on the configuration shown in Fig. 1. As seen, PDA
consists of the input transconductor GM(IN) and common
mode feedback network (CMFB). When the outputs from
GM(IN) are differential signals, the currents through resistors
R are of the same value but opposite phase. These currents
will flow to each resistor and be mirrored to the Out1A and
Out1B. Because these currents are of the same amplitude
but opposite in phase, there will be no input current to the
transimpedance amplifier and no voltage variation at node
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C. The current through resistor R are also mirrored and
positively feedback to the output of the input
transconductor GM(IN). As a result, the output impedance of
PD at node Vo1 and Vo2 are given by Zout. When the outputs
from PD are common mode signals, the common mode
current will flow through nodes A and B with the same
amplitude and phase. As a result, the summation of these

two currents are added and passed to the common mode
amplifier (A) which consists of transimpedance amplifier
and output transconductor GMO. The output current of GMO
is fed back to the output node of input transconductor
GM(IN) to eliminate common mode signal. From Fig. 1, it
can be easily shown that the common mode output
impedance at the output nodes (Vo1 and Vo2) are

Fig. 1: Block Diagram of the proposed PDA

A. Conventional Class-AB OTA
(1)
Where the differential mode output impedance at the output
nodes are
(2)
where A,α,β and gout are the gain of CMFB circuit. From
equation 1 & 2 the common mode gain is

(3)
similarly differential mode gain can be shown as

A conventional class-AB OTA is shown in Fig. 1 (a). As
seen, the circuit is based on CMOS inverter. It is well
known that CMOS inverter has high gain and less power
consumption. In addition, it contains no internal nodes and,
as a result, the performance of the circuit will not be much
degraded by the extra parasitic poles at high frequency. The
PD structure using CMOS inverter is shown in Fig. 1 (b). It
can be easily seen that the differential-mode gain (Adm) is
the same as the common-mode gain (Acm), resulting in the
unity common-mode rejection ratio (CMRR=Adm/Acm).
Since large Acm can lead to large common-mode variation
at the output [13], therefore common-mode feedback
(CMFB) circuit is required. Large Acm can lead to large
common-mode variation at the output [13], therefore
common-mode feedback (CMFB) circuit is required.

(4)
From equation (3) and (4) the common mode rejection ratio
is

(5)
If A is large then CMRR can be increased.
Now, the description for a CMOS inverter based class AB
pseudo Differential amplifier has been given below.

Fig. 1: (a) Inverter based single-ended OTA (b) Pseudodifferential OTA
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B. The Proposed PDA Structure
The proposed PDA is based on the configuration shown in
Fig. 2(a). As seen, PDA consists of the two independent
CMOS inverters (M1N,p - M2N,p) and common-mode
amplifier (CMA), which serves two purposes: 1) to detect
the common- mode signal at the output nodes (Vo1 and
Vo2), and 2) to provide positive feedback (see dash line) to
enhance the output impedance and differential gain.

made possible in the triple-well process. Fig. 2(b)
illustrates the architecture of the proposed CMA. As seen,
CMA consists of two matched resistors (R), two current
mirrors (CM) and transimpedance amplifier (TA). The
operation of the CMA can be explained as follows. When
the output voltages from PDA are differential signals (see
solid signal), these voltages are converted to the currents
through resistors R. These currents, which have the same
magnitude but opposite phase, flow to each resistor and are
mirrored to the Out2A and Out2B terminals (with the current
gain of β). Because these currents have the same magnitude
but opposite phase, there will be no input current flowing
into the transimpedance amplifier (TA) and, thus no
voltage variation at node C. In addition, the currents
through resistors R are mirrored to the OutlA and OutlB
terminals (with the current gain of α), and positively fed
back to the output of the PDA, thus enhancing the output
impedance (at nodes Vo1 and Vo2) and differential gain of
the system. When the outputs from PDA are commonmode signals (see dotted line), the common-mode current
flows through nodes A and B with the same amplitude and
phase. As a result, the summation of these two currents are
added constructively and passed to transimpedance
amplifier (TA). The amplified output voltage Vcma is
negatively fed back to the bulk terminals of M1P,2P to
suppress the common-mode voltage, as discussed
previously. Straight forward small signal analysis shows
that Adm and Acm can be derived and shown as

Where GM(IN) is the transconductance of the CMOS
inverter (GM(IN) =gm1N,2N + gmlp,2P), ZOUT is the output
impedance of the PDA (Zout=rO1N,2N/rO1P,2P), α and β are
the current gains of the current mirror (CM), gmb is the bulk
transconductance of M1P,2P, and RF is the transimpedance
gain of the transimpedance amplifier.
Fig. 2: The proposed PDA (a) Circuit configuration (b)
Structure of CMA

From eq (1) & (2), one can find the common mode
rejection ratio as

The operation can be explained as follows. In case of the
common-mode output signal (Vo1,2= Voc), CMA will
amplify Vo1,2 and negatively fed back the result (Vcma) to
the bulk terminals of MlP,2P such that the common-mode
output voltage is suppressed. On the contrary, CMA will
not respond to the differential-mode signal (Vo1= - Vo2),
namely, the output of CMA (Vcma) stays constant. The DC
common-mode voltage is set by Vc. It is noted that the
common-mode gain can be further suppressed if Vcma is
also fed back to the bulk terminals of M1N,2N This can be

From Eq. (3), one can notice that CMRR can be increased
if the transimpedance gain (RF) is large. In addition, the
current gain α and β of current mirrors A and B also play
roles in determining the CMRR.
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Fig. 3: The proposed class AB pseudo-differential amplifier (PDA)

3. CIRCUIT IMPLEMENTATION
The circuit implementation of Fig.1 for CMOS pseudo
differential amplifier is given as in [15].
The circuit implementation of Fig. 2 is illustrated in Fig. 3.
MlN,P-M2N,P consist to be the input pseudo-differential
amplifier, while M3N,P-M9N.P consist to be a wide swing
CMFB circuit. M3N,P-M5N,P form the current mirror A while
M6N,P- M8N,P are used to form the current mirror B. The
current gain with the ratios of α and β can be achieved by
adjusting the aspect ratios of M3N,P, M5N,P (M6N,P, M8N,P)
and M3N,P, M4N,P (M6N,P, M7N,P), respectively.
It is noted that the choice of α requires precaution. A large
value of α can result in a large differential gain. However,
large value of α can drive the circuit unstable. In practice, α
should be set a little bit larger than one to compensate for
the loss, due to the imperfection of the current mirror not
being able to perfectly mirror the current from the input to
the output. In this work, α is set to 1.3 to enjoy both
differential gain and stability. The value of β plays role in
determining the common-mode gain, because it is part of
the CMFB circuit. As seen in Eq. (2), large value of β
results in low common- mode gain. However, it is noted
that large β requires large transistors, thus large standby
current and parasitic capacitors, which can degrade
frequency performance of the system. In this work, β is set
to 3.

where βN(3N,6N)=µ nCOx(W/L)3N,6N
W/L)3P,6P

and

βp(3p,6p)=µ pCox(

For maximum output swing, we have set βN(3N.6N) and
βp(3P,6p) such that Vc is equal to VDD/2.

4. SIMULATION RESULTS
To verify the circuit performance, HSPICE is used to
simulate the proposed circuit, using a 0.18 µm. CMOS
process under the supply voltage of 1 V. In this work, the
bias currents of all transistors are chosen to optimize both
gain and power dissipation. CMOS pseudo differential
amplifier and CMOS inverter based class-AB pseudo
differential amplifier show following characteristics.

A. DC transfer characteristic:
Fig. 4(a) and Fig.4(b) show the DC transfer characteristic
for CMOS PDA and CMOS inverter based PDA
respectively. In both type of PDAs output swing shows rail
to rail operation.

Transistor M9N,P and RF consist to be the transimpedance
amplifier (TA). The transimpedance gain of the circuit is
set by the resistor RF. The transimpedance amplifier is
employed here to enhance the gain of the common-mode
amplifier (CMA) and, at the same time, to reduce both
input and output impedances (at nodes C and D), so that the
time constants associated with these nodes are low. The dc
common-mode voltage level (Vc) is equal to the voltages at
nodes A and B, which is given by [14]
Fig. 4(a): DC transfer characteristics
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C. Frequency response for DM input signal:
Fig. 6 shows the frequency response in case if differential
mode input signal. In Fig.6(a) DC gain is found to be
36dB,while -3dB and unity gain frequency are 14MHZ and
1.25GHZ respectively while phase margin is 87o. As seen
in Fig. 6(b) the DC gain is found to be 36 dB, while the -3
dB and unity gain frequency are 8.5 MHz and 800 MHz,
respectively. The phase margin is 85°.

Fig. 4(b): DC transfer characteristics

B. Transient response of output voltage:
Fig.5(a) and Fig.5(b) show differential & common mode
voltages. As seen in CMOS PDA differential voltage is
±0.7V & variation in common mode voltage is 0.3mV.But
in CMOS inverter based PDA differential and common
mode output voltages are 0.7Vp-p & 0.4mVp-p.

Fig. 6(a): Gain and phase margin of DM

Fig. 5(a): Differential & common mode output voltages

Fig. 6(b): Gain and phase margin of DM

D. Frequency response for CM input signal:

Fig. 5(b): Differential & common mode output voltages

Fig. 7 shows the frequency response of the PDA in case of
the common-mode input signal. As seen in Fig. 7(a)
common mode gain is -36dB and power dissipation is
0.23mW but Fig. 7(b) shows the common-mode gain is
relatively much smaller (-15 dB), while the bandwidth is
almost the same as in the differential-mode case. The
power dissipation of CMOS inverter based class-AB
pseudo differential amplifier is 96 µW.
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Fig. 7(b): Gain and phase margin of CM

5. CONCLUSION
In this paper a CMOS PDA and CMOS inverter based
PDA are used, which operate on low voltage and use
CMFB circuit. Simulation results show that in CMOS
inverter based PDA common mode gain is -15dB, unity
gain frequency is 800MHZ, phase margin is 85o and power
dissipation is 96µW which is very small in comparison to 1
volt CMOS pseudo differential amplifier.
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Abstract: This paper deals with a comparative study of
Surface Plasmon resonance (SPR) sensor using
metamaterial and conventional surface Plasmon resonance
(SPR) sensor. This comparative study results better
understanding of novel property of metamaterials which
can be used in the field of sensing. Reflectance is evaluated
for the p-polarized light launched in the fiber. Contrary to
the conventional case, in which surface polaritions with
positive phase velocity appears at a boundary of metallic
guide, where as in this case, surface polaritons propagate
along the boundary of a metamaterial guide with negative
refractive index.
Indexterms: Optical fiber, Surface Plasmon resonance
(SPR), Reflectance.
1.

INTRODUCTION

The phenomenon of surface Plasmon resonance has been
known for a long time and has been used for chemical
sensors and remote sensing [1]. It makes use of a prism and
a thin metal layer deposited upon the prism. Traditionally,
SPR is measured using the Kretschman configuration, with
a prism and a thin highly reflecting metal layer (silver or
gold) deposited upon the prism base [2]. The reflection
spectrum (reflected light intensity versus angle of incidence
with respect to the normal of the metal) is measured by
coupling transverse magnetically (TM) polarized
monochromatic light in to the prism and measuring the
reflected light intensity of the ray exciting the prism versus
the angle of incidence. Fresnel equations [3] are used to
predict reflected and transmitted light intensity from
multilayered structures. Resonance condition is established
when the frequency of light photons matches the natural
frequency of surface electrons oscillating against the
restoring force of positive nuclei. This paper explores the
use metamaterials to produce the surface Plasmon
resonance at microwave frequencies. Metamaterials are
materials with negative permittivity and permeability.

Metamaterials have attracted considerable attention in
recent years [4-8]. These are artificial materials engineered
to provide properties which may not be readily available in
Nature. These materials usually gain their properties from
structure rather than composition, using the inclusion of
small inhomogeneties to enact effective macroscopic
behavior [9]. Apart from sensing field metamaterial can be
used in other applications such as perfect lens, various filter
applications, phase shifter, and MRI .By using
metamaterial in surface Plasmon resonance (SPR) sensor, it
increases refractive index sensitivity by generating the
resonance condition at longer wavelength and reduces the
value of reflectance.

2. FORMULATIONS FOR A GENERALIZED
SURFACE PLASMON RESONANCE
SENSOR
Considering the layered structure shown in Fig.1.A Plane
wave is incident from the medium 1 with ε and µ on the
layer with ε' and µ' bounded by the medium 3 with εt and
µt.Here ε and µ are relative permittivity and relative
permeability normalized to free space εI and µI.The
reflection coefficient R is well know [10].
R
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In this formulation, both h¤ and l¤ are complex. However
for a passive medium , we require, using exp(j) time
dependence,
Im (h¤ ) < 0
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In this paper we examine equation (1) for metamaterials
and discuss its physical meanings.

3. CONVENTIONAL SURFACE PLASMON
RESONANCE SENSOR

4. SURAFCE PLASMON FOR META
MATERIALS
We now generalize the conventional Plasmon sensor
discussed in above section to include the metamterials with
arbitrary ε and μ .Fig. 3. Illustrates the model geometry of
the three layered SPR structure using metamaterial in the
place of Ag metal layer in conventional SPR sensor. All
considerations are same as made for conventional structure
only Ag metal layer is replaced by metamaterial layer. This
layer of metamaterial, which is having the value of ε is 0.66-0.001*i and the value of μ is -2.All values of the index
for the prism and water buffer layer are kept same as taken
for the conventional plasmon resonance sensor .

5. RESULTS AND CONCLUSION

Before we discuss metamaterial surface plasmon resonance
sensor, firstly we see the conventional optical sensor
making use of the surface Plasmon resonance.
Incident
beam

Fig 3.Schematic geometry of the metamaterial
based surface plasmon resonance sensor structure

Reflected Light

Prism

Metal
Surrounding

Fig 2.Schematic geometry of the
conventional surface plas mon resonance
Fig. 2 illustrates the model geometry of the three layered
surface Plasmon resonance (SPR) presented here. The
model structures consist of a high index prism (SF10 with
refractive index n = 1.723), Ag metal layer, and a water

This paper has presented the use of metamaterials for
Plasmon resonance sensors (SPR) at microwave
frequencies and also deals with the comparison of
conventional surface Plasmon resonance sensor using Ag
metal layer and surface plasmon resonance sensor using
metamaterial. Fig.4 shows the reflectance curve for the
conventional surface plasmon resonance sensor as a
function of incident angle θ, in the incident medium of the
SF10 prism. The optimum thickness of Ag metal layer is
determined to be 131 nm. The complex refractive index of
Ag used is 0.082 + 4.1563 * i. Fig 5 shows the reflectance
curve for the metamaterial based sensor as a function of
incident angle θ.Thickness of Metamaterial layer is same
as Ag metal layer.
From the above discussion, it can be said that on the same
thickness of the layer, metamaterial based surface plasmon
resonance sensor gets the lower value of reflectance in
comparison to the reflectance of the Ag metal layer
(conventional surface plasmon resonance sensor).
Numerical values of minimum reflectance of silver- metal
layer and metamaterial based surface plasmon resonance
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sensor are 0.95537 and 0.00090 respectively and incident
angles for the silver- metal layer and metamaterial based
surface plasmon resonance sensor are 54.74612. and
32.80183 respectively.
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Fig. 4 Reflectance curve for conventional surface
plasmon resonance sensor as a function of incident
angle.
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Abstract: Reversible logic is the latest research topic in
VLSI because of its immense applications in low power
VLSI design. It has found its use in advanced computing,
optical processing, nanotechnology, DNA computing, Bioinformatics and quantum computation. In this paper,
analysis of Toffoli Gate which is universal Reversible Gate
has been discussed. Its CMOS implementation and Pass
transistor implementation is shown. Power results with
simulation waveform are shown. Conclusions depict that it
is better to realize it using Pass Transistor Logic.
Keywords: reversible gates; quantum implementation;
reversible circuit; reversible computing; toffoli gate

1. INTRODUCTION
A logic gate L is called reversible if for every output Y
there is a unique input X. if a gate L is reversible there is an
inverse gate L’ that maps Y to X for which L(X)=Y. Going
by this concept, if we take a look at the conventional logic
gates(AND gate, OR gate, NOT gate, XOR gate) available
, then it is seen that not gate is reversible. Or gate is not
reversible because inputs 01,10,11 are mapped to logic 1
output. An important thing to note is that in traditional and
,or gates , we have two bits at the input side and one bit at
the output, so one bit is lost every time an operation is
performed.

A .Reversible Gates
Many reversible gates have been designed so far. Simplest
reversible gate is FEYNMAN gate as shown in figure 1(a).
if we for sometime ignore the output P, it is a simple XOR
gate where two inputs A and B are xored at output Q. But a
XOR gate is not reversible since input combinations “0 0”
and “1 1” give the the same output ‘0’ and thus if ‘0’ is
present at the output we can not trace back the inputs so to
make this gate reversible another output P is added. The
addition of P makes the number of input lines equal to the
number of output lines and also we can trace back the
inputs from the outputs.
Working on this principle, other reversible gates like
TOFFOLI gate, FREDKIN gate, PERES Gate, BJN gate
etc have been designed as shown in fig. 1(a), fig. 1(b), fig
1(c) fig 1(d) and fig 1(e) respectively. It can be seen from
the truth table of these gates that no two input combinations
produce the same output thus providing reversibility.

For every bit of information lost, KTln2 Joules of energy is
lost. R. Landauer in 1961 proved this[1]. Benett showed[2]
that if a circuit made of reversible gates will not dissipate
any power. Reversible gates are still not being used in
practical but when the Moore’s law will stop functioning,
the need to use reversible gates will arise.

Fig. 1(a)

A reversible gate has following properties:
1.

It has same number of input and output lines.

2.

No two input patterns produce the same output.

3.

Inputs can be traced back from the outputs.

4.

Feedback and fanout is not allowed.

Fig. 1(b)
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2. TOFFOLI GATE AND ITS IMPORTANCE
TOFFOLI gate is 3*3 gate. In this gate, first two inputs are
copied to the first two outputs. Third output is AB XOR C
i.e if c is one then third output R will be the NAND of first
two inputs. NAND and NOR gates are universal in
conventional Boolean logic. Hence here lies the importance
of TOFFOLI. Like NAND and NOR gates TOFFOLI gate
is also universal. It was designed by TOFFOLI in 1970[3].
It can also be said that if the first two bits are set then
Toffoli will flip the third bit.

Fig. 1(c)

Matrix representation of TOFFOLI gate is shown in fig.
2(a) and truth table is shown in table 1.

Fig. 1(d)

Fig. 2(a)
Table 1

A
0
0
0
0
1
1
1
1

Fig. 1(e)

B. Reversible Circuit
A circuit made of reversible gates is called a reversible
circuit. Following properties are associated with reversible
circuit.
1.

A reversible circuit does not have feedback.

2.

Fanout is also not allowed i .e no output can drive
more than two inputs.

3.

Garbage count (outputs of reversible circuit that are
not used in the reversible circuit) should be kept to
the minimum.

4.

Quantum cost also should be kept to the minimum.
Quantum cost is the number of 1*1 or 2*2 gates
required to implement the circuit.

B
0
0
1
1
0
0
1
1

C
0
1
0
1
0
1
0
1

P
0
0
0
0
1
1
1
1

Q
0
0
1
1
0
0
1
1

R
0
1
0
1
0
1
1
0

3. TRANSISTOR REALIZATION OF
TOFFOLI GATE
Looking at the importance TOFFOLI gate holds, it was
realized using CMOS technology and Pass Transistor
Technology .
CMOS technology is being widely used because it
dissipates less power. Also it offers us high noise margins.
Pass transistor logic is also used sometimes .
The schematic of TOFFOLI using both the technologies
was drawn as shown in figure 4 and figure 3 for CMOS and
Pass Transistor respectively.
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4. RESULTS
The circuits were simulated and waveforms observed on
W-edit. All the cases for various values of A, B and C were
verified. Some of the result waveforms are shown in figure
5 and figure 6. First waveform is for output R, second for
output Q, and third for P.
Table 2

AVERAGE
POWER
MAXIMU
M POWER

CMOS
IMPLEMENTA
TION
5.152754e-004
watts
3.03276e-007 at
time 5.324667e-

PASS TRANSISTOR
MPLEMENTATION
1.902893e-004 watts
1.0321e-007 at time
2.458151e-002

MINIMUM
POWER

002
1.6e-007 at time
3.733080e-008

3e-007
at
2.188137e-011

time

5. CONCLUSIONS AND FUTURE WORK
Transient analysis was carried out to do the Power analysis.
It was done for the two realizations using T-spice. It was
seen that Pass Transistor Realization is more Efficient in
terms of power dissipation. Also we see that gate count is
significantly dropped from 30 in CMOS to 16 in Pass
transistor realization. So Pass transistor realization is
definitely better. Results are shown in table 2. Future work
will be to carry out the analysis using other techniques like
transmission gate technology or other available techniques.
We can do it for other available reversible gates.

Fig. 3. Pass Transistor realization of TOFFOLI gate
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Fig. 4: CMOS Realization of TOFFOLI Gate

Fig. 5: Results of TOFFOLI Gate with A=1, b varying from 0 to 1 and C=1
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Fig. 6 Transient analysis of Toffoli
[7]
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Abstract: This paper focuses on the implementation of
optical technique for measurement of chlorine gas
utilization which is one of the critical parameters for
Chemical Oxygen Iodine Laser (COIL). COIL employs
chlorine as one of the fuel components to generate singlet
oxygen molecules after its reaction with Basic Hydrogen
Peroxide (BHP) solution. The efficiency of COIL is
strongly dependent on utilization of chlorine which in turn
maximizes the laser output power. An optical absorption
based in-house custom built chlorine detection system has
been developed and interfaced with COIL.
Keywords: Chlorine; Data acquisition; Chemical laser;
Interface electronics; Graphical user interface

1. INTRODUCTION
COIL is one of the flowing medium infrared gas lasers [13] which utilizes various gas effluents and chemicals. It is
the only chemical laser based on electronic transition. It has
distinct benefits in terms of scalability, efficiency (>20%),
shorter wavelength (λ=1.315µm) enabling fibre
compatibility for remote operation and also good laser
material interaction. Owing to these advantages it is highly
sought after laser source for numerous applications. The
pumping energy source for this laser is singlet oxygen
O2(1∆), which is an excited form of oxygen molecule with
energy level very near to the atomic iodine. This allows
possibility of a near resonant energy transfer. Singlet
oxygen is required not only for pumping but also for
dissociation of iodine molecules. It is produced using
chemical method by the reaction between chlorine gas and
BHP solution. The production of singlet oxygen is strongly
dependent on the amount of chlorine reacted to the BHP
solution. There is a need for development of non contact
type method for estimation of chlorine utilization so that
flow of laser gases does not disturb. An optical absorption
based chlorine utilization measurement system has been
developed for optimization of COIL.

with sufficient nitrogen buffer gas and mixed with the
lasing species i.e. iodine. The total flow is then
supersonically expanded into the laser cavity, where laser
power at 1.315 µm wavelength is extracted according to
equations (1) and (2).
(1)
O2 (1∆ ) + I ( 2P3 ) ⇔ O2 ( 3 Σ) + I * ( 2P1 )
2

2

I ( P1 ) + nhυ → I ( P3 ) + ( n + 1)hυ
* 2

2

2

(2)

2

The pumping source, O2 (1∆) is an excited form of oxygen
molecule with energy level very near to the atomic iodine
and hence almost a near resonant energy transfer can be
achieved. Various methods such as chemical, electrical (RF
and Microwave discharges) and optical methods have been
used for the generation of these pumping molecules.
Amongst these, the chemical method is the only method till
date that has been successful for the large-scale production
of singlet oxygen with required yield. The chemical
method is based on the reactions between chlorine gas (Cl2)
and BHP solution as,
(3)
2 KOH + H 2 O 2 + Cl 2 → 2 KCl + 2 H 2 O + O 2 ( 1∆ g )
The lasing medium (iodine atoms) is injected into the
pumping medium in the gaseous form. In typical COIL
operation, commercially available iodine crystals are
converted into vapor form in an evaporator and supplied
with the aid of heated nitrogen gas. Fig. 1 shows the
functional block diagram of COIL, which exhibits
interconnections of all subsystems.

COIL first demonstrated by McDermott [4] in 1978, is the
only chemical laser with electronic transition. A two phase
reaction between BHP solution and chlorine gas produces
pumping medium, singlet oxygen O2(1∆g). This is diluted
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Fig. 1: Schematic of COIL System
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The BHP solution is prepared in a separate storage tank and
is supplied to singlet oxygen generator (SOG) reaction
chamber in the form of jets. The chlorine is supplied to
SOG reaction chamber from the bottom side so that it
reacts with the surface of the liquid jets to produce singlet
oxygen molecules. The supplied BHP through SOG is
collected in receiving tank attached at the bottom of the
SOG reaction chamber. The temperature of BHP solution
has to be maintained at a temperature of -20o C from the
safety and operational performance point of view. Thus, a
cooling system attachment for both the BHP preparation
and receiving tanks is essential.
SOG is an important subsystem in COIL. The input to SOG
is chlorine and BHP solution. The concept of chemical
based jet type singlet oxygen generator (JSOG) for the
production of singlet oxygen for COIL applications was
first demonstrated by Balan et.al. [5] and later implemented
by Zagidullin [6]. Basically the generator consists of a
large number of fine jets of BHP flowing through an
atmosphere of chlorine.
The chemical generation of singlet oxygen involves a
liquid–gas phase interaction and hence involves many fluid
dynamic aspects. The parameters associated with the
reaction i.e. chlorine utilization, molar flow rate and
pressure of chlorine gas line, pressure, temperature and
flow rate of BHP inside SOG are required to be controlled
and monitored.
In this article, we present the optical absorption based
chlorine utilization diagnostic system for COIL.

Where
Iv- transmitted light intensity at frequency ‘ν’ (intensity
with chlorine)
I0- incident light intensity (intensity without chlorine)
σv- absorption cross section ((2.75x10-19 cm2)
n- chlorine concentration (molecules cm-3)
L- length of the optical cell

Fig. 2: Optical scheme for measurement of chlorine
From the above relation, the partial pressure of chlorine can
be determined as,

(PCl )exit =  kT  ln I 0 
2

 σL   I v 

Where, k is the Boltzmann’s constant and T is the
temperature of the medium. In case of COIL operation,
chlorine is carried to the laser head along with nitrogen and
pressure measured in the optical cell is the total pressure of
chlorine and nitrogen gas. Thus, unutilized chlorine molar
flow rate ‘(MCl2)exit’ at exit of SOG can be estimated using
Dalton’s law,

2. SYSTEM DESCRIPTION

(M Cl 2 )exit

A. Basic principle
The principle behind the estimation of chlorine flow is
peak absorption of chlorine at ~ 330 nm [7, 8] with an
absorption cross-section (σ) of 2.75x10-19 cm2. In COIL
operation, known flow rate of chlorine is passed through
SOG and reaction (3) utilizes the chlorine for singlet
oxygen generation. Chlorine utilization measurement gives
the percentage of chlorine molecules reacted with BHP for
generation of laser pumping medium i.e. singlet oxygen.
In order to estimate the utilized chlorine, un-utilized
chlorine is measured by applying Beer Lambert law at the
exit of SOG. A probe beam (λ ~330 nm) is passed through
the optical cell containing measuring medium as shown in
Fig. 1. Fig. 2 shows the schematic diagram of chlorine
measurement. The intensity of the transmitted beam is
given by the Beer Lambert’s law:

Iv
= exp (− σ v nL )
I0

(4)

(5)

=

(PCl
(Ptot

2

×Mc)
− PCl 2 )

(6)

Where,
Ptot - Total pressure at the measuring optical cell
Mc- Molar flow rate of the carrier gas (N2)
The flow rate of exit chlorine ‘(MCl2)exit’ is estimated using
relation (6) and chlorine input flow rate ‘(MCl2)input’ is
known using the principle of orifice under choke flow
condition [9]. Hence chlorine utilization ‘UCl’ is estimated
using the relation (7).

U Cl = 1 −

(M Cl 2 )exit
(M Cl 2 )input

(7)

B. Experimental Setup
The singlet oxygen from generator along with nitrogen is
passed through optical cell of 25 cm length and 2.54 cm
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diameter. The flow medium from the optical cell with
traces of chlorine gas is continuously pumped out to liquid
nitrogen trap. Ultra Violet mercury lamp is used as a light
source along with an interference filter with 330±5 nm. The
collimated light is passed through the cell and detected
using silicon photodiode (RS component stock no. 303674). The flow rate of exit chlorine ‘(MCl2)exit’ can be
estimated using the relation (6) and chlorine input flow rate
‘(MCl2)input’ is known using the principle of orifice under
choke flow condition. Fig. 3 shows the photograph of
developed chlorine measurement system.

The continuous recording of temporal variation of pressure
and photodiode signal is carried out using a dedicated PCI
bus based data acquisition system (DAS). DAS [10] is not
only require for diagnostic parameters estimation but also
for real time operational control, acquisition, measurement,
monitoring, display, storage and analysis of parameters.
Fig. 4 shows the scheme of DAS which has been used for
estimation of chlorine utilization as well as for other
operational requirements of COIL.

C. Chlorine Safety System
A safety interlock scheme has been implemented to cater
for any leakage of Cl2, and storage of BHP solution. Fig. 5
shows the general safety scheme adopted for safe operation
of COIL.
For example, chlorine supply system is operated at subatmospheric pressure (500-600 torr) to avoid any leakage
from the system. Chlorine leak detection system (Model no
Advance 200) has been installed for detection of chlorine
leakage. This system has option to set a threshold
concentration of 1 and 10 ppm and produces an alarm
signal (SS), which is compared with preset reference value
(RF). If leakage exceeds this limit, data acquisition system
issues a command to shut off the experiment and switch on
the safety equipment (air ventilation system installed in the
chlorine supply system).

Fig. 3: Photograph of Chlorine measurement system
Initially total pressure in the transport duct (Ptot ) was
measured using a capacitance gauge (M/s Pfeffier make
Model No. CMR 262) due to its high accuracy (0.2%),
However, these sensors require warm up time of about one
hour for achieving accuracies of this order and moreover
the water vapor and hazardous gases such as Cl2 and I2
adversely affect the performance. Therefore, diaphragm
type pressure transmitters from M/s Metran of “Metran-22
series” have been used. These employ metallic diaphragm,
which are suitable for corrosive environment as
encountered in COIL application.

The sensor produces 5 mA current output signal according
to the concentration (1ppm or 10 ppm as per settings of
threshold value) of chlorine. This current output is fed to a
current to voltage converter to get a voltage output signal
and is compared with a reference signal (5V) to activate air
circulation system & alarm and the scheme is shown in Fig.
6. The ventilator output is passed through a scrubber
(charcoal) to absorb the traces of chlorine before it is
exhausted out of the chimney into the atmosphere.

In these diaphragm type sensors, there is a monocrystalline
sapphire plate with silicon film tensoresistors (silicon-onsapphire-structure), connected fast to diaphragm of
tensotransducer. Tensoresistors are connected into bridge
circuit. Deformation of measuring diaphragm (deformation
of tensotransducer’s diaphragm) causes proportional
resistance change of tensoresistors and misbalance of
bridge circuit. Electrical signal from bridge circuit output is
fed to microprocessor based electronic module, where it is
transformed into unified current output (4-20 mA). These
operate at 24 V supply to produce 4-20 mA output current
signal. The current signal is preferred because it is less
likely to be affected by noise. The temperature of medium
is monitored using resistance temperature detector Pt-100.
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The operational and sequential control system is
responsible for the sequential and switching control of
electrical/ electro-pneumatic valves/devices and online
control and adjustment of physical parameters like flow
rates of gases involved in lasing action. This system also
incorporates both analog outputs as well as digital output
channels. The analog output channels are required for the
flow rate control of different gas feed lines, whereas digital
outputs are required for performing switching and
sequential operations (on/off control) of various
subsystems.

Sensor Signal from critical subsystem (SS)
RF < SS
Safety
Equipment

Comparator

Reference
Signal (RF)

RF > SS
DAS

Normal
Operation

System shut off
Command

3. RESULTS AND DISCUSSIONS
The developed chlorine diagnostics system has been
interfaced with COIL for estimation of chlorine utilization.
The experiments have been conducted for large variation in
Cl2 flow rate conditions ranging from few tens of mmols-1
to few thousands of mmols-1.

Fig. 5: Scheme for Safety Interlocks

Fig. 6: Automatic control unit for chlorine sensor

D. Data Acquisition System
Chlorine utilization diagnostics system is interfaced with
PCI bus based data acquisition system (DAS) which
comprises of three modules: (i) acquisition and analysis,
(ii) operational and sequence control and (iii) safety
interlocks. DAS has been configured using Advantech PCI1716 multifunction card and application software
developed using VC++. Five user’s friendly graphical user
interfaces (GUI) have been designed for on line parameter
acquisition, control and safety interlocks implementation.
This card is a 16 bit high resolution multi function card
with a sampling rate of 250 kS/s.It includes complete
functions for data acquisition and control including A/D
conversion, D/A conversion, digital input, digital output
and counter/timer. Fig. 7 shows one of the GUI for display
of acquired parameters as well as control switching and
sequential functions.
The acquisition and analysis system is responsible for the
acquisition of analog and digital parameters along with the
storage and online estimation of diagnostics parameters in
graphical form for analysis of performance of different
subsystems. The analog input channels are required for
acquiring the signals from transducers like pressure sensor,
temperature sensor and photodiode. On the other hand, the
digital input channels are used to indicate the status of
various subsystems such as the system readiness status for
laser firing and on/off status of various electropneumatic/solenoid /slit valves.

Fig. 7: GUI for display of parameters for COIL
operation
The temporal variation of chlorine absorption signal,
pressure and temperature signals are acquired by DAS in
real time and the corresponding iodine flow rates are
estimated and displayed on the PC in real time. The data
acquisition card acquires the corresponding data from
photo detector, pressure and temperature sensors via
different analog input channels of data acquisition card and
stored in the different files in the software, which are used
for the online estimation of the unutilized chlorine flow
rates. Fig. 8 shows typical curve of chlorine absorption
signal detected by silicon detector. Initially there is no
chlorine and we get a photo signal (I0 ) and when chlorine
is passed through the measuring cell, there is a dip in the

♦ 212 ♦

Optical Detection of Chlorine for Chemical Oxygen Iodine Laser

photo signal (Iv ) due to absorption of signal by chlorine
molecules. This curve determines the partial pressure of
chlorine gas using relation (4) and (5). Ultimately chlorine
flow rates are estimated using relation (6) which is shown
in Fig. 9.

4. CONCLUSIONS
An on-line optical absorption based chlorine utilization
diagnostics system has been developed for real time
monitoring of chlorine utilization. The developed
diagnostic system has been successfully incorporated with
the COIL system and is being routinely used for COIL
parametric studies.

5. REFERENCES
[1]

Fig. 8: Typical Chlorine absorption signal acquired by
DAS
The observed unutilized chlorine flow rates are ~1.64
mmols-1. The detailed experimentation in the present case
corresponding to supplied input chlorine flow rates of ~
27.5 mmols-1 , shows a typical chlorine utilization of nearly
94% using the relation (7).

Fig. 9: Typical estimated unutilized Chlorine flow rate
The chlorine utilization is one of the important diagnostics
because COIL power is a strong function of chlorine flow
rates. Moreover unutilized chlorine can not be sent directly
to vacuum pumps (which evacuate the laser chamber) as
chlorine is a corrosive gas and affects the life of vacuum
system. The unutilized chlorine was therefore trapped and
neutralized by standard norms. In our system, we have
developed a liquid nitrogen based trap for trapping the
unutilized chlorine which is neutralized after experiments.

D. L. Carroll, “Overview of high energy lasers: Past,
Present and Future”, AIAA paper, 2011-3102, 2011.
[2] I. Rego, K. N. Sato, Y. Miyoshi, T. Ando, K. Goto, M.
Sakamoto, S. Kawasaki, “Studies on the characteristics
of the gas dynamics laser with low CO2-concentration
medium by a diaphragmless shock tube”, Proc. Of 34th
EPS conference on plasma physics, 31F, 0-4-036,
2007.
[3] W. H. Behrens, P. D. Lohn, “Hydrogen and deuterium
fluoride chemical lasers”, CRC Press (NY), N4, pp
341-367, 2007.
[4] McDermott W. E, Pchelkin N. R, Benard D. J., Bonsek
R. R., “An electronic transition Chemical Laser”,
Applied Physics Letters, 32(8), pp469-470, 1978
[5] Balan N.F., Gizadulin R. M., Zagidulin M. V., Kurov
A. Yu., Nikolaev V. D., Pichkasov V. M., Svistin M.
I., “Investigation of a jet generator of O2(1∆g)”, Sov. J.
Quantum. Electron. pp1412, 1989.
[6] Zagidullin M.V., Nikolaev V.D., Svitin M.I., Safonov
V.S., Ufimtsev N.I.,(1996), “The study of buffer gas
mixing with active gas on chemical oxygen iodine
laser performance with jet SOG”, SPIE, 2702, pp310,
1996.
[7] Jarmila Kodymova, and Otomar Spalek, “Performance
characteristics of jet type generator of singlet oxygen
for supersonic chemical oxygen iodine laser” Japanese
Journal of Applied Physics, 37, pp117-121, 1998.
[8] R. Rajesh, Gaurav Singhal, Mainuddin, R. K. Tyagi
and A. L. Dawar “High throughput jet singlet oxygen
generator for multi kilowatt SCOIL”, Optics and Laser
Technology, 42, pp580-585, 2010.
[9] Mainuddin, M. T. Beg, Moinuddin, R. K. Tyagi, R.
Rajesh, Gaurav Singhal and A. L. Dawar, “Real time
gas flow control and analysis for high power infrared
gas lasers”, International Journal of Infrared and
Millimeter Waves, 1, pp91-105, Jan. 2005.
[10] Howard Austerlitz, “Data acquisition techniques using
PCs”, 2nd edn., Academic Press, Elsevier
Science(USA), 2003.

♦ 213 ♦

Interleaver Design for IDMA in Optical Environment
Monika Gupta1, Divya shakti2, M.Shukla3 Pradeep Kumar4
1,2

Electronics and Instrumentation Department, Krishna Institute of Engineering & Technology Ghaziabad, INDIA
3
Electronics Engineering Department, Harcourt Butler Technological Institute Kanpur, INDIA
4
Electronics and Communication Engineering Department, Ideal institute of management & Technology, Ghaziabad, INDIA
1
monikadream@gmail.com, 2goeldivyashakti@gmai.com, 3manojkrshukla@rediffmail.com, 4pradeep.hitesh@gmail.com

Abstract: In IDMA user-specific interleavers are referred
as the only means of user separation. The performance of
IDMA for Optical Fiber medium (Optical Interleave
Division Multiple Access Scheme) can be improved by
using various interleaving schemes such as RI and TBI.
Optical Interleave Division Multiple Access Technique
provides high performance with large number of users.
This scheme inherits many advantages such as flexibility of
asynchronous and decentralized networking, potentially
secure and uncongested high-rate data transmission, both
high rate and low rate transmission achieved, reduces
multiple access interference (MAI) and better BER.
Performance of Optical IDMA can be improved by using
various interleaving scheme.
Keywords: IDMA, iterative chip-by-chip (CBC) detection,
Nonlinear linear Schrödinger equation (NLSE), Pulse
Propagation, Split-Step Fourier Transform method.

1. INTRODUCTION
In the last decade, the number of users is increased
significantly with increase in various broadband services
like Video conferencing, high-speed Internet access,
mobile videophones etc., so the bandwidth requirement for
mobile communication has been growing exponentially
these days. This requirement of bandwidth cannot be
fulfilled by wireless system because with the increasing
number of users the BER degrades due to multiple access
interference (MAI). So there is a need of a system which
has a large bandwidth as well as better BER and low
multiple access interference. Optical fiber is the best
solution for carry out these requirements because
theoretically optical fiber has infinite bandwidth and low
attenuation. And if an appropriate multiple access
technique is being used the optical fiber gives better results.
Recently a multiple access scheme known as interleave
division multiple access (IDMA) [1]-[3] scheme has
confirmed better performance to conventional CDMA
scheme and it overcomes the issues regards to MAI and
BER, but the bandwidth requirement is accomplished by
using IDMA for optical fiber channel. This scheme is
known as Optical interleave division multiple access
technique (OIDMA). OIDMA inherits many advantages
such as flexibility of asynchronous and decentralized
networking, potentially secure and uncongested high-rate

data transmission, both high rate and low rate transmission
achieved, reduces multiple access interference (MAI) and
better BER [25]. Since in IDMA user-specific interleavers
are referred as the only means of user separation so
performance of Optical IDMA can be improved by using
various interleaving scheme.
In this paper we have utilized two different interleaver
schemes named Random Interleaver (RI) and Tree Base
Interleaver (TBI). In Section II interleavers are discussed in
the next section simulation method of optical pulse
propagation has been analysed, the system model of optical
IDMA scheme is introduced in Section IV, followed by
simulation result. Finally, some conclusions are given in
section VI.

2. INTERLEAVERS
Interleavers design plays a key role in order to improve
efficiency and performance in IDMA systems. Interleaver
is the only means to separate users in IDMA system. In
order to immunize noise and Multiple Access Interference
(MAI) at the receivers, Interleavers must be chosen
carefully which are weakly correlated between different
users [18]. Li Ping proposed random interleavers generated
randomly and independently. This kind of interleavers can
randomize the MAI at the receiver end efficiently. As far
as the consumption of memory and complexity is
considered, Random interleaver has more memory
requirement [19] because a considerable amount of
memory is required to store the interleavers then the
bandwidth resources are consumed in transmitting
interleaveing sequence during link setup but complexity is
high in Tree base interleaver with increasing number of
user because the computational complexity is proportional
to the number of users [18][19]. Performance of random
interleaver is good since a set of interleaver is randomly
found with a low probability of collision,so the users can
be successfully separated.

3. SIMULATION METHODS FOR OPTICAL
PULSE PROPAGATION
The simulation of optical signal transmissions is done by
solving the nonlinear Schrödinger equation which includes
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both fiber dispersion and nonlinear effects such as selfphase modulation. The Pulse propagation in nonlinear
optical fiber can be explained by using nonlinear
Schrodinger equation (NLSE) [7]. A( z , t ) is the slowly
varying envelope of an optical pulse propagating through
nonlinear optical fiber. NLSE can be written as:
∂A(z, t)
∂A(z, t) j ∂2 A(z, t )
α
+ β1
+ β2
= jγ A(z, t)2 A(z, t) − A(z, t)
∂z
∂t
2
∂t 2
2

Typical optical transmission systems operate around the
wavelength 1.55 µm because standard single-mode fibers
exhibit the least loss (α=0.25 dB/km) in the vicinity of that
wavelength. In addition, around 1.55 mm optical fibers
have appreciable second-order dispersion coefficient (β2 ≈ 20ps2/km) and very low third-order dispersion coefficient
(b3 ≈ 0). Considering all these conditions NLSE[5][6] can
be written in simple form

iβ
2
Az = − A −
An + iγ A A
2
2

(2)

A. Split-step Fourier method
For exact solution of the NLSE the Split-Step Fourier
method (SSFM) is used [7][8]. The fundamental proposal
of Split-Step Fourier method is to split the original problem
into sub problems which are easier than the original
problem. The properties influencing the optical system
performance are fiber attenuation and dispersion [17].
The initial condition for the pulse amplitude A(z, t) We can
summarize the first-order Split-Step Fourier method to
solve the equation over the spatial distance h, i.e., A(z0 + h,
t) in as follows [5]:
Step 1) given the initial condition and the spatial distance,
solve the nonlinear part,
2

Z

= iy A A

by fourth-order Runge-Kutta method.

Z

= −

α
2

A−

iβ
2

A

Z

(4)

In the discrete time Fourier domain t

A

Perform the forward fast Fourier transform on the
linear equation as
Z

(z,t) = −

α
2

A( z,t) −

iβ
2

( − ik )

2

A(z, t)

(4a)

b) Perform the forward fast Fourier transform on the
solution in accord with step
1, w(z, k) as the initial data for the linear part.
use the approximation

A

Z

(z,t) ≈ −

A( z + h, t) − A( z, t)
h

(4b)

To find A (z+h, t).
Perform the backward fast Fourier transform on
A (z+h, t) to find the final Solution ,A(z+h,t).

B. Gaussian pulse

Which describes pulse propagation with pulse width >5ps
in a nonlinear silica-fiber. Where A(z,t) is the spatial-time
varying amplitude of the optical pulse.

A

A

a)

(1)

where j = − 1 , t is time, β1 and β2 are the first and
second derivatives of the propagation constant respectively,
z is distance along the fiber,
is the attenuation
coefficient, and γ is the nonlinear coefficient[6]-[8].

α

Step 2) solves the linear sub problem.

(3)

The input signal or the Gaussian pulse is the signal that will
transmit through the fiber optics, or the output signals of
the light sources (LED or LASER) is the input signal of
optical fiber. To represent this signal the input signal is
converted in to a shape so that computer can deal with it.
So, a numeric array is used to represent the input signal.
This array contains samples of the amplitude profile at N
equally spaced points.
The propagation of ultra short input pulses is strongly
affected by the dispersion loss of the fiber with travelling
distance, which results in pulse broadening. Due to pulse
broadening during propagation, the carrier pulse power
spreads over many time slots and sometimes pulse power
may loss. So accumulated effect of these nonlinearities can
give averaged effect on the pulse.

4. SYSTEM MODEL OF OPTICAL
INTERLEAVE DIVISION MULTIPLE
ACCESS SCHEME
A. Transmitter
In Fig. 1 the upper portion shows the transmitter structure
of the optical IDMA scheme with K simultaneous users.
Low-rate code C is used to encode the input data sequence
dk of user-k, which generates a coded sequence ck
≡[ck(1)…..ck(j)…..ck(J)]T, where J is the frame length.
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The elements in ck are called coded bits. Coded sequence ck
is permutated by an interleaver πk, which produces xk
≡[xk(1)…..xk(j)…..xk(J)]T. The elements in xk is referred
to as “chips”[2][3].
The key principle of IDMA is the interleavers {πk} which
should be different for distinguish users. It is assumed that
the interleavers are generated randomly and independently.
Interleavers are used to disperse the coded sequences so
that the adjacent chips are approximately uncorrelated,
which makes chip-by-chip detection process easy.
After the interleavers electrical to optical convertor (E/O)
is used to get optical pulses. The electric field of mode
locked laser can be given as [10]:

E

M LL

=

K −1

e ∑e
iwot

ik ( ∆ w ) t

k =0

(5)

Where K is the number of modes in the mode locked laser,
and ∆w is the channel spacing between two consecutive
modes in the mode locked laser. Now the output of MLL is
modulated with interleaved data xk(j) which is usually a
simple OOK modulation. Then the transmitted data can be
written as:

E

MLL

X

k

( j) =

X

k

( j )e

iwot

K −1

∑e
k =0

(9)

For single mode fiber intermodal, or modal, dispersion
equal to zero (β1 = 0),
β2 =

λ 2 × D1
− 2π c

β3 =

1
2 D2
( D3 +
) λ 4 re f
( − 2π c ) 2
λ ref

(10)
(11)

Where C is the velocity of light free space.
D2 is the second order dispersion; D3 is the third order
dispersion.
For long-distance communication, nonlinear effects in
fibers can also be a problem. The nonlinearities are not
significant at low power but dependent on the intensity of
the signals.
The nonlinear part can be given as [12]:

Az =

ik ( ∆ w ) t

e

2 π n2 I
× dz
λ Aeff

(12)

Where I = |signal|2, n2 is the nonlinear factor [12], Aeff is the
effective cross-section area of the fiber’s core.

(6)

Where xk(j) ∈ (1,0).
Communication Channel
The Nonlinear Schrodinger equation (NLSE) describing the
pulse propagation A( z , t ) in an optical fiber can be
written as[5][8]:
Az = ( L + N ) A
(7)
This is the nonlinear partial differential equation, where L
and N are the linear and nonlinear operators, respectively.
The linear part can be given in terms of attenuation and
dispersion. Attenuation is very small and the speed of the
signal propagation in optical fibers depends on the
wavelength of the light. As a result the light pulses will be
dispersed. The attenuation can be written as [6][12]:

attenuation =

dispersion = e

w
w2
w3 dz
i ( β1 + β2
+ β3 )×
2
2
2
2

C. Receiver
In Figure 1 lower portion shows optical IDMA receiver. At
the receiver front we used optical detectors (P-I-N or
avalanche photo detector (APD)) [9][17]. Optical detectors
must have a wide bandwidth and sharp response to achieve
the high bit-rate which is required by such a system [18].
Resposivity of PIN diode can be given as [9][18]:
Ip
(13)
R=
P0
Where Ip is the photocurrent (mA), Po is the average light
power (mW).
Quantum efficiency can be given as[9][17]:

η=

Iphc
qP0 λ

(14)

α dz

e

2

×

2

(8)

Where α is the attenuation factor. dz is split-step distance.
The dispersion is expressed as [12],

The probability that a specified number of photons are
absorbed from an incident optical field by an PIN detector
over a chip interval with T c is given by a Poisson
distribution [9]. The average number of absorbed photons
over T c is shown as [9][18],
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λs =

η P0

(15)

hf

Where λ s is the photon absorption rate, P0 is the received
laser power, η is the quantum efficiency, h is Planck’s
constant (6.628*10-38J/s), and f is the optical frequency, q
is the electron charge (1.6*10-19C)[9].After PIN, receiver
consists of an elementary signal estimator (ESE) and K a
posteriori probability (APP) decoders (DECs) [2]-[5]. The
outputs of the ESE and DECs are extrinsic log-likelihood
ratios (LLRs) about {xk(j)} defined below

e ESE ( x k ( j )) ≡ log(

Pr ( x k ( j ) = + 1)
)
Pr ( x k ( j ) = − 1)

(16)

eESE (xk (j)) be the extrinsic a posteriori log-likelihood
ratios (LLRs) generated by the DEC for user-k. For each k,
we rewrite (1) as [1]-[4]:

r(j)=h k xk ( j ) + ξk ( j)

(17)

ξ k ( j ) ≡ r ( j ) − hk xk ( j ) = ∑ hk ' xk ' ( j ) + n( j )
k '≠ k

Where

(18)
Denote by E(·) and Var(·) the mean and variance functions,
respectively. We list the CBC detection algorithm as
follows (with initialization eDEC(xk(j)) = 0, ∀ k, j) [2].

The CBC algorithm

E ( xk ( j )) = tanh(eDEC ( xk ( j )) / 2)

19(a)

var( xk ( j )) = 1 − ( E ( xk ( j )))

19(b)

2

E (ξk ( j )) = ∑ hk ' E ( xk ' ( j ))

linear Schrödinger equation (NLSE). The optical fiber
simulation has been carried out in time and frequency
domain to fully understand the nonlinear effects and its
dependency to the shape of input pulse. On-Off keying
(OOK) is used for pulse transmission. The pulse
propagation in nonlinear optical fiber is modeled using split
step Fourier method to implement nonlinear Schrodinger
equation which deals the effects of fiber attenuation,
dispersion and nonlinearity.
In fig.2 BER performance of optical IDMA with different
numbers of simultaneous users for random and tree base
interleaver has been shown. It can be derived that TBI
shows equal result to random interleaver but in better form
for data length 512. As far as IDMA is considered the BER
becomes constant after 20 user at 10-1 [25] but in OIDMA
the BER become constant after 300 user at 10-2. Fig.3
shows Complexity level of Random Interleaver and Tree
Base interleaver. Complexity is higher for random
interleaver. During the simulation the spreading length is
16 and iteration number is 15, and the data length is 512 is
used. Optical fiber operated with 155nm wavelength, bit
rate is 1Gbps, transmitted power is 1mW, intensity
dependent refractive index parameter is 2.35*10-20, and
responsively and efficiency is 0.65, 0.80 has been taken
respectively. The input to optical fiber is a Gaussian pulse;
ON-OFF keying (OOK) is used for pulse transmission.

6. CONCLUSION
Finally it can be concluded that TBI give good
performance in terms of BER and it is better as far as
design issues are concerned. TBI is a good choice for
wireless communication with high data rates and simple
design.

19(c)

k '≠ k

var(ξ k ( j )) = ∑ hk ' var( xk ' ( j )) + σ 2
2

k '≠ k

2hk
eESE ( xk ( j )) =
(r ( j ) − E (ξ k ( j )))
var(ξ k ( j ))

1 9 (d )
19(e)

After the APP decoding in the DECs is performed to
generate the LLRs {eDEC(xk(j)), ∀ k, j}. Then go back to
(19a) for the next iteration [2][5].

5. SIMULATION RESULTS
The simulation of Optical IDMA presented in this paper is
performed by using MATLAB software. For pulse
propagation in optical fiber, we have utilized the nonlinear

♦ 217 ♦

Fig. 1: Optical IDMA Transmitter and Receiver model

Proceedings of the International Conference on Communications & Electronics – ICCE – 2012

10

-1

[3]

L. Ping, L. Liu, K. Wu, and W. K. Leung, “Interleave
division multiple access,” IEEE Trans. on Wireless
Communications, vol. 5, no. 4, April 2006 pp. 938947.

[4]

R. H. Mahadevappa and J. G. Proakis, “Mitigating multiple
access interference and inter symbol interference in uncoded
CDMA systems with chip level interleaving,” IEEE Trans.
On Wireless Communication, vol. 1, no. 4, October 2002.

[5]

M. Aleshams, A. Zarifkar and M. H. Sheikhi,” SplitStep Fourier Transform Method in modeling of pulse
propagation in dispersive nonlinear optical fibers” in
proceeding of CAOL 2005.

[6]

G. P. Agrawal, “Nonlinear Fiber Optics”, 3rd ed. New York:
Academic, 2001.
V. Sinkin, R. Holzlohner, J. Zweck, and C. R. Menyuk,
“Optimization of the split-step Fourier method for modeling
optical-fiber communication systems,” J. Lightwave
Technol., vol. 21, Jan. 2003, pp. 61–68.
J. A. C. Weideman, and B. M. Herbst: "Split-Step methods
for the solution of the nonlinear Schrodinger equation",
SIAM J. Numer. Anal., Vol. 23, 1986, pp. 485-507.
Harold Kolimbiris, “Fiber Optics Communications”,
Pearson Education, 2004.
Reza Omrani and P. Vijay Kumar” Spreading Sequences for
Asynchronous Spectrally Phase Encoded Optical CDMA” in
proceeding of ISIT 2006, Seattle, USA.
J. A. Salehi, “Code division multiple-access techniques in
optical fiber networks-part I: Fundamental principles,” IEEE
Trans. Communication, vol. 37, Aug. 1989, pp. 824–833.
Dr. Sabah Hawar Saeid Al-Bazzaz, “Simulation of Single
Mode Fiber Optics and Optical Communication Components
Using VC++” IJCSNS International Journal of Computer
Science and Network Security, VOL.8 No.2, February 2008.
L. A. Rusch and H. V. Poor, “Effects of laser phase drift on
coherent optical CDMA,” IEEE J. Select. Areas
Communication, vol. 13, Apr. 1995, pp. 577–591.
K. Kusume and G. Bauch, "A Simple Complexity Reduction
Strategy for Interleave Division Multiple Access," in
Proceeding of IEEE Vehicular Technology Conference,
VTC2006-fall, Montreal, Canada.
Aminata Amadou Garba and Jan Bajcsy, “A New Approach
to Achieve High Spectral Efficiency in Wavelength-Time
OCDMA Network Transmission” IEEE Photonics
Technology Letters, VOL. 19, NO. 3, February 1, 2007.
Asma Basharat, Imtiaz Ahmad Khokhar, Saeed Murtaza,”
CDMA versus IDMA for Subscriber Cell Density” IEEE
2008.
John M. Senior “Optical Fiber Communication”, Pearson
Education, 2008.
Pupeza, A. Kavcic, and Li Ping, "Efficient Generation of
Interleavers for IDMA," in Proc. IEEE Int. Conf. on
Commun., ICC'06, Istanbul, Turkey,11-15 June 2006.
M. Shukla, Ruchir Gupta” Performance Analysis of
Optimum Interleaver based on Prime Numbers for Multiuser
Iterative IDMA Systems”, International Journal of
Interdisciplinary Telecommunications and Networking, 2(3),
51-65, July-September 2010 51.

Random Inter;leaver with data length 512
Tree Base Interleaver with data length 512

10

-3

BER

10

-2

10

10

10

-4

[7]

-5

-6

0

50

100

150

200
250
300
350
NO. OF SIMULTANEOUS USER

400

450

500

[9]

Fig. 2: BER performance of uncoded optical IDMA for
RI and TBI interleavers for data length 512.
COMPLEXITY OF INTERLEAVER(NO. OF INTERLEAVING/USER)

[8]

[10]

200

[11]

180
RANDOM
INTERLEAVEER

160

[12]

140
120
100

[13]

80
60

[14]

40
TREE-BASE INTERLEAVER

20
0

0

20

40

60

80
100
120
USER NUMBER

140

160

180

200

[15]

Fig. 3: Complexity comparison of Random Interleaver
and Tree Base interleaver.

[16]

7. REFERENCES
[1]

[2]

Li Ping, L. Liu, K. Y, Wu, and W. K. Leung, “On
interleave-division multiple-Access,” in Proceeding
2004 of ICC’ 2004. Paris, France.
Li Ping and Lihai Liu, “Analysis and Design of IDMA
Systems Based on SNR Evolution and Power Allocation” in
the proceeding of Fall 2004 Vehicular Technology
Conference, VTC2004 vol:2 pp 1068-1072.K. Elissa,

[17]
[18]
[19]

“Title of paper if known,” unpublished.

♦ 218 ♦

Interleaver Design for IDMA in Optical Environment

[20] Jianhao Zhongqi Pan, Changyuan Yu , Alan E. Willner
“Optical performance monitoring for the next
generation optical communication networks”, Elsevier
Inc. Optical Fiber Technology 16(2010) 20-45.
[21] Zhang Chenghai Hu “The Shifting Interleaver Design
Based on PN Sequence for IDMA systems”.
[22] M. Shukla, V.K. Srivastava, S. Tiwari “Analysis and Design

[23]

of Tree Based Interleaver for Multiuser Receivers in IDMA
th
Scheme,” 16 IEEE International Conference on Networks
“ICON 2008”, Delhi, India, pp. 1-4, Dec. 13-14, 2008.
M. Shukla, Aasheesh Shukla,, V.K. Srivastava, S. Tiwari
ST
“Different Designing Factors for IDMA Systems,” 1

[24]

[25]

♦ 219 ♦

International Conference on Computer, Communication, and
Control and Information Technology “C3 IT 2009” in
Academy of Technology, Calcutta, India, pp. 748-756, Feb.
6-7, 2009.
M. Shukla, V.K. Srivastava, S. Tiwari, “Analysis and Design
of Optimum Interleaver for Iterative Receivers in IDMA
Scheme,” Wiley Journal of “Wireless Communications and
Mobile Computing” Vol 9. Issue 10, pp. 1312-1317, 2009.
M. Shukla, Monika Gupta, Shashi Tiwari, P.S. Sharma,
Somendra Shukla”Optical Interleave Division MultipleAccess Scheme for Long Distance Optical Fiber
Communication”, 2010 IEEE International Conference on
Computational Intelligence and Computing Research.

Adaptive Filters: Analytical Comparison Using
Different Techniques
Srishtee Chaudhary1, Rajesh Mehra2
1

M.E Student, ECE Department, 2Associate Professor
1,2
NITTTR, Sector-26, Chandigarh, India
1
srishtee@rediffmail.com, 2rajeshmehra@yahoo.com

Abstract: Adaptive filters are considered nonlinear
systems; therefore their behavior analysis is more
complicated than for fixed filters. As adaptive filters are
self designing filters, their design can be considered less
involved than in the case of digital filters with fixed
coefficients. The paper discusses adaptive filtering with
various approaches, choice of structures, optimization
methods, algorithms for a filter, applications, the
parameters (or coefficients) adapted, in order to improve a
prescribed performance criterion. The coefficient updating
is performed using the information available at a given
time. Since no specifications are available, the adaptive
algorithm that determines the updating of the filter
coefficients requires extra information that is usually given
in the form of a signal. This signal is in general called a
desired or reference signal, whose choice depends on the
application.
Keywords: adaptive filetrs, algorithms, recursive least
square, least pth

1. INTRODUCTION
Adaptive filter is a filter that self-adjusts its transfer
function according to an optimization algorithm driven by
an error signal. Because of the complexity of the
optimization algorithms, most adaptive filters are digital
filters. An adaptive filter is required when either the fixed
specifications are unknown or the specifications cannot be
satisfied by time-invariant filters [1]. An adaptive filter is a
nonlinear filter since its characteristics are dependent on
the input signal .However, if we freeze the filter parameters
at a given instant of time, most adaptive filters considered
in this text are linear in the sense that their output signals
are linear functions of their input signals[2]. The adaptive
filters are time-varying since their parameters are
continually changing in order to meet a performance
requirement. Practically when the environment is not well
defined the procedure could be costly and difficult to
implement on-line. The solution to this problem is to
employ an adaptive filter that performs on-line updating of
its parameters through a rather simple algorithm, using
only the information available in the environment. In other
words, the adaptive filter performs a data-driven

approximation step. Adaptive filters self learn. As the
signal into the filter continues, the adaptive filter
coefficients adjust themselves to achieve the desired result,
such as identifying an unknown filter or canceling noise in
the input signal. Designing the filter does not require any
other frequency response information or specification. To
define the self-learning process, select the adaptive
algorithm used to reduce the error between the output
signal y(k) and the desired signal d(k) [3,4].

2. ADAPTIVE FILTERING ALGORITHM
Adaptive filtering can be classified into three categories:
adaptive filter structures, adaptive algorithms, and
applications. The choice of algorithm is highly dependent
on the signals of interest and the operating environment, as
well as the convergence time required and computation
power available. An adaptive digital filter can be built up
using an IIR (Infinite impulse response) or FIR (Finite
impulse response) filter. Adaptive FIR filter structure is
most commonly used adaptive FIR filter structure and is
the transversal filter which implements an all-zero filter
with a canonic direct form (without any feedback). FIR is
inherently stable because its structure involves forward
paths only, no feedback exists. The presence of feed back
to the input may lead the filter to be unstable and
oscillation may occur. For this adaptive FIR filter structure,
the output is a linear combination of the adaptive filter
coefficients. The performance surface of the objective cost
function is quadratic which yields a single optimal point.
Alternative adaptive FIR filter structures improve
performance in terms of convergence speed [5].For simple
implementation and easy analysis; most adaptive IIR filter
structures use the canonic direct form realization. Some
other realizations are also presented to overcome some
drawbacks of canonic direct form realization, like slow
convergence rate and the need for stable monitoring.
An algorithm is a procedure used to adjust adaptive filter
coefficients in order to minimize the cost function. The
algorithm determines several important features of the
whole adaptive procedure, such as computational
complexity, convergence to suboptimal solutions, biased
solutions, objective cost function and error signal. The
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algorithm used in equalization is LMS and is known for its
simplification, low complexity and better performance in
different running environments [6]. Further symmetric
approach can be employed to reduce the complexity with
partial serial MAC based approach to optimize speed and
area [7]. Fractionally spaced equalizer (FSE) can be used to
compensate for channel distortion before aliasing effects
occur due to symbol rate sampling. FSE is used to reduce
computational requirements and to improve convergence
[8]. The LMS algorithm with varying step size results
change in MSE.

Table: 1 Comparison of RLS and LMS Algorithm
Description
Complex
Convergence
Performance
Multiplications
Average
Attenuation

RLS
More
Faster
Superior
3M( 3 + M )/ 2,
more
Around – 15

LMS
Less
Slow
Less
2M + 1, less

efficient tools for mini-max design of FIR filters but these
are applied to only linear class of FIR filters. Least pth are
commonly used for mini-max design of IIR filters. The
least pth norm method doesn’t need to update weighting
functions, no constraints are imposed and design can start
anywhere in parameter space [11]. Mixed-norm digital
filter design methods provide the capability to design filters
that have minimum deviation in the pass bands (using the
L∞ norm) and minimum broadband noise power in the
stop-bands (using the L2 norm). Filters that trade off
between these two extremes (e.g., L4 norm) are also
possible [12].The method allows for the rapid design of
mixed-norm FIR filters by using an unconstrained
optimization method.
The adaptive filters are generally implemented using
VHDL. The two approaches for FPGA implementation are
used namely VHDL and SIMULINK System Generator
HLS (High Level Synthesis) tool [13]. Where HLS is an
easy filter design method in which sampling data rate from
1.58 to 12.32 MHz is achieved with fast speed of
convergence but at the cost of more number of multipliers.
VHDL language has the drawback of slow speed but it has
advantage of using less number of multipliers. Adaptive
filtering has been successful in many applications, such as
echo cancellation, noise cancellation, signal detection,
system identification, channel equalization, and control.

- 2.4523

3. DIFFERENT TECHNIQUES: THEIR
COMPARISON
Fast Block Least Mean Square (FBLMS) is one of the
fastest and computationally efficient adaptive algorithms.
Distributed Arithmetic further enhances the throughput of
FBLMS algorithm with reduced delay, minimum area
requirement and reduced hardware multipliers. Distributed
arithmetic (DA) is a bit level rearrangement of a multiply
accumulate to hide the multiplications [9]. But the reduced
hardware complexity of higher order filters was at the
expense of increased memory and adder requirement. And
the technique is suitable for higher order filters. It is a
powerful technique for reducing the size of a parallel
hardware multiply-accumulate that is well suited to FPGA
designs. DA is one of the efficient techniques, in which, by
means of a bit level rearrangement of a multiply
accumulate terms; FFT can be implemented without
multiplier. Since the main hardware complexity of the
system is due to hardware multipliers and introduction of
DA eliminates the need of that multipliers and resulting
system have high throughput and also have low power
dissipation. The unconstrained optimization problem of
Non-recursive filter to minimize the difference between
actual and desired response of magnitude is solved using
least squares design method for L2p norm [10]. Least
square error design method for the optimal design of FIR
filter showed that as the order of the filter is increased the
ripple content in the stop band diminishes. Also the design
using least pth norm showed that the ripple content
disappears and smoothen the response and give a constant
response in stop band. The Parks-McClellan algorithm are

An efficient filter structures with optimized code is there to
create a system-on-chip (SOC) solution for various
adaptive filtering problems specially unknown system
identification. Based on the error signal, the filter's
coefficients are updated and becomes almost exactly as the
unknown system coefficients. Several different adaptive
algorithms have been coded in VHDL as well as in
MATLAB. The design is evaluated in terms of speed,
hardware resources, and power consumption. System
identification was mapped into a hardware description
language, VHDL. The design was synthesized and
implemented using FPGA (XILINX Spartan3 3s200ft256
kit) [14] with 50 MHz clock.
The three different architectures for implementing a least
mean square (LMS) adaptive filtering algorithm, using a 16
bit fixed-point arithmetic representation is proposed. These
architectures are implemented using the XILINX
multimedia board as an audio processing system. The onboard AC97 audio codec is used for audio
capture/playback, and the VIRTEX-II FPGA chip is used
to implement the three architectures [15]. A comparison is
then made between the three alternative architectures with
different filter lengths for performance and area. Results
showed an improvement by 90% in the critical part of the
algorithm when a hardware accelerator is used to perform it
over a pure software implementation. This results in a total
speed up 3.86 times. However, pure hardware
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implementation results in a much higher performance with
somewhat lower flexibility. It shows a speed up close to
82.6 times over the software implementation.

Table: 2 Synthesis results of FPGA Implementation
using LMS for ISI removal in Wireless Applications

The adaptive filters implementations can also be compared
and evaluated in terms of hardware and software
implementation respectively. Finite impulse response (FIR)
filtering and least mean squares (LMS) adaptive filtering
algorithms implemented in both hardware and software on
a Microblaze processor configured in a VIRTEX II,
running uClinux have been evaluated in terms of current
usage (both idle and active), area usage (for hardwareassisted implementations), and latency and CPU
utilization[16]. Partitioning of the LMS algorithm was
initially performed in a simple way, highlighting the
shortcomings of obvious partitioning arrangements. A full
implementation showed the advantages in terms of
increased power efficiency (5.7mA consumed, compared to
60.4mA for the software implementation). Hardware
implementations were found to be generally more power
efficient, although increased idle power usage (11.3mA
extra for the idle LMS implementation) may negate the
savings if the task is not executed regularly.
When designing systems, it is important to have a
systematic approach so that the design can be done timely
and efficiently, which ultimately leads to lower cost. Apart
from this, for an ASIC design to be completed successfully
from specification to tape out, it is imperative that a
particular process be defined and followed. An ASIC
design flow for the implementation of adaptive FIR filter
using MATLAB and Mentor Graphics IC design tools is
presented. Algorithm modeling is initially performed to
obtain suitable parameters of the adaptive FIR filter,
followed by RTL design using VHDL, ASIC synthesis ,
physical modeling using schematic driven layout, parasitic
extraction, and verification at every design steps. The
adaptive FIR filter is designed using 17, 654 transistors
with core cell area of 0.562 mm2, and performance suitable
for current and next generation mobile communication
applications. [17]

4. CONCLUSION
Following table shows the resource utilization using LMS
algorithm

Logic Utilization
No. of Slices
No.of Slices FF
No. of Look Up Tables
No. of Input Output
Blocks
No. of Multipliers

Used
1387
1842
1593
45

Available
7680
15360
15360
392

16

42

Fig. 1: Mean Squared Error for 32 tap LMS filter

Fig. 2: shows the throughput comparison of a DA
adaptive filter and microprocessor adaptive filter.
The throughput of DA (distributed arithmetic) adaptive
filter does not vary significantly with overall filter size. An
adaptive filter provides the capability to update the
coefficients according to the current environment. The
choice of filter structure affects the convergence speed as
in case of FIR filters convergence speed is fast. The
commonly used algorithms are RLS and LMS.LMS
provides low complexity and stability. Further the
unconstrained optimization problem of Non-recursive filter
to minimize the difference between actual and desired
response of magnitude is solved using least squares design
method.
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Abstract: A compact multiband frequency selective surface
has been designed by cutting slots on a circular patch.
Proposed design has four resonant frequencies in the
range of 3 GHz to 8 GHz, with smallest resonant frequency
at 3.86 GHz, which results in 87.5% of size reduction. The
frequency selective has been designed and analysed using
Ansoft® designer.
Keywords: Frequency Selective Surface; Multiband;
compact; slot; Method of Moment.

1. INTRODUCTION
Frequency Selective Surface (FSS) acts as a microwave
filter that reflects at the region of resonance and transmits
well at other frequencies. FSS is formed by the two
dimensional arrays of metallic patches on a dielectric slab
or two dimensional apertures within a metallic screen,
separated by a certain distance. The two different structures
are termed as patch FSS and aperture FSS respectively.
Patch FSS acts as a band reject filter at the resonant
frequency while aperture FSS acts as a band pass filter [1].
Frequency selective surface has wide spread application
such as in electromagnetic shielding application, quasioptical frequency duplexer, band pass radomes for radar,
sub reflector of a multi frequency reflector system[1-3].

Fig. 1: Unit cell of FSS
Slots have been introduced to this patch as shown in fig 2.
Slot width is 1 mm. In the array horizontal and vertical
periodicity has been taken as 2 mm. Following two figures
shows the unit cell after slots have been introduced and the
periodic array of unit cells.

Multiband FSSs have been very popular because the same
structure can be used in different bands. Multiband
characteristics have been achieved earlier using circular
ring elements [4] and double square loop patch element [5].
This paper presents a compact multiband frequency
selective surface which can be used in four different
frequency bands. The result has been achieved by cutting
slots on metallic patch. Resonant frequency of the proposed
circular patch FSS is reduced compared to the reference
FSS. The structure has been studied theoretically using
Ansoft® designer which works on the principle of Method
of Moment

2. DESIGN OF THE FSS
A circular patch of radius 10 mm on a dielectric slab is
taken as reference structure. Dielectric slab has a dielectric
constant of 2.4. Reference structure is shown in fig 1.
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Fig. 2: Unit cell after cutting slots

A Compact Multiband Frequency Selective

Fig. 5: Transmission characteristics after introducing
slot
Table.1
Fig. 3: Array of unit cells
Sl.
No

3. RESULTS AND DISCUSSION
The reference array and the proposed design has been
analysed and the results are recorded. Fig 4 and Fig 5 show
transmission characteristics of the reference FSS and the
proposed FSS. Results in tabular form are given in Table 1.

1

2

10 dB
10 dB
Resonating
Bandwidt
Designed
Bandwidth
frequency in
h
FSS
(Percentage)
GHz
(MHz)
Without
cutting
slot

After
cutting
slot

10.92

3.18

29.12 %

3.86

150

3.88 %

4.71

330

7.00 %

7.24

150

2.07 %

7.64

170

2.22 %

From the above figures and result of Table 1 it follows that
the reference circular patch resonates at 10.92 GHz. After
cutting slot the proposed structure resonates at four
frequencies. The proposed design rejects signals at this four
frequencies while allows to pass signals at other
frequencies without attenuation. Lowest resonant frequency
achieved at 3.86 GHz. Resonant frequency is inversely
proportional to the perimeter of FSS structure. So the
perimeter of a circular patch which resonates at 3.86 GHz
would be

28. =
Fig. 4: Transmission characteristics without slot

'××I×I. '
t.

Or r = 28.29 mm
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Hence a circular patch of radius 28.29mm would be
required to resonate at 3.86 GHz but the same result has
been achieved with a circular patch of radius 10mm. So the
size reduction is
'.'  %I
'.' 

× 100 = 87.5%

[1]

[2]

Thus a size reduction of 87.5% (approximately) has been
achieved.
4.

5.

[3]

[4]

CONCLUSION

Slot on the circular patch results in size reduction as well as
multiple resonant frequency. Proposed design can be
operated in any of the four bands. This eliminates the
requirement of different FSSs to operate in different bands.
Bandwidths of the four bands are pretty good and suitable
for faithful operation.

[5]
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Abstract: Electroencephalogram (EEG) is an important
tool in the diagnosis of epileptic seizures. In this paper a
new approach for automatic detection of non-convulsive
seizure is presented using dispersion measures. The
statistical features used were inter-quartile range (IQR)
and median absolute deviations (MAD). Linear classifier
was employed to perform classification between seizure
and non-seizure data. The main advantage of this method
is that it uses only two features with linear classifier for
evaluation which makes the algorithm computationally fast
and simple. In spite of simplicity, this algorithm succeeded
in achieving 100% sensitivity and 94% specificity.
Keywords: Non-convulsive seizure (NCS), Non-convulsive
status epilepticus (NCSE), Inter-quartile range (IQR);
Median absolute deviation (MAD); Electroencephalogram
(EEG), Power spectral density (PSD).

1. INTRODUCTION
Status epilepticus is a neurological disorder in which
seizures occur frequently or lasts for a sufficient length of
time that full recovery between seizures does not occur
[1,2]. Status epilepticus activity is primarily sub-divided
into two categories: convulsive and non convulsive.
Convulsive status epilepticus is generally associated with
tonic-clonic activity and easy to diagnose while nonconvulsive status epilepticus (NCSE) is difficult to
diagnose as it often lacks physical manifestation [2, 3, 4].
An extensive research literature is available in the field of
automatic detection of convulsive seizures in scalp
recorded EEG. Agustina et al. [5] proposed an algorithm
based on energy values for detection of convulsive seizure
activity. The data was first segmented into epochs of 2
seconds and then energy value of each segment was
calculated. This gave an accuracy of 87%. Vukkadala,
Vijayalakshmi and Vijayapriya [6] proposed an algorithm
which quantified the regularity of a time series data using
approximate entropy. Elman network was used for
classification of normal and seizure EEG. This work was
however carried out on convulsive seizure and achieved an
accuracy of 93.33%. Mohseni, Maghsoudi and Shamsollahi
[7] used variance for discrimination of seizure and normal

EEG. The data was segmented into non-overlapping
rectangular window of 256 discrete samples and the
variance was calculated. Average of all calculated variance
over specific time duration was considered as constant
threshold. If the calculated variance obtained was more
than the present threshold value, it was considered as a
seizure. An accuracy of 100 % was achieved.
Bedeeuzzaman, Farooq and Khan [8, 9] used statistical
features variance, median absolute deviation, entropy, inter
quartile range for automatic detection of tonic-clonic
seizures. Classification of EEG into normal and seizure
was carried out using linear classifier. The reported
accuracy was 100%. Limitation of paper [7, 8, 9] was that
the data used was of only 23 seconds and was free from
any kind of artifact. Most of the work in seizure detection
has emphasized on tonic-clonic seizure. Non-convulsive
seizures often lack electrographic activity and are difficult
to be identified. Very few researchers have concentrated
their effort on NCS.
Jacquin, Causevic and John [10] proposed an algorithm
based on wavelet decomposition followed by the
calculation of fractal dimension in the detection of nonconvulsive seizure. A reduced set of electrodes were
selected on which detection of spike wave events was
performed. Accuracy of 89.5% was reported. Minasyan,
Chatten and Harner [11] worked on detection of epileptic
activity in unresponsive patients by using artificial neural
network. Four groups of feature based on frequency range
specification, amplitude variation, statistical features
variation of the signal and complexity measure of the
waveforms were selected. These features were calculated
on 1 second sliding epoch. Artificial neural network
correctly classified 71% epochs of non-convulsive seizures
and 99% epochs of non seizure activity. The limitation of
this methodology is the complexity involved due to nonlinear features and selection of large number of features.
The main aim of this study is to develop a technique which
is computationally simple for automatic detection of nonconvulsive seizure. An algorithm based on inter-quartile
range (IQR) and median absolute deviation (MAD) has
been proposed to discriminate NCS and normal activities.
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2. MATERIALS
The database used in this research was collected from All
India Institute of Medical Sciences (AIIMS), New Delhi.
Approval from the ethics board was taken a priori before
the data was used for this reason. The sampling frequency
was chosen to be 256 Hz. The database consisted of three
recordings of three different patients with non-convulsive
seizures. 32 seconds of 144 seconds, 27 seconds of 134
seconds and 56 seconds of 192 seconds contributed to nonconvulsive seizures in patient 1, patient 2 and patient 3
respectively. Recording was done on 21 to 22 channels
using 10/20 placement. Bipolar recordings were used for
analysis.

3. METHODOLOGY
A. Pre-Processing
The significant information of EEG signals for the analysis
of brain activities lies in the range of 0.5-30 Hz. The data
was first filtered using fourth order Butterworth filter to
band limit it in the frequency range of 0.5-30 Hz. This filter
was used to provide maximum flatness in the pass band and
almost zero value in the stop band. The selected frequency
band automatically removes the muscle artifacts introduced
during the recording and the supply frequency. The DC
offset during recording is also removed by taking lower
limit as 0.5 Hz. Fig. 1 shows the removal of muscle
artifacts and line frequency from the true EEG signal.

The raw EEG of 10 seconds duration recorded on Fp2-F8
channel and preprocessed signal was used to plot the power
spectral density (PSD) in Fig. 2 which shows the removal
of unwanted signal (artifacts) beyond the range of 0.5-30
Hz. Fig. 2(a) shows the interference of unwanted signals
which were removed in Fig. 2(b) by using band pass filter
keeping the required signal for analysis.

B. Feature Extraction
Feature extraction is an important step of pattern
recognition technique. EEG provides several considerable
features i.e. amplitude, frequency, duration, energy etc to
define characteristic of a pattern. The pattern depends upon
the features that may change for seizure and non-seizure
duration.
A histogram is an estimate of probability distribution of a
variable. The histogram of normal and seizure data in Fig.
3 clearly shows the difference in the dispersion of the two
distributions thus motivated the use of dispersion measures
as features. Inter-quartile range (IQR) is a measure of
statistical dispersion which is equal to the difference
between the third quartile or upper quartile (Q3) and first
quartile or lower quartile (Q1).

(a)
(a)

(b)
Fig. 2: (a) PSD of channel Fp2-F8 for 10 sec of raw
data, (b) PSD of same data after band limiting 0.5- 30
Hz

(b)

Fig.1: (a) Shows the raw EEG, (b) shows removal of
artifacts after pre-processing
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IQR=Q3―Q1

(1)

Median absolute deviation (MAD) is a measure of the
variability of a univariate sample of quantitative data. For
a single variable dataset X having N samples the MAD is
defined as the median of the absolute deviation from the
data median.
MAD=median (X―|median(X)|)

FP= False Positive (normal cases misclassified as seizure),
FN= False Negative (seizure cases misclassified as
normal).
Sensitivity refers as the percentage of the correctly
identified seizure events. The percentage of normal events
that are classified correctly is termed as specificity.

(2)

where X = [x1, x2, x3 ….xN]
The data was first divided into frames of 1 second (known
as epoch) using non-overlapping rectangular window.
Before the extraction and evaluation of the features, a
background of 25 seconds with a gap of 15 seconds was
included before the seizure onset in the recording to
normalize the epoch features. Background window was
made to move with epoch window. The gap was taken to
prevent seizure onset into the background (Fig. 4).
Background window was also divided into epochs of 1
second and features IQR and MAD have been calculated
for each epoch of background. Median of these IQR and
MAD values were used to normalize the onset epochs.

(a)

4. RESULTS AND DISCUSSION
Linear classifier was used to classify the extracted features.
The classification was performed separately for each
patient. Classifier output was labeled as ‘1’ for seizure and
‘0’ for normal data. 75% of data was used to train the
classifier and rest 25% was used for testing. An epoch was
considered to be seizure if more than 50% of the channels
had ‘1’ at the classifier’s output.
The performance of this algorithm was evaluated using
standard statistical parameters: sensitivity, specificity and
accuracy. The sensitivity, specificity and accuracy are
defined as:
Sensitivity = (TP/ (TP + FN)) ×100

(3)

Specificity = (TN/ (TN + FP)) ×100

(4)

Accuracy = ((Sensitivity + Specificity)/ 2) ×100

(5)

(b)
Fig. 3: Plot of the histogram comes providing (a)
normal EEG, (b) non-convulsive seizure EEG

where;
TP= True Positive (actual seizure cases detected as
seizure),
TN= True Negative (actual normal cases detected as
normal),

Fig. 4: Illustration to demonstrate the background, gap
and the epoch used in EEG analysis
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Table 1 describes the results obtained patient-wise and also
the overall result. A sensitivity of 100% was obtained in all
the three patients which indicate that all the seizures were
successfully identified. In two of three patients 100%
specificity was also achieved. Patient 2 showed the least
specificity (83%). Normal data at an epoch was classified
as seizure. Marked epoch (normal segment) in Fig. 5 at
time 11:08:23 a.m. was detected as seizure activity due to
higher amplitude values. Average sensitivity, specificity
and accuracy was 100%, 94.4% and 97.22% respectively.

6. ACKNOWLEDGMENT
The authors would like to acknowledge Department of
Biotechnology, New Delhi for sponsoring this research
project. The authors would also like to thank the
Department of Neurology, AIIMS Delhi for providing
database and Department of Electrical Engineering,
ZHCET, AMU, Aligarh for providing the facilities during
the research period.

7. REFERENCES
5. CONCLUSION

[1]

A simple algorithm for the detection of non-convulsive
seizure has been proposed in this study. While at
preliminary stage, this algorithm achieved high accuracy of
seizures detection. A small database was used for testing
the performance of the proposed technique. In future larger
database will be used to validate the performance.

Table 1 Result obtained for each patient
Patient

Sensitivity

Specificity

Accuracy

1

100

100

100

2

100

83.33

91.66

3

100

100

100

Average

100

94.44

97.22

Fig. 5: Normal data at 11:08:23 a.m. detected as seizure
and produce false positive.

M. Hussain, G. J. horn and M.P. Jacobson, “Nonconvulsive status epilepticus: usefulness of clinical
features in selecting patients for urgent EEG,” J Neurol
Neurosurg Psychiatry, 2003, pp. 189-191.
[2] R. Nandhagopal, “Generalised convulsive status
epilepticus: an overview,” Psotgra Med J, 2006, pp.
723-732.
[3] F. W. Drislane, “Presentation, evaluation and
treatment of nonconvulsive status epilepticus,”
Epilepsy & Behaviour1, 2000, pp. 301-314.
[4] D.M.Treiman and M.C. Walker, “Treatment of seizure
emergencies: convulsive and non-convulsive status
epilepticus,” Epilepsy Research, 68S, 2006, S77-S82.
[5] A.G. Correa, E.Laciar, L.Orosco, M.E. Gomez, and
R.Otoya, R.Jane, “An energy based-detection
algorithm of epileptic seizures in EEG records,”
Annual Int. Cof. of IEEE EMBS, USA, Sept. 2-6,
2009, pp. 1384-1387.
[6] S.Vukkadal, S .Vijayalakshmi, and S. Vijayapriya,
“Automated detection of epileptic EEG using
approximate entropy in Elman networks,” Int. Journal
of Recent Trends in Engg., Vol 1, No.1, May 2009, pp.
307-312.
[7] H. R. Mohseni, A. Maghsoudi and M. B. Shamsollahi,
“Seizure detection in EEG signals: a comparision of
different approaches,” Int. Conf.of the IEEE EMBS,
2006, pp. 6724-6727.
[8] M. Bedeeuzzaman, O. Farooq and Y. U. Khan,
“Dispersion measures and entropy for seizure
detection,” ICASSP 2011, IEEE Int. Conf., 22-27
May, 2011, pp. 673-676.
[9] M. Bedeeuzzaman, O. Farooq and Y. U. Khan,
“Automatic seizure detection using inter quartile
range,” Int. Conf. of Comp. Application (0975-8887) ,
2012. Vol. 44, Number 11, pp. 1-5.
[10] Jacquin, E. Causevic and E. R. John, “Automatic
identification of spike–wave events and nonconvulsive seizures with a reduced set of electrodes,”
Proc. of IEEE EMBS Int. Conf., 2007, pp. 1923-1931.
[11] G. R. Minasyan, J. B. Chatten and R. N. Harner,
“Detection of epileptiform activity in unresponsive
patients using ANN,” Proc. of Int. Joint Conf. on
Neural Networks, 2009, pp. 2117-2124.

♦ 230 ♦

Autonomous UAV (Unmanned Aerial Vehicle) for
Navigation & Surveillance Purposes
Chetan Khemraj1, Gaurav Srivastava2, Ashish Srivastava3, Jitendra Kumar4
1,2,3,4

1

Electrical & Electronics Engineering, ABES Institute of Technology, Ghaziabad, India
chetan_khemraj@abesit.in, 2gauravgizmo007@gmail.com, 3jitendra.kumar@abesit.in, 4sri.ashish103@gmail.com

Abstract: Helicopters are complex, high performance
machines designed to ensure the safety of their occupants
during their expected lifetimes. development, with the
military expressing much interest in such systems. The
system developed here uses data from three sensors to
monitor the condition of a radio-controlled helicpter. Data
from the sensors is transmitted to a microcontroller, where
it is processed before being transferred to actuators and
eventually to a computer for storage and visualization. The
system must fulfill several requirements imposed by the
constraints of the radio-controlled helicopter, mainly small
size and low power usage, while still being powerful
enough to perform processing on sensor data with onboard processing. The system is able to communicate with
two different types of sensors, an inertial measurement unit
and global positioning satellite receiver, perform
calculations of statistics, and transmit the processed data
reliably to a computer, where it is displayed in a custom
graphical interface.

1. INTRODUCTION
The objective of this Project is to demonstrate that one can
develop a small scale autonomous vehicle having many
interesting applications without designing custom
electronics for it. The hardware used should be inexpensive
and readily available in the market. By attempting to focus
on a single rotor helicopter I want to prove that making it
autonomous would bring a lot more exciting applications to
small scale UAVs, which include search, surveillance and
inexpensive traffic monitoring etc. Make it large and it can
be used to rescue an injured person or a person in a life
threatening situation like someone stuck on a cliff or in
woods where other UAVs fail.
A more frequent utilization would be to transport stuff
from one location to other. Our system is made from the
mechanical prototype, CPU, IMU and sensors. We
outrunner brushless motors. There are four types of servo
motors i.e. aileron servo, elevator servo,pitch and rudder
servo which is used for cyclic ,collective And tail rotor
pitch control respectively. I would also recommend some
modifications in the mechanical structure of the helicopter
that I think can be useful for prototyping of the vehicle.

2. INERTIAL MEASURMENT UNIT
An inertial measurement unit (IMU) is a sensor that is used
to measure linear acceleration and orientation (roll, pitch
and yaw angles and rates). Linear acceleration is measured
with the use of a set of 3 accelerometers that are placed
orthogonally to one another and the orientation is measured
using a gyroscope. Since accelerometers give us
acceleration of the object they are mounted on. Linear
velocity can be found by differentiating their readings.
These are important to accurately determine the location
and stability of robot.The IMU has three sensors a single
axis gyro (LY530AL), a double axis gyro (LPR530AL),
and a triple axis accelerometer (MMA7260Q). The outputs
of all sensors are processed by an on-board Atmega328 and
are sent out over a serial interface. The board comes preprogrammed with the 16MHz Atmega328 and has a
firmware that checks all of the on-board sensors and if
those are in a working condition at that particular time to
produce outputs, displays output serially. For observing
raw sensor data we can simply connect to the serial Tx and
Rx pins with a 3.3 volts FTDI Basic Breakout board. Using
any terminal program we can interact with the firmware to
see the data from any particular sensor or all of them at the
same time.

A. Accelerometer
Accelerometers can be used for both speed and heading
estimation. Accelerometers provide a direct measurement
of acceleration, or force, in one direction.An accelerometer
typically measures the acceleration of the platform due to
forces acting on it . Ideally, by using only the two
accelerometers, one may determine 2-dimensional position
at any given time. However, several problems arise when
trying to do this. Accelerometers usually measure more
than what we actually want to measure. The output signal
is composed of a zero-frequency (DC) component, a lowfrequency component and a high-frequency component.
The zero-frequency component of the output signal is due
to any offset in the signal which is intended in the design of
the accelerometer signal plus an offset due to any slight
misalignment in mounting or tilt of the vehicle. The highfrequency component is due to vibrations in the vehicle,
which is undesired in the signal. Fortunately, passive
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analog filtering can usually take out the high-frequency
component, once a cut-off frequency has been determined.
The zero-frequency component must be taken care of in the
navigation algorithm as a center point of the accelerometer.
In the ideal case, we want only the component of the signal
that is due to the movement of the platform. Another
consideration in using accelerometers is that for
determining heading, one must first know angular velocity.
Acceleration normal (perpendicular) to the direction of
motion relates speed and angular velocity. Thus, speed
must be known to determine angular velocity and heading.
There are a couple substantial benefits to using
accelerometers, however. First, accelerometers can be
purchased in a single chip package, making them very
small and cheap. Second, accelerometers are capable of
measuring Distance without any attachments to the vehicle
itself. In the design of a self-contained INS package, with
no external encoder or tachometer attachment,
accelerometers are the only choice.

B. Gyroscope
Gyroscopes have advanced significantly in the last several
years, and are a favourite for inertial navigation systems.
Gyroscopes, like accelerometers, require no signal
attachments directly to the vehicle. Unlike accelerometers,
however, gyroscopes always output a signal proportional to
angular velocity, independent of the speed of the vehicle.
In the case of using an accelerometer, speed was needed to
determine angular velocity. This meant that any error in the
speed measurement would be magnified in the overall
position estimate. This problem does not occur when using
gyroscopes.
Some problems are apparent with gyroscopes, like other
INS devices, changes in temperature or humidity can cause
the operating parameters of a gyroscope to change slightly,
which will introduce heading and position errors over time.

C. Arduino
The Arduino is both an open source electronics platform
and and an open source environment. The Arduino
environment is used to program Arduino electronics
platform which is basically a breakout board for specific
Atmel microcontroller.
This board can be directly programmed using the Arduino
programming language (based on Wiring) and the Arduino
development environment (based on Processing). Arduino
projects can be stand-alone or they can communicate with
software running on a computer .Here I will discuss
particular type of Arduino boards that are used in my
system:

D. Arduino Duemilanove
The Arduino Duemilanove (2009) is an Atmega168 or
Atmega328 based micro-controller board.`Duemilanove'
means 2009 in Italian and is named after the year of its
release. The Duemilanove is the latest in the series of USB.
Summary
Microcontroller: Atmega328
Operating Voltage: 5 volts
Input Voltage (recommended): 7-12 volts
Input Voltage (limits): 6-20 volts
Digital I/O Pins: 14 (6 PWM)
Analog Input Pins: 6
DC Current per I/O Pin: 40 mA
DC Current for 3.3V Pin: 50 mA
Flash Memory: 32 KB (Atmega328)
SRAM: 2 KB (Atmega328)
EEPROM: 1 KB (Atmega328)
Clock Speed: 16 MHz

3. KALMAN FILTER
The Kalman filter, also known as linear quadratic
estimation (LQE), is an algorithm which uses a series of
measurements observed over time, containing noise
(random variations) and other inaccuracies, and produces
estimates of unknown variables that tend to be more
precise than those that would be based on a single
measurement alone. More formally, the Kalman filter
operates recursively on streams of noisy input data to
produce a statistically optimal estimate of the underlying
system state. The filter is named for Rudolf (Rudy) E.
Kálmán, one of the primary developers of its theory. The
Kalman filter has numerous applications in technology. A
common application is for guidance, navigation and control
of vehicles, particularly aircraft and spacecraft.
Furthermore, the Kalman filter is a widely applied concept
in time series analysis used in fields such as signal
processing and econometrics.The algorithm works in a
two-step process: in the prediction step, the Kalman filter
produces estimates of the current state variables, along with
their uncertainties. Once the outcome of the next
measurement (necessarily corrupted with some amount of
error, including random noise) is observed, these estimates
are updated using a weighted average, with more weight
being given to estimates with higher certainty. Because of
the algorithm's recursive nature, it can run in real time
using only the present input measurements and the
previously calculated state; no additional past information
is required. In order to use a Kalman filter to remove noise
from a signal, the process that we are measuring must be
able to be described by a linear system. Many physical
processes, such as a vehicle driving along a road, a satellite
orbiting the earth, a motor shaft driven by winding
currents, or a sinusoidal radio-frequency carrier signal, can
be approximated as linear systems. A linear system is
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simply a process that can be described by the following two
equations:
State-equation:
Xk+1 = Axk + Buk + wk
Output equation:
Yk = Cxk + zk
In the above equations A, B, and C are matrices; k is the
time index; x is called the state of the system; u is a known
input to the system; y is the measured output; and w and z
are the noise. The variable w is called the process noise,
and z is called the measurement noise. Each of these
quantities are (in general) vectors and therefore contain
more than one element.The vector x contains all of the
information about the present state of the system, but we
cannot measure x directly. Instead we measure y, which is a
function of x that is corrupted by the noise z. We can use y
to help us obtain an estimate of x, but we cannot
necessarily take the information from y at face value
because it is corrupted by noise. The measurement is like a
politician. We can use the information that it presents to a
certain extent, but we cannot afford to grant it our total
trust.
For example, suppose we want to model a vehicle going in
a straight line. We can say that the state consists of the
vehicle position p and velocity v. The input u is the
commanded acceleration and the output y is the measured
position. Let’s say that we are able to change the
acceleration and measure the position every T seconds. In
this case, elementary laws of physics say that the velocity v
will be governed by the following equation:
Vk+1 = vk + Tuk
That is, the velocity one time-step from now (T seconds
from now) will be equal to the present velocity plus the
commanded acceleration multiplied by T. But the previous
equation does not give a precise value for vk+1. Instead, the
velocity will be perturbed by noise due to gusts of wind,
potholes, and other unfortunate realities. The velocity noise
is a random variable that changes with time. So a more
realistic equation for v would be:
vk+1 = vk + Tuk + vk~
where vk~ is the velocity noise. A similar equation can be
derived for the position p:
pk+1 = pk + Tvk + 1/2T2uk + pk~
where pk~ is the position noise. Now we can define a state
vector x that consists of position and velocity:
xk = p k
vk

Finally, knowing that the measured output is equal to the
position, we can write our linear system equations as
follows:
1 T
T2/2
Xk+1 = 0

1 XK + T

YK = 1

0 XK + ZK

UK + WK

ZK is the measurement noise due to such things as
instrumentation errors. If we want to control the vehicle
with some sort of feedback system, we need an accurate
estimate of the position p and the velocity v. In other
words, we need a way to estimate the state x. This is where
the Kalman filter comes in.

4. CONCLUSION
As a result we have designed an low cost Inertial
Measurement System (IMU) to make our system
autonomous for navigation and surveillance purposes. We
have done modifications in the mechanical structure of the
helicopter that we think were useful for prototyping of this
system.
5.
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Abstract: A low power and low-voltage super-regenerative
receiver operating at 60 GHz and implemented in 180-nm
CMOS technology is described. The receiver includes a
low noise amplifier, a super-regenerative oscillator, an
envelope detector. The receiver uses the simplicity and
power
efficiency
architecture
for
short-range
communication. The power consumption of superregenerative receiver is 2.194-mW at supply voltage of 1 V.
Keywords: CMOS, Low noise amplifier, Superregenerative Oscillator, Low power, ON-OFF keying
modulation, CADENCE Virtuoso.

1. INTRODUCTION
Super-regenerative receivers (SRR) have been used for
many decades, after invented by Edwin Armstrong in 1922
[1].This type of receiver holds the edge in high gain,
simplicity, low cost, low power consumption and small
size area. Hence, the SRR architecture has more attractive
to short-distance micro-power communications, comparing
to classical solutions, such as the super-heterodyne, the low
intermediate or direct conversion receivers.
The unlicensed 60 GHz millimeter-wave band has the
potential for short-range applications such as the wireless
data transfer between hard disks, storage devices, MP3
players and high definition video receivers. In this paper,
we demonstrated a high data rate ON-OFF keying (OOK)
modulation super-regenerative receiver at 60 GHz using
the 180-nm CMOS technology. The 180-nm low power
CMOS provides 1P9M process and exhibits a unit current
gain frequency of (+û ) 150 GHz and a maximum oscillator
frequency (+|Ï ) of 150 GHz. The approach is based on the
basic SRR configuration while using a half power
reduction oscillator as the SRO [5]. This current-reuse LCVCO was used to get low phase noise and low power
consumption. The proposed receiver was a realistic
configuration
for
short-distance
communication
applications.
Figure 1 depicts the typical block diagram of superregenerative receiver
including
super-regenerative
oscillator (SRO) and Low noise amplifier (LNA) [2]-[4].

The core of the diagram is the super-regenerative oscillator
which is controlled by a low frequency quench oscillator.
The quench oscillator is controlling the loop gain of the
SRO and then making the closed-loop system alternatively
stable and unstable. Therefore, the SRO periodically starts
up and shuts off which is called “quenching”. The primary
function of LNA is reduced the RF leakage of the
oscillation signal and provided an input matching network
to the antenna. In normal operation, incoming RF signal is
amplified by the LNA, and then directly injected onto the
oscillatory nodes of the SRO. The presence of LNA can
improve overall system performance in terms of noise.

2. BASIC THEORY OF SUPERREGENERATION
Super-regeneration is best understood by studying the
parallel resonant tank which forms the core of a resonant
oscillator, as shown if Fig. 2. The resonant tank consist of
an inductor L, a capacitor C, and a shunt conductance Q % . Here Q represents the parasitic loss of the resonant
circuit while -% represents the negative conductance
provided by active devices. The active devices compensate
for loss in the tank, and the overall conductance G = Q % can be either positive or negative depending on the
energy supplied by the active devices. An injected input
signal is modelled by a sinusoidal current source Asin.
Summing the currents in Fig. 2, we have
¿ Ùû +GV + ,  / = ¡ sin .
Ù



(1)

Solving for V, the complete solution of the voltage across
the tank can be written as
 = = %∝û  = ¦0û + ' = %¦0û  +

ë RP ¦ûQ ∅
  Q ¦ì%/¦ 

(2)

Where the damping factor,∝ = /2¿, is directly
proportional to the conductance G and the damping
frequency,
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1
 −   = I' − ∝'
¿
2¿
The first term in (2) is a transient oscillation at frequency
Ù with the damping factor ∝, representing the free
response, and does not depend on the injected signal. If G
is positive, the active device does not provide enough
energy to compensate for all the loss in the tank so that the
free oscillation dies out and only for second term, which
represents the forced response to the injected signal,
remains. On the other hand, if G is negative, the active
device provides more energy than is dissipated in the
resonant circuit, building up a free oscillation from an
initial voltage. This special case is termed superregeneration.
Ù = (

In order to detect the injected signal, we first make the
conductance G positive, letting the free oscillation die out,
and then change the conductance G from positive to
negative. Thus, the initial voltage, at the moment that the
total conductance turns negative, is solely determined by
the forced response (i.e., the second term of (2)), which is
proportional to the strength of the injected signal. Since the
free oscillation begins from an initial voltage and its
amplitude tends to grow towards infinity, this is a very
effective way to achieve amplification. Once a free
oscillation starts, the oscillation amplitude tends to grow
regardless of the injected signal, and therefore to amplify
and detect any subsequent input samples, it is necessary to
reset any oscillation by periodically alternating the total
conductance from negative to positive. Since an LC tank
always has a certain positive conductance due to loss
(i.e.,Q ), we only have to control the negative conductance
−% to vary the sign and value of the overall conductance.
The value of the negative conductance is controlled by the
quench signal. The rate at which we alternate the total
conductance is called the quench frequency.
From the above discussion, we can draw the following
conclusions.
1) Amplification is achieved through the reinforcement
of the free oscillation and this growth in oscillation
amplitude requires time to build up. In order to
achieve a larger gain, (represented by = %∝û in (2)), we
either have to spend more time operating in superregeneration or increase by increasing the absolute
value of the negative conductance.
2) The initial voltage of the free oscillation is
proportional to the strength of the injected signal.
Thus, it is straightforward to use super-regeneration
to detect amplitude modulated (AM) signals.
3) The system does not continuously respond to the
injected signal; it only responds as the conductance
turns negative. Therefore, a super-regenerative
receiver is a sampling system that samples the

incoming RF signal with a sampling frequency equal
to the quench frequency.
One major limitation of the super-regenerative technique is
poor frequency selectivity, since an injected signal at any
frequency might cause a free oscillation. However, since
the free oscillation in super-regeneration starts with an
amplitude determined by the forced response, which has a
band-pass characteristic (second term in (2)), the system
can inherently provide a band-pass frequency response.
Without active devices, the quality factor of the resonant
tank is
=





ú  /ì

(3)

An on-chip LC tank normally has a quality factor of 10 or
less and, therefore, offers poor frequency selectivity.
However, we can significantly improve frequency
selectivity through Q -enhancement. As shown in Fig. 3, Q
-enhancement is achieved by using the negative
conductance % to cancel some of the positive conductance
Q , while keeping the overall conductance G positive. The
resulting enhanced Q can be expressed as [6]
w5 =





ú %ð  /ì

(4)

In summary, we first operate the circuit as a Q-enhanced
band-pass filter to select the band of interest. Next, we
increase the negative conductance to achieve superregeneration and amplify the selected signal. The initial
condition for super-regeneration is set at the moment when
the overall conductance turns negative. Therefore, by
periodically controlling the negative conductance,
operating the circuit first in the Q-enhanced mode and then
in the super-regenerative mode, we detect the signal
sampled at the quench frequency.
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Fig. 1: Super-regenerative receiver block diagram and
receiver circuit schematic [1].
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Fig. 2: Parallel resonant circuit representing an SRO
[3]

Fig. 3 Plot of impedance versus frequency with and
without Q-enhancement [3].

Fig. 5 Simulated Noise response of SRO

3. RECEIVER ARCHITECTURE
A. Super-regenerative Oscillator

Fig. 4 Simulated Transient response and spectral power
wave of SRO

The proposed SRO is based on the current-reuse
differential LC oscillator which is first published in [5].
Figure 1 shows the circuit topology including an LC tank
and two transistors M3 and M5. A 0.21 nH inductance and
9 fF capacitance are used in the tank and gate width of
cross coupled pair are 180 µm and 240µm, respectively.
Unlike the conventional VCO where the cross-coupled
pairs switch alternatively, the transistors M3 and M5
switch on and off at the same time without common-source
node. Therefore, this VCO is inherently immune to phase
noise degradation causing by second harmonic terms.
Moreover, the PMOS transistor M5 in the cross-connected
pair helps to reduce the phase noise due to lower flicker
noise and hot carrier effects [6]. Here, we used this
topology and added a current source (consists of M4 an
M2) which is modulated by the quench signal. The dc bias
is 0.2 V while providing a 0.4 V peak-to-peak sinusoidal ac
signal. Since threshold voltage of M2 is 405.5 mV, the tail
current is directly modulated by the quench signals. The
damping rate of the resonator is equal to the quench
frequency. From the simulation results, the current source
can be modulated up to 1 GHz. However, the describing
500 MHz data rate is a compromise between sensitivity and
low current consumption.
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B. Low Noise Amplifier
A cascode with source degenerated configuration is used in
the LNA as shown in Figure 1. The LNA serves as a buffer
between the antenna and oscillator. The input matching
network is used to convert the impedance from antenna. In
this case, we assumed a 50 ohms load at the input and the
lumped elements  ,  provide matching for optimum
noise figure and impedance matching. Since the LNA is
directly connected to oscillator, the output network (ª
and ¿) is a conjugate matching of the impedance looking
into the oscillator. Moreover, the cascode configuration
presents a high impedance to the oscillator preventing the
load effect of the current source. Figure 6 shows the
proposed test-bench of LNA,

Using an LNA, the effect of noise from subsequent stages
of the receive chain is reduced by the gain of the LNA,
while the noise of the LNA itself is injected directly into
the received signal. Thus, it is necessary for an LNA to
boost the desired signal power while adding as little noise
and distortion as possible, so that the retrieval of this signal
is possible in the later stages in the system. A good LNA
has a low NF (like 1dB), a large enough gain (like 20dB)
and should have large enough inter-modulation and
compression point (IP3 and P1dB). Further criteria are
operating bandwidth, gain flatness, stability and input and
output voltage standing wave ratio (VSWR).

Fig. 7: Simulated LNA small-signal gain

Fig. 6 Test-bench of LNA
It describe simulated parameter which are important in
design and verification of LNA,s
Low-noise amplifier (LNA) is an electronic amplifier used
to amplify possibly very weak signals (for example,
captured by an antenna). It is usually located very close to
the detection device to reduce losses in the feed-line. This
active antenna arrangement is frequently used in
microwave systems like GPS, because coaxial cable feedline is very lossy at microwave frequencies, e.g. a loss of
10% coming from few meters of cable would cause a 10%
degradation of the signal-to-noise ratio (SNR).
An LNA is a key component which is placed at the frontend of a radio receiver circuit. Per Friis' formula, the
overall noise figure (NF) of the receiver's front-end is
dominated by the first few stages (or even the first stage
only).
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Fig. 11: LNA outport reflection coefficient simulation
result

Fig. 9: LNA small signal stability simulation result.
Table II
Performance Comparison [1]

Reference
Tanomura
[7]
Sasaki [8]
Zheng [9]
Lee [10]
This work

Technology
(nm)
CMOS 90

Frequency
2.4 GHz

DC Power
(mW)
206

CMOS 180
CMOS 180
CMOS 90
CMOS 180

UBW
UWB
UWB
60 GHz

11
137
35.8
2.194

Fig. 12: LNA Reverse power gain simulation result

Fig. 10: LNA input port reflection coefficient simulation
result.
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¶ = %|
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And third one is available power gain, GA is the ratio
between the power available from the network and the
power from the source.
ë = |' |'
%|




 |

(7)

Fig. 8 shows the LNA noise figure simulation result which
is 7 dB at 4.7 GHz. Fig. 9 shows LNA small signal stability
simulation result, Fig.10 and 11 shows LNA input and
output port reflection coefficient simulation result
respectively.

4. RECEIVER SIMULATION RESULTS
The simulated setup environment is according to the
prototype receiver showing in Figure 1.
Fig. 14: LNA Voltage gain and Harmonic distortion
simulation result

Fig. 15: LNA third-order intercept simulation result

Fig. 16: Super-regenerative receiver output

Fig. 7 shows simulated LNA small-signal gain , there are
three power gain are commonly used in LNA design. GT,
Transducer power gain which is the ratio between the
power delivered to the load and the power available from
the source.

Since the proposed receiver is an open loop architecture,
the manual signal align is used for achieving higher data
rate. Figure 15 illustrated the transient response of the
super-regenerative receiver. The first waveform is a 12
MHz input signals with a 60 GHz carry frequency. The
SOR was operated in a critical region as a detector. While
SRO detects the sequent input signals then starts to
damping. The second last is output waveform for baseband
processor. After detecting from SRO, an ideal envelope
detector is proposed to demodulate the data to the
baseband.

Å = |' |'

(5)

Second one is operating power gain, Gp is the ratio
between the power delivered to the load and the power
input to the network.
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[4]

[5]

[6]
[7]
Fig. 17: Super-regenerative receiver DC Power
simulation result
Figure 15 shows the DC Power of the super-regenerative
receiver. Note that, in order to obtain a synchronous
receiver providing the manual time delay (i.e 3.4 nano
seconds) in simulation is need. However, the close loop
receiver architecture is a general solution for achieving
synchronous [3]- [4].The core of super-regenerative
receiver is the SRO and SRO is a sensitive and a critical
operation circuit. Therefore, the topology selection and
operation knowledge of SRO are the key points in the
super-regenerative receiver design. Table I summarizes the
main features of the receiver [1].

[8]

[9]

[10]

5. CONCLSION
A high data rate low power CMOS super-regenerative
receiver was proposed in this paper. The simple
architecture was suitable for low-cost, low power and
short-range wireless communication. In this work, we
demonstrated a compatible low-power performance. The
proposed receiver architecture can be operated at higher
data rates in the simulation results. However, noise figure
increases progressively 12 dBm due to the hangover
limitations. The current design successfully simulated an
unlicensed 60 GHz super-regenerative receiver with an
excellent tradeoff between sensitivity, data rate and power
consumption [1]. The receiver can be further realized in the
future works.

[11]

[12]

[13]

[14]
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Abstract: Distillation columns are important unit
operations in chemical process plants. This paper reviews
advance control techniques of modeling and simulation of
distillation columns. The aim of this paper is the advance
control design of the distillation column for separation of
binary mixture. Advance control strategy is effective for
systems that have large time constants and disturbances
and advance control strategy is fit for a system that lacks
an accurate model. It aims at providing simple
recommendations to assist the engineer in designing
control systems for distillation columns. The standard LVconfiguration for level control combined with a fast
temperature loop is recommended for most columns. The
response to change in feed composition has larger gain
than the response to change in feed flow rate. The paper
also compares the simulation results with some of other
works.
Keywords: Binary Distillation Column, Fundamental
Modeling, Simulation.

1. INTRODUCTION
A Distributed Control System (DCS) is an enabling
technology that provides a platform for further
improvement to realize greater benefits from the Unit. It
also serves to facilitate further process and operational
improvement that is otherwise limited by the
nonavailability of technology that is mature and easy to
use.
With Advanced Process Control, the DCS is able to push
the process to a higher level of productivity, and is able to
deliver bottom line improvement. Currently gaining
popularity in the process industry is Multi-Variable Model
Predictive Control Technology. Experts unanimously agree
that APC is able to deliver sustainable measurable benefits
simply by stabilizing the plant to yield consistent quality
products. The logic for this is that control strategies should
be developed with an understanding of the process and its
nuances; the control system on which the APC would sit;
the need for integration with wider plant objectives, as well
as a knowledge of base layer control loops. It is also
important to consistently translate economic objectives into
operating objectives. APC allows for companies to operate
its facilities with greater safety, cost effectiveness,
reliability, and compliance with environmental factors.
When jointly used with other unit-operation optimization
technologies, APC can prove to be extremely beneficial.

Optimization is not a one-time event, it has to be a
continuous effort to enhance operating performance in
ever-changing conditions. The attraction of adopting a
model based approach to controller development is
illustrated in the block diagram shown in Figure 1.

Fig. 1: Ideal Model Based Control
By implementing advanced control, benefits ranging from
2% to 6% of operating costs have been quoted [Anderson,
1992].These benefits are clearly enormous and are
achieved by reducing process variability, hence allowing
plants to be operated to their designed capacity. Advanced
control comes into play from the level of basic control
through that of process optimization. Instead of having the
operators manually adjust control units for specific
variables, advanced systems provide generalized models
that automate regulatory and constraint control as well as
process optimization. In regulatory control single loop
feedback improvements such as feed forward, cascade
control can be used to supplement PID algorithms. Time
delay compensation techniques can also be applied to
compensate for long delays permitting tighter control. At
the level of constraint control, multivariable techniques can
be used.
Advanced control technology is therefore a combination of:
•

Advanced hardware (on line sensors, pneumatic or
electronic analog with digital systems, computer
hardware and digital control units)

•

Advanced control algorithms at the regulatory,
constrained and optimization levels.

In order to control a distillation column, the first step is to
develop a model of the column. By modeling we can
understand the behaviour of the column, predict future
reaction and therefore devise a control structure for the
column. This paper reviews some important techniques in
distillation column modeling and then describes a model
for a lab-scale binary continuous distillation column.
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The paper is organized as follows. A review of advance
process control in part I, modeling of continuous
distillations is presented in part II, the modeling of our
distillation column is detailed in part III, the simulation
results are shown in part IV, and the conclusion and future
work are presented in part V of this paper.

2. THE DISTILLATION COLUMN

between the variables. The interactions occurring between
the inputs and the outputs are difficult to identify. The
disturbances to a distillation column can come from many
sources. They can come from the feed (feed flow rate, feed
composition), from the pressure inside the column, from
the cooling water etc. These difficulties pose numerous
challenging control problems and also attract a large
number of researchers from different disciplines.

Distillation column is considered one of the most important
unit operations in chemical engineering, and also the most
studied unit operations in terms of control. A distillation
column is used to separate a mixture into its components by
the application and removal of heat. It consumes a huge
amount of energy in both heating and cooling operations.
There are many types of distillation columns based on
different classifications such as: batch, continuous, binary,
multiproduct, tray, packed. In this paper we focus on
continuous binary distillation columns since continuous
columns are dominant in industry and binary columns are
usually referred to as a foundation by the researchers when
they examine other types of distillation columns.

Fig. 2. Distillation process input and output variables.
A simple two-product continuous distillation column is
shown in Fig .3 .The column has N stages on which the
vapour-liquid equilibriums occur. The feed enters the
column on the stage NF. This stage divides the column into
a rectifying section and a stripping section. Near the bottom
of the column is a reboiler which provides energy to the
column. The mixture is heated to form a flow of vapour
rising up inside the column. In the stripping section, the
less volatile component is enriched while in the rectifying
section the more volatile component is enriched. The top
product is condensed by the condenser from which there is
a reflux flow back to the top of the column to enhance the
purity of the product.
The difficulties in controlling distillation columns lie in
their highly nonlinear characteristics; their multiple inputs
multiple outputs (MIMO) structure and the presence of
severe disturbances during operation. The nonlinearity of
distillation columns is well known. It has been shown that
the purer the products get, the more nonlinear the system
becomes. A distillation column is also a typical example
for an MIMO system in which there are strong interactions

Fig. 3: A Two-product Distillation Column

3. MODELING OF CONTINUOUS
DISTILLATION COLUMNS
Modeling of distillation columns is often classified into
three groups: fundamental modeling, empirical modeling
and hybrid modeling. In fundamental modeling, the model
is constructed based on the physical properties of the
system, such as the preservation of mass, energy and
momentum. And depending on the levels of accuracy of the
assumptions we will have different models ranging from
simple to rigorous models. This method of modeling has
the advantage of global validity, accuracy and it gives more
complete process understanding. However, this method is
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quite complex for controller design with huge amount of
computation and simplifications are often needed. The
empirical modeling (sometimes called the black-box
modeling) utilizes the input and output data from the
operation of the column to build the relationship between
the input and the output. With this method we do not need
to understand the inner dynamics of the column, and the
computation can be reduced. But in using this method we
have to carry out experiments on the real column, and the
results may not be applied for other column, even the
results from one column can be different if the column’s
conditions are different between the experiment and the
actual operation of the column. The hybrid modeling (or
the ‘grey-box’ model) combines the fundamental modeling
and the empirical modeling. This method utilizes the
advantages of the other two, but in order to do that we need
a well-structured model in which we have to decide which
part of the model to use fundamental technique and which
part to use empirical data. In our project we will focus
mainly on the fundamental modeling, even though the
empirical model is dominantly used in the industry. The
reason is that we want to understand the dynamics of the
distillation columns, and since the black-box model “may
not be used to predict the behaviour of the system at other
operating conditions”.

4. MODELING OF THE APC

The paper summarized the simplifications of the rigorous
model since no references had been found on solving all
the equations of the rigorous model. The simplifications are
aimed to the vapour dynamics, to the energy balance and to
the liquid flow dynamics. The paper recommends not
neglecting liquid dynamics (i.e. not assuming constant
liquid holdups) due to the fact that the initial response, an
important factor in feedback control, is largely affected by
the liquid holdups.

d

Abdulla et al. have done a quite complete review on the
recent nonlinear modeling applications in continuous
distillation column. The summary states that the empirical
modeling has been preferred in industry because of its
simplicity compared to the fundamental model; and the
current development focuses on hybrid models, which can
exploit the advantages of both fundamental model and
empirical model; and that the neural network method is
used the most to combine with the fundamental model in
empirical modeling.In the case of fundamental modeling,
the model is often simulated to understand the column’s
dynamic behaviour. The development of distillation
column’s simulation has been going along with the growth
of computing capacity. As of 1930s and 1940s only
graphical methods and simple short-cut models were used
to get insights of the steady-state behaviour of the
distillation columns. The fast-growing of computing power
has allowed the use of more complex and rigorous models.
Computer programming and the numerical methods to
solve the differential equations play an important role.

The APC (Advanced Process Control) column is a pilot
distillation column that has 15 trays and equipped with a
DCS control system. The feed is positioned at tray 7. The
model is developed based on a model. In the model the
following assumptions are made:
1.

Binary mixture,
components

the

feed

contains

only

two

2.

The pressure inside the column is fixed by controlling
the cooling water

3.

Constant relative volatility, α = 1.5

4.

Constant molar flows

5.

No vapour holdup, the vapour holdup on each tray is
negligible

6.

Linear liquid dynamics

7.

Equilibrium on all stages

8.

Total condenser, there is no vapour holdup in the
condenser

The total material balance equation on stage i is:
(1)
L + V
V
−
−
i
i+1
i
i
−
1
i
dt
where Mi is the liquid holdup on tray i, Li and Vi are the
liquid flow rate and vapor flow rate that come towards tray
i.
M =L

The material balance for the light component on tray i is:
( Mi xi )= Li+1xi+1 − Li xi + Vi−1 yi−1 − Vi yi
(2)
dt
where xi and yi is the composition of the light component
and heavy component on tray i respectively.
d

At the feed stage (NF=7) we have:
d
dt M NF = LNF +1 − LNF + VNF −1 − VNF + F (3)
and
d (M NF xNF )= LNF +1xNF +1 − LNF xNF + VNF −1 yNF −(4)

dt
− VNF yNF − 1 + FzF

in which F is the feed flow rate and zF is the concentration
of the light component in the feed.
The reboiler is also an equilibrium stage with i=1:
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gain) are determined and loaded in controller. Using these
model parameters, the two controlled variables (reflux flow
and bottom product flow) are computed and sent at each
sampling instant to the process.

(7)

The dynamic system behaviour analysis consisted of
modifying the compositions set point, the disturbances and
the controllers tuning parameters. (figures 4 to 7)

At the condenser we have i = NT = 16 and
Ù

ÙÏ

MNT = VNT-1 - LNT - D

Ù

MNT ,.Å = VNT-1 .Å% − LNT xNT - D,.Å (8) Where B
is the bottom product flow rate and D is the distillate
product flow rate. The composition of the heavy
component is related to the composition of the light
component via the relative volatility formula:
ÙÏ

¤ =

∝Ï§

Q∝%Ï§

(9)

The liquid flow dynamics is considered due to its important
effect on the initial response of the column. The formulas
for the liquid holdup are:
Li = Lob +

Li = Lo +

§ð 61§
U

§ð 61§
U

+ ¤% − ) ) λ

(10)

+ ¤% − )û ) λ

(11)

For top composition advance controller has the following
default simulation parameters:
• prediction horizon – is variable, and it is calculated
using the process model time constant T1.
• control variable time horizon – 30 sampling times;
• output weight (minimum value: 0, maximum value: 1);
• control variable weight – 0.2 (minimum value: 0,
maximum value: 1).

For i from NF+1 to NT-1.
where L0 is the nominal reflux flow and M0i is the nominal
reboiler holdup (kmol) on stage i. These values are
achieved after we do steady state simulation (see Table 1).
τ is the time constant for liquid dynamics, in this model it is
chosen to be 0.063 (min), and λ represents the effect of
vapor flow on liquid flow. In the simulation we ignore this
effect by setting λ = 0. L0b is the nominal liquid flow below
feed, given by the formula:
Lob = Lo + qFO Fo

Fig. 4: Top composition trend when the controller
setpoint increases from 0.89 mol. fr. to 0.92 mol. fr.

(12)

in which F0 = 1(kmol/min) is the nominal feed rate, qF0 = 1
is the nominal fraction of liquid in the feed.

5. SIMULATION RESULTS AND
DISCUSSION
Because the distillation process is a nonlinear one it is wise
to use a model based control structure, which can take
account of the process nonlinearities by changing the
process model according to the operating point. The
process is a nonlinear one, but represented as a reunion of
linear models one for each channel and operating point. At
each simulation initialization step the bottom and top
composition, the feed flow and composition are sent from
the process to the control structure, in MATLAB. Here,
using these data the model parameters (time constants and
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Fig.5: Top composition trend when the controller
setpoint increases from 0.89 mol. fr. to 0.92, control
variable time horizon is 25.

Advance Process Control of Binary Distillation Column

interactions and nonlinearities. The structure allows taking
into account dynamic variations of the process and
adapting the controller parameters to this various
conditions. Advance controllers achieved a accurate
performance in controlling the top and bottom
compositions and also in controlling the feed rate, top and
bottom rates. As can be seen from the presented trends, the
behaviour of the process with the control system was
studied for different values of the tuning parameters,
observing that a decreasing of the control variable horizon
or a decreasing of the control variable weight, from the
default values, can lead to an increasing of the transient
time. Also we can observe that the process output value
reaches the set point value with the best dynamic
performances for the default values of the tuning
parameters. The control system has a robust behaviour
when a disturbance appears in the process.
Fig.6: Top composition trend when the controller
setpoint increases from 0.89 mol. fr. to 0.92, control
variable weight is 0.7.
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This paper presents our experience in
implementing the Advanced Encryption Standard (AES)
algorithm. We have used 128 bit block size and 128 bit
cipher key for the implementation. The AES also known as
Rijndael algorithm is used to ensure security of
transmission channels. Xilinx project navigator design tool
is used for synthesis and Very high speed integrated circuit
hardware description language (VHDL) is used for coding.
The various results of device utilization and timing
summary of individual module on Spartan –III FPGA are
provided here. Also, when fully pipelined design was
implemented on Virtex 6 throughput of 49.3Gbits/s was
achieved.

Abstract:

2. ALGORITHM SPECIFICATION
The length of the input block, the output block and the
State is 128 bits. This is represented by Nb = 4, which
reflects the number of 32-bit words (number of columns) in
the State.For both its Cipher and Inverse Cipher, the AES
algorithm uses a round function that is composed of four
different byte-oriented transformations:
1)
2)
3)
4)

Keywords: AES, FPGA.

Byte substitution using a substitution table (S-box).
Shifting rows of the State array by different offsets.
Mixing the data within each column of the State
array.
Adding a Round Key to the State.

The whole algorithm is shown in Fig 1.

1. INTRODUCTION
Cryptography plays an important role in the security of
data. It enables us to store sensitive information or to
transmit it across insecure networks so that unauthorized
persons cannot read it. The urgency of secure exchange of
digital data resulted in large quantities of different
encryption algorithm (with public key algorithms) and
symmetric encryption algorithms (with private key
algorithms). Symmetric key algorithms are in general are
much faster to execute electronically than asymmetric key
algorithms. AES originated from the initiative of the
National Institute of Standards and Technology (NIST) in
1997 to select a new symmetric key encryption algorithm.
From the initial candidates, Rijndael algorithm was
selected as the Advanced Encryption Standard (AES) due
to combination of security, performance, efficiency, ease of
implementation and flexibility.
The algorithm is composed of three main parts: cipher,
inverse cipher and key expansion. Cipher converts data into
an unintelligible form called cipher text while Inverse
cipher converts data back into original form called plain
text. Key expansion generates a key schedule that is used in
cipher and inverse cipher procedure. Cipher and Inverse
cipher are composed of specific number of rounds. The
number of rounds to be performed during the execution of
of the algorithm depends on the key length.
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Fig. 1: Structure of AES Algorithm
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A. Sub Bytes ( ) Transformation
The Sub Bytes() transformation is a non-linear byte
substitution that operates independently on each byte of the
State using a substitution table (S-box).This S-bo is
invertible. S- box or the Sub bytes transformation mainly
consists of two sub steps:
a)

Multiplicative inverse of each and every byte over the
irreducible polynomial. (x8 + x4+ x3+x+1).

b)

Then apply affine transformation, which is defined
by:

Fig . 3: Shift Row Transformation

C. Mix Column ( ) Transformation
The MixColumns() transformation operates on the State
column-by-column, treating each column as a four-term
polynomial. This operates on four bytes or a word at a time
unlike other operations which operate on a byte. Here each
column is multiplied by a polynomial. The expansion of
this matrix is entirely based on the multiplication of
polynomial coefficient in G.F (28). The columns are
considered as polynomials over GF (28) and multiplied
modulo x4 + 1 with a fixed polynomial a(x), given by the
following equation

Fig. 2: illustrates the effect of the Sub Bytes()
transformation on the State.

a(x) = {03}x3 +{01}x2+{01}x +{02}.

Fig. 2: SubBytes() applies the S-box to each byte of the
State.

Fig.4. MixColumns() operates on the State column-bycolumn.

B. Shift Rows( ) Transformation
In the ShiftRows() transformation, the bytes in the last
three rows of the State are cyclically shifted over different
numbers of bytes (offsets). The first row, r = 0, is not
shifted the row [1] is shifted by one, row [2] is shifted by
two and row [3] by three. This is shown in Fig. 3.

D. Add Round Key( ) Transformation
In the AddRoundKey() transformation, a Round Key is
added to the State by a simple bitwise XOR operation. Each
Round Key consists of Nb words from the key expansion.
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Those Nb words are each added into the columns of the
State. Key Addition is the same for the decryption process.

E. Key Expansion
Each round key is a 4-word (128-bit) array generated as a
product of the previous round key, a constant that changes
each round, and a series of S-Box lookups for each 32-bit
word of the key. The Key schedule Expansion generates a
total of Nb (Nr + 1) words.
The decryption process is direct inverse of the encryption
process. All the transformations applied in encryption
process are inversely applied to this process. Hence the last
round values of both the data and key are first round inputs
for the decryption process and follows in decreasing order.

3. AES IMPLEMENTATION
In order to allow a full parallel process of the state, it is
necessary to implement all the transformations over 128
bits. The most expensive one is the Byte substitution,
because it is a table lookup operation, implemented as
ROM. Each 8 bits requires a 2048 bit ROM. To process
128 bits it is necessary 32768 bits. The Key Expansion uses
a Byte substitution operation over 32 bits also, so another
8192 bits should be allocated. The design and
implementation of AES Rijndael is developed by
optimizing each component.We have implemented the
AES algorithm on Spartan III (3s50pq208-4).
VHDL is used as the hardware description language
because of the flexibility to exchange among environments.
The code is pure VHDL that could easily be implemented
on other devices, without changing the design. The
software used for this work is Xilinx - Project Navigator.
This is used for writing, debugging and optimizing efforts,
and also for fitting, simulating and checking the
performance results using the simulation tools available on
ModelSim software.

Fig. 5 Waveform of Byte Substitution Transformation
The following Fig. 6 represents the waveforms generated
by the 128-bit Shift Row transformation. The inputs are
clock, Active High reset, and 128-bit state as a standard
logic vector, whose output is shifted as explained before.

Fig. 6 Waveform of Shift Row Transformation
Fig. 7 illustrate the waveforms generated by the 128-bit
Mix Columns transformation. The inputs are clock, Active
High reset, and 128-bit state.

4. RESULT
All the results are based on simulations from the Xilinx ISE
tools, using Test Bench Waveform Generator. All the
individual transformation of encryption are simulated using
FPGA Spartan –III family and 3s50pq208-4 device. The top
module results are shown on Virtex 6 FPGA and

6vlx75tff484-3 device.

A. Simulation Results
The following figure 5 shows the waveforms generated by
the 8-bit byte substitution transformation. The inputs are
clock, Active High reset, and 8-bit state as a standard logic
vector, whose output is 8-bit S-box lookup substitution.
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Fig. 8 represents the waveforms generated by the 128-bit
Key Expansion. The inputs are clock of 120ns time period,
Active High reset, round, and 128-bit state as a standard
logic vector, whose output is the 128-bit key for round one
is generated.

Fig. 8: Waveform of Key Expansion
The
fully
encrypted
waveform
using
3243F6A8885A308D313198A2E0370734
and
2B7E151628AED2A6ABF7158809CF4F3C as cipher is
shown in Fig.9 and Fig.10.
Fig 10.Encryted output waveform(part 2)

B. Synthesis Report
Device utilization summary and timing summary for each
individual operation involved in encryption and decryption
process implemented on Spartan –III FPGA of top module
on Vertex 6 is provided in the following section

1) Sub Byte Transformation Results
TABLE III
Sub Byte Transformation

Device Utilization Summary

Fig. 9: Encryted output waveform(part 1)
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Logic Utilization

Used

Availabl
e

Utilizatio
n

Number of Slices

64

768

8%

Number of
Flip Flops

8

1536

0%

Number of 4 input
LUTs

128

1536

8%

Number of bonded
IOBs

17

124

13%

Number of GCLKs

1

8

12%

Slice
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Timing Summary:
--------------Speed Grade: -4
Minimum period: No path found
Minimum input arrival time before clock: 6.439ns
Maximum output required time after clock: 6.271ns
Maximum combinational path delay: No path found

Minimum input arrival time before clock: 5.636ns
Maximum output required time after clock: 6.271ns
Maximum combinational path delay: No path found
Total memory usage is 86600 kilobytes

4) Key Generation
TABLE IV
Key Generation

2) Shift Row Transformation Results
TABLE II
Shift Row Transformation

Device Utilization Summary
Logic Utilization
Use Available
d
Number of Slices
389
768
Number of 4 Input 744
1536
LUTs
Number of bonded 261
124
IOBs

Device Utilization Summary
Logic Utilization

Used

Avail
able

Utilization

Number of Slices

74

768

9%

1536

8%

Number
Flops

of Slice Flip 128

Number of bonded IOBs

257

124

207%

Number of GCLKs

1

8

12%

Timing Summary:
--------------Speed Grade: -4
Minimum period: No path found
Minimum input arrival time before clock: 2.234ns
Maximum output required time after clock: 6.271ns
Maximum combinational path delay: No path found
Total memory usage is 79752 kilobytes

Utilizatio
n
9%
8%
210%

Timing Summary:
--------------Speed Grade: -4
Minimum period: No path found
Minimum input arrival time before clock: No path found
Maximum output required time after clock: No path found
Maximum combinational path delay: 15.803ns
Total memory usage is 96968 kilobytes

5) Inverse Sub Byte Transformation Results
TABLE V
Inverse Sub Byte Transformation

Device Utilization Summary
Logic Utilization

3) Mix Column Transformation Results

Number of Slices
Number of Slice Flip
Flops
Number of 4 input
LUTs
Number of bonded
IOBs
Number of GCLKs

TABLE III
Mix Column Transformation

Device Utilization Summary
Logic Utilization
Use
Avail
d
able
Number of Slices
156
768
Number of Slice Flip 128
1536
Flops
Number of 4 input LUTs 271
1536
Number of bonded IOBs
257
124
Number of GCLKs
1
8
Timing Summary:
--------------Speed Grade: -4
Minimum period: No path found

Utilizati
on
20%
8%
17%
207%
12%

Use
d
64

Availabl
e
768

Utilization

8

1536

8%
0%

128

1536

8%

17

124

13%

1

8

12%

Timing Summary:
--------------Speed Grade: -4
Minimum period: No path found
Minimum input arrival time before clock: 6.439ns
Maximum output required time after clock: 6.271ns
Maximum combinational path delay: No path found
Total memory usage is 80776 kilobytes

♦ 250 ♦

Design and Synthesis of Fully Pipelined AES Architecture

6) Inverse Shift Row Transformation Result
TABLE VI
Inverse Shift Row Transformation

Device Utilization Summary
Logic Utilization

Use
d

Availabl
e

Utilizati
on

Number of Slices

74

768

9%

Number of Slice Flip
Flops

128

1536

8%

Number of bonded IOBs

257

124

207%

Number of GCLKs

1

8

12%

Timing Summary:
--------------Speed Grade: -4
Minimum period: No path found
Minimum input arrival time before clock: 2.234ns
Maximum output required time after clock: 6.271ns
Maximum combinational path delay: No path found
Total memory usage is 80136 kilobytes

TABLE VIII
Device Utilization Summary
Logic Utilization
Used Available Utilization
Number of Slice
5232
93120
5%
Registers
Number of Slice LUTs
4294
46560
9%
Number of fully used
3840
5686
67%
LUT-FF pairs
Number of bonded IOBs 386
240
160%
Number of Block
49
156
31
RAM/FIFO
Number of
1
32
3%
BUFG/BUFGCTRLs
Timing Summary:
--------------Speed Grade: -3
Minimum period: 2.599ns (Maximum Frequency:
384.793MHz)
Minimum input arrival time before clock: 2.083ns
Maximum output required time after clock: 0.562ns
Maximum combinational path delay: No path found

5. CONCLUSIONS

7. Inverse Mix Column Transformation

Proposed work includes full pipelined architecture for AES
encryption. It is generally observed that in implementing
AES high throughput can only be obtained at the expense
of area on Spartan-III FPGA. The improved results are
found on Virtex 6 FPGA

TABLE VII
Mix Column Transformation

Device Utilization Summary
Logic Utilization

8. Summary on Virtex 6

Use
d

Availabl
e

Utilizati
on

Number of Slices

156

768

20%

Number of Slice Flip
Flops

128

1536

8%

Number of 4 input LUTs

271

1536

17%

Number of bonded IOBs

257

124

207%

Number of GCLKs

1

8

12%

Timing Summary:
--------------Speed Grade: -4
Minimum period: No path found
Minimum input arrival time before clock: 7.704ns
Maximum output required time after clock: 6.271ns
Maximum combinational path delay: No path found
Total memory usage is 113736 kilobytes
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Abstract: This paper proposed a new generalised and
efficient model using fuzzy logic based steady state analysis
of Self Excited Induction Generator(SEIG). Steady state
generalised model of SEIG is formulated using iterative
method. This dispenses with tedious work of separating
real and imaginary components of the complex impedance
of induction generator. Fuzzy logic technique is used to
predetermine the steady-state performance analysis of
SEIG. Simulated results show the effectiveness of the
proposed work.

and small hydroelectric , energy conversion in the past few
years. Such generators may be used for lighting or cooking
purpose to minimize the requirement of conventional fuels
or firewood in the villages without high power quality of
electrical energy. SEIG has many advantages such as
brushless construction (squirrel cage rotor), reduced size ,
absence of D.C. power supply for excitation as in
synchronous generators , reduced maintenance cost , good
over speed capability , self short circuit protection
capability and no synchronizing problem.

Keyword: Self-excited Induction Generator, Iterative
Technique, Fuzzy Logic, Steady-State Analysis.

A proper circuit representation and accurate mathematical
modelling is essential to evaluate the steady state
performance of a SEIG for different operating conditions.
To estimate and analyze the performance of a SEIG,
researchers have made use of the conventional equivalent
circuit of an induction motor. Some researchers [1] – [7]
used the impedance model and a few [8] – [11] used the
admittance based model for such computations. It is found
that most of the researchers used the modelling, which
results in a single polynomial equation of higher order in
unknown generated frequency and magnetizing reactance.
Therefore suitable techniques are required to compute the
unknown variables. However [10] – [11] suggested a new
equivalent circuit model representation which includes an
active power source. In [9] , iterative technique is applied
to obtain the generated frequency of self=excited induction
generator.

NOMENCLATURE
a = per unit frequency = f / f base
b = per unit speed
= rotor speed / synchronous speed corresponding to
base frequency
C = shunt excitation capacitance per phase, µF
E 1 = air gap voltage per phase at rated frequency, V
f = rated frequency, Hz
G = Conductance per phase
B = Susceptance per phase
I L = load current per phase, A
I 1 = stator current per phase, A
I 2= rotor current per phase, A
R 1 = stator resistance per phase, Ω
R 2 = rotor resistance per phase, Ω
R L = load resistance per phase, Ω
X 1 = stator leakage reactance per phase, Ω
X 2 = rotor leakage reactance per phase, Ω
X C = shunt excitation capacitance reactance per phase, Ω
X m = magnetization reactance per phase at rated
frequency, Ω
Y L = load admittance per phase, Ω
Z L = load impedance per phase, Ω
V t = terminal voltage, V

1. INTRODUCTION

Irrespective of representations, it is essential to develop a
mathematical modelling for non-linear magnetization
characteristics of induction machine. Such modelling is
helpful to compute terminal voltage, in case unknown
magnetizing reactance has been estimated. Most of the
researchers employed experimental results to obtain the
mathematical modelling of magnetization curve by using
piecewise linear approximation to estimate the performance
of SEIG [1] – [18]. However, fuzzy logic provides a simple
way of modelling, for non-linear characteristics of the
machine [19] – [21].

The self-excited induction generators (SEIG) have been
found suitable for many applications such as wind, tidal ,

In this paper, Fuzzy approach along with Iterative
technique has been proposed to analyze the steady state
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performance of SEIG through conventional equivalent
circuit. Iterative modelling estimates the unknown
frequency and magnetizing reactance. Fuzzy has been
proposed to model the non-linear magnetizing
characteristics of the machine. Computed results have been
compared with the results obtained using commonly
adapted technique (piecewise linear approximation of
magnetizing curve) as well as with the iterative results. The
comparison gives the validity and accuracy of the proposed
model using Fuzzy logic.

And

2. MODELING OF SEIG

Equating the real and imaginary parts in equation (8) to
zero, we have

Z = R ab + j X ab =


ð
UV  QE WV  WX






Ú  QEV %  W Û




(7)

For successful voltage build-up, E 1 ≠ 0, hence equation (1)
becomes
(Y t + Y m + Y2 ) = 0

The steady state operation of the self-excited generator may
be analyzed by using the conventional equivalent circuit
representation [8] as shown in fig.1.

Gû +
Bû −

Ú


U X

ð

Q 
Û
ð





−

=0

}
 
V
W Q}

ð

(8)

(9)
=0

(10)

For a given rotor speed, load impedance and excitation
capacitance, equation (9) may be used to determine ‘a’.
Equation (10) can consequently be used to calculate X m.
With the aid of magnetization curve (plot of E 1 versus X m
) , E 1 can be determined.
With E 1 , X m , a , X c , b R l , and machine parameters
known , calculation of the terminal voltage V t and the load
current is straight forward using the equivalent circuit.
Expressions for the respective variables are summarised
below:
Expressions for the respective variables are summarized
below:

Fig.1. Per phase equivalent circuit of SEIG

I =

The basis of the proposed iterative technique is the nodal
admittance method. Referring to fig.1. and consider the
nodes c and d which define the air gap of the SEIG, the
following equation may be written:
E 1( Y t + Y m+ Y 2) = 0

I =

(1)

ê
¨ î
î
Qòó %  þ ü
ï
ï îü ð¨ïþ
%òóþ 

0ü % òóþ

V t= I lR l

(11)

(12)
(13)

Where,

û =   – E   = û + û


(û = ( +

0


X t = X ab + X 1
û =  Qù 
0

Bû =   Q  
%óù

Iteration technique
(2)
(3)

To establish the iteration procedure for the determination of
‘a’, a slip dependent parameter Ỵ is first defined as
follows:

(4)

Ỵ=a–b

(5)

(14)

Equation (9) can now be rewritten as a quadratic in Ỵ
G t2X 22Ỵ 2 + R 2 Ỵ + G t2R 22= 0

(6)
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Solving equation (15) for Ỵ ,
G t2X 22γ 2 + R 2 γ + G t2R 22= 0

Table 1 : Results determination of generated frequency
and magnetizing reactance
(16)

Solving equation (15) for Ỵ,

γ = − ' ó  V1 ± 1 − 4û' £'' W
0

Æ 

S.
NO.

LOAD

SPEED

a

Xm

E1

1.

4 + j 3.0

0.96

0.937

1.7264

0.9945

2.

4 + j 2.5

0.963

0.9378

1.7095

0.998

3.

4 + j 2.0

0.967

0.9395

1.6781

1.0044

4.

4 + j 1.75

0.97

0.9413

1.6544

1.0092

5.

4 + j 1.5

0.973

0.9431

1.6278

1.0145

6.

4 + j 1.25

0.98

0.9488

1.5851

1.0232

7.

4 + j 1.0

0.986

0.9536

1.5441

1.0316

8.

4 + j 0.75

0.993

0.9594

1.4984

1.0408

9.

4 + j 0.5

1.00

0.9653

1.4520

1.0502

10.

4 + j 0.25

1.006

0.9704

1.4081

1.0592

11.

4 + j 0.15

1.013

0.9768

1.377

1.0653

12.

4+j0

1.02

0.9832

1.3425

1.0725

(17)

In practice γ is a small negative number for generation
operation, hence the negative sign in the brackets of
equation (16) should be chosen, hence,
γ =−

0

'Æ ó

V1 − 1

− 4û' £'' W

(18)

The iteration procedure can now be summarized as follows:
a.

Assume an initial value of per unit frequency. For
convenience we may take a = b.

b.

Evaluate G t using equation (2) – (7).

c.

Determine γ using equation (17), hence obtain the
updated value of a given equation (14).

d.

Repeat steps (2) and (3), each time using the updated
value of ‘a’ for evaluating Gt, until the values of ‘a’ in
successive iterations differ by a sufficiently small
number ε.

Since only simple algebraic calculations are involved in the
iteration procedure, programming efforts are reduced to the
minimum. Solution can be accomplished even manually or
with the aid of a programmable calculator with modest
memory capability.
By using these analysis theoretical results are calculated ,
using following base values Determined load and speed
are taken as input and frequency, terminal voltage and load
current are taken as output for Fuzzy-Logic analysis.
 w = rated voltage =219.39 V
ñï
ñï

Magnetization characteristics of induction machine are
important for the analysis of SEIG. The non-linear
magnetization curve of the SEIG is the only source to
develop relationship between magnetizing reactance and air
gap voltage. The air gap voltage influences the terminal
conditions. Therefore, it becomes essential to develop a
model for representation of magnetization curve.
In this paper , an Fuzzy Logic based modelling has been
adopted for the representation of magnetization
characteristics for machine - I. It has been compared with
piecewise linear approximation modelling (already used by
other researchers) & Iterative method.

1. Piecewise linear approximation modelling (PLA)

 w =rated phase current=5.4 A
 w =

3. MAGNETIZATION CHARACTERISTICS

The non-linear relationship between magnetizing reactance
X m and air gap voltage E 1 using experimental data for
machine – I may be represented by PLA as below;

=40.628

Base speed  w =1500 rev/min
The computed results on machine – I (Appendix) using
iteration technique have been shown in table – I.

X m < 1.728

;

E 1 = 1.345 – 0.203 X m

1.728 ≤ X m < 2.259

;

E 1 = 1.901 – 0.525 X m

2.259 ≤ X m < 2.446

;

E 1 = 3.156 – 1.08 X m

2.446 ≤ X m < 2.48

;

E 1 = 37.79 – 15.12 X m

2.48 ≤ X m
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2. Fuzzy Logic based modelling

4. RESULTS AND DISCUSSIONS

In this Paper, Fuzzy Logic has been used to develop a
model that provides a good estimate of magnetization
characteristics. The structure of Fuzzy logic used in this
paper has been shown in Fig.2.

In this section the performance has been fuzzified for the
given machine, Machine: 1. The specifications of the
machines are given in Appendix.
Table 2 presents the iterative results thus leading closeness
between iterative and fuzzy logic Approach results.
Application of iterative technique along with fuzzy
modelling results in the performance evaluating parameters
such as generated frequency, terminal voltage, stator
current and load current.
Table 2: Results determination of Terminal Voltage &
Current
INPUT
Load

Fig 2: Structure of Fuzzy Logic
In this network, G is used as input and H as output. The
flow chart of Fuzzy Logic Process based computational
algorithm for solution of Xm & a and steady state
performance of SEIG is shown in Fig.3.

Fig. 3: Flow chart of Fuzzy Logic algorithm

OUTPUT

TERMINAL
LOAD
FREQUENCY
SPEED
VOLTAGE CURRENT
(a)
(Vt)
(IL )

203.14

1440

46.85

220.55

1.11

191.64

1445

46.89

220.53

1.17

181.69

1450

46.97

221.21

1.23

177.38

1455

47.06

221.95

1.26

173.56

1460

47.15

222.85

1.29

170.26

1470

47.44

224.61

1.32

167.51

1480

47.68

226.32

1.35

165.34

1490

47.97

228.34

1.38

163.77

1500

48.26

230.46

1.40

162.82

1510

48.52

232.57

1.42

162.62

1520

48.84

234.08

1.43

162.51

1530

49.16

235.88

1.45

Fig. 4 : Input –output of mamdani system
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terminal voltage and load current are taken as output
variables, with triangular membership function taken with
Mamdani system. In Fig.5 making sixteen rule-base with
combination of ‘Low’, ‘medium’, ‘high’, and ‘very high’.
Making these rule-base final experimental result are shown
in fig.6 With this result it is clearly investigated that the
terminal voltage falls sharply with load. This results in the
poor voltage regulation for SEIG. However, it has been
observed that this voltage can be controlled by proper
control of excitation capacitance. The voltage increases
with an increase in excitation capacitance for the given
value of load and operating speed. Therefore, the excitation
capacitance may be used as one of the control variables.
Fig.7 shows surface view of input and out-put value. The
simulated results gives the validity and accuracy of
proposed modelling for SEIG using fuzzy-logic.

Fig. 5: Rule-Base for SEIG

5. CONCLUSIONS
In this paper an attempt has been made to realize the
magnetic characteristics of induction machine for the
computation of steady state performance of SEIG using
iterative technique. Computation of generated frequency
using this iterative technique has been found to be very
simple. Fuzzy Logic modelling has been found to be very
effective for accounting the non-linearity of magnetic
characteristics, further, it is observed that Fuzzy Technique
completely
captures
the
nonlinear
magnetizing
characteristics of SEIG. Simulated results shows the
effectiveness of the proposed work i.e. analysis using
Fuzzy logic. Such a simple, unique and accurate modelling
will be successful to evaluate the behaviour of SEIG, which
is found to be most suitable choice for wind energy
conversion in remote windy areas.

Fig. 6: Fuzzy logic output result of SEIG

6. APPENDIX
The details of machine – 1
• Specifications
3 – phase, 4 – pole, 50 Hz, Star-connected Squirrel
Cage Induction Machine.
2 Kw, 380 V ( rated line voltage ), 5.4 A.
R1 = 0.10
R2 = 0.112
X1 = 0.0736
X2 = 0.10
•

Fig. 7: Surface view of SEIG
With reference table.2: SEIG experimental result are
shown. In Fig.4 two variables i.e. load and speed are taken
as input variable and three variables namely frequency,
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Base Values
Base voltage = 219.39 V
Base current = 5.4 A
Base impedance = 40.628 Ω
Base capacitance = 78.3 µF
Base power = 2 Kw
Base frequency = 50 Hz
Base speed = 1500 rpm
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Abstract: Self-excited induction generators are the most
suitable generators for wind energy conversion in remote
and windy areas. With the renewed interest in wind
turbines and microhydro generators as an alternative
energy source ,the induction generator are being
considered as an alternative choice to the well developed
synchronous generator because of their lower unit cost,
inherent ruggedness, operational and maintenance
simplicity. In isolated systems, squirrel cage induction
generator with capacitor excitation, known as self excited
induction generators (SEIGs), are very popular. This paper
presents an exhaustive survey, discussing, application of
soft computing, process of voltage buildup, steady state
and transient analysis, voltage and frequency regulation
and parallel operation of SEIG. It is observed that soft
computing has also made a significant contribution in the
field of SEIG.
Keywords: self-excited induction generator, steady state
analysis, fuzzy logic, neural network.

1. INTRODUCTION
Induction generators were used from the beginning of the
20th century until they were abandoned and almost
disappeared in the 1960s. With the dramatic increase in
petroleum prices in the 1970s, the induction generator
returned to the scene. With such high-energy costs, rational
use and conservation implemented by many process of heat
recovery and other similar forms became important goals.
By the end of the 1980s, wider distribution of population
over the planet, as improved transportation and
communication enabled people to move away from large
urban concentration, and growing concerns with the
environment led to demand by many isolated communities
for their own power plants. In the 1990s, ideas such as
distributed generation began to be discussed in the media
and in research centers [1]. Traditionally, synchronous
generators have been used for power generation but
induction generators are increasingly being used these days
because of their relative advantageous features over
conventional synchronous generators. These features are
brush less and rugged construction, low cost, maintenance

and operational simplicity, self-protection against faults,
good dynamic response, and capability to generate power
at varying speed. Reactive power consumption and poor
voltage regulation under varying speed are the major
drawbacks of the induction generator, but the development
of static power converters has facilitated the control of
induction generators. This paper presents a brief review on
three phase self-excited induction generator (SEIG) using
soft computing.
The induction generator has the very same construction as
induction motor with some possible improvements in
efficiency. There is an important operating difference; the
rotor speed is advanced with respect to stator magnetic
field rotation. For prime mover speed above synchronous
speed, the rotor is driven at a speed more than
synchronously rotating magnetic field. The rotor
conductors are now being cut by the rotating flux in a
direction opposite to that during motoring mode. This
shows that rotor generated e.m.f, rotor current and hence its
stator components change their signs. As the speed during
induction generator operation is not synchronous, it is also
called an asynchronous generator.

2. CLASSIFICATIO OF INDUCTION
GENERATOR
The induction machine offers advantages for hydro and
wind power plants because of its easy operation as either a
motor or generator, it has different application in different
areas, and depending upon them it has many classifications
[1]. Induction generators can be classified on the basis of
excitement process as:
1. Grid connected induction generator
2. Self-excited induction generator
Further induction generators are classified on the basis of
rotor construction as:
1. Wound rotor induction generator
2. Squirrel cage induction generator
Depending upon the prime movers used and their locations,
generating schemes can be broadly classified as under:
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1. Constant speed constant frequency [CSCF]
2. Variable speed constant frequency [VSCF]
3. Variable speed variable frequency [VSVF]

Variable Speed Constant Frequency

Grid Connected Induction generator (GCIG)
The grid connected induction generator takes its reactive
power for excitement process from the grid supply, so it is
called grid connected induction generator. It is also called
autonomous system. In this system generator is driven by a
prime mover above its synchronous speed and hence the
slip is negative in case of grid connected induction
generator. The power factor of the grid-connected
induction generator is fixed by its slip and its equivalent
circuit parameters and not affected by the load.

Self-excited Induction Generator
By self-excited induction generator (SEIG), we mean cage
rotor induction machines with shunt capacitors connected
at their terminals for self excitation. The shunt capacitors
may be constant or may be varied through power
electronics (or step wise). SEIG may be built with single
phase or three phase output and may supply AC loads or
AC rectified autonomous loads.

The variable-speed operation of wind electric system yields
higher output for both low and high wind speeds. This
results in higher annual energy yields per rated installed
capacity. Both horizontal and vertical axis wind turbines
exhibit this gain under variable-speed operation. Popular
schemes to obtain constant frequency output from variable
speed are as:

AC–DC–AC Link
With the advent of high-powered thyristors, the ac output
of the three-phase alternator is rectified by using a bridge
rectifier and then converted back to ac using linecommutated inverters. Since the frequency is automatically
fixed by the power line, they are also known as
synchronous inverters.

Double Output Induction Generator (DOIG)
The DOIG consists of a three-phase wound rotor induction
machine that is mechanically coupled to either a wind or
hydro turbine, whose stator terminals are connected to a
constant voltage and constant frequency utility grid. The
variable frequency output is fed into the ac supply by an
ac– dc–ac link converter consisting of either a full-wave
diode bridge rectifier and thyristor inverter combination or
current source inverter (CSI)-thyristor converter link. One
of the outstanding advantages of DOIG in wind energy
conversion systems is that it is the only scheme in which
the generated power is more than the rating of the machine.
However, due to operational disadvantages, the DOIG
scheme could not be used extensively. The maintenance
requirements are high, the power factor is low, and
reliability is poor under dusty and abnormal conditions
because of the sliding mechanical contacts in the rotor.
This scheme is not suitable for isolated power generations
because it needs grid supply to maintain excitation.

Variable-Speed Variable Frequency
With variable prime mover speed, the performance of
synchronous generators can be affected. For variable speed
corresponding to the changing derived speed, SEIG can be
conveniently used for resistive heating loads, which are
essentially frequency insensitive. This scheme is gaining
importance for stand-alone wind power applications.

Fig. 1: Self excited induction generator

Constant Speed Constant Frequency
In this scheme, the prime mover speed is held constant by
continuously adjusting the blade pitch and/or generator
characteristics. An induction generator can operate on an
infinite bus bar at a slip of 1% to 5% above the
synchronous speed. Induction generators are simpler than
synchronous generators. They are easier to operate, control,
and maintain, do not have any synchronization problems,
and are economical.

3. PROCESS OF SELF EXCITATION AND
VOLTAGE BUILDUP IN SEIG
The process of voltage buildup in an induction generator is
very much similar to that of a dc generator. There must be
a suitable value of residual magnetism present in the rotor.
In the absence of a proper value of residual magnetism, the
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voltage will not build up. So it is desirable to maintain a
high level of residual magnetism, as it does ease the
process of machine excitation [6] - [11]. T. Ahmed [6]
present a paper for variable speed prime mover for
minimum capacitance required for self excitation, he used a
nodal admittance approach to find it. Li Wang [7] presents
a simple and direct approach based on firstorder Eigen
value sensitivity method to determine both maximum and
minimum values of capacitance required for an isolated
self-excited induction generator (SEIG) under different
loading conditions. G.K.Singh [8] presents a paper for 6phase induction generator using capacitive self excitation.
An unbalanced excitation scheme is proposed by
Bhattacharya[9] which improves balance overall and
maximizes the allowable power output of a particular
machine. The minimum terminal capacitor required for
induction generator to build up is the main concern.
Eltamaly [10] proposed technique, which uses nodal
analysis instead of loop analysis to obtain just one formula
for the minimum capacitance analysis instead of loop
analysis to obtain just one formula for the minimum
capacitance technique, the operating frequency can be
obtained directly from equating the real part of admittance
with zero where the real part does not function in
Excitation capacitive reactance (Xc), then use the
imaginary part to calculate the value of Xc. When an
induction generator first starts to run, the residual
magnetism in the rotor circuit produces a small voltage.
This small voltage produces a capacitor current flow,
which increases the voltage and so forth until the voltage is
fully built up. The no load terminal voltage of the induction
generator is the intersection of the generator magnetization
curve with capacitor load line [18].To achieve a given
voltage level in an external capacitor must be able to
supply the magnetizing current of that level.

4. STEADTY-STATE ANAYLSIS OF SEIG
The analysis of steady state performance is important for
ensuring good quality power and assessing the suitability
of the configuration for a particular application. In an
isolated power system, both the terminal voltage and
frequency are unknown and have to be computed for a
given speed, capacitance, and load impedance. A large
number of articles have appeared on the steady state
analysis of SEIG [3], [4], [5], [12] – [26]. L. Shridhar et al.
[12] presents a paper for dynamic load as induction motor,
they applied an algorithm, based upon per phase equivalent
circuit of SEIG and find out the unknown values of
magnetizing reactance and frequency, after solving two non
linear equations. H.C.Rai et al. [13] have proposed a
technique for SEIG steady state analysis using different
mode of operation of a single phase SEIG. S.C. Kuo and L.
Wang [14] analyzed the harmonics effect in SEIG feeding
a rectifier load. A hybrid model based on abc and q-d
induction machine models is employed to describe the

dynamic equations of the studied system to improve
simulation results.
S. S. Murthy et al. [15] have presents a Matlab based
generalized algorithm to predict the dynamic and steady
state performance of self-excited induction generators
(SEIG) under any combination of speed, excitation
capacitor and loading. Three different methods, operational
equivalent circuit, Newton-Raphson and equivalent
impedance method are used for analyzing under any given
situation. Chan [16] has proposed two solution technique
for the steady state analysis of self-excited induction
generator. He proposed an iterative technique by assuming
some initial value for frequency and magnetizing reactance
and then solving for a new value considering a small
increment until the result converges.
Murthy et al. [21] presents the steady state analysis of a
SEIG feeding three phase unbalance load. Symmetrical
component theory was used to obtain relevant performance
equations through sequence quantities. T. Chandra Sekhar
et al. [24] uses the phasor notations for steady state
analysis of SEIG as spiral vector theory. Abdulrahman L.
Alolah [25] has proposed an optimization based approach
for steady state analysis of SEIG; the problem is
formulated as a multidimensional optimization problem. A
constrained optimizer is used to minimize a cost function
of the total impedance or admittance of the circuit of the
generator to obtain the frequency and other performance of
the machine. Yaser N. Anagreh [26] has further posed an
anther optimization technique for steady state analysis; the
method is based on the implementation of a constrained
optimizer “finincon”, which is built in MATLAB, to
minimize the total impedance equation of the generator and
then determining the required unknown parameters. The
main advantage of this technique, compared with other
methods of analysis, is its simplicity since no lengthy
algebraic derivations are required. He proposed an iterative
technique by assuming some initial value for frequency and
magnetizing reactance and then solving for a new value
considering a small increment until the result converges.
Murthy et al. [21] presents the steady state analysis of a
SEIG feeding three phase unbalance load. Symmetrical
component theory was used to obtain relevant performance
equations through sequence quantities. T. Chandra Sekhar
et al. [24] uses the phasor notations for steady state
analysis of SEIG as spiral vector theory.
D. Joshi et al. [48] has proposed Iterative technique to find
the generated frequency and Artificial Neural Network
(ANN) applied to capture the nonlinear magnetization
characteristics of induction machine in place of piecewise
linear approximation for the steady-state analysis of a
three-phase self-excited induction generator feeding
balanced unity power factor load. Raja Singh Khela et al.
[49] Proposed Artificial Neural Network(ANN) model
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implemented to predict the effect of speed, capacitance and
load on generated voltage and frequency of SEIG. An
Artificial Intelligence (AI) technique was used to analyze
the behavior of Self-Excited Induction Generator, which
does not require rigorous modeling as required in
conventional techniques.

5. TRANSIENT ANAYLSIS
The analysis during the transient condition helps in
determining the insulation strength, suitability of winding,
shaft strength, value of capacitor, and devising the
protection strategy. The operation of a self-excited
induction generator under unbalanced operating condition
causes additional losses, excessive heating, large insulation
and shaft vibrations. The various dynamic models have
been proposed to study the dynamic and transient behavior
of SEIG. Most of the transient studies of SEIG are related
to voltage buildup due to self excitation [2], [3], [6], [7],
[12]-[15], [17], [19], [21], [22],[23], [27]-[34].
S. S. Murthy et al.[15] presents a Matlab based generalized
algorithm to predict the dynamic performance of SEIG,
they proposed an iterative technique to find out the
dynamic performance. M.H. Salama [20] presents that a
selection of capacitance and loading can compensate for
saturation effects on the self-excitation process. Sufficient
remanence to initiate self-excitation is assumed and it is
shown that there is critical minimum load impedance and a
critical minimum value of terminal capacitance required to
permit self-excitation. The critical value of capacitance for
self-excitation is shown to be significantly affected by the
rotor speed and the load power factor. A second
mathematical model in the form of a lumpedparameter
equivalent circuit is presented. Analysis shows that the
value of capacitance used for self-excitation and the nature
of the load significantly affect magnetizing reactance.
Mahmoud M. Neam et al. [30] presents the analysis,
design and simulation of wind powered SEIG. The three phase SEIG is driven by a variable speed prime mover
(VSPM) such as a wind turbine for the clean alternative
renewable energy in rural areas. The VSPM is modeled by
as a variable-speed separatelyexcited DC motor to simulate
to the wind turbine. Also, the paper describes the dynamic
performance of the VSPM and SEIG which includes prime
mover torque, rotor speed, rotor frequency, and d-q axes
dynamic stator voltages, As well as the electromagnetic
torque and the magnetizing inductance of the SEIG. During
voltage build up of the SEIG, the variation of the
magnetizing inductance is considered. Bhim Singh et al.
[27] presents a transient analysis of a SEIG with electronic
load controller (ELC) used in stand-alone micro-hydro
power generation employing uncontrolled turbines and
supplying static and dynamic loads. Avinash Kishore et al.
[28] proposed a generalized state-space dynamic modeling

of a three phase SEIG has been developed using d-q
variables in stationary reference frame for transient
analysis. The proposed model for induction generator, load
and excitation using state space approach can handle
variable prime mover speed, and various transient
conditions e.g. load perturbation, switching states etc. Also
the effect of variation of excitation capacitance on system
is analyzed.
Li Wang [29] has proposed an algorithm for dynamic
performance of SEIG under unbalanced excitation
capacitor. Mahto et al. [32] presents a transient behavior of
a single phase self regulated SEIG using a 3-phase SEIG.
D.Seyoum [33] presents the effect of magnetizing
inductance on selfexcitation. It also describes the loading
analysis of an isolated induction generator, and how the
operating frequency and generated voltage are affected by
the change in operating slip value for regulated and
unregulated rotor speed. P. K. Shadhu Khan et al. [34]
presents transient behavior of the integrated system of
stand-alone SEIG and inductively loaded current controlled
solid-state (ICSL) VAR compensator has been carried out
when the system is subjected to different dynamic
conditions. Analytical transient model for the system has
been developed

6. DYNAMIC ANAYLSIS
The operation of a self excited induction generator under
unbalanced operating conditions causes additional loss,
excessive heating, large insulation and winding stress, and
shaft vibrations. The various dynamic models have been
reported to study the behavior of induction machine using
either currents or fluxes as state variables, but two axis d-q
model has proved to be reliable and accurate[25].Wang et
al.[50]have presented a comparative study of long shunt
and short shunt.

7. PARALLEL OPERATION OF SEIG
As there are constraints on SEIG ratings per unit for micro
hydro or wind turbines, several such SEIGs may have to be
operated in parallel. Several papers have been presented
over parallel operation of SEIGs [44]-[47].
Chandan Chakraborty et al. [44] have proposed an
iterative solution for the problems related to steady state
performance of self-excited induction generators operating
in rotor speed. P. K. Shadhu Khan et al. [34] presents
transient behavior of the integrated system of stand-alone
SEIG and inductively loaded current controlled solid-state
(ICSL) reactive volt-ampere (VAR) compensator has been
carried out when the system is subjected to different
dynamic conditions. Analytical transient model for the
system has been developed. Waveforms of the voltage
build up due to self excitation of the generator at specific
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switching delay angle of the compensator, output terminal
voltage, currents etc. due to perturbations in load and
switching delay angle of the compensator and the overload
condition of the generator have been analyzed to bring out
the special features of the transient condition.

8. VOLTAGE AND FREQUENCY CONTROL
STRATEGY
One of the basic requirements of generation planning using
induction generator is an effective and comprehensive
voltage regulation scheme. In spite of SEIG having a
number of advantages, it suffers from inherent poor voltage
regulation due to the difference between the VARs
supplied by the shunt capacitors and the VARs required by
the load and machine. The voltage regulation of SEIG can
be improved by using additional series capacitors in its
short shunt or long shunt configurations, but the value of
shunt and series capacitors should be optimized for
optimum voltage regulation over the entire loading range of
the machine. The GCIG results in excessive inrush current
and voltage drop at connection. The large VAR drain from
the grid can be compensated using shunt capacitors, but it
cause excessive over voltage during disconnection.
The suitability of self-excited induction generators for
costeffective utilization of non-conventional energy
resources is well established. But, these units result in poor
voltage regulation while feeding frequency sensitive
inductive loads due to the absence of regulated VAR
source. The frequency of isolated generating unit varies
considerably with the change in load, and the improved
frequency regulation can be achieved using governor
control system. The governor control regulates the
frequency by adjusting the turbine flow according to the
load demand. For small schemes, the use of governor is a
costly affair because; the cost of governor and its control
does not decrease proportionally as the generator size
reduces. Also, the governor adds complexity to the
operation and requires routine maintenance. The load
controller can be used instead of costly governor to
regulate the generator frequency. It may also reduce the
cost of stand-alone run-of-river hydro scheme significantly
and may avoid hydraulic instability problem since the
water flow to the turbine is kept constant. The load
controller maintains the speed and frequency at constant
level by dumping the excess generator power into the
ballast or non-priority resistive load.
The induction generator having mainly two drawbacks one
is need of reactive power support and second is poor
voltage regulation [3]. The voltage regulation can be
improved by 5 using additional series capacitors in its short
and long shunt configurations. Different controllers are
used for improving the frequency and voltage regulation. A
considerable amount of work has been directed towards the

design and the analysis of voltage and frequency regulators
[35]-[42].
Tarek Ahmed et al. [35] proposed an impedance approach
for voltage and frequency regulation. a proportional–
integral (PI) closed-loop feedback voltage regulation of the
three-phase SEIG driven by the VSPM on the basis of the
static var compensator (SVC) composed of the thyristor
phase-controlled reactor in parallel with the thyristor
switched capacitor and the fixed-excitation capacitor bank
is designed and considered for the wind generation as a
renewable power conditioner. The simulation analysis and
experimental results obtained from the three-phase SEIG
with SVC for its voltage regulation prove the practical
effectiveness of the additional SVC with the PIcontrollerbased feedback loop in steady-state operation in terms of
high performance with low cost. B.Venkatesa Perumal [36]
has proposed that a dc link capacitor provided with the
Static synchronous compensator (STATCOM) battery
energy storage improves system stability and prevents
power wastage.
H.C. Rai et al. [37] proposed a scheme which used passive
element such as capacitors, saturable reactors, and constant
voltage regulator for improvement of performance of
SEIG. Bhim Singh et al. [38] have proposed a analysis of
SEIG operating with an Electronic Load Controller (ELC)
for regulating its voltage and frequency under varying load
condition. The ELC consists of a rectifier and a chopper
circuit whose operation generates harmonics on AC side of
the SEIG system. To achieve adequate performance
characteristics of the SEIG with ELC information of
harmonic contents and real power is necessary. In this a
complete description of the AC current harmonics
generated in the ELC operation and their effects on the
performance of SEIG is presented in detail. Dheeraj Joshi
et al. [39] applied genetic algorithm for constant voltage
and constant frequency operation.
S. P.Singh et al. [40] proposed the use of damping
resistors across series capacitors is proposed to damp out
the starting transients and for the stable operation. The
simulated annealing like approach is used to solve voltage
regulation optimization problem. S. S. Murthy et al. [41]
presents an analytical technique to predict the steady state
performance of SEIG for autonomous power generation
which employs both shunt and series capacitors for voltage
regulation. The system is modeled using an equivalent
circuit which interconnects the machine, capacitor and the
load. G. V. Jayaramaiah [42] presents a DSP-based
constant voltage controller for stand alone wind energy
conversion system using an induction generator. The
system uses a pulse-width modulated voltage source
inverter (PWM-VSI) with a start-up battery. To overcome
from voltage regulation problem, a DSP-based voltage
controller is developed. It regulates the voltage when SEIG
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is subjected to a sudden application/removal of load. Rohin
M. Hilloowala [43] proposed a fuzzy logic based controller
for the output control for PWM inverter system used for
voltage regulation which is further used for voltage
regulator for voltage and frequency compensation or
constant voltage and frequency operation of self-excited
induction generators.

11. Both the configurations result in improved voltage
regulation. However, short shunt SEIG provides cost
effective operation because of lower capacitance
requirement and improved voltage regulation.

Based on the study, the important findings for frequency
and voltage control are as follows.

1. Fuzzy logic approach
2. Artificial neural network (ANN) approach
3. Adaptive neuro fuzzy inference system(ANFIS)

1.

Higher gain deteriorates the performance of the
controller for large change in reactive load
component.

2.

Binary weighed load controller with proportional
integral control adds instability to the operation of
load controller.

3.

Higher inertia reduces the transients and stabilizes the
system. However, inertia effect is more pronounced
in case of large change in reactive load component.

4.

Due to the fast response of series capacitor in
regulating the terminal voltage, less transients are
obtained for operation of load controller with short
shunt SEIG.

5.

For parallel combination of synchronous and
induction generators, the performance of the
controller is affected by the inertia of the generator
for which the controller is assumed to be sensitive.

6.

The long shunt SEIG has tendency to operate at
higher saturation level, which cause higher stator and
magnetizing current.

7.

Effect of series capacitance is more pronounced at
lower loading in long shunt SEIG; while its effect is
observed at higher loading in short shunt SEIG.

8.

Both the SEIG configurations are sensitive to the
change in shunt capacitance value as compared to the
change in series capacitor value. The stator current,
stator voltage and load voltage increases with the
increase in the shunt capacitance value in both the
connections.

9.

Higher value of shunt and series capacitance are
observed for long shunt SEIG as compared to the
corresponding values for the short shunt connection
of SEIG for optimum voltage regulation with the
same type of load.

10. The SEIG operation results in better voltage
regulation at optimum speed for both the
configurations. However, the optimum speed for long
shunt SEIG feeding resistive load is significantly
higher.

9. APPLICATION OF SOFT COMPUTING IN
SEIG

Over the past few years, the use of fuzzy set theory, or
fuzzy logic, in control systems has been gaining
widespread popularity, especially in Japan. From as early
as the mid- 1970s, Japanese scientists have been
instrumental in transforming the theory of fuzzy logic into
a technological realization. Today, fuzzy logic-based
control systems, or simply fuzzy logic controllers (FLCs),
can be found in a growing number of products, from
washing machines to 6 speedboats, from air condition units
to hand-held autofocus cameras. In the present book, fuzzy
logic is exemplified in the speed governing system of a
synchronous generator set. The success of fuzzy logic
controllers is mainly due to their ability to cope with
knowledge represented in a linguistic form instead of
representation in the conventional mathematical
framework. Control engineers have traditionally relied on
mathematical models for their designs. However, the more
complex a system, the less effective the mathematical
model is. This is the fundamental concept that provided the
motivation for fuzzy logic and is formulated by Lofti
Zadeh, the founder of fuzzy set theory, as the Principle of
Incompatibility.
As the Zadeh stated that complexity of a system increases,
our ability to make precise and yet significant statements
about its behavior diminishes until a threshold is reached
beyond which precision and significance (or relevance)
become almost mutually exclusive characteristics. Realworld problems can be extremely complex and complex
systems are inherently fuzzy. The main advantage of fuzzy
logic controllers is their ability to incorporate experience,
intuition and heuristics into the system instead of relying
on mathematical models. This makes them more effective
in applications where existing models are ill defined and
not reliable enough.
The term ‘fuzzy’ in fuzzy logic was first coined in 1965 by
Professor Lofti Zadeh, then Chair of UC Berkeley’s
Electrical Engineering Department. He used the term to
describe multivalued sets in the seminal paper, (Fuzzy
Sets). The work in his paper is derived from multivalued
logic, a concept which emerged in the 1920s to deal with
Heisenberg’s Uncertainty Principle in quantum mechanics.
Multivalued logic was further developed by distinguished
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logicians such as Jan Lukasiewicz, Bertrand Russell and
Max Black. At the time, multivalence was usually
described by the term ‘vagueness’ [55].
When Zadeh developed his theory, he introduced the term
‘fuzzy’. Zadeh applied Lukasiewicz’s multivalued logic to
set theory and created what he called fuzzy sets – sets
whose elements belong to it in different degrees. According
to the Fuzzy principle, ‘everything is a matter of degree’.
While conventional logic is bivalence (TRUE or FALSE, 1
or 0), fuzzy logic is multivalence (from 0 to 1). It is a shift
from conventional mathematics and number crunching to
philosophy and language. At the beginning, fuzzy logic
remained very much a theoretical concept with little
practical applications. The work Zadeh was involved in
consisted mainly of the computer simulation of
mathematical ideas. In the 1970s, Professor Edrahim
Mamdani of Queen Mary College, London, built the first
fuzzy system, a steam engine controller, and later the first
fuzzy traffic lights. This led to the extensive development
of fuzzy control applications and products seen today.
Fuzzy logic is one of successful applications in control
engineering field which can be used to control various
parameters of the real time system. Fuzzy rule based
models are easy to be understand because it uses linguistic
terms and structure of IF-THEN rules but main drawback
with fuzzy logic can’t learn itself the learning and
identification of fuzzy logic systems need to adopt
techniques from other areas, such as statistics, system
identification. This drawback can overcome using ANN.
Fuzzy logic combined with neural network yields very
significant results. Neural network can learn from data.

contains the neurons equal to the no. of output variables.
The no. of neurons in hidden layer forms different
structures and have different mapping capabilities. but
understanding the knowledge learned by neural network
has been difficult .to be more specific ,it is usually difficult
to develop an insight about the meaning associated with
each neuron and each weight .there is a need to choose an
appropriate no of neurons in hidden layer so as to get the
optimal performance from neural network. So it is difficult
to know how many neurons are in hidden layer. Neural
network have been applies successfully to speech
reorganization, image processing, and adaptive control and
control of machines by many researchers such as in
performance analysis of SEIG for training purpose in [49].
Artificial neural network are a family of intelligent
algorithms which can be used for time series prediction,
classification and control and identification purposes
.neural network have an ability to train with various
parameters of induction generator. As a non linear function,
they can be used for identify the extremely nonlinear
system parameters with high accuracy by reducing the
error. Recently the use of neural network to identify and
control nonlinear dynamic systems has been 7 proposed
because they can approximate a wide range of non linear
functions to any desired degree of accuracy. In neural
network data is presented to input layer and then passed on
to hidden layer after processing, the data is passed on to the
output layer.
Various algorithms can be used in neural network such as
back propagation and hybrid. It is observed that many
researchers used ANN approach for training purpose in
performance analysis of self excited induction generator
and obtained optimum results.
Analysis using Artificial Neural Networks (ANNs)
technique does not require rigorous modeling as required in
conventional methods. The most commonly used neural
network is the Multilayer Perceptron (MLP), a feedforward network.

Fig. 2: Fuzzy System
Artificial neural network comprise many neurons,
interconnected in certain ways to cast them in to
identifiable topologies. Topology may be multilayer feed
forward or multilayer competitive of bi layer feed forward
or monolayer hetero feedback type. Typically three layers
namely input, output & hidden layer exist in each topology.
ANN incorporates the two fundamentals components of
biological neural nets (nodes) and (weights). Neurons are
arranged in different layers. The input layer contains
neurons equal to no. of input variables and output layer
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Fig. 3: Multilayer Perceptron (MLP), a feed-forward
ANN
The neural networks are trainable but these black-box
models are able to identify a system through its inputoutput data, without having any knowledge of the physical
insights of the system. From the literature survey carried
out, it is clear that Artificial Neural Networks are being
applied to study and analyze the behavior of Electrical
machines. Siva et al. used Artificial Neural Networks for
estimation of System Bus Voltage in power system [51].

done manually. Further the ANFIS strategy supports the TS
based systems. To start the ANFIS learning; first, a training
data set that contains the desired input / output data pairs of
target systems to be modeled is to be required. The design
parameters required for any ANFIS controller are viz.,
Number of data pairs, Training data set & checking data
sets, Fuzzy inference systems for training, Number of
epochs to be chosen to start the training, Learning results to
be verified after mentioning the step size .

Goel and Bhanot developed Successive Over-Relaxation
Resilient Back propagation (SORRPROP) algorithm,
which is extremely fast in comparison to conventional back
propagation algorithm for training of ANNs [52].
Chaturvedi et al. used Error Back propagation gradient
descent learning algorithm for training the Neural Network
Models for electric machines to map complicated functions
[53]. Here, an attempt has been made to introduce ANNs
for performance prediction of induction generators.
Artificial Neural Networks have been used to evaluate the
generated voltage and frequency of SEIG running at
different speeds with different values of exciting
capacitance and load.
ANN model was implemented and observed [49] to predict
the effect of speed, capacitance and load resistance on
generated voltage and frequency of Self-Excited Induction
Generator (SEIG). It was seen that the analysis carried out
using ANN model is more accurate in comparison to
conventional computational techniques. From the
difference in SSE values of the ANN solution and the
analytical method, it is concluded that ANN technique is
superior in comparison to conventional analytical method.
Further, ANN model of SEIG does not require any
assumptions and complex mathematical computations. By
increasing the number of training samples, the accuracy of
ANN model can be further improved.
Since neural networks can learn, it is natural to merge these
two techniques. This merged technique of the learning
power of the NNs with the knowledge representation of
Fuzzy Logic has created a new hybrid technique, called as
the term ‘neuro Fuzzy Networks’ [54].
Since ANFIS design starts with a pre-structured system,
degree of freedom (DOF) for learning is limited, i.e., the
MF of input & output variables contain more information
that ANN has to drive from sampled data sets. Knowledge
regarding the systems under design can be used right from
the start. Part of the system can be excluded from the
training. Hence, this ANFIS process is more efficient. The
rules are in the linguistic forms and so intermediate results
can be analyzed and interpreted easily. The modification of
rules is possible during the training and optimization can be

Fig.4. Anfis model structure with 2 input and 1 output
shows all the five layers in the ANN architecture
Because of flexibility, the ANFIS strategy can be used for a
wide range of control applications. Many researchers use
ANFIS approach and conclude that ANFIS scheme is
computationally efficient, work well with linear techniques,
optimization and adaptive technique. It is easy and reliable
and many be easy to implement in real time application for
control of various parameters. This can also be combined
with expert system &rough sets for other applications
.another 8 advantage of ANFIS is the result obtained by
ANFIS are better than fuzzy and ANN approach because it
combines advantages of both fuzzy and ANN approach.
ANFIS is much faster than other control strategies; the
tedious task of training of membership function is done in
ANFIS.

10. CONCLUSION
In isolated systems, the use of SEIG offers many
advantages over a synchronous generator. It is desirable
that the cost of an isolated system should be low so the cost
of power produced from it can be afforded by the poor
community residing in an isolated area. Use of induction
generator instead of synchronous generator can reduce the
cost of the system considerably. This paper presented a
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comprehensive literature review on important aspect of
SEIG such as the process of self excitation and voltage
build up modeling, steady-state and transient analysis,
reactivepower/ voltage control, and parallel operation. It is
expected that better methods of reactive power/voltage
control techniques will make the SEIG more suitable for
isolated applications. Substantial progress has been made in
the induction generator, particularly self-excited induction
generator research covering analysis, simulation, and
hardware development and testing. However, many
problems and issues, especially those related to the
development of protection schemes, efficient fault analysis
tools, etc. still need to be addressed to brighten the prospect
of broad industrial application of the induction generator
technology for electric power generation utilizing nonconventional energy resources.
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Abstract: In last few years, flash based solid state memory
device have grown tremendously in popularity,portability
andcapacity. Nowadays, flash memory technology is widely
used because of its low power consumption, small size,
high density and non-volatilecharacteristic. Flash memory
is employed in wide range of application. By analyzing its
advancements in decreasing cost and increasing capacity,
it’s very likely that flash memory will soon replace all
major memory devices. This paper will cover some details
about its origin, working,and future aspects.

1. INTRODUCTION
In the present scenario, memory devices are under
immense pressure to become compact in size, demand less
power and store more and more data. They are required to
meet the needs of the modern electronic devices which can
be applicable within the auto sector, mobile phones and
portable devices.
Flash memory is a fast-growing and a diversified memory
storage solution with a wide range of applications. Flash
memory is now a powerful and cost-effective solid-state
storage technology which is being widely used in mobile
computing and other consumer applications offering
substantial performance improvements relative to disk. The
two dominant varieties of flash memory used in the
portable electronic devices are the NAND Flash and the
NOR Flash.

2. ORIGIN
Flash memory basically originated from NVRAM. Nonvolatile random-access memory (NVRAM) is a randomaccess memory that is non-volatile means it retains its
information when power is turned off. The latest and bestknown form of NVRAM memory is flash memory. With
the introduction of floating gate transistor, there was a huge
advancement in NVRAMtechnology [1]. It led to the
introduction of erasable programmable read-only memory
(EPROM). The basic requirement of EPROM was that it
required UV light for its erasing and reprogramming. Soon
this disadvantage was removed by the introduction of
electrically erasable programmable ROM (EEPROM). As
its name suggests EEPROM can be electrically erased and
programmed.The term "EEPROM" is used for non-flash

EEPROM which is erasable in small blocks, typically
bytes. Then came widely used flash memory which
originated from EEPROM and must be erased in much
larger blocks before rewriting with new data[2].
Flash memory (both NOR and NAND types) was invented
by Dr. FujioMasuoka while working for Toshiba circa
1980. According to Toshiba, the name "flash" was
suggested by Dr. Masuoka's colleague, Mr. ShōjiAriizumi,
because the erasure process of the memory contents
reminded him of the flash of a camera. As erase cycles are
slow and flash memory uses large block sizes for erasing, it
has faster speed as compared to traditional EEPROM when
writing large amount of data. Thus faster and cheaper flash
memory has now become the dominant memory type
wherever SSDs are required[3].

3. STRUCTURE OF MEMORY CELL
The flash memory is the array of memory cells used to
store the data. The basic building blocks of the flash
memory are the Floating Gate MOSFETs. The Floating
Gate MOSFETs has the unique capability of retaining the
data even when the power is not supplied. The flash
memory has a secondary gate known as the control gate
which is deposited over the floating gate and is electrically
insulated with silicon-di-oxide. Each FGMOS cell
resembles the standard MOSFET except it has two gates
instead of one. The new gate called the floating gate is
insulated all around by the oxide layer. Due to this the
electrons placed over the floating gate get trapped and will
not discharge.

4. WORKING
The main abstract behind the working of the flash memory
is to alter the placement of electrons in the floating gate.
This is done by applying an electric charge usually around
10 to 13 volts to the floating gates. This charge comes from
the bitline which enters the floating gate and drains out to
the ground[4].
In this phenomenon, the floating gate transistor acts like an
electron gun which pushes the excited electron. These
electrons get trapped on the thin oxide layer which acts as a
barrier between the control gate and the floating gate. A
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special device called cell sensor monitors the electron
charge level. The value of gate is logic “1” when the flow
is above 50 percent threshold and it becomes logic “0”
when the charge passing through the gate drops below 50
percent threshold. All the gates of the EEPROM are fully
open giving each cell a value “1” .The concept of flash
memory is not further divided under two broad
technologies namely NOR Flash and NAND Flash.

while the NAND Flash was developed with the initiative to
provide high density data storage, achieve smaller cell size
and reduce the cost per bit.

NOR Flash:
The NOR gate flash has one end connected directly to
ground while the other end connected to the bitline. When
the wordline is brought high, the storage transistor forces
the bitline to low.
The default state of NOR Flash is equivalent to the binary
“1” because under an appropriate voltage to the control
gate makes the current flow through the channel. The
programming of the NOR Flash cell means to set its value
to binary “0” value. This can be doneby applying a typical
voltage by developing the source-drain current sufficiently
high via hot-electron injection process
Modern NOR Flash memory chips has the capability to
erase the stored data. To erase a NOR Flash cell a high
voltage is applied between the control gate and the source
terminal dragging the electrons off the floating gate. The
operation of erasing the data is done on a block wise basis
in which a segment of cells is erased together[5].
It is flexible to use NOR Flash cell because it can perform
‘one byte at a time.

NAND Flash:
The NAND Flash came into practice with the idea to
increase the random access capability in smaller cell size.
NAND Flash memory cell resembles a NAND gate in
which an array of eight transistors is connected in series.
This serial-linked group of transistor leads to an extra level
of addressing which includes bit level addressing used to
access only a single bit at a time. This serial-linked group
of transistor leads to an extra level of addressing which
includes bit level addressing used to access only a single bit
at a time. Bit level addressing is used in various
applications which access only a single bit at a time. On the
other hand this provides the feature to access every bit in a
word simultaneously.

NOR VS NAND:
NOR Flash contains an internal circuit having individual
memory cells connected in parallel. This configuration is
ideal for low density and high speed read applications

In physical description, smaller transistors are used in
NAND architecture so that each transistor has to pass only
a small amount of current. The cell size of NAND Flash is
half the size of the NOR cell due to its efficient
architecture. This provides high density data storage on a
given die size. The NAND Flash is based on the single
level cell technology which includes memory cells
expressed by a high or low voltage level. Under this
technology a single cell can hold more than one bit of
information but this reduces the transfer speed and higher
power consumption.
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From the technical point, NOR Flash has dedicated address
and data lines in a full memory mapped random access
interface.
In terms of power consumption in much write-intensive
application, NAND Flash will consume significantly less
power. NAND flash technology was developed to optimize
high density data storage reducing chip size and lower costper-bit.

The main drawback of flash memory is Flash Memory
Wear that is, it has finite lifetime and can go through finite
number of write cycles. The speed at which SRAM and
DRAM access data is far better. If researchers are able to
find its solution, flash memory has great future ahead.
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7. REFERENCES
From the various predictions about favorable changes in
cost and performance, it is very likelythat flash memory or
some other type of it will soon replace hard drives. INTEL
cofounder GordonMoore gave the famous Moore's
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since the integrated circuit was invented and this trend will
continue in everlasting future[6]. This is very well
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Abstract: OFDM has several properties which make it an
attractive modulation scheme for high speed transmission
links. Powerful channel equalization is not needed to
combat ISI and if differential modulation is applied, no
channel estimation is required at all. Thus, the complexity
of OFDM systems can be much lower compared with a
single carrier transmission system. One major difficulty
about OFDM is its large peak-to-average power ratio
(PAPR) which distorts the signal if the transmitter contains
nonlinear components such as power amplifiers (PAs).
This nonlinear distortion becomes another interference
source that further degrades system performance. In order
to mitigate the nonlinear distortion, the PAs can be
operated with a large backoff but this makes the PAs
inefficient. In this paper a new concept of power sharing
has been used to reduce the effect of PAPR to improve the
performance of OFDM system.
Keywords: SLM Selected Mapping, OFDM, PAPR.

1. INTRODUCTION
High speed data transmission is a challenging problem in
wireless communications. The major difficulty is the
intersymbol interference (ISI) Caused by multipath fading.
Orthogonal frequency division multiplexing (OFDM) has
attracted a great deal of attention due to simple power
equalizer structure to combat the ISI, To acquire the
channel state information (CSI), Pilot - tone – assisted
modulation (PTAM) is commonly employed whereby
training pilots or pilot tones are inserted in the time or
frequency of the OFDM symbols. Orthogonal frequencydivision multiplexing (OFDM) provides a mechanism for
parallel transmission in which available bandwidth is
divided into several subcarriers and data is transmitted
through each subcarrier at a lower rate. OFDM is very
effective in combining frequency- selective fading in
mobile channels [1].It provides easy equalization and
strongly reduces intersymbol interference [1].
The major drawback of the OFDM system is the large
dynamic range of its symbol waveforms, which requires
power amplifiers to support signal with large peak to
average power ratio (PAPR) [2]. When the signal from

different subcarriers add constructively, spurious highamplitude peaks occurs, and the amplitude of the overall
OFDM symbol can be as high as N times that a signal
carrier, where N is the number of subcarriers. In the
absence of PAPR – reduction techniques the signal is
clipped, making the receiver prone to errors.
Many solutions to solve this problem have been proposed
[2]. They can be grouped into three classes; block coding
method [3], [4], Clipping effect transformation method
[5][6], and probabilistic methods [7]-[10]. Recently, most
of the attention has focused on probabilistic methods,
which are based on the nation of providing multiple
representations for the OFDM symbol and selecting the one
with the lowest PAPR.
Due to large number of subcarriers, OFDM systems have a
large dynamic signal range with very high peak – to –
average power ratio (PAPR). As a result, the OFDM signal
will be clipped when passed through a non –linear power
amplifier at the transmitter end. Clipping degrades the bit –
error rate (BER) performance and causes spectral spreading
[8] [9]. [13] shows a basic block diagram of an OFDM
transmitter and its receiver. Let x = [ x0 , x1 ,..., xN −1 ]
denote a vector of 2N-dimensional (2N-D) constellation
points. This vector is selected from a set of N identical 2-D
T

sub constellations {s1 ,..., sK } , and it is transmitted by
using one OFDM vector of size N.
The peak power to the average envelope power of the
signal as
PAPR ( y ) =

|| y ||2∞
1
E y [ || y ||2 ]
N

(1)

The 2-D constellation points {x0 , x1 ,..., xN −1} may add
constructively and produce a time-domain signal with large
amplitude. Thus, the output signal Y may have high output
levels, which leads to the requirement of an expensive
analog front end.
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Usually, the level of the amplitude fluctuation of the
discrete time OFDM Signal is measured in terms of the
ratio of side information to be sent to the receiver would be
more suitable to future OFDM systems.
The continuous-time PAPR is typically estimated by the
discrete- time PAPR by employing the IFFT of length LN
for the zero-padded sequence of length LN derived from
the sequence

{x0 , x1,..., xN −1}

yn =

Therefore

L
LN

in [1] [11] - [12].

L N −1

∑

x k' e

j 2π ( nnk / LN )

k=0

(2)

where

x ={
'
k

.Therefore, the transmission rate is related to the number of
subcarriers in the OFDM system. This rate is unacceptable,
because it is usually higher than the required value.
Therefore, a subset of the points inside the shaped
constellation are selected for transmission such that they
form a constellation with the desired rate. Also, the
selected points should be uniformly distributed in the
original Hadamard constellation in order to maintain the
same peak as well as average energy values (assuming
continuous approximation). Note that the Hadamard
constellation is called the root constellation for the
aforementioned set of the uniformly distributed points in
the following. There is an isomorphism between the integer
set
n−1

S ={0,1,....,2n2 −1}

xk ,

fo r k < N

0,

fo r k ≥ N

(4)
and the set of the points within the Hadamard constellation.
(3)
In the case the constellation points form a subgroup of the
Hadamard constellation points (uniformly distributed
subset). It is straightforward that the average energy per
each dimension of the Hadamard constellation is
1 22n − 1
n
(5)
.
E ave   =
n
 2  12 2

and L is the oversampling factor.

2. REVIEW OF PREVIOUS WORK
A. A Conventional SLM Scheme
The conventional SLM scheme is one of the well known
PAPR reduction schemes for the OFDM system, which
does not cause the in-band distortion and the out-of-band
radiation [16]. In this scheme, U alternative input symbol
sequences are generated by the component. Clearly, as U
increases, the amount of PAPR reduction for the OFDM
signal sequence becomes larger. But, for large U the
computational complexity becomes too high mainly due to
the U IFFTs.

Therefore, the constellation has the same energy as in (8);
however, the distance among the points is increased by a
factor of

2n − 2 r .Where r is the transmission rate.

Therefore
Eave ( r ) =

Note

1

2

n−2r

that

n
Eave   .
2

the

average

(6)

energy

in

(6)

is

(2(2 n ) − 1) /(2 (2 n ) ) × (2(2 r ) /(2 (2 r ) − 1)) times the average energy of

B. Modified SLM Scheme with low- Complexity
[17] a modified SLM scheme is proposed and shown to
have lower computational complexity than the
conventional SLM scheme when both schemes have the
similar PAPR reduction performance.
In order to achieve large PAPR reduction the modified
SLM scheme has proposed for OFDM system, which
considerably reduces the computational complexity while it
maintains the similar PAPR reduction performance
compared with the comparable conventional SLM scheme.
The performance of the proposed scheme is numerically
confirmed for the OFDM system proposed in the IEEE
802.16 standard [17]. Since the computational complexity
reduction ratio increases as the numbers of sub carriers and
binary phase sequences increase, the proposed scheme
becomes more efficient for the high data-rate OFDM
systems.[13] shows that the size of the Hadamard
constellation for a 2n x 2n Hadamard matrix is

the equivalent constellation in an OFDM system employing
QAM signaling with the same transmission rate. This
justifies earlier claim that the average energy remains
almost constant.
[14] PAPR of an OFDM signal using the Hadamard
constellation with different numbers of block length N. The
effect of the constellation size is also investigated. It is
observed that the achieved PAPR is rather insensitive to the
constellation size.The symbol-error rate (SER) of the
proposed method and that of a conventional OFDM system
are compared in a conventional OFDM system with
different subcarriers, The time-domain samples can be
approximated by zeromean Gaussian random variables,
based on adopting the central 5By using 16-QAM in a 128channel OFDM system, there are 16128 =24x128 constellation
points.
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Therefore, the amplitude of these samples has a Rayleigh
distribution, and the CCDF of the PAPR of the OFDM
signal
can
be
approximated
as
follows[14]−γ N
P{PAPR ( y ) > γ } = 1 − (1 − e ) . (7)

C. Modified SLM scheme with low complexity
[21 The OFDM technique divides a high-rate data stream
into a number of low-rate streams. Each low-rate stream is
transmitted simultaneously over a number of orthogonal
subcarriers. The complex baseband OFDM signal can be
represented as
x(t ) =

1
N

N −1

∑X

n

exp( j 2π n ft ),

n =0

0 ≤ t ≤ T

(8)

where Xn is the data symbol carried by the nth subcarrier, ∆f
is the frequency difference between subcarriers, T is the
OFDM symbol duration, and N is the number of
subcarriers. To ensure that all the subcarriers are
orthogonal each other, the OFDM symbol duration should
be T=1/∆f , i.e., the inverse of the frequency spacing of
subcarriers.With these notations, the sampling period of the
time-domain transmitted signal can be expressed by
Ts=T/N . For an OFDM system, the transmitter and
receiver can easily be implemented by the IFFT and fast
Fourier transform (FFT), respectively. The PAPR of the
transmitted OFDM signal in (1) can be defined as max |
x(t)|2
0≤ t≤T
(9)
PAPR =
E [ x(t) 2 ]

Usually the OFDM signal is processed by digital signal
processors, field-programmable gate arrays, or some
specific digital circuits; therefore, we will express it in
discrete time. If we sample x(t) by a sampling rate of 1/Ts ,
we may miss some signal peaks and get optimistic results
for the PAPR. For better approximating the true PAPR in
the discrete-time case, we usually over sample x(t) by a
factor of , i.e., the sampling rate is L/TS. It was shown in
[15] that an over sampling factor of four is sufficient to
approximate the true PAPR.

multiplication) of the data vector X and ith phase rotation
vector γi as follows: S i = [b0(i ) X 0 , b1( i ) X 2 ,..., bN( i −) 1 X N −1 ]T
= Ri X
(10)
where
 b0( i )

0


(i )
b1


Ri = 

O


 0
b N( i −) 1 
M
is referred to as the phase rotation matrix corresponding to
the phase rotation vector γi. set of transmission candidate
signals si can be generated by performing the IFFTs of the
frequency-domain vectors Si, where i=1,2,…M . [17].
shows a performance comparison in PAPR reduction of the
second proposed SLM scheme and the conventional one.
The second proposed SLM scheme produces two sets of
candidate signals. We can see that both schemes reach
almost the same PAPR reduction performance, which is
better than that of the first proposed scheme.

3. SYSTEM MODEL
Single Cell Concept
The effect of peak to average power ratio problem is a
serious disadvantage of the OFDM system may result call
drop and finally decreases a cell performance. Since, in
OFDM system total spectrum is divided in to a large
number of subcarriers. Suppose, subscriber is moving from
base station to footprint, SNR level will continuously
decreases. As soon as, subscriber crosses the reference
boundary of a cell and tend towards the critical boundary,
the weak SNR level of channel of that subscriber may be
effected due to spurious occurrence of very high and low
amplitude peaks (due to effect of PAPR) and multipath
fading may result call in drop.

In the SLM approach M, statistically independent
sequences are first generated from the same data sequence
and then the one with the lowest PAPR is selected for
transmission. Let the data sequence be expressed as an Ndimensional vector X=[X0,X1,.......XN=1],T the ith phase
rotation vector be denoted by γ i
where the nth element b n( i ) = e

= [b0(i ) , b1(i ) ,..., bN(i −) 1 ]T ,
jθ n( i )

with a random-

generated phase θ n ∈ [0, 2π ) . Then we can generate the
frequency-domain version (vector Si) of the ith candidate
signal by performing array multiplication (carrier-wise
(i )

Fig. 1: Block diagram of system model
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Fig. 4: SNR Level, before sharing of power with in a cell

4. CONCLUSION

Fig. 2: Before Sharing a power

In all the PAPR reduction techniques, it is seen that PAPR
problems are not reduced completely and so is with the
case of its effects. This finally causes call drop of weak
SNR which usually occurs beyond the reference boundary.
A survey shows that about fifteen percent of call drop
occurs due to the very reason. This paper proposes a new
technique to reduce the effect of PAPR of OFDM system.
The proposed method is based on the dynamic power
sharing within the cell. An optimum SNR is maintained to
reduce call drops to zero and finally system performance is
enhanced.
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Abstract: In this paper micro-strip line feed antenna is
studied and the basic designs of a micro-strip line feed
patch antenna are presented. This design is simulated
using CST Microwave Studio 2010 software based on
given operating frequency at 5.8GHz. The material FR4
with dielectric constant of 4.4 and substrate height of
1.570mm is used. The results are analyzed and discussed in
terms of return loss, bandwidth, gain, directivity.
Keywords: Micro-strip line feed antenna, return loss;
bandwidth; gain; Radiation pattern; Single feed Single
frequency; Efficiency; CST2010 Microwave Studio.

1. INTRODUCTION
Wireless communication’s demand is increasing day by
day. Today world's communication depends on wireless
links, without it, on the move communication in not
possible. Cellular systems have experienced exponential
growth over the last decade. So, there are around two
billion users worldwide. Thus cellular phone has become a
critical business for many people to earn money. Wireless
networks are more popular today than wired networks,
because wired network are of more cost and difficult to
establish. Thus wireless communication is most popular in
today's world. So, different antennas are used to cover
bands for wireless communication [1].

In this type of antenna, a conducting strip is connected
directly to the edge of the Microstrip patch as shown in Fig
1. The conducting strip is smaller in width as compared to
the patch and this kind of feed arrangement has the
advantage that the feed can be etched on the same substrate
to provide a planar structure [2]-[3].

2. MICRO-STRIP LINE FEED ANTENNA
DESIGN AT 5.8GHZ WITH DIFFERENT
PATCH SHAPES
A. Rectangular patch
In presented design the radiating rectangular patch is
printed on the top of the substrate and feed line is also
given at top and combined with patch. The dimensions of
patch are width Wp is 14mm and length Lp isv11.34mm.
Substrate used is of same material i.e. FR4 (4.4) and have
same height (h=1.570mm). The width of the feed line is
1.2mm and towards the patch axis along the negative ydirection is -5.65mm. The design of antenna from
CST2010 Microwave studio is shown in Fig. 2.

A. Microstrip Line Feed antenna

Fig. 2 Design of rectangular-patch antenna

Fig. 1 Microstrip Line Feed

1) Simulation and experimental results of design: The
designed antenna shows good bandwidth of 155MHz
(5.719-5.874) at return loss of -33.215dB, resonates
efficiently at 5.8GHz frequency with impedance of 50
ohms. The simulation result of return loss is shown below
in Fig.3.
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Fig. 3 Result of Return loss

Fig. 6 Result of Return loss

The result for radiation pattern is given below in Fig. 4.

Fig. 7 Gain of circular patch

Fig. 4 Gain of rectangular patch

B. Circular patch

C. Triangular-patch

The dimensions of patch are the outer radius of circle is
6.709mm and inner radius is 0.Substrate used is of same
material. The width of the feed line is 0.56mm and towards
the patch axis along the negative y-direction is -5.65mm.
The design of antenna is shown in Fig. 5.

The dimensions of patch are the top radius of triangle is
8.61mm and bottom radius is 8.61mm. Substrate used is of
same material. The width of the feed line is 1.2mm and
towards the patch axis along the negative y-direction is 4.3mm. The design of antenna is shown in Fig. 8.

Fig. 5 Design of circular patch antenna

Fig. 8 Design of triangular-patch antenna

1)Simulation and experimental results of design: The
designed antenna shows bandwidth of 128MHz (5.7365.864) at return loss of -34.07dB, resonates efficiently at
5.8GHz frequency with impedance of 50 ohms. The
simulation result of return loss is shown below in Fig. 6
and radiation pattern in Fig. 7.

1) Simulation and experimental results of design: The
designed antenna shows good bandwidth of 102MHz
(5.745-5.848) at return loss of -30.35dB, resonates
efficiently at 5.8GHz frequency with impedance of 50
ohms. The simulation results of return loss is shown below
in Fig. 9 and gain in Fig.10.
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Fig. 9 Result of Return loss
Fig. 12 Result of Return loss
Table I. Comparison of gain and directivity using
different patches

Fig. 10 Gain of triangular patch

Parameters

Rectangular
patch

Circular-patch

Trian
gularpatch

Pentagon
al-patch

Frequency
(GHz)

5.8

5.8

5.8

5.8

Gain(dB)

8.561

8.488

8.139

8.732

Directivity
(dBi)

6.639

6.598

6.566

6.618

D. Pentagonal- patch
The outer radius of circle is 7.76mm and inner radius is
7.76.Substrate used is of same material. The width of the
feed line is 0.6mm and towards the patch axis along the
negative y-direction is -6.25mm. The design of antenna is
shown in Fig. 11.

3. CONCLUSION AND FUTURE SCOPE
The designed micro-strip line feed antennas using different
patches efficiently resonates at frequency 5.8GHz and
gives good return loss with impedance matching at 50
ohms. The designed antennas give directivity and gain are
compared in above table1 at 5.8GHz. A good agreement
between the measured and the simulated results is obtained.
The return loss and impedance can be improved by
increasing the length or decreasing width of the micro-strip
feed line and variation in patch shifts the frequency.
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Fig. 11 Design of pentagonal-patch antenna
1) Simulation and experimental results of design: The
designed antenna shows good bandwidth of 135MHz
(5.728-5.863) at return loss of -26.04dB, resonates
efficiently at 5.8GHz frequency with impedance of 50
ohms. The simulation results of return loss is shown below
in Fig.12.
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Abstract: A simple rectangular microstrip antenna on
defected ground plane for improved bandwidth is
investigated with a view to develop an actual physical idea into
the phenomena. The simple single element probe fed
rectangular microstrip antenna fabricated on conventional
substrate have many advantages except its narrow
bandwidth. The present study proposes the technique to
control the resonant modes of a microstrip antenna for
improving the bandwidth of conventional patch antenna. A
solid metallic block along the width of the patch is
introduced centrally on the conventional flat ground plane
to produce defect on the ground plane. The present antenna
is designed to fabricate on such defected ground plane and
has been compared with conventional structure and around
5-6% improvement in bandwidth is revealed. The electric
surface current distribution over the patch surface for both
the conventional and proposed antenna has been studied to
explain the broad banding effect physically.

elements or active elements. The general concept in these
broadband slot cut microstrip antenna is that when these
slot length equals either half wavelength or quarter
wavelength then it introduces modes near the fundamental
mode resonant frequency of the patch which may be
attributed for broader bandwidth. However, all these
techniques suffer from the problem of poor radiation
characteristics, complexity and enlarged element size as
reported in [8].

L

Patch

Keywords: Broad Bandwidth; Ground Plane; Rectangular
Microstrip Patch.

Metallic
Block

W
Ground
Plane

1. INTRODUCTION
Microstrip antennas are gaining popularity day by day. It
has wide scope in wireless and mobile communication
systems. A microstrip patch antenna is a low profile
antenna and has several advantages over conventional
antenna. A conventional rectangular patch antenna etched
on a grounded substrate give 2-3% bandwidth. Different
techniques have been reported to increase the bandwidth
and reduce the size of microstrip patch antennas such as
increasing the thickness of dielectric substrate, decreasing
dielectric constant [1], slot-loading [2], feed modification
[3], chip loading [4], stacked shorted patch [5], using
parasitic patches [6]. One recently reported structure [7]
proposed that the microstrip antenna with conical horn
gives high gain like 11 dBi but with 6% band width.
In the single layer microstrip antenna, wideband gain
operation can be achieved by utilizing the multi resonance
characteristics of single stubs, by using shorting posts, by
reactively loading, by cutting slots, and by adding lumped

(a)

hr
lr

(b)
Fig. 1: Schematic diagram of the proposed antenna (a)
Top view of conventional ground plane with a metallic
block and patch, (b) Side view of the structure
Several group of researchers have introduced a new
concept in microstrip antenna technology, which includes
the cutting of slots of different shapes and sizes on
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impedance bandwidth of 290 MHz i.e in the range of 7.06
GHz to 7.35 GHz. But in case of proposed antenna it
resonates at 11.07 GHz with an impedance bandwidth of
1170 MHz i.e in the range of 10.62 GHz to 11.79 GHz.
Thus it is clear from Fig. 2 that the proposed antenna yields
a fractional bandwidth of 11% where the conventional
antenna using same patch dimension gives only 4%.

0
-2
-4
-6
-8
S11 in dB

conventional flat ground planes which in fact gives
defected ground structure. But all these articles [9], [10]
dealt with improved cross polarized radiation and hence we
refrain from giving much reference here. Another recently
reported work proposes cupped ground plane microstrip
antenna for low cross polarized radiation [11] by
introducing defect at the edge of ground plane. But, in this
present work we have introduced defect in entirely
different way i.e by placing a metallic block on the flat
ground plane along the width of the patch as shown in Fig.
1. The present antenna with PTFE substrate on such
defected ground plane which gives around 11% impedance
bandwidth. The proposed structure is very simple and easy
to fabricate.
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Fig. 3: Return loss profile for dominant TM10 and
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for different values of lr
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Fig. 2: Return loss profile of the conventional antenna
and the proposed structure

2. ANTENNA GEOMETRY
A rectangular microstrip antenna with length L= 12 mm
and width W = 17.85 mm is shown in Fig. 1 (top-view of
the patch and side view of whole antenna structure). A
dielectric substrate of thickness h =1.58 mm and relative
permittivity of εr = 2.33 is sandwiched between the patch
and ground plane. A metallic block of length lr= 5.5 mm
and height hr=1.5 mm is introduced on the ground plane to
produce defect. When this antenna is fed with coaxial
probe at proper feed location (x’, y’), the structure becomes
radiating. The ground plane dimension for the present
investigation has been chosen to 1.5λ X 1.5λ.

3. RESULTS AND DISCUSSIONS
Simulated results are obtained for the characteristics of the
proposed antenna in its whole operating band. Fig. 2 shows
the complete return loss profile of the conventional antenna
and also compared with the proposed antenna. It shows that
the conventional patch resonates at 7.23 GHz with an

If we put a metallic block of length lr and height hr on the
ground plane along the centre of the patch (along its width)
as shown in Fig. 1, then the resonant frequency of
dominant TM10 is unaltered while that for second higher
order mode TM20 decreases than its conventional value. As
seen from Fig. 2, the resonant frequency of dominant TM10
mode is 7.23 GHz. Thus, it is expected to get an another
higher order mode TM20 nearly at 14 GHz. But in the
proposed structure the higher order mode TM20 resonates at
10.5 GHz.
Now, when we increase the length of the metallic block lr,
keeping its height hr unaltered, it is seen that the resonant
frequency of second higher order mode does not vary but
that for 1st order dominant TM10 increases gradually. In this
way, when the resonant frequency of dominant mode TM10
merges with of second higher order mode, the resultant
return loss profile yields broader bandwidth (around 11%).
The fact is evident from figure 3.
Fig. 4 shows the radiation characteristics of the proposed
antenna in the entire band of operation i.e. from 10.62 GHz
to 11.79 GHz. It is found that the radiation characteristics
over the entire band are similar except some changes in
peak gain. It is evident from Fig. 4 that, the directive gain
of the proposed structure at 10.7 GHz is 7.42 dBi. Then, as
we move in the higher side of the spectrum, the directivity
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increases up-to 8 dBi. It is expected, as we know that the
gain increases with frequency. It may also be noted that the
cross polarized radiation at 10.7 GHz is more than that in
other frequencies within its band. However, the change in
directive gain of the proposed antenna is very nominal in
its operating band. Thus, it may be concluded that the
proposed antenna possesses the gain bandwidth of 11%.

with broader bandwidth. The proposed antenna is having
nearly constant radiation pattern and peak gain throughout
its operating band. Some initiatives are still required to
reduce the cross polarized radiation of such antenna.
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4. CONCLUSIONS
A simple single element rectangular microstrip antenna on
simple defected ground plane for improved bandwidth is
proposed. Complete variation of return loss profile along
with the radiation performance is depicted which will help
the scientist, research community and practicing engineers
to design and develop low cost simple microstrip antenna
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Abstract: A Half U-Slot loaded Rectangular Microstrip
Patch Antenna on Mushroom-like Electromagnetic Bandgap structure at 10 GHz is studied. Enhancement of
Bandwidth and minimization of Return loss of Rectangular
Microstrip Patch Antenna with this type of structure is
achieved and all this is shown in simulated results.
Bandwidth enhancement of this Antenna is about 28.7%
and Return loss of the Antenna is dramatically reduced to 55 db from -12.9 db (in the case of simple Rectangular
Microstrip Patch Antenna).
Keywords: Broad-band, Electromagnetic band-gap
structure, Half U-Slot, Rectangular Microstrip Patch
Antenna (RMPA).
1.

INTRODUCTION

optimized one. While designing the Antenna using Ansoft
HFSS it was seen that parameters of the Antenna that are
length, width and thickness play very important role, as
length of the slot controls the Resonance frequency of the
Antenna[1]. Band-width of the Antenna increases with
increasing the width of the slot. Matching of the Antenna is
controlled by thickness of the slot and Band-width is least
affected by thickness. When Half U-slot of the optimized
values is introduced then Bandwidth of the Antenna is
increased and Return loss is also improved, when simple
continuous ground plane is there. When Mushroom-like
E.B.G replaces the simple continuous ground plane then
performance of Antenna is better than Half U-Slot loaded
RMPA and conventional “Rectangular Microstrip Patch
Antenna on E.B.G substrate” [4] in terms of Bandwidth
and Return loss.

Microstrip patch antenna is extensively used Antenna
because of its various intrinsic worth like small size, low
profile, simple fabrication, low cost etc. Conventional
shapes for Microstrip patch Antenna that are used widely
are Rectangular, Circular and Triangular. In this Paper
Rectangular shape microstrip patch antenna [2] is
considered as a reference Antenna. Since microstrip patch
antennas suffer from many disadvantages like; Narrow
Bandwidth, Low Gain, surface wave propagation etc. Many
papers are there to improve Bandwidth and Return loss.
Half U-slot loaded RMPA can be used to improve
Bandwidth [5], [6], but Return loss is not much improved.
When ground plane of the Half U-slot Antenna is replaced
by E.B.G. structure Bandwidth and Return loss both are
improved. This antenna “Half U-Slot loaded RMPA on
Electromagnetic Band Gap Structure” provides better
Results in terms of Bandwidth and Return loss as compare
to “Half U-slot loaded RMPA” and Simple RMPA on
E.B.G. substrate [4] at 10GHz.
2.

Fig. 1: Rectangular Microstrip Patch Antenna.

DESIGN OF THE ANTEENA

First of all a Rectangular Microstrip Antenna [2] is
designed as a reference Antenna, as shown in Fig 1. Next
half U-Slot is cut in the Rectangular Microstrip Patch, as
shown in Fig 2. The Dimensions of the half U-slot are the
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Fig. 2: Top View of Half- U –Slot Microstrip Patch
Antenna.
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Mushroom-like surface [3] is shown in Fig.3. Design of
Antenna with Mushroom-like E.B.G. structure as a ground
plane can be done using lumped LC model, since
periodicity (W+g) is smaller than the operating Bandwidth.
The impedance of a parallel resonant LC circuit is given
by:

Z=

jωL
1 − ω 2 LC

Substituting (3) and (4) into (1) and (2), the surface
impedance and resonant frequency can be computed.
Complete Antenna structure i.e. Half U-Slot loaded
Rectangular Microstrip Patch Antenna with E.B.G is
shown in Fig.5.

(1)

The resonance frequency of the circuit is calculated as
following:

ω0 =

1
LC

(2)

Near the resonance frequency ω0, high impedance is
obtained and the EBG does not support any surface waves,
resulting in a frequency band gap. Finally, the edge
capacitance [3] for the narrow gap situation is given by the
following equation:

C=

W ε 0 (1 + ε r )

π

cosh −1 (

W +g
)
g

Fig. 5: Complete Antenna Structure (Half U-Slot
Loaded Rectangular Microstrip patch with EBG
3.

(3)

The value of the inductor is derived from the current loop
in Fig.4, consisting of the vias and metal sheets. After a
simple derivation, the inductance [3] is expressed as below,
which depends only on the thickness of the structure and
the permeability:
(4)
Z =µh

Design specifications of Half U-Slot loaded Rectangular
Microstrip Patch Antenna with Mushroom-like E.B.G.
ground plane at 10 GHz are as follows:
Patch length (L) = 8.8 mm,
Patch width (w) = 10.8 mm,
Half U-Slot length (L1) = 2.5 mm,
Half U-Slot width (W1),
Half U-Slot thickness (T) = 0.3 mm
For E.B.G. ,
Patch width (W) = 4 mm,
Gap between patches (g) = 1mm,
Radius of the via (r) = 0.15 mm
Rogers RT / Duroid were used as a substrate, which have
dielectric constant of 2.2.
Height of the substrate (h) = 2.4 mm
4.

Fig. 3: Mushroom Like EBG Structure.

Fig. 4: Mushroom Like EBG Structure.

DESIGN SPECIFICATION

RESULTS AND DISSCUSSIONS

When we used calculations given in section II, “Half USlot loaded Rectangular Microstrip Patch Antenna was
designed on E.B.G. Structure”. Initially a simple
Rectangular Microstrip Patch Antenna was designed on
RT/ Duroid substrate of 2.4 mm thickness (or height) with
resonant frequency of 10 GHz. It is seen from Fig.6. , the
Return loss for conventional RMPA is -12.9 db at 10 GHz
Resonant frequency . Now a half U-slot is cut on
Rectangular Patch positioned near probe feed. The slot
loading changes flow of current lines around probe. The
Resonant frequency shifts towards lower side (9.76 GHz)
of spectrum due to increased path length of current lines
distributed by half U-slot. This phenomenon is clearly
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verified from Fig.7 that resonant frequency is 9.76 GHz
and Return loss at this frequency is -25.46 db.

Loaded RMPA, similarly for present design Bandwidth and
Relative Bandwidth are 850MHz and 8.86% respectively.

Fig.8 shows -55 db Return loss of “Half U-slot loaded
RMPA on E.B.G. structure” at 9.3 GHz Resonant
frequency. Thus the Return loss of proposed Microstrip
Patch Antenna is 326.35% less compare to conventional
RMPA and 116% less compare to “Half U-slot loaded
RMPA”. We can calculate the 10db Bandwidth from the
plot of return loss. At -10 db point Bandwidth and Relative
Bandwidth are 660 MHz and 6.59% respectively and at the
same point of Return loss Bandwidth and Relative
Bandwidth are 710 MHz and 7.3% for Half U-slot

Fig.9 shows comparison of Conventional RMPA, Half Uslot loaded RMPA and Half U-slot loaded RMPA on
E.B.G. structure. Bandwidth of the for “Half U-slot loaded
Rectangular Patch Antenna on E.B.G. structure” is 0.19
GHz(28.7%) more than Rectangular Microstrip Patch
Antenna [2] and 0.14 GHz (19.7%) more than “Half U-slot
loaded RMPA”. Hence, it can be said this Antenna is
giving broad Bandwidth and minimum losses as compare
to conventional RMPA and Half U-slot loaded RMPA.
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S.
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01
02
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10 db
Band
Width

[1]
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[2]

-25.46 db 0.71GHz

[3]

-55 db

[4]

Resonant Return
frequency loss
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Patch Antenna.
Half U-Slot loaded
Rectangular Microstrip
9.3 GHz
Patch Antenna on
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5. CONCLUSION
The Patch Antenna is widely used in today’s
communication. In this Paper our ultimate goal is to design
a modified RMPA with physical dimensions same as of
Conventional RMPA at 10GHz. It is clear from Figure 9
and Table. I that present design provide better Results as
compare to Conventional RMPA and Half U-slot loaded
RMPA. In future, real time implementation of the proposed
Antenna can be done.
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Abstract: In this paper the microstrip line feed technique is
used in the proposed microstripantenna. This proposed
antenna has higher bandwidth compared to simple
microstrip patch antenna with similar dimensions. Here,
plus microstrip patch antenna works on single band
characteristics. The band is lies between 2.677 GHz to
3.279 GHz and it resonates at 2.978 GHz and its
bandwidth is 20.21%. In this proposed antenna the
geometric parameters are investigated for best
performance and characteristics of the proposed antenna
are simulated by using IE3D simulation software. The
simulated result shows the proposed antenna used for
WLAN, WiMAX and WISP Applications.
Keywords: microstrip antenna, microstrip feed line, finite
ground plane, return loss, IE3D.

1. INTRODUCTION
Microstrip or patch antennas are becoming increasingly
useful because they can be printed directly onto a circuit
board. The microstrip antenna is composed of patch
substrate and ground plane. The patch and ground plane are
very thin metal disk. Dielectric substrate is between the
ground plane and high frequency electromagnetic field is
simulated between the ground and patch and radiation
occurs due to fringing field[1]. Microstrip antennas have
several advantages compared to other bulky type of
antennas. Some of the main advantages of microstrip
antennas are that it has low fabrication cost, its lightweight,
low volume, and low profile configurations that it can be
made conformal, it can be easily be mounted on rockets,
missiles and satellites without major modifications and
arrays
of
these
antennas
can
simply
be
produced[2].However, microstrip antennas have some
drawbacks including narrow bandwidth, low power
handling capability and low gain. But with technology
advancement and extensive research into this area these
problems are being gradually overcome [3].The antenna
can be draw in 3-D structure, in this structure the elements
are usually flat; hence their other name is planar antennas.
The low profile feature of the patch antenna leads to a
relatively narrow bandwidth.

The band width of microstrip patch antenna can be
improved by reducing Q (quality factor) of the equivalent
circuit, which can be obtained by increasing the thickness
‘h’ of the substrate, reducing the dielectric constant ‘Єr’ of
the substrate material [4], by cutting the slots in the patch
and also inserting the microstrip feed line technique and
bandwidth can also be improved by using impedance
matching networks[1].

2. DESIGN AND SIMULATION
A. Parameters of designed antenna
The geometry of simulated antenna is shown in figure (1).
The size of microstrip antenna is taken 45mm×35mm in
which the patch size is 25mm×25mm and slot size is
5mm×15mm and middle point of the slot is (22.5,17.5).
The dielectric constant of substrate is around 4.2. The
substrate thickness is 1.6mm and loss tangent is 0.0013.
For feeding in plus microstrip patch antenna we use 50Ω
microstrip feed line technique .The microstrip feed line
dimension is-5mm ×5mm and placed in upper left corner of
the proposed antenna.
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Fig. (1): Antenna design for proposed microstrip
antenna

Design of Plus Slot Microstrip Patch Antenna for Wireless Applications

B. Simulation and analysis of designed antenna
A microstrip antenna was simulated by using the IE3D
simulation software [6] Simulated return loss and smith
chart characteristics were shown in figure (2) and figure (3)
respectively. In this proposed antenna at 2.978 GHz
resonance frequency the calculated bandwidth is 20.21%.
The band width is calculated at the frequency range where
the return loss (S11) is approximately10db or below. The
simulated radiation patterns, at the resonant frequency, are
shown in Figs. (2-7).

Fig. (4): Gain Vs Freq.

Fig. (2): Freq. Vs Return loss for proposed antenna

Fig.(5): Directivity Vs freq.

Fig. (3): Smith chart for the proposed microstrip
antenna

Fig.(6):2D diagram of radiation pattern for proposed
antenna
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6db, but in my result it is approx. 3db but it can improve by
using array of antenna. The directivity of antenna is
component of its gain and efficiency, here measured
antenna efficiency is 43% and radiation efficiency is
48.89%.The directivity should be less than 1 and greater
than ∞.

4. REFERENCES
[1]
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[3]
Fig.(7):3D diagram of radiation pattern for proposed
antenna

[4]

3. CONCLUSION
In this paper, Plus slot over square patch finds the better
solutions for WLAN, WiMAX and WISP Applications. In
this paper I worked on the bandwidth enhancement of the
antenna, here we use microstrip line feed and cutting slot at
patch for enhancing the bandwidth of simple microstrip
antenna. The gain of the good antenna should greater than
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Abstract: A comparative study of the various feeding
positions on the elliptical patch antenna has been carried
out, using the traditional method as well as using
Mathieu’s function. The Mathieu’s Function provided the
co-ordinates of all possible feeding positions, thus
providing a comparative conclusion to determine the best
position to feed the patch and obtain the best possible
radiation. For this purpose a simple elliptical patch
antenna is used, operating at 2.4GHz and 3.28 GHz, which
is feed co-axially and the design has been optimized to the
best possible value. The following results are analyzed
using HFSS (High Frequency Structure Simulator), a well
known and easy to operate software for designing
antenna’s.
Index Terms: Elliptical patch, coaxial feeding, feeding
position.

1. INTRODUCTION
IEEE 802.11 standard has been used for implementing
wireless local area network (WLAN) for computer
communication in the 2.4, 3.6 and 5 GHz frequency bands.
They are created and maintained by the IEEE 802, the
IEEE LAN/MAN Standards Committee, and provide the
basis for wireless network products using the Wi-Fi brand.
802.11 standards was developed in 1985 and was the first
wireless networking standard, however 802.11 b and
802.11g were derived from the basic 802.11 standard, use
the 2.4 GHz ISM band. Ref. [1]
The industrial, scientific and medical (ISM) radio bands
are radio bands reserved internationally for the use of
industrial, scientific and medical purposes other than
communications. Some of the applications in these bands
include radio-frequency process heating as in microwave
ovens, and in medical diathermy machines, although this
frequency are also used for certain well known
communication systems such as cordless telephones and
Bluetooth devices, and is also used by the US Federal
Communications Commission.Ref.[2]

This patch antenna could be used for WiMAX (Worldwide
Interoperability for Microwave Access) applications
although there is no global licensed spectrum for WiMAX,
however the WiMAX Forum has published three licensed
spectrum profiles: 2.3 GHz, 2.5 GHz and 3.5 GHz, in an
effort to drive standardization and decrease cost. In the
USA, the biggest spectrum available is around 2.5 GHz.
Elsewhere in the world, the most widely used bands as
approved by the Forum, is 2.3 GHz which is most
important in Asia. Some of the Asian countries India and
Indonesia use a mix of 2.5 GHz, 3.3 GHz and other
frequencies, where as Pakistan's Wateen Telecom uses 3.5
GHz. Ref.[3]

2. ELLIPTICAL PATCH AS THE BASE
MODEL
Elliptical geometry represents a greater potential for a
variety of electrically small low-profile antenna
applications. The advantages of using elliptical patch are
that, it provides larger flexibility in designing, and also
provides a much better degree of freedom compared to the
circular geometry, also circular polarization is achieved
using single feed. However problem with elliptical patch
geometry is that, it’s perhaps the least analyzed regular
shape geometry, due to the involvement of Mathieu's and
modified Mathieu's function in mathematical analysis.
The involvement of these functions makes mathematics of
elliptical patch geometries extremely difficult.Ref.[4]
In this paper we are using an elliptical patch with major
axis a=3.6818 cm and eccentricity e=0.2178 cm, thus by
using the formula

Where e= eccentricity of ellipse,
a= major axis of ellipse and,
b= minor axis of ellipse
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We obtained the minor axis of the ellipse as
b=1.743204733cm the substrate length and width could be
calculated by using the relation

b. Feeding along X-axis

Ls= 2a + nh (2)
Ws= 2b + nh (3)
Where Ls=Length of the Substrate
Ws= Width of the Substrate
n = any integer
h= thickness of the substrate

3. FEEDING POSITION
The elliptical patch is feed co-axially and is excited with a
wave port. The various feeding position are compared
below:

Fig 2(a) PROBE FEEDING AT THE RIGHT EDGE
OF PATCH ALONG X- AXIS

a. Center feeding

Fig. 2(b) RECTANGULAR PLOT OF FEEDING
ALONG X-AXIS

Fig. 1(a) PROBE FEEDING AT CENTER OF PATCH

Fig. 1(b) RECTANGULAR PLOT OF CENTER
FEEDING

Fig. 3(a) PROBE FEEDING AT THE LEFT EDGE OF
THE PATCH ALONG X-AXIS
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Fig. 3(b) RECTANGULAR PLOT OF FEEDING
ALONG X-AXIS

Fig 5(a). PROBE FEEDING AT THE BOTTOM EDGE
OF THE PATCH ALONG Y-AXIS

c. Feeding along Y-axis

Fig. 5(b) RECTANGULAR PLOT OF FEEDING
ALONG Y-AXIS

d.
Fig.4(a) PROBE FEEDING AT THE TOP EDGE OF
THE PATCH ALONG Y-AXIS

Fig 4(b). RECTANGULAR PLOT OF FEEDING
ALONG Y-AXIS

Feeding at 45O
at ( +x , +y )

Fig. 6(a) PROBE FEEDING IN 1ST CO-ORDINATE AT
AN ANGLE OF 45O ON THE PATCH
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at ( x , -y )

Fig. 6(b) RECTANGULAR PLOT OF FEEDING IN 1ST
CO-ORDINATE AT AN ANGLE OF 45O ON THE
PATCH

Fig. 8(a) PROBE FEEDING IN 4TH CO-ORDINATE AT
AN ANGLE OF 45O ON THE PATCH

at ( -x , +y )

Fig. 7(a) PROBE FEEDING IN 2nd CO-ORDINATE
AT AN ANGLE OF 45O ON THE PATCH

Fig. 8(b) RECTANGULAR PLOT OF FEEDING IN 4th
CO-ORDINATE AT AN ANGLE OF 45O ON THE
PATCH

Fig. 7(b) RECTANGULAR PLOT OF FEEDING IN
2ND CO-ORDINATE AT AN ANGLE OF 45O ON THE
PATCH

Fig. 9(a) PROBE FEEDING IN 3rd CO-ORDINATE AT
AN ANGLE OF 45O ON THE PATCH

♦ 296 ♦

Comparative Study of Various Feeding Positions of Elliptical Patch

at focus 2

Fig. 11(a) PROBE FEEDING AT FOCUS 2

Fig. 9(b) RECTANGULAR PLOT OF FEEDING IN
3RD CO-ORDINATE AT AN ANGLE OF 45O ON THE
PATCH

e.

Feeding at the foci
at focus 1

Fig. 11(b) RECTANGULAR PLOT OF FEEDING AT
FOCUS 2
Table I. Frequency and Reflection Coefficient for
various feeding
POSITION OF
COAX
( X ,Y, Z)
Center
(X,Y,Z)

Fig. 10(a) PROBE FEEDING AT FOCUS 1

Along X axis
(X,0,0)

Along X axis
(-X,0,0)

Along Y axis
(0,Y,0)
Along Y axis
(0,-Y,0)
Along 45o
1st Co-ordinate

Fig. 10(b) RECTANGULAR PLOT OF FEEDING AT
FOCUS 1

Along 45o
2nd Co-ordinat
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FREQUENCY
(GHz)
2.000
4.4750
5.7625
3.3375
4.2250
5.1125
5.9625
3.3375
4.2250
5.1000
5.9375
2.7250
4.4750
5.9375
2.7250
4.4625
5.9625
1.1000
2.3750
3.2625
1.1000
2.3625
3.2625

REFLECTION
COEFFICIENT
(dB)
-6.0991
-33.5316
-10.4563
-33.3467
-14.4561
-12.9859
-15.1834
-33.7685
-14.3361
-13.0575
-16.0434
-6.6387
-13.4463
-9.0035
-6.6359
-13.5378
-9.6665
-18.6708
-29.6727
-24.8070
-19.6279
-2.4151
-3.25906
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Along 45o
3rd Co-ordinat
Along 45o
4th Co-ordinate
Focus 1

Focus 2

1.1000
2.3625
3.2625
1.1000
2.3750
3.2625
2.0625
3.1375
5.1000
2.0625
3.1375
5.1000

Considering a = c cosh ξ, and b = c sinh ξ The ratio

-19.2332
-24.7561
-35.2028
-18.9414
-30.4862
-24.1884
-12.1200
-20.2004
-21.0880
-11.9404
-20.9640
-21.0397

Where eccentricity of ellipse

4. MATHIEU FUNCTIONS
Now in order to find the co-ordinates to feed an ellipse
other than the above mentioned, orthodox position, we use
Mathieu Functions
Mathieu Function solves the problem of elliptical boundary
condition. Thus the elliptical cylindrical co-ordinates ξ, ἠ, z
appropriate for elliptical boundary conditions are expressed
in rectangular co-ordinates as:
x = c cosh ξ cos η; y=c sinh ξ sin η; z = z (4)
Where, 0 ≤ ξ ≤ ∞ ; 0 ≤ η≤ 2 Π and
c is half the distance between the foci of confocal set of
ellipse.

As ξ→∞ , e →0 and ellipse become circle,
as ξ→0, ellipse becomes more elongated and
at ξ=0, ellipse shrunk to line segment between the foci.
Confocal ellipse means an ellipse with common foci so ‘c’
will also be a constant and its value can be calculated as:
The distance from the center to either focus f = a e =
c=0.80189604 cm
as the value of a = 3.6818 cm.
b = 1.743204733 cm.
e = 0.2178 cm.
Using equation (4) and above values the co-ordinates of
different points on the ellipse have been tabulated below
along with the result of their rectangular plot for sparameter.
TABLE II. FOR ξ=1, C=0.80189604cm AND
CONSIDERING Z=0.
η
η= 0
η= Π/8
η= Π/4
η= 3Π/8
η= Π/2
η= 5Π/8
η= 3Π/4
η= 7Π/8
η= Π

Fig .12: Elliptical Coordinates Ε,Η[5]

η= 9Π/8

In the figure1. The lines of constant ξ are confocal ellipse
(i.e. ellipse with common foci), while the lines of constant
η are quarter hyperbolas (i.e. half of one hyperbolic branch)
with same foci. Thus if the ellipse is confocal then they
must satisfy the general equation of ellipse, so we can
generate a general formula for each ellipse as:

η= 5Π/4
η= 11Π/8
η= 3Π/2
η= 13Π/8
η= 7Π/4
η= 15Π/8
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x = c cosh ξ
cos η (cm.)
1.23739025

y=c sinh ξ sin Frequenc Reflection
η (cm.)
y (GHz) Coeff. (dB)
0
2.0800
-9.5538
3.1650
-27.4446
1.143199526
0.360636727
3.2000
-20.8663
2.0850
-35.6559
0.874967037
0.666369782
2.1250
-8.5906
3.2350
-11.9832
0.473528748
0.870654078
2.1350
-4.9097
3.1050
-21.7473
0
0.942389183
2.1200
-4.0380
4.0000
6.3172
-0.4735287748 0.870654078
2.1300
-4.8586
3.1050
-21.9402
-0.874967037 0.666369782
2.1250
-8.7510
3.2300
-11.7708
-1.143199526 0.360636727
2.0850
-31.3515
3.2000
-20.8279
-1.23739025
0
2.0850
-9.4237
3.1650
-26.9379
-1.143199526 -0.360636727
2.0900
-20.5605
3.2000
-32.9645
-0.874967037 -0.666369782
2.1300
-8.7185
3.2400
-11.9050
-0.473528748 -0.870654078
2.1300
-4.8301
3.1050
-22.1890
0
-0.942389183
2.1200
-4.1198
4.1100
-17.2093
0.473528748 -0.870654078
2.1300
-4.7594
3.1000
-22.4099
0.874967037 -0.666369782
2.1300
-8.7815
3.2400
-11.8419
1.143199526 -0.360636727
2.0900
-20.8175
3.2000
-28.2423

Comparative Study of Various Feeding Positions of Elliptical Patch

TABLE III. FOR ξ =2, C= 0.80189604 AND
CONSIDERING Z=0
η

x = c cosh ξ
cos η (cm.)

y=c sinh ξ sin Frequenc Reflection
η (cm.)
y (GHz) Coeff. (Db)
-10.0824
-10.2408

η= 7Π/8

-2.78724762

1.1129831

3.0900
2.3500

-9.6176
-9.7107

η= Π

-3.016889826

0

3.3900
4.1000

-7.5869
-19.8499

η= 9Π/8

-2.787242762

-1.1129831

2.3500
3.1000

-9.8407
-9.6311

η= 5Π/4

η= 0

2.787242762

1.1129831

2.3800
3.0800

-2.133263254 -2.056524613

N.A

N.A

η= Π/8

2.133263254

2.056524613

N.A

N.A

η= 11Π/8 -1.154513754 -2.686978895

N.A

N.A

η= Π/4

1.154513754

2.686978895

N.A

N.A

η= 3Π/2

0

-2.908364999

N.A

N.A

η= 3Π/8

0

2.908364999

N.A

N.A

η= 13Π/8

1.173944086

-2.679143391

N.A

N.A

η= Π/2

3.016889826

0

4.1000

-19.9099

η= 7Π/4

2.133263254

-2.056524613

N.A

N.A

η= 5Π/8

-1.154513754

2.686978895

N.A

N.A

η= 3Π/4

-2.133263254

2.056524613

N.A

N.A

η= 15Π/8

2.787242762

-1.1129831

2.3800
3.0800

-10.1418
-10.2007

Fig. 13 A Comparative Plot of the Frequency and Gain of different Feeding
Positions as calculated by Mathieu Functions

5. CONCLUSION
From Table I, Table II, and Table III we can determine the
maximum reflection coefficient, and thus the maximum
radiation of -35.65559 at 2.0850 GHz from table II and
from Table I maximum reflection coefficient is coefficient
of -30.4862 at 2.3750 GHz at 45O in 4th co-ordinate.
Similarly we obtain a maximum reflection coefficient of 32.9645 dB at 3.2 GHz from Table II and a reflection
coefficient of -35.2028 at 3.2628GHz frequency, at 45o in
3rd co-ordinate. Thus we see that the co-ordinate calculated
from Mathieu function has provided better radiation, so it
depends upon our requirement as to how much can we
compromise on the frequency to obtain the maximum
radiation. Thus we see that Mathieu Functions have
simplified the work of calculating any feed point on the
ellipse and hence we can easily find the co-ordinates of all
the possible feed points on the ellipse. However we
concluded that the best feeding position is at an angle of

45o which not only provides considerable radiation around
the required frequency but also provides circular
polarization.
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Abstract: Microstrip antennas are popular due to their
compact size. In this paper H-shaped antenna is designed
and effects of various parameters are analyzed as dielectric
constant, thickness of dielectric material, slots on
conducting layer etc. This antenna can work on different
wireless standards as WIMAX, Wi-Fi, WLAN, Bluetooth, X
band and ISM band for industrial, scientific and medical
purpose.
Keywords: H-shaped Microstrip antenna; IE-3D; E-slots;
Multi band; return loss; resonant frequency.

2. ANTENNA GEOMETRY AND
DIMENSIONS
The basic shape of antenna is of H shape and elementary
design consist of Antenna thickness of 3.25 mm and having
dielectric constant of 1.07 [4]. The typical antenna
geometry is given below (all the dimensions are taken in
mm).In this design length of the antenna is 75.3mm and
width is 40.20mm.

1. INTRODUCTION
These days microstrip antenna is widely popular as they
have wide applications in today’s wireless communication
although they have some disadvantages liker low gain, less
efficiency and narrow bandwidth [1].The demand for low
profile, light weight and low cost broadband antennas have
increased in the recent years With the widespread
deployment of short distance wireless Communications,
like the wireless local area networks (WLAN). WLAN’s
are designed to operate in the 2.4 GHz (2.4–2.48 GHz), 5
GHz frequency bands (5.15–5.35 GHz and 5.725–5.825
GHz in the United States, 5.15–5.35 GHz and 5.47–5.725
GHz in Europe).
Similarly antenna design for mobile must be compact and
capable of resonating at multiple frequencies such as 1900
& 2100 MHz for 2G & 3G-GSM and probable band for 4G
should occur in between 698-806 MHz,2300-2400
MHz,2500-2690 MHz or 3400-3600MHz as per the vacant
frequency band available in India Also there is easily
deployable, low cost, broadband wireless access commonly
known as WiMAX (Worldwide Interoperability for
Microwave Access) which is allocated the 2.5–2.69/3.4–
3.69/5.25–5.85 GHz bands. Since these standards may be
used simultaneously in many systems, so there is a need for
a single antenna which covers all these bands. Printed slot
antennas are attractive because of their planar geometry
and wide operating bands [2]-[3].

Fig. 1. Basic Antenna Geometry with dimension (in
mm.)
As shown in above figure H shape of antenna is having
length 75.3 mm and width 23.70 mm, including a
microstrip feed line of length 16.5 mm and width 6.1 mm,
from rest part of the figure copper is removed. Microstrip
line feed provide better bandwidth as compare to other type
of feed techniques [1].With the help of cutting different
size and shape of slots on H-shaped antenna, we can
enhance the bandwidth further [5].So in this paper Other
derived geometries also have the same H shape but differs
in dielectric thickness, dielectric constant and slots for
variation in resonance frequency.
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3. SIMULATION AND RESULTS
The proposed shape is analyzed using Ze-land-IE3D
Software. It uses the MOM technique to simulate 2D
surfaces including traces on dielectric layers, which is
essential for microstrip antenna modeling. The software is
user-friendly and with some effort it can be used to model
realistic structures despite the feature limitations. IE3D is
more flexible and offers more analysis options. In IE3D
polygon editor window shows the (Fig.2) design of antenna
it is noticeable that our proposed H-shape antenna has
microstrip feed at one of its extended arm, an additional
arm for feed placement .The fig.3 shows the typical current
distribution on the surface of design H shape patch

Fig. 4: Three dimensional radiation pattern at
frequency 2.472 GHz
Other important parameters of proposed antenna also
provides promising results such as high directivity (as
average 8) up to maximum value of 10dBi (Fig.5) , gain up
to 5dBi(Fig.6) and average efficiency up to 80%(Fig.7)

Fig. 2: Basic Antenna Geometry on Polygon Editor Window

The maximum E-current on the surface of antenna is
8.9541 A/m.

Fig. 5: Directivity Vs frequency plot
From last fig. it is clear that for most of the frequency
range of interest the directivity remains above 7dBi.

Fig.3: Current distribution on the surface of proposed
H shape patch
Similarly fig.4 shows the 3Dimesional radiation pattern
of proposed antenna geometry
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Fig. 6: Total field gain Vs frequency plot.

Proceedings of the International Conference on Communications & Electronics – ICCE – 2012

The above plot shows the curve in between gain and
frequency of antenna since the gain of antenna is as per any
typical patch antenna. The fig 7 given below has the plot
for its antenna and radiation efficiency, since radiation
efficiency approaches up to 100% and antenna efficiency
approaches up to 70%.Now below are the fig. showing
variation of resonance frequency or return loss S11 when
thickness (height) of the dielectric constant is changed.

3.2 Effect of Dual E-Slots
There are many optional designs to cut the slots on
conducting patch. Due to slots on conducting patch,
resonance frequency and bandwidth is increased or
changed as electrical length of the structure is increased.
Dual E-slots with symmetrical shaped are cut from the
original H-shaped. The proposed antenna is printed on a
Rogers RT/ Duroid 6010/6010 LM substrate of a dielectric
constant of 10.2 and a conductor loss (tan δ) of 0.0023. The
use of high dielectric constant substrate material reduces
radiation losses because most of the electromagnetic field
is concentrated in the dielectric between the conductive
strip and the ground plane [6].
Below are the figures of IE3D Polygon editor window and
simulation results.

Fig. 7: Antenna & radiation efficiency vs. frequency

Fig. 10: Dual E-slots
Fig. 8: Comparison in between return loss when
dielectric layer thickness variation is considered
In the same way we are seeing variation in return loss s11
when dielectric constant is changed.

Fig. 11: Return loss

Fig. 9:Variation in return loss and resonance frequency
when different dielectric constant taken in account

By above figure it is clear that we are getting multiple band
of frequency in which return loss is (S11) <10 dBi. So in
this range of frequency antenna can work .First band is
located from 4.7Ghz to 5.89GHz,second band is a narrow
band around centre frequency of 7.9 GHz and third band is
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a wide band with nearly 48% increased in bandwidth from
9.19 GHz to 15.0722 GHz. So this designed antenna can be
applicable in X-band (8-12 GHz) and Wi-Fi (IEE 802.11,
5.725-5.825GHz)

[2]

[3]

4. CONCLUSIONS
The designed antenna shows good results. It has maximum
gain of 5 dBi, directivity of 7dBi & maximum antenna
efficiency 80%. We observe that as the value of dielectric
constant increases the value of resonant frequency
decreases. By slot on conducting patch we increased the
bandwidth by nearly 48%.Further we can change the slot
size with multiple dielectric layer and feeding technique
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Abstract: The guided modal dispersion characteristic of
three layered waveguides, one with double positive
material as guiding film and other with double negative
metamaterial as guiding film, of same thickness, are
compared for same absolute value of refractive index. As
the cutoff frequencies of both the three layered planar
waveguides remain unchanged during analysis of various
higher order modes, for a specific value of refractive index,
this lead to an effective comparison. This comparative
study results in a better understanding of the guided modal
characteristics of Double Negative Guided metamaterial as
guiding film in a three layered planar waveguide structure
with various higher order modes.
Keywords: Double negative index, double positive index,
guided mode dispersions, metamaterial planar waveguide.

1. INTRODUCTION

facilitate a comparative analysis of the guided modal
dispersion characteristics, with many higher modes.

2. CHARACTERISTIC EQUATIONS OF TM
MODE
Fig.1 shows a schematic structure of three layered planar
waveguide, with DPS as guiding film, of thickness ‘2a’.
Here wave is propagating along +z direction [10]. Region
above ‘a’, i.e. (x ≥ a) is cover region with parameters (ε0,
µ0). Region below ‘-a’, i.e. (x ≤ -a) is substrate region,
with parameters (h' , l' ). The guiding film region has
thickness ‘2a’ with parameters (h , l ).Here all the layers
have identical magnetic constant i.e. unity. l = l' =
lI = 1.
Fig.2 shows a structure of three layered planar waveguide,
with DNG as guiding film; again of thickness ‘2a’ with
cover and substrate as other two layers. Between these two
structures, everything is similar, except in fig.1, guiding
film is DPS, soh , l ) set of parameters are kept positive,
while in fig.2, guiding film is DNG, soh , l ), set of
parameters are kept negative. For the wave guided by any
planar structures, propagation constant y must be identical
in every region of the guiding structure [10]. Here,
considering only TM [(EZ ,Ex , Ey ,Hx ,Hy)] with Hz = 0.

In recent years, an exploration regarding research of
metamaterial is seen. A lot of experimental and theoretical
work has been occurred of these materials. A Russian
physicist, V.G.Veselago, theoretically predicted several
unusual phenomenons of materials, with simultaneously
negative dielectric and magnetic constants [1]. If both the
permittivity and permeability have positive real parts, they
are called “double positive” (DPS), whereas, if both of
these parameters are negative, corresponding material may
be called “double negative’ (DNG) [2]. These materials
provide much unique application to microwave and optical
devices [3, 4]. Among such applications, planar guiding
structures with double negative (DNG) metamaterial and
double positive (DPS) material inclusion as guiding films
have drawn much attention regarding their fundamental
modal properties [5,6]. On using metamaterial in various
geometries provide many potential applications, like
compact resonator [7], high capacity storage [8], nano
optical waveguide [9] etc.

Region 0 (x ≥ a): Cover region

Here, guided modal properties of three layered planar
waveguides with DPS and DNG as guiding film, having a
particular positive and negative material constant set with
same absolute value of refractive index, is discussed, which

FI' = C y' − ' lI hI ]

I
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= CI =%]Ï

I

ØÏ = −
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Here ¿I , ¿ , ¢ , ¿' are the arbitrary constants. To satisfy
the radiation condition, all fields must vanish at x = ±∞.The
cutoff condition is the point at which a mode is no longer
bound to the guiding film region [11].Hence permissible
range of y for DPS as guiding film is I < y/zI <  .
Similarly, permissible range of y for DNG as guiding film
is I > y/zI  >  .Here, zI is the free space
propagation constant.Matching the tangential fields at x =
±a yields set of simultaneous equations, which is solved
using one of the nonlinear technique, i.e. Muller method.
Characteristic equations for the TE mode can be easily
obtained by interchanging the dielectric and magnetic
constants mutually.

3. NUMERICAL RESULTS AND DISCUSSION

Fig.2 Geometry of a three layered planar waveguide
with double negative (DNG) metamaterial inclusion as
guiding film of thickness ‘2a’. Here (  = # =  =
 ), ( = #  and ( > h  .
Øp

With

= ¿' = ]Ï

'

'

Fig.1 Geometry of a three layered planar waveguide
with double positive (DPS) material inclusion as guiding
film of thickness ‘2a’. Here (  = # =  =  ),
( = #  and ( > h .
Cover: (I = 1.4)

'

1.8
1.9

The guided modal properties of the three layered planar
waveguides can be analyzed in terms of their dispersion
curve, i.e. normalized propagation constant y and
normalized cutoff frequency with the help of solution of
previous section using Muller method. Muller’s method for
finding an approximation to the root is efficient enough to
compute complex zeros of a given function, even starting
from a real initial datum, moreover, its order of
convergence is almost quadratic.
Firstly, modal behavior of a three layered waveguide with
DPS as guiding film (fig.1) is analyzed for a specific
positive material constant set. Chosen material constant set
for DPS layer is h, l ) = (+4.0,+1.0), providing 
=h ∗ l  =2. Here substrate and cover regions have
same refractive index, i.e. I = ' =1.4. Here, all the three
layers have unity magnetic constant.
Normalized cutoff frequencies of TM modes (m=0, 1, 2,
3, 4) of the dispersion curve (fig.3) are listed in table 1.
Normalized propagation constant of various TM modes
(m=0, 1, 2, 3, 4) approaches to 1.4, as normalizes
propagation frequency was decreased.
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Fig.4. Guided dispersion characteristics of a three
layered waveguide with DNG metamaterial as guiding
film. Here TM0, TM1, TM2, TM3, TM4 are various modes
for DNG as guiding film.

Fig.3. Guided dispersion characteristics of a three
layered waveguide with DPS as guiding film. Here,
TM0, TM1, TM2, TM3, TM4 are various modes for DPS
as guiding film.
Normalized propagation constant with higher dielectric
constant (i.e. lower magnetic constant) exhibits lower value
and results in less confined field inside the guided film
layer. Here guided mode follows is I < y/zI <  for a
fundamental and higher modes and obtained dispersion
curve provide a well behaved relation. Here, one observes
that all the wave existed in dispersion curve are with
positive slope, resulting into forward waves. Here, the
normalized cutoff frequencies of various modes TM
(m=0, 1, 2, 3, 4) are shown in the table 1.
TABLE 1. Normalized cutoff frequencies of T á
modes (m=0, 1, 2, 3, 4) for DPS material as guiding film.

Normalized
cutoff
frequencies

15

Normalized cut off frequency

Normalized cutoff frequency

Modes

10

TMI

TM

TM'

TMt

TMu

0.4984

1.121

3.3646

4.894

6.729

Secondly, the guided modal properties of the three layered
planar waveguide with DNG as guiding film (fig.2) is
analyzed in terms of its guided dispersion characteristics
curve, (fig.4) for a specific negative material constant set.
i.e. h , l ) = (-4.0,-1.0). This negative material constant
set results in a negative refractive index of 
=−h ∗ l  = -2. Absolute value of refractive index of
DPS and DNG films chosen are identical. Here again
substrate and cover regions have same refractive index, i.e.
I = ' =1.4 and all the three layers have unity magnetic
constant.

Fig.4 shows the dispersion characteristics curve for DNG
as guiding film in a three layered waveguide. On
observing, it is seen that each and every mode has an
identical normalized cutoff frequency to that of the case of
DPS as guiding film (table 1). This is true for fundamental
as well as for higher order TM modes. Here, again one
obtains forward wave with positive slope in the dispersion
curve fig.4.
TABLE 2. Normalized Propagation constant β of T á
modes (m=0, 1, 2, 3, 4) for DPS material and DNG
metamaterial as guiding film respectively.

TM1

ç

1.992

1.941

1.887

1.817

1.716

2.0005
7

1.964

1.934

1.904

1.873

Modes

T

β
For
DPS
film
β
For
DNG
film



#

ç

¢

ç

£

Here, table 2 shows normalized propagation constant value
of respective TMm modes (m=0, 1, 2, 3, 4) for DPS
material and DNG metamaterial as guiding film
respectively, for normalized cutoff frequency of 26.917. On
observing the table 2, one obtains that the value of
normalized propagation constant for various modes, is
higher on using DNG as guiding film, for higher
frequencies, than that of using DPS as guiding film.
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These relatively higher values of the normalized
propagation constants are favorable in respect of making
slower waves, so tighter mode confinement within film
region is possible, whereas power confinement for DPS
film are poor due to lower normalized propagation
constant. These slower waves can also travel through
thinner film, utilized in designing compact electromagnetic
devices.

4. CONCLUSION
The guided dispersion characteristics curve of three layered
planar waveguide with DNG and DPS materials as guiding
film of same width are numerically analyzed for same
absolute value of refractive index. Here various TMP
modes are observed, as forward waves with unchanged
normalized cutoff frequencies for same mode in two
curves. TMP modes with DNG guiding film shows higher
value of normalized propagation constant at higher cutoff
frequencies, than DPS guiding film, which supports in
subwavelength compact waveguiding structure, with
enhanced mode confinement.
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Abstract: In this paper, dual operation trapezoidal patch
with V-shaped slot feed by coaxial-probe is presented. The
proposed antenna is designed on RT duroid substrate. A
(10db) bandwidth of return loss (S11) characteristics for
the dual band are 4% and 15.6% respectively. E-planes
and H-planes for the dual operation frequencies are
satisfactory within the bandwidth. Return loss, VSWR, gain
and E-planes and H-planes radiation pattern are simulated
by using IE3D simulator.
Keywords: V-shape slot, RT duroid, Dual band, WLAN,
WiMAX.

1. INTRODUCTION
Wireless local area networks (WLAN) are widely used
worldwide. The 802.11a standard uses the 5-GHz band
which is cleaner to support high-speed WLAN. However,
the segment of frequency band used varies from one region
of the world to another. Dual frequency microstrip
antennas with a single feed are required in various radar
and communication systems, such as global positioning
system (GPS), WiMAX,WLAN etc.
Microstrip antenna is the ideal choice for such an
application due to low profile, light weight, conformal
shaping, low cost ,simplicity of manufacturing and easy
integration to circuit[1].however, conventional microstrip
patch antenna suffers from very narrow bandwidth,
typically about 5% bandwidth with respect to the central
frequency. there are numerous and well-known method to
increase the bandwidth of antennas, including increase of
the substrate thickness, the use of a low dielectric substrate,
the use of multiple resonators,and the use of slot antenna
geometry[2],[3].
Sudhir et.al[4] applied a H-shaped slot in a rectangular
microstrip antenna to make its broadband structure while
improved bandwidth up to 9.5 % .Wong & Hsu[5] applied
a U-shaped slot in an equilateral triangular microstrip
antenna with improved bandwidth up to 8.67% was
recently reported for a circular patch antenna having uslot[6]. S.W Lee et al. proposed the trapezoidal shape patch
antenna embedded with rectangular [7].

M.S et.al[8] demonstrates a rectangular patch microstrip
antenna with V-slots and corner notches for
IEEE802.11.A/HIPERLAN2 applications that enables an
impedance bandwidth of 51%. Yogesh Bhomia et al. [9]
applied V-shape slot on triangular microstrip antenna
having impedance bandwidth of 9.2%. A dual slot-loaded
microstrip antenna with dual-frequency operation has been
reported in [10] and [11], where two parallel narrow slots
are etched in the rectangular patch close to its radiation
edge. The two slots are chosen to be close to the length of
the radiating edge. Other dual-frequency antennas with
square-slot and rectangular-slot loading are reported in [12]
and [13]. A compact dual-frequency microstrip antenna is
proposed in [14], which uses the rectangular microstrip
patch loaded with one shorting pin. Some experimental
results are also presented in [14].
In this paper, we design a trapezoidal patch with V-shaped
antenna which works as a dual frequency. First resonance
frequency f1 centered at 3.5 GHz frequency is due to its
patch itself. Second resonant frequency f2 is due to Vshape slot, which is centered at 5.0 GHz.

2. ANTENNA STRUCTURE

Fig.1: Geometry of proposed antenna
The configuration of proposed antenna is shown in figure
1. The antenna consist of a trapezoidal microstrip patch
with V-shaped slot, support on a grounded dielectric sheet
of thickness h and dielectric constant ε r. The trapezoidal
patch has an upper side of length L1, base of trapezoidal
patch of length L2 and height of trapezoidal patch of length
W1, W2. V-shape slot has a length of L3, L4 and a width
of W3, W4 which is loaded on trapezoidal patch. The feed
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point is located at the central line of the patch, with a
distance of d f (x.y) from the bottom edge of trapezoidal
patch.
The dimension of trapezoidal patch with V-shape slot are
tabulated in table 1.

Based on a -10 dB return loss, 4% impedance bandwidth is
obtained at first resonant frequencies f1 in the frequency
range (3.41-3.57) GHz and 15.6 % impedance bandwidth is
obtained at second resonance frequencies in the frequency
range of 4.75-5.53 GHz.

B. VSWR
Table 1. Dimension of proposed antenna

S.no
1.

Parameter
L1

2.

L2

3.

W1,W2

4.

L3,L4

5

W3,W4

6.
7

εr
h

8
9

tanδ
(x,y)

Explanation
Upper
side
of
trapezoidal patch
Base
of
the
trapezoidal patch
Height
of
the
trapezoidal patch
Length of the
V- shape slot
Width of the
V-shape slot
Dielectric constant
Height of dielectric
constant
Loss tangent
Position of probe
feed

Value(mm)
30
26

Figure 3. Shows the variation of VSWR with frequency for
proposed antenna. It shown that the VSWR occur at first
resonant frequency is 1.66 and second resonant frequency
is 1.07. This depict that there is good impedance matching
between probe-fed microstrip transmission line and the
trapezoidal radiating element.

21.04
0.5
15
2.2
6
0.0018
(13,8)

3. RESULTS AND DISCUSSION.
In this section, the simulated results of various parameters
like VSWR, Return loss, input impedance and radiation
characteristics of proposed antenna are presented and
discussed. The simulated results are obtained using IE3D
Simulator.

A. Return loss
The simulated result for the return loss less than -10dB is
shown in figure 2. From simulated result we get dual band.

Fig. 3: VSWR

C. Input impedance
The simulated result for the antenna input impedance is
plotted in figure 4. It is shown that the real part of the input
impedance at first resonant frequency f1 oscillates around
74.83Ω with frequency while the imaginary part of the
input impedance at resonant frequency oscillates around
0Ω with frequency.
At second resonant frequency f2, the real part of the input
impedance at resonant frequency oscillates around 50Ω
with frequency while the imaginary part of the input
impedance at resonant frequency oscillates around 0Ω with
frequency. Hence, from the graph it is clear that there is
proper matching occur at both resonant frequencies.

Fig. 2: Return loss
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Fig. 6: Radiation pattern at 5 GHz

Fig. 4: Real part and imaginery part of input
impedance

D. Radiation pattern
From figure 5. Shows the measured radiation pattern at first
resonant frequency 3.5 GHz. it can be observed that in the
ϕ=0 plane, the cross polarization is -13 db below the co
polarization above the ground plane. In the ϕ=90 plane, the
cross polarization is -19.3 dB below the co polarization
level.

From figure 6. Shows the measured radiation pattern at
second resonant frequency 5 GHz. it can be observed that
in the ϕ=0 plane, the cross polarization is -25.03 db below
the co polarization above the ground plane. In the ϕ=90
plane, the cross polarization is -20 dB below the co
polarization level.

E. Gain
The gain of proposed antenna is shown in figure.7 which
shows that the maximum achievable gain at first resonant
frequency is about5.90 dBi over the entire frequency band
of 3.41-357 GHz and 4.14 dBi maximum gains is achieved
at second resonant frequency and the gain show stable
performance.

Fig. 7: Gain versus frequency

Fig. 5: Radiation pattern at 3.5 GHz
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The simulated results are summarised in table 2.

[4]

Table 2. Simulated data

Resonant
frequency

F1

F2

Centre
frequency

3.5 GHz

5 GHz

bandwidth

4.95

15.6%

Frequency
range

(3.41-3.57)GHz

(4.75-5.53)GHz

Return loss

-12.8 dB

-29.37 dB

VSWR

1.66

1.07

Gain

5.9 dBi

4.14 dBi

[5]

[6]

[7]

[8]

4. CONCLUSION
The dual frequency and wide-band operation of a
trapezoidal patch with V-shaped slot have been studies and
simulated. The proposed antenna is compact, occupies
small volume and has simple structure compared to other
antenna design. The antenna offer a 2:1 VSWR bandwidth
of 4% from frequency range (3.41-3.57)GHz at first
resonant frequency which cover 3.5 GHz band WiMAX
applications. second resonant frequency cover the
WLAN(5.15-5.35) band application with impedance
bandwidth 0f 15.6%.the simulated return loss, VSWR,
radiation pattern and gain showed well performance.

[9]

[10]

[11]
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Abstract: In this paper the concept of switching and tuning
of resonant frequency has been described. In particular the
characterization of a tunable and switchable Microstrip
Patch antenna printed on synthesized LiTi ferrite substrate
with magnetic biased field is presented, high lighting, the
designing and analysis of performances. The study reveals
that it is possible to change the antenna characteristics
including switchable and tunable circularly polarized
radiation and switchable Radar cross-section (RCS)
reduction through the DC magnetic field applied
externally.
Index Terms: Microstrip Patch antenna, ferrite substrate,
patch antenna, resonant frequency.

1. INTRODUCTION
Micro strip patch antennas are increasing in popularity for
use in wireless application due to their low profile
structure. Therefore they are extremely compatible for
embedded antennas in handled wireless device; however its
narrow bandwidth and low efficiency are main
disadvantages. A Microstrip patch antenna consist of a
radiating patch on one side of a dielectric substrate which
has a ground plane on the other side as shown in Fig 1. The
patch is generally made of conducting material such as
copper or gold and can take any possible shape. The
radiating patch and the feed lines are usually photo etched
on the dielectric substrate.
For a rectangular patch, the length L of the patch is usually
0.333λ0<L<0.5 λ0 where λ0 is the free space wave length.
The patch is selected to be very thin that t<< λ0 (where t is
the thickness). The height of the dielectric substrate is
usually 0.003 λ0h≤ 0.05 λ0. The dielectric constant has
range 2.2 ≤ ℇr ≤ 12.

used which are less efficient and result in narrower
bandwidth. Hence trade- off must be realized between the
antenna dimensions and antenna performance. The aim of
this paper is to design and study the Radiation and
Scattering properties of a Microstrip rectangular patch
antenna printed on a Ferrite (LiTi) substrate with a normal
magnetic bias field. This is done by replacing the dielectric
substrate with high permeability ferrite material. The
reason for using ferrite material in microstrip structure is
that the applied magnetic field changes the permeability
tensor and thus the electrical properties of the material,
which in turn changes the antenna characteristics. The
significance of this is that it is possible to change the
antenna characteristics including switchable and tunable
circularly polarized radiation and switchable Radar crosssection (RCS) reduction through the DC magnetic field
applied externally.

2. RADIATION AND SCATTERING AND
SCATTERING PROPERTIES OF PATCH
ANTENNA
A. Antenna Schematic
The geometry of antenna is shown in Fig 1, where patch of
length L and width W printed on LiTi Ferrite substrate of
thickness h. The dielectric constant and saturization
magnetization of substrate is 16 and 2200 Gauss
respectively. The feeding technique used is strip line
(probe) feed.

For good antenna performance, a thick dielectric substrate
having a low dielectric constant is desirable since this
provides better efficiency, larger bandwidth and better
radiation. However such a configuration leads to a larger
antenna size. In order to design a compact micro strip patch
antenna, substrate with higher dialectic constant must be
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Fig. 1 The geometry of proposed antenna
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Consider a plane wave propagating in the perpendicular
direction of the slab with a magnetic field applied
longitudinally. As a result of elasticity of the spin
(magnetic) system, oscillations of the magnetic moments
with the frequency of the exciting force can exist and they
are in resonance for the frequency equal to µ oγHi, where Hi
is the internal field in the magnetic material. If these
oscillations are excited in the limited region of the ferrite
sample then due to the elasticity of the system they will
propagate with a defined velocity in the sample. This
propagating disturbance represents magnetostatic and spin
waves. These waves generated when external magnetic
field applied is perpendicular to the magnetic vector of the
EM waves. Magnetostatic and spin waves (MSW)
propagate perpendicularly on the both sides to the EM
wave’s propagation.
If we consider the infinite medium plane wave solution of
the equation of the motion including the spin wave
“exchange” term and neglecting losses then dispersion
relation for w as a function of k, the biquadratic equation is
given as:

If we plot the dispersion relation we can plot a curve
between frequency (w) and propagation constant (k) for a
particular value of the external magnetic field. The value of
the propagation constant (k) becomes zero twice at which
the frequency, this is due to the generation of three types of
waves: quasi TEM, Magnetostatic and Spin waves. Spin
wave excitation is the result of excitation forces between
atoms. Magnetostatic waves are two types- (1) Surface
MSW (2) Volume MSW.

B. Using Ferrite Substrate
1.

The reason for using ferrite material in microstrip
structure is that the applied magnetic field changes
the permeability tensor and thus the electrical
properties of the material, which in turn changes the
antenna characteristics. The significance of this is that
it is possible to change the antenna characteristics
including switchable and tunable circularly polarized
radiation and switchable Radar cross-section (RCS)
reduction through the DC magnetic field applied
externally. Thus the foremost applications of a patch
antenna on Ferrite substrate are that:

2.

The Resonant frequency of a microstrip antenna
printed on ferrite substrate can be obtained under two
dominant circularly polarized waves that can be tuned

over a 40% frequency range by adjusting the applied
DC magnetic bias field.
A technique for switching a microstrip antenna ‘on’ or
‘off’, where the Radar cross-section of the antenna in its
‘off’ state can be reduced by 20 to 40 dB.
The ferrite material most widely used in the fabrication of a
rectangular patch antenna LiTi ferrite. LiTi ferrite
synthesized from the basic components of lithium ferrites.
The ingredients required for the preparation of these
ferrites have been calculated on the basis of chemical
formula. A small amount of Mn 3+ ion has been also
incorporated in the basic composition in order to suppress
the formation of Fe3+ ions in the ferrites and to influence
paramagnetic behavior. The basic purpose of using a ferrite
material as the substrate in the designing of the microstrip
antenna is additional advantage of controlling the antenna
characteristics such as radiation pattern, gain, impedance
and resonant frequency etc just by varying the externally
applied DC magnetic field instead of performing a change
in the operating frequency or changing the physical
dimension of the patch antenna. Thus one of the
advantages of having ferrite as the substrate is that the
Resonant frequency can be tuned over a 40 % range and
the antenna can be tuned and switched to an off state where
the RCS of the antenna is reduced by around 20-40 dB.
In addition to being inherently nonreciprocal, microwave
ferrite materials have a permeability tensor whose elements
can be easily controlled through the use of a dc magnetic
bias field. For many years these unique properties of ferrite
materials have found application in nonreciprocal and/or
controllable microwave components such as isolators,
circulators, phase shifters, switches, and tunable resonators.
More recently, unbiased ferrite materials have been used in
printed antenna applications to provide loading for antenna
size reduction.
In this paper the use of biased ferrite substrates is studied
for the possibility of obtaining novel printed antenna and
array characteristics that cannot be achieved with ordinary
dielectric substrates. More recently, it has been shown that
a biased ferrite substrate can be used to reduce surface
wave excitation for a printed dipole antenna. The center
conductor of a coax serves as the feed probe to couple
electromagnetic energy in and/or out of the patch. The
fringing electric field is represented in the following figure
for a patch antenna in its basic form. A flat plate over field
distribution of a rectangular patch excited in its
fundamental mode is also indicated. The electric field is
zero at center of a patch, maximum (positive) at one side,
and minimum (negative) on the opposite side. It should be
mentioned that the minimum and maximum continuously
change side according to the instantaneous plate of the
applied signal.
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3. RESULTS
The Return Loss curve, VSWR vs. Freq. curve for a
rectangular patch antenna for different cases of substrate
and their permeability are shown below:
Case 1: Rectangular Patch on a dielectric substrate (RT
Duroid)

Fig 2. Fringing electric field is represented for a patch
antenna
The electric field does not stop abruptly at the patch’s
periphery as in cavity rather; the field extends the outer
periphery to some degree. The field extension is known as
firing field and causes the patch to radiate. Some popular
analytic modeling techniques for patch antenna are based
on this leaky-cavity concept. Therefore the fundamental
mode of a rectangular patch is often denoted using cavity
theory as TM10 mode. The magnitude of currents and
voltages, of the proposed antenna is shown in Fig 3.
Fig.4 Return loss curve for Dielectric substrate (RT
Duroid) with µ=1

Fig.3. Voltage (V), Current (I) and Impedance (|Z|)
distribution

C. Design Specifications
The frequency used for simulation of patch antenna on
ferrite substrate is 3.2 GHz. The height of the substrate is
usually 0.8mm, h = 0.8mm and ℇr=4.4. The effective
dielectric constant εeff = 4.5083.
The model for the rectangular patch antenna is designed in
the Ansoft HFSS (High Frequency Structure Simulator)
and simulated with different values of permeability of the
ferrite substrate.

Fig. 5 VSWR vs. FREQ curve for Patch on RT Duroid
(µ=1)
Case 2: Rectangular Patch on a Ferrite substrate with high
permeability (µ=1000) and Dielectric Constant (ℇr=12).
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Fig. 6. Return Loss curve for Patch on a Ferrite with
µ=1000

Fig.9. VSWR curve for Patch on ferrite with µ=4000.
The results obtained from the Simulation of Patch antenna
on Ferrite Substrate are summarized in Table - 1.
Table .1 Performance of Ferrite Substrate Antenna

Fig.7. VSWR vs. FREQ curve for Patch on Ferrite with
µ=1000
Case 3: Rectangular Patch Antenna on a Ferrite substrate
with very high permeability (µ=4000) and Dielectric
constant (ℇr=12)

Parameter/Substrate

RT
Duroid
(µ=1)

Ferrite
(µ=1000)

Ferrite
(µ=4000)

Resonant Frequency

21.9
GHz

21 GHz

13.2 GHz

Bandwidth

2.5
GHz

200 MHz

200 MHz

Peak VSWR Freq.

14 GHz

18.2 GHz

20.9 GHz

From the above simulations, the following results have
been observed:
a.

b.
c.

d.
Fig.8. Return Loss for Patch on Ferrite with µ=4000
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The Antenna radiations have two dominant resonant
frequencies which can be tuned by varying the biased
field and further they can be exchanged with each
other just by reversing the polarity of the magnetic
field.
The Patch antenna can be switched to an off state
which leads to reduction in the RCS.
The Resonant frequency and return loss bandwidth of
the Patch antenna on ferrite is comparatively lesser
than that with a normal dielectric.
The VSWR vs. Freq curve for Patch on ferrite is
significantly improved as compared to the case of
dielectric.
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Abstract: A novel suspended rectangular microstrip
antenna for symmetrical radiation beam performance is
theoretically investigated. The conventional patch antenna
on common substrates always produces broader E plane
pattern compared to its H plane. In the present
investigation, the same microstrip antenna is suspended
over its ground plane and may be thought of as it is on air
substrate, which shows an excellent radiation pattern with
symmetrical 3 dB beam widths at its both E and H plane.
The present antenna has been compared with the
conventional structure and is presented in the paper. The
complete quantitative analysis to explore such radiation
beam characteristics for the proposed structure is also
presented in this paper. The proposed idea has been
verified through a commercial software package for X
band.
Keywords: Conventional Antenna, Suspended Rectangular
Microstrip Antenna, Symmetrical Beam widths.

1. INTRODUCTION
The rectangular microstrip antenna is the most common
and popular antenna for its well known striking features,
such as low profile, light weight, and compatibility with
monolithic microwave integrated circuits and thus it finds
growing number of new applications day by day [1]. This
microstrip antenna is etched on conventional substrates
with dielectric constant εr = 2.2 to 10.2 [2]. But that
microstrip antenna is suspended over ground plane is a
least investigated configuration in any open literature,
though it shows some interesting features particularly in its
radiation characteristics. Rectangular microstrip normally
radiates linearly polarized wave with about 4-5 dBi gain.
These patches radiate along the broadside direction with
broader E-plane pattern than H-plane [1]. As the microstrip
antenna is inherently a low gain antenna, larger gain is
always a positive requirement and can be achieved by
increasing its width-to-length ratio as is reported in [3].
But, as soon as the conventional substrate is replaced by
air, i.e the antenna becomes a suspended rectangular patch,
gain of the antenna increases satisfactorily.

Some researchers had employed different configurations
like, wedge-shaped air dielectric [4] or air cavities within
the substrate [5] for different applications. Improved gain
for microstrip antenna is always desirable but along with
this symmetrical or uniform radiation beam pattern in both
the E and H plane is also requisite to cover a wide area,
particularly for wireless communications.
This can be achieved using the proposed suspended
rectangular microstrip antenna and is presented in
comparison with the conventional structure. One very
recently reported article [6] shows an antenna fabricated on
dielectric strips with appreciable gain and symmetrical
beam pattern. But still it suffers from complex
manufacturing process and there is no quantitative guide
lines reported in [6] in support of their results. But here, the
feature of high gain and symmetrical beam radiation is
obtained from simpler structure and hence this proposed
antenna do not suffers from the disadvantage of complex
manufacturing process. A concrete quantitative analysis is
presented to explain such behavior of the antenna. An easy
and handful relationship between the length of patch
antenna and its fringing length for the proposed antenna is
established following the aperture antenna concept as
reported in [7]. The theory is successfully utilized to
evaluate the causes for uniform 3 dB beam widths which is
verified using [8] and close agreement is revealed.

2. ANTENNA STRUCTURE
A rectangular microstrip antenna with length L= 11.8 mm
and width W= 17.56 mm is shown in Fig. 1 (top-view of
the patch and side view of whole antenna structure). A
dielectric substrate of thickness h =1.58 mm of relative
permittivity of εr = 2.33 is sandwiched between the patch
and ground plane to develop the conventional patch
antenna. On the other hand, the copper plate (patch) of
same dimension is simply suspended over the ground plane
keeping the finite gap of h =1.575 mm between ground
plane and the copper plate (patch) for our proposed
structure. For both the cases, the dimensions of ground
plane is kept 1.6 λ0 X 1.6 λ0.
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also evident from Fig. 3. This may be due to the loosely
bound electric fields below the patch, which contributes for
the radiation fields for the present antenna. This is expected
because the dielectric constant of the material below the
patch is smaller i.e 1 compared to that (2.33) at
conventional patch. The total results are summarized in
Table-I.
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Fig. 2. Return loss characteristics of a suspended
rectangular patch antenna. L = 11.8 mm, W= 17.56 mm,
h= 1.58 mm, ρ = 2.6 mm; Substrate: uniform air: εr= 1.

3. RESULTS AND DISCUSSIONS
Simulated results obtained using [8] for suspended
rectangular microstrip antenna and the same with
conventional substrate operating around X band is
presented.

0
Conventional antenna
Proposed antenna

-5
-10
-15
-20

-80 -60 -40 -20 0 20
Angle in degree

Radiation Pattern (H Plane) in dB

10

Fig. 2 shows the complete return loss profile of the
proposed antenna which shows that the proper excitation
has been achieved by accurately choosing the feed point.
The proposed antenna resonates at 10.2 GHz with an
impedance bandwidth of nearly 6%.
The next step is to examine the radiation pattern for two
identical antennas; one with conventional PTFE substrate
and the other with suspended rectangular microstrip
antenna. Hence, the radiation patterns are compared
between the antennas separately at E and H plane as shown
in Fig. 3.
It is revealed that, 3dB beam width in E plane is quite
broader than H plane beam width for conventional antenna
while, those for proposed antenna show no changes in
beam widths between its E and H planes. Commonly
available literature shows that the beam width of any
antenna in a particular plane typically depends on its
dimension at that plane. In fact, the air below the patch
modifies the fringing lengths and widths in such a way that
the effective length and width acquire particular values
such that beam widths remain same in each plane. The case
is different when the region below the patch is filled up
with conventional dielectric material which results unequal
beam widths in different planes. It may also be noted that
along with the symmetrical radiation beam, the gain of this
present antenna is greater than conventional structure as
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Fig 3. Radiation pattern of present antenna operating at
10.35 GHz compared with a conventional antenna using
a PTFE (εr=2.33) substrate operating at 7.9 GHz.

♦ 318 ♦

TABLE I: Gain and Beam width of Rectangular
Microstrip Antennas (conventional and proposed one)
Parameters as in Fig. 2
Antenna
configuration

Peak Gain

(dBi)

Conventional
antenna

6.0

Proposed antenna

8.2

3 dB Beam width
(degree)
E Plane

H Plane

77
56

40
56

Quantitatave Estimation of Symmetrical Radiation Beam with Suspended Rectangular Microstrip Antenna

4. QUANTITATIVE ANALYSIS
Any rectangular patch antenna radiates along its broadside
direction and its field patterns at both E and H planes are
given by [3]. This is equally valid for our proposed antenna
as this suspended rectangular microstrip antenna may be
thought of as it is on air substrate. Now if we follow the
concept developed in [7] by one of the present authors,
where the radiation from the patch has been considered as
the radiation from rectangular aperture then following
[10],[11] we may write the 3 dB E plane and H plane beam
widths as
510
(1)
θE =
L + 2∆L

λ

and

θH =

67 0
W + 2 ∆W

(2)

λ

Now for beam widths to be equal in both the planes,
θE = θH
510
L + 2∆L

(3)
=

λ

670
W + 2∆W

(4)

λ

Thus,
W + 2 ∆W

0
λ = 67 = 1.31
0
L + 2∆ L
51
λ

(5)

⇒ W + 2∆W = 1.31L + 2.62∆L
(6)
Again for most commonly used aspect ratio W/L=1.5;
following [9] we may write,
∆W = ∆L 1.5 − W
= 0.75∆L
2L
(7)
Thus equation (6) may be rewritten as

(

)

1.5 L + 1.5∆L = 1.31L + 2.62 ∆L

(8)

Hence
L ≅ 5.9∆L

(9)

Following the design guidelines [8]; the fringing lengths
and widths (∆L and ∆W), have been calculated and it is
seen that, fringing length ∆L for the present antenna is 1.99
mm, where as that for antenna with conventional substrate
is only 1.27 mm. Again if we keep our eyes on the length
of the antenna it is 11.8 mm, which confirms that equation
(9) is satisfied and this result in fact creates a theoretical
background for such symmetrical 3 dB beam width
characteristics for proposed suspended rectangular
microstrip antenna.

5. CONCLUSIONS
A simple suspended rectangular microstrip antenna has
been proposed for symmetrical 3 dB beam width

characteristics and the proposed idea has been verified
thoroughly using quantitative analysis in the perspective of
half power beam widths of rectangular aperture antenna. A
simple handful relationship between the length of patch
antenna and its fringing length is established. The proposed
antenna is very helpful for the researchers and in search of
such low profile antenna with symmetrical beam radiation
pattern.
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Abstract: A single layer, single feed, compact rectangular
microstrip antenna has been proposed in this paper. The
microstrip antenna has a cross slot on the ground plane
and two slits on the signal plane. The antenna has been
designed on PTFE substrate which has a dielectric
constant of 2.4. We have achieved a size reduction of 92.68
% and the bandwidth has also been enhanced upto 19.6 %.

extends through the dielectric and soldered to the radiating
patch, Where as the outer conductor is connected to the
ground plane. The slots and slits are prepared by removing
the copper coating from the substrate.

Keywords: microstrip antenna, Method of Moment,
resonating frequency, return loss, size reduction,
bandwidth enhancement.

1. INTRODUCTION
Compact printed antenna is a topic of intensive research in
the recent years due to the demand of small, light-weight
antennas in various types of communication [1-2]. The size
of the antenna can be effectively reduced by cutting various
types of slots and slits on the signal and ground plane. In
this paper we have proposed a design in which there are
two slits on the signal plane and a cross slot on the ground
plane. When there was no slit and slot on the signal plane
and ground plane respectively the resonating frequency
was 4.82 GHz and the percentage bandwidth was 4.15 %.
After the modification we have obtained the resonating
frequency at 1.43 GHz with a percentage bandwidth of
19.6 %. The theoretical analysis of proposed antenna has
been carried out using Ansoft® simulator which works on
METHOD of MOMENT.

2. DESIGN OF THE ANTENNA
The geometry of the proposed antenna has been shown in
the figures below. Fig. 1 shows the general structure of a
microstrip antenna. Fig. 2 shows the geometry of the
radiating patch (22mm X 18 mm) and fig. 3 shows the
geometry of the ground plane (66mm X 54 mm). The black
parts indicate the metallic patch and the white parts
indicate the slits. Here PTFE substrate has been used that
has dielectric constant of 2.4 and thickness is 1.6 mm. Here
signal is fed to radiating patch by using coaxial probe feed
technique. This is very common technique used in
microstrip antenna. Inner conductor of coaxial connector
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3. RESULTS
When there was no slot at the ground plane and slits on the
signal plane the resonating frequency was 4.82 GHz with a
bandwidth of 4.15 % and the return loss at this resonating
frequency was -14.95 dB. This result has been shown in
fig. 4. Now after the slots and slits were introduced the
resonating frequency was drastically reduced to 1.43 GHz
with a bandwidth of 19.6 % and the return loss at this
frequency was -26.91 dB. Fig. 5 shows this result. We have
got a isotropic and stable radiation pattern at 1.43 GHz
which has been shown in fig. 6.

4. CONCLUSION
When there was no slots and slits the resonating frequency
was 4.82 GHz with a bandwidth of 4.15 % and after the
slot and slits were introduced the resonating frequency
became 1.43 GHz with 19.6 % bandwidth. To obtain
resonating frequency at 1.43 GHz we need W=80.85 mm
and L=66.92 mm and hence Area=5410.5 mm2 [3]. Now
this has been accommodated within 396 mm2. Hence the
size reduction obtained is 92.68 %. Brsides this we also
observe the bandwidth enhancement from 4.15 % to 19.6
%. This result is really encouraging and interesting.
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Abstract: The frequency bands development in microwave
filter, plays a major role in many RF or microwave
applications. Filters are the key elements of
telecommunications and radar systems and are important
items in the performance and cost of such system. In this
paper the Koch Fractal shaped Microstrip End Coupled
Half-wavelength Bandpass Filters is simulate. The
proposed filter having an center frequency of 2.02 GHz
with the 2.02GHz the Return Loss is 2.343db and Insertion
loss is 18.83.
Keywords: Fractal shaped Microstrip Bandpass Filter,
End Coupled Filter, RF Filters, Wavelength resonators and
Centre frequency

obtained with a Q less than about 5.with another difficulty
with producing low-Q designs is that the gap width is
required to be smaller for wider fractional bandwidths. The
minimum width of gaps, like the minimum width of tracks,
is limited by the resolution of the printing technology. To
reduce insertion loss in the pass-band, the gaps are usually
much smaller than the substrate height to enable tight
coupling. The resonator lengths depend on the guide
wavelength, coupling reactance and the gap capacitance.
This configuration provides relatively narrow bandwidth.
Since this structure is large, it is not a much preferred
configuration. This type of filter has desirable advantages
such as low-cost fabrication and easy integration[8].

1. INTRODUCTION

2. END COUPLED FILTER

Koch fractal geometry, named after the mathematician
Helge von Koch, is a well known procedure which has
been applied to miniaturize various conventional antennas.
A fractal shape has two unique properties: space filling and
self similarity. It can be used to filled a limited area as the
order increases and occupies the same area regardless of
the order. This is due to the space filling property. By self
similarity, a portion of the fractal geometry always looks
the same as that of the entire structure. As the Fractional
Bandwidth increases the coupling must be increased and
then the spacing between the lines of end coupled lines
become very much small which is sometime impractical for
the fabrication . Since the second harmonic problem occurs
due to large difference between the dielectric constants of
Eigen modes and it produces unequal phase velocities for
these even and odd modes[11]. When considering the
microstrip filters with higher dielectric constant problem of
second harmonic is more pronounced. There are some
effective solutions to minimize the problems due presence
of harmonics. In one method the phase velocities of Eigen
modes are made to be equal by compensating unequal
electrical length of Eigen modes. The End Coupled Filters
are particularly suitable for printed circuit technology for
planar formats as easily implemented and has the
advantage of taking less space than a plain transmission
line. The limitation of this topology is that performance
(particularly insertion loss) deteriorates with increasing
fractional bandwidth, and acceptable results are not

Fig 1 shows the end-coupled half-wavelength bandpass
filters, which has open-end microstrip resonators of almost
half-wavelength ( λ 2 ) long at the midband frequency fo of
the bandpass filter. The resonators are coupled by means of
gap capacitances between the resonator sections. The
resonator length θ and the coupling gaps S between
successive resonators are important design parameters.

Fig1.1 : General structure of end coupled microstrip
bandpass filter
This filter operates like the shunt-resonators type and the
design equations are [3]:
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π FBW

J 01
=
Y0

J

j , j +1

Y0

(1)

2 g0g1

=

π FBW
2

1
g jg

for j=1 to n-1
j +1

(2)

Analysis of Fractal Shaped End Coupled Microstrip Bandpass Filter

J n , n +1
Y0

π FBW

=

(3)

2 g n g n +1

where go, g1 ... gn are the element of a ladder-type lowpass
prototype with a normalized cutoff Ωc = 1 and FBW is the
fractional bandwidth of bandpass filter. The Jj, j+1 are the
characteristic admittances of J-inverters and Yo is the
characteristic admittance of the microstrip line.

constant 4.2 with thickness of 1.58mm for a third order
Chebyshev filter.
Table1: Parameters of End Coupled Half- wavelength
Resonator Bandpass Filter

S.
No
1

J
B

j, j+1

Y

0

=
1 − (

1

(4)

j , j +1

Y
J

0
j , j +1

Y

)

Z0Jn
Bn

0.3137 0.1187
0.1187 0.3137
6.96x10- 2.41x10- 2.41x10- 6.96x10-

4

Cn

5

θn

0.4520p 0.1564p 0.1564p 0.4520p
F
F
F
F
2.72 rad 2.91 rad 2.72 rad
-

2
3

Assuming the capacitive gaps act as perfect, seriescapacitance discontinuities of susceptance Bj, j+1 are: [2]

2

Paramet Section1 Section2 Section3 Section4
ers
gn
1.5963 1.0967
1.5963 1.0967

3

3

3

3

0

2B

2B



θ j = π −  tan −1 ( j −1, j ) + tan −1 ( j , j +1 ) radians
2
Y0
Y0 

(5)

where the Bj,j+1 and are evaluated at f0. The second term on
the right-hand side of (1,2,3) indicates the absorption of the
negative electrical lengths of the J-Inverters associated with
the jth half-wavelength resonator.
The coupling gaps sj,
resonator filter are;

Fig1.2 :- Layout of a three-pole microstrip end-coupled
band-pass filter / Proposed Filter Design (0th Order)

of the microstrip end coupled

j+1

C gj , j +1 =

B j , j +1

ω0

Fig 1.3 :- Proposed Filter Design (1st Order)
(6)

Fig 1.4(a) : Return loss response for end coupled
microstrip band pass filter (0th order)

where ω0 = 2πf0 is the angular frequency at the midband.
The physical lengths of resonators are given by

lj =

λg 0
θ j − ∆l ej1 − ∆l ej2
2π

(7)

The effective lengths can then be found by

∆l ej1 =

ω 0 C pj −1, j λ g 0
Y0
2π

(8)

∆l ej2 =

ω 0 C pj , j +1 λ g 0
Y0
2π

(9)

3. FILTER DESIGN
From the parameters given below the Fractal shaped End
coupled micro strip band pass filter , with a 0.5dB equalripple pass band characteristic for 0th & Ist order is
designed using IE3D with the center frequency of 2.45
GHz having a bandwidth of 10% and equal ripple in the
pass-band of 0.5dB, with the FR4 substrate of dielectric
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Fig 1.4(b): Insertion loss response for end coupled
microstrip band pass filter (0th order)
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5. CONCLUSION
This is observed from this analysis that the further
symmetrical approach i.e. iterations tends to produce a
more compact filter with less coupling effect in its
realization when frequency increases and also this
minimizes required space for realization and is suitable for
integration within wireless system.
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Fig 1.5(a) : Insertion loss response for end coupled
microstrip band pass filter (1st order)

Fig 1.5 (b) : Return loss response for end coupled
microstrip band pass filter (1st order)

4. RESULT AND ANALYSIS
The above responses using IE3D shows that the endcoupled line band-pass filter having an identical near passband region. For 0th ordered at 2.744GHz, the Insertion loss
is 16.67 db and return loss is 2.61db and for Ist order at
2.02GHz the Return Loss is 2.434db and Insertion loss is
18.83 .
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Periodicity is taken 21 mm in x-directions and 21mm in ydirections. The patches are considered to be present on one
side of a thin dielectric slab of glass PTFE having relative
permittivity of 2.4 and thickness of 1.6mm. The
dimensions are shown in the fig 1 and the transmission
characteristics is shown in fig.2.

14.14mm

14.14mm

1. INTRODUCTION
20mm

In microwave engineering Frequency selective surfaces or
dichroics can be regarded as filters of electromagnetic
waves.[1-4] An array of periodic metallic patches on a
substrate, or a conducting sheet periodically perforated
with apertures, constitutes a frequency selective surface
(FSS) to electromagnetic waves. Such structures have been
well known in antenna theory for over half a century. They
exhibit total reflection for patches and total transmission
for apertures in the neighborhood of element resonance.
The reflection and transmission band can be predicted
theoretically by different methods viz. Finite Difference
Time Domain method (FDTD), Finite Element Method
(FEM) & Method of Moment (MOM).[5] The frequency
selective properties of FSS are exploited to make a more
efficient use of reflector antennas in satellite
communication systems which results weight reduction of
the satellite and increases the working life of the satellite.
the other application of FSS is to protect the Radar system
using radome. FSS is also used in the domestic microwave
oven Screen Window which blocks the microwave from
coming out but passes the visible spectrum.

21mm

Keywords: Frequency Selective Surface, Method of
Moment, Rectangular Slot, Multi frequency, Size
Reduction.

21mm

20mm

Abstract: This paper deals with the theoretical
investigation on a reduced size and multiple band
Frequency Selective Surface (FSS). The FSS is designed by
cutting a Triangle shaped slot in a novel shaped patch
keeping same periodicity throughout. Compared to
conventional patch FSS the designed FSS can provide
reduction in resonant frequency resulting in size reduction
up to 65%.Theoretical investigations have been done by
Ansoft Designer® software.

Fig.1: FSS with reference patch

2. DESIGN OF FSS
The FSS structure consists of two dimensional arrays of
patches. The dimension of each patch is shown in fig 1.
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Fig.2: transmission characteristics of the FSS
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Now we design the modified FSS array by cutting slot as
shown in figure 3. The dimension of the Triangle shaped
slot is shown in fig3. The transmission characteristics are
shown in fig. 4.

15.81mm

15.81mm

10mm

Fig.4, which shows that the FSS resonates at 7.25 GHz
while considering the first frequency band. Before
designing the FSS with proposed grid, the first resonating
frequency is obtained at 10.02GHz [fig.2]. To obtain the
resonating frequency at 7.25 GHz it would require the
patch of perimeter is 135.08 mm approximately. So length
of a side of the proposed patch is 33.77mm approximately.
So the size reduction of [(33.772-202)/(33.772)]=65%
(approx) has been achieved with the help of this proposed
design. This design gives four frequency bands considering
less than -10dB transmission gain within 15GHz range &
the resonating frequencies are obtained at 7.25GHz,
12.50GHz, 12.75 GHz & 13.80GHz with bandwidth of
5.50%, 2.80%, 3.90%& 1.82% respectively.

4. CONCLUSION
Generally in different research paper it is found that either
compactness or multiple resonant frequencies are achieved
by different slot or slit loading. Here in this paper both the
compactness and multifrequency operation have been
obtained simultaneously.

Fig.3: proposed design of FSS

While the design (fig 3) can be applied for different J
&KU–band applications like satellite communication etc.
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3. RESULTS
In the modified FSS multiple resonating frequencies have
been obtained. The resonant frequencies with bandwidth
and percentage bandwidth have been shown in tabular
form.
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Designed
Bandwidth Percentage
frequency in
FSS
in GHz
bandwidth
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1.82%

Sl.
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Abstract: This paper describes a method of designing a
reconfigurable dual-beam antenna array using a novel
Biogeography Based Optimization (BBO) algorithm. The
objective of the reconfigurable design problem is to find a
common amplitude distribution with minimum amplitude
dynamic range ratio (ADR) that will give a pencil beam
with zero phases and a flat-top beam with continuously
controllable phases of an analog phase shifter. Multi-beam
antenna arrays find their applications in communications
and radar. Results show a good agreement between the
desired and BBO synthesized pattern.
Keywords: antenna; biogeography based optimization;
genetic algorithm; optimization; reconfigurable antenna

1. INTRODUCTION
Reconfigurable array antennas are able to radiate multiple
radiation patterns using a single power-divider network and
variable phase shifters and therefore, are preferred in many
applications such as communication and radar. Usually, the
complexities in designing the feed network are less if the
element excitations corresponding to different patterns
differ only in phase than if they also differs in amplitude.
Several methods of obtaining phase-only multiple pattern
antenna arrays have been described [1–5].
Phase-only synthesis with prefixed amplitude distributions
has been described [1] using modified Woodward–Lawson
technique. Bucci et al. [2] presented the method of
projection to synthesize reconfigurable array antennas with
asymmetrical pencil and flat-top beam patterns using
common amplitude and varying phase distributions.
Particle Swarm Optimization (PSO) has been used for the
design of a phase differentiated reconfigurable array in
theta domain [3]. Phase-only beam shaping with pre-fixed
amplitude distributions was reported in [4] using an
analytical technique. Baskar et al. proposed a mixedinteger optimization algorithm namely, the generalized
generation-gap model GA (G3-GA) for synthesizing
reconfigurable array antennas with phase-only control of 6bit discrete phase shifter and continuous amplitude

distribution [5]. The results obtained for discrete phase
excitations were better as compared to continuous phase
excitations with subsequent quantization.
In this paper, Biogeography-Based Optimization (BBO) is
applied for the design of a reconfigurable array
symmetrical dual-beam linear isotropic antenna array with
or without minimizing excitation amplitude dynamic range
ratio (ADR) of excitation amplitude distribution. BBO is a
population-based evolutionary technique introduced in [6].
It has been applied for the design of linear antenna arrays
for obtaining the maximum sidelobe level (SLL) reduction
and null placement in desired directions in [7]. Results
obtained using BBO for the linear arrays are encouraging.
The BBO method produced a lower value of SLL and
better null placement as compared to PSO [8].BBO has
also been used for the optimization of Yagi-Uda and
circular antennas [9,10]. The BBO algorithm has been also
applied in other areas, such as the power flow problem
[11], optimization of gear trains [12], and satellite image
classification problems [13]. The objective in this paper for
BBO is to determine a common amplitude distribution that
can generate either a pencil beam or a flat-top beam, when
the phase distribution of the array is changed suitably. To
the best of our knowledge, BBO has not been applied for
the optimization of the reconfigurable antenna design
before.
The rest of the paper is organized as follows: Section II
discusses the problem formulation for the linear array. In
Section III, fitness function is discussed. Section IV and V
presents biogeography based optimization. In Section VI
design examples and the results are discussed and in
Section VII conclusions are presented.

2. PROBLEM FORMULATION
In amplitude-phase synthesis, the design of a
reconfigurable dual-pattern antenna array is based on
finding a common amplitude distribution that can generate
either a sum or a sector beam power pattern, when the

♦ 327 ♦

Proceedings of the International Conference on Communications & Electronics – ICCE – 2012

phase distribution of the array is modified appropriately.
All the excitation phases are set at 00 to generate a sum
pattern and are varied in the range −1800 ≤ ϕ ≤1800 to form
a sector beam [3]. If the excitation is symmetrical about the
centre of the linear array, the array with even number of
uniformly spaced isotropic elements (2N) can be written as:
N
F(θ ) = 2 ∑ (a cos φ − a sinφ )
k kI
k
k=1 kR

with

φk =

2π

λw

d sinθ
k

(1)

(2)

where dk is the distance which is between the position of
the kth element and the center, θ is the scanning angle
from broadside, akR is the real parts of the kth element
excitation, akI is the imaginary parts of the kth element
excitation and λw is the wavelength of the signal. The
range of akR and akI is set within the range [0, 1] and [-1, 1],
respectively. Because of symmetry, N excitation amplitude
and phase coefficients are to be chosen to optimize the
desired pattern.

3. FITNESS FUNCTION
Two patterns are desired: a high-directivity, low side-lobe
pencil shaped beam, and a wider sector pattern. For the
reconfigurable dual-beam optimization, the objective of the
fitness function must quantify the entire array radiation
pattern. The fitness function to be minimized for dualpattern array optimization problem can be expressed as
follows:
3 ( p)
( p) 2 4 ( s)
( s) 2
∑ (P
− Pj ) + ∑ (P − Pj ) + ADR
,
,
j
d
j
d
j=1
j=1

(3)

where the superscript p is the design specification for the
pencil pattern, and the superscripts s are the design
specification of the sector pattern. The superscript d
indicates the desired value of the design specification, and
P indicates the applicable fitness factor in Table I. The first
part of this fitness function is summarized over the first
column of Table I, and the other part of this function is
summarized over the second column. Different from the
fitness function of the pencil beam pattern, the pattern
ripple needs to be calculated for the sector pattern. In order
to decrease the effect of coupling between elements, an
additional term is included in the objective function
Equation (3) [5]. The ratio between the maximum and
minimum excitation amplitudes is used to minimize the
coupling effect. The minimization of amplitude-excitation

dynamic range ratio can reduce the mutual coupling
problems [14-15].

4. BIOGEOGRAPHY THEORY
Biogeography is the study of distribution of biodiversity
over space and time. The science of biogeography was
sown by naturalists like Alfred Wallace and Charles
Darwin. Till 1967, biogeography was mainly descriptive
study. But the work carried out by R. MacAurthur and E.
Wilson changed this perception. They were able to
construct a mathematical model for biogeography and
made it feasible to predict the number of species in a
habitat.
In the science of biogeography, a habitat (H) is an
ecological area that is inhabited by a particular plant or
animal species and which is geographically isolated from
other habitats. Each habitat is classified by Habitat
Suitability Index (HSI). Areas or habitats which are well
suited as living places for biological species have high HSI
while habitats that are not good have low HSI. The value of
HSI depends upon many features of habitat like rainfall,
temperature, diversity of vegetation, land area, safety and
security. If each of the features is assigned a value, HSI is a
function of these values. Each of these features that
characterize habitability is known as Suitability Index
Variables (SIV). SIVs are the independent variables while
HSI are the dependent variables.
Habitats with high HSI have large population, high
emigration rate µ, simply by virtue of large number of
species that migrate to other habitats. The immigration rate
λ is low for these habitats as these are already saturated
with species. On the other hand, habitats with low HSI
have high immigration rate λ, low emigration rate µ
because of sparse population. The value of HSI of low HSI
habitat may increase with the influx of species from other
habitats as suitability of a habitat is function of its
biological diversity. But if HSI does not increase and
remains low, species in that habitat go extinct and this
leads to additional immigration. For sake of simplicity, it is
safe to assume a linear relationship between a habitat HSI
and its immigration and emigration rate and also that the
rates are same for all the habitats. The immigration and
emigration rate depends upon the number of species in the
habitats. These relationships are shown in Fig. 1.The values
of emigration and immigration rates are given as:
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where Ib is the maximum possible immigration rate; E is
the maximum possible emigration rate; k is the number of
species of the kth individual and n is the number of species.

solution feature, the emigrating habitat is selected for a
given solution probabilistically using roulette wheel
normalized by µ. The mutation operator is probabilistically
applied to the habitat which tends to increase the biological
diversity of the population. The mutation rate m is
inversely proportional to the solution probability which is
given by:


P 

m = mmax 1 −
 Pmax 

(7)

where mmax is a user-defined parameter.
As in other population-based optimization algorithms,
elitism is introduced so that the best solutions are retained
in the population from one generation to the next. The
algorithms for mutation and migration process of BBO are
shown in Fig. 2 and Fig. 3 respectively.

Fig. 1: Habitat Migration Rate vs. Habitat Suitability
Index

5. BIOGEOGRAPHY-BASED OPTIMIZATION
BBO is novel population based global optimization
algorithm stimulated by science of biogeography. The
candidate solutions for a problem are considered as
habitats. Each solution is associated with the fitness which
is analogous to HSI of a habitat. A good solution is
analogous to a habitat with high HSI and a poor solution
represents a habitat with a low HSI. Good solutions share
their features with poor solutions by means of migration.
Good solutions have more resistance to change than poor
solutions. On the other hand poor solutions are more
dynamic and accept a lot of new features from good
solutions.
Consider a global optimization problem and population of
possible solutions. In an Nvar – dimensional optimization
problem, a habitat is a 1 X Nvar array. Each solution is
represented by N-dimensional integer vector as
[SIV1………, SIVNvar]. In BBO, a SIV is a solution feature
corresponding to “gene” while habitat is similar to
“chromosome” in other population-based optimization
algorithm like GA. The variable values or SIVs in the
habitat are represented as floating numbers. The set of all
such vectors is the search space from which the optimum
solutions are to be found. The value of HSI of a habitat is
value of cost function associated with that solution. The
value of HSI is found by evaluating the cost of function at
the variables [SIV1, ………SIVNvar]. Therefore,
HSI=f(Habitat) = f (SIV1 …..SIVNvar)

(6)

These solutions are made to share features among
themselves by applying migration operator. For each SIV,
in each solution, it is decided probabilistically whether or
not to immigrate. If immigration is selected for a given

Mutation and migration operators in BBO are similar to
GA and PSO and therefore it is also applicable to same
type of problems as GA and PSO are used for. BBO is
different in some respects with the other global
optimization techniques e.g. as compared with GA it does
not involve reproduction and it keeps the solution set while
moving from one iteration to the next . BBO differs from
other popular evolutionary algorithms in certain aspects.
Though BBO is a population-based optimization algorithm
it does not involve reproduction or the generation of
“children.” This undoubtedly differentiates it from
reproductive strategies such as GAs and evolutionary
strategies. BBO also clearly diverges from ACO, in respect
that ACO generates a new set of solutions with each
iteration while BBO, in contrast, preserves its set of
solutions from one iteration to the next, relying on
migration to probabilistically adapt those solutions.
BBO has the most in common with strategies such as PSO
and DE. In PSO and DE approaches, solutions are retained
from one iteration to the next, but each solution is capable
to learn from its neighbours and adapt itself as the
algorithm progresses. PSO gives each solution as a point in
space, and represents the change over time of each solution
as a velocity vector, nevertheless, PSO solutions do not
alter directly but it is rather their velocities that change, and
which indirectly causes in position (solution) changes. On
the other hand, DE changes its solutions directly, but
changes in a particular DE solution are based on
differences between other DE solutions. BBO solutions are
changed directly via migration from other solutions
(islands). That is, BBO solutions directly share their
attributes (SIVs) with other solutions. In this respect, BBO
is different from PSO and DE [6].
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for i= 1 to NP do
Select Hi with probability α λi
if Hi is selected then
for j=1 to NP do
Select Hj with probability based α µj
if Hj is selected
Randomly select a SIV v from Hj
Replace a random SIV in Hi with v
end if
end for
end if
end for

achieved after optimization are shown in Table II. The final
fitness value achieved is 4.86 and the value of ADR
obtained is 4.7. Again, obtained results are in good
agreement with the desired results. The corresponding
common amplitude and phase distributions are given in
Table III. Fig. 6 shows normalized dual-beam radiation
pattern for antenna array with ADR minimization.

TABLE I. DESIRED AND OBTAINED RESULTS
WITHOUT ADR MINIMIZATION

Fig. 2: Migration process of BBO

for j=1 to length(SIV) do
Use λi and µi to compute the probability Pi
Select a variable Hi (SIV) with probability based on
Pi
if Hi (SIV) selected then
Replace Hi(SIV) with a randomly generated
SIV
end if
end for

Fig. 3: Mutation process of BBO

6. DESIGN EXAMPLES
In this work, an array of 20 isotropic elements spaced .5λw
apart is considered to generate a pencil beam and a sector
beam with a common amplitude distributions and varying
phase distributions. Due to symmetry, here only ten phases
and amplitudes are to be optimized. For BBO, an island
consists of 20 SIVs among which 10 SIVs represent
amplitudes and 10 SIVs correspond to phases of linear
antenna. The amplitudes are allowed to vary between [0, 1]
and phases between [-1800, 1800]. The population of BBO
NP is taken as 150 and the algorithm is run for 500
generations.
In the first example, dual-beam pattern without ADR
minimization is taken. The results of optimization are
shown in Table I. The optimized amplitude and phase are
given in Table III. As can be seen from the Table I, the
desired results are easily obtained. The final fitness value is
0.16 and ADR is 10.62. The convergence characteristics of
BBO algorithm are shown in Fig. 4. The normalized dualbeam radiation patterns for this optimization are shown in
Fig 5.
In the second example, dual-beam pattern with ADR
minimization is considered to reduce effect of mutual
coupling between the antenna-array elements. The results

Design
Parameters
Sidelobe
level
Half-power
beamwidth
Beamwidth
at SLL
Ripple

Pencil beam
Desired Obtained
-30 dB
-31.11
dB
6.80
7.20

Sector beam
Desired Obtained
-25
-25.57
dB
240
240

200

200

400

400

N/A

N/A

.5 dB

0.1690

TABLE II. DESIRED AND OBTAINED RESULTS
WITH ADR MINIMIZATION

Design
Parameters
Side lobe
level (SLL)
Half-power
beamwidth
(HPBW)
Beamwidth
at SLL
Ripple

Pencil beam
Desired Obtained
-30 dB
-30.1 dB

Sector beam
Desired Obtained
-25 dB -25.05 dB

6.80

7.20

240

240

200

200

400

400

N/A

N/A

.5 dB

0.4481

TABLE III. AMPLITUDE AND PHASE
DISTRIBUTIONS

Element
Number

1/20
2/19
3/18
4/17
5/16
6/15
7/14
8/13
9/12
10/11
ADR
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Without ADR
optimization
Amplitude
Phase
(degree)
0.0941
-176.652
0.2218
-156.636
0.2157
-173.088
0.3579
103.32
0.4754
79.308
0.6377
78.732
0.7295
-86.400
0.8366
-77.508
0.9560
-88.308
1.0000
114.192
10.62

With ADR
optimization
Amplitude
Phase
(degree)
0.2087
180.000
0.2088
-156.35
0.2235
-175.815
0.3885
98.3808
0.4679
77.565
0.6241
81.2196
0.7407
96.8544
0.8540
-56.286
0.9364
77.890
0.9827
101.19
4.7077
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7. CONCLUSIONS
BBO is a new algorithm in electromagnetics optimization
and is applied for the optimization of reconfigurable dualbeam antenna array with or without ADR minimization in
this work. Results clearly show a very good agreement
between the desired and BBO synthesized pattern. The
coupling effect between antenna elements is reduced by
decreasing the excitation dynamic ratio, without
compromising on the design specifications. The results
demonstrate the effectiveness of BBO algorithm in antenna
design. BBO is simple and easy to comprehend. BBO
method has proved to be an efficient algorithm for the
antenna optimization problems.

Fig. 4: Convergence characteristics of BBO for a dualbeam antenna without ADR
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Abstract: In this paper a novel technique has been
proposed to design Elliptical Microstrip patch Antenna
using Genetic Algorithms (GA). The fitness function has
been developed in GA and the optimized dimensions of the
antenna have been calculated. The results from the
proposed approach are in good agreement with the
targeted results. Thus the developed GA code is validated.
Keywords: Elliptical Microstrip Patch Antenna; Genetic
Algorithms; Resonant frequency.

1. INTRODUCTION

data at initial stage for calculation of parameters of the
antenna.

2. DESIGN APPROACHES FOR ELLIPTICAL
ANTENNA
Fig. 1 shows the geometry of elliptical patch antenna with
‘a’ as semi-major and ‘b’ as semi-minor axis lengths, ‘h’ as
the thickness of the substrate and ‘εr’ as the permittivity of
dielectric substrate. The feed point is located along the 450
line between the major and minor axis of the elliptical
patch.

Modern printed circuit fabrication techniques have made it
possible to build low profile antennas which are extremely
useful. Such antennas are referred to as Microstrip patch
antennas. Microstrip antennas find wide applications in
wireless devices due to its light weight, planar
configuration and compactness. The patch of the antenna
can be of any shape. When a particular shape and excited
mode are selected they are very versatile in terms of
resonant frequency, polarization, radiation pattern and
impedance [1].
In this work Elliptical microstrip patch antenna (EMSA) is
considered. The elliptical patch radiates dual frequency
owing to two modes i.e. even and odd modes [2]. The
analysis of elliptical patch involves the tedious calculations
using Mathieu’s and modified Mathieu’s function. The two
resonant frequencies fe and fo are calculated using height of
dielectric substrate (h), dielectric constant (εr) , and antenna
dimensions i.e. semi-major and semi-minor axis lengths [3,
4]. But the reverse i.e. calculation of antenna dimensions
from inputs like frequencies, height and dielectric constant
is not available in the literature [2].
In this work Genetic Algorithms (GA) approach is
proposed to synthesize the antenna. This approach shows a
great promise in solving the complex synthesis equations
and producing results at a faster pace compared to other
methods. Also this approach is better from ANN approach
used previously by [2] as it does not require any training

h

εr

Fig.1: Geometry of Elliptical microstrip patch antenna
In present work, Circular polarization is achieved by using
single feed which otherwise is possible with dual feed,
phase-shifter etc., which increase the complexity of the
structure [3].
The process of calculating the resonant frequency of the
antenna when its dimensions are given is known as
Analysis process and the reverse i.e. calculating the
dimensions of the antenna from given resonant frequency is
known as Synthesis process.
Different analysis methods have been used previously.
Variation method and Hammerstad formula reported by [4]
were used to obtain two frequencies (even and odd). Shen
and later Yu have shown that Circular Polarization could
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be produced from the elliptical patch antenna by feeding it
along a line 450 from its major axis [4]. Other methods to
produce CP include dual-feed, phase-shifter radiator,
pentagon, corner-fed rectangle and 450 slot which are
reported by [3]. The effects of fringe field at the edge of the
elliptical patch and those of the dielectric substrate are
taken into account in the calculation by [5].
The following equations given by [2] are used for
analysing elliptical patch antenna to find the resonant
frequencies (fe, fo) from the input:
'¥

¦ln V W + 1.41h- + 1.77 +
rwxx  r U1 +
¥



/ï




0.268h- + 1.65§X

w
F
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= −0.0049= + 3.7888= − 0.727= + 2.314=
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t

(1)

u

(2)
)
F
= −0.0063= + 3.8316= ' − 1.1351= t + 5.2229= u
(3)
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+
=

¨
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,1
]

/

(4)

3. PROPOSED APPROACH FOR SYNTHESIS
OF ELLIPTICAL PATCH ANTENNA
The synthesis equations i.e. equations for finding semi
major axis length ‘a’ are not available in the literature [2].
The analysis equations (1-4) mentioned above when
rearranged to find ‘a’, results into the following equation:
r=

2.82ℎ 3.54ℎ 2ℎ
r
8 − 8h- − 8h- 1 V2ℎW
0.536ℎ' 3.3ℎ'
1+
+ 8h
8
-

4. BRIEF DESCRIPTION OF GENETIC
ALGORITHMS
Genetic Algorithms (GA) are search algorithms based on
the mechanics of natural selection and natural genetics.
Genetic Algorithm was first invented by John Holland. GA
is based on “Survival of the Fittest” theory i.e. It calculates
the most fit value of an individual (bit string) depending
upon the selection criteria.
To solve a problem with GA the following requirements
should be fulfilled:
• Genetic Representation of solution domain. Mostly
array of bits is used for representation of individuals.
• Fitness Function to evaluate the solution domain.

Where
a
- Semi-major axis,
h
- Height of dielectric substrate,
εr
- Permittivity of dielectric substrate,
a eff - Effective semi-major axis,
e
- Eccentricity of elliptical patch,
f11e,o - Dual-Resonance frequency,
q11e,o - Approximated Mathieu function of the dominant
TM11e,o mode.

'
rwxx
−

applied to calculate the optimized major axis of the
elliptical patch for given value of eccentricity and other
input parameters. The results are calculated and compared
with those available in the literature. Results are in good
agreement.

5

Equation (5) obtained above is a typical equation which
requires solving the logarithmic term in ‘a’. No
conventional method is available to solve such an equation.
ANN has been used previously to synthesize the antenna
but the disadvantage of using ANN is that some initial
training data is required at the beginning.
To overcome this disadvantage, the present work proposes
GA as one of the efficient, fast and accurate approach to
synthesize the antenna. Genetic Algorithms has been
applied to optimize the parameters of rectangular micro
strip patch antenna by [6]. In present paper, GA has been

Population of individuals, number of generations etc. can
be selected according to the demand of the problem. In
every generation, a new set of creatures (strings) is created
using bits and pieces of the fittest of the old; an occasional
new part is tried for good measure. GA is an optimizing
algorithm but it differs from other normal optimization and
search procedures in following four ways [7]:
(i) GA’s work with coding of the parameter set, not the
parameters themselves.
(ii) GA’s search from a population of points, not a single
point.
(iii) GA’s use payoff (Objective function) information,
not derivatives or other auxiliary knowledge.
(iv) GA’s are probabilistic transition rules, not
deterministic rules.
Following are the three important parameters of GA
• Reproduction - It is the process of copying the fitness
function or goodness of the function.
• Crossover - an exchange of substrings denoting
chromosomes, for an optimization problem. It may be
a single point cross over, two points cross over, cut
and splice, uniform crossover or half uniform
crossover.
•

Mutation - the modification of bit strings in a single
individual.

For present work, the values used for the above mentioned
parameters of GA, are listed in next section.

5. RESULTS & DISCUSSION

Equation (4) for ′+w ′ is used as the fitness function for GA.
The unknown independent variable is semi major axis ‘a’.
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The population size is taken 20 individuals, and 200
generations are produced. The probability of crossover is
set at 0.2, while the probability of mutation is equal to 0.01.
Even mode resonant frequency+w  , thickness of the
substrate (h), dielectric constant (εr) and eccentricity (e) are
given as inputs to GA, which gives the optimized value for
the semi major axis ‘a’. Further from the value ‘a’, semi
minor axis ‘b’ and odd mode resonant frequency (+) ) is
calculated.

Table 1: Comparison of GA results with Targeted results
for input parameter εr = 2.48, h = 0.3175 cm, e = 0.2178
Input
parame
ter

+w
(GHz)
1.0223
1.5376
2.0734
2.6060
3.0538

Targeted
Results
Using
equations(1-4)
a
fo
(GHz)
(cm)
5.4192 1.0340
3.5202 1.5552
2.5505 2.0972
1.9848 2.6349
1.6616 3.0888

GA Results

Fitness value

Best fitness

fo
(GHz)
1.0340
1.5553
2.0968
2.6358
3.0881

a
(cm)
2.712
2.147
1.783
5.5
3.682

fo
(GHz)
2.0669
2.5810
3.0745
1.0441
1.5411
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Abstract: In this review paper, antenna miniaturization
and bandwidth enhancement are discussed. We presented a
detailed survey upon the most recent research efforts
associated with those metamaterial based antennas. It is
found that RIS (reactive impedance surface) substrate can
be used for both the antenna miniaturization as well as
band width enhancement; however periodic magnetodielectric is basically to maximize the bandwidth of the
miniaturized antenna. In this review we have focused on
the results found in the literatures on practically realizable
artificial magnetic media operating in microwave regime
only.
Keywords: Patch antenna, metamaterials, split ring
resonators and magneto dielectric substrate

1. INTRODUCTION
Microstrip patch antennas have found extensive application
in wireless communication and military systems owing to
their advantages such as low-profile, conformability, lowcost fabrication and ease of integration with feed networks.
However, the microstrip antennas inherently have a narrow
bandwidth and low gain. With the ever-increasing need for
mobile communication it is a major challenge to design
miniaturized/compact broadband antennas because they
have mutually conflicting properties and improvement of
one of the characteristics normally results in degradation of
the other. In order to design a miniaturized patch antenna,
high permittivity substrate can be preferred, but the
excitation of surface waves lead to pattern degradation
causing poor radiation efficiency as well as narrow
impedance bandwidth. To overcome the inherent limitation
of narrow impedance bandwidth and to increase the
radiation efficiency of patch antennas, the coupled patch
antennas have been suggested [1-3].
The coupled patch antennas can be made of using two or
multiple patch antennas. Gain of coupled patch antennas
will be slightly larger than that of a single-layered patch,
due to its increased height above the ground plane. The
larger the height of the stacked configuration, the higher is
the gain. This is an additional benefit of stacking of the

patch antennas apart from its broadband impedance
bandwidth. However multiple coupled patch antennas can
increase both the input impedance bandwidth and the gain
significantly [2-6]. Recently, the interest has been growing
in the theoretical and experimental study of metamaterials.
Metamaterials are artificial materials synthesized by
embedding specific inclusions like periodic structures in
the host media. Some of these materials exhibit either
negative permittivity or negative permeability. If both
permittivity and permeability of such materials are negative
at the same frequency, then the composite possesses an
effective negative index of refraction for isotropic medium.
It is referred as a left handed metamaterial [7-10]. This is
because the electric field, the magnetic field and the wave
vector together form a left-handed system. Due to this
extraordinary behavior of metamaterials, they are called as
double negative (DNG) or single negative (SNG)
materials[11-14].
Metamaterials
are
sometimes
significantly referred as mu negative (MNG) or epsilon
negative (ENG)[15-17]. These metamaterials are typically
realized artificially as composite structures that are
composed of periodic metallic patterns printed on dielectric
substrates. The novel characteristics of metamaterials lead
to design new devices like planar antennas, frequency
selective surfaces, filters and resonators[18-22].

2. METAMATERIAL ANTENNAS
The performance of metamaterial antennas is admired by
the antenna and microwave researchers due to their
astonishing and extraordinary electromagnetic properties.
The applications of metamaterial have improved the
performance and novel functionalities of the conventional
microwave devices. Antenna has become one of the most
exciting applications of metamaterials due to the possibility
of significant improvement in their performance. The
emergence of new artificial materials such as high
impedance surfaces (HIS), reactive impedance surfaces
(RIS), magneto-dielectrics and metamaterials provide new
ways to achieve higher levels of miniaturization than more
conventional techniques. Major advantages of metamaterial
antennas are miniaturization, high gain, high directivity and
highly efficient [23-27].
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In 1990, Pendry reported that an array of split ring
resonator caters negative effective magnetic permeability
over its resonant frequency range [28]. Further in 2000,
Smith et al. performed the experimentation on
metamaterials by periodically arranging thin conducting
wires and split ring resonator (SRRs) [29]. R.W.
Ziolkowski et al. reported that the radiation power of small
antennas increase due to metamaterial characteristics [30].

3. REACTIVE IMPEDANCE SURACE(RIS)
The concept of a novel reactive impedance surface (RIS) as
a substrate for planar antennas is proposed by Hossein
Mosallaei is shown in fig 1. This can miniaturize the size
and significantly enhance the bandwidth along with the
radiation characteristics of an antenna. Pure reactive
impedance plane with a specific surface reactance can
minimize the interaction between the elementary source
and its image in the RIS substrate. An RIS can be tuned
anywhere between perfectly electric (PEC) and magnetic
conductor (PMC) surfaces offering a property to achieve
the optimal bandwidth and miniaturization factor. It is
demonstrated that RIS can provide performance superior to
PMC when used as substrate for antennas [31].

Fig. 1: RIS is a 6X6 finite array of square patches
printed on the PEC-backed dielectric material [31]
An approximate circuit model and a full-wave FDTD
numerical technique are developed for designing and
characterizing reactive impedance surfaces. A miniaturized
patch antenna over an RIS substrate was fabricated and
tested. It was shown that the antenna over RIS exhibits
superior characteristics compared to the conventional patch
antenna. The measured relative bandwidth, antenna gain,
and radiation efficiency of the RIS patch antenna are
respectively BW = 6.7%, G = 4.5dBi and er = 90%. This
constitutes the highest bandwidth, gain and efficiency
reported for such a small size thin planar antenna [31].

4. MAGNETO-DIELECTRIC
METAMATERIAL
The applications of magneto-dielectric metamaterials are
for improving the performance and miniaturization of
antenna. The magneto-dielectrics have the dual benefit of
improving band-gap rejection levels along with size
reduction. This was demonstrated using a magnetodielectric woodpile structure and its performance was
compared with a dielectric woodpile. The magnetodielectric meta-substrates are also shown to provide a great
advantage in the design of miniaturized planar antennas
with superior radiation and bandwidth characteristics. Both
the dielectric and magnetic materials allow simultaneous
ease of antenna impedance matching and miniaturization.
A periodic arrangement of dielectric and magnetodielectric materials is effectively obtained as an engineered
substrate. This substrate is utilised for designing a
miniaturized patch antenna, which demonstrates a
relatively high bandwidth and efficiency [32-33].
The effect of artificial magneto dielectric substrates is
systematically studied on the impedance bandwidth
properties of microstrip antennas. It has been shown that
with artificial magneto dielectric substrates obeying the
modified Lorentzian type dispersion for µeff, frequency
dispersion cannot be neglected in the analysis. A relation
has been derived for the ratio between radiation quality
factors of ideally shaped antennas loaded with dispersive
magneto dielectrics and dispersion-free reference
dielectrics. The result shows that artificial magneto
dielectric substrates lead always to larger radiation quality
factor if static Re{µeff} = 1. The effect of frequency
dispersion has a very fundamental nature, yet this effect is
often neglected when studying the impedance bandwidth
properties. A common belief is that by selecting the
operational frequency of the antenna closer to the substrate
resonance, the bandwidth is more effectively retained since
Re{µeff} is larger. However, the closer one lies to the
substrate resonance, the steeper is the gradient of the
dispersion curve, and the stronger is the effect of frequency
dispersion to the stored energy. To explain the effect of
static permeability and frequency dispersion, it is assume
that the antenna is filled with a magneto dielectric material
obeying the modified Lorentzian (low-frequency
approximation for the Lorentzian model) type dispersion in
l = lª − l" = lª ?1  tan N A
Λ'
l  l  l  '
I   '  Γ
Where µ s is the static permeability, Ʌ is the amplitude
factor ωo is the undamped angular frequency of the zeroth
pole pair (the resonant frequency of the medium), and Г is
the loss factor [34-36].

♦ 337 ♦

Proceedings of the International Conference on Communications & Electronics – ICCE – 2012

An artificial magneto-dielectric material composed of
stacks of split ring resonator under the patch has been
studied by pekka ikonen. In this work, the effect of size,
shape, orientation and the packing density of the rings on
the S11 characteristics were examined [37].
The novel printed resonator antenna is mainly composed of
three parts: 1) the two radiation patches on the top of
substrate, 2) the metal vias integrated in the midlayer of the
substrate as the metal walls and 3) CPW feed line in the
ground plane. The configuration of the SRR-based printed
antenna is given in Fig. 2.

The current distribution in one unit cell is inhomogeneous
as shown in Fig. 4. For each unit cell, the electric and
magnetic dipoles are simultaneously excited. However, the
magnetic dipoles are more effective than the electric ones.
At first, magnetic dipole fields do not cancel in the far field
because of in plane electrical coupling among the cells on
the front and back side as in the case of same direction
imaging of the horizontal magnetic dipole on perfect
electric plane [39].

Fig. 4: Surface Eigen current distribution on the (a)
front and (b) back side of One unit cell [39].

Fig. 2: Geometry of the SRR-based antenna. (a) Top
surface. (b) Midlayer. (c) Bottom surface. (d) The
overall topology of the antenna (unit: mm) [38]
The SRR-based antenna structures can be considered as a
magnetic dipole at the resonance according to the loopcurrent distributions. The simulated and measured
parameters of the SRR-based antenna are shown in Fig. 3.
The SRR-based antenna has a reduced electrical size due to
the increased capacitance caused by the additional metal
vias along the gap. This improvement is similar to
increasing the arm length of the conventional SRR so as to
reduce the resonant frequency [38].

The antenna is composed of six unit cells of left-handed
metamaterial (LHM) and a dipole element. The dipole is
directly connected to three of six LHM unit cells, which are
arranged in a 2 х 3 antenna array forms as in fig. 5. In this
aspect, the proposed antenna is regarded as LHM loaded
dipole antenna. The antenna is matched with a stepped
impedance transformer and rectangular slot in the truncated
ground plane. The coupled LH resonances and
simultaneous excitation of different sections of unit cells
and dipole result into broad bandwidth [39].

Fig. 5: A broadband planar antenna is proposed by
loading a narrowband dipole antenna with six LHM
unit cells [39].

Fig. 3: Simulated and measured S11 parameters of the
improved SRR-based Antenna structure [38].
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5. MNG METAMATERIAL
The radiation properties of electrically small elliptical
patch antennas loaded by MNG metamaterials, have
reported some fascinate designs. These designs may
enhance the bandwidth of operation and tailor their
radiation and polarization properties by combining the two
orthogonal sub wavelength modes, contemporarily
supported by this geometry despite of its small size. Fig. 6
illustrates the geometry of the elliptical patch antenna
under consideration, where the orthogonal elliptical
coordinates and the coaxial feed location are defined. The
antenna consists of a metallic patch loaded by a grounded
inhomogeneous substrate with thickness, consisting of a
regular DPS dielectric shell with permittivity and
permeability and a magnetic metamaterial core with
permittivity and permeability, varying with frequency. The
semi major and semi minor axes are denoted by and for the
MNG material core, and by and for the surrounding DPS
dielectric layer. It follows that the eccentricity of the
metallic patch. The filling ratio is defined as the volume of
the metamaterial core divided by the total volume
underneath the patch [40-42].

A magneto-dielectric substrate that can be embedded in the
host dielectric substrate is realized. The structure can
influence the constitutive parameters of the host dielectric
substrate. In this way, the magnetic permeability can be
increased to compensate for bandwidth reduction while
miniaturizing the antenna. Furthermore, the proposed
substrate structure is compatible with planar circuitry.
Using the magneto-dielectric substrate, a miniaturized
microstrip rectangular patch antenna is realized. The size of
the miniaturized antenna is reduced up to about 65%
compared to a conventional microstrip antenna. The
microstrip antenna is then fabricated, tested, and measured.
The measurement results agree well with those obtained
from simulations [44].

Fig. 8: Geometry of the miniaturized patch antenna
[45].

Fig. 6: Geometry of an elliptical patch antenna partially
loaded with an MNG metamaterial in the elliptical
coordinate reference system. [41]
A novel compact single-fed patch antenna loaded with the
RIS and the mushroom-like CRLH resonators has been
studied and presented for the CP radiation. It is realized by
exciting two orthogonal modes with a 90o phase
difference. Based on the similar principle and structure, a
dual-band microstrip antenna with different polarizations
has also been designed. It is shown that a good CP
radiation can be obtained by changing the patch size, the
configuration and the position of the embedded mushroom
structures [43].

Fig. 7: Configurations of the proposed CP patch
antenna loaded with the mushroom- like structure and
the RIS. [43]

A new design methodology is introduced to produce highly
miniaturized patch antennas that are thin, low cost, and
easy to fabricate. Importantly, miniaturization is
accompanied by a very good impedance match, with a
return loss of more than 20 dB in all cases, and without
significantly compromising the radiation pattern. At least a
4.5 dB front-to-back ratio is maintained for a 75% size
reduction, with excellent isolation between the co- and
cross-polarized fields in both the E- and H-planes. There is
a tradeoff, however, since increased levels of
miniaturization result in a reduction of the bandwidth and
radiation efficiency of the antenna. But even with a
miniaturization to 1/16 the area of a traditional patch, the
reductions in bandwidth and radiation efficiency remain
acceptable. Miniaturization is achieved by loading the
patch cavity using complementary SRRs (CSRR). By
duality with SRRs, these are excited by the vertical electric
field of the patch cavity mode, and thus may be oriented
horizontally between the patch and the ground plane. The
geometry of the CSRR is optimized in place to produce
appropriate antenna characteristics at frequencies much
lower than the resonant frequency of the unloaded patch
cavity. Applications of single negative (SNG) and double
negative (DNG) metamaterials have been extensively
studied in the miniaturization of sub-wavelength cavity and
patch antennas [43-46].
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Abstract: Filters are significant RF and microwave
components. Distributed element filter design offers a
much smaller area & profile. With the advent of advanced
substrate materials offering high dielectric constant with
low loss, the size reduction with high efficiency is greatly
enhanced.
This paper reports the response of a type of microstripline
filters called stepped-impedance designed to operate at
frequency 2.4 GHz. The design and simulation is
performed using 3D full wave electromagnetic simulator –
IE3D.
Kewords: Low pass filter, Stepped-impedance lines, Micro
strip filter.

1. INTRODUCTION
The applications of microwave filters are available
everywhere and a lot of materials properties can be
measured using it. Microwave is operated at 300MHZ to
300 GHz. Mobile communications, wireless interconnects,
wireless local area networks (WLANs), and cellular phone
technologies compose one of the most rapidly growing
industrial markets today. Naturally, these applications
require filters. This being the case, portable filter
technology has grown along with mobile and cellular
technologies. It is important to have the proper filter for a
device. The proper filter will improve transmission and
reception, reduce power consumption, last longer and
improve marketability of the
In addition to solving the problem of broadening the filter
bandwidth to the required specifications of the system, one
has to worry about developing new structures for devices
that require more than one frequency band of operation.
Dual-band wireless phones have become popular recently
because they permit people to use the same phone in two
networks that have different frequencies. Tri-band phones
have also gained popularity. Still, there exist more than
three frequency bands used for wireless applications. Listed
are a few useful wireless applications and their operating
frequencies. Systems that require multi-band operation
require filter that resonate at the specified frequencies. This
only adds complexity to the filter design problem.

The technology of filter in microwave is widely used and
become one of the important technologies in the new era.

2. MICROSTRIPLINE FILTER DESIGN
The design of microstrip lowpass filters involves two main
steps. The first one is to select an appropriate lowpass
prototype. The choice of the type of response, including
passband ripple and the number of reactive elements, will
depend on the required specifications. The element values
of the lowpass prototype filter, which are usually
normalized to make a source impedance g0 = 1 and a cutoff
frequency Ωc = 1, are then transformed to the L-C elements
for the desired cutoff frequency and the desired source
impedance, which is normally 50 ohms for microstrip
filters. Having obtained a suitable lumped-element filter
design, the next main step in the design of microstrip
lowpass filters is to find an appropriate microstrip
realization that approximates the lumped element filter[1].
Figure 1(a) shows a general structure of the steppedimpedance low pass microstrip
Filters, which use a cascaded structure of alternating highand low impedance
transmission lines.

(a)

(b)
Fig. 1 (a): General structure of the stepped-impedance
low pass micro strip filters. (b) Equivalent circuit of LC ladder type of low pass filter.
Z0C < Z0 < Z0L, where Z0C and Z0L denote the characteristic
impedances of the low and high impedance lines,
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respectively, and Z0 is the source impedance, which is
usually 50 ohms for microstrip filters
We have designed a five-pole low pass filter. The s
pecifications for the filter under consideration are Cutoff
frequency fc = 1 GHz
Passband ripple 0.1 dB (or return loss –16.42 dB)
Source/load impedance Z0 = 50 ohms
A lowpass prototype with Chebyshev response is chosen,
whose element values are
g0 = g6 = 1
g1 = g5 = 1.1468
g2 = g4 = 1.3712 and g3 = 1.9750
For the normalized cutoff ωc = 1.0.
Using element transformations we have,
L1=L5 = (Zo/go)(Ωc/2πfc) g1 = 3.8009×10-9
L3 = (Zo/go)(Ωc/2πfc) g3 = 6.54592×10-9
C2=C4=(go/Zo)(Ωc/2πfc) g2 = 1.81893×10-9
The filter is to be fabricated on a substrate with a relative
dielectric constant of 4.4 and a thickness of 1.67 mm. The
physical lengths of the high- and low-impedance lines were
found by
lL1 = lL5 = λgL/2π Sin-1 (ωcL1/ZoL)
lL3 = λgL/2π Sin-1 (ωcL3/ZoL)
lc2 = lc4 = λgC/2π Sin-1 (ωcC2ZoC)
which gives lL1 = lL5 = 5.775mm, lL3 = 11.2039 mm and lc2
= lc4 = 6.7539mm.
Table 1: Design parameters of microstrip lines for a
Stepped-impedance lowpass filter

Characteristic
impedance
(ohms)
Microstrip line
width (mm)
Guided
wavelengths
(mm)

Zoc = 25

Zo = 50

ZoL =120

Wc =
9.091

Wo =
3.192

WL =
0.426

λgc =
56.134

λgo=
68.497

λgL=
72.835

Fig. 2 (b): Full-wave EM simulated frequency response
of the filter for εr = 4.4 and h =1.67.

3.

RESULTS & ANALYSIS

The conventional geometry of the chebyshev band pass
filter, shown in figure 1 and the designed filter in figure
2(a). The response of the simulated result for the same is
shown in figure 2(b), which show that the response goes
3dB down at a frequency of 2.14GHz. The filter was
designed for cut off frequency fc = 2.4GHz, so the figure
2(b) given the precise response.

4. CONCLUSION

A layout of designed microstrip filter is shown in Figure
2(a), and its performance obtained by full-wave EM
simulation is plotted in Figure 2(b).

The filters are the very essential part of the microwave
system, not only in microwave but they are also very
important in communication field. Any communication
system cannot be designed without filters. The simulated
stepped impedance low pass filter achieved a desired
response of the 2.4 GHz filter designed on 1.67 mm thick
substrate for εr = 4.4 with loss tangent 0.002. As frequency
of operation increases return loss decreases. Considerable
improvements in the frequency response can be seen.
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Abstract: In this paper a novel single fed antenna is
proposed for wireless operation in c band. In microstrip
patch antenna, the radiating patch is loaded by E slot, V
slot. Return loss of the patch antenna are 27dB with good
matching. To increasing the return loss of the antenna, a
pentagon slot on the patch is embedding. Return loss and
E-plane radiation patterns, axial ratio, gain Vs frequency,
current distributions are provided in this paper. The
antenna is designed based on extensive IE3D simulation
studies.

substrate with thickness of h = 1.6 mm, permittivity (εre)
 re ε = 4.4, and backed by a ground plane. The coaxial
probe feed with outer radius r is 2.15mm, and the probe
position is offset by 8mm x 5mm from the center of x - y
axis as shown in figure 1.To increase the Return loss of the
Reradiating patch a slot of E-shape and a pentagon is
etched from the patch whose dimension is given in Table-1.
All the dimensions are given in millimeter.

Index Terms—V slot, E slot patch, Pentagon, C band,
microstrip patch antenna

1. INTRODUCTION
In mobile communication, the antennas have to be need is
compact in size that why the planar technology is so
popular. In certain applications, such as high data-rate
wireless transmission, this low bandwidth is not adequate.
In order to meet the demand for larger bandwidth, several
techniques have been reported; the most commonly
employed technique is increasing the thickness of the
substrate supporting the microstrip patch. However
limitations still exist on the ability to effectively feed the
patch on a thick substrate and the radiation efficiency can
degrade with increasing substrate thickness.
Highly efficient and electrically small antennas for
microwave and millimeter-wave are needed due to the
increasing demand for cellar, satellite, and advanced
wireless communications.

2. ANTENNA DESIGN

Fig. 1: The structure of Proposed antenna design at
33x16mm
Table-1 : Dimensions of The Design Antenna

For microstrip antennas design, the width (W) and length
(L) of the radiating patch and the effective permittivity of
the microstrip structure (εre) which support the operation at
the required resonant frequency.
The selected substrate here is FR4, Glass Epoxy, (εr = 4.4,
tanδ = 0.001) with thickness t = 1.6mm. The patch antenna
with dimensions 36mm x 16mm is printed on a dielectric
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Paramet
er
L
W
L1
L2
L3

(mm)
33
16
16
16
5

Paramet
er
L4
W1
W2
Xf
Yf

(mm)
8
6
1
8
5
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3. ANALYSIS
Designed antenna shows the return loss of 26.55dB at
4.93GHz which is shown in figure(2). The graph between
axial ratio and frequency at φ = 0O and φ = 90O in elevation
plane are also shown in Figure 3 and that shows the value
of axial ratio 3 dB. The radiation pattern in figure (7)
shows that main lobe is up to 3.7dBi at frequency 4.9 GHz
at ф=0 O.

Fig. 5: Simulated Gain Vs frequency
field for the patch Antenna

Fig. 2: Simulated return loss plot for the patch Antenna

Fig. 6: Simulated Smith chart for the patch Antenna

Fig. 3: Simulated Axial Ratio Vs
frequency at φ = 0O and φ = 90O plane

Fig. 7: Simulated radiation pattern for the patch
Antenna

Fig (4) Simulated LH Circular field for the patch
Antenna
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4. CONCLUSION
E-Slot loaded patch antenna is investigated and
successfully simulated in this paper, the simulated return
loss and the radiation pattern showed well performance for
the band 26.55dB at 4.9 GHz. Better radiation performance
is achieved by embedding pentagon slots onto the patch,
the impedance bandwidths for the band are 2.2 %. The
design shows suitable characteristic for band operations.
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Abstract:-Technology achieves success only when it meets
every stratum of people. It is estimated that today’s well
equipped automobile uses more than 50 microcontroller
units(MCUs).As a result use of unwieldy wiring has been
eliminated. New advanced features for 2010-2011 model
vehicles include onboard communication systems, lane
departure warning systems, road condition advisories. This
shows that the electronic content of automobiles continues
to increase year after year. Main reason for this is that the
electronic control of various car elements is more cost
effective than other methods of control. Firstly 8-bit
microcontrollers were used but as the need for faster and
more accurate control became necessary higher bit
microcontrollers were used .In case of automobiles
separate module is used for each function For example;
there are separate control modules for engine spark and
fuel injection timing, antilock brakes, transmission
controller, dash board instrumentation, car radio, airconditioning etc. Now the new trend begins where different
modules are integrated into fewer number of control
modules. This would reduce the number of components in
the automobile and a reduced number of cables between
several electronic modules. The largest segment of the
automotive semiconductors market comprised MCUs that
require embedded flash, a form of nonvolatile memory
technology. The increase in sales for energy – efficient
vehicles additionally fuels the MCU market. The growing
complexity in automotive electronics is amplifying the need
for higher perormance32-b MCUs with more embedded
nonvolatile memory. This would certainly have benefits in
reduced number of components in the automobile and a
reduced number of cables between the several electronic
modules. Fewer components almost always result in
greater reliability. As always the price / performance
characteristics of modern microcontroller yields more
performance for less money. So we prefer to use
microcontrollers.

1. INTRODUCTION
Until a few years ago, most semiconductors targets for
automotive application, both under the hood and in the
passenger cabin, came from a handful of integrating device
manufacture (IDMs) that developed, manufacture, and
marketed their own semiconductor devices. As the
automotive product road map moved to more advanced
processes, IDMs needed to find qualified automotive
foundries for their production. As a result, semiconductor

fabrication house foundries have become the foundation for
the automotive integrated circuit industry. The popularity
of applications, such as Bluetooth connection, global
positioning system, and networking, have opened up
opportunities for
nontraditional
fabrication
less
semiconductors campiness to enter the automotive market.
The largest segment of the automotive semiconductors
market comprised MCUs that require embedded flash, a
form of nonvolatile memory technology. The increase in
sales for energy – efficient vehicles additionally fuels the
MCU market. The growing complexity in automotive
electronics is amplifying the need for higher
perormance32-b MCUs with more embedded nonvolatile
memory. This would certainly have benefits in reduced
number of components in the automobile and a reduced
number of cables between the several electronic modules.
Fewer components almost always result in greater
reliability. As always the price / performance
characteristics of modern microcontroller yields more
performance for less money. It would be very difficult to
use the class of microcontrollers used in high end desk top
computers in an automotive environment because these
devices use such a great amount of power.

2. WHY TO USE MICROCONTROLLER
Injecting the proper amount of fuel into the engine at the
proper time allows the engine to operate a peak
performance levels. This process can be accomplished
without the use of a microcontroller. However, due to the
many factors affecting what constitutes the proper amount
and proper time makes the use of a microcontroller much
more appealing. The microcontroller can gather the
readings from sensors connected to many components on
the engine to perform calculations determining the proper
amount and proper time for the injection process to occur.
The higher the temperature on the engine the better the fuel
burns. As the fuel burns more efficiently less fuel is
required to generate the same amount of energy. Having a
temperature sensor on the motor providing input to the
microcontroller allows for adjustment of the amount of fuel
being injected into the motor to provide the same amount
of engine output energy. These calculations are quite
complex and thus would take some time for a person to
perform. The microcontroller can gather the data, perform
the calculations, and make the necessary adjustments in a
fraction of a second. The gathering and adjustment process
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can thus be performed many times per second allow for
continuous levels of higher engine performance.
Ignition needs to occur at a time that will allow the engine
to provide the most energy for use. If the ignition is ‘fired’
exactly when the piston is at its highest point then energy
will be lost. The amount of time that it takes for the
ignition to fire and then travel to the piston allows the
piston to move downward. Then when the fuel is ignited
and the reaction takes place energy is not used to its full
potential because the piston cannot gain a full ‘stroke’ from
the reaction .However, if the ignition process is started
slightly before the piston reaches its uppermost position the
engine energy is thus used to its full potential. For this
proper measurement must be taken and a calculation must
be performed. The quicker this can be down the more
efficient the engine will operate.
For both injection and ignition there are many factors that
will affect the outcome of the calculations required to
adjust the engine into peak efficiency. With the injection
process, engine temperature plays a key role and engine
speed greatly affects the ignition process. These factors are
the key reason that a microcontroller is used instead of
monitoring these elements. So we need sensors in order to
control the injection and ignition.

to bounce back. When a person moves into the field of
microwave energy, it changes the amount of reflected
energy or the time it takes for the reflection to arrive, and
the box opens the door. Passive sensors detect rapid
changes in infrared energy. The infrared light bumps
electrons off a substrate, and these electrons can be
detected and amplified into a signal. The electronics
package attached to the sensor is looking for a fairly rapid
change in the amount of infrared energy it is seeing. Most
'motion sensing' sensors operate on this system.
As shown in Fig. 1, the three major areas of systems
application for automotive sensors are power train, chassis,
and body. In the present systems-classification scheme,
anything that is not power train or chassis is included as a
body systems application. Fig. 1 also identifies the main
control functions of each area of application and the
elements of the vehicle that are typically involved. The
automotive industry has increasingly utilized sensors in
recent years.

3. SENSORS
A sensor is a type of transducer, which transforms one
form of energy to another. A sensor's sensitivity indicates
how much the sensor's output changes when the measured
quantity changes. . SENSORS are essential components of
automotive electronic control systems. It wasn’t that long
ago that the primary automotive sensors were discrete
devices used to measure oil pressure, fuel level, coolant
temperature, etc. Starting in the late 1970s, microprocessorbased automotive engine control modules were phased in to
satisfy federal emissions regulations. These systems
required new sensors such as MAP (manifold absolute
pressure), air temperature, and exhaust-gas stoichiometric
air-fuel-ratio operating point sensors. The need for sensors
is evolving and is progressively growing. For example, in
engine control applications, the number of sensors used
will increase from approximately ten in 1995, to more than
thirty in 2010.Automotive engineers are challenged by a
multitude of stringent requirements.

4. HOW DO ELECTRONIC SENSORS WORK?
Active sensors inject energy (light, microwaves or sound)
into the environment in order to detect a change of some
sort. For example, automatic door openers use a very
simple form of radar to detect when someone passes near
the door. The box above the door sends out a burst of
microwave radio energy and waits for the reflected energy

Fig. 1: Major areas of systems application for
automotive sensors
The penetration of electronic systems and the associated
need for sensors is summarized in Table I. Power train
applications for sensors, shown in Table I, can be thought
of as the “1stWave” of increased use of automotive sensors
because they led the first widespread introduction of
electronic sensors. Chassis applications for sensors are
considered to be the “2nd Wave” of increased use of
sensors, and body applications are called the “3rd Wave.”
Tables II–IV provides additional detail on the types of
sensors used in automotive applications. In these Tables, if
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sensors are universally used in automotive applications,
they are denoted as having a “major” production status; if
the sensors are used in just a few automotive models, but
not universally used, they’re denoted as having “limited”
production status, and some promising sensors which are
getting close to production are denoted as having “R&D”
status.
Table II shows that certain types of sensors predominate in
power train application, namely rotational motion sensors,
pressure, and temperature. In North America, these three
types of sensors rank, respectively, number one, two, and
three in unit sales volume. To illustrate the predominance
of these sensors, there are a total of 40 different sensors
listed in Table II, of which eight are pressure sensors, four
are temperature sensors, and four are rotational motion
sensors. Thus, 16 of 40 of the power train sensors in Table
II belong to one of these three types of sensors. New types
of recently introduced power train sensors, listed in Table
II, include the cylinder pressure, pedal/accelerator rotary
position, and oil quality sensors.
Table III shows that certain types of sensors also
predominate in chassis applications, namely rotational
motion and pressure (these two types were also
predominating in power train). But, instead of temperature,
inertial acceleration and angular-rate sensors round out the
four types of predominant sensors. To illustrate this
predominance, there are a total of 27 different sensors
listed, of which four pressure sensors are, three are
rotational motion sensors, five are acceleration sensors and
three are angular rate sensors. Thus, 15 of 27 of the chassis
sensors in Table III are one of these four types of sensors.
Again, new types of sensors, currently found in chassis
systems applications, include the yaw angular rate, steering
wheel angular position, and strut-displacement position
sensors.

Turbo Boot

Pressure

Engine Knock

Vibration

Air Intake

Volume Flow Rate

Engine Torque

Magnetostrictive

Air-Fuel Ratio

Combustion-Gas Ion

Crankshaft
Camshaft

Rotational Motion
Rotational Motion

Fuel Injection

Pressure

Engine Diagnostics
Exhaust
Engine Oil

Temperature
Pressure

Coolant System
Fuel Tank

Temperature
Level

Table III Sensors used in Chassis
Function Braking

Chassis Sensor

Brake System

Pressure

ABS antilock braking

Wheel Speed

Brake-By-Wire

Pedal Force

Steering
Electric power Steering

Steering Wheel Angle

4-Wheel Steer

Steering Wheel Angle

Vehicle
Vehicle Stability

Wheel Speed

Tire Pressure

Wheel-to-Wheel Variance of
Rolling Speed

Tire Temperature

On-Wheel Sensor

Table IV Sensors used in Body
In total, there are 40 body sensors listed in Table IV. As
contrasted to power train and chassis, Table IV shows that
body sensors are very diverse and no specific types of
sensors are dominant. Body sensors range from crashsensing accelerometers, to ultrasonic near-obstacle sensors,
to infrared thermal imaging, to millimeter-wave radar, to
ambient-air electrochemical gas sensors. Once again, new
types of sensors, currently found in body systems
applications, include the ultrasonic-array reversing aid,
lateral lane-departure warning and infrared-thermal
imaging night-vision sensors

Function Safety
Air Bag Actuation

Body Sensor
Crash Declaration

Seat belt locking
Seat occupancy
Parking
Blind Spot Surveillance

Vehicle declaration
Seat pan load
Ultrasonic Array
WideBeamwidth
Radar
Machine vision
Passive
Infrared
Imaging

Lane Departure
Night Vision

Table II Sensors used in power train
Function Engine
Cylinder

Power Train Sensor
Pressure

Manifold

Temperature

Navigation
Absolute Position
Autonomous navigation
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5. HOW THE ELECTRONIC DESIGN
AUTOMATION IS DONE?

new systems design process that is being adopted is
illustrated

There is a trend to take a systems engineering approach,
which is an integrated design methodology incorporating
electronic, mechanical, hydraulic and design for
manufacturing considerations. Simulation, code generation,
optimization and fast prototyping tools are now more
commonly used in order to reduce time to market, generate
more highly integrated designs, reduce costs. . The modern
automotive microcontroller must now be supported early in
the cycle with software models that can be integrated into
simulation environments. conventional system design is
illustrated.

Modern systems design

6. CONCLUSION
The implementation growth of microcontrollers in
automobiles is shown below. Three categories are shown;
low-end, mid-range and luxury vehicles. Typically,
systems that are first introduced on luxury vehicles
eventually migrate down into lower priced vehicles. The
length of time that it takes to migrate down depends on
how quickly the system can be cost reduced and how
valuable it is perceived by the consumer.

Conventional system design
The conventional system design process starts with
abstracting a software and hardware specification from the
systems specification. Both hardware and software are
developed independently and are then integrated and
tested/debugged. If a functional problem exists at this stage
(as it often does), it is usually very difficult to redesign
hardware, so it is most common that software fixes are
developed as far as possible. The main problem with this
methodology is that both the hardware and the software are
being debugged at the same time, thus it is more difficult to
determine the source of faults. It is estimated that over 50%
of the entire development cycle is spent at this stage. New
microcontroller design is undertaken as part of the 'develop
hardware' effort. This design will usually take an existing
CPU and existing peripheral functions (i.e. timers, serial
communications, etc.) and integrate these together with the
required memory arrays for the particular system. These
memory arrays are based on the estimated software size,
which is being developed independently, so are rarely
efficient. Quite often, a new 'custom' peripheral is also
developed for integration with the microcontroller.
In order to resolve the problems of optimizing a systems
design, new software-based toolsets have been developed
which allow alternative implementations to be evaluated
rapidly. The new approach allows trade-offs to be made
quickly and an efficient design to be generated with
confidence that little or no problems will surface later. The
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Abstract: This paper presents a low cost and low insertion
loss S-band band pass filter(BPF) based on inexpensive
commercial FR4(εr = 4.4) substrate. Microstrip technology
is used for simplicity and ease of fabrication. The design
and simulation are performed using 3D full wave
electromagnetic simulator IE3D. The insertion loss of less
than 1.0 dB in the pass band and maximum return loss of
12 dB throughout the operation frequency of 1.5 GHz. This
filter is widely used today for the telecommunication and
satellite.

2. FILTER DESIGN METHODOLOGY
The filter having only one pair of transmission zeros at
finite frequencies gives much improved skirt selectivity,
making it a viable intermediate between the Chebyshev and
elliptic-function filters, yet with little practical difficulty of
physical realization[10-11]. The transfer function of this
type of filter is

Keywords:
Band
pass
filter,
Computational
electromagnetic, Coupled Resonators, Microstrip Filter,
Q- factor

1. INTRODUCTION
Military and commercial applications are continually
demanding smaller, more efficient, and frequency agile
devices. This trend supports ongoing development of
systems for lightweight and mobile applications. Advanced
RF / Microwave Filters are ideal for these applications due
to their low-power consumption, low loss and excellent
linearity.
Coupled resonator circuits are of importance for design of
RF/ microwave filters, in particular the narrow –bandpass
filters that play a significant role in many applications.
There is a general techniques for designing coupled
resonator filters in the sense that it can be applied to any
type of resonator despite its physical structure. It has been
applied to the design of waveguide filters [1-2], dielectric
resonator filters [3], ceramic combline filters [4],
microstrip filters [5-7], super conducting filters [8], and
micro machined filters [9].There have been increasing
demand for advanced RF/ microwave filters other than
conventional Chebyshev filters in order to meet stringent
requirements from RF/ microwave systems, particularly
from wireless communications systems. In this paper we
will discuss the design of advanced filter which include
selective filter with a single pair of transmission zeros.

Where Ω is the frequency variable that is normalized to the
pass band cut-off frequency of the low pass prototype filter,
ε is a ripple constant related to a given return loss LR in dB
and n is the degree of the filter. It is obvious that Ω = Ωa
(Ωa > 1) are the frequency locations of a pair of attenuation
poles. If Ωa → ∞ the filtering function Fn (Ω) degenerates
to the familiar Chebyshev function. The transmission
frequency response of the band pass filter may be
determined using frequency mapping .The design
parameters of the band pass filter i.e. the coupling
coefficients and external quality factors as referring to the
general coupling structure of figure1,can be determined by
the formulas

Fig. 1: General coupling structure of the bandpass filter
with a single pair of finite frequency zeros.
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Fig. 2: shows some filter configurations comprised of
microstrip open loop resonators to realize this type of
filtering characteristics in microstrip. Here the number
indicate the sequence of direct coupling . Although here
the filters upto eight poles have been illustrated.

Fractional Bnadwidth FBW = 10.359%
Input/Output Impedance = 50 Ohm
The pair of attenuation poles are placed at Ω = 1.2645 in
order to meet the rejection specification. The element
values of the lowpass prototype can be obtained by
substituting Ωa = 1.2645 to get values g1= 1.02761, g2 =
1.46561, g3 = 1.99184, g4= 1.86441, J3= -0.33681 and J4
= 1.3013.The design parameters of this bandpass filter are
found
M1,2 = M7,8 = 0.08441
M2,3 = M6,7 =0.06063
M3,4 = M 5,6 = 0.05375
M4,5 = 0.0723 M3,6 = -0.01752
Qei = Qeo = 9.919
w
g

mmmmm

a
Fig.3: Layout of coupled BPF on a substrate with a
relative dielectric constant of 4.4 and a thickness of
1.6mm.

3. SIMULATION RESULTS
In order to verify the validity of the above expressions in
millimeter wave regime, a simulation study was performed
using IE3D. To get the exact response for our purpose, an
optimization was performed using software. The
dimensions the filters are given in the below table.
Table IV: Dimensions of the Band Pass Filter For N=8

S.No.
1.

Open gap
(g )
2

Resonator
Width (w)
1.5

Resonator
Length (a)
15

Fig.2: Configuration of microstrip band pass filters
exhibiting a single pair of attenuation poles at finite
frequencies.
Filter Specifications
n= 8
center frequency= 1.5GHz
loss tangent = 0.02
Height of Substrate = 1.6mm
Size of the filter = 0.87 λgo by 0.29 λgo
Pass band return loss = -20dB

Fig.4: Full-wave EM simulated Insertion Loss response
of eight pole coupled BPF of the filter for εr = 4.4 and h
=1.6.
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7. REFERENCES
[1]

Fig.5: Full-wave EM simulated Return Loss response of
eight pole coupled BPF of the filter for εr = 4.4 and h
=1.6.

4. RESULTS AND ANALYSIS
The Simulated filter as shown in Figure 3,4& 5 shows the
geometry & response of band pass filters for n=8.The
graph is plotted by taking gain (dB) on the Y-axis and
frequency in GHz on the X-axis. From the graph it is clear
that the centre frequency is found to be1.5 GHz. The
insertion loss is about -9.85dB and the return loss is about 17.94 dB which improves the selectivity. Hence rejection at
the stopband is also achieved.

5. CONCLUSION
We have presented both the theory and simulation of a new
class of filter. We have performed the full-wave EM
simulation to confirm the circuit theory. The design
parameters can be obtained based on the prototype circuits
and the coupling coefficients and quality factor can be
characterized by using full-wave simulation. The proposed
filter have great reduction in size and cost and improved
performance compared to the conventional band pass
filters, presently are in use for trans/receive communication
systems for ground and space applications.
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Abstract: This paper describes synthesizable VDHL
implementation of elliptic curve Point Multiplication.
Elliptic curves used for ECC are defined over
mathematical structures called Galois fields. Based on the
theory of ECC, this paper has carried out Modular
addition/subtraction, EC Point doubling/addition, Modular
multiplicative inversion, EC point multiplier, projective to
affine
coordinates
conversion.
Importantly
for
cryptography, the elliptic curve point multiplication is the
operation on which the security of every elliptic curve
cryptosystem relies on.
Keywords: Elliptic curve point addition; point doubling;
Finite field arithmetic; Point multiplication; FPGA.

1. INTRODUCTION
Since its proposal by Miller [1] and Kobliz [2] in the
mi1980s, elliptic curve cryptosystem (ECC) has recently
gained much attention in industry and academia. The main
reason is that for a properly chosen elliptic curve, no
known sub-exponential algorithm can be used to break the
system through the solution of the discrete logarithm
problem. This means that significantly smaller parameters
can be used in ECC than in other competitive systems such
as RSA and ElGamal with equivalent levels of security.
Some benefits of having smaller key sizes include
reductions in processing power, storage space, and
bandwidth. Due to these many advantages of ECC, a
number of software [3, 4] and hardware [5–13,22–24]
implementations have been proposed, and included in
Many standards such as IEEE 1363[14] and NIST[15] .
As well known, software implementations can easily be
achieved on a general-purpose microprocessor. An
operation called point addition is defined on an elliptic
curve. The point addition is an operation, where two points
on the curve are added and a third point, which is also on
the curve, is got. Importantly for cryptography, it is very
hard to tell which two points were added. Furthermore,
using consecutive point additions, an operation called
elliptic curve point multiplication is defined. The most
exorbitant finite field operation for point addition and point
doubling is the finite field inversion. However, one way to

handle finite field inversion can be accomplished by
transforming them into less expensive finite field operation,
such as finite field addition and multiplication by using
projective coordinates.
For implementations of ECC, finite fields GF(p) and GF
(2m) have been used, where p is a prime and m is a positive
integer. In particular, GF(2m), which is an m-dimensional
extension field of GF(2), is suitable for hardware
implementations because there is no carry propagation in
arithmetic operations. The most crucial operation in ECC is
the computation of point multiplication, i.e., computation
of kP for given integer k and point P on elliptic curve.
There are many available algorithms for the point
multiplication. Depending whether the given finite field is
GF(2m ) or GF(p) ,or whether the given point P is fixed or
random, an ideal algorithm for computing kP may vary.
However in the case of binary field GF (2m ), the López–
Dahab algorithm [5] is one of the most popular algorithms.
In fact it is a natural extension to binary case of so called
Montgomery Ladder Algorithm, which is especially suitable for hardware implementation because of the data
independency of point addition and point doubling. All the
elliptic curve cryptographic blocks are synthesized and
simulated using Xilinx ISE 13.3 with integrated ISim
Simulator.

2. METHODOLOGY
This approach demonstrates ECC Point Multiplication
structure of moderate gate count and high speed and is
organized as follows.
Point multiplication is the operation that dominates the
execution time of an Elliptic Curve Cryptographic protocol.
Implementation operation of point multiplication can be
separated into three distinct layers:
A. Point multiplication technique
B. Elliptic curve point addition & doubling
C. Finite Field Arithmetic
Operations involved in point multiplication have the
hierarchical formulation as shown in Fig.1 with point
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multiplication techniques near the top and the fundamental
finite field arithmetic at the base. For Example one may
decide to implement ECDSA signature generation entirely
in hardware so that the only input to the device is the
message to be signed, and the only output is the signature
for that message.

double-and-add-method. The binary method relies on the
binary expansion of k. In a binary form, k is given as
4%

z =  z¤ 2¤
¤I

and, therefore, l bits are needed to present k in the binary
form.
The scalar multiplication of the point P is computed using
the Algorithm 1.
Algorithm 1: Right-to-left binary method for point
multiplication
Input: k = (kl−1, k1, k0) in binary, P belongs to E (F(2m)).
Output: k*P
1.
2.
3.
4.

5.
Fig. 1: Hierarchy of operation in ECC
Point Multiplication is the basic computation primitive of
elliptic curve cryptography. The definition of
corresponding operations depends on a particular field, but
they always amount to combinations of arithmetic
operation (add, subtract, multiply, square and divide over
the chosen field so that software implantation is carried out.
The scalar multiplication is computed using Algorithm 1.

Q←∞
For i from 0 to l −1 do
If k (i) = 1 then Q←Q + P
P←2P
Return (Q)

There are several methods derived for efficient elliptic
curve point multiplication, many of which require pre
computations before the actual point multiplication. These
pre computations include calculations of intermediate
points which are then used for speeding up the point
multiplication.
Certain
methods
use
different
representations of the integer k, so that the number of
operations during point multiplication can be reduced.

B. Elliptic curve point addition & doubling
A. Point Multiplication
A basic operation of any elliptic curve cryptosystem is an
elliptic curve point multiplication given as
Q = kP = P+P+P+P+……+P
Where P is a point on an elliptic curve E and k is an integer
in a range 1≤ k < order (P). Accordingly, the elliptic curve
point multiplication means that the point P is added to itself
k times. The order of the point P is n 0 if and only if P
multiplied with n0 results in the point at infinity. This is
formally described as follows:
Order (P) = n0 ↔ n0P = O∞
The strength of an elliptic curve cryptosystem lies in the
fact that if E, Q and P are given, it is a very hard task to
recover k. This is a so called Elliptic Curve Discrete
Logarithm Problem (ECDLP).
The integer k is usually very large and, therefore, it would
be way too slow to calculate Q just by adding P to itself k
times. Thus, efficient elliptic curve point multiplication
methods are needed. The simplest and oldest of such
methods is the binary method which is also known as the

Fig. 2: Point Addition and Point Doubling
Consider the Koblitz curve:
y2 + xy = x3 + x2 + 1
over GF (2) and the extension field L = GF (2163). A
polynomial representation based on the irreducible
polynomial
f(x)=x163+x7+x6+x3+1
will be used.
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Point addition: Let P = (x1, y1) belongs to E (F2m) and Q=
(x2, y2) belongs to E (F2m), where P not equal to Q. Then P
+ Q = (x3, y3), where x3 = λ2 + λ + x1 + x2 + a and y3 =λ(x1 +
x3) + x3 + y1 with λ = (y1 + y2)/(x1 + x2).

model can be used. For dividing, a simplified version of
binary divider, adapted to the case where p = 2, is used.

Point doubling: Let P = (x1, y1) belongs to E (F2m), where
P = −P. Then 2P = (x3, y3), and x3 = λ2 + λ + a = x12 +
b/x12 and y3 = x12 + λx3 + x3 with λ = x1+ y1/x1.

A data path for computing the following equation
λ=
(y1 + y2)/(x1 + x2), x3 = λ2 + λ + x1 + x2 + 1 and y3 =λ(x1 +
x3) + x3 + y1 is shown below in fig 4.According to the
structure of the data path, the computation time is
approximately equal to

C. Finite Field Arithmetic
Fields are abstractions of familiar number systems (such as
the rational numbers Q, the real numbers R, and the
complex numbers C) and their essential properties. They
consist of a set F together with two operations, addition
(denoted by +) and multiplication (denoted by ·), that
satisfy the usual arithmetic properties. If the set F is finite,
then the field is said to be finite. A field F is equipped with
two operations, addition and multiplication. Subtraction of
field elements is defined in terms of addition and can be
given as i − j = i + (− j) where − j is the unique element in
F such that j + (− j) = 0 (− j is called the negative of
j).Similarly, division of field elements is defined in terms
of multiplication: with j = 0, i/j = i ·j−1 where j−1 is the
unique element in F such that j ·j−1 = 1 (j−1 is called the
inverse of j).Arithmetic unit shown in Fig.3 carries out
these finite field operations.

A. Point Addition

Tpoint-addition ≈ m ( Tmod- f-product + Tmof-f-division )
To summarize, doubling has been substituted by squaring,
a simple operation over a binary field.

Fig. 4: Point Addition

A. Interleaved Multiplier
The simplest algorithm for GF (2m) multiplication is the
shift and adds method with the reduction step interleaved.
Multiplication of two elements a(x), b(x) in GF (2m) can be
given as:
|%

C(x) = a(x) b(x) mod f(x) = a(x) ¬¤I s¤ , ¤
|%

Fig. 3: Arithmetic unit Block diagram For ECC
Several field operations have been carried out and
described in details in next section with necessary circuitry
and mathematics.

3. IMPLEMENTATION APPROACH
The computation primitives for executing the elliptic-curve
operations are addition, multiplication, division, inversion
and squaring over GF (2m). The first one amounts to the
component-by-component addition of the corresponding
polynomials. The corresponding circuit is made up of m
XOR gates, and its computation time is equal to 1 clock
cycle. For multiplying, the generic interleaved multiplier

= ( ¬¤I s¤ rx , ¤ ) mod f(x)

Therefore, the product c(x) can be computer as
C(x) = (b0a(x) + b1a(x) x + b2a(x) x2 +......+ bm-1 a(x) xm-1)
mod f(x).
In this approach Processing of bits of b(x) follows LSB to
MSB method. In a least-significant-bit (LSB) multiplier,
the coefficients of b(x) are processed starting from the
least-significant bit b0 and continue with the remaining
coefficients one at a time in ascending order. We have
implemented LSB first method because LSB first scheme is
faster than the MSB first scheme since in LSB first
approach c(x) and a(x) can be updated in parallel.
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Thus multiplication according to this scheme is performed
in the following way:
c(x) = a(x)b(x) mod f(x)
= (b0 a(x) + b1 a(x)x + b2 a(x)x2 + ... bm-1 a(x)xm-1mod f(x)
= (b0 a(x) + b1(a(x)x) + b2(a(x)x2 )+….bm-1(a(x)xm-1 ))mod
f(x)
= (b0 a(x) + b1(a(x)x) + b2(a(x)x)x +….bm-1(a(x)xm-2 )x)mod
f(x)
Fig. 4 (a and b) depicts the data path for the binary version
of LSB first multiplier. It is important to note that in the
LSB and MSB first multiplication schemes, several
coefficients could be processed at each step.

(b)
Fig. 4: a and b Interleaved LSB-first multiplier

A. Squaring
A straight forward method for implementing field squaring
in GF (2m) using the multiplication algorithms with only
one input operand in order to perform c(x) = a(x)a(x) mod
f(x) that is, the operand b(x) is substituted by a(x). MSBfirst and LSB-first approaches for squaring can also be
given in a similar manner. Fig. 5 depicts the data path for
model for squaring which includes the component polyreducer.

(a)
Fig. 5: Classic squaring

A. Binary Division
The quotient of two polynomials in GF (2m) can be
computed using the binary version of the binary algorithm
that is used for calculation of gcd from required
polynomials. The binary algorithm for computing z(x) =
g(x)h-1(x) mod f(x) has been described as follows If p =2, it
can be simplified. Given two polynomials a(x) and b(x), if
both are divisible by x, that is, if a0 = b0 = 0, then gcd (a(x),
b(x)) = x. gcd(a(x)/x, b(x)/x); say b(x), is divisible by x(b0 =
0) and the other is not (a0 ≠ 0), then gcd(a(x), b(x)) =
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gcd(a(x), b(x)/x); if none of them is divisible by x then
define a new polynomial ab(x) = a(x) - a0 b0-1 b(x), so that
gcd(a(x), b(x)) = gcd(ab(x), b(x)) = gcd(ab(x), a(x)), and
ab(x) is divisible by x. The corresponding data path is
shown in Fig. 6.

7.
8.
9.

a := b + mu*(old_a – r(i))/2; b := (r(i) –
old_a)/2;
i := i+1;
end loop;

Regarding the maximum value of tin the particular case
where a= k and b= 0, it has been demonstrated that
t ≈ 2log2 k
(1)
To summarize, doubling has been substituted by squaring,
a simple operation over a binary field. Furthermore, among
two successive coefficients ri. Thus, according to Eq.
(10.66), upper bounds of the number of nonzero
coefficients ri is given by
S ≈ log2 k ≈ m
(2)
Thus, the computation of kP includes at most m complex
operations (adding or subtracting), and the total
computation time should be roughly half the computation
time of that of the basic algorithms.

Fig. 6: Binary algorithm: data path
However based on computational similarities algorithm
used for binary division can also be used for computing
inversion as well. Additionally, the complete circuitry
includes additional integral part for accumulation and
updating the variables alpha and beta which includes a
control unit as well.

A. Point Multiplication

In order to implement the preceding algorithm, an upper
bound of a and b must be known. It can be demonstrated
that
-2m ≤ a < 2m and -2m-1 ≤ b < 2m-1
So that a is an (m+ 1)-bit 2s complement number and b an
m-bit 2s complement number. A data path for executing
Algorithm is shown in Fig. 7.

By combining all the above blocks we can implement the
point multiplication whose data path is represented in fig 7.
The point-doubling operation can be avoided in the case of
the two following Koblitz curves over GF (2m):
E : y2 + xy = x3 + 1
0

E1 : y2 + xy = x3 + x2 + 1
For that define the Frobenius map τ from Ec (GF (2m)), with
c= 0 or 1:
τ (∞) = (∞) τ(x,y)=(x2,y2)
It can be demonstrated that
2P = − τ2 (P) + µτ (P)
With µ= 1 if c= 1 and µ= − 1 if c= 0.
Thus the point-doubling operation amounts to squaring
operations in GF(2m) for computing τ(P) and τ2(P) and a
point addition.
Algorithm 2: τ -ary representation of k
1. a := k; b := 0; i := 0;
2. while a /= 0 or b /= 0 loop
3. if a mod 2 = 0 then r(i) := 0;
4. else r(i) := 2 – ((a – 2*b) mod 4);
5. end if;
6. old_a := a;

Fig. 7: Point multiplication
According to Eqs. (1) And (2), their computation time for
point multiplication is approximately equal to
T ≈ mTpoint-addition ≈ m2 (Tmod-f-product + Tmod-f-division)
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4. EXPERIMENTAL RESULTS

addition and point multiplication are shown as waveform
in fig. 8 and fig. 9 respectively.

We synthesized and simulated the architecture for a Xilinx
Spartan XC3s400-4pq208 FPGA, using the ISE 13.3(nt)
and ISim simulator.

5. CONCLUSION

Arithmetic units were synthesized for the Koblitz curve
recommended by NIST [15], for the finite field GF (2m)
using the irreducible polynomial f(x) = x163+x7+x6+x3+1.
Synthesis results for point addition and point multiplication
are summarized in table 1 and table 2.
Simulation results by using ISim Simulator for point

This paper presents an implementation of an Elliptic Curve
co-processor components, Point addition and Point
Multiplications. Future work will include considering more
efficient algorithms to perform the field arithmetic
operations, ITA for field Inversion. For the crypto-graphic
work, the time to perform the scalar multiplication can be
improved if projective coordinates are used to represent the
point of the curve and the Montgomery method is used to

Fig. 8: Point Addition

Fig. 9: Point Multiplication
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[6]

Table 1 Device utilization summary for point addition

Logic Utilization

Used (2163)

No. of slice FF

1176

No. of 4 input LUTs

1772

No. of occupied slices

944

No. of bounded IOBs

982

[7]

Table 2 Device utilization summary for point
multiplication

Logic Utilization

[8]

Used (2163)

No. of slice FF

2163

No. of 4 input LUTs

3677

No. of occupied slices

2092

No. of bounded IOBs

819

[9]

[10]
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Abstract- In this paper, authors describe the design and
performance of a polyester based slotted microstrip patch
antenna, which is composed of rectangular and circular
slots on a textile patch. The antenna resonates at 5.3 GHz
802.11a IEEE WLAN band and achieved a gain of 7.56 dBi
at its resonant frequency. It has bandwidth of 180 MHz and
directivity of 8.64 dBi. The electrical size of this antenna is
0.36 λ × 0.44 λ. Simulations are performed using IE3D full
wave electromagnetic simulator.
Keywords: Slotted Microstrip Patch, Wi-Fi, Wireless LAN.

1. INTRODUCTION
In present days, various body centric communication
systems require high gain compact antennas which should
constitute the part of the clothing [1-5]. These wearable
antennas should have low profile and need to be hidden.
Apart from these features they should not affect the health
of the users. Generally, materials like cotton, polyester,
fleece fabric, foam, nylon, conducting ribbon, insulated
wire, etc are used as substrate to design the cloth based
wearable antennas. Also, the textiles are comparatively
cheaper as compared to conventional substrates like duroid,
FR-4 etc.

The paper is organized into following sections. The
detailed geometrical structure and design of the proposed
antenna are presented in section 2. The simulated results of
the proposed antenna are presented in section 3. Finally,
the paper is concluded in section 4.

2. ANTENNA DESIGN
Fig. 1 shows the geometrical structure of the proposed
slotted antenna. It consists of a rectangular patch of
dimension 18 mm x 22 mm, which corresponds to the
electrical size of 0.36 λ × 0.44 λ. The slots are cut in each
quadrant of the rectangular patch. The geometrical
dimension of each rectangular slot is 4 mm x 1 mm and
diameter if each circular slot is 1.6 mm. The antenna is
coaxially excited at x = 2.3 mm and y = 4.5 mm.

However, for conventional microstrip patch antennas
compact size, high gain and broad bandwidth are
contradictory to each other. Several techniques have been
proposed to reduce the dimensions of patch antennas, while
maintaining the desired features. One of the conventional
approaches to miniaturize the antenna is to set the radiator
on a high dielectric constant substrate. However, in this
method electromagnetic field remains highly concentrated
around the high permittivity region which leads in the
improper impedance matching [6].
In this work attempt is made to remove a metal portion of
the conventional rectangular microstrip patch antenna by
making rectangular and circular slots inside the patch to
excite lower resonant frequency. This technique helps not
only to reduce the antenna size but also enhances the gain
of antenna. This technique also minimizes the bending
effect due to human body movements on the antenna.

Fig.1: Geometrical Structure of Proposed Slotted
Antenna.
The inner conductor of the coaxial connector extends
through the substrate and is soldered to the radiating patch,
while the outer conductor is connected to the ground plane.
The main advantage of this type of feeding scheme is that
the feed can be placed at any desired location inside the
patch so as to match with its input impedance. This type of
feed is also easy to fabricate and has low spurious
radiation. The feed point locations are measured from the
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centre of the split ring, which is taken as the origin.
Microstrip patch antennas radiate because of the fringing
fields between the patch edge and the ground plane. For
good antenna performance, a thick dielectric substrate
having low dielectric constant is desirable since this
provides larger bandwidth. Therefore, substrate used for
this antenna is a polyester cloth of thickness (t) = 1.57 mm,
dielectric constant (εr) = 1.36 and loss tangent = 0.01.
The width (W) and length (L) of the proposed antenna are
calculated using the following relations [7]

W=
2 f0

ε reff

C
(ε r + 1)
2

(1)

Fig. 2: Return Loss Characteristic of Proposed Antenna

ε r +1 ε r −1

h − 12
[1 + 12 ]
=
+
2
2
W

Leff =

(2)

C

(3)

2 f 0 ε reff

∆L = 0.412h

W
+ 0.264)
h
W
− 0.258)( + 0.8)
h

(ε reff + 0.3)(
(ε reff

L = Leff − 2∆L

(4)

(5)

Apart from these approximate relations, the dimensions
have been slightly adjusted in order to achive the desired
antenna specifications.Table 1 shows the dimensions of the
proposed slotted antenna.
Table 1

Parameters of
Proposed Antenna

Dimensions

Length (L)

18 mm

Width (W)

22 mm

Rectangular Slot

4 mm x 1 mm

Diameter of circular slot

1.6 mm

3. RESULTS OF PROPOSED ANTENNA
The return loss characteristics (S11) and standing wave ratio
curve of the proposed textile based slotted antenna are
shown in figure 2 and figure 3. The return loss dips up to 16.1 dB, with voltage to standing wave ratio of 1.36.
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resonates at 5.3 GHz, with a directivity of 8.64 dBi. The
return loss dips up to -16.1 dB, with voltage to standing
wave ratio of 1.36. This antenna has gain of 7.56 dBi and
the bandwidth of 180 MHz. As observed from the radiation
pattern, the maximum gain is obtained in broadside
direction, thus this antenna finds potential applications for
Body Area Network. (BAN). The antenna is being
fabricated and experimented to examine the performance.

(a)
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Abstract: Design and realization of a parallel-coupled
filter is presented in this paper. The filter is designed at a
center frequency of 6 GHz. Half wavelength long
resonators and admittance inverters are used to realize the
filter. A brief description of coupled microstrip lines and
immittance inverters is also included. We realize several
design equations to compute physical dimensions which
are given in this paper. The filter is simulated using IE3D
EM software and implemented on RT Duroid substrate.
Keywords: Bandpass filter, Coupled microstip lines,
Immittance inverter

1. INTRODUCTION
Parallel coupled filters are used as frequency selective
devices in many RF and microwave Applications.
Microstrip band-pass filters have become very attractive
for microwave applications because of their small size, low
cost and good performance. There are various topologies to
implement microstrip bandpass filters such as end-coupled,
parallel coupled, hairpin, interdigital and combline filters.
The filter is designed and optimized at a center frequency
of 6 GHz. Half wavelength long resonators and admittance
inverters are used to design the filter. A brief description of
and immittance inverters is also included.

General layout of a parallel coupled microstrip bandpass
filter is shown in fig.1. The filter structure consists of open
circuited coupled microstrip lines. These coupled lines are
quarter wavelength long. The coupling gaps correspond to
the admittance inverters in the lowpass prototype circuit.
Y0 = 1/Z0

(1)

Even and oddmode characteristic impedances of parallelcoupled half-wave resonators are computed using
admittance inverters. These even and odd mode
impedances are then used to compute physical dimensions
of the filter.

B. Microstrip Structure
The general structure of a microstrip is illustrated in fig.2.
A conducting strip (microstrip line) with a width W and a
thickness t is on the top of a dielectric substrate that has a
relative dielectric constant εr and a thickness h, and the
bottom of the substrate is a ground (conducting) plane.

A. Layout of Parallel Coupled Filter

Fig .2. General microstrip structure

2. IMMITTANCE INVERTER

Fig .1: General layout of parallel coupled microstrip
bandpass filter

Fig. 3: Immitance Inverter
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Immittance inverters are either impedance or admittance
inverters as shown in fig.3. An idealized impedance
inverter is a two-port network that has a unique property at
all frequencies, i.e., if it is terminated in an impedance Z′
on one port, the impedance Z seen looking in at the other
port is
Z′= K2/Z

(2)

where K is real and defined as the characteristic impedance
of the inverter. As can be seen, if Z is inductive/conductive,
Z′ will become conductive/inductive, and hence the
inverter has a phase shift of ±90 degrees or an odd multiple
thereof. Impedance inverters are also known as K-inverters.

where Y0 = 1/Z0 is the source admittance
In principle, applying the impedance scaling upon a filter
network in such a way that
L
C
R
G

has no effect on the response shape.
For Butterworth or maximally flat lowpass prototype
filters, the element values may be computed by

Likewise, an ideal admittance inverter is a two-port
network that exhibits such a property at all frequency that if
an admittance Y is connected at one port, the admittance Y′
seen looking in the other port is
Y′= J2/Y

(3)

where J is real and called the characteristic admittance of
the inverter. Similarly, the admittance inverter has a phase
shift of ±90 degrees or an odd multiple thereof. Admittance
inverters are also referred to as J-inverters.

g0 = 1.0
gi = 2 sin((2i - 1)π/2n) for i = 1 to n
gn+1 = 1.0

(4)

To determine the degree of a Butterworth lowpass
prototype, a specification that is usually the minimum
stopband attenuation LAS dB at Ω = Ωs for Ωs > 1 is given.
Hence
n ≥ log(100.1LAS – 1)/2log Ωs

(5)

For Chebyshev lowpass prototype filters, the element
values may be computed by

3. FREQUENCY & ELEMENT
TRANSFORMATIONS
To design a bandpass filter, first of all a low-pass prototype
circuit is modified to include immittance inverters. These
low pass structures are then converted to bandpass circuits
by applying conventional low-pass to bandpass
transformation.
The lowpass prototype filters, which have a normalized
source resistance/conductance g0 = 1 and a cutoff
frequency ωc = 1. To obtain frequency characteristics and
element values for practical filters based on the lowpass
prototype, one may apply frequency and element
transformations.
A lowpass prototype filter is in general defined as the
lowpass filter whose element values are normalized to
make the source resistance or conductance equal to one,
denoted by g0 = 1, and the cutoff angular frequency to be
unity, denoted by Ωc = 1(rad/s).
For our formulation, it is convenient to define an
impedance scaling factor γ0 as
γ0=

γ 0L
C/γ 0
γ 0R
G/γ 0

g0 = 1.0
g1 = 2/γsin(π/2n)
gi = 1
{4sin[(2i – 1) π/2n]sin[(2i – 3) π/2n]}
gi – 1
γ2 + sin2[(i – 1)π/n]
for i = 2, 3, n.....
gn+1 = { 1
for n odd
{ coth2 (β/4) for n even

(6)

(7)

where
β = ln[coth(LAR/17.37)] and γ = sinh(β/2n)
For the required passband ripple LAR dB, the minimum
stopband attenuation LAS dB at Ω = Ωs, the degree of a
Chebyshev lowpass prototype, which will meet this
specification, can be found by
n ≥ [(cosh-1√100.1LAS – 1/100.1LAR – 1)/cosh-1 Ωs]
(8)
Let g be the generic term for the lowpass prototype
elements in the element transformation and because it is
independent of the frequency transformation, the following
resistive element transformation holds for any type of filter:
R = γ0g for g representing the resistance
G = g/γ0 for g representing the conductance

{ Z0/g0 for g0 being the resistance
{ g0/Y0 for g0 being the conductance
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Low Pass Transformation
The frequency transformation from a lowpass prototype to
a practical lowpass filter having a cutoff frequency ωc in
the angular frequency axis ω is simply given by

resonant circuit in the bandpass filter. The elements for the
series LC resonator in the bandpass filter are

Ω = (Ωc/ωc) ω

for g representing the inductance

(10)

Applying (10) together with the impedance scaling
described in (9) yields the element transformation:
L = (Ωc/ωc) γ0g

for g representing the inductance

LS = (ΩC/FBWωO) γ0g
(16)

CS = (FBW/ωO Ωc)1/γ0g
where the impedance scaling has been taken into account
as well. Similarly, the elements for the parallel LC
resonator in the bandpass filter are

(11)

C = (Ωc/ωc)g/γ0 for g representing the capacitance
CP = (ΩC/FBWωO)g/γ0
for g representing the inductance

(17)

LP = (FBW/ωO Ωc)γ0/g

Fig . 5: Bandpass Filter Prototype

Fig . 4: Lowpass Filter Prototype

B. Band Pass Transformation
Assume that a lowpass prototype response is to be
transformed to a bandpass response having a passband ω2 –
ω1, where ω1 and ω2 indicate the passband-edge angular
frequency. The required frequency transformation is
Ω = ΩC/FBW(ω/ωO - ωO/ ω)

(12)

with
FBW = ω2 – ω1/ωO

(13)

ωO = √ ω1 ω2

(14)

where ωO denotes the center angular frequency and FBW is
defined as the fractional bandwidth. If we apply this
frequency transformation to a reactive element g of the
lowpass prototype, we have
jΩg

jω(ΩCg/FBWωO) + 1/jω(ΩCωOg/FBW) (15)

which implies that an inductive/capacitive element g in the
lowpass prototype will transform to a series/parallel LC

4. COUPLED MICROSTRIP TRANSMISSION
LINES
Coupled microstrip lines are widely used for implementing
microstrip filters. Coupled lines can be analyzed by various
techniques. But symmetrical coupled lines (lines having
same characteristic impedance) can be conveniently
analyzed using even and odd-mode method. For an even
mode xcitation, both microstrip lines have the same
polarity and for odd mode excitation, polarity of both
microstrip lines is different.
Even and odd mode effective dielectric constants are
calculated in order to compute the even and odd mode
characteristic impedances. These impedances are then used
to compute physical dimensions of the coupled lines.
ZC = √ Zce Zco

(18)

where
Zc = Characteristic impedance of the microstrip
transmission line
Zce , Zco = Even and odd mode characteristic impedances
of the coupled lines
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A. Design equation for Parallel coupled lines
Design equations for coupled lines are:
εre_eff = εr + 1 + εr – 1(1 + 10/v)-aebe
2
2

(19)

where
εre_eff is even mode effective dielectric constant
v, ae, be are design constants as mentioned in fig.6. [ ].

Fig . 8: Parallel coupled microstrip bandpass filters

Fig . 6: Equations of design constants
and u = w/h and g = s/h, where w is width of the strip, h is
height of the substrate and s is spacing between the strips.
do

εro_eff = εre +(0.5(εr+1)- εre +ao).exp(-co.g )

(20)

This parallel arrangement gives relatively large coupling
for a given spacing between resonators, and thus, this filter
structure is particularly convenient for constructing filters
having a wider bandwidth as compared to the endcoupled
microstrip filters. The design equations for this type of
filter are given by [1]
J01 = √(π/2)(FBW/gog1)
YO
Jj,j+1 = π FBW
1
2
√gjj+1

where
εro_eff is even mode effective dielectric constant
and ao, bo, co, doare design constants as mentioned in fig.7.
[1].

(21)

j = 1 to n–1

Jn,n+1 = √π FBW/2gngn+1
2

(22)

(23)

where go, g1 . . . gn are the element of a ladder-type
lowpass prototype as defied in (6) with a normalized cutoff
ωc = 1, and FBW is the fractional bandwidth of bandpass
filter, as defined in (13). Jj,j+1 are the characteristic
admittances of J-inverters and Y0 is the characteristic
admittance of the terminating lines.
To realize the J-inverters obtained above, the even- and
odd-mode characteristic impedances of the coupled
microstrip line resonators are determined by

Fig . 7: Equations of design constants

5. PARALLEL–COUPLED FILTER DESIGN
Parallel-coupled (or edge-coupled) microstrip bandpass
filters that use half-wavelength line resonators are
positioned so that adjacent resonators are parallel to each
other along half of their length as shown in fig.8.

(Z0e)j, j+1 = 1 [1 + Jj,j+1/YO + (Jj,j+1/YO)2]
YO
(Z0o)j,j+1 = 1 [1 + Jj,j+1/YO + (Jj,j+1/YO)2]
YO
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j = 0 to n

(24)

j = 0 to n (25)
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B. Filter Design Method
Design parameters of five-pole parallel coupled microstrip
bandpass filter is designed at a center frequency of 6.0 GHz
with 12 % bandwidth. Chebyshev response with 0.1 dB
passband ripple is used in the design.
Element values of a fifth order lowpass prototype with
0.1dB passband ripple are calculated by means of the
formulas for Chebyshev response. The resulting values are:
g0 = g6 =1.0, g1 = g5 = 1.1464,
g2 = g4 = 1.3712, g3 = 1.9750
Substrate: RT. Duroid RT6006, h = 1.905mm, εr = 6.15
TABLE V: Design parameters
Fig. 9: Required even- and odd-mode characteristic
impedances of coupled lines versus electrical length Өc

A. Synthesis of W/h
Approximate expressions for W/h in terms of Zc and εr,
derived by Wheeler [4] and Hammerstad [2], are available
in fig.10.
For W/h ≤ 2

j

Jj, j+1

(Zoe)j, j+1

(ZOo)j, j+1

Wj+1

Sj+1

0

0.4054

78.4894

37.9473

2.46

0.7

1

0.1503

58.6456

43.6139

2.77

1.71

2

0.1145

56.3831

44.9289

2.78

2.1

3

0.1145

56.3831

44.9289

2.78

2.1

4

0.1503

58.6456

43.6139

2.77

1.71

5

0.4054

78.4894

37.9473

2.46

0.7

6. CONCLUSIONS

Fig. 10: Equations for W/h ≤ 2
and for W/h ≥ 2

In this paper the detail procedures for designing a parallelcoupled bandpass filters has been presented. Parallel
coupled microstrip bandpass filters are designed at a center
frequency of 6.0 GHz on a substrate with a dielectric
constant of 6.15 with 24 % bandwidth. Filter length can be
considerably reduced by using substrate with high
dielectric constant. Insertion loss of the filter can be
reduced by using low loss substrates.
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Abstract: An Electromagnetic Pulse generator design has
been proposed. The goal of an electromagnetic pulse is to
destroy all semiconductor based electronics near the centre
of the blast. The characteristics of the waveform of
electromagnetic pulse were analyzed by circuit simulator,
Multisim.

1. INTRODUCTION
An Electromagnetic Pulse (EMP) is a burst of
electromagnetic radiation. The abrupt pulse of
electromagnetic radiation usually results from certain types
of high energy explosions, especially a nuclear explosion,
or from a suddenly fluctuating magnetic field. The
resulting rapidly changing electric fields and magnetic
fields may couple with electrical/electronic systems to
produce damaging current and voltage surges.
Electromagnetic Pulse generators are capable of producing
focused acoustic or electromagnetic energy that can destroy
objects such as semiconductor materials. EMP generators
can produce pulses of electromagnetic energy that can
destroy the sensitive electronics in computers and
microprocessors.
Destabilized LCR circuits can produce multi megawatt
pulses by using an explosive wire disruptive switch. These
high power pulses can be coupled "with difficulty" into
antennas, conic sections, horns etc for very directional
effects. The aim is to generate a high power pulse to
damage the electronic control processor modules without
creating collateral damage to unintended targets.
The strength of the EMP depends highly on the altitude at
which it is released. At altitudes above 30,000 m, it is the
strongest. It is also significant at surface or low altitude
bursts, but is not as effective between the two extremes.
This EMP generator will be designed to release an
electromagnetic pulse whose purpose is to induce a voltage
that heats up semiconductor material so quickly that it
changes the crystal lattice structure of the material and
thereby electrically destroying it.

2. PRODUCTION OF EMP
The EMP pulse generator is composed of two main parts,
the first a charging circuit that stores energy in a capacitor,
and the second a radiating circuit.
An underdamped RLC circuit is used as it makes the
change in current the fastest. The ideal resistor, inductor,
and capacitor values are optimized. The first circuit is to
store energy supplied by a wall outlet, and the second is to
release that energy through a loop of wire.
In the charging circuit, a full-wave rectifier circuit is used
to convert an AC voltage into DC, because a capacitor does
not charge with AC voltage. In addition to the rectifier
circuit, a high voltage transformer will have to be used to
convert 120 VAC from our wall outlets into the 1000 VAC
that is needed to charge the capacitor with. Sending a
rapidly changing electrical current through a loop will
create an electromagnetic field in the form of a pulse. A
parallel RLC circuit is needed that is controlled by a
switch, that is, the switch controls the discharging of the
energy in the circuit.

3. OPTIMIZATION OF VALUES
The pulse generator will be composed of a radiating circuit
which is a RLC circuit. An underdamped RLC circuit
makes the change in current the fastest. The ideal resistor,
inductor, and capacitor values are optimized for the highest
capacitance C while keeping the circuit underdamped
(different combinations of RLC values cause different
damping). The inductor value L should be kept low, around
1uH. Accordingly other values are calculated for R and C.
L ranges from 0.1 µH – 200 µH, C ranges from 0.01 µF –
50 µF. Voltage on capacitor = 1000 V. The resistance R
value was kept constant at 1 ohm because in a copper loop
of one foot in diameter that is to be used as the inductor has
characteristics of an L of 1 µH and R of 1 ohm.
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α = R/2L
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The underdamped condition is true for the relation:
ωn2 > α2
The values that satisfy this equation gives the solution.
Different values of L and C are put in the above relation to
get the best set of values for underdamped condition.
After optimization the best solution is found to be R=1
ohm, L=1 µH, and C=3 µF. Although many different
solutions were found, the solution with the highest C value
wins out because the energy stored in a capacitor is onehalf times C times the voltage squared. Higher C means
more energy is released in the pulse.

Multisim could only simulate voltage waveforms in the
main circuit. The corresponding voltage waveform is
shown here. The waveform which covers the most area
under its curve has released the most energy.
Since in EMP the largest generated voltage is required in
order to destroy electronic equipments, the waveform
corresponding highest voltage is the solution.

5. CONCLUSION
An Electromagnetic Pulse generator is designed to generate
an EMP burst which aims at destroying the semiconductor
based electronic equipments. RLC circuit is used in
underdamped condition to generate an EMP burst. This
design can be used to destroy transistors within a range of 2
feet by using necessary equipments. The simulation results
of waveforms are shown. It shows a single EMP burst. It
has military applications.
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Abstract: In the present work design of HDLC Controller
and simulation design and implement a high performance.
This will then be coded in a hardware description language
(VHDL). The functioning of the coded design is to be
simulated on simulation software (e.g. Model Sim.). After
proper simulation, the design is to be synthesized and then
translated to a structural architecture in terms of the
components on the target FPGA device (Spartan 3) and the
perform the post-translate simulation in order to ensure the
proper functioning of the design after translation. After the
successful simulation of the post-translate model the design
is mapped to the existing slices of the FPGA and the postmap model simulated. The post-map model doesn’t include
the routing delays. After the successful completion of the
post-map simulation, the design is then routed and a postroute simulation model with the appropriate routing delays
is generated to be simulated on the HDL simulator. After
this a programming file is generated to program the FPGA
device. The objective is to run the programmed FPGA at a
frequency as high as possible.

seen, the FCS is transmitted along with the closing flag.
Extra zeroes are inserted into the bit stream to avoid
transmission of control flag sequence within the frame
data.
B. Receiver section: The HDLC protocol core receiver
accepts a bit stream. The flag detection block searches the
bit stream for the flag sequence in order to determine the
frame boundaries. Any stuffed zeroes are detected and
removed by the zero deletion blocks. As fig a.

Keywords: component: HDLC Controller, CRC, SONET
e.t.c.

1. INTRODUCTION TO HDLC
CONTROLLER
HDLC [High-level Data Link Control] is a group of
protocols for transmitting [synchronous] data [Packets]
between [Point-to-Point] nodes. In HDLC, data is
organized into a frame. HDLC protocol resides with Layer
2 of the OSI model, the data link layer. It is an efficient
layer2 protocol standardized by ISO for point-to-point and
multipoint data links. HDLC provides minimal overhead to
ensure flow control, error control, detection and recovery
for serial transmission.

Fig a. Block diagram of HDLC Controller

General HDLC Frame Format-

2. HDLC BLOCK DIAGRAM
A. Transmitter section: The transmit data interface
provides the byte wise interface between the transmission
host and the HDLC protocol core. The HDLC core will on
receipt of the first byte of the new packet, issue the
appropriate flag sequence and transmit the frame data
calculating the FCS. When the last byte of the frame is

Opening Flag, 8 bits [01111110]
Address, 8 bits/16 bits
Control, 8 bits, or 16 bits
Data [Payload], Variable, not used in some frames, or may
be padded to complete the fill
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CRC, 16 bits, or 32 bits
Closing Flag, 8 bits [01111110]

to the end of the data link layer frame. The CRC is
calculated by performing a modulo2 division of the data by
a generator polynomial and recording the remainder after
division.

Interfacing IP Over SONET
Increasing demand for high bandwidth networks has
promoted the use of fiber optics as the next step for
physical medium. Develop the data-link layer in hardware
required to transmit IP packets over SONET. The framing
protocol for optical network is SONET (Synchronous
Optical Network) or SDH (Synchronous Digital Hierarchy)
the technical difference between is frame header. The
SONET/SDH framing process adds header information to
outgoing data. The header is used for synchronous and
control signals between SONET framers. SONET start at
about 52Mbps while SDH starts at 156 Mbps. Most
framers designed to transmit both voice and data the
various cable networks, and operate over SONET. To
transmit IP packet over and ATM-SONET network the IP
packets are segmented and inserted into ATM cells, then
the ATM cells are mapped into the SONET frames as usual
goal is just transfer IP packet idea is IP-ATM-SONET in
this method saved some bandwidth.

Protocol
16 bits

1.

A string of 0s is appended to the data unit. The no. n is
less than the no. of data of bits in the predetermined
divisor, which is n+ 1 bit.

2.

The newly elongated is divided is divided by the
divisor. The remainder is the CRC

3.

CRC replaces n 0 bits derived in step 2 at the end of
data unit

4.

Data unit arrives at the receiver data first, followed by
CRC. The receiver treats the whole string as a data unit
and divides by the same divisor.

5.

If remainder comes out to be 0 the string is error free.

Information (eg. IP Packet)
n bits

The 16-bits protocol field identifies what type of packet is
in information field such as IP and PPP control packets and
other link establishment. HDLC maps a network layer into
a frame suitable to transmit over a physical layer like
SONET.HDLC is specified for mapping PPP packet into
SONET/SDH frame as fig b.

The CRC-16 = x16 + x15 + x2+ 1 (used in HDLC)
CRC-CCITT = x16 + x12 + x5 + 1
CRC-32 = x32 + x26 + x23 + x22 + x16 + x12 + x11 + x10
+ x8 + x7 + x5 + x4 + x2 + x + 1
FCS Calculator block performs the reverse function of the
FCS generator. The whole packet is again divided by the
same polynomial that was used at the transmitter end. If
after the packet with the polynomial the remainder comes
out to be zero that means the transmission and reception are
error free and in case the remainder is not zero that means
an error has occurred during the process and hence the
packet is discarded and the whole packet is retransmitted.
As Fig c.

Fig b. Application of HDLC Controller

CRC Calculator
A powerful method for detecting errors in the received data
is by grouping the bytes of data into a block and calculating
a Cyclic Redundancy Check (CRC). This is usually done
by the data link protocol and calculated CRC is appended
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Fig c. CRC Calculation

Design of HDLC Controller Supporting IP Over SONET and Calculation of 16, 32 Bit CRC

3. SIMULATION AND SYNTHESIS RESULT
A. Simulation result for 8-bit data, 8 bit address and
16 bit CRC CheckFor the data<=00001110and8 bit address<=11110000,we
make
clock=1,
reset=0,
wrtaddresshi=0
and
wrtaddresslo=1. After the address and the data are attached
together, we divide them with a constant polynomial and
append the remainder of the division along the data and
address. The simulation result for the generation of crc1 is

C. Simulation result for 16-bit address, 8-bit data
and crc- 16For the data<=00110011 and 16bitaddress i.e.
txaddressinlo<=11110000, txaddressinhi<=11110000 we
make clock=1,reset=0, wrtaddresshi=1 and wrtaddresslo=1.
After the address and the data are attached together, we
divide them with a constant polynomial of 16 bits and
append the remainder of the division along the data and
address. The simulation result for the generation of crc1 is
highlighted below-

FIG C. Simulation result for crc-16 of 16-bit address
and 8 bit data

FIG A. Simulation result of the final O/P at the receiver
end for 8 bit and 16-bit crc-

B. Simulation result of the final O/P at the receiver
end for 8 bit data, 8bit address and 16-bit crcAt the receiver the data input, address and the appendedcrc
is again divided with the same constant polynomial and if
the crc2 comes out be zero, it shows an error free reception
of the packet. The receiver O/P i.e. rxdataout<=00001110
and rxaddressout<=0000000011110000 which is same as
that of transmitter

D. Simulation result of the final O/P at the receiver
end for 8 bit data, 16bit address and 16-bit crcThe highlighted simulation results shown below shows the
result of the CRC check at the O/P which is
crc2<=000000000000000 which indicates an error free
transmission. The resultant address, data at the O/P which
is same as that of transmitter is. Rxdatout<=00001110 and
rxaddressout<=1111000011110000

FIG B. Simulation result for O/P at the receiver for 16
bit address and 8 bit data
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E. Simulation result for 8-bit data, 16 bit address
and 32 bit CRC CheckFor the data<=11110000 and 16bitaddress i.e.
txaddressinlo<=11110000,
txaddressinhi<=11110000,
txadrressout<=1111000011110000
we
make
clock=1,reset=0, wrtaddresshi=1 and wrtaddresslo=1. After
the address and the data are attached together, we divide
them with a constant polynomial of 32 bits and append the
remainder of the division along the data and address. The
simulation result for the generation of crc1 is highlighted
below-

F. Simulation result of the final O/P at the receiver
end for 8 bit data, 16-bit address and 32-bit crcThe highlighted simulation results shown below shows the
result of the CRC check at the O/P which is
crc32<=0000000000000000000000000000000
which
indicates an error free transmission. The resultant address,
data at the O/P which is same as that of transmitter is.
Rxdatout<=11110000
and
rxaddressout<=1111000011110000.
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Abstract: This paper presents thermal models and
describes the reliability of switching component of in
Hybrid Electrical Vehicles. The use of power electronic
components in automobile applications is increasing dayby-day. Due to this it becomes important to determine the
reliability of power electronic components used in
automotive applications. Paper will calculate the power
loss that occurs in switching element and then it will how
the loss are varying with the temperature. Whole method of
calculation done on the MATLAB and finally we find the
waveform of Power Loss Variation With Temperature In
Switching Device by MATLAB programming .This paper
deals with the electrical and thermal modelling of
switching devices is capable of determining the junction
temperature of the components over short mission profiles.
Thermal simulations of systems and to accurately predict a
system’s response becomes essential in order to reduce the
cost of design and production, increase reliability.
Keywords: reliability, inverter, IGBT, Diode, Electrical
Vehicle, Switching, Temperature.

1. INTRODUCTION
Due to the increasing importance of power electronic
components in automobiles, it becomes necessary to
consider their reliability of switching devices. This applies
especially to hybrid electrical vehicles (HEV) where a
malfunction of the power electronics may prevent [1].
Power semiconductor devices, especially IGBTs are widely
used in many fields, such as motor drivers, switching
supplies and other power conversion systems. The
estimation of the power loss and junction temperature of
semiconductor devices has become a major issue with the
increase of the capacity of devices [2]. Reliability of
electronic equipment should be considered in all design
phases [9-10]. In the conceptual design phase, where the
specific stress cannot be determined exactly, the partscount method can be applied. This method only considers
the component quality and environmental conditions to
determine the reliability of all components. The number of
components has to be determined and multiplied by a
generic failure rate of each component [3]. D. Hirschmann,
D.Tissen, S. Schroder, and R. De Doncker[1] presented the
development of an advanced simulation tool which is

capable of determining the component temperature of a
three-phase converter over long mission profiles. A novel
algorithm, detecting all relevant temperature cycles within
the computed temperature curve is developed. The
applicability and significance of the presented reliability
prediction methods is assessed. The losses in the
semiconductors and in the dc-link capacitors of a simple
three-phase bridge are determined. The rise of the
converter frequency in power electronics requires fast
semiconductor switches with low losses during the turn-on
and off switching transients. By increasing the switching
speed, it is possible to reduce the power dissipation of a
power device in an application.
The thermal model created in this paper represents the
thermal model that the vendor states approximates the
thermal response of the system. The solution to the thermal
model has many assumptions worth mentioning. First, it
ignores the thermal losses between the inverter case and the
heat sink. Normally, a thermal model would be generated
to account for the thermal losses due to the thermal paste
that is applied between the inverter case and the heat sink.
Instead of coupling, the application notes suggest to use the
hottest modelled semiconductor device junction
temperature to be the junction temperature of both devices.
The relevancy and accuracy of these assumptions will be
further discussed in the simulations and conclusions
chapters. In order to compute the junction temperature
using the thermal model developed in this chapter the
power losses must be computed.

2. LITERATURE REVIEW
In power electronics, simulations become more and more
important since they save both time and cost. Fast system
simulation programs use look-up tables in order to
determine switching and conduction losses of power
semiconductor devices during converter operation. Current
and voltage before and after a switching event are recorded,
and so is the temperature. When a switching transition
occurs, the energy belonging to the detected operating
point is read from the three-dimensional table [5].
Increase in power conversion efficiency and reduction of
power loss in power conversion systems are the most
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important mission of power electronics and power device
societies to contribute to the reduction of carbon dioxide
emission [6].

important for predicting the dynamic power loss and
Junction temperature [8].
Life time prediction
6
L ife tim e T o B e E s tim a te d

Power electronic converters are required to control
electrical power. They are necessary for motor drive
controllers in electrically powered actuators, and can be
used to convert variable frequency (360—800 Hz) in the
next generation of civil aircraft to a constant frequency
supply bus for various loads. As converter drives play an
ever increasing role in safety critical aircraft systems, there
is a clear need to predict and compare their reliability. The
reliability of five different converter topologies has been
analysed using the military handbook for reliability
prediction of electronic equipment MIL-HDBK-217F [3].
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Fig.1: Life Time Estimation

Lifetime prediction is based on physical models and makes
the assumption that a component will withstand a certain
amount of stress and then fail. Therefore, all identical
components will fail at the exactly same time. As a result,
the weakest component in a system will determine the
lifetime of the whole system. The Arrhenius equation gives
the dependence of the rate of a chemical reaction on the
temperature T [9] [10].

4. RELIABILITY COMPARISON BETWEEN
DIFFERENT SWITCHING DEVICES
4
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Normally rate of a chemical reaction can be accelerated by
increasing the temperature. The relation between the
system temperature and the reaction rate is described
quantitatively by the Arrhenius equation. A rule of thumb
says that increasing the ambient temperature for about 10
°C will halve the lifetime. The lifespan is calculated by [1].
Æ
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L0 is base lifetime
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The power loss of the device depends on the junction
temperature.

Fig.2 Reliability Comparison between Different
Switching Devices

In the fig.1 it will describe of life of switching element
used in the inverter. This shows that when we increase the
junction temperature life of switching device will goes
decrease in same manner. When the life of switching
element will lesser then system will less reliable. Above
estimation will base on the equation 1.

We are calculation the reliability of switching component
based on their failure rate and life time of switch element.
The reliability comparison of between IGBT & DIODE
will show in figure 2. When the loss factor goes increase
failure rate of diode will higher than the IGBT that will
result reliability of IGBT will higher than the diode. So that
IGBT based inverter will more reliable than diode based.

Therefore, electro-thermal coupling simulation techniques,
where the estimation of power loss and the calculation of
the junction temperature should be combined, become

Life time of IGBT will also higher than diode. Above result
will be calculated based MATLAB programming.
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5. THERMAL MODELLING AND POWER
LOSS VARIATION IN SWITCHING
DEVICE WITH
In power electronics, the component temperature and
temperature variations influence significantly reliability
due to thermally induced stress, caused by differential
thermal expansion of materials. Therefore, a program was
developed, which computes the component temperature
over a whole driving cycle. The simulation procedure will
be explained briefly explanation can be found in [1]. Now
the paper is not revised and new components like IGBTs
are not considered here the values are too conservative for
available devices. Some manufacturers gives information
of finding reliability through information that only continue
to finding switching losses and total power losses, very few
of them gives the thermal model of the devices. The
information of calculating the power losses and thermal
modelling is presented in the proposed model.
The reliability (¤  of a component is the probability that
this component will perform its intended function after a
time t in a given working condition. The Global reliability
of the system is the product of all reliabilities
P
R ¯ t = ΠR
R R t………………..

(2)

Here n is the no. of components and 0 ≤ (¤  ≤ 1. It
means adding component reduces reliability [1].

Semiconductor Device Model

Thermal
Network

Reliability involves four elements, namely: (1)
probability,(2) intended functions,( 3) operation time,
and(4) operating environment. In other words, reliability is
the probability of a device performing its intended function
for a specified period of time under the specified operating
environment. This concept of reliability as a probability,
typically quantified by assessing the mean time to failure
(MTTF), implies that field failures are inevitable. In
today’s very competitive electronic products market, a
commitment to product reliability is a necessity [7].
The thermal model of the system was characterized by
using the vendor application notes and data sheets. Once
the thermal model was defined, a mathematical model
representation of the system was created and solved. The
mathematical model was then implemented in a Simulink
Model.
The mounting of the device and the heat sink become
important in determining the heat removal performance
and, hence, must be modelled accurately. Fig.3 is a
diagram of the structure of the electro-thermal
semiconductor device models indicating the interaction
with the thermal and electrical networks through the
electrical and thermal terminals, respectively.
The simplest method to calculate the component
temperature is to build an equivalent electrical network
where each component is represented by a single thermal
resistance. In this equivalent circuit, the power corresponds
to current and temperature to voltage.
The losses in IGBT i.e. conduction loss and switching loss
is calculated and fed to the thermal model. Here it should
be noted that switching losses in an IGBT can be found by
using datasheets. The thermal model gives the junction
temperature as an output, which is later used in calculating
reliability of the devices.

Electrical
Network
I (t),w Etc

Thermal Property of
Inverter and Hear Sink

Power loss calculation

P
(t
Thermal Model

T (J)

Fig. 4:Temperatutre Variation In Inverter

Fig. 3: Electro-Thermal Semiconductor Device Model
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A MATLAB program is developed based on this method.
In the first of all extremes are detected. Each time the
gradient changes from negative to positive a minimum is
detected and each time the slope changes from positive to
negative a maximum is detected. This leads to a large
amount of extreme values. This will be shown in figure 4
how the temperature will varies with time.
The model consists of an electrical model and a thermal
model. The device model, where electrical characteristics
of IGBTs or diodes are defined, is connected to the thermal
model. The instantaneous value of the device power loss is
applied to the thermal model, in which the thermal
characteristics of the module are defined. Then, the
instantaneous device temperature is generated by the
thermal model, and the temperature dependent device
model parameters are determined using this instantaneous
device temperature. These calculations are performed
simultaneously using a circuit simulator.
The losses in IGBT i.e. conduction loss and switching loss
is calculated and fed to the thermal model. Here it should
be noted that switching losses in an IGBT can be found by
using datasheets. The thermal model gives the junction
temperature as an output, which is later used in calculating
reliability of the devices.[9-10]
In a given assembly, the losses in the semiconductors
depend on the voltage, the current, and the temperature.
While phase voltages and currents are provided by the
electrical simulation, the temperatures have to be extracted
from the results of the thermal model. The losses in the
semiconductors can be divided into switching and
conduction losses.

A.Conduction Losses
These losses are the losses that occur while the IGBT is
ON and conducting current. The total power dissipation
during conduction is computed by multiplying the on-state
saturation voltage by the on-state current.

B. Switching Losses
Switching loss is the power loss during the Turn-on and
Turn-off switching transitions. In high frequency PWM
switching losses can be substantial and must be considered
in thermal design.
The standard definition of turn-on (E(SW(on))) and turn-off
(E(SW(off))) switching energy
In cases where the operating current and applied DC bus
voltage are constant and therefore E(SW(on)) and E(SW(off)) are
the same for every turn-on and turn-of event the average
switching power loss can be computed by taking the sum of
E(SW(on)) and E(SW(off)) and dividing by the switching period
T. Dividing by the switching period is the same as
multiplying by the frequency results in the most basic
equation for average switching power loss:
Ç +Ç ∗ ±?ØÇ)5 A  ØÇ)xx ²…

(4)

Where:
fSW is switching frequency
ESW(on) is turn-on switching energy.
E(SW(off)) is turn-off switching energy
The best way to find switching losses in an IGBT is by
using datasheets provided by the manufacturer. For this
model IXER 35N120D1 by IXER is used. In this datasheet
E(SW(on))=5.4 mJ
E(SW(off))=2.6 mJ
)5Ù +Ç ∗ ±w)5 ∗  ² ……………...
Ç +Ç ∗ ±?ØÇ)5 A  ØÇ)xx ²…
Å³Åë    + )5Ù … …

(5)
(6)
7

Free-wheel diode losses can be approximated by
multiplying the datasheet Vfm by expected average diode
current
)5Ù +Ç ∗ ±w)5 ∗  ² ………
Where

(3)
ø
×Å 

 = ³ × = 5×

Here
fSW is switching frequency
V(ce(on)) Collector to emitter voltage
Ic is the collector current

Fig5. Power Loss Variation with Temperature in
Switching Device
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A matlab program is developed based on this method. In
the first of all extremes are detected.
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conduction loss and switching loss. Switching loss will
mostly constant with the little variation with temperature.
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Whole method of calculation done on the MATLAB and
finally we find the waveform of Power Loss Variation with
temperature In Switching Device by MATLAB
programming.

6. CONCLUSION
For calculate reliability of power semiconductors failurerate catalogues, temperature effect variation of switching
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reduce the cost of design and production, increase
reliability, quantify the accuracy of the estimated thermal
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information is then used in conjunction with detailed
device switching models, to describe the heat-source terms
for a thermal solver, this allows electro-thermal
performance of the inverter to be predicted over long
periods of real time.
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Abstract: Due to the increase in the number of
developments in embedded systems they have been
deployed in various applications and span all aspects of
our modern day-to-day life. We propose a design and
implementation of prototype of a “Helping Cane” which
uses ultrasonic sensors to detect obstacles on the way and
alert the user using various levels of buzzer sound. GPS
Three levels of distance are set and buzzer sound is ON for
different time for these three levels. System will track the
location for ease in location of the blind person in case of
emergency. Data from GPS system at the user end is
transmitted to a microcontroller at receiver side through a
ZigBee chip.
Keywords: visually impaired, ultrasonic sensors, GPS,
ZigBee chip, microcontroller.

1. INTRODUCTION
Technology seems to be invading almost every aspect of
our modern day life today but still it seems to have little
impact and applications for those individuals which needs
them the most – individuals who are dependable due to
sensorial impairments. The importance of sensorial and
communicational functions can be interpreted from the fact
that the human body receives around 80% information
from the outside environment by sight. The 2011 statistics
conducted by the World Health Organization (WHO)
estimates that there are 285 billion people in world with
visual impairment , 39 billion of which are blind and 246
with low vision . The traditional mobility aids for persons
with visual impairments are the walking cane (also called
white cane or stick) and guide dogs. Drawback with these
aids is that necessary skills and training phase is required
and very little information is conveyed. Rapid advancement
in modern technology, both in hardware and software, has
brought potential to develop navigation aids with
intelligence. Recently there has been a lot of Electronic
Travel Aids (ETA) designed to help the blind navigate
independently and safely. Some high-end technological
solutions have been introduced which can help blind
persons to navigate independently. Most of the blind
guidance systems use ultrasound [1, 2] because of its

immunity to the environmental noise as compared to other
technologies (for eg. IR). One more reason which makes
ultrasonic popular is that it is relatively inexpensive, and
also ultrasound emitters and detectors are small and carried
without the need for complex circuitry. GPS technology
has proved very useful in several areas such as military
applications, automobile tracking and even for locating the
current location of a person in case of any emergency. A
blind person can encounter any emergency situation while
on his way which calls for a continuous location tracking
so that immediate help could be provided. Apart from the
above mentioned areas this technology can also be used for
locating blind people in case they face any emergency
situation.

2. RELATED WORK
Visually impaired people face serious difficulty while
walking and navigation. Among the many challenges faced
by the visually challenged persons are the constraints of
independent mobility and navigation which stem from
hazards in an unfamiliar environment. The white cane is
the most popular navigation aid used by the visually
challenged. It enables them to effectively scan the area in
front and detect obstacles on the ground such as uneven
surfaces, holes, steps, walls etc. Its low cost, portability and
ease of operation make it an extremely popular navigation
aid. White stick is the most widely used tool used by the
blind for their safe and independent mobility. For outdoor
navigation several systems have been proposed and are
commercially available [3, 4, 5]. These systems use
different technologies to provide common characteristics of
navigation aid. The main technologies used include GIS,
GPS, radar, ultrasonic, speech and RFID technology. In the
study of [3, 4], they integrated both GIS and GPS for
positioning and tracking and given sound. L.Ran et al. [4]
proposed combination of GIS and GPS navigation system
by adding a sonar device to detect obstacle. Sonic
Pathfinder is fitted on the user’s head and detects the object
by receiving the ultrasound that is transmitted by the device
[6]. It produces audio signals of different notes which
changes as the user approaches the object and is fed to the
user through earphone. Guide Cane is a sonar equipped
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wheeled device having a semi-circular array of sonar
sensors at the bottom which projects the beam in front of
the cane to detect the objects.
Present devices detects the object and provide a mechanism
to alert the user but they do not provide any location
tracking facility in case of emergency situations. Proposed
device addresses this issue while focussing on the basic
navigation needs of the visually impaired people.

3. SYSTEM DESCRIPTION
The proposed device aims primarily at fulfilling the basic
need of assisting the blind people in navigation by
detecting the obstacles on their path. Apart from obstacle
detection the current location of the person is tracked using
a GPS module. Information, indicating the location of the
person, from GPS receiver is transferred to the monitoring
unit through a wireless link using Zigbee module. So the
system proposed consists of following three modules:
1.

Obstacle Detection unit

2.

GPS unit for location detection

3.

Zigbee unit for data transmission

Fig.1: Flow Diagram

A Obstacle Detection Unit
This unit aims at detecting the obstacle using SONAR
technology. Ultrasonic Range Finder uses high frequency
sound to determine the distance to a reflected object.
Similar to how bats detect obstacles by transmitting highpitched sound and listening to the echoes. These Ultrasonic
Range Finders emit series of supersonic pulses and wait for
echo pulses to be detected. Since the speed of the sound is
constant in the air (340.29 m/s), the time elapse between
the transmitted signal and the received signal can be
measured and so the distance of the object can be
determined. Some advantages of the ultrasonic range finder

are that it is less affected by target materials, or by colour.
Even though it does not have a narrow field of view as the
laser range finder, it is still capable of detecting objects
within a meter. These ultrasonic sensors are designed to
resist external disturbances such as vibration, infrared
radiation, ambient noise, and EMI radiation.
The presence of the obstacle is determined using a
ultrasonic sensor type SRF05, known as ultrasonic range
finder [7]. It consists of two units, namely the transmitter
unit and receiver unit. Transmitter and receiver unit
structure is simple, a piezoelectric crystal is connected with
mechanical anchors and only connected with the
diaphragm vibrator. Alternating voltage with a frequency
of 40 kHz are given on the metal plate. The atomic
structure of the piezoelectric crystal will contract (binding),
expanded or shrunk to the polarity of applied voltage, and
is called the piezoelectric effect. Contractions that occur
forwarded to the diaphragm resulting in an ultrasonic
vibrator emitted into the air (the surroundings), and the
reflection of ultrasonic waves will occur when there is a
particular object, and the reflection of ultrasonic waves to
be received back by the receiver sensor units.The SRF05 is
a light weight ( of 0.4 Oz), small size ( 4 cm wide, 2 cm
height and 1.5 cm depth) sensor and produces ultrasound of
40 KHz frequency and has built-in transmitter and receiver.
It operates from 5 V DC and consumes 30 mA to 50 mA
current. The maximum range of this sensor is 4 meters This
SRF05 uses a microcontroller and requires an input trigger
pulse of minimum 10 micro second widths. In operation
the processor of SRF05 waits for a trigger pulse. After
receiving a proper trigger pulse the processor will generate
eight cycles of sonic burst of 40 kHz. This sonic burst will
be reflected back to the sensor by any obstacle that is
situated within the range 4 meters. Accordingly an echo
pulse whose width is proportional to obstacle distance will
be generated by the microcontroller. SRF05 requires a 5V
voltage supply, ground connection, a short trigger pulse
and provides an echo pulse. A short trigger pulse (10µs) is
provided to start the ranging. SRF05 will send 8 pulses of
ultrasound of 40 KHz and raises its echo line to high. Once
the echo is detected it lowers the echo line. The distance to
the object is proportional to the width of this received
pulse. By timing the pulse, range in cm/inches can be
calculated. If no echo comes between 36ms after the trigger
pulse, then SRF05 will automatically lower its echo pulse.
The ultrasonic sensor SRF05 should be triggered regularly
at a specified time interval for continuous distance
measurement. Considering the walking speed of a blind
person in an unknown place as 1.5 km/hour, the time taken
to travel 1 meter is 2.4 second. The sensor needs to be
triggered at the time interval of 2.4 second which
corresponds to a clock frequency of 0.417Hz. The timer IC
555 in a stable configuration is used to generate trigger
pulses of 0.417Hz frequency. The reset circuit will generate
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pulse automatically to reset all the counters so that a new
set of data may enter into the counter. The reset pulse
should be synchronized with the input trigger pulse that is
used to trigger the ultrasonic sensor. Every time a trigger
pulse appears there should be a corresponding reset pulse.
Once again 555 timer has been used as a monostable
multivibrator that is triggered by the input trigger pulse to
generate the required reset pulse.

A.1 Feedback Mechanism
The information regarding the measured distance of the
detected obstacle is conveyed to the person using a buzzer.
As the person approaches the obstacle the buzzer ON time
increases. Three levels of distance are set and buzzer sound
is ON for different time for these three levels. First level is
3meter distance for which buzzer will be ON once so the
information to the blind is watch out, second level is 1.5
meter distance for which buzzer will be ON 5 sec so the
information to the blind is beware, third level is 0.5 meter
distance for which the buzzer will be continuously ON so
the information to the blind is dangerous.

repeat almost the same ground track (as the earth turns
beneath them) once each day. The orbit altitude is such that
the satellites repeat the same track and configuration over
any point approximately each 24 hours (4 minutes earlier
each day). There are six orbital planes (with nominally four
SVs in each), equally spaced (60 degrees apart), and
inclined at about fifty-five degrees with respect to the
equatorial plane. This constellation provides the user with
between five and eight SVs visible from any point on the
earth[11].24 satellites emit signals to receivers that
determine their location by computing the difference
between the time that a signal is sent and the time it is
received”.
Among the various GPS devices available in the market
device discussed here just gives the information about the
latitude and longitude at the specific moment. This
information can be transferred to a microcontroller which
can convert this information to find a location. This
information regarding the corresponding place for given
latitude and longitude should be pre loaded in the
microcontroller. GPS device continuously sends this
information to the microcontroller which can be readily
referred in case the person encounters any emergency
situation.

Fig.2: Block Diagram

B GPS Unit for location detection
A GPS system is defined as “Satellite Navigation that is
based on a global network of satellites that transmit radio
signals in medium earth orbit”. GPS is funded by and
controlled by the U. S. Department of Defense (DOD).
While there are many thousands of civil users of GPS
world-wide, the system was designed for and is operated by
the U. S. military. GPS provides specially coded satellite
signals that can be processed in a GPS receiver, enabling
the receiver to compute position, velocity and time. Four
GPS satellite signals are used to compute positions in three
dimensions and the time offset in the receiver clock. Its
Space Segment of the system consists of the GPS satellites.
These space vehicles (SVs) send radio signals from space.
The nominal GPS Operational Constellation consists of 24
satellites that orbit the earth in 12 hours. There are often
more than 24 operational satellites as new ones are
launched to replace older satellites. The satellite orbits
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Fig. 2:. Transmitter Section

Fig. 3: Receiver Section
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C Zigbee Unit for data transmission
Zigbee was launched by Zigbee alliance which was
founded in August 2001. Zigbee is a wireless technology
which uses a simple data communication protocol defined
by IEEE 802.15.4 standard. There are a multitude of
standards like Bluetooth and Wi-Fi that address mid to high
data rates for voice, PC LANs, video, etc. However, up till
now there hasn't been a wireless network standard that
meets the unique needs of sensors and control devices.
Sensors and controls don't need high bandwidth but they do
need low latency and very low energy consumption for
long battery lives and for large device arrays. Zigbee
module fulfils the unique needs of low-power, low-cost
wireless networks. It requires minimal power and provides
reliable data transfer between the two end remote devices.
While Bluetooth focuses on connectivity between large
packet user devices, such as laptops, phones, and major
peripherals. ZigBee is designed to provide highly efficient
connectivity between small packet devices. As a result of
its simplified operations, which are one to two full orders
of magnitude less complex than a comparable Bluetooth
device, pricing for ZigBee devices is extremely
competitive, with full nodes available for a fraction of the
cost of a Bluetooth node. ZigBee compliant wireless
devices are expected to transmit 10-75 meters, depending
on the RF environment and the power output consumption
required for a given application, and will operate in the
unlicensed RF worldwide (2.4GHz global, 915MHz
Americas or 868 MHz Europe). The data rate is 250kbps at
2.4GHz, 40kbps at 915MHz and 20kbps at 868MHz.
ZigBee protocol features include:
•
•
•
•
•
•
•

Support for multiple network topologies such as pointto-point,
point-to-multipoint and mesh networks
Low duty cycle – provides long battery life
Low latency
Direct Sequence Spread Spectrum (DSSS)
Up to 65,000 nodes per network
128-bit AES encryption for secure data connections
Collision avoidance, retries and acknowledgements.

Data regarding the location of the person and obstacle
distance is received from the GPS unit and sonic sensor
respectively and sent to the microcontroller. Then the
processed data from the microcontroller is transmitted to
the receiving end using the Zigbee transmitter. This data is
received by the receiver microcontroller using Zigbee
receiver where it is further processed and buzzer operates
according to the received distance level.

D Microcontroller

transmit it to receiver using Zigbee module. PIC16F877A
is a CMOS FLASH-based 8-bit microcontroller based on
RISC architecture. It operates at 20 MHz frequency and 5V
power supply. Its simplicity ease of use lies in the fact that
it works with 35 single-word instructions. The PIC
architectures have these advantages:
•

Small instruction set to learn

•

RISC architecture

•

Built in oscillator with selectable speeds

•

Easy entry level, in circuit programming plus in circuit
debugging.

•

Inexpensive microcontrollers

•

Wide range of interfaces including I²C, SPI, USB,
USART, A/D, programmable comparators, PWM,
LIN, CAN, PSP, and Ethernet

•

At the receiver side also same microcontroller is used
which is interfaced to Zigbee receiver.

GPS and sonic sensor data is received and sent to
microcontroller which further process this data and send it
to the buzzer which produces different beeps corresponding
to different distance levels. Buzzer will give a single beep
for 3meter obstacle distance, double beep for 1.5meter
obstacle distance and will beep continuously for 0.5meter
obstacle distance to alert the blind person.

4. CONCLUSION
This designed Electronic Travel Aid uses ultrasonic sensors
for obstacle detection. It provides a low-cost, low-power
system for tracking the current location of the blind person.
The main aim of the device is to provide a safer and secure
navigation system for blind people and at the same time
monitors the location of the person. Obstacles up to 0.5
meter can be detected and broad beam angle of ultrasonic
sensors enable wide range environment recognition.
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Abstract: In almost central processing unit(CPU),
performing arithmetic operations such as addition,
subtraction and multiplication, the limitation of fast
operation in arithmetic operations suffer from O(n) carry
propagation delay where n is the number of digits. In
modern computer application such as process control,
signal processing, and computer graphics also suffer from
carry propagation delay however fan-in and fan-out
problem generate and the complexity of the circuit has
been increased and speed operation is reduced. Free carry
propagation delay with arithmetic operation can be
achieved by using higher radix number system such as
QSD. In signed digit number system carry propagation
chain are eliminated which reduce the computation time
substantially, thus enhancing the speed of the operation. In
QSD, each digit can be represented by a number from -3 to
3. The QSD addition/subtraction operation employs a fixed
number of minterms for any operand size. By using signed
digit number system we can achieved arithmetic operation
in a fix delay independent of the number of digits means we
get constant delay and less complexity of the circuit design
with EDA tools.
Keywords: QSD-quaternary signed digit, EDA-electronic
design automation, VLSI- very large scale integration,
CSA-carry sum adder, LUT-look up table,DM-delay model.

1. INTRODUCTION
Arithmetic operations are widely used and play very
important roles in various digital systems such as
computers and signal processing operations. Inside the
arithmetic operations, Multiplication operation is one of the
most vital function within computer application such as
process control, signal processing and computer graphics.
Many researchers develop high-speed multiplication
algorithms, which are suitable for VLSI implementation.
There are several advantages with radix number system[6].
1)
2)
3)
4)

Faster speed operation.
Carry free propagation delay.
Less complexity circuit design.
Free from Fan-in and Fan-out problem

5)
6)
7)
8)

Provide up-down count operation.
Provide multiply operation.
Carry free addition.
Borrow free subtraction.

Quaternary signed-digit numbers are mapped into
intermediate sum and intermediate carry by intermediate
carry/sum generator so that when these numbers are added
it results in carry-free addition. QSD number representation
has attracted the interest of many researchers [8].
Implementation of high speed multiplier can be achieved
by using redundant binary adders. Thus the adders are
important building blocks of any digital processors and
their design have been of great concern to engineers and
professional in the area of microprocessor and especially in
signal processor. This is because most of the computational
as well as signal processing algorithms can be broken down
to level of addition, which is the fundamental operation.
The redundant binary representation is one of the signed
digit representations. It has a fixed: 2 and a digit set {-1, 0,
1} [5].
Additionally, recent advances in technologies for integrated
circuits(IC) make large-scale arithmetic circuits suitable for
VLSI implementation. However, arithmetic operation still
suffers from known problems including limited number of
bits, propagation time delay, and circuit complexity. The
fast multiplier is composed of partial product generator
(PPG) and adder. High speed QSD also suitable for
arithmetic logic unit, which is capable of carry free
addition, borrow free subtraction, up-down count and
multiply operations [6].

2. QUATERNARY SIGNED DIGIT NUMBERS
QSD numbers are represented using 3-bit 2’s complement
notation. Each number can be represented by:
D=∑Xi4i
i
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Numbers one to twenty-six in standard quaternary
Quaternary 1 2 3 10 11 12 13 20 21
Binary
1 10 11 100 101 110 111 1000 1001
Decimal 1 2 3
4
5
6
7
8
9
Quaternary 22 23 30 31 32 33 100 101 102
Binary 1010 1011 1100 1101 1110 1111 10000 10001 10010
Decimal
10 11 12 13 14 15 16
17 18
Quaternary 103 110 111 112 113 120 121
122
Binary 10011 10100 10101 10110 10111 11000 11001 11010
Decimal

19

10

21

22

23

24

25

Delay1
Delay2
Inputs

Main
Delay
Main
Delay

Output
Delay

Delay3
Delay4

26

Where Xi can be any value from the set {3, 2, 1, 0, 1, 2, 3}
for producing an appropriate decimal representation. A
QSD negative number is the QSD complement of QSD
positive number i.e.3 = -3, 2 = -2, 1 = -1. For digital
implementation, large number of digits such as 64, 128, or
more can be implemented with constant delay. A high
speed and area effective adders and multipliers can be
implemented using this technique [7] [9].
For example
(1 2 3 3) QSD= (23)10
= 1X43 + 2 X42 + 3 X 41 + 3X40
= 64-32-12+3 = 23
(1 2 3 3) QSD = (-23)10 s

3. METHODOLOGY
Delay Model- An accurate model such as delay model is an
essential part of the multiplier if it is to account for the
effect of propagation delay on arithmetic operation while
the layout is being generated. Simple models which ignore
fan-out, fan-in, carry propagation delay, and inputs that
differ in propagation delays can lead to operation which are
slower or larger than the technology would allow. The
multiplier uses a delay model (below Figure) based upon
logic elements that are fan-in limited, but each input has a
different arrival time at the main logic element such as
(Delay1, Delay2, etc.) The main logic element has an
intrinsic delay known as Main Delay, and the output also
has a fixed delay or constant delay means Output Delay
[1]. Each output also has a delay which 1. In actual use the
Main Delay and the Output Delay are not really needed and
in fact are set to 0 is proportional to the length of wire
being driven. A factor for the fan-out should also be
Included, but is not necessary for multipliers, since all of
the CSAs have a fan-out of 1. The individual delays are
determined by running SPICE or HSPICE, as is the
proportionality constant for the delay.

4. CSA PLACEMENT STAGES FOR SIGNED
DIGIT NUMBER SYSTEM
The goal of the CSA placement phase of the fast multiplier
is to place the CSAs correctly, given a particular partial
product multiplier arrangement for fast computing. Using
the minimum amount of area and the smallest propagation
delay, the partial products are to be reduced to two
numbers which can then be added to form the final product.
The multiplier placement scheme used by the multiplier
generator creates a topology illustrated in above Figure.
The multipliers have been placed such that all multiplier
outputs of a given arithmetic weight border the same
vertical routing channel. The task now is to place CSAs in
the cell columns and input them together in the routing
channel [4]. Since all inputs of a correctly connected CSA
must have the same arithmetic weight, and all multiplier
outputs of a given arithmetic weight border the same
vertical outing channel, the cell column that a CSA will be
placed in is completely determined by the arithmetic
Weight of its inputs. The placement of the CSAs occurs
sequentially, and as each CSA is added it is placed below
all other previously placed cells [5]. Other phases after the
initial placement can move CSAs around in an attempt to
reduce area and propagation delay. The assumed geometry
for a CSA is shown in above Figure. The power supplies
run vertically over the cell in some top level metal. The
inputs are all on the right side of the cell. The sum output is
also on the right hand side, but the carry output is on the
left side [3] [4]. The placement and connection of a CSA in
a vertical column can be thought of as taking 3 inputs of a
given arithmetic weight out of the routing channel on the
immediate right, and replacing them with a single input of
the same weight and creating a new input of weight which
is placed in the routing channel to the immediate left. At
any point during the placement of the CSAs, there are a
number of multiplier outputs or previously placed CSA
outputs that have not been connected to any input. The next
CSA to place must be connected to 3 of these unconnected
outputs [3].
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The 3 inputs are chosen using the following heuristic: a
virtual input is attached to each non input CSA or
multiplier output. This input extends to the bottom of the
placement area. This virtual input is added because even if
an output is never connected to a CSA, it must eventually
connect to the carry propagate adder placed at the bottom.
By placing a virtual input it makes outputs that are already.
Power supplies run
Vertically over the coil

a
b
c

Carry

Inputs

arithmetic weight as the primary candidate, the two slowest
possible outputs are chosen which do not cause an increase
in the output time of the CSA. These outputs are then
connected to the other two inputs of the CSA. In effect, this
is a greedy algorithm, in that it is constantly choosing to
add a CSA delay along the fastest path available. There are
other procedures that will be described below that help the
algorithm avoid local minimums as it places and wires the
CSAs This algorithm can run into problems, illustrated by
the following example. The left section shows a collection
of dots which represent unconnected outputs. The
arithmetic weight of the outputs increases from right to left,
with dots that are vertically aligned being of the same
arithmetic weight. The above algorithm will find the 3
outputs in the little box and wire them to a CSA. This will
give an output configuration as shown in the center section.
The algorithm will repeat, giving the right section. This
sequence of CSAs will be wired in series – essentially they
will be connected as a ripple carry adder. This is too fast
for a high performance arithmetic operation.

5. PARTIAL PRODUCT LUT MULTIPLIERS
FOR SIGNED DIGIT NUMBER SYSTEM

Sum

1.

Works like long hand multiplication in arithmetic
operation for fast computing.

2.

LUT used to obtain products of digits in Octal or
Decimal.

3.

Partial products combined with adder tree for fast
computing.

Outputs
Near the bottom more likely to be connected to a CSA
input, and outputs that are near the top enquire a less likely
to be connected to a CSA input. As a result, faster outputs
(near the bottom) will go through more levels of CASs and
slow outputs will go through fewer levels of CASs,
improving overall performance. The propagation delay
from the multiplicand or multiplier select inputs to each of
the unwired outputs is computed, using the delay model
described earlier. Individual bits of multiples of the
multiplicand or the multiplier select signals are assumed to
be valid at a time determine by a lookup table. This lookup
table is determined by iterative runs of the multiplier
generator, which can then allow for propagation delays and
possible differences in delays for individual bits of a single
partial product. The output having the fastest propagation
delay is chosen as the primary candidate to be attached to a
CSA. A search is then made for two other not connected
outputs of the same arithmetic weight. If two other
unconnected outputs of the same arithmetic weight cannot
be found, then this output is skipped and the next fastest
output is chosen, etc., until a group of at least 3 inputs of
the same arithmetic weight are found. If no group can be
found, then this stage of the placement and connection is
finished, and the algorithm terminates. A new CSA is
placed in the column determined by the arithmetic weight
of the group. The primary candidate is connected to the
input of the new CSA which has the longest input delay. Of
the remaining unconnected outputs with the same

Partial Products LUT multipliers use partial product
techniques similar to those used in longhand multiplication
to extend the usefulness of LUT multiplication for fast
computing into arithmetic operation. Consider the long
hand multiplication [8] [10].

67
× 54
28
240
350
+3000
3618

67
× 54
28
240
350
+3000
3618

67
× 54
28
240
350
+3000
3618

67
× 54
28
240
350
+3000
3618

By performing the multiplication one digit at a time and
then shifting and summing the individual partial products,
the size of the memorized time table is greatly reduced.
While this example is decimal, the technique works for any
radix number system[2]. The order in which the partial
products are obtained or summed is not important. The
proper weighting by shifting must be maintained.
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The example below shows how this technique is applied in
hardware to obtain a 6x6 multiplier using the3x3 LUT
multiplier shown above. The LUT (which performs
multiplication of a pair of octal digits) is duplicated so that
all of the partial products are obtained simultaneously. The
partial products are then shifted as needed and summed
together. An adder tree is used to obtain the sum with
minimum propagation delay.
The LUT multipliers shown have matched radices (both
inputs are in octal). The partial products can also have
mixed radices on the inputs provided care is taken to make
sure the partial products are shifted properly before
summing. Where the partial products are obtained with
small LUTs, the most efficient implementation occurs
when LUT is square (i.e. the input radices are the same).
For 8 bit LUTs, such as might be found in an Altera 10K
FPGA, this means the LUT radix is hexadecimal. For 4 bit
LUTs, found in many FPGA logic cells, the ideal radix is 2
bits (This is really the only option for a 4 LUT: a 1 bit
input reduces the LUT to an AND gate, and since each
LUT cell has 1 output, it can only use one bit on the other
input).

A[2:0]

6-LUT

6

9

12

+

6. CONCLUSION
In central processing unit (CPU), when carry propagation
delay propagate from one state to another state, in
arithmetic operation, operation become Over cumbersome
and suffer fan in and fan out problem. By using higher
radix number system such as QSD we remove fan in and
fan out problem easily and also we get carry free arithmetic
operation and provide up-down count operation for fast
computing operation. Another advantage of higher radix
number system is reducing the circuit complexity and
propagation delay time and provide the limited number of
bits for fast computing operation. QSD number uses 25%
less space than BSD to store number, higher number of
gates can be tolerated for further improvement of QSD
adder. LUT operation executed in sequentially and
simultaneously manner so provide faster computing
operation in quaternary signed digit number [1] [2].

7. RESULTS
The QSD adder is written in VHDL, simulation using
project navigator tool and Synthesized on Modelism
software. The binary carry look ahead adder and the high
performance QSD adders are compared. The comparison of
the performance is shown in Figure and Table. The test is
performed for various sizes of the adders.

+

Table: Timing analysis result

B[2:0]
A[2:0]

6-LUT

<<3

S.No.

9

1
2
3
4
5

B[5:3]
A[5:3]

6

9

6-LUT

+

6-LUT

<<3

B[2:0]

<<3

No. of
bits
4
8
16
32
64

Delay(ns)
CLA
13.5
19.4
24.72
27.6
30.45

Delay(ns)
QSD
16.51
16.51
16.51
16.51
16.51

A[5:3]
B[5:3]

The LUT could be replaced by any other multiplier
implementation, since LUT is being used as a high
multiplier. This gives the insight into how to combine
multipliers of an arbitrary size to obtain a faster computing
operation in fast multiplier. A more compact and faster
version is possible by computing the partial products
sequentially using one LUT and accumulating the results in
a scaling accumulator. Scaling accumulator provide faster
up-down count operation for fast computing in quaternary
signed digit number system.
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Fig: Timing comparison of CLA and QSD adder
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The QSD adders have constant delay for higher number of
bits. Above Table shows timing analysis results.
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Abstract: Multiplication is a very basic component in a
central processing unit. In CPU operation, performing
arithmetic operations such as addition, subtraction,
division and multiplication, the limitation of fast operation
in arithmetic operations suffer from carry propagation
delay. In modern computer application such as process
control, signal processing, and computer graphics also
suffer from carry propagation delay however fan-in and
fan-out problem generate and the complexity of the circuit
has been increased and speed operation is reduced. Free
carry propagation delay of carry look ahead adder with
arithmetic operation can be achieved by using higher radix
number system such as QSD. Carry look ahead adder is
reducing the circuit complexity and propagation delay time
and provide the limited number of bits for fast computing
operation. In QSD number system carry propagation chain
are eliminated which reduce the computation time
substantially, thus when enhancing the speed of the
arithmetic operation. In QSD, each digit can be
represented by a number from -3 to 3.By using radix
number system we can achieved arithmetic operation in a
fix delay independent of the number of digits means we get
constant delay and less complexity of the circuit design.
Keywords: QSD-quaternary signed digit, PPG-partial
product generator, CSA-carry sum adder, CLA-carry look
ahead adder, Fast multiplier, Dot diagram, Booth-4 and
higher.

1. INTRODUCTION
Arithmetic operations are widely used and play very
important roles in various digital systems such as
computers and signal processing operations. Inside the
arithmetic operations, Multiplication operation is one of the
most vital function within computer application such as
process control, signal processing and computer graphics.
Many researchers develop high-speed multiplication
algorithms, which are suitable for logical implementation.
There is several advantage of carry look ahead adder with
radix number system.
1)
2)

Faster speed operation.
Carry free propagation delay.

3)
4)
5)
6)

Less complexity circuit design.
Free from Fan-in and Fan-out problem.
Provide up-down count operation.
Provide also multiply operation.

Quaternary signed-digit numbers are mapped into
intermediate sum and intermediate carry by intermediate
carry/sum generator so that when these numbers are added
it results in carry-free addition. QSD number representation
has attracted the interest of many researchers. Logical
Implementation of high speed multiplier can be achieved
by using redundant binary adders with carry look adder.
Carry look ahead adder is the addition technique that
eliminates the carry propagation delay problem due to
availability of the interstage carry delay. Thus the adders
are important building blocks of any digital processors and
their design have been of great concern to engineers and
professional in the area of microprocessor and especially in
signal processor. This is because most of the computational
as well as signal processing algorithms can be broken down
to level of addition, which is the fundamental operation.
The redundant binary representation is one of the signed
digit representations. It has a fixed: 2 and a digit set {-1, 0,
1} [3].
Additionally, recent advances in technologies for integrated
circuits(IC) make large-scale arithmetic circuits suitable for
logical implementation as well as for VLSI
implementation. However, arithmetic operation still suffers
from known problems including limited number of bits,
propagation time delay, and circuit complexity. Carry look
adder with high speed QSD also suitable for arithmetic
logic unit, which is capable of carry free addition, borrow
free subtraction, up-down count and multiply operations [6]
[7].

2. METHODOLOGY:-DESIGN OF
MULTIPLIER
A. Generating Partial Product
The methods to reduce the basics steps of multiplier-create
a group of partial products, and then add them up to
produce the final product such as minimum delay. This
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paper presents partial products method for producing
constant propagation delay. The simplest partial product
generator produces N partial products, where N is the
length of the input operands. Since the amount of bits and
the delay depends on the number of partial products to be
added, so by reducing the number of partial products we
may reduce the circuit complexity, cost and improves the
performance. Finally, we can get constant propagation
delay [10].

to the height of the partial product section (the maximum
number of dots in any vertical column) of the dot diagram.

B. Dot Diagram
The partial product generation process is illustrated by the
use of a dot diagram. Below Figure shows the dot diagram
for the partial products of a 16x16 bit Simple
Multiplication.

Fig: 16 bit simple multiplication example
This relationship can vary from logarithmic (tree
implementation
where
interconnect
delays
are
insignificant) to linear (array implementation where
interconnect delays are constant) to something in between
(tree implementations where interconnect delays are
significant). But independent of the implementation, adding
fewer partial products is always better [4].
Fig. : 16×16 bit simple multiplication
Multiplicand

Each dot in the dot diagram is a place holder for a single bit
which can be a 0 or 1. The partial products are represented
by a horizontal row of dots, and the selection method used
in producing each partial product is shown by the table in
the upper left corner. The partial products are shifted to
account for the differing arithmetic weight of the bits in the
multiplier, aligning dots of the same arithmetic weight
vertically. The final product is represented by the double
length row of dots at the bottom [10].
Roughly speaking, the number of dots (256 for above
Figure) in the partial product section of the dot diagram is
proportional to the amount of hardware required (time
multiplexing can reduce the hardware requirement, at the
cost of slower operation means 25 times) to sum the partial
products and form the final product [1] [2]. The latency of
an implementation of a particular algorithm is also related

MSB
18

LSB
17

16

15

19

14

13

12

2

7

8

9

10

6

Multiplier
Bit

11
1

MSB

Partial Product

LSB

Fig: Partial product selection logic for simple
multiplication
Finally, the logic which selects the partial products can be
deduced from the partial product selection table. For the
simple multiplication algorithm, the logic consists of a
single AND gate per bit. This figure shows the selection
logic for a single partial product (a single row of dots).
Frequently this logic can be merged directly into whatever
hardware is being used to sum the partial products. This
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merging can reduce the delay of the logic elements to the
point where the extra time due to the selection elements can
be ignored. However, in a real implementation there will
still be interconnect delay due to the physical separation of
the common inputs of each AND gate, and distribution of
the multiplicand to the selection elements [5].

A.

Most other arithmetic operations, such as
multiplication and division are implemented using
several addition/subtraction steps. Thus, improving
the speed of addition will improve the speed of all
other arithmetic operations. Accordingly, reduction of
the carry propagation delay is the great importance
for adders. Different type of logic design approaches
have been employed to overcome the carry
propagation problem.

B.

One important and widely used approach employs the
principle of carry look-ahead solves this problem by
calculating the carry propagation delay time is to
employ faster gates with reduced delay and the carry
signals in advance, which is based on the input
signals. This type of adder circuit is called as carry
look-ahead adder (CLA adder). It is based on the fact
that a carry signal will be generated in two cases:

3. BOOTH 4 AND HIGHER
A further reduction in the number of partial product and
height in the dot diagram can be made, but the number of
hard multiples required goes up exponentially with the
amount of reduction. For example the Booth 4 algorithm
(below figure) requires the generation of the multiples {±0,
±M, ±2M, ±3M, ±4M, ±5M, ±6M, ±7M, ±8M}. The hard
multiples are 3M (6M can be obtained by shifting 3M), 5M
and 7M. The formation of the multiples can take place in
parallel form, so the extra cost mainly involves the adders
for producing the multiples, larger partial product selection
multiplexers, and the additional inputs that are needed to
route the various multiples around [4] [8].

o

when both bits Ai and Bi are equal to 1, or

o

When any one of the two bits is equal to 1
and the carry-in (carry of the previous stage)
is also equal to 1.

Bits of Multiplicand and
3x Multiplicand
Multiplicand
Multiplicand
Bit k
Bit k-1
3x
Multiplicand
Bit k
Multiplicand
Bit k-2

To understand the carry propagation delay problem, let’s
consider the case of adding two n-bit numbers respectively
A and B.

36

25

2

30

1

LSB

24
32

27

29

38

34
37

23

35

Multiplier
Group
40

39

MSB

Booth Decoder

43
44

42

n-1

Col#
Carry

33

Last
Carry
Out

41

1 of 18
Multiplier
Block

i

2

Cn Cn-1
An-1
Bn-1

Ci
Ai
Bi

C2 Cl C0
A2 Al A0
B2 Bl B0

l

Sn Sn-1

Si

S2

Sl

0

S0

31

s

The Figure shows the full adder (FA) circuit used to add
the operand bits in the ith column; namely Ai & Bi and the
carry bit coming from the previous column (Ci ).

s

Bit k of
Partial Product

Logic Implementation

Ai

Carry Look Ahead Adder: In ripple carry adders, the carry
propagation delay time is the major limiting factor on the
speed.

Bi

7

Pi

6

1
5
2

Gi

Si

4

Ci+1
Ci

3

In this circuit, the 2 internal signals Pi and Gi are given by:
Carry look ahead adder contains combinational circuit
which does not contain delay element and area is largely
increased in this case of propagation delay is much less.
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Pi = Ai⊕Bi…………………..

(1)

Gi = Ai.Bi…………………….

(2)
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The output sum and carry can be defined as :
Si = Pi⊕Ci……………………
Ci+1= Gi+Pi.Ci ………………..

(3)
(4)

Gi is known as the carry Generate signal since a carry
(Ci+1) is generated whenever Gi =1, regardless of the input
carry (Ci) Generate and its value does not depend on the
input carry i.e. Ci-1.
Pi is known as the carry propagate signal since whenever Pi
=1, the input carry is propagated to the output carry, i.e.,
Ci+1. = Ci (note that whenever Pi =1, Gi =0).
The values of Gi and Pi, only depend on the input operand
bits (Ai & Bi) as clear from the above Figure and equations.
Thus, these signals after passing through their respective
gates, settle to their steady-state value.
All Computed values of the Pi’s are valid one XOR-gate
delay after the both operands A and B are made valid
All Computed values of the Gi’s are valid one AND-gate
delay after the both operands A and B are made valid.
For four bit binary addition, the Boolean expression of the
carry outputs of various stages can be written as follows:
C1 = G0 + P0C0

Second level: The Carry Look-Ahead (CLA) logic block
which consists of four 2-level implementation logic
circuits. It generates the carry signals (C1, C2, C3 and C4)
as defined by the above expressions. Output signals of this
level (C1, C2, C3 and C4) will be valid after 3τ.
Third level: Four XOR gates which generate the sum
signals (Si) (Si = Pi⊕Ci). Output signals of this level (S0,
S1, S2, and S3) will be valid after 4τ.

Co
Ao
Bo
A1
B1

5

14

6
7

Po

Co

Po

So

C1
P1

S1

C2
P2

S2

C3
P3

S3

Go
8
9

P1
G1

A2
B2

10
11

P2
G2

A3
B3

12
13

P3

C4
G3
Carry Lookahead
Block

C2 = G1+P1C1 = G1+P1(G0+P0C0) = G1+P1G0+P1P0C0
C3=G2+P2C2 = G2+P2G1+P2P1G0+P2P1P0Co
C4= G3+P3C3 = G3+P3G2+P3P2G1+P3P2P1G0+P3P2P1P0C0
From the above expression it can be seen that C4 does not
to wait for C3 and C2 to propagate, in fact C4 is propagate
at the same time as C2 and C3.If there is no input carry,
then input carry becomes 0 and the last term in each
expression for carry will be eliminated. Since the Boolean
expression for each carry output is expressed in the form of
sum of product (SOP), it can be implemented in two-logic
level circuits [1].
The 2-level implementation of the carry signals has a
propagation delay of 2 gates equal to 2τ.
Where ‘τ’ is the propagation delay time

1

C4

Thus, the 4 Sum signals (S0, S1, S2 and S3) will all be
valid after a total delay of 4τ compared to a delay of
(2n+1)τ for Ripple Carry adders. For a 4-bit adder (n = 4),
the Ripple Carry adder delay is 9τ. Thus, CLA adders are
usually implemented as 4-bit modules that are used to build
larger size adders if the carry expression become more than
4-bits,the expression will be very lengthy as the bit
significance increases, each expression is only three logic
levels deep, so the delay in forming the carry is constant
irrespective of bit position. However, the logic does rapidly
become over-cumbersome and also presents problems in
‘fan-out’ and ‘fan-in’ on the gates.

4. LOGICAL IMPLEMETATION RESULT

The 4-bit carry look-ahead (CLA) adder consists of 3 levels
of logic:
First level: In the first level, generates all the P & G
signals. Four sets of P & G logic (each level consists of an
XOR gate and an AND gate). Output signals of this level
(P’s & G’s) will be valid after 1τ delay.

Design Synthesized on Xilinx XC9500XV FPGA devices
using Leonardo Spectrum from Mentor Graphics. The QSD
adders have constant delay for higher number of bits. Table
6.3 shows timing analysis results for respectively RCA,
CLA and QSD. The performance comparison of the RCA,
CLA and QSD are shown in Table and Figure. The test is
performed for various sizes of the adders [3] [9].
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basic element in CPU. All of the adder, subtracter and
multiplier, etc. are constructed with adders. Therefore, to
speed up the adder efficiently is very important to CPU or
processor. Thus, CLA adders are usually implemented as 4bit modules that are used to build larger size adders.

TABLE: Timing Analysis Result

No.
of
Bits

4
8
16
32
64
128

Ripple Carry
Adder(RCA)

8.00ns
15.9ns
19.6ns
45.56ns
80.25ns
169.78ns

Delay (ns)
Carry
Look
Ahead
(CLA)
13.60ns
19.50ns
24.73ns
27.50ns
30.43ns
33.53ns

Quaternary
Signed Digit
(QSD)
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Abstract: During the phase of angiogenesis the growth
factor is up regulated where as during apoptosis the
growth factor is down regulated. The present paper
through implementation of Artificial Neural Network
(ANN), also DTREG, has focused on metastasis linked with
Capacitance Relaxation phenomena, Urine Potential Of
Hydrogen (pH) and Aldehyde Concentration. In this paper
a distributed neural network has been applied to a data
mining problem for classification of cancer stages in order
to have proper diagnosis of patient. Survival of a cancer
patient depends heavily on early detection and thus
developing technologies applicable for sensitive and
specific methods to detect cancer is an inevitable task for
cancer researchers. The Network was trained off line using
104 patterns each of 5 inputs. Using the weight obtained
during training, fresh patterns were tested for accuracy in
diagnosis linked with the stages of cancer. The aim of the
study is to improve the cancer diagnosis accuracy.

Precision LCR Meter (Inductance (L), Capacitance (C),
and Resistance (R) meter). The measurement cells
consisted of glass vessels and the electrodes immersed in it.
This measuring technique is developed by the author [3].
Aldehyde dehydrogenase 1 (ALDH1)- It is a novel stem
cell marker in human glioblastoma (GBM). Aldehyde
dehydrogenase function is used by cancer stem cells to
repopulate a tumor mass after chemotherapy cytoreduction.
Aldehyde dehydrogenase is used to generate the
characteristic multiple metastases made up of mostly nonstem cells. With the inhibition of aldehyde dehydrogenase,
stem cell division to non-stem daughter cells tends to
become blocked [4, 5].
Fig. 1 shows the Oxidant/antioxidant with pH in cancer
cells.

Keyword: Capacitance Relaxation, Aldehyde
concentration, Urine pH, Oxidant/antioxidant ratio
and ANN
1. INTRODUCTION
Oxidant/antioxidant balance is an important factor related
to initiation and progression of cancer. Clinical research
shows that more the oxidant/antioxidant ratio more is the
metastasis [1,2].
Capacitance Relaxation Phenomenon- For measurement of
capacitance relaxation phenomenon the extract of tumor
cells(1 mg) was cleaned by distilled water and dissolved
with lipoproteins in 15 ml acetone and kept in the
laboratory at room temperature (about 250 C) during the
phase of the experiment. The system developed (Glilozzi
and Basak 1986) and describes here uses the technique of
passing a constant low voltage (100 V) through the
electrodes (Ag-AgCl) dipped in at around the 200 Hz
(Alpha Dispersion region), the capacitance value jumps
rapidly in cancer cells the lipoprotein extract separated by
the small distance. The data were recorded during
measurements with the help of a programmable HP 428A

Oxidant/antioxidant balance is an important factor related
to initiation and progression of cancer.
Neural networks are ideal in recognizing diseases using
scans. Neural networks learn by example so the details of
how to recognize the disease are not needed. The ANN is a
generalization of the least mean square algorithm that
modifies network weights to minimize the mean squared
error between the desired and actual outputs of the
network. [6, 7]
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decrease in Aldehyde concentration and capacitance
relaxation will increase with decrease in urine pH as shown
in figures.

2. MATLAB SIMULATION AND PROPOSED
WORK
The Oxidant/antioxidant will affect the metastasis and
capacitance relaxation simultaneously. After that the stem
cell marker Aldehyde will be affected. These phenomena
with Oxidant/antioxidant are illustrated in below figure.

Fig. Capacitance relaxation- metastasis curve related to
pH
When the value of Urine pH decreases there is decrease in
Aldehyde concentration. The relation is as shown below

Fig: The role of antioxidant/antioxidant ratio for the
apoptosis of cancer.
In order to have an integrated understanding on neural
networks, we adopt the next perspective, called top-down,
from application, algorithm to architecture as shown below:
Fig: Flowchart for Implementation of ANN

Fig. Aldehyde concentration curve related to pH

4. IMPLEMENTATION OF MODEL USING
ANN
Data such as Urine pH, capacitance relaxation, metastasis,
Aldehyde Concentration have been collected for 500
patients. A total of 5 parameters about cancer have been
collected from cancer patients linked with capacitance
relaxation, Urine pH, , metastasis, Aldehyde Concentration
The input parameters are urine pH, metastasis, Aldehyde
Concentration and capacitance relaxation value and the
output parameter is the final stage in which the patient
belongs.

3. OBSERVATION
With urine pH become more acidic( i.e. when its value
decreases) the Angiogenesis increases that means there is

In Figure below, we can see how the misclassification
percentage varies on varying number of neurons in hidden
layer. The optimum design shows there should be 4
neurons in hidden layer for minimum classification and
accurate results [8]. Figure shows misclassification tables
for training and validation. The average misclassification of
validation data comes out to be around 2.94%.
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status of the subject with cancer in different stages of
metastasis corresponding to respective pH range of the
intra-cellular fluid. The aim of the study is to improve the
cancer diagnosis accuracy.
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With urine pH become more acidic ( i.e. when its value
decreases) the metastasis increases that means there is
decrease in Aldehyde concentration and capacitance
relaxation will increase. The antioxidant will effect the
metastasis and capacitance relaxation simultaneously. After
that the stem cell marker Aldehyde concentration will be
affected. The ANN classifier in used for prediction of the

[7]

[8]
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Abstract: Growing need of data rate and spectral
efficiency, needs error free and efficient communication. In
order to achieve the above goal various transforms have
been reported in the literature, which shows state of the art
improvement
in the performance of
wireless
communication. In this paper we have presented a
complete review on various transforms and some of their
applications in wireless communication.
Keywords: fractional Fourier transform, OFDM, Discrete
Cosine transform, Hilbert transform, Hadamard transform.

1. INTRODUCTION
In the areas of digital signal and image processing there are
myriad applications of discrete orthogonal transforms. This
is mainly due to the impact of high speed digital computers
and the rapid advances in digital technology and
consequent development of special purpose digital
processors. Fast algorithms based on matrix factoring or
matrix partitioning or other techniques resulting in reduced
computational and memory requirements have further
accelerated the utility and application of these transforms.
Added advantage of these algorithms is the reduced
round—off error. This has resulted in a trend towards
developing and standardizing the notation and terminology
related to orthogonal functions and digital processing.
The FRFT which is discussed in section II has been found
to have several applications in the areas of optics [5, 6] and
signal processing [7–8]. The fractional Fourier transform is
likely to have something to offer in every area in which FT
and related concepts are used. In section II DFRFT is
discussed and its applications in the field of wireless
communication are presented. FRFT can be used to
evaluate peak-to-average power ratio (PAPR) performance
of a multicarrier system[27]. Analytical evaluation and
simulations verify that this system, which greatly
outperforms classical OFDM system in rapidly fading
channels, can also provide a better PAPR performance in
some situations. In addition, further PAPR reduction can be
obtained by applying the well-known selective mapping
method (SLM).

Another application is found in which transmission over
wireless channels can lead to intersymbol interference (ISI)
as well as interchannel (or intercarrier) interference (ICI).
To decrease the results of ICI, [29] proposes an OFDM
system based on the fractional Fourier transform (FRFT).
Also FRFT windows for OFDM based system have the
ability of Interference improvement with optimum
resolution [30]. In sections III and IV mathematical model
for STFT [13] and DCT[15] are reviewed . STFT is
frequently used to analyze music. This information can be
used for equalization or tuning other audio effects. Other
application is found in [34] in which the limitation of an
analog to digital converter (ADC) is overcome in the time
freq. analysis of ultrafast signals. In section V Hilbert
Transform is presented. The function sin (ω t) is the Hilbert
transform of cos (ω t). This gave us the ±π/2 phase-shift
operator which is a basic property of the Hilbert transform
[19]. In the field of communication, Hilbert transform can
be used to remove one of the sidebands and thereby create
a single sideband signal (SSB). The simplest one is to use a
low-pass filter with the middle of the transition band on the
carrier frequency [19] .In section VI Hadamard transform
is introduced followed by conclusion in section VII.

2. DISCRETE FRACTIONAL FOURIER
TRANSFORM
A. Introduction & Definition
A generalization of the classical Fourier transform, the
fractional Fourier transform was introduced by Victor
Namias in 1980. The fractional Fourier transform can be
viewed as the chirp-basis expansion directly from its
definition, but essentially it can be interpreted as a rotation
in the time-frequency plane, i.e. the unified time-frequency
transform. With the order from 0 increasing to 1, the
fractional Fourier transform can show the characteristics of
the signal changing from the time domain to the frequency
domain. Angular generalizations of the Continuous Time
Fourier transform is called the angular Fourier transforms
or fractional Fourier transforms (AFT or FRFT). Discrete
version of the AFT is called the Discrete fractional Fourier
transform (DFRFT)[1].
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DFRFT is an angular generalization of the DFT operator.
The DFT matrix W in its unitary form is the N * N matrix
W with entries

in rapidly fading channels, can also provide a better PAPR
performance in some situations. In addition, further PAPR
reduction can be obtained by applying the well-known
selective mapping method (SLM)

Wn,k = (1/√N)e(-j2πnk/N)
which has N orthogonal eigenvectors and four distinct
eigen values [l. -1, j , - j ] [32]. The DFRFT is derived
from the fractional powers of these eigen values and
amounts to a rotation of the discrete (n ,k) axis through a
continuous angular parameter α. The kernel matrix of the
DFRFT is obtained by computing the fractional power for
the DFT kernel matrix. The fractional power of the DFT
kernel matrix and the rotation angles in the DFRFT
essentially mean the same thing. The conventional methods
to compute the DFRFT in [1] and [2] are mainly on
numerical computing the fractional power of the DFT
kernel matrix. The fractional power of the DFT kernel
matrix [2] is calculated by (1)
Ft=a0(t)F0+a1(t)F1+a2(t)F2+a3(t)F3

(1)

where,
ai(t) = ∑u8 ejπ/2t − ik

(2)

s(t)=∑.%
I

dkck(t),tϵ[0,Ts]

(4)

where,
ck(t) =A-αexp{-jπ[cotαt2 –2kt/Ts+cotα(ksinα/Ts)2]}
where, Aα = √(1-jcotα)

Applying the above defined kernel to the signal x(n) , the
DFRFT of the signal x(n) is computed as
Ft[x(n)]=a0(t)x(n)+a2(t)x(-n)+a1(t)X(k)+a3(t)X(-k)

The system model, both in continuous-time and discrete
time versions, can be presented as follows. At the
transmitter, a serial-to-parallel buffer segments the binary
information into blocks. Then, each block of data is
mapped according to the modulation scheme (e.g. , BPSK,
QPSK, QAM etc. ), resulting in a vector of N complexvalue subcarrier coefficients d = [d0 ... d k. . . dN-1]T. The
kth subcarrier coefficient, dk is multiplied by subcarrier
function ck(t), and a block of N such sub carriers are added
together to form the transmitted signal, s(t).
Mathematically, this can be expressed as

(3)

where X(k) is the conventional DFT of signal x(n).
Equation (3) indicates that the DFRFT of the signal x(n) is
the linear combination of the four major angular parts: the
original signal x(n) , its DFT X(k) , a circular reflected
version of the signal x(n), x(-n) , and a circular reflected
version of its DFT, X(-k).

(5)

Ts is the FRFTa - OFDM symbol period with Ts = NTb (Tb
is the original bit duration), and α is related to the FRFT
transform order a by α = aπ/2 . In particular, if α = π/2 (i.
e., a =1), (4) reduces to
s(t)=∑.%
I

dkexp{j2πkt/Ts}

(6)

which is the general expression for a baseband FFT-OFDM
transmitted signal. For practical reasons, a discrete-time
representation of the system is needed. Assume Nyquist
rate is used for sampling. If we define the samples of s(t) in
vector form as s = [So . . . Sn . . . SN-1]T , the transform
relationship between the sub carrier coefficients vector d
and the samples of the transmitted signal s can be
expressed as
s = F-ad = (Fa)Hd

(7 )

where (.)H denotes Hermitian transpose, and Fa is an N * N
matrix whose elements are given by [28]. where Hk is the
kth Hermite polynomial having k real zeros [28]. Note that
for a = 1, the above transform collapses to the well known
discrete Fourier transform.
Fig. 1: AFT as a rotation in (t, w) space Applications

(ii) (ICI and ISI) improvement for OFDM based
system

B. Applications
(i) Peak-to-average power ratio (PAPR) improvement
for OFDM based system [27]
Analytical evaluation and simulations verify that this
system, which greatly outperforms classical OFDM system

Transmission over wireless channels can lead to
intersymbol interference (ISI) as well as interchannel (or
intercarrier) interference (ICI). To decrease the results of
ICI, [29] proposes an OFDM system based on the
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fractional Fourier transform (FrFT) in which traditional
Fourier transform is replaced by fractional Fourier
transform to modulate and demodulate the symbols. The
multiplicative filter in fractional Fourier domain has been
designed to equalize the received signal. Theoretical
analysis and numerical simulation results show that the
proposed equalizer in optimal fractional Fourier domain
can significantly improve the performance of the system as
compared to the Fourier domain equalizer.

(iii) Interference improvement with optimum
resolution using FRFT Window for OFDM based
system
A high pass filter is implemented with the help of Kaiser
window and fractional Fourier transform (FRFT) [30]. The
window shape parameter is tuned for the transition band by
considering linear phase FRFT Finite Impulse Response
(FIR) filter. Here FRFT of Kaiser Window is taken and
convolved with the response function for tuning purposes
of the transition band which makes effective transition
band. This proposed method includes the change of
parameters of Kaiser window by which other windows like
Rectangle, Bartlett, Hamming Blackman and Hanning
windows are generated by using FRFT. The efficiencies of
this method in terms of main lobe and side ripples is better
than the above mentioned windows under Fourier
transform.

(iv) BER improvement for OFDM based system
Orthogonal frequency and code division multiplexing
(OFCDM) systems have received extensive research
recently. [31] proposes a serial-parallel combined MCI
(SPMCI) cancellation algorithm for frequency domain despreading, derivates an improved minimum mean square
error (MMSE) weighting factor and analyzes the
performance of the proposed algorithm. Time and code
division multiplexing (TCDM) pilot channel is used for
channel estimation, which integrates the advantages of time
division and code division structure. Simulation results
show that the proposed algorithm is superior to the
traditional parallel MCI cancellation (PMCI) in slow flat
fading channels, especially at 0-stage MCI cancellation.
Moreover, the BER performance of the proposed algorithm
improves as code index increases. In [32] BER is improved
for FRFT based excision technique for broadband
interference.

window to it. The width of this window must be short
enough such that the signal inside the window is assumed
to be stationary. The window size determines the temporal
resolution of the time–frequency analysis and establishes
how well a non stationary event can be localized in time.
Naturally, a very short window is desired when analyzing
highly chirped signals and signals where a non stationary
event occurs over a short interval.
The usual Short-Time Fourier transform representation for
a discrete-time signal x(n) is given by the pair of equations
x(n) = 1/2π,%¶ Xn, w expjwn dw
¶

X2(n,w)=∑¸
%¸ hn − mxmexp −jwn

(8)
(9)

where, X(n,w) denotes the Short-Time Fourier transform of
x(n). h(n) is referred to as the analysis window and is
generally chosen to have the property that it is, in some
sense, narrow in time, or frequency, or both, and is
normalized such that h(0) = 1. Equation (9) is similar in
form to the ordinary Fourier synthesis relation except that
X2(n, w) is now a function of the time index n and
represents only the local behavior of x(m) as viewed
through the sliding window h(n - m).
X2(n,w)=∑¸
%¸ xn, mexp −jwn
of the “short-time function”

(10)

x(n,m) = h(n-m)x(m).

(11)

Equivalently, by considering (9) as the convolution
X2(n,w) = h(n)*nx(n)exp[-jwm]

(12)

where *n denotes the convolution operator with respect to
n, X(n, w) can be interpreted as the output of a linear time
invariant filter h(n), excited by the demodulated (frequency
shifted) signal x(n)exp [-jwn] , as shown in Fig. 3. For this
reason, h(n) is also referred to as the analysis filter.
Because X2(n, w) is a function of the continuous variable w
for every value of n, the Short-Time Fourier transform
contains redundant information about the signal, depending
upon the particular analysis window used in (9).
Furthermore, (9) imposes a structure on X2(n, w) so that
not all functions of n and w are valid Short-Time Fourier
transforms.

3. SHORT TIME FOURIER TRANSFORM
A. Introduction & Definition
Short-time Fourier transform (STFT) is a well-known
method for the time–frequency analysis of non-stationary
signals. In an STFT, the signal is segmented by applying a
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where Tk(ᶓp) is the kth Chebyshev polynomial.
Now, in (15), ᶓp is chosen to be the pth zero of Tk(ᶓp),
which is given by [15]
ᶓp = cos(2p-1)π/2 M,p = 1,2……..M
(b)
Fig .2: (a) Time-reversed and shifted analysis window h
(n - m) superimposed on data x(m). (b) Short-Time
sequence x(n,m)=h(n -m)x(m)for a particular value of n.

(16)

Substituting (16) in (15), one obtains the set of Chebyshev
polynomials
To(p) = 1/√2
Tk(p)=cos(2p-1)kπ/2M,k,p=1,2……..M

(17)

From (17) it follows that the Tk (p) can equivalently be
defined as :
To(m) = 1/√2
Tk(m) = cos(2m+1)kπ/2M, k = 1,2.M-1;
m = 0,1,.M-1
(18)
Fig. 3: Short-Time Fourier transform as output of a
demodulator followed by an analysis filter.
To illustrate the structure imposed on X2(n, w) by (9),
observe that the inverse Fourier transform of X2(n, w) with
respect to w is the short-time function x(n, m), which
factors as the product of the signal multiplied by the shifted
window,
1/2π,%¶ Xn, w expjwn dw=x(n,m) =h(n-m)x(m) (13)
¶

Comparing (18) with (14) we conclude that the basis
member cos ((2m + 1)kπ)/(2M) is the kth Chebyshev
polynomial Tk(ᶓ) evaluated at the mth zero of TM(ᶓ).
Again, the inverse Cosine Discrete transform (ICDT) is
defined as
X(m)=1/√2Gx(0)+∑%
  x(k)cos(2M+1)kπ/2M,
m = 0,1,M-1

Thus, not only can the signal x(n) be recovered from the
short-the Fourier transform by evaluating (9) for n = m, but
the analysis window h(n) can also be recovered, to within
the multiplicative constant x(0), by evaluating (9) for m =
0.

4. DISCRETE COSINE TRANSFORMS (DCT)
A. Introduction & Definition

(19)

We note that applying the orthogonal property [15]
∑%
|I )kmTlm=M/2,

k=l=0

(20)

M/2 ,
k=lǂ0
0,
kǂl
to (20) yields the DCT in (14).

The DCT of a data sequence X(m), m = 0, 1,……… (M 1) is defined as Gx(0) = √2/3 ∑|%
|I £

If (19) is written in matrix form and ˄ is the (M * M)
matrix that denotes the cosine transformation, then the
orthogonal property can be expressed as

Gx(k)=2/M ∑|%
|I £cos(2M+1)kπ/2M,

˄T˄ = M/2[I]

k =1,2,.(M-1)

where ˄T is the transpose of ˄ and [I] is the (M * M)
identity matrix.

(14)

where Gx(k) is the kth DCT coefficient. It is worthwhile
noting that the set of basis vectors {1/√2, cos ((2m + 1)
kπ/2M)} is actually a class of discrete Chebyshev
polynomials. This can be seen by recalling that Chebyshev
polynomials can be defined as [15]
To(ᶓp) = 1/√2
Tk(ᶓp)=cos(kcos-1ᶓp), k,p=1,2,…..M

(15)

(21)

5. HILBERT TRANSFORM
A. Introduction & Definition
In 1743 a famous Swiss mathematician named Leonard
Euler (1707-1783) derived the formula
ejz = cos(z) + j sin(z)

♦ 405 ♦

(22)

Proceedings of the International Conference on Communications & Electronics – ICCE – 2012

150 years later the physicist Arthur E: Kennelly and the
scientist Charles P: Steinmetz used this formula to
introduce the complex notation of harmonic waveforms in
electrical engineering, that is
ejwt = cos(ωt) + j sin(ωt)

(23)

Later on, in the beginning of the 20th century, the German
scientist David Hilbert (1862-1943) finally showed that the
function sin(ωt) is the Hilbert transform of cos(ωt). This
gave us the ±π/2 phase-shift operator which is a basic
property of the Hilbert transform.
A real function f(t) and its Hilbert transform f(t) are related
to each other in such a way that they together create a so
called strong analytic signal. The strong analytic signal can
be written with amplitude and a phase where the derivative
of the phase can be identified as the instantaneous
frequency. The Fourier transform of the strong analytic
signal gives us a one-sided spectrum in the frequency
domain. It is not hard to see that a function and its Hilbert
transform also are orthogonal. This orthogonality is not
always realized in applications because of truncations in
numerical calculations. However, a function and its Hilbert
transform have the same energy and therefore the energy
can be used to measure the calculation accuracy of the
approximated Hilbert transform. The Hilbert transform
defined in the time domain is a convolution between the
Hilbert transformer 1/ (πt) and a function f(t) [20].

and limℇ → 0 ,ᶓQℇ fxdx,
¼

(26)

still may exist, and if they do their sum is called the
improper integral of f over [α,β] and is denoted by the
ordinary integration symbol
,» fxdx.
¼

Even if these two limits do not exist, it may happen that the
"symmetric limit"
limℇ →0+,»

ᶓ%ℇ

fxdx + ,ᶓQℇ fxdx,
¼

exists. If it does, it is called the principal value integral of f

from α to β and is denoted by the symbol
P,½ +,/,.

Multiple Hilbert transforms and their inverses :
The Hilbert transform used twice on a real function gives
us the same real function but with altered sign
H2 = -I ,
with I as the identity operator. The Hilbert transform used
four times on the same real function gives us the original
function back
H2 H2 = H4 = I.
A more interesting property of multiple Hilbert transforms
arises if we use the Hilbert transform 3 times, thus

Definition 1
The Hilbert transform f(t) of a function f(t) is defined for
all t by
f(t) = (1/πP ,%¸ +J/ − J/J ,
¸

(24)

when the integral exists.

H3 H = I → H-1 = H3.
This tells us that it is possible to use the multiple Hilbert
transform to calculate the inverse Hilbert transform.
As we have seen before the Hilbert transform can be
applied in the time domain by using the definition of the
Hilbert transform. In the frequency domain we simply
multiply the Hilbert transform operator –jsgn(w) to the
function F(w). By multiplying the Hilbert transform
operator by itself we get an easy method to do multiple
Hilbert transforms, that is

It is normally not possible to calculate the Hilbert
transform as an ordinary improper integral because of the
pole at ¹ = t. However, the P in front of the integral denotes
the Cauchy principal value which expanding the class of
functions for which the integral in Definition 1 exist. It can
be defined by the following definition [21].

where n is the number of Hilbert transforms.

Definition 2

6. HADAMARD TRANSFORM

Let [α,β] be a real interval and let f be a complex-valued
function defined on [α,β]. If f is unbounded near an interior
point ᶓ of [α,β], the integral of f over [α,β] does not always
exist. However, the two limits
limℇ → 0 ,»

(27)

ᶓ%ℇ

fxdx

(25)

Hnf(t) → (-jsgn(w))nF(w),

(28)

A. Introduction & Definition
There are many discrete signal transforms whose transform
matrices have entries on the unit circle. For instance, the
Discrete Fourier transform (DFT) for signals of length n
and the Walsh-Hadamard transform (WHT) are both
special cases of the Fourier Transform (FT) found by
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interpreting the Cooley-Tukey Fast Fourier transform in
terms of abelian group characters [23]. The family of
discrete Generalised transforms {(GT )r, 0 ≤ r ≤ m − 1} for
signals of length 2m [24, 10.2] includes the WHT as case r
= 0, the complex bifore transform (CBT) as case r = 1 and
the 2m- point DFT as case r = m − 1. Both the WHT and
DFT are suboptimal discrete orthogonal transforms, but
each has wide application. These transform matrices all fall
into the class of Butson Hadamard matrices [25].
For signals where entries outside the complex nth roots of
unity are needed, Lee has introduced multi-phase or
multilevel generalisations of the WHT and of the evenlength DFT under the name Reverse Jacket Transforms
(RJT), see [26]. These are so-called because the border
(“jacket”) and the centre of the unitary matrix representing
the transform change independently under inversion. The
former admit a recursive factorisation into tensor products
so represent a fast transform similar to that of the WHT.
(Note that the formula [26], Definition 5 is not a reverse
jacket transform generalizing both the WHT and evenlength DFT, as claimed, because it is not unitary.) The
class of Butson Hadamard matrices can be generalized to
include all these transform matrices.
In this most general situation, we work in a ring R with
unity 1. This includes R, C and Galois Field alphabets
GF(pa), though if we need to distinguish signal values x
and −x, the ring must have characteristic ǂ2.

A Generalised Hadamard transform (GHT) of x is
ˆx = Bx

and an Inverse Generalised Hadamard transform (IGHT) of
(30)
ˆx is X = n-1B*ˆx.

7. CONCLUSION
In this paper we have reviewed various transforms. Stress
has been given to Discrete fractional Fourier Transform
because of its immense application and utility in the field
of wireless communication. This review may provide an
efficient and a quick reference for the researchers in field
of wireless communication.
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Abstract: speech enhancement algorithms enhances
effectively speech quality rather than speech intelligibility,
the reasons being lacking of proper estimate of background
noise, mean squared error difference value. This paper
presents a subjective framework of corpus approach to the
speech enhancement algorithms. Framework represents
current speech enhancement algorithms with that of
conventional algorithms. This approach uses a TIMIT
database and gives a platform for maximally extraction of
information in terms of segmented SNR and log spectral
distances.
Keywords: Segmented SNR, Framework, noise removal,
speech enhancement.

1. INTRODUCTION
A large amount of study has been done in speech
enhancement field in last 20 years which443 have given
various subjective methods to calculate speech
intelligibility and quality [1]. Comparisons of ratings of the
overall quality (OVRL) of noisy (unprocessed) speech
against that of enhanced (processed) speech showed that
only few algorithms which have been tested provide
significant benefit to overall quality and only in a few
conditions (car and train). No algorithm has produced
significant quality and intelligibility improvement in the
multi-talker babble, i.e., in a very highly non-stationary
environments.
Among all objective measures, the modified coherence
based and NCM (normalized covariance metric) specified
the signal specific information in order to weight signal
intelligibility. And in case of subjective measures,
frequency weighted segmented SNR performed better [2].
The conventional segmented signal to noise ratio predicted
very poorly (r = 0.40 - 0.46) for the case of speaker
separation and speaker separation algorithm [3].
Srinivasan [4] used a corpus approach to the speech
enhancement algorithms from non- stationary noise. The
data shows the effect of different SNRs and signals on the

noisy speech signal. The results have shown that noise
estimation algorithms perform well in the station
background noise e.g. car environment but not in other
environments e.g. Babble or train.
Most of the speech enhancement systems and their
techniques have been exclusively used for improving
speech qualitative information maximally but not speech
intelligible part. Many classes of speech enhancement
algorithms are used particularly to get corpus informative
part rather it is still a vacillating state as to which algorithm
will be more effective and also in what aspect of speech. In
this paper, a subjective framework is formed which will act
as a exclusive platform for interpreting that of all the
algorithms for speech in all types of noises and will control
the distortion creating factors.

2.

METHODS

A. Materials and Subjects
•

Noise part: Subjective analysis consists of noise
environments as babble for 15 db SNR.

•

Speech part (clean): 30 IEEE sentences are used as
base material for the speech part.

•

Noisy speech part (noisy): Six speakers (three men and
three women) are considered as to pronounce the IEEE
sentences and comprises of babble noise source.

B. Classes of speech enhancement algorithms:
Spectral Subtractive Algorithm: More papers have been
describing variations of the algorithm than any of other
algorithm. The principle lies in the assumption of additive
noise, an estimate of the clean signal spectrum by
subtracting the estimate of the noise spectrum from that of
the noisy speech spectrum. This algorithm category
consists of very low complexity and needs further
enhancement usually.
•
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Minimal Tracking Algorithm
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This method is used to estimate the power spectral density
(pdf) of the non-stationary noise when the noisy speech
signal is given already. The method can be used in
combination with any of speech enhancement algorithm
which requires usually noise power spectral density
estimate. Instead it also tracks the spectral minima in each
of the frequency band without any of distinction between
speech presence and speech absence [5]. By minimizing a
mean square estimation error in each time step, derive an
optimal smoothing parameter for the recursive smoothing
of pdf of the noisy speech signal.
•

Segmental SNR is the average of SNR values calculated
for segments of data.
SPECTROGRAM OF IEEE SENTENCE (sp01.wav) - The
birch canoe slid on the smooth planks.

Continuous Spectral Minimum Tracking Algorithm

A different approach for tracking of the spectral minima is
proposed [5]. In contrast to that of using a fixed window
for the tracking the minimum of the noisy speech, a noise
estimate is updated by smoothing of the speech power
spectra (noisy) in each of the frequency bin using nonlinear smoothing rule.
•

Fig.1: IEEE sentence Spectrogram (clean form)

Minima Controlled Recursive Algorithm

Minima Controlled Recursive Algorithm (MCRA) is
introduced for the noise estimation. The noise estimation
algorithm is given by the averaging of the past spectral
power values and also by using a smoothing parameter
which is adjusted by a signal presence probability in the
sub-bands [6]. Presence of the speech in the sub bands is
determined by a ratio of local energy of noisy speech and
minimum within specified time window. The noise
estimate is computationally efficient, robust with respect to
signal to noise ratio and the type of underlying additive
noise and also characterized by ability to quickly follow the
abrupt changes in noise spectrum.
•

Improved Minima Controlled Recursive Algorithm

Further refinements are done to the MCRA algorithm. The
conditional speech presence probability p (λ, k) is obtained
after substituting the log likelihood ratio [7]. This
algorithm uses a posteriori and a priori SNRs [5].

Fig.2: Clean form (FFT)

3. TEST METHODOLOGY
This method instructs the listener to successively attend to
and rate the enhanced speech signal on:
•

SIG: the speech signal alone using a five-point scale of
signal distortion,

•

BAK: the background noise alone using a five-point
scale of background intrusiveness (BAK) ,

•

OVRL: the overall effect using the scale of the Mean
Opinion Score.
Fig 3: Cleaned (output) form
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Level 2: The performance of the various algorithms across
all classes aiming to find the algorithm(s) that performed
the best across the babble noise.
Level 3: The performance of all algorithms in reference to
the noisy speech (unprocessed).
SEGMENTED SNR OF IEEE SENTENCE USING
FOUR SPEECH ENHANCEMENT ALGORITHM

Fig 4 – Cleaned (output) form (FFT)

Fig 7. Minimum Tracking Algorithm

Fig 5 - Noisy form

Fig 8. Minimum Controlled Recursive Average

Fig 6 - Noisy form (FFT)

4. STATISTICAL ANALYSIS
Level 1: The performances of algorithms within each of
four classes were compared to have significant difference.
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Fig 9. Improved MCRA
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6. CONCLUSION

Fig. 10: CSMTA
Table for all 30 IEEE sentences using improved minimum
controlled recursive algorithm showing cleaned and noise
segmented SNR is given as:

•

By making significant and non-significant mark, one
can observe which algorithm suits which signal.

•

Minimal noise prior or lack of accurate estimation of
noise spectrum becomes a major factor for absence of
speech intelligent quotient.

•

Segmented SNR plays a very important role in finding
the overall quality and intelligibility.

•

Proper selection of algorithm for particular process can
be found after observing at different SNR behaviour.

•

Improved minimum controlled recursive algorithm
performed better for almost all sentences compared to
others.

Table 1
Sentence

1

2

3

4

5

6

7

8

9

10

segmented
SNR
3.2 6.3 6.1 3.9 4.7 0.6 3.5 4.4 5.7 4.8
(Cleaned)
Segmented
SNR
1.9 3.8 2.3 0.9 -0.4 -1.0 1.5 1.9 3.5 4.2
(Noisy)
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Abstract: Adiabatic logic circuits are very low power
circuits to preserve energy. It is used to provide low power
solutions for Very Large Scale Integration (VLSI)
designers. Especially, this report focuses on the reduction
of the power dissipation, which is showing an everincreasing growth with the scaling down of the
technologies. The adiabatic switching technique can
achieve very low power dissipation, but at the expense of
circuit complexity. Adiabatic logic offers a way to reuse the
energy stored in the load capacitors rather than the
traditional way of discharging the load capacitors to the
ground and wasting this energy. The clock generation and
synchronous clock routing are of great demand in the
adiabatic, due to the routing-delay between the gates.
Adiabatic Logic is studied in terns of power dissipation,
power consumption, switching activity ,delay and chip
area. Adiabatic logic reduces power used by electronic
systems. Future development like the evolutionary
shrinking of the minimum feature size as well as
revolutionary novel transistor concepts will change the
gate level savings gained by adiabatic logic.
Keywords : Adiabatic logic, Power Dissipation

1. INTRODUCTION
The main objective of adiabatic logic is used to provide
low power solutions for Very Large Scale Integration
(VLSI) designers. Especially, this work focuses on the
reduction of the power dissipation, which is showing an
ever-increasing growth with the scaling down of the
technologies. Various techniques at the different levels of
the design process have been implemented to reduce the
power dissipation at the circuit, architectural and system
level. Furthermore, the number of gates per chip area is
constantly increasing, while the gate switching energy does
not decrease at the same rate, so the power dissipation rises
and heat removal becomes more difficult and expensive.
The dynamic power requirement of cmos circuits is rapidly
becoming a major concern in the design of personal
information systems and large computers..The term
adiabatic comes from thermodynamics, used to describe a
process in which there is no exchange of heat with the
environment. The adiabatic logic structure dramatically
reduces the power dissipation. The adiabatic switching
technique can achieve very low power dissipation, but at
the expense of circuit complexity. Adiabatic logic offers a

way to reuse the energy stored in the load capacitors rather
than the traditional way of discharging the load capacitors
to the ground and wasting this energy.

2. ADIABATIC LOGIC
Adiabatic logic is a potential successor for static CMOS
circuit design when it comes to ultra-low-power energy
consumption. Future development like the evolutionary
shrinking of the minimum feature size as well as
revolutionary novel transistor concepts will change the gate
level savings gained by adiabatic logic. In addition, the
impact of worsening degradation effects has to be
considered in the design of adiabatic circuits. The impact of
the technology trends on the figures of merit of adiabatic
logic, energy saving potential and optimum operating
frequency, are investigated, as well as degradation related
issues. Adiabatic logic benefits from future devices, is not
susceptible to Hot Carrier Injection, and shows less impact
of Bias Temperature Instability than static CMOS circuits.
Major interest also lies on the efficient generation of the
applied power-clock signal. This oscillating power supply
can be used to save energy in short idle times by
disconnecting circuits. An efficient way to generate the
power-clock is by means of the synchronous 2N2P LC
oscillator, which is also robust with respect to patterninduced capacitive variations. An easy to implement but
powerful power-clock gating supplement is proposed by
gating
the
synchronization
signals.
Diverse
implementations to shut down system are presented and
rated for their applicability and other aspects like energy
reduction capability and data retention. Advantageous
usage of adiabatic logic requires compact and efficient
arithmetic structures. A broad variety of adder structures
and a Coordinate Rotation Digital Computer are compared
and rated according to energy consumption and area usage,
and the resulting energy saving potential against static
CMOS proves the ultra-low-power capability of adiabatic
logic. In the end, a new circuit topology has to compete
with static CMOS also in productivity. On a 130nm test
chip, a large scale test vehicle containing an FIR filter was
implemented in adiabatic logic, utilizing a standard,
library-based design flow, fabricated, measured and
compared to simulations of a static CMOS counterpart,
with measured saving factors compliant to the values
gained by simulation. This leads to the conclusion that
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adiabatic logic is ready for productive design due to
compatibility not only to CMOS technology, but also to
electronic design automation (EDA) tools developed for
static CMOS system design

A. Need of Adiabatic Logic
The increasing demand for low-power very large scale
integration (VLSI) can be addressed at different design
levels, such as the architectural, circuit, layout, and the
process technology level. At the circuit design level,
considerable potential for power savings exists by means of
proper choice of a logic style for implementing
combinational circuits. This is because all the important
parameters governing power dissipation switching
capacitance, transition activity, and short-circuit currents are
strongly influenced by the chosen logic style. In recent years,
the growth of personal computing devices (portable
computers and real time audio and video based multimedia
applications) and wireless communication systems has made
power dissipation a most critical design parameter . In the
absence of low-power design techniques such applications
generally suffer from very short battery life, while packaging
and cooling them would be very difficult and this is leading
to an unavoidable increase in the cost of the product. Power
minimization is one of the primary concerns in today VLSI
design methodologies because of two main reasons one is
the long battery operating life requirement of mobile and
portable devices and second is due to increasing number of
transistors on a single chip leads to high power dissipation
and it can lead to reliability and IC packaging problems.
Power dissipation can be reduced by employing different
techniques at different levels of abstraction of the IC design
process (system, algorithmic, architecture et al.). At the
circuit level, power dissipation in CMOS Logic is related to
kCV2 where k is switching activity, C is load capacitance
and V represents supply voltage. General approaches for
reducing power consumption at circuit level are reducing
the power supply voltage, reducing switching activity or
reducing load capacitance . Another approach for reducing
power dissipation at the circuit level is usage of AC power
supply for recycling energy of node capacitances. The
principle is known as adiabatic which is taken from
thermodynamics. In literature, there are two kinds of
adiabatic circuits presented one is full- adiabatic and other
is quasi-adiabatic or partial adiabatic circuit.
Power dissipation is the most critical parameter for
portability & mobility and it is classified in to dynamic and
static power dissipation. Dynamic power dissipation occurs
when the circuit is operational, while static power dissipation
becomes an issue when the circuit is inactive or is in a
power-down mode. There are three major sources of power
dissipation in digital CMOS circuits, which are summarized
in equation .
PAVG = PSWICHING +P SHORT- CIRCUIT +P LEAKAGE

= (α×CL×VDD2×FCLK)+(ISC×VDD)+(ILEAKAGE × VDD)
The first term represents the switching component of
power, where CL is the load capacitance , fclk is the clock
frequency and α is the probability that a power consuming
transition occurs (the activity factor). The second term is
due to the direct path short circuit current. which arises
when both the NMOS and PMOS transistors are
simultaneously active, conducting current directly from
supply to ground. Finally, leakage current Ileakage which can
arise from substrate injection and sub-threshold effects, is
primarily determined by fabrication
technology
considerations .

3. POWER DISSIPATION
Power consumption is one of the basic parameters of any
kind of integrated circuit (IC). Power and performance are
always traded off to meet the system requirements. Power
has a direct impact on the system cost. If an IC is
consuming more power, then a better cooling mechanism
would be required to keep the circuit in normal conditions.
Otherwise, its performance is degraded and on continuous
use it may be permanently damaged.

A. Static Power
The static or steady state power dissipation of a circuit is
expressed by the following relation:
P STAT =ISTAT VDD
where, Istat is the current that flows through the circuit
when there is no switching activity. Ideally, CMOS circuits
dissipate no static (DC) power since in the steady state
there is no direct path from VDD to ground as PMOS and
NMOS transistors are never on simultaneously. Of course,
this scenario can never be realized in practice since in
reality the MOS transistor is not a perfect switch. Thus,
there will always be leakage currents and substrate
injection currents, which will give to a static component of
CMOS power dissipation. For a sub-micron NMOS device
W/ L = 10/ 0.5, the substrate injection current is of the
order of 1- 100 µA for a VDD of 5 V.
Another form of static power dissipation occurs for the socalled Ratioed logic. Pseudo-NMOS is an example of a
Ratioed CMOS logic family. In this, the PMOS pull-up is
always on and acts as a load device for the NMOS pulldown network. Therefore, when the gate output is in lowstate, there is a direct path from VDD to ground and the
static currents flow. In this state, the exact value of the
output voltage depends on the ratio of the strength of
PMOS and NMOS networks – hence the name. The static
power consumed by these logic families can be
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considerable. For this reason, logic families such as this,
which experience static power consumption, should be
avoided for low-power design. With that in mind, the static
component of power consumption in low-power CMOS
circuits should be negligible and the focus shifts primarily
to dynamic power consumption .

NMOS network. In summary, every time a capacitive node
switches from ground to VDD (and back to ground), energy
2
of CVDD is consumed. This leads to the conclusion that
CMOS power consumption depends on the switching
activity of the signals involved. We can define activity, α
as the expected number of zero to one transition per data
cycle. If this is coupled with the average data rate, f,
which may be the clock frequency in a synchronous
system, then the effective frequency of nodal charging is
given the product of the activity and the data rate: αf. This
leads to the following formulation for the average CMOS

C. Power Consumption:
2
Pdyn = αCVDD f

Fig.1. CMOS Inverter for Power analysis

B. Dynamic Power
The dynamic component of power dissipation arises from
the transient switching behavior of the CMOS device. At
some point during the switching transient, both the NMOS
and PMOS devices will be turned on. This occurs for gate
voltages between Vtn and VDD - Vtp . During this time, a
short-circuit exists between VDD and ground and the
currents are allowed to flow. A detailed analysis of this
phenomenon by Veendrick reveals that with careful design
of the transition edges, this component can be kept below
10-15% of the total power [2]; this can be achieved by
keeping the rise and fall times of all the signals throughout
the design within a fixed range (preferably equal). Thus,
although short circuit dissipation cannot always be
completely ignored, it is certainly not the dominant
component of power dissipation in well-designed CMOS
circuits. Instead, dynamic dissipation due to capacitance
charging consumes most of the power. This component of
dynamic power dissipation is the result of charging and
discharging of the parasitic capacitances in the circuit. The
situation is modeled in Figure 1, where the parasitic
capacitances are lumped at the output in the capacitor C.
Consider the behavior of the circuit over one full cycle of
operation with the input voltage going from VDD to
ground and back to VDD again. As the input switches
from high to low, the NMOS pull-down network is cut-off
and PMOS pull-up network is activated charging load
capacitance C up to VDD. This charging process draws
2
energy equal to CVDD from the power supply. Half of
this is dissipated immediately in the PMOS transistors,
while the other half is stored on the load capacitance. Then,
when the input returns to VDD, the process is reversed and
the capacitance is discharged, its energy being in the

This classical result illustrates that the dynamic power is
proportional to the switching activity, capacitive loading
and the square of the supply voltage. In CMOS circuits,
this component of power dissipation is by far the most
important accounting for at least 90% of the total power
dissipation. So, to reduce the power dissipation, the circuit
designer can minimize the switching event, decrease the
node capacitance, reduce the voltage swing or apply a
combination of these methods. Yet, in all these cases, the
energy drawn from the power supply is used only once
before being dissipated. To increase the energy
efficiency of the logic circuits, other measures can be
introduced for recycling the energy drawn from the power
supply. A novel class of logic circuits called ADIABATIC
LOGIC offers the possibility of further reducing the energy
dissipated during the switching events and the possibility of
recycling or reusing some of the energy drawn from the
power supply. To accomplish this goal, the circuit topology
and the operating principle have to be modified,
sometimes drastically. The amount of energy recycling
achievable using adiabatic techniques is also determined by
the fabrication technology, switching speed and the voltage
swing.

4. ADIABATIC PRINCIPLE
The popularity of complementary MOS technology can be
mainly attributed to inherently lower power dissipation and
high levels of integration. However, the current trend
towards ultra low-power has made researchers search for
techniques to recover/ recycle energy from the circuits. In
the early days, researchers largely focused on the
possibility of having physical machines that consume
almost zero energy while computing and tried to find the
lower bound of energy consumption.
The word ADIABATIC comes from a Greek word that is
used to describe thermodynamic processes that exchange
no energy with the environment and therefore, no energy
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loss in the form of dissipated heat. In real-life computing,
such ideal process cannot be achieved because of the
presence of dissipative elements like resistances in the
circuit . However, one can achieve the low energy
dissipation by slowing down the speed of operation and
only switching transistors under certain conditions. The
signal energy stored in the circuit capacitances are recycled
instead, of being dissipated as heat. The adiabatic Logic is
also known as Energy Recovery CMOS.
In recent years, there is a huge demand for low power and
low noise digital circuits motivated by VLSI designers to
introduce new methods to the design of low power VLSI
circuits. There are some classical approaches to reduce the
dynamic power such as reducing supply voltage,
decreasing physical capacitance and reducing switching
activity. These techniques are not fit enough to meet
today’s power requirement. However, most research has
focused on building adiabatic logic, which is a promising
design for low power applications. Adiabatic logic works
with the concept of switching activities which reduces the
power by giving stored energy back to the supply. Thus,
the term adiabatic logic is used in low-power VLSI circuits
which implements reversible logic. In this, the main design
changes are focused in power clock which plays the vital
role in the principle of operation. Each phase of the power
clock gives user to achieve the two major design rules for
the adiabatic circuit design.
1.

Never turn on a transistor if there is a voltage across it
(Vds>0)
(i) The inputs must be valid during the
charging/discharging process.
(ii) Make sure every node is reset to the original
stage before performing the next operation.

2. Never turn off a transistor if there is a current
Through it (Ids ≠ 0)
(i)

The inputs must be held static throughout the
charging and discharging of capacitances
(ii) Ensure high resistance results in more energy
consumption

3. Never pass current through a diode.
If these conditions with regard to the inputs, in all the four
phases of power clock, recovery phase will restore the
energy to the power clock, resulting considerable energy
saving.

5. ADIABATIC SWITCHING
Adiabatic switching can be achieved by ensuring that the
potential across the switching devices is kept arbitrarily
small. This can be achieved by charging the capacitor from

a time varying voltage source or constant current source
Fig. 2. Here, R represents the on-resistance of the pMOS
network. Also note that a constant charging current
corresponds to a linear voltage ramp.

Fig. 2. Adiabatic charging principle
Assuming that the capacitance voltage VC is zero initially,
the variation of the voltage as a function of time can be
found as
VC(t) = IS t/C
Hence the charging current can be expressed as a function
of VC and time t
IS = CVC(t)/t
The amount of energy dissipated in the resistor R from t =
0 to t = T can be found as
Ediss = RI2T
The dissipated energy during this charge-up transition can
also be expressed as
Ediss = RC/T CV2 (T)
We can say that the dissipated energy is smaller than for
the conventional case if the charging time T >>2RC and
can be made small by increasing the charging time. A
portion of the energy thus stored in the capacitance can also
be reclaimed by reversing the current source direction,
allowing the charge to be transferred from the capacitance
back into the supply. Adiabatic logic circuits thus require
non-standard power supplies with time-varying voltage,
also called pulsed power supplies.
The additional hardware overhead associated with these
specific power supply circuits is one of the design tradeoff. Adiabatic logic circuits classified into two types: full
adiabatic and quasi or partial adiabatic circuits. Full
adiabatic circuits have no non-adiabatic loss, hut they are
much more complex than quasi-adiabatic circuits. Quasiadiabatic circuits have simple architecture and power clock
system. There are two types of energy loss in quasiadiabatic circuits, adiabatic loss and non adiabatic loss. The
adiabatic loss occurs when current flows through non-ideal
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switch, which is proportional to the frequency of the
power-clock. If any voltage difference between the two
terminals of a switch exists when it is turned on, nonadiabatic loss occurs. The non-adiabatic loss, which is
independent of the frequency of the power-clock, is
proportional to the node capacitance and the square of the
voltage difference. Different Logic families are Efficient
charge Recovery logic(ECRL), Positive Feedback
Adiabatic Logic (PFAL), NMOS Energy Recovery Logic
(NERL), Clocked Adiabatic Logic (CAL), True Single
Phase adiabatic logic (TSEL), Source Coupled Adiabatic
Logic (SCAL), Two phase adiabatic static CMOS logic
(2PSACL) and fully adiabatic logic are Pass Transistor
adiabatic logic(PAL), Split Rail charge recovery
logic(SCRL) .

6. ADIABATIC LOGIC FAMILIES:
•

•

8. CONCLUSION
In this paper, Adiabatic logic is basically used for low
power applications. By using adiabatic logic, the various
parameters like power consumption , power dissipation ,
chip area , delay and switching activity have been reduced.
Adiabatic logic also helps to increase battery life and
performance of combination circuits.
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Abstract: In this research work, various audio
watermarking techniques have been studied and
investigated. A novel audio watermarking method is
proposed in which watermark is added transparently after
ADPCM (Adaptive Differential Pulse Code Modulation).
IDEA (International Data Encryption Algorithm ). It uses a
block cipher with a 128-bit key, and is generally
considered to be very secure.
Encrypts 64-bit blocks using 128-bit key. It is similar to
DES since it operates in rounds,the mangler function runs
in the same direction for both encryption and decryption.
In the proposed scheme we have used random sample
instead of fixed or low frequency carriers to embed the
watermark into the audio bit stream. Proposed technique
has been implemented and its audio quality parameters are
compared to the other best known audio watermarking
technique. Comparison has been done on the basis of Peak
Signal to Noise Ratio, Signal to Noise ratio and Bit Error
Rate.
The new scheme is suitable for retaining first generation
archived files of high quality. A tool has been used for
measuring the audio quality factors. Further, these quality
parameters have been used to generate graphical outputs
and tabular values for comparison with the best known
audio watermarking technique. As the audio signal quality
metrics i.e. higher Peak Signal to Noise Ratio (PSNR) and
lower Bit Error Rate (BER) and higher Signal to Noise
Ratio (SNR) itself are proving that the proposed technique
for audio Watermarking is good one. The comparison with
the best known Watermarking technique known as An
Adaptive Water marking Algorithm for MP3 Compressed
Audio Signal techniques proves that the newly proposed
and implemented algorithm has given much better results
for audio watermarking. Higher values of PSNR of audio
signal also prove the robustness of the proposed algorithm.
Keywords: Digital audio watermarking, ADPCM, IDEA,
Inaudibility, Robustness Peak Signal to Noise Ratio, Signal
to Noise ratio, Bit Error Rate.

1. INTRODUCTION
In the past few years, a need has arisen for protecting
copyright ownership of electronic media. Powerful and low
cost computers allow people to easily create and copy
multimedia content, and the Internet has made it possible to
distribute this information at very low cost. However, these
enabling technologies also make it easy to illegally copy,
modify, and redistribute multimedia data without regard for
copyright ownership. A recent example of this problem is
the controversy regarding piracy of high quality music
across the Internet in MPEG Layer III (MP3) format.
Digital watermarking is seen as a partial solution to the
problem of protecting digital media, for it allows content
creators to embed sideband data into a host signal, such as
author or copyright information. Many techniques have
been proposed for watermarking audio, image & video.
Audio watermarking is a method to enforce the intellectual
property rights and to protect the audio from tampering. It
is of two types-Blind and Non-blind audio watermarking. If
the detection of the digital watermark can be done without
original data such techniques are called blind, On the other
hand Non-blind techniques use the original source to
extract the watermark by simple comparison and
correlation procedures. In the past few years a large
number of algorithms for secure and robust embedding and
extraction of watermarks in audio files have been
developed. A broad range of embedding
Algorithms go from simple Least Significant Bit (LSB)
methods to various Spread Spectrum schemes. Spread
Spectrum schemes have gained a lot of popularity because
of their enough robustness to intelligent attacks like dual
watermarking. However, Spread Spectrum schemes fail to
give a good performance against simple signal processing
attacks such as mp3 compression and re-sampling.
Audio watermarking algorithm must satisfy at least two
constraints: inaudibility and robustness. Embedded audio
watermarks should be almost inaudible. Also, the algorithm
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should be robust enough to withstand attempts such as
removal or alteration of inserted watermarks. These two
constraints may seem to be contradictory. However, they
must be satisfied.
Bingwei Chen et al. [1] proposed an adaptive watermarking
algorithm for MP3 compressed audio signals, based on the
human auditory system. In the proposed algorithm
watermark is embedded adaptively and transparently after
Modified Discrete Cosine Transformation (MDCT) and
before quantization. Gaussian distribution statistic analysis
is introduced to make this watermarking algorithm
adaptive. 284 In this paper, a new random sample audio
watermarking algorithm for compressed audio signals is
introduced.

1.1 Basic Watermarking Process
In general any watermarking scheme consists of three
parts-the watermark, Encoder and the Decoder [1, 2,
3].Here the watermark is a binary data sequence inserted
into the host signal. For a digital watermark to be effective
and practical, it should exhibit the following
characteristics.
1) Imperceptibility. Embedding this extra data must not
degrade human perception about the object. Namely, the
watermark should be “invisible” in a watermarked
image/video or “inaudible” in watermarked digital music.
Evaluation of imperceptibility is usually based on an
objective measure of quality, called peak signal-to-noise
ratio (PSNR), or a subjective test with specified
procedures.
2) Security. The watermarking procedure should rely on
secret keys, not the algorithm’s secrecy, to ensure security,
so that pirates cannot detect or remove watermarks by
statistical analysis from a set of images. The algorithm
should be published and an unauthorized user, who may
even know the exact watermarking algorithm, cannot detect
the presence of hidden data, unless he/she has access to the
secret keys that control this data-embedding procedure.
3) Robustness. The embedded watermarks should not be
removed or eliminated by unauthorized distributors using
common processing techniques, including lossy
compression, linear or nonlinear filtering, cropping, and
others.
4) Adjustability. The algorithm should be tunable to various
degrees of robustness, quality, or embedding capacities to
be suitable for diverse applications.
5) Real-time processing. Watermarks should be rapidly
embedded into the host signals without much delay, so that
integrated streaming/watermarking functionality in the

delivery of audio over a network can be enabled. Also, a
web
crawler
should
support
fast
watermark
extraction/detection
to
authenticate
multimedia
presentations Watermark encoder has two inputs-the
watermark and the host signal. The output of watermark
encoder is watermarked signal. The watermark is
embedded with the use of a key by imposing imperceptible
changes to the original host multimedia signal. The
principal design challenge is in embedding the watermark
so that it reliably fulfills its intended task. For copy
protection applications, the watermark must be recoverable
even when the signal undergoes a reasonable level of
distortion, and for tamper assessment applications, the
watermark must effectively characterize the signal
distortions.
The watermark decoder determines whether the watermark
is present in the tested multimedia signal and what it is.
The key is used to extract the watermark from the possibly
distorted watermark signal. Unlike standard cipher systems
used for encryption and authentication, digital
watermarking does not restrict access to the information to
prevent illicit acts. Instead, it provides evidence of a
wrong-doing after it has taken place.

2. PROPOSED SCHEME
In the proposed scheme audio file is partitioned into frames
which are 90 milliseconds in duration. This frame size is
chosen so that embedded watermark does not introduce any
audible distortion into the file. Then ADPCM will be
performed after ADPCM random sample is chosen so that
it will be difficult to detect the watermark and finally the
watermark is embedded in the selected Sample.ADPCM
process is a simple conversion based on the assumption
that the changes between samples will not be very large.
The first sample value is stored in its entirety, and the each
successive value describes the amount +/- 8 levels that the
wave will change, which uses only 4 instead of 16 bits.
Therefore, a 4:1 compression ratio is achieved with less
loss as the sampling frequency increases. At 44.1 kHz, the
compressed signal is an accurate representation of the
uncompressed sample that is difficult to discern from the
original. This method is used widely today because of its
simplicity, wide acceptance, and high level of compression.

2.1 Watermark Embedding
Adding Watermark in Wave samples is very similar to
hiding it in the pixels of a bitmap. Wave file has single
WAVE chunk which consists of two sub chunks- fmt
chunk and data chunk. The water mark is added into the
data chunk of the wave file. We use a key stream to skip a
number of samples, grab one sample, put one bit of the
message into the lowest bit of the sample, and write the
changed unit to the destination stream. When the entire
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message has been added like that, we copy the rest of the
samples.

HOST

Framing

2.2.1 Watermark Extraction Steps
The following steps give the detailed watermark extraction
process:
1.

Firstly key is used to locate the sample in which
watermark is added.
a) Read a byte from the key.
b) Skip a couple of samples.
c) Read one sample from the wave stream.

2.

Then the watermark bit is extracted from the lowest
bit of the sample and put in watermark array.
After the watermark is extracted inverse ADPCM is
performed.

ADPCM

3.
Key function

Choose Random
Sample

4. key function
It uses a block cipher with a 128-bit key, and is generally
considered to be very secure.

Watermark

Watermark
Embedding

Fig. 1 Proposed watermark embedding algorithm.
2.1.1 Watermark Embedding Steps The following steps
give the detailed watermark embedding process:
1.

Audio file is partitioned into frames of 90 ms
duration.

2.

ADPCM is performed on the wave audio file, which
achieves 4:1 compression ratio with less loss as the
sampling frequency increases.

3.

Then a random sample is selected using the key and
watermark is added into the lowest bit of the selected
sample by the following procedure:
a) Read one byte of the message stream.
b) For each bit in (message)
i) Read a byte from the key
ii) Skip a couple of samples.
iii) Read one sample from the wave Stream.
iv) Get the next bit from the current message byte.
v) Place it in the last bit of the sample.

2.2 Watermark Extraction
Again, we use the key stream to locate the right samples,
just as we did while adding the Watermark. Then we read
the last bit of the sample and shift it into the current byte of
the message. When the byte is complete, we write it into
the message stream and continue with the next one. [5, 6]

Encrypts
64-bit
blocks
using
128-bit
key.
The algebraic idea behind IDEA is the mixing of three
incompatible algebraic operations on 16-bit blocks: bitwise
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XOR, addition modulo 2 16, and multiplication modulo
2^16 + 1.
There are 2^16 possible 16-bit blocks: 0000000000000000,
..., 1111111111111111, which represent the integers 0, ...,
2^16 − 1. Each operation with the set of possible 16-bit
blocks is an algebraic group. Bitwise XOR is bitwise
addition modulo 2, and addition modulo 2^16 is the usual
group operation. The simplified IDEA encrypts a 16-bit
block of plaintext to a 16-bit block of ciphertext. It uses a
32-bit key. The simplified algorithm consists of four
identical rounds and a “half round” final transformation.
The simplified algorithm mixes three algebraic operations
on nibbles (4-bit blocks): bitwise XOR, addition modulo
2^4(= 16), and multiplication modulo 2^4 + 1(= 17). There
are 16 possible nibbles: 0000, ..., 1111, which represent 0,
..., 15, for addition modulo 16. The 16 nibbles are thought
of as 0001, ..., 1111, 0000, which represent 1, 15, 16, for
multiplication modulo 17. Notice that 0000, which is 16, is
congruent ,... to -1 modulo 17. 0000 is its own inverse
under multiplication modulo 17.

3. EXPERIMENTAL RESULTS AND
EVALUATION
In order to evaluate the performance of the proposed
watermarking algorithm, the following experiments were
considered. The audio PSNR tool is used and the original
code is modified to add the proposed watermarking
algorithm in. The watermark was embedded into 5 different
types of audio signals. Music 1 and Music2 are classic
music, Music 3 and Music 4 are pop music and Music 5 is
a speech signal. TABLE 1: Showing SNR, PSNR and BER
Table 1: Showing SNR, PSNR & BER

Fig. 2: Performance for different audio signals
The Figure 2 summarizes the results of this experimental
test. It shows the watermarking algorithm’s performance is
stable for different types of audio signals. Note BER curve
is not visible in the figure, because all the values are zero.

4. CONCLUSION
In this paper, a random sample audio watermarking for
compressed wave files has been proposed. Watermark is
embedded in the wave file after compressing the wave file.
The experimental results show that this watermarking
algorithm gives better results with bit error rate being zero
under normal watermark embedding and extraction
conditions as shown in Table 1. Moreover the Random
Sample audio watermarking based method allows a perfect
watermark recovery without much degradation to the
original audio signal as indicated by high PSNR values.

5. FUTURE SCOPE
The study may be carried on in future with following
direction:

Audio

SNR

PSNR

BER

Music1

32.11

61.75

0

1.

Music2

32.08

61.7

0

2.

Music3

31.9

61.35

0

3.

Music4

31.89

61.33

0

Music5

31.87

61.3

0

4.
5.

2.1 Performance on different types of audio
Watermark was embedded into the five different types of
16-bit mono audio signals sampled at 44.1 kHz. Table 1
gives the experimental results in terms of SNR (Signal to
Noise Ratio), PSNR (Peak Signal to Noise Ratio) and BER
(Bit Error Rate). The Table 1 shows PSNR, SNR and BER
values for the proposed algorithm. Here all the BER values
are 0.

In this technique we can embedded only text into the
audio signal.
This technique can be extended to embed an image
watermark into an audio signal instead of text.
It allows a perfect watermark recovery without much
degradation to the original audio signal as indicated
by high PSNR values.
Its results are improved and efficient.
The experimental results show that this watermarking
algorithm gives better results with bit error rate being
zero under normal watermark embedding and
extraction conditions.
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Abstract: A microstripline low pass filter (LPF) with a
cutoff frequency of 3.5 GHz has been proposed in this
paper. Such filters can find wide applications in wireless
communication systems. A three element lumped LPF has
been designed from prototype 3rd order Chebyshev filter for
0.2 dB ripple. This filter is simulated using PUFF and the
transfer function for the filter is verified. This LPF is
translated to distributed element design using 120Ω and
20Ω transmission lines. The dimensions of the transmission
lines are obtained through PUFF. The filter is designed for
equal source and load impedances of 50Ω. The mask is
designed using Intellicad. The LPF is fabricated on a
2”x2” substrate using Microwave Integrated Circuits
(MIC) technology. The S-parameters of the filter is finally
obtained using Vector Network Analyzer (VNA).

The aim of the work presented here is to develop a Low
Pass Filter using microstrip stepped impedance
transmission lines (Fig.1); which can be fabricated using
MIC technology and can find diverse applications from
entertainment via satellite television, to military and civil
radar system. The filter has been designed using
Chebyshev approximation for a cutoff frequency of 3.5
GHz and 0.2 dB ripple. The process flow has been given
for the fabrication of the filter using MIC processes. The
fabricated circuit has been tested using VNA.

Z2
Z0

Keywords: LPF, Chebyshev approximation, VNA,
microstriplines, PUFF software, Intellicad software, MIC.

Z1

Z1

Z0

1. INTRODUCTION
Reduced size and enhanced performance of filters are the
key features in all the modern wireless communication
systems. Recently, MIC and MMIC (Monolithic
Microwave Integrated Circuits) technologies have become
the most interesting areas of research for the fabrication of
circuits at microwave frequencies. Filters are designed
using conventional filter structures like Chebyshev and
butterworth. But implementation techniques for
conventional low frequency filters are not suitable for
microwave frequencies due to the very high losses
associated. Hence, it is always better to fabricate
microwave
circuits
with
distributed
elements.
Microstriplines, coplanar striplines and shielded striplines
have found wide applications in the filter technology
nowadays. RF filters, mixers, image rejection filters,
intermediate frequency (IF) filters can be realized using
thin film microstriplines on ceramic and printed circuit
boards. Though the performance level of such circuits is
not very high, yet these techniques are used for simplicity
and ease of fabrication [1]-[3].

Fig. 1:Three-dimensional view of the proposed stepped
impedance transmission lines LPF using MIC
technology.

2. DESIGN OF LOW PASS FILTER
The LPF has been designed using Chebyshev
approximation for a cutoff frequency, fc = 3.5 GHz and
ripples = 0.2 dB. The substrate size is 2”x2” (5.08cm x
5.08cm), its thickness, h = 0.762mm and its dielectric
constant, εr = 3.2. The prototype 3rd order passive filter is
shown in fig.2. The prototype element values are obtained
for both source and load impedances equal to 50Ω. The
values can be calculated as:
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g0=1
g1=2a1/γ
gk=4ak-1ak/(bk-1gk-1)
gn+1=1 (for ‘n’ odd) and
gn+1=coth2(β/4) (for ‘n’ even)
γ=sinh(β/2n)
ak=sin[(2k-1)π/2n]
bk=γ2+sin2(kπ/n)
β=ln[coth(La/17.37)] where La is ripple factor.
The values obtained for n=3 and La = 0.2 dB are: g0=1,
g1=g3=1.0316 & g2=1.1474. The corresponding values of L
and C for Z0 = 50Ω and frequency = 3.5 GHz are obtained
as L1 = L3 = 2.7911 nH and C2= 1.0485pF. The designed
lumped filter has been implemented using PUFF, and the
results are shown in fig.3. The filter is then implemented
with distributed elements (transmission lines) for
Z1=Z3=120Ω and Z2=20Ω. The length and width of the
transmission lines are obtained through PUFF as fig.4:
(i) for C=1.0485pF (l2=3.089mm, w2=6.341mm)
(ii) for L=2.7911nH (l1=4.478mm, w1=0.294mm).

g1

g3
Fig. 4: PUFF result of the simulated distributed filter.

3. FABRICATION PROCESS FLOW

g0

g2

g0

Fig. 2: Prototype 3rd order passive filter.

Fig. 3: PUFF result of the simulated lumped filter

The farication is done on a 2”x2” substrate with h = 0.762
mm and εr = 3.2. The mask has been designed using
Intellicad software, and the pattern has been printed using a
mask plotter.
The fabrication process starts with the substrate cleaning. If
organic or inorganic contaminations are present on the
wafer surface, they are removed by wet chemical treatment,
e.g. the RCA clean procedure based on solutions containing
hydrogen peroxide [4]. The substrate has thin metal coating
on both sides, which can be cleaned with bars used for
utensils. A negative Photoresist (PR) is coated (using spin
coating). The photo resist-coated wafer is then prebaked to
drive off excess photoresist solvent. The mask is aligned
and the substrate is exposed to Ultra Violet (UV) rays.
These steps are performed in a dark room. The pattern is
developed by dipping the substrate in developer solution.
Finally the uppermost layer of the substrate in the areas that
are not protected by photoresist is removed through
etching. In etching, the substrate is dipped into an etchant
(FeCl3 solution). The entire process is called
Photolithography. The metal on the other side of the
substrate is protected by properly covering it before
etching. This side is used as ground.
Fig.5 shows the design of the mask. The fabricated MIC
low pass filter is shown in Fig.6.
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L1

w1

L2

w2

L1

w1

(b)
L1=4.478mm; w1=0.294mm
L2=3.089mm; w1=6.341mm

Fig. 5: Mask design
Fig.7: Network Analyzer output
Acknowledgment (Heading 5)

5. CONCLUSION
A MIC low pass filter has been proposed in this paper. The
proposed structure has first been designed and simulated
using PUFF, then fabricated using standard MIC
techniques. The S-parameters of the filter was obtained
using VNA. The simulated and fabricated results are
almost same. The cutoff frequency obtained is 3.4 GHz
which is 0.1 GHz smaller than the designed value. The
fabrication requires a single mask and hence a single
photolithography stage.
The main advantages of the proposed structure are small
size, simple fabrication technique and high performance.
The proposed filter can be used for both military and civil
applications.
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Bioelectrical Impedance: A Potential
Screening Tool for Medical Diagnostics
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Abstract: This review discusses the various methods of
bioelectrical impedance analysis (BIA).The use of
bioelectrical impedance analysis is widespread both in
healthy subjects and patients. BIA integrates various body
segments with variable physical effects of hydration, fat
fraction, geometrical boundary conditions etc. on tissue
conductivity. Bio-impedance is a property related to a
tissue’s resistance to electrical current flow and its ability
to store electrical charge. Bio-impedance measurements
with various types of electrodes and measuring systems
have been used to study the physiology of the
cardiovascular and respiratory systems, tissue properties,
body fluids compartments and for tissue and organ
characterization by imaging.

Fig. 1(b)

Keywords: Bioelectrical impedance Analysis, tissue
electrical properties, electrical impedance spectroscopy,
skin impedance.

1. INRODUCTION
Bio-impedance analysis (BIA) is a noninvasive measuring
technology used in many clinical situations. To measure
bio-impedance and its variations, alternating current of few
milliamperes is applied to a living organism and the
resulting voltages are simultaneously measured. Bioimpedance is a measure of the opposition to the flow of
that electric current which passes through the tissues.
Fig.1(c)
Fig. 1: Essentials of formation of the EBI (a), the 3element equivalent
(b) and the phasor diagram (c) of the static EBI
between the electrodes (black and blue lines) for two
frequencies, low ωL and high ωH.

Fig.1(a)

The impedance of tissues and organs is measured between
the electrodes having different locations. The time domain
variation of impedance at different sites can differ
significantly. The frequency dependence of bioelectrical
impedance can be explained by Z(ωL) and Z(ωH) of the
three element electrical equivalent (Fig. 1 a, b and c).
Multisite and multifrequency bio-impedance information
has a great diagnostic value [1-3]. The measurement of
bioelectrical impedance gives useful information about
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body fat composition, stroke volume, cardiac output,
venous circulation.
Tissue electrical impedance is a function of its architecture
and has been used to differentiate normal and cancer
tissues in a variety of organs including breast, cervix, skin,
and bladder. Bio-impedance measurements are used to
study the physiology of the cardiovascular and respiratory
systems and tissue properties. Such analysis is used for
measuring parameters such as blood flow (bio-impedance
plethysmography), physiological quantity e.g. TBW (Total
Body Water) and other parameters useful for medical
diagnosis.
Electrical impedance tomography (EIT) systems offer a
non-invasive, low-cost medical imaging approach. In EIT
sinusoidal currents are applied to the surface of a body via
a pair of electrodes. The resulting differential voltages are
measured with an array of electrodes to obtain a set of
impedance measurements. To measure physiological
parameters in addition to body weight, electronic bathroom
scales are an easy-to-use, affordable means. They have
been proposed to obtain the ballistocardiogram (BCG) and
derive from it the heart rate, cardiac output and systolic
blood pressure. Heart rate monitoring can be used to
predict acute coronary events including sudden cardiac
death, cardiovascular mortality, development of myocardial
infarction and acute coronary syndrome.
Analog synchronous demodulation (SD) has been a
preferred tool for electrical bio-impedance (EBI)
measurement for many decades already, especially in
portable, wearable and implantable medical devices. Bioimpedance measurement devices can be realized with
analog conversion/demodulation circuitry and microcontrollers or can be realized as analog and digital mixedsignal ASICs.

2. INVESTIGATED METHODOLOGIES
A. Plantar Bio-impedance Measurements
There is a novel technique for heart rate measurement on a
standing subject that relies on electrical impedance
variations detected by a plantar interface with both feet,
such as those in some bathroom weighting scales for body
composition analysis.
We can measure impedance variations using the fourelectrode technique to minimize the effect of electrode
contact impedance (Fig. 2).For this measurement design a
system supplied at ±4.5 V, with high gain and novel signal
conditioning techniques. The aim was to obtain an
impedance pulse signal with a SNR high enough to allow
us to later detect the heart rate by simple signal processing

methods. These measurements are performed on the chest
and/or limbs by placing surface electrodes.

Fig. 2: Block diagram of the system for plantar bioimpedance measurement
All blood vessels are distensible. Arterial distensibility
helps in providing an adequate peripheral resistance to the
arterial blood flow [4], and this distensibility results in an
arterial volume change at each heart beat, more appreciable
in those body areas with less overlying tissue. Electrodes
are used for plantar bio-impedance measurements in both
feet, A and B are the front electrodes and C and D are the
back electrodes shown in fig (3).

Fig. 3

B. Electrical Impedance Spectroscopy
Prostate cancer is the most widely diagnosed malignancy in
males. The 5-year relative survival rate for all cancers
found while still confined to the prostate approaches 100%
due to the effectiveness of treatment procedures such as
brachy therapy and radical prostatectomy which are
typically administered in these situations to prevent
metastasis [5].The two most widely accepted screening
methods for prostate cancer are serologic measurement of
prostate-specific antigen (PSA) concentrations and digital
rectal examination. Although capable of detecting a high
percentage of cancers, these screening methods are limited
in their scope [6].
A custom designed impedance probe constructed from a 4cm long piece of rigid coaxial cable with an inner
conductor diameter of 1mm and an outer diameter of
3.5mm was interfaced to an HP4284A impedance analyzer
through a set of 4 shielded cables (Fig. 4).
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C. Portable measurement devices
There are two prototypes in two portable long term
measurement devices. Both prototypes are targeted for
measuring ECG and bio-impedance signals. The first
prototype is a wireless type, which sends data in real-time
to a PC. The second prototype is a logging device, which
stores data to a memory card. After a measurement session
data from memory card is transferred to a PC through USB
cable.
Fig. 4: Coaxial impedance probe Scale in centimeters.
For bipolar impedance measurements wiring was
configured between the central and outer conducting
elements of the probe. A 1-V potential difference was
established between these two elements and maximum
currents were limited to 10 mA.Spectroscopic impedance
measurements were made on whole prostates removed
from patients following a laparoscopic procedure. The
impedance probe was pressed against the area designated
by the surgeon as cancer and five data sets were recorded.
The prostate was then transported to the Pathology
Department where it was serially sectioned transversely
from apex to base at 3-mm intervals. The 3-mm apical slice
was then serially sectioned parasagitally, perpendicular to
the apical resection margin. Tumor foci were outlined on
the microscopic slides by the pathologist, and these
outlines were then traced onto a stylized diagram of the
sliced prostate to provide a visual distribution of tumor
throughout the sectioned tissues.

3. THE FIRST MEASUREMENT DEVICE
PROTOTYPE
The operating principle of this prototype is to perform
measurements and to send the data through an RF data link
to a PC, which prints measured data to a display almost in
real time and stores data to a memory. The portable part of
the first prototype weights 66 grams and its dimensions are
44.5 x 63.5 x 25 mm. The drawback in the first prototype is
the utilization of only one instrumentation amplifier for
measuring the voltage of both the ECG and bio-impedance
signals.

Five data sets were collected on each side of the prostate
for five patients resulting in a total of 50 recorded
impedance spectra between 10 kHz and 1 MHz. The
average spectra are shown in Fig. 5, plotted in the complex
plane. The notch frequency impedances occurring at the
minimum appear as circles.

Fig. 6: Block diagram of the first prototype

4. THE SECOND MEASUREMENT DEVICE
PROTOTYPE

Fig. 5: RX spectra of both normal and tumor sites for
five patients. Circles represent the minimum jXi value
and are the impedances at the notch frequency for each
case.

The operating principle of this measurement device differs
from the first prototype because the range of the radio link
is short; the radio link was rejected in this prototype. Link
is replaced with a MMC (Multi Media Card). During a
measurement session device stores data to the memory
card. After the measurement session the stored data is
transferred to a PC through a serial cable. Implementation
of analogue filtering and amplification blocks in this
prototype is identical to implementation in the first
prototype [7].
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E. DFT Based Bio-impedance Detection
The electrical properties of tissue vary with the frequency
of the applied electric field as seen from α-, β-, and γdispersion. The α-dispersion occurs at low frequencies (10
Hz-10 KHz) and is affected by ionic environment that
surrounds the cell. The β-dispersion is a structure
relaxation in the frequency ranges from 10 KHz to10 MHz
At higher frequencies, the γ dispersion is found related to
water molecules.

Fig 7: Block diagram of the second prototype

D. Multi-channel Bio-impedance Measurement
Solution

Some multi-frequency measurements have been
investigated, but the values of human impedance in
different frequencies are always measured with the
impedance analyzer. Since the human body is dynamic, the
reaction of the same vital movement in different
frequencies cannot be analyzed with that method. So the
multi-frequency excitation mode is applied in this system
to obtain dynamic bio-impedance information in different
frequencies simultaneously.

Bio-impedance measurement devices can be realized with
analog
conversion/demodulation
circuitry,
and
microcontrollers, or can be realized as analog and digital
mixed-signal ASICs. Flexible solutions can be based on a
programmable digital signal processor (DSP), or FPGA
based DSPs.
Proposed device consists of 8 direct digital synthesis
(DDS) chips (AD9834) for 8 different excitation signals,
working in the frequency band to 5 MHz, and 4 parallel 16bit IMs/s input analog-to-digital converters (ADCs)
(AD7653), providing input samples at 100 ks/s rate for
programmable digital signal processor (DSP).The
instrument in Fig. 8 contains P digitally controllable
generators of excitation currents with differential outputs.
Every output can be connected to one of the electrodes of
an organ/tissue under investigation using a codecontrollable excitation selector.

Fig. 9: Block diagram of Hardware System
The hardware system consists of signal source module,
signal conditioner, DAQ (Data Acquisition) card, power
supply and communication interface unit etc, which is
shown in Fig 9. When system works, the exciting current
from signal source module is applied to the subject. The
resulting voltage is then preprocessed (amplified and
filtered) by the signal conditioner.
DAQ card converts analog signal into digital signal which
is sent to host PC where functions of collection,
calculation, analysis, display and data storage are
implemented.

F. Design of Spectra of Multisine and Binary
Excitation Signals for Multi-frequency Bioimpedance Measurement
Fig. 8: Functional diagram of multichannel
measurement system.

Bio-impedance spectra can be used to characterize the
structure of living tissues and cell cultures, and also detect
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the properties of single cells. The spectra have a tendency
to decrease towards higher frequencies. This means that the
intensity of signals picked up from the object decreases
with the frequency [8]. This decrease can be relatively
small, for example, in the case of blood spectroscopy. An
example of using the impedance spectroscopy in a micro
fluidic device is shown in Fig. 10.

Fig. 11: The measured dependence of magnitude and
phase of the impedance of micro fluidic sensor (Fig. 10)
on the medium resistance Rm.
Multi-frequency binary signals are not only simpler to
generate but their useful energy level is also higher than
their sine wave based counterparts have [9],[10],[12],[13].

5. CONCLUSION

Fig. 10: Schematic diagram showing a cross-section of
the micro fluidic sensor system based on a glass
capillary.
The multi-frequency binary (+1 and -1) level voltage Vexc
is generated by the excitation signal source and applied
between the electrode 1 and ground. The excitation voltage
Vexc causes a response current Iresp from the electrode 2,
which corresponds to the impedance to be measured Zm.
The response current Iresp is converted in output voltage
Vout for further digitizing and digital signal processing for
information extraction. This work aims to lead to the
measurement of the cell content of droplet-based
bioreactors. Practical measurement results are shown in
Fig. 11.
Multi-frequency sine wave excitation enlarges the
possibilities for performing fast impedance spectroscopy
because the measurement processes run in parallel at
several frequencies [9]–[11].

Whole-body BIA allows the determination of the Fat Free
Mass and Total Body Water in subjects without significant
fluid and electrolyte abnormalities. The determination of
changes in Body Cell Mass, Extra Cellular Water and Intra
Cellular Water requires further research using a valid
model that guarantees that ECW changes do not corrupt the
ICW and vice versa. The use of segmental, Multi frequency
BIA or Bio-impedance Spectroscopy in altered hydration
states also requires further research. The proposed signal
processing methods and the described architecture of the
bio-impedance analyzers enable to perform simultaneous
multichannel measurements with minimal distortion of the
measurement results, ensuring also fast real time
processing and minimal influence of the measurement
procedure on the investigated tissue/organ. In addition, the
ECG signal can be registered separately as a by-product of
the impedance signals.
Future work includes experimental validation of the
proposed methods and implementation of prototype
versions which are going to be smaller in size than two
prototypes presented in this paper and could be
encapsulated with layers of epoxy and silicone. With these
coating methods it would become possible to achieve a
fully waterproof prototype, which could be worn. It is
envisioned that a bio-impedance probe may be
incorporated into typical screening modalities for enhanced
tissue differentiation.
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Abstract: In the present paper, we study various alternative
representations of the speech signal that have the potential
to contribute to the improvement of the recognition
efficiency, looking at the growing interest in automatic
speaker identification. The paper evaluates comparative
identification efficiency of Linear Prediction Coefficients
(LPC), PARCOR Coefficients, Linear Prediction Cepstral
Coefficients (LPCC), Mel Frequency Cepstral Coefficients
(MFCC) and Perceptual Linear Prediction (PLP). These
features have been tested for text dependent isolated Hindi
digits recognition. The identification efficiency of LPC is
15.55% better than PARCOR Coefficients , the
identification efficiency of LPCC is improved by 2.58%
than that of LPC, the identification efficiency of MFCC is
improved by 11.29% than that of LPCC while the
identification efficiency of PLP is further improved by
6.21% than that of MFCC. By using linear discriminant
analysis (LDA) with Vector Quantization (VQ), training
and testing of Hindi digits is performed.
Keywords: Linear Prediction Coefficients; PARCOR
Coefficients; Linear Prediction Cepstra Coefficients; Mel
Frequency Cepstral Coefficients; Perceptual Linear
Prediction; Linear Discriminant Analysis; Vector
Quantization

A speaker identification system has three major
components, database preparation, feature extraction and
classification as shown in Fig 1.
A prerequisite for the development and evaluation of
automatic speaker identification system is the availability
of appropriate database. The identification efficiency
heavily depends on the performance of the feature
extraction technique. Thus choice of features and its
extraction from the speech signal should be such that it
gives high identification efficiency with reasonable amount
of computation. Various commonly used feature extraction
techniques are the LPC [2],[5],[6],PARCOR Cefficients,
LPCC [5] , MFCC [7] and PLP used for isolated Hindi
digits recognition.
In this work LDA [8],[9] is used as a classifier for training
and testing. Satisfactory results are obtained by using all
the four kinds of feature extraction techniques in
combination with this classifier for recognition of speaker
independent Isolated Hindi digits. Database preparation
and feature extraction techniques are given in Section 2 and
3 respectively. Experimental setup and results are
explained in section 5. Conclusions are drawn in section 6.
Speaker Input
(Speech)

1. INTRODUCTION
Speech recognition is the key technology for effective manmachine interface [1],[2],[3],[4]. It is the process of
converting an acoustic signal to a set of words where
recognized words can be the final results, as for
applications such as commands and control, data entry, and
document preparation [3],[4] There has been a lot of
research in the area of speaker identification for different
languages like English, Mandarin, Thai language, Arabic
etc [1],[2] but little work has been carried out for Hindi
speaker identification. Due to this reason only a small
percentage of Indians are able to take advantage of the new
advancement in the speaker identification to be used in
various national and personal use.

Testing
Database
Preparation

Feature
Extraction

Training

Classification &
Decision Making

Fig 1. Speaker Identification System

2. DATABASE PREPARATION
Cool software was used for preparation of this database. A
database of twenty-four speakers, eighteen females and six
males for a total of ten text dependent Hindi digits
(‘Shunya’, ‘Ek’, ‘Do’, ‘Teen’, ‘Chaar’, ‘Paanch’, ‘Chey’
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‘Saat’, ‘Aath’ and ‘Nau’) was prepared with sampling
frequency 16 kHz and 8 bits per sample. Speakers were
chosen from different geographical areas of India, different
social classes and of different age groups (18-27 years).
Every speaker was asked to repeat each digit ten times with
short inter-digit pauses. Further, all ten repetitions of each
digit were segmented manually. This database was
prepared at Birla Institute of Technology, Mesra, Ranchi,
India. Database for eighteen female and six male speakers
from different regions of India was prepared by using
“cool” software. The age group of 18-27 years was chosen
as students of different dialects in this age group were
easily available. A distance of 2-6 inch was maintained
between microphone and the speaker at the time of
database recording. Two different microphones (Sony and
Frontech make) were used for recording the database.

3.1 PARCOR coefficients: The PARCOR coefficient can
be directly calculated from speech wave using cascade
connection of variable parameter digital filter (partial
correlators) by successively extracting and removing the
autocorrelation between adjacent samples. This is an
inverse filtering process which flattens the spectral
envelope successively. For large no. of partial correlators,
correlation between adjacent samples is almost completely
removed .PARCOR coefficient can be obtained from LPC
by using the following iterations.

m = ( p, p − 1, p − 2,− − − − 2,1)

for

(1)

The initial condition is

am

( p)

= am ,

1≤ m ≤ p

(2)

3. FEATURE EXTRACTION
The purpose of this module is to convert the speech
waveform to some type of parametric representation (at a
considerably lower information rate). The speech signal is
a slowly time varying signal (it is called quasi-stationary).
The raw speech signal is complex and may not be suitable
for feeding as input to the automatic speaker identification
system; hence the need for a good front-end arises. The
task of this front-end is to extract all relevant acoustic
information in a compact form compatible with the
acoustic models. In other words, the preprocessing should
remove all non-relevant information such as background
noise and characteristics of the recording device, and
encode the remaining (relevant) information in a compact
set of features that can be given as input to the classifier.
Features can be defined as a minimal unit, which
distinguishes maximally close classes. The entire scheme
for feature extraction using LPC, PARCOR Coefficients,
LPCC & PLP is shown in Fig 2 and using MFCC
techniques shown in Fig 3.
Speech signal

Pre-processing

Linear predictive
Based features

LPC

PARCOR
Coefficients

PLP

LPCC

Fig. 2: Block diagram representation of Feature
Extraction techniques

k m = − am

ai

( m −1)

(m )

= ( ai

(3)
(m )

− am

(m)

am − i

(m)

) /(1 − k m2 )

(4)

3.2 Linear Prediction Coefficient: Linear prediction
technique [1,2] is used to derive the filter coefficients
(corresponding to the vocal tract) by minimizing the mean
square error between the input and the estimated sample.
These coefficients are extracted using the auto-correlation
method or the covariance method. The all pole
representation of the vocal tract transfer function H (z ) can
be represented by the following equation:
H (z ) =

G
G
=
A( z ) 1 + a z −1 + a z − 2 + ... + a z − p
1
2
p

(

)

(5)

The values a i are called the prediction coefficients while
G represents the amplitude or gain associated with the
vocal tract excitation.
Pre-processing, framing and windowing are common steps
for the LPC, PARCOR Coefficients, LPCC and MFCC
feature extraction techniques. Pre-emphasis filtering,
normalization and mean subtraction are the three steps in
Pre-processing. The digitized speech is pre-emphasized
using a digital filter with a transfer function
H (z) = 1− 0.98z −1 . Pre-emphasis filter [5] spectrally
flattens the signal and makes it less susceptible to finite
precision effects later in the signal processing. Due to
possible mismatch between training and test conditions, it
is considered good practice to reduce the amount of
variations in the data that does not carry important speech
information as much as possible. For instance, differences
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in loudness between recordings are irrelevant for
recognition. For reduction of such irrelevant sources of
variation, normalization transforms are applied. During
normalization every sample value of the speech signal is
divided by the highest amplitude sample value. Mean of the
speech signal is subtracted from the speech signal to
remove the DC offset.
After preprocessing, Hindi digit samples were divided into
different frames of 25ms duration. The second frame starts
after 15ms of first frame and overlaps the first frame by
10ms. The third frame starts after 15ms of second frame
and overlaps the second frame by 10ms and this process
continue till the end of all the frames of speech sample.
Next each frame was multiplied by a hamming window and
13th order LPC analysis was performed on each frame. First
thirteen LPC coefficients were chosen for each frame.
Finally thirteen LPC coefficients were selected for each
sample of Hindi digits by applying vector quantization on
features of all frames of each sample of each Hindi digit.
3.3 Linear Prediction Cepstral coefficient: A very
important LPC parameter set, directly derived from LPC
coefficients are the cepstral coefficients [3],[4]. The
cepstral coefficients, which are the coefficients of the
Fourier transform representation of the log magnitude
spectrum have proved more robust, reliable feature set for
speaker identification application. A special feature of
cepstral coefficient is orthogonality [6].

The Mel-scale is represented by the following:
Mel(f) = 2595*log10(1+f/700)

The natural logarithm is taken to transform into the cepstral
domain and the discrete cosine transform (DCT) is finally
applied to get the 24 MFCCs. The component due to the
periodic excitation source may be removed from the signal
by simply discarding the higher order coefficients. DCT
de-correlates the features and arranges them in descending
order of information, they contain about speech signal.
Hence 12 coefficients out of 24 coefficients are used as
MFCC features in our case. MFCC features are more
compact since the same information can be contained in
fewer coefficients.

3.5 Perceptual Linear Prediction (PLP):
Pre-processing, framing and windowing are common steps
for the LPC, LPCC and MFCC feature extraction
techniques.
An approach for linear prediction [10] completely based
on perceptual criteria is the Perceptual Linear Prediction
(PLP). This model includes the following perceptually
motivated analyses:
1.

The recursion used for LPCC features from LPC is as
follows:

c0 = ln σ 2

(6)

σ 2 is the gain term in the LPC model.
m−1

cm = am + ∑ (k / m)ck am−k ,

1≤ m ≤ p

k =1

m−1

cm = ∑ (k / m)ck am−k ,

Critical-band spectral resolution. The spectrum of the
original signal is warped into the Bark frequency
scale, where a critical-band masking curve is
convolved to the signal. For the case of PLP,
trapezoidal shaped filters are applied at roughly one
bark intervals, where the bark axis (Hermansky1990 )
is derived from the frequency axis by using a warping
function from Schroeder is given in equation 10.

0.5
 ς
 ω 2  

ς ( ω ) = 6 ln
+ 
 + 1 
1200
π
1200
π



 



(7)

(9)

(10)

where ω is angular frequency in radians/second.

m> p

(8)

k =1

3.4 Mel Frequency Cepstral Co-efficient (MFCC): The
MFCC [7] feature extraction technique is shown in Fig 3.
The pre-processing, pre-emphasis, framing and windowing
process are the same as the above features extraction
technique. After windowing FFT and Mel spaced filter
banks are applied to get the Mel-spectrum. The Mel scale is
logarithmic scale resembling the way that the human ear
perceives sound. The filter bank is composed with 24
triangular filters that are equally spaced on a log scale.

2.

Equal-loudness pre-emphasis. The signal is preemphasized by a simulated equal-loudness curve to
match the frequency magnitude response of the ear.

3.

Intensity-loudness power law. The signal amplitude is
compressed by the cubic-root to match the nonlinear
relation between intensity of sound and perceived
loudness.

After these operations, all signal components are
perceptually equally weighted to form the modified signal
to make a regular Linear prediction (LP) model.
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the time-various spectral characteristics of the speech
signal.

4. CLASSIFICATION
4.1 Linear Discriminant Analysis: Principle Component
Analysis (PCA) and Linear Discriminant Analysis (LDA)
are two commonly used techniques for data classification
and dimensionality reduction. Dimensionality reduction is
important in many applications of data mining, machine
learning, and bioinformatics, due to the so-called curse of
dimensionality.
Linear feature extraction method is the most basic way of
extracting feature vectors. It projects parameter vectors
from parametric space onto feature space through a linear
transformation matrix T . Suppose the input observation
p -dimensional vector and T be a
vector x be an

p × m ( p ≥ m ) matrix.

y =TTx

y is:

Training
Vectors

(11)

The difference between linear feature extraction algorithms
is that they optimize T by different criteria. A number of
algorithms have been proposed to seek the optimized T .
LDA and PCA are the most popular ones among them.
Briefly speaking, LDA optimizes T by maximizing the
ratio of between-class variation and within-class variation;
PCA obtains T by searching for the directions that have
the largest variations. LDA is the one of the classification
technique used in this paper.

Codebook
Generation
(Lloyd’s
Algorithm)

Codebook

Code
Indices

Input Speech
Vector

Quantizer

Fig 4: A schematic diagram of VQ techniques

5. DISCUSSION AND RESULTS

LDA aims to find the optimal discriminant vectors
(transformation) by maximizing the ratio of the betweenclass distance to the within-class distance, thus achieving
the maximum class discrimination. It has been applied
successfully in many applications including information
retrieval, face recognition, image retrieval and speech
recognition. LDA easily handles the case where the withinclass frequencies are unequal and their performances have
been examined on randomly generated test data. In PCA,
the shape and location of the original data sets changes
when transformed to a different space whereas LDA
doesn’t change the location but only tries to provide more
class separatibility and draw a decision region between the
given classes.
4.2 Vector Quantization:A training speech sequence is
first used to generate the codebook. The speech signal is
segmented (windowed) into successive short frames and
each frame of speech is represented by a vector of finite
dimensionality. In this case, the vector is the result of either
the filter-bank analysis or the PLP analysis which captures
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% Efficiency

The extracted feature vector

If we compare the information rate of the vector
representation to that of the raw (uncoded) speech
waveform, we see that the spectral analysis has
significantly reduced the required information rate.
Consider, for example, 10-kHz sampled speech with 16-bit
speech amplitudes. A raw signal information rate of 160
kbps is required to store the speech samples in PCM
format. For the spectral analysis, consider vectors of
dimension p = 10 using a 10 ms frame rate. If we again
represent each spectral component to 16-bit precision, the
required storage is about 16 kbps. It is a 10-to-1 reduction
over the uncompressed signal. Such compression in storage
rate is very impressive. The schematic diagram of VQ
techniques is shown in figure 4.

80
70
60
50
40
30
20
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0

54.48

57.06

68.35

74.56

38.93

Feature Extraction Technique

Fig. 5: Comparative study of Linear prediction based
features
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The experimental set-up is shown in Figure 1. By using
LPC, PARCOR Coefficients, LPCC, MFCC and PLP
techniques 13 features are extracted for each sample of all
10 Hindi digits. The features of all the twenty-four speakers
were stored for future processing after extraction. The
feature vectors of first two thousand samples (i.e. first 20
speakers) were used for the purpose of training and the
feature vectors of last four hundred samples (i.e. last 4
speakers) of each digit were used for testing the classifier.
Comparative speaker identification results for the LPC,
PARCOR Coefficient, LPCC, MFCC and PLP feature
extraction techniques with LDA are shown in Fig 5.
The recognition efficiency of LPC Coefficients is 15.55%
better than PARCOR, the recognition efficiency of LPCC
is improved by 2.58% than that of LPC Coefficients ,the
recognition efficiency of MFCC is improved by 11.29%
than that of LPCC while the recognition efficiency of PLP
is further improved by 6.21% than that of MFCC. One of
the reasons for better performance of PLP features is that
these are cepstral features. Cepstral features are useful
because they operate in a domain in which the excitation
function and the vocal tract filter function are separable.

6. CONCLUSIONS
The system provides satisfactory results for speaker
identification cases. The identification efficiency with LPC
features was better than that with PARCOR Coefficients
features. The identification efficiency with LPCC features
improved than that with LPC features. The identification
efficiency with MFCC features was further improved than
that with LPCC. The identification efficiency with PLP
features was further improved than that with MFCC. As the
LPC model is an all pole model, it can capture the resonant
frequencies, or formants, but not the zeros, which are
important for nasalized sounds. PLP features operate in a
domain in which the excitation function and the vocal tract
filter functions are separable therefore, it gives best
identification efficiency. PLP seems to be a step advanced
of all these due to its use in noise environment.
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Abstract: The growth of computers and of information
technology has been explosive. Never before has an
entirely new technology been propagated around the world
with such speed and with so great a penetration of virtually
every human activity. One of the most hotly debated
questions is how to maintain the benefits of free discourse
while simultaneously restricting antisocial communications
and behavior on the Net. Computer-based systems are
constantly under threats of inadvertent error and acts of
nature as well as those attributable to unethical, immoral,
and criminal activities.
Today, anything less than good security is likely to cost any
organization dearly. And even more important today is that
good security now requires compliance with many new
federal laws, regulations, and directives. There may be
several forms of damage which are obviously interrelated.
The methods used to accomplish these unscrupulous
objectives are many and varied depending on the
circumstances. This paper will help to understand some of
these methods and explain some counter measures.
Keywords: vulnerabilities, penetration, intrusion detection
devices , Authentication tools, security access control

1. INTRODUCTION
As of January 2008, the internet connected an estimated
541.7 million computers in more than 250 countries on
every continent, even Antarctica. The internet is not a
single network, but a worldwide collection of loosely
connected networks that are accessible by individual
computer hosts, in a variety of ways, to anyone with a
computer and a network connection. Thus, individuals and
organizations can reach any point on the internet without
regard to national or geographic boundaries or time of day.
However, along with the convenience and easy access to
information come risks. Among them are the risks that
valuable information will be lost, stolen, changed, or
misused. Computer security is required because most
organizations can be damaged by hostile software or
intruders. Thus, Security is a process not a product.

Vulnerabilities are weaknesses in a LAN that can be
exploited by a threat. For example, unauthorized access
(the threat) to the LAN could occur by an outsider guessing
an obvious password. The vulnerability exploited is the
poor password choice made by a user. Cyberspace is
Vulnerable. Bad things can be done either via the network
infrastructure or to the infrastructures themselves .
These bad things can be categorized by a lot of ‘D’ words
destroy, disconnect, disable, damage, divulge, disguise,
disrupt, distort, degrade. Eliminating or reducing the
vulnerability can reduce the risk of threats to the LAN. For
example, a tool that can help users choose robust
passwords may reduce the chance that users will utilize
poor passwords, and thus reduce the threat of unauthorized
access. Computer security experts have developed ever
more sophisticated technological solutions to protect
sensitive information and combat computer fraud. But no
matter how sensitive the computer intrusion detection
devices, no matter how impenetrable the firewalls, they
will be of no avail in countering the malicious insider.
Common types of malicious code include viruses, worms,
Trojan horses, spyware, root kits, and bots. Emerging
malicious code threats include kleptographic code, crypto
viruses, and hardware-based root kits. Present-day
malicious code threats do not always fit into neat
categories, resulting in confusion when discussing the
topic. It is not possible to classify all code as being good
code or malicious code. Authors develop code to achieve
some goal or fulfill some purpose
When most people think of cyber crime and cyber
terrorism, they think of credit card information being
stolen, identities being compromised, and, most recently,
massive DDOS attacks by organizations like Anonymous
and Lulzsec. What they don't tend to think of is the water
coming from their faucet, the lights in their home and the
gas heating their houses. Yet the ramifications of attacks on
these basic utilities could far outweigh those of identity
fraud. And these attacks are on the rise.

2. THREATS & VULNERABILITIES
A threat can be any person, object, or event that , if
realized, could potentially causes damage to LAN.
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3. ELEMENTS OF A SECURITY
ARCHITECTURE
The global framework must include the following elements
of a security architecture :
Identity, Integrity, Confidentially, Availability and Audit
Each of these elements must be taken into consideration
when determining the cooperate policy. Identity is defined
as the element of the security architecture that encompasses
both authentication and authorization. Identity mechanisms
must be carefully deployed because even the most careful
of security policies can be circumvented if the
implementations are hard to use.
When information is read or copied by someone not
authorized to do so, the result is known as loss of
confidentiality. At whatever level the policy is ducted, the
decision to use encryption should be made by the authority
within the organization charged with ensuring protection of
sensitive information. If a strong policy that defines what
information to encrypt does not exist, then the owner of the
data should ultimately make the decision about whether or
not to encrypt information.

In 2010 the Homeland Security Department responded to
only 116 requests for assistance from it's Control System
Security Program cyber experts. By September of 2011
there were 342. All of these attacks aren't domestically
originated, either. On Nov. 8 an IP address originating from
Russia attacked an Illinois based water utility company,
managing to control a Supervisory Control And Data
Acquisition system, resulting in a burnout of the associated
pump. These types of real world results to cyber attacks are
not unknown. In 2007 hackers managed to attack a diesel
generator, causing it so self destruct.
At this time, companies in the sights of these types of
attacks can only prevent between 67% and 76% of these
types of attacks. They could prevent more but there's one
thing holding them back: money. Right now these
companies spend $5.3 billion on cyber security. To reach a
95% prevention rate they would have to increase that
amount to more than $46 billion, an increase they say their
customers won't approve.
With the very real and national threat posed by cyber
security some would like the government to step in and
foot the bill for these improvements. Others may think that
this is a private sector issue and the government need not
intervene.

Information can be corrupted when it is available on an
insecure network. When information is modified in
unexpected ways, the result is known as loss of integrity.
Integrity is the element of the security architecture that
encompasses network infrastructure device security (
physical and logical access) and perimeter security.
Therefore , for cooperate facilities, physical security should
be based on security guards, closed circuit television, and
card-key entry systems. With these measures in place,
organizations can feel confident that within their physical
facilities, assets are protected and high user productivity is
maintained.
Information can be erased or become inaccessible, resulting
in loss of availability. This means that people who are
authorized to get information cannot get what they need.
Physical security ensures that no malicious tampering can
take place and that act of nature will not cause systems to
be inaccessible. It also ensures that hardware failures are
handled in a timely manner. Logical security ensures that
traffic can be rerouted and that malicious software threats
can be deterred.
Availability of the network itself is important to anyone
whose business or education relies on a network
connection. When users cannot access the network or
specific services provided on the network, they experience
a denial of service. To make information available to those
who need it and who can be trusted with it, organizations
use authentication and authorization. Authentication is
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proving that a user is the person he or she claims to be.
That proof may involve something the user knows (such as
a password), something the user has (such as a
“smartcard”), or something about the user that proves the
person’s identity (such as a fingerprint). Authorization is
the act of determining whether a particular user (or
computer system) has the right to carry out a certain
activity, such as reading a file or running a program.
Authentication and authorization go hand in hand. Users
must be authenticated before carrying out the activity they
are authorized to perform. Security is strong when the
means of authentication cannot later be refuted—the user
cannot later deny that he or she performed the activity. This
is known as no repudiation
These concepts of information security also apply to the
term information security; that is, internet users want to be
assured that :

Visitor control procedures should be employed to
restrict the freedom by which a visitor can access the
premises.

b)

Misuse of user rights -despite the robust access
control features provided by today’s Applications

Widespread administrator level access to users, nonremoval of access on role-change and privilege escalation
has brought this risk in the top 10.

Possible Solution
•
•

•
•

•

They can trust the information they use

•

The information will be available when they need it

•

The systems they use will process information in a
timely and trustworthy manner.

In addition, information assurance extends to systems of all
kinds, including large-scale distributed systems, control
systems, and embedded systems, and it encompasses
systems with hardware, software, and human components.
The technologies of information assurance address system
intrusions and compromises to information.

Organizations are besieged today with the growing list of
security risks. The sheer volume of risks in the business
environment ensures that discovering them becomes an
overwhelming task

The growth in online business has seen business has seen
this move up the ranks. So many corporate websites have
suffered from illegal denial of service attacks lately. The
major contributing factor to this has been a slack in timely
hardening and patching of systems.

Possible Solution

•
•
•

An organization should maintain audit trails which
describe what has changed in the network and why
Anti-virus should be installed and updated regularly.
Firewalls should be installed and configured to restrict
traffic coming into and leaving the computer.
Email filters should be installed as they help in
restricting traffic.

d) Data corruption rank : 3

Unauthorized physical access - The perennial entry!

Physical devices like laptops, desktops, etc can be accessed
by unauthorized people if perimeter barriers and other
physical security safeguards are absent.

•
•

Possible Solution
•

Principle of least privilege should be followed.
Every program and every user of the system should
operate using the least set of privileges necessary to
complete his job.
If a person does not need an access right, he should not
have the right.
A unique ID and password should be given to each
user. Users should be given read only access to the
applications present.

c) Denial of service -DoS 7

•

4. SOME COMMON INFORMATION
SECURITY RISKS

a)

•

Prevent unauthorized entries into the premises and
other sensitive areas.

•

Identification methods together with authorization and
access control such as

•

badge systems, card readers or biometric controls
should be implemented.

Combined with software corruption - ‘corruption’
probably poses the single largest risk
Growth in internet usage has also seen the growth in
malware infections which significantly contribute to
data corruption.

Possible Solution
A computer should not be switched off without proper
shutdown procedure.
•
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Malware infections also lead to data corruption. Thus,
one should be very careful while downloading files
from the internet.
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•
•

Files should always be downloaded from reliable
sources.
Poorly written software if downloaded can also lead to
data corruption.

between the untreated Internet and the more trusted internal
networks. Firewall provides several type of protection :
•

They can block unwanted traffic.

e) Modification of data: 2

•

Deliberate or inadvertent, this continues to pose a
significant threat

They can direct incoming traffic to more trustworthy
internal systems.

•

They can provide more robust authentication than
standard applications might be able to do.

•

They can log traffic to and from the private network.

•

They hide vulnerable systems, which can’t easily be
secured from the internet.

•

The primary components of a firewall are Network
Policy, Advanced authentication mechanisms, Packet
filtering, and Application gateways.

Data integrity is the key to the success of any organization.
However due to the limited attention being paid to it, this
risk has risen significantly.

Possible Solution
•
•
•

All confidential information should be sent in the form
of an attachment.
Attachment should be encrypted using strong
cryptographic controls.
Digital signatures should be used in order to avoid non
repudiation by sender.

Internal IT threats, in particular data theft and employee
carelessness, remained the greatest danger for
organizations. Despite alight reduction in the overall index
of information security concerns, these threats have
remained at the same level and have outstripped all the
other threats in terms of importance.
From the point of view of security measures to prevent
leaks of confidential data, organizations can be described
as moving in the right direction, but not quickly enough.
The foundations are already in place to implement complex
projects and the problem has been acknowledged, however
other external factors have kept the words from turning into
deeds.

5. EMERGING TECHNOLOGIES IN
COMPUTER SECURITY
Computer security is almost a statiscal game. One can
reduce but not eliminate the chance that one may be
penetrated by an intruder or virus. No one can ever know
all the software vulnerabilities of all software used on a
system. Obviously removing all vulnerabilities is
impossible and will not secure network against user errors.
Although following are some recent security practices
adopted :

Virtual Private Networks: (VPN)
These are private data networks that maintain privacy
between two through remotely located private networks
using shared public infrastructure tunneling protocols. A
virtual private network (VPN) broadly defined, is a
temporary, secure connection over a public network,
usually the Internet. By leveraging the Internet, VPNs offer
significant cost savings, greater flexibility, and easier
management relative to traditional internetworking
methods, such as leased lines and dial-up remote access.
However, choosing an appropriate solution from the recent
flood of VPN offerings can be a difficult task for
information technology managers who have no spare time.
Each solution presents varying levels of security,
performance, and usability, and each has its benefits and
drawbacks. Though a catch-all Internet security solution
sound appealing, there is currently no product that can
equally address the different aspects of securing online
communication. As a result, the VPN market has begun to
stratify according to corporate demands for tighter security,
better performance, and effortless usability and
management.
At minimum, a VPN should encrypt data over a dynamic
connection on a public network to protect the information
from being revealed if intercepted. Beyond that basic
function, VPN features customarily include tools for
authentication, and a limited number provide integrated
access control and authorization capabilities.

Firewall:

Intrusion Detection Systems:

This is a network security device that controls the traffic
between networks by preventing it from passing through a
network choke point. The main function of a firewall is to
centralize access control. It serves as the gatekeeper

These inspect both inbound as well as outbound activities
in a network and are used to identify suspicious patterns
that may indicate an attack.
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Cryptography:
Network Security and Cryptography is a subject discussed
in the context as how to build better, more robust and
secure systems. Security and Privacy are critical for
electronic, communication and e-business, and it is known
that Network Security Measures are needed to protect data
during its transmission. Security is now-a-days mandatory.
To be secured, information needs to be hidden from
unauthorized access (confidentiality), protected from
unauthorized change (integrity), and available to an
authorized entity when it is needed (availability).The above
said three aspects are goals of security. The goals are
implemented through a more general technique called
Cryptography. This is the process of encrypting data to
prevent it being read by unwanted individuals and then
decrypted when needed.

security model, when a subject requests to perform an
operation on an object, he system first checks the list for an
applicable entry in order to decide whether or not to
proceed with the operation.
Traditional ACL systems assign permissions to individual
users, which can become cumbersome in a system with a
large number of users. In a more recent approach called
role-based access control, permissions are assigned to
roles, and roles are assigned to users.

Vulnerability Assessment Tools:
These are devices or software that assess the vulnerabilities
of the various components of a network and suggest
preventive measures.

Analysis System Anubis
In cryptographic systems, the term key refers to a numerical
value used by an algorithm to alter information, making
that information secure and visible only to individuals who
have the corresponding key to recover the information.
Consequently, the term key management refers to the
secure administration of keys to provide them to users
where and when they are required. A major advance in
cryptography occurred with the invention of public-key
cryptography. The primary feature of public-key
cryptography is that it removes the need to use the same
key for encryption and decryption. With public-key
cryptography, keys come in pairs of matched “public” and
“private” keys. The public portion of the key pair can be
distributed in a public manner without compromising the
private portion, which must be kept secret by its owner. An
operation (for example, encryption) done with the public
key can only be undone with the corresponding private key.

Digital Signature:
A digital signature or digital signature scheme is a type of
asymmetric cryptography used to simulate the security
properties of a hand written signature on paper. Digital
signature schemes normally give two algorithms, one for
signing which involves the user’s secret or private key, and
one for verifying signatures which involves the user’s
public key. The output of the signature process is called the
digital signature. It can be used to authenticate the source
of messages. It also help in maintaining integrity as if the
message is digitally signed then any change in the message
will invalidate the signature.

Access Control List
In computer security, an ACL is a list of permissions
attached to an object. The list specifies who or what is
allowed to access the object and what operations are
allowed to be performed on the object. In an ACL-based

Malicious software (or malware) is one of the most
pressing and major security threats facing the Internet
today. Anti-virus companies typically have to deal with
tens of thousands of new malware samples every day. To
cope with these large quantities, researchers and
practitioners alike have developed a number of automated,
dynamic malware analysis systems. These systems
automatically execute a program in a controlled
environment, and produce a report describing the program's
behavior. An example of such an analysis system is
Anubis, a public dynamic malware analysis system.

A mixed-initiative approach
Security decision-making is hard for both humans and
machines. This is because security decisions are contextdependent, require specialized knowledge, highly dynamic
due to sophisticated adversaries and evolving threats, and
require complex risk analysis. Multiple user studies show
that humans have difficulty making these decisions, due to
insufficient information and bounded rationality. However,
current automated solutions are often too rigid to
adequately address the problem, and leave their users more
confused and inept when they fail. A mixed-initiative
approach, in which users and machines collaborate to make
security decisions and make use of complementary
strengths rather than weaknesses, is needed.
6.

AUTHENTICATION METHODS

There are many diverse authentication methods that may be
included in a versatile authentication platform, ranging
from simple single-factor authentication in the form of user
names and passwords to sophisticated mechanisms. In
addition, mutual authentication options (identifying the site
back to the end-user) are key components of authenticating
each party in an online transaction. Each method delivers a
different balance point between increased security and user
complexity.
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User Authentication Options
Knowledge-Based Authentication/Shared
Secrets

Out-of-Band,
One-Time Passcode (OTP)

User Authentication Options Description
Key Aspects Non-Hardware-Based, OneTime Passcode

Hardware-based One-Time Passcode
Tokens

Description

Key Aspects

• Queries that require specific
knowledge to answer

• Intuitive way of enhancing authentication
without deploying anything physical to the
end-user
• May be used to bootstrap enrollment for
other methods

• Telephone call
• E-mail message
• SMS text message
• SMS text message with multiple
OTPs (i.e., SMS soft token)

• Delivers out-of-band, two-factor
authentication via one-time passcode
• Can help to address some forms of man-inthe-middle attacks

• Grid card with coordinate lookup
• Scratch card
• Software-based installed
application

• Delivers strong second-factor security
• Inexpensive to produce and deploy
• Grid cards easy to use and support
• Software-based applications ideal for
controlled enterprise deployments

• Password-generating token (time
synchronous or event-based)
• Multiple form factors (challengeresponse, response only)

• High security
• Convenient, portable
• Typically costly; new cost-effective
alternatives now available
• Traditionally proprietary algorithms, new
generations focused on standards like OATH

• Small devices/cards that allow
physical and/or logical access to
networks, servers or facilities

• Convenient, portable, multipurpose
(physical/logical access)
• EMV support with OTP for Point-of-Sale
security can be combined for online use with
the deployment of a reader that must be used

• Fingerprints
• Iris configuration
• Facial configuration
• Voice patterns

• Costly & potentially inconvenient
• Can be viewed as personally intrusive or
invasive
• Examples like voice biometrics can be
effective security options for enrollment .

Smart Card/USB Token

Biometrics

7. A CALL TO ACTION
st

The security challenges of the 21 century require
international cooperation and collaboration on an
unprecedented scale, including the promotion of strong
cyber security measures to protect government and
corporate IT systems, and ultimately, the world economy.

citizens, partners and employees, and increased return on
investment. Conversely, the failure to protect critical cyber
systems also poses huge economic risk.
Governments and industries throughout the world must
take the following actions:
1.

To address cyber security, both governments and industry
must take proactive measures to secure their systems. This
security also provides significant economic benefit through
enabling extended integration between customers or
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Work cooperatively with government and industry to
facilitate the issuance of digital certificates that can
be leveraged for e-government and e-business
applications, as well as to secure information and
improve worldwide security.
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2.

Encourage the growth of strong and stable egovernment with strong security policies and
practices. This will both protect the valuable data and
communication necessary for worldwide security,
while reducing the cost of government and lowering
costs for businesses interacting with the government.

3.

Support standards for identity management through
groups such as the Liberty Alliance, which will
promote and enable both e-government and ebusiness and create the environment of trust that is
critical for success. Continue to strengthen
government security practices for e-government and
security systems through policies and programs.

4.

Initiate development and implementation by
management of credible and effective cyber security
programs for the enterprise. Cyber security is not just
a technical issue that can be addressed by the CIO; it
is a business and corporate governance issue that
must be addressed by CEOs and boards of directors.
Insist that cyber security be treated as an
organizational priority and fund it accordingly.

Information security has been limited by the lack of a
comprehensive, complete, and analytically sound
framework for analysis and improvement. The persistence
of the classic triad of CIA (confidentiality, integrity,
availability) is inadequate to describe what security
practitioners include and implement when doing their jobs.
We need a new information security framework that is
complete, correct, and consistent to express, in practical
language, the means for information owners to protect their
information from any adversaries and vulnerabilities.
This paper presents an overview of the security options that
can help thwart online fraud today and into the future,
including strong authentication and fraud detection
solutions. With a clear understanding of the tools available
and a way to effectively begin and evolve, organizations
can take the essential steps toward protecting consumers,
enterprises and citizens over the long term.
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Abstract: Organic semiconductors are of great interest for
electronics application as they have many advantages over
their inorganic counterparts. In contrast with conventional
crystalline silicon, the transport properties of disordered
organic semiconductors are dominated by localized states
due to non-crystalline structure. An ideal crystal has a
three-dimensional architecture characterized by the infinite
repetition of identical structure units in space. Its structure
can be determined by strongly coupled atoms. But, in
organic crystals, the molecules are held by weak van der
waals forces due to which band structure of conjugated
polymers do not have a well-ordered structural
configurations as crystals. In such cases, whether it is
molecular or polymeric organic semiconductor, the charge
carriers must hop between the localized states for the
conduction mechanism. This leads to very low carrier
mobility. In this paper we use multiple trapping and
release model to account for the low mobility in amorphous
organic semiconductor FET (OFET) and compare the
mobility of OFET based on both molecular and polymeric
organic semiconductor.

Keywords: Field-effect mobility, OFET, Hopping
conduction, Percolation theory.
1. INTRODUCTION
Over the last few decades organic semiconductors in FET
has gained interest due to their low cost in integrated
circuits. The effort has been put to increase the mobility
and ON-OFF ratio of FET by optimizing the existing
materials and by applying new materials. P-type organic
semiconductor is more in research than N-type because of
their high mobility of holes.
The electronic and structural properties of organic
semiconductors such as connection between molecular
order and hole mobility in polymers is also an interesting
part to look upon. Experiments in last decades show that
the field-effect mobility of holes in organic transistors
depends on the temperature as well as on the applied gate
bias [1, 2]. This has been described by Horowitz et al using
a multiple trapping and release model. In this model the
assumption is made that most of the charge carriers are

trapped in localized states. The amount of released charge
carriers to an extended-state transport level depends on the
energy level of the localized states, temperature, and the
gate voltage. But this extended state transport is not true for
amorphous organic films [1], where the charge carriers are
strongly localized.
In amorphous organic semiconductor the charge transport
is governed by hopping between localized states. Hopping
of carriers can be study by the concept of variable range
hopping (VRH) i.e. a carrier may either hop over a small
distance with high activation energy or over a large
distance with low activation energy. The temperature
dependence of carrier transport is dependent on the density
of localized states.
The mobility of such semiconductors depends not only on
the temperature but also depends on the field. To find the
dependence, first we have to study the influence of
temperature and the filling of states on the conductivity of a
VRH system with an exponential distribution of localized
state energies. Using percolation, we find an analytic
expression for the conductivity. This expression is then
used to derive the field-effect mobility of the carriers when
the material is applied in a transistor.

2. THEORY
For deriving an expression for conductivity (σ) as a
function of temperature (T) and charge carrier density, we
use density of states. At low carrier densities and low
temperature, the transport properties are determined by the
tail of DOS. Our model [11] is based on the following
exponential DOS

²Ø =

.ù

÷ Å

exp V

ê

÷ Å

W

(-∞ < E ≤ 0) (1)

Where, Nt is the number of states per unit volume, kB is
Boltzmann’s constant, and T0 is a parameter that indicates
the width of the exponential DOS. We take g (E) = 0 for
positive values of E.

♦ 444 ♦

Multiple Trapping and Release Model to Account for Low Mobility in OFETs

Let the system be filled with charge carriers, such that a
fraction δ of the localized states is occupied by a carrier,
i.e., such that the density of charge carriers is δNt. In
equilibrium, the energy distribution of the carriers is given
by the Fermi-Dirac distribution f (E, EF), where EF is the
Fermi energy. For a given carrier occupation δ, the position
of the Fermi energy E F is fixed by the condition
δ=

1
, /Ø²Ø + Ø, Ø¾ 


≌ exp

Á V1 −
Å

êÀ

÷ 

Å

Å

W Á V1 + W
Å

Å

(2)

Where, Á ≡ ,I / exp (-y) yz-1. In Eq. (2), we have
used the assumption that most carriers occupy the sites
with energies E << 0, i.e., -EF >> kBT0 . This condition is
fulfilled when δ and T are low because at low T, the
gamma functions are unity and the carrier density is given
by the DOS with energies lower than EF. But, if T≥T0,
∞

Å

Á V1 − Å W diverges as the majority of the carriers is


located close to E = 0.

The transport of carriers is governed by the hopping of
carriers between localized states, which is strongly
dependent on the hopping distances as well as the energy
distribution of states. At low bias, the system can be
described as a resistor network [3, 4]. So, in this case we
can assign a conductance ¤ = I = % §¨ between site i
and site j where
¤ = 2O%ÞÂ +

| ê§ % êÀ |Q ®ê¨ % êÀ ®Q |ê§ % ê¨ |
'

÷

Å

(3)

According to the percolation theory [4, 5], the conductivity
of the system is given by
þ

 =

.ñ

(5)

.

Where, Nb is the density of bonds and Ns is the density of
sites in the percolating system. The density of bonds is
given by
Nb =, /(¤ /Ø¤ /Ø ²Ø¤  ²Ø  Ã  − ¤ )
Where, Ã   −

¤  is a step function.

 = 8û ' V

Å

Substituting eqs. (1) and (3) and integrating the above
equation we get
'½Å

t

W exp V

'

W

þ ÷ ÅQ êÀ 
÷ Å

(6)

The density of sites Ns can be determined by excluding all
sites that cannot belong to an infinite cluster

Here, the first term on the right hand side describes the
tunneling process, which depends on the overlap of
electronic wave functions of the sites i and j. in a lowest
order approximation, this tunneling process may be
characterized by an effective overlap parameter α and
distance Rij between the sites i and j which a vector
quantity and its volume integral in all the three directions is
given by 4π (Rij)2. The second term in equation (3) takes in
to account the activation energy for a hop upwards in
energy and the occupational probabilities of the sites i and
j.

° = °I = %

Gc is determined by taking a reference conductance G and
remove all conductance with Gij < G. for high G, the
remaining conductance form isolated clusters. These
clusters increase in size with decreasing G. The critical
percolation conductance Gc is defined as the value of G at
which the first infinite cluster is formed. The occurrence of
the first infinite cluster is usually determined by calculating
the number of bonds per site in the largest cluster. This
number of bonds B increases with decreasing G, until, at
the onset of percolation, a critical number Bc is reached
which is approximately equal to 2.8 in amorphous system
[5, 7]. The percolation criterion B for (G = Gc) equal to Bc
can be written as

(4)

Where, σ0 is an unknown prefactor and sc is the exponent of
the critical percolation conductance  = I = % þ . This

 = , /Ø ²Ø  Ã  zÄ ) − |Ø − Ø¾ |)

Substituting Eqs. (1) and (3) and integrating the above
equation, we get

 = û exp V



þ ÷ ÅQ êÀ 
÷ Å

W

(7)

From Eqs. (5), (6), and (7), we obtain the percolation
criterion for our system,

 ≈ 8 V

Å

'½Å

t

W

Nt exp V

Ø   z)
W
z )0

(8)

Where, we have assumed that the site positions are random,
that most of the hopping takes place between tail states (-EF
>> kBT0), and that maximum energy hop is large (sckBT >>
kBT0).
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Combining Eqs. (2), (4), and (8), the expression for the
conductivity as a function of the occupation δ and the
temperature T is obtained.
σ(δ,T) = σ0 Å

'½

Note

the

that

temperature

 .ù Æ Å

Æ

/Å

Æ

Å /Å

È

Äþ ÇV%Æ W ÇVQÆ W




conductivity has
dependence

an

(9)

° ∝ exp U

÷Å

X, with

activation energy Ea that is weakly temperature dependent
[8, 9]. In the Eq. (9), the conductivity increases super
linearly with the density of carriers (σ~N Å/Å ). This is due
to the filling of localized states. An increase in the carrier
density gives rise to an increase in average energy, thus,
facilitating an activated jump to the transport energy
mentioned above. When the filling of states is not taken in
to account, i.e., when the Boltzmann statistics instead of
Fermi-Dirac statistics is used in Eq. (2), the conductivity is
simply proportional to the density of carriers.
This conductivity is used to obtain the field-effect mobility
µFE in a transistor. In bulk material, the mobility µ of the

charge carriers is given by l =

¹Æ,Å
wÆ.ù

. In a transistor,

however, the charge density is not uniform, but it decreases
with the distance x from the semiconductor-insulator
interface. According to Eq. (2), the occupation δ(x)
depends on the distance x through the gate-induced
potential V(x)
= ,

N,=NI =,- V z ) W
 0

(10)

 ' , = 2 zÄ )I û N, / h ,

(11)

 0 = ¿¤  / h

(12)

ª =

Çø

,I /, °CN, , )G
û

(13)

Here, VD is the drain voltage and L, W, and t are the length,
width, and thickness of the channel.

Arrhenius-like
êï

of the transistor in the linear region (-VD < - VG) [13] is
given by

From Equations (9) – (13), we get the following
expression of source-drain current of the transistor,
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The field effect mobility then follows
transconductance (see Ref. 3) is given by
Í4
l¾ê =
ì Ç  Í
§

Æ
Æ

from

Ì

the

(15)

From Eqs. (9) - (15) we get the following expression for
the field-effect mobility,

l¾ê =

σ0
=

Å

8)0 /)3

)
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)0
)0

È

)0 /)

×U

)0

X
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2z )0 h

−1

(16)

Where, δ0 is the carrier occupation far from the
semiconductor-insulator interface, where V(x) = 0. The
variations of V(x) and δ(x) with the distance x are
determined by the Poisson equation. For the accumulation
layer, where δ(x) >> δ0, the following relation between the
electric field F(x) = =-dV(x)/dx and δ(x) can be obtained

Where, we have assumed that the thickness t of the
semiconductor layer is sufficiently large such that V (t) = 0.
Then the field-effect mobility is independent of the
thickness t as well as the bulk carrier occupation δ0. We
note that Nt dependence of the charge distribution in the
accumulation layer is exactly cancelled by the Nt
dependence of ° N, ) .

3. RESULTS AND DISCUSSION

Where, Es is the dielectric constant of the semiconductor.
The field F (0) at the interface can be expressed in terms of
the gate voltage VG and the insulator capacitance per unit
area Ci through Gauss’s law,

Substituting the distance-dependent charge occupation δ(x)
in to Eq. (9) for the conductivity, the source-drain current

Equation (14) is used to fit the experimental data of drain
current (IDS) versus gate voltage (VG). Experimental data of
Copper Pthalocyanine (CuPc) is obtained from
Semiconductor materials and Devices Laboratory, School
of Physical Sciences, JNU, New Delhi and experimental
data of polythiophene (P3HT) is obtained from Ref. 10,
where drain current IDS versus gate voltage VG
characteristics have been measured for both molecular
organic semiconductor CuPc and polymeric organic
semiconductor P3HT organic thin film transistors at a
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range of temperatures. The solid lines show the
theoretically calculated values and markers show the
experimental data at different temperatures.

-18

ln[µ(0,T)] (m /V.Sec)

CuPc exp
-20

2

In Figure 1, we present the modeling of a CuPc derivative
FET. The transistor was measured in the linear regime
(Vd=-2V) and has the following dimensions:W=1500µm,
L=10µm. The fit parameters are T0=600K, σ0=2.5x106S/m
and α-1=0.16nm. We used εs=3. Good agreement between
the experimental data and the model described here has
been obtained.

-22

-24

-26
3.0

0
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IDS (ampere)

1000/T (1000/K)
-9

Fig 3: Field effect mobility µFE in CuPc based transistor
as a function of temperature for gate voltage VG = -80V.

-0.25x10

295K exp
205K exp
235K exp
265K exp

-9

-0.50x10

The field effect mobility is calculated from equation (16) in
CuPc and P3HT thin film transistor. The plot of ln(µ)
against inverse temperature is shown in Figure 3 and
Figure 4.
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Fig. 1: Temperature dependence IDS versus VG of CuPc
based OFET. The solid lines are modeled using
Equation (14).

10

2

In the modeling of Figure (2), the P3HT based transistor
was measured in the linear region with Vd=-2V and has the
following dimensions: W=2500µm, L=10µm. The fit
αparameters are T0=425K, σ0=1.6x106S/m and
1
=0.16nm. We used εs=3.
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Fig 4: Field effect mobility µFE in P3HT based transistor
as a function of temperature for gate voltage VG = -20V.
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The temperature dependence of µFE as shown in the above
figure follows a simple Arrhenius behavior l¾ê ∝

exp[ 

-20

-10

0

VG (Vollts)

Fig. 2: IDS versus VG of P3HT field effect transistor for
various temperatures. The solid lines represent the
prediction of the vissenberg model using Eq. (14).

êï

÷ Å

], where activation energy Ea depends on VG

as shown in Table 1. The decrease of Ea with increasing
negative gate voltage is the direct result of accumulated
charges filling the lower-lying states. As a result, any
additional charge carriers in the system will occupy sites
with on average a higher energy and less energy will be
required for activated jumps to neighboring sites.
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[2]

Table 1. Activation energy of CuPc and P3HT as
obtained from the fit of Eq. (16) to the experimental
data, see Figure 3 and 4.
Gate Voltage (VG) Activation energy (Ea)

CuPc

-80Volts

0.2418 eV

P3HT

-20Volts

0.1933 eV

[3]
[4]
[5]
[6]

4. CONCLUSION

[7]

In conclusion, we have derived an expression for the fieldeffect mobility of FET of an amorphous organic
semiconductor, using the concept of hopping in an
exponential DOS which gives its dependence on
temperature and gate voltage. This theoretical model is
useful for describing their electrical transport
characteristics. The calculated temperature dependence and
gate voltage dependence agree well with those of the
observed field-effect mobility in both CuPc and P3HT thinfilm transistor.
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Abstract: Humans are predominantly visual creatures;
they rely heavily on their vision to make sense of the world
around them. They have capability to acquire, integrate,
interpret and process this heavy amount of visual
information around them. It is challenging to impart such
capabilities to a machine.

2.

Image processing is all about changing the nature of image
for our convenience. Here is a paper presenting an
introduction to some of the essential details (what is image
processing, need of it and about classes of digital images),
application and techniques (grey level segmentation, image
enhancement and image smoothening) of image
processing.

For example an image can be degraded by the optical lens
system of the digital camera. If the lens of the camera is not
properly focussed then you will get a blurred image, here
the defocused camera is the blurring mechanism. Many a
times we come across the outdoor scenes in the foggy
environment and the images we get are blurred due to the
presence of the fog and mist in the atmosphere. This type of
degradation mechanism is known as atmospheric
degradation. In some other cases there may be some
relative motion between the camera and the object due to
which we get blurred and noisy image [2].

This paper is made especially for the beginners of this field
to help them understand the topic easily.
Keywords: Image processing, Digital image processing,
Grey level segmentation technique, image enhancement
technique image smoothening.

1. INTRODUCTION
We are in a world which is visually enchanting and
manifest itself with the variety of shapes, size, colours etc.
This vision is very important for humans they are capable
of acquiring, integrating, interpreting and processing this
heavy amount of visual information around them. To
impart these qualities to a machine is a difficult task. But
we have to do it in accordance to capture the images of this
world. And to see these images more clearly and more
suited to our vision, we have to apply image processing to
it.
Image processing is the form of signal processing in which
input is an image and we tend to change the nature of input
image [1]. It usually refers to as digital image processing,
but optical and analog image processing is also possible. In
digital image processing we process digital images by the
means of computer algorithms.
To design digital image processing system first step is
digital image acquisition. A two dimensional image is the
mapping of this three dimensional visual world. Then these
acquired two dimensional image signals are sampled and
quantised to get digital image [2].

NEED OF IMAGE PROCESSING

Image processing is usually done in order to improve the
pictorial information of an image for human perception.
Sometimes we receive noisy images that are degraded by
some degradation mechanism.

In some of the above cases we need appropriate techniques
to refine the images to get sharper and noise free images
for better visual quality. Some of the important applications
from the early days of the field are Image enhancement,
filtering and restoration, which can be seen through the
following images.
For example- fig.1 shows the enhanced image in which
edges are enhanced to make the image appear sharper and
cleaner, this image has been processed by me using
MATLAB.
Fig.2- shows the removal of noise from the image, these
images has been processed by me through MATLAB,
initially the noise has been added to original image and
then it is being filtered using image processing technique.
Fig.3- shows the removal of blurredness from the image
which occurred due to relative motion of object and
camera.
Fig.4- shows the blurring of the image to remove the fine
details of the image; this image has been processed by me
using MATLAB. This can be used when you are not
concerned with the fine details of the image and just the
size, parameter etc of the image.
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(a) Original image

(b) Enhanced image

*Fig.1- Enhancing the edges of the image to make it appear
sharper and cleaner

(a)Original image (b) Blurred image
*Fig.4- Removing details from the image
*These images has been processed by me using
MATLAB

3. CLASSES OF DIGITAL IMAGES
To understand easily the concept of images let us take grey
scale images so that our analysis get simpler. An analog
image may be defined as a 2 dimensional function of the
brightness of the image at any given point as shown in the
figure below.
(a)Original image

(b) Image after adding noise.

(c)Image after removal of noise

*Fig.2- Removing the noise from the image (noise is
the common problem in data transmission)
Fig. 5: Image as a function
In such images we may assume that the image brightness
value may be taken as any real value ranging from
0.0(black) to 1.0(white) depending upon the image.

(a) Original image (b) After removal of motion blur

In Digital image values of x, y are discrete. They can take
any integer value ranging from 0(black) to 255(white). It
can be considered as a large array of discrete dots each of
which has a brightness associated with it. These dots are
called picture element or more simply pixels.

Fig.3- Removing motion blur
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b)

Grey scale images- each pixel can be represented
from a discrete value ranging from 0(black) to
255(white). Means each pixel may be represented by
1 byte. These sorts of images are used in medical
industry (x-ray) etc.

Fig. 8: Grey scale image
Fig. 6: Pixels in grey level image

c)

There are several advantages of digital image processing
over analog image processing for example
•

A much wider and complex range of algorithms can be
applied to the input data in digital image processing

•

It can avoid problems created by noise during
processing.

•

It can offer the processing at a greater level of
precision than in analog image processing

•

It also allows multidimensional system to be modelled.

RGB coding - This coding scheme produces what is
known as true colour image. Here each pixel has a
particular colour which is being described by the
intensity of red, green and blue in it. Now each of the
component has a range of 0 to 255, thus the total
colour combination can be 255^3=16,777,216
different colours in the image. Such an image may be
considered as the stack of three matrices representing
red, green and blue values for each pixel [1].

Classes of digital imagesa)

Binary images- in these images there can be only two
values of each pixel either 0(black) or 1(white). This
type of coding scheme is best suited for text, finger
prints or architectural plans. These are very
convenient in terms of storage.

Fig.9- RGB image
d)

Fig. 7: Binary image
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Indexed image- in this an image is stored as two
matrices. First have the same size as the image and
one number for each pixel and the other one known
as colour map can have different size than image. The
numbers in the first matrix is an instruction of what
number to use in colour matrix.
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All the methods discussed till now are based on the
assumption that the background and object pixels
have non-overlapping grey levels. But practically it is
not possible. Therefore the determination of a single
threshold is not an appropriate approach to it.
However to overcome this problem all that is needed
is to subdivide the image such that no pixels overlap
each other in a region. Therefore the first step is to
determine how many independent regions form the
image and their sizes. For each of them, it is possible
to apply one of the previous thresholding methods.
Therefore, there is not a single threshold value, but
one per region. The only thing that should be taken
care of while using regional thresholding method is
that no thresholding is attempted when only one pixel
class exists [6].
Fig.10- Indexed image
2.

4. SOME TECHNIQUES OF IMAGE
PROCESSING
Many theoretical foundations and development tools like
visual c/c++, Fortran, and Java, innumerable image
processing and machine vision algorithms have been
developed. Some of the techniques have been discussed
below:
1.

Image enhancement techniques- it lies under the
category of spatial filtering. Image enhancement
includes highlighting the fine details, removing the
blurring from the image and highlighting the edges.
Sharpening is obtained by sharpening spatial filters,
which is based on spatial differentiation.
Differentiation is the measure of rate of change of a
function.

Grey level segmentation technique- it is also called
thresholding which is an essential concept in image
processing for machine vision. It is basically the
conversion between the grey level image and a binary
image [3].

The first order derivative technique is used to fine the
edges or the course details of the image. And the
second order derivative technique is used to find out
the fine details in the image. Thus the second
derivative is more useful for image enhancement than
the first derivative. The laplacian operator is an
example of second order derivative method [5].

The most essential thresholding operation is the
selection of the single threshold value. All the grey
levels below this value will be treated as 0(black) and
above it as 1 (white). The easiest way of doing it is
taking the mean grey level as the threshold.

By applying the laplacian to an image we get an
image highlighting the edges and other discontinuities
as shown below.

Another easy way is to use histogram of grey levels
in the image. It is a graph representing the number of
times each grey level occurs in the image. At the
horizontal axis it represents the value of pixel (starts
with the black at the left most point) and at vertical
axis it represents the number of pixels [3].
With the histogram and the percentage of black pixels
desired one can determine the threshold by simply
counting the pixels in histogram bins, starting at bin
0, until the count is greater than or equal to the
desired number of black pixels. The threshold is the
grey level associated with last bin counted [4].

Original image (b) Laplacian filtered image
*Fig.11- showing the Laplacian operation on image
But this is not the required enhanced image after laplacian
filtering, we have to do more. We have to subtract the
laplacian resulted image from the original image to get the
enhanced image [5].
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(a)Original (b)Laplacian filtered (c)Enhanced image
*Fig.12- laplacian image enhancement
3.

Image smoothening technique- generally smoothing
of the image is done in order to remove the noise. It
can be done by using spatial smoothening filters.
Simplest type of filter is simple averaging filter; in
this simply the average of all the pixels in a
neighbourhood around a central value is taken. For
every pixel this process is repeated and thus a
smoothened image is obtained.
The other type of smoothening filter is weighted
smoothening filter. This is more effective technique.
In this the pixel closer to the central pixel are given
more value [1]. Through following images this can be
seen that greater is the size of filter more is
smoothening.

(e)

*Fig.13-(a)Original image (b)Smoothened image using
averaging filter of size 3 (c) Smoothened image using
averaging filter of size 5 (d) Smoothened image using
averaging filter of size 9 (e) Smoothened image using
averaging filter of size 15 (f) Smoothened image using
averaging filter of size 35
*These images has been processed by me using MATLAB

5. SOME APPLICATIONS OF IMAGE
PROCESSING
Image processing can be used in almost every field of
science and technology. Some of the examples are as
follows:
a.

(a)

(f)

Biomedical applications- it is mainly used
interpreting the things for diagnosis. Like CT scan,
X-rays, MRI, analysis of cell images etc.

(b)

Fig.14- CT scan
b.

(c)

(d)
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Agriculture industry- we can have views of land for
checking that how much land is been used for
different purposes, or to investigate the suitability of
different regions of land for different crops,
inspecting quality of fruits and vegetables etc.
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c.

Law enforcement- we can match the fingerprints,
remove the blurredness from the speed camera
images etc.

d.

Defence surveillance- application of image
processing techniques in this field is an important
area of study. There is a continuous need of
monitoring land and oceans using aerial surveillance
techniques.

e.

Moving object tracking- there is a frequent need of
tracking the moving objects for the measurement of
their speed and different motion parameters and
obtaining the visual record of the moving object. This
is an important area of application in the field of
image processing. Generally there are two approaches
towards the tracking of the object:

g.

6. CONCLUSION
Through this paper, one can have a good introduction to
image processing. Here, we are at the conclusion that
digital image processing is much better than analog one.
Various image enhancement techniques (e.g. Grey level
segmentation, technique, Image smoothening technique)
for digital image enhancement have been studied in the
paper.
A lot more work is needed in this field to develop new
technologies in future to reduce the complexity and
increase the quality of the image.

o

Recognition based tracking
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Video processing- video processing is nothing but a
kind of image processing. A video is made of
thousands of frame of images. Thus to process a
video one need to process those thousands of frame of
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width and requirements for storage are reduced [2].
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Abstract: This research is to recognize the state of
emotions in speech using Hopfield technique. Speech is
uttered by 30 persons who are the speakers selected for
this project and being given by five sentences. The Hopfield
Neural Network (HFNN) is an algorithm. The primary
objective of this project is to develop ANN model to classify
the collected voice data into two emotional states,
happiness and anger. Several approach and methodology
have been introduced in order to achieve the objectives.
This project needs more revision and studies to obtain the
accuracy in recognizing the emotion through speech.

feature selection, classifier choice, and testing shown in fig
2.2. This sequence is called the pattern recognition cycle.

Keywords: emotions, LPC, NeuralNetwork (HFNN)

1. INTRODUCTION
With the pace of modern life getting faster, mankind
suffers more emotional problems than ever before. The
increasingly well-developed technology makes us feel
convenient on one hand at the same time it’s prone to cause
sense of loneliness on the other hand. We use computer
every day, and we just treat it as a machine but not a friend
because it cannot understand our emotions.
The aim of this research is to develop and evaluate
Artificial Neural Network (ANN) model for recognizing
emotion in speech expressed by using HopField Neural
Network (HFNN). To achieve our objectives we decided to
have two stages: research and development. The objectives
of the first stage are the following: to learn how well
people recognize emotions in speech, to find out which
features of speech signal could be useful for emotion
recognition, and explore different mathematical models for
creating reliable recognizers. If the results of the first stage
will be promising then we will start the second stage which
objective is to create a real-time recognizer for call center
applications.

2. EMOTION RECOGNIZER
The design of emotion recognizer basically involves
different stages such as signal processing, emotion
parameter extraction and emotion recognition.

2.1Speech emotion recognition system(SER)
SER is tackled as a pattern recognition task. This implies
that the following stages are present: feature extraction,

Fig 2.2 Processing flow for recognizing of emotions

2.2 Signal processing
Signal processing involves digitalization and potentially
acoustic preprocessing like filtering, as well as segmenting
the input signal into meaningful units.

2.3 FeatureExtraction
This stage, involves the speech processor, deals with the
emotion features selection and extraction algorithm.
Feature selection (also known as subset selection) is a
process commonly used in machine learning, wherein a
subset of the features available from the data is selected for
application of a learning algorithm. The best subset
contains the least number of dimensions that most
contribute to accuracy; we discard the remaining,
unimportant dimensions. This is an important stage of
preprocessing and is one of two ways of avoiding the curse
of dimensionality. Linear predictive coding (LPC) is a
popular technique for speech compression and speech
synthesis.
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Speech analysis and synthesis with Linear Predictive
Coding (LPC) exploit the predictable nature of speech
signals. Cross-correlation, autocorrelation, and auto
covariance provide the mathematical tools to determine this
predictability.
The features represent the global statistics, which means
that values were estimated over the whole utterance. This
choice was made, due to the fact that in the literature global
statistics is generally thought to be more suitable for SER.
Feature extraction is done with the praat script. On average,
the script takes 1.08 to 12.7 sec. to extract 116 features
from a speech sample of 1.08 to 12.7 sec of duration ( with
The modules of the SER engine are graphically depicted
.Given a database with emotional speech, the SER proceeds
as follows. The input is the files with speech signal.
Depending on the original database format, where
necessary, auxiliary database preprocessing scripts convert
the files into the required file format and change the speech
file format. Then the feature extraction script extracts the
features.
The praat script extracts 116 features. The features are
statistical functions derived from acoustic parameters. The
acoustic parameters are pitch, intensity, formants
andharmonicity.The speech features must be extracted
from each utterance for the emotion recognition training or
testing.

Linear prediction models the human vocal tract as an
infinite impulse response (IIR) system that produces the
speech signal. For vowel sounds and other voiced regions
of speech, which have a resonant structure and high degree
of similarity overtime shifts that are multiples of their pitch
period, this modelling produces an efficient representation
of the sound. Figure 3.2 show how the resonant structure of
a vowel could be captured by an IIR system.

Fig 3.2 Linear Prediction (IIR) Model of Speech
The linear prediction problem can be stated as finding the
coefficients ak which results in the best prediction (which
minimizes mean-squared prediction error) of the speech
sample s [n] in terms of the past samples [n = k], k =
[1...p]. The predicted sample is s[n].
d[ß]  ∑ÑÐÐ s[n-k])
Where P is the number of past samples. Next we derive the
frequency response of the system in terms of the prediction
coefficients ak.When the predicted sample equals the actual
signal (i.e., (s [n] = s [n]), we have
[] = ∑¶r s[n-k])
s(z) = ∑¶r s(z)z-k)

s(z) = %∑Ñ ÒðÐ  

2.3.1 Lpc algorithm
Linear predictive coding (LPC) is a popular technique for
speech compression and speech synthesis. LPC exploit the
predictable nature of speech signals. Cross-correlation,
autocorrelation, and auto covariance provide the
mathematical tools to determine this predictability.

2.3.2 Correlation coefficients
Correlation, a measure of similarity between two signals, is
frequently used in the analysis of speech and other signals.
The cross-correlation between two discrete-time signals
and is defined as

dd[l] = V ∑Ï%
ß d[ß]d[ß  !]W
Ï

Where s[n], n = {-P, (-P) +1 ….N-1} are the known

samples as shown in the fig 3.1 and the is a normalising
.
factor.

Fig 3.1 computing the autocorrelation coefficients

ÐÓ

Ð

2.4 Classification
Many classifiers have been tried for SER, and after Weka
has appeared it has become easy and straight forward. The
most frequently used are Support Vector Machines and
Neural Networks. A rapidly evolving area in pattern
recognition research is the combination of classifiers to
build the so-called classifier ensembles. For a number of
reasons (ranging from statistical to computational and
representational aspects) ensembles tend to outperform
single classifiers.

2.5 Training
While training and testing, over fitting should be avoided.
Regarding this problem, there are two ways to choose the
classifier correctly: just chose the classifier that performs
best in the cross-validation test mode (in this work we
always use 10-fold cross-validation) or pick the classifier
with the smallest MDL. (It can be shown theoretically that
classifiers designed with the MDL principles are
guaranteed to converge to the ideal or true model in the
limit of more and more data.)
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There are two approaches to training - supervised and
unsupervised.

collection of all such numbers is represented by the weight
matrix W, whose components are wij.

2.6 Testing

Now given the weight matrix and the updating rule for
neurons the dynamics of the network is defined if we tell in
which order we update the neurons. There are two ways of
updating them,

After training, the network is tested with both open and
closed testing. In closed testing, the network is tested using
the same set of data on which it was trained. In open
testing, the network is tested using the remainder of the
data which was not used for training.
To optimize the topology of the sub-neural networks, we
carried out the training of the network and the closed
testing with a small database (30 subjects). Sub-neural
networks were optimized in the same way, but the subneural networks were grouped into two sets in order to
improve performance: (joy, teasing, fear and neutral) and
(sadness, disgust, anger, surprise).

•

Asynchronous: one picks one neuron, calculates the
weighted input sum and updates immediately. This can
be done in a fixed order, or neurons can be picked at
random, which is called asynchronous random
updating.

•

Synchronous: the weighted input sums of all neurons
are calculated without updating the neurons. Then all
neurons are set to their new value, according to the
value of their weighted input sum.

3.1 Algorithm for two neuron stable state

3. ARTIFICIAL NEURAL NETWORKS
Hopfield networks are constructed from artificial neurons.
These artificial neurons have N inputs. With each input i
there is a weight wi associated. They also have an output.
The state of the output is maintained, until the neuron is
updated. Updating the neurons is done by following
operations.
•

The value of each input, xi is determined and the
weighted sum of all inputs, ∑i wi xi is calculated.

•

The output state of the neuron is set to +1 if the
weighted input sum is larger or equal to 0. It is set to 1 if the weighted input sum is smaller than 0.

•

A neuron retains its output state until it is updated
again.

A simple neuron (perceptron) in a neural network with n-1
inputs, 1 bias, and 1 output. The total input stimuli to this
neuron in the output layer
Zin=∑ßÞ ÔÞ ÕÞ
The output of this neuron is the activation function f(zin).,
where f is activation function. Throughout the experiments,
activation function is defined as:


f(x) = QðÖÔ

An artificial neuron as used in a Hopfield network.
Operations written as,

1, ∑i wi xi ≥ 0v
O=´
−1, ∑i wi xi ≤ 0

A single perceptron in a neural network

A Hopfield network is a network of N such artificial
neurons, which are fully connected. The connection weight
from neuron j to neuron i is given by a number wij. The

After the neuron outputs its value, generally there is a
difference between this value and its correct value, the
target value. The difference is defined as the error function:
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E= # ∑Ð×Ð − Ð 2
We use the partial differential of this error function to
modify the weights backwards, thus make the error
decrease. This procedure is called back propagation. The
fig below shows the stabe state.
Hopfield Network State Space
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4. CONCLUSIONS
In this research we will explored how well computers/
machines recognize emotions in speech. Several
conclusions can be drawn from the above results. First,
decoding of emotions in speech is complex process that is
influenced by cultural, social, and intellectual
characteristics of subjects. Second, pattern recognition
techniques based on neural networks proved to be useful
for emotion recognition in speech and for creating
customer relationship management systems.

Fig 6.
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Abstract: The data loss is considered as the measure
performance parameter for evaluation of interconnection
network topologies. This paper evaluates the packet loss in
mesh topology with source routing using different traffic
generation mechanism. The analyzed results are useful for
designing the interconnection networks. The analysis based
on the packet loss during the fault in mesh interconnection
network topology with source routing using network
simulator NS2.
Keywords: Mesh, Torus, interconnection networks, source
routing.

1. INTRODUCTION
Meshes and torus based interconnection networks have
been utilized extensively in the design of parallel
computers in recent years. Computer architects have
always strived to increase the performance of their
computer architectures. High performance may come from
fast dense circuitry, packaging technology, and parallelism.
As the density of processor package increases; the length of
the link connecting a certain number of processors
decreases [9].
Although numerous studies have examined NoC
implementation and performance, few have examined
packet loss. Flow control in interconnection networks has
mainly been an issue to prevent buffer overflow and packet
loss. Packet loss occurs when one or more packets of data
traveling across a network fail to reach their destination.
Packet loss can be caused by a number of factors including
buffer overflow, congestion, corrupted packets rejected intransit, faulty link, faulty nodes or deadlocks. In addition to
this, packet loss probability is also affected by down of
links and distances between the transmitter and receiver
[17].
In [18] paper, we have analyzed 2D Mesh performance on
the one down link for one second, and changed two
parameters packet size and packet generation interval and
found that the ratio of packet loss is constant in both cases
where traffic generator with acknowledgement is not be
considered. But on the other hand when acknowledgement

is considered in both cases, no packet loss has been found.
There fore the network with the traffic agent which uses
acknowledgement mechanism is more reliable, and more
secure. But the delay of transmission due to the link down
will be occur.
This paper mainly attached different traffic agents where
acknowledgement mechanism is uses by mesh
interconnection topology, and we have also down the link
only for 0.1 second when the first acknowledgement is
going to receive by the sender.
The remainder of this paper is organized as follows. In
section II, related literatures are discussed. Section III,
describes the system model of mesh interconnection
network, which implemented and designed in NS2 and
section IV, evaluate the performance and shows the results
of simulation. Finally some conclusion has been drawn in
section V.

2. RELATED WORK
The numerous studies have done related to simulation on
Mesh topologies. Recently, the NoC has been introduced as
a new research area that emphasis on modeling and
analyzing the on-chip interconnect. Sophisticated networks
that have specialized switches and routers and defined
topologies are the main NoC points for analysis and
optimization[15]. Recently, NoC architectures have been
surveyed and compared for different performance metrics.
In the paper [3], a simulation-based approach using the NS2 simulator was used to analyze a NoC mesh interconnect
topology. It is based on the Chiplevel Integration of
communicating Heterogeneous Element [4].
NS-2 is used to construct the topology and generate
different traffic scenarios using an exponential traffic
generator [17]. Packets are sent at a fixed rate during ON
periods, and no packets are sent during OFF periods. Using
this traffic generator, common network performance
metrics such as drop probability, packet delay, throughput
and communication load are analyzed against different
buffer sizes and traffic injection rates [17].
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Another paper [8], about the Mesh NoC has been
presented, it is similar to [3] but with different results.
Metrics such as latency and packet loss rate were presented
as a function of the communication load and the buffer
size, using the NS-2 simulator. In [12] authors compared
the Ring, Irregular Mesh and Spidergon topologies using a
discrete-driven simulator (OMNET++) based on the
wormhole switching technique. Their analysis has shown
that the Spidergon NoC outperforms others, including
average latency and throughput. The type of traffic has not
been mentioned despite of its prime importance in NoC. In
[13], an Application Specific NoC (ASNoC) design
methodology was proposed, that is, using a customized
topology to fit the requirements of specific applications. In
that work, the OPNET simulator is used to compare the
proposed structure with a Mesh topology, using a HDTV
decoder SoC as application example. An analytical model
using queuing theory is introduced in [14] to evaluate the
traffic behavior of the Spidergon NoC. Simulations to
verify the model for message latency under different traffic
rates and variable message lengths are presented in that
work.

3. SYSTEM MODEL
The simulation interconnection architecture model consists
of m × n mesh of switches. Switches consists a slot for a
resource. A resource may be a processor core, a memory
block, an FPGA, a custom hardware block or any other
peripheral devices, which fits into the available slot and
compiles with the interface with the network. We assume
switches in network have buffers to manage data traffic.
Figure-1 shows the architecture of simulation model with
16 nodes where connection of switches (S) and resources
(R) are shown.
S

S
R

S

S

R

S

R

R

S

S
R

S
R

S
R

S
R

R

S

S
R

R

A. Topology
A 4 x 4 two-dimensional mesh topology was modeled and
simulated using network simulator NS2. This topology is
easily scaled to different sizes. Different resources have
their unique communication addresses, so here, assumed
that all switches has attached processor core as resources
therefore treated similarly except that a traffic generator
can be attached to resources. Switch, resource and link are
three basic elements in the topology. Assume that the each
resources has infinite buffer size but finite in switches. It
means that the packet being dropped or lost cannot occur in
resources but only take place in switches.

B. Communication Links
An inter-communication path between the switches is
composed of links. Each node is connected with point-topoint bidirectional links. The bandwidth and latency of the
link is configurable. When any link down between two
nodes it implies that the packet cannot be travel between
these nodes in any direction. This assumption was used in
[7] and is realistic, because bidirectional links are actually
implemented by using a single wire.

C. Routing
An inter-communication path is composed of set of links
identified by the routing strategy. This simulator models a
16-node 2-D mesh (4x4) in which routing decision will be
takes at source node using source routing methodology. A
shortest communication path have been selected for each
traffic pair before a simulation starts.

4. PERFORMANCE EVALUATION
To evaluate the performance of the mesh interconnection
networks, a simulation model has been developed in NS2
with only built-in options. Tcl is used for specifying the
Mesh interconnection network simulation model and
running the simulation. The existing routing algorithm to
compute the path and for packet generation is used.
The implementation of mesh interconnection networks uses
the source routing to send packets from source node to
destination node. In source routing the information about
the whole path from the source to the destination is precomputed and provided in packet header [6][5][1].

R

A. Simulation Environment
S

S
R

S
R

S
R

Fig. 1 4 x 4 Mesh Architecture

R

For the evaluation, a detailed event-driven simulator has
been developed. This simulator models a 16-node 2-D
mesh (4x4) in which routing decision will be takes at
source node using source routing methodology. Each node
is connected with point-to-point bidirectional serial links.
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The bandwidth of link is set to 1 Mb and latency/delay is
set to the 10 ms. All these topology parameters can be
describe as a script file in Tcl, as shown below:
#Default Values for topology
set n
16; # Total number of nodes
set max_bw
1Mb; # maximum link band width
set linkDelay
10ms; # delay on each link
#configuration for links between the nodes in topology
$ns duplex-link $node(i) $node(i+1) $max_bw $linkDelay
DropTail
In simulator also fixed the source-destination pairs
(node(0)-node(15)) and link for down (node(0)-node(1))
are fixed, Figure-2. The time of simulation window is fixed
0.5 to 4.5 seconds and time of link down and link up is 0.6
and 0.7 second respectively after the starting the
simulation. We assume that when link is down, this link
can not be used in any of its directions. This assumption
was used in [7] and is realistic, because bidirectional links
are actually implemented by using a single wire.
In the simulation environment packets are transmit from
source node(0) to destination node(15) and link from
node(0) to node(1) for down for a particular period, 0.1
second when the first acknowledgement is going to receive
by the sender. See figure-2, where dotted arrows shows the
path from node(0) to node(15) and darked bi-directional
arrow shows the link which down for 0.1 second. The
simulation time is fixed for 5 seconds, where packet
generation window is from 0.5 to 4.5 second and time of
link down and link up is 0.6 and 0.7 second respectively
after the starting the simulation. We assume that when link
is down, this link can not be used in any of its directions.
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#Traffic Configuration: Constant bit rate traffic source
set cbr0 [new Application/Traffic/CBR]
$cbr0 set packetSize_ 500
$cbr0 set interval_ 0.0625
Scenario-2 Packet generation using file transfer
protocol mechanism
In this scenario the packet generation of traffic uses file
transfer protocol(FTP) mechanism. FTP represents a bulk
data transfer of large size. Like scenario-1, packet size and
interval of packet generation are fixed. The following Tcl
code shows the traffic configuration setting for FTP packet
generation:
#Traffic Configuration: File transfer protocol source
set ftp0 [new Application/FTP]
$ftp0 set packetSize_ 500
$ftp0 set interval_ 0.0625

B. Simulation Results
Result-1: In the first scenario model uses the packet
generation in a constant bit rate mechanism. where packet
size and interval of packet generation are fixed.
In simulation fixed the source-destination pair started the
transmission the for 5 seconds. The after receiving the
acknowledgement from destination, source node sent the
packets to destination node. Total 66 packets are generated
and received by the source and destination node.
On the next step, first link (node(0) to node(1)), of the path
from source to destination has been down for 0.1 second,
when source node going to receive first acknowledgement
from the destination node.

7

8

This experiment uses the packet generation of traffic in a
constant rate. Here also fixed the packet size and interval of
packet generation. The following Tcl code shows the traffic
configuration setting for constant bit rate packet
generation:

The results shows that the total packet generated by source
node is 30 packets and received by the destination node is
only 26 packets. The generation of packets from source is
decreases as well as 4 packets has been lost due to the link
down for 0.1 second.
But when increases the time of the simulation window
from 5 seconds to 6 seconds, the packet generated and the
packet received is gone to maximum i.e. 66 packets.

Fig. 2: Path and Link down in Mesh
Scenario-1 Packet generation using constant bit rate
mechanism

Result-2 :In the second scenario model uses the packet
generation of traffic using file transfer protocol(FTP)
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mechanism. FTP represents a bulk data transfer of large
size.
Like first scenario, the source, destination nodes are fixed
and started the simulation for 5 seconds. After receiving the
acknowledgement from destination, source node sent the
packets to destination node. As we know the FTP used to
transfer the bulk data, total 403 packets are generated and
received by the source and destination node.
On the next step, followed the same technique to down the
first link of the path from source to destination for 0.1
second, when source node going to receive first
acknowledgement from the destination node.
The results shows that the total packet generated by source
node is 33 packets and received by the destination node is
only 16 packets. The generation of packets from source is
decreases as well as 17 packets has been lost due to the
link down for 0.1 second. And there is no changes found to
increases the time of the simulation window from 5
seconds to 6 seconds, the packet generated and the packet
received was same.
35
30
25
20

Packet
Generated
Packet
received

15
10
5
0
CBR

FTP

Fig. 3: Comparison between CBR and FTP packet
generation
Figure-3 shows the difference of both mechanism, where
constant bit rate mechanism generated less packets and lost
the less packet while FTP mechanism lost more than 50%
of packets generated by the source.

5. CONCLUSION & FUTURE SCOPE
In the above experiments 2D Mesh of size 4x4 has been
evaluated, and found that the performance of constant bit
rate mechanism is better than the FTP mechanism. The
constant bit rate mechanism, lost is low then the FTP
mechanism. And if we increases the time of the simulation
window from 5 seconds to 6 seconds, in the constant bit

rate mechanism, no loss will be occur. Therefore constant
bit rate mechanism is most secure and reliable when
acknowledgement is considered in the Mesh
interconnection networks.
In the next step we are going the analyze the packet loss on
the case of more than one parallel communication at same
time, which following the same path with some common
nodes. And also we are trying to implement these concepts
to torus interconnection networks.
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Abstract: A new interconnection topology, the CenterConnected Mesh (C2Mesh) – based on mesh
interconnection topology is proposed. The C2Mesh,
perform better than the simple 2D mesh and torus
interconnection networks. This paper, presents an
introduction to the new topology C2Mesh and analyzes its
architectural potential in terms of routing algorithms.
Topological properties of the n×n C2Mesh network are
presented.
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1. INTRODUCTION
The Mesh is a best and simple network for the generalpurpose applications. But as the size of the Mesh is
increases, the network performance degrades dramatically
due to the large network diameter and little bisection width
[6],[6]. However, the Torus network reduces the network
diameter but it increases the bisection width and structural
complexity. Some improved network topologies, like
Dmesh [5], Dtorus [5], Xmesh[6] and SDTorus [6] have
been proposed to resolve these problems, by adding some
extra links [1],[3]. However, all these networks are very
complex to design and cost-effective.

performance degrades dramatically due to its large network
diameter and little bisection width [6].
The DMesh and DTorus network is proposed in [5] to
promote the performance and scalability of the both Mesh
and Torus network. A DMesh network can be constructed
by adding corresponding diagonal links for the nodes on an
ordinary Mesh network. In a DMesh network, each inner
node has a degree of eight, and each peripheral node has a
degree of three or five. In order to decrease the network
diameter, the DTorus network is introduced [5].
To satisfy the special need of the NoC, a Mesh-like
topology, named XMesh, and its routing algorithm called
XM are presented in [6]. By adding some diagonal edges
on the Mesh topology, the average distances of the Xmesh
network is reduced. Given the same network size, XMesh
has the same edge number with Torus topology [6].
The SD-Torus network [6], is a regular and symmetrical
interconnection network. The SD-Torus network is a
combination of a typical 2D-torus network with two extra
diagonals links from northwest to southeast direction for
each node. Therefore each node increases its node degree
with two extra edges.

In this paper, to improve the scalability and to reduce the
implementation complexity of Torus and Mesh-like
networks, the Center-connected Mesh (C2Mesh) network is
proposed. The C2Mesh network has good topological
properties compare to previous proposed networks.

The DMesh, DTorus, the XMesh and SD-Torus, are still
complicated and cost effective due to network design and
implementation point of view and especially for its routing
algorithm, because high node degree networks also leads to
high cost.

The paper is organized as follows- Section 2 discuss related
work, Section 3 describes the proposed network topology
and its topological properties. Section 4 explains the
routing algorithm for n×n C2Mesh. Finally, Section 5
concludes the work.

3. C2MESH NETWORK

2. RELATED WORK
Mesh network is the most powerful candidate for the small
scale interconnection network for its simplicity. However,
with the increase of the network size, the communication

C2Mesh is basically centrally connected mesh, where the
corners of the simple 2D Mesh is connected to the corner
nodes to the center nodes of Mesh. To design the n×n
C2Mesh topology, you need only four extra edges to
connect all four corner nodes mesh to the center node(s) of
mesh.
When we design n×n Torus, then it requires 2n extra edges
(links) then n×n Mesh. But in the n×n C2Mesh topology,
it requires only 4 extra links, and it is for any size of
C2Mesh.
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To design n×n C2Mesh, first, find the center of the n×n
Mesh. If n is odd then the four center nodes and if n is
even, only one center node will be consider as a center of
Mesh. The physical connection of the n×n C2Mesh is
given in subsections. sub-section-A, provides the physical
connection of C2Mesh using node numbers and subsection-B, explain the physical connection C2Mesh using
2D addressing.

If n is even than center = └n*(n-1)/2-1┘, and the corners
will be connect as follows:
North-West corner will connect to node(center), NorthEast corner will connect to node(center +1), West-South
corner will connect to node(center +n), and South-East
corner will connect to node(center +(n+1)), figure-2.
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A. C2Mesh using node numbers
In this method consider that all nodes has a unique number,
where first node having the number 0 and refer as node(0)
and second node having 1 and refer as node(1) and so on.
In the n×n network, last node will have n×n -1 number so
refer as node(n×n -1), figure-1.
To design the n×n C2Mesh, first design simple n×n 2D
Mesh, and find the center to connect all four corner nodes
to center node(s). The center of the mesh can be calculated
as follows:
┌(n*n-1)/2┐ if n is odd.

Fig. 2; n×n C2Mesh for even n=6.

Center

B. C2Mesh using 2D addressing scheme.

└n*(n-1)/2-1┘if n is even.

And if n is odd then center= ┌(n*n-1)/2┐, and corners
will be connect as follows:
North-West corner will connect to node(center), NorthEast corner will connect to node(center), West-South
corner will connect to node(center), South-East corner will
connect to node(center), Means all corners will connected
to single center node, figure-1.
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In this method consider that network is in 2D matrix form
and all nodes has a unique address in the form of node(i, j),
such as first node having the address (0,0) and refer as
node(0,0) and second node having address (0,1) and refer
as node(0,1) and so on. In the n×n network, last node will
have address (n-1,n -1) so will refer as node(n-1, n -1),
figure-3.
To design the n×n C2Mesh, first design simple n×n 2D
Mesh by this addressing scheme, and find the center to
connect all four corner nodes to center node(s). The center
address (i,j) of the mesh can be calculated as follows:
i = (n-1)/2 , j = i if n is odd.

(i, j )
i = n/2-1, j = i. if n is even.
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Fig.-1: n×n C2Mesh for odd n=5.

If n is odd than i = (n-1)/2 , j = I, and and the corners will
be connect as follows: North-West corner will connect to
node(i,j),North-East corner will connect to node(i,j), WestSouth corner will connected to node(i,j), and South-East
corner will connected to node(i,j),means all corners
connected to single center node, figure-3.
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Third, the bisection width of C2Mesh network with n×n
nodes is n in the case of even n, and n+3 in the case of odd
n. The bisection width is smallest with compare to other
networks.
To divide a C2Mesh network with n×n nodes into two
equal sets of nodes, is easy when n is even but when n is
odd, a horizon and vertical line can be drawn along with
the center node of the network, let see figure-5.
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Fig. 3: n×n C Mesh for odd n =5.
If n is even than i = n/2-1, j = i, and the corners will be
connect as follows: North-West corner will connect to
node(i,j),North-East corner will connected to node(i,j+1),
West-South corner will connect to node(i+1,j), and SouthEast corner will connect to node(i+1,j+1),figure-4.
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(a) 6×6 C2Mesh

Figure-4 n×n C2Mesh for even n=6.

C. Topological Properties
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For C Mesh network topology with n×n nodes, it has the
following topological properties.

(b) 5×5 C2Mesh
Figure-5 Bisection width C2Mesh .

First of all C2Mesh network is simple as Mesh, with four
extra edges, while it perform like as Torus. It can be seen in
the figure-1 and figure-2. The design and implementation is
simple and easy like Mesh.

In the table-1, the topological properties comparison for
different networks is given. Comparing with the other
networks, with the same size n×n node, the C2Mesh
network has the same diameter as the torus, Mesh, Dmesh,
Dtorus, and XMesh networks.

2

Secondly, the diameter of C2Mesh network with n×n nodes
is n-1 in all cases, except n is 2 or 4. In the case when n is 2
or 4, than its diameter is equal to n. From the distance
distribution for the given node in C2Mesh network in
figure-1 (b) and figure 2 (b), We can see in that, the
maximum distance between two nodes in the C2Mesh
network is n-1.

The cost of a network is typically measured in terms of the
number of links and the complexity of the routing nodes.
For C2Mesh network with n×n nodes, has node degree 4
with some nodes of degree 3, but when n is even, 4 nodes
has degree 5, and when n is odd only one, center node has
degree 8.
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4. ROUTING ALGORITHM
2

The best feature of C Mesh network with n×n nodes, is the
shortest path from any source to any destination is

maximum n-1, it means the shortest path length of any
source to any destination node is not more than n it will be
always less than n (except if n =2 or 4).

Table-1: Topological properties comparisons
Properties

Mesh

Torus

DMesh

DTorus
DTorus

XMesh

SDSD-Torus
Torus

C2Mesh

No. of Links
No. of Nodes
Node Degree

2n2-2n
n2
4&2

2n2
n2
4

4n2-6n+2
n2
8, 5 & 3

4n2-4n+2
n2
8, 6 & 5

2n2
n2
8,6,4 & 4

3n2
n2
6

Diameter
Bisection

2n-2
n

n-1
2n

n-1
3n-2

n-1
4n-2

n-1
n+4

2n/3
3n

Throughput
Path Diversity

<=b
Yes

<=2b
Yes

<=2b
Yes

<=2b
Yes

<=2b
No

<=2b
Yes

Avg Distance
d=dimension

d*n/3

d*n/4

d*n/4

d*n/4

d*n/4

-

2n2-2n+4
n2
5, 4 & 3
(1 node of 8 if n is odd)
n-1
n
(n+3 if n is odd)
<=b
Yes
(No if n is odd)
d*n/4

To design n×n Torus, then it requires 2n extra links then
n×n Mesh while in the n×n C2Mesh topology requires
only 4 extra links, and it is fixed for any size of C2Mesh.
In order to design the routing algorithm, we have
implemented both methods using node numbers and using
2D addressing, but both methods uses the following set of
steps:
Routing Algorithm for C2Mesh
routing_CCM(src_node, dest_node)
1)
2)
3)
4)

5)

6)

(CCM

5. CONCLUSION
The C2Mesh network is a simple improved mesh network
where all four corner nodes are connected to the center of
Mesh. The C2Mesh network provides the network diameter
n-1 in large networks, and it provides good performance
then Mesh and similar to Torus. The further study will
focus on the evaluation of C2Mesh network performance
with other networks.

routing):
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Abstract: The combination of integer lifting wavelet
transform with set partitioning in hierarchical trees
algorithm has been widely used in the field of image
compression. Based on this algorithm, the paper presents a
image coding algorithm with lower memory and higher
speed. The algorithm further takes Human Visual System
into consideration and modifies SPIHT algorithm is
according to the characteristic of weighted wavelet
coefficients. Under the situation of low bit-rate, the new
algorithm can prove the visual effect of reconstructed
image at a certain degree. In addition, because the new
algorithm has low memory requirement, the coding speed
accelerates a lot. It has a very broad appliance future in
the occasion of high desire of memory and speed.
The classic SPIHT algorithm need to maintain three lists to
store temporarily the image’s zerotree structure and
significance information, which represents a major
drawback for hardware implementation because a large
amount of memory is needed to maintain these lists.
Besides, there is still some redundancy in the zerotree
structure of SPIHT. Memory requirement of the algorithm
is reduced significantly in LZC because of the replacement
of lists by flag maps, but the performance of codec is also
lowered. In this paper, a new listless zerotree image
compression algorithm is presented. An improved zerotree
structure and a new coding procedure are adopted, which
improves the reconstructed image quality. Moreover, the
lists in SPIHT are replaced by flag maps and lifting scheme
is adopted to realize wavelet transform, which lowers the
memory requirements and speeds up the coding process.
The matching experiments of reconstructed standard stereo
images demonstrate the feasibility and effectiveness of the
proposed method.
Keywords: image compression; zero, image compression;
zerotree coding; wavelet transform; flag maps

1. INTRODUCTION
Multimedia processing and communication have become
more and more pervasive in our daily life. Image coding
techniques play a key role in efficient image
representation, storage and delivery of images over a
telecommunication network.

A. Image Compression
An image is essentially a 2-D signal processed by the
human visual system. Image compression is minimizing
the size in bytes of a graphics file without degrading the
quality of the image to an unacceptable level. The
reduction in file size allows more images to be stored in a
given amount of disk or memory space. It also reduces the
time required for images to be sent over the Internet or
downloaded from Web pages. Currently, two kinds of
transforms, DCT (Discrete Cosine Transform), and wavelet
transform are widely employed for image compression.
The DCT has been adopted in the JPEG standard, while
wavelet transforms have been incorporated into the
JPEG2000 standard [1]. The DCT based transform
techniques are well established and easily implemented.
However, the block artifacts inherent with a DCT
transform become unacceptable at very low bit rates.
Rather than incrementally improving on DCT based
techniques, image coding techniques based on wavelet
transforms are an entirely new way of performing
compression. Although it is more complicated to
implement, wavelet based image coding has two
advantages over DCT. Firstly, it can overcome the presence
of block artifacts in very low bit-rate image coding, and
secondly it can be used for both lossy to lossless
compression.

B. Compression from DCT to Wavelets
Since image has a very large information size, the image
data size poses a problem when an image is stored or
transmitted. Compression (encoding) of an image reduces
the data size by removing the redundancy of the image or
manipulating the values on levels that such manipulations
are hard to visually recognize. Conventionally, as one of
still image encoding methods, JPEG (Joint Picture Experts
Groups) internationally recommended by the ISO and ITUT is known. In JPEG, several kinds of encoding schemes
are specified in correspondence with images to be encoded
and applications. However, in its basic scheme except for a
reversible process, an image is segmented into 8×8 blocks,
the blocks undergo the discrete cosine transform (DCT) ,
and transform coefficients are appropriately quantized and
are then encoded. In this scheme, since the DCT is done in
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units of blocks, so-called block distortion is produced, i.e.
block boundaries are visible when transform coefficients
are coarsely quantized and encoded. On the other hand,
recently, encoding schemes based on the wavelet transform
have been extensively studied, and various encoding
schemes using this transform have been proposed. Since
the wavelet transform does not use block division, it does
not suffer any block distortion and image quality a high
compression ratio is superior to that of JPEG[1].
In image coding based on wavelet transforms, the discrete
wavelet transform is first applied to the source image data.
The transform coefficients are then quantized and entropy
coded before forming the final output bit stream. One of
the beneficial properties of a wavelet transform, relative to
data compression, is that it tends to compact the energy of
the input into a relatively small number of wavelet
coefficients. To represent these coefficients efficiently
utilizing the multi-resolution characteristic of the wavelet
transform, many algorithms have been developed. e most
important three among these algorithms are EZW
(Embedded Zero-tree Wavelet) [2], SPIHT (Set
Partitioning In Hierarchical Trees) [3] and EBCOT
(Embedded Block Coding with Optimized Truncation) [4].
EBCOT has become the basis of the JPEG2000
international standard. The other very important algorithm
is SBHP (Sub-band Block Hierarchical Partitioning) [5],
which attracted significant levels of attention during the
JPEG2000 development process.
By changing EZW’s searching strategy and adopting set
partitioning algorithm, SPIHT algorithm achieves high
compression performance and it’s regarded as one of the
most advanced algorithms in the area of the transformation
based image compression algorithms. But after analysis we
found that SPIHT algorithm has the following drawbacks:
1)

2)
3)

SPIHT adopts a separation coding procedure, which
priority scanning coding and then quantization
coding. This will lead to too many bits for location
information rather than an important coefficient of the
coding and will reduce the quality of reconstructed
image especially at low bit rate.
SPIHT uses three sets (LIS, LIP and LSP) to store
coding information which needs large storage.
SPIHT applies Mallat algorithm [1] to realize fast
wavelet transform, which incurs convolution
computation with large image data and bad real time
performance.

LZC algorithm [6, 7] is an easy-to-implement Zero-tree
coding algorithm which is based on SPIHT. This algorithm
uses two flag map to store coding information instead of
three sets in SPIHT, which lowers the memory
requirements. But using of depth-first searching strategy
lowers the compression performance of the coder.

In order to solve the problems, this paper presents a new
Zero-tree algorithm which is also based on SPIHT. This
algorithm enhances low bit rate compression performance
by re-defining the Zero-tree structure and changing the
coding process of SPIHT. Moreover, lifting scheme instead
of fast Mallat algorithm is used to realize wavelet
transform, and flag map instead of sets is used to store
coding information. All these features lower the coding
complexity and memory requirement of this algorithm and
ensure its easy implementation.

B. Discrete Wavelet Transform (DWT):
The main idea in using transformation is to compact the
energy of signals in much less samples than in time
domain, so we can discard small transform coefficients.
Wavelet transform has a good location property in time and
frequency domain and is exactly in the direction of
transform compression idea.
The discrete wavelet transform (DWT) refers to wavelet
transforms for which the wavelets are discretely sampled.
A transform which localizes a function both in space and
scaling and has some desirable properties compared to the
Fourier transform. The transform is based on a wavelet
matrix, which can be computed more quickly than the
analogous Fourier matrix. Most notably, the discrete
wavelet transform is used for signal coding, where the
properties of the transform are exploited to represent a
discrete signal in a more redundant form, often as a
preconditioning for data compression. The discrete wavelet
transform has a huge number of applications in Science,
Engineering, Mathematics and Computer Science.
Wavelets are functions that satisfy certain mathematical
requirements and are used in representing data or other
functions. The basic idea of the wavelet transform is to
represent any arbitrary signal ‘X’ as a superposition of a set
of such wavelets or basis functions. These basis functions
are obtained from a single photo type wavelet called the
mother wavelet by dilation (scaling) and translation
(shifts). The discrete wavelet transform for two
dimensional signal can be defined as follows.


w(a1, a2,b1,b2)= ψV
√

ó% Ø%'
a1,

,

a2,

W ………….….

(3)

Where, a= a1a2
The indexes w(a1, a2,b1,b2) are called wavelet coefficients of
signal X and a1, a2 are dilation & b1, b2 are translation, ψ is
the transforming function, which is known as mother
wavelet. Low frequencies are examined with low temporal
resolution while high frequencies with more temporal
resolution. A wavelet transform combines both low pass
and high pass filtering in pectral decomposition of signals.
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C. Two Dimensional Wavelet Transform
Figure 3 shows how to use a wavelet transform to
decompose an image. After applying the wavelet transform
to every column of the image, we get two outputs
including the L-sub-band and H-sub-band. Then we
apply the wavelet transform to every row of these two
outputs separately. The result contains four parts; they are
referred to as LL, HL, LH and HH sub-bands. Such a
process is called the one-level two dimensional wavelet
transform. If we repeatedly do such transforms to the LL
sub-band,
Apply DWT to L-Sub-band
Apply

Original Image

every column

DWT

to

H-Sub-band

Apply

DWT
Apply
DWT
to LL
sub
band

1LL
Sub

1HL
Sub

1HL
Sub

1HH
Sub

to

compression ratios avoid blocking artifacts. Because of
their inherent multiresolution nature, wavelet-coding
schemes are especially suitable for applications where
scalability and tolerable degradation are important.
Recently the JPEG committee has released its new image
coding standard, JPEG-2000, which has been based upon
DWT.

A. The Features of DWT
The discrete wavelet transform provides good energy
compaction. Most coefficients are small or zero, that is
why the wavelet coefficients can be compressed.
Furthermore, the DWT inherently is a multi-resolution
image representation. It is very useful to some applications.
Integer DWT decomposition can be used for lossless and
lossy compression. The scaled coefficients are very
suitable for embedded coding. The embedded bit-stream
that results from the bit-plane coding in each sub-band (or
small blocks) provides many scalabilities and, many other
features, such as SNR, resolution, random access, etc. So
DWT is very suitable for image compression, this is why
the JPEG2000 standard strongly adopted DWT as the main
transform instead of attempting further improvement on the
Discrete Cosine Transform.

3. LIFTING WAVELET TRANSFORM

Fig. 1: Two Level Wavelet Transform
Then we can get a multi-level wavelet transform. The leftbottom diagram in Figure 3 shows the final result of a 2level wavelet transform. The DWT has several
characteristics that make it suitable for image coding.
Firstly, after the wavelet transform, most coefficients are
small or zero. This characteristic provides the opportunity
for image compression. The second feature is that DWT
naturally has multi-resolution scalability. Thirdly, no block
artifacts occur on the reconstructed image at low bit-rates,
because the DWT is applied to the whole image rather than
a small block. Finally, DWT can be used for both lossless
and lossy compression.

A simple implementation of the 2_D DWT decomposition
using convolution is quite demanding of computer
memory, because it requires a large amount of memory to
store the entire set of image data. In practice, an alternative
implementation, the lifting scheme, is used; which
significantly reduces the requirements for memory and
computation. For lossless compression, only reversible
integer transforms are implemented using lifting. Lifting is
based on three stages: split, prediction, and update:
1. Splitting the input signal x(n) into even and odd
0
0
indexed sub-sequences s [n]=x[2n], d [n]=x[2n+1];
2. Predicting each odd sample as a linear
combination of the even samples and subtracting it
1
from the odd sample to form the prediction error di ;
3. Updating the even samples by adding to them a linear
combination of the already modified odd samples to
1
form the updated sequence si .

2. METHODOLOGY
Over the past several years, the wavelet transform has
gained widespread acceptance in signal processing in
general and in image compression research in particular. In
applications such as still image compression, discrete
wavelet transforms (DWT) based schemes have
outperformed other coding schemes like the ones based on
DCT. Since there is no need to divide the input image into
non-overlapping 2-D blocks and its basis functions have
variable length, wavelet-coding schemes at higher
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Fig. 2: Typical lifting stage
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C. Advantages of Lifting Wavelet
This method favors hardware realization, can carry on the
fast original position operation, does not need external
storage space, computation complexity is lower and easy to
reversible transformation, the wavelet coefficient obtained
is the same as with which is obtained by using traditional
wavelet transformation. The main advantage of the lifting
wavelet transform is that it is efficient for implementation.
The calculation in each step of the transform can be done
completely in place.
For the Daub 9/7 biorthogonal wavelet [14], the lifting
scheme only requires 14 floating point arithmetic
operations, including 8 additions and 6 multiplications per
data point for every decomposition level, whereas in case
of the standard filter bank scheme, there are 23 arithmetic
operations required per data point for every decomposition
level [4]. Therefore, the total computational cost of the
lifting scheme is 60.87% of that in the standard filter bank
implementation, which greatly improves the speed of the
wavelet transform

In the EZW tree, the pixel in the lowest sub-band has
three children. Other pixels, except for those in the
highest bands, have four children. In the SPIHT tree, one
fourth of the pixels in the lowest bands (noted with a “*”)
do not have a child. Other pixels, except for those in the
highest bands, have four children. Figure 10 shows the
difference between the two tree structures.
SPIHT defines two types of zero-tree, the first type
consists of a single root coefficient having all descendants
within a given bit-plane, and this differs from the EZW
zero- tree, in that the root itself need not to be zero. The
second type of zero-tree is similar but also excludes the
four children of the root
The trees are further partitioned into four types of sets,
which are sets of coordinates of the coefficients:
•

O(i, j) : This is the set of coordinates of the offsprings
of the wavelet coefficient atlocation (i, j). As each
node can either have four offsprings or none, the size
of O(i, j) is either zero or four. For example, in Figure
the set 0(0, 1) consists of the coordinates of the
coefficients bj , b2 , b3 , and b4 .

•

D(i, j) : This is the set of all descendants of the
coefficient at location (i, j). Descendants include the
offsprings, the offsprings of the offsprings, and so on.
For example, in Figure the set D(0, 1) consists of the
coordinates of the coefficients bl , …. , b4 , b11, …,
b14 ,… , b44. Because the number of offsprings can
either be zero or four, the size of 1J(i, j) is either zero
or a sum of powers of four.

•

H : This is the set of all root nodes-essentially band I
in the case of Figure

•

L(i,j) : This is the set of coordinates of all the
descendants of the coefficient at location (i, j) except
for the immediate offsprings of the coefficient at
location

•

(i, j). In other words,

•

L(i, j) = D(i, j) – O(i, j).

D. SPIHT (Set Partitioning In Hierarchical Trees
In 1996, Said and Pearlman [3] devised a method called
SPIHT (Set Partitioning In Hierarchical Trees) which was
motivated by, and has several features in common with, the
EZW, but the performance was improved by up to 1.3dB
PSNR (Power Signal-to- Noise Ratio) and there are a
number of significant differences between the two coding
methods. Firstly, the order of the significance and
refinement passes is reversed. Secondly, the parent-child
relationship in the lowest sub-band is different. Finally, the
output bits are binary rather than symbols as in the
EZW, and its output has two versions: one is the
binary-uncoded without entropy coding while the other is
entropy coded using an arithmetic code.

In Figure the set ,L(0, 1) consists of the coordinates of the
coefficients b11,…b14,…,b44.

Fig. 3: Tree structure of SPIHT

A set D(i,j) or L(i,j) is said to be significant if any
coefficient in the set has a magnitude greater than the
threshold. Finally, thresholds used for checking
significance are powers of two, so in essence the SPIHT
algorithm sends the binary representation of the integer
value of the wavelet coefficients. The bits are numbered
with the least significant bit being the zeroth bit, the next
bit being the first significant bit, and the kth bit being
referred to as the k - 1 most significant bit. With these
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definitions under our belt, let us now describe the
algorithm. The algorithm makes use of three lists: the list
of insignificant pixels (LIP), the list of significant pixels
(LSP), and the list of insignificant sets (LIS). The LSP and
LIS lists will contain the coordinates of coefficients, while
the LIS will contain the coordinates of the roots of sets of
type 'D’ or 'L’. We start by determining the initial value of
the threshold. We do this by calculating
n = |_log2 Cmax_|

have been added to the list in this pass because, by
declaring them significant at this particular level, we have
already informed the decoder of the value of the nth most
significant bit
This completes one pass. Depending on the availability of
more bits or external factors, if we decide to continue with
the coding process, we decrement n by one and continue

E. Algorithm Inefficiencies

where Cmax is the maximum magnitude of the coefficients
to be encoded. The LIP list is initialized with the set H.
Those elements of H that have descendants are also placed
in LIS as type 'D entries. The LSP list is initially empty. In
each pass, we will first process the members of LIP, then
the members of LIS. This is essentially the significance
map encoding step. We then process the elements of LSP
in the refinement step. We begin by examining each
coordinate contained in LIP. If the coefficient at that
coordinate is significant (that is, it is greater than 2n), we
transmit a 1 followed by a bit representing the sign of the
coefficient (we will assume 1 for positive, 0 for negative).
We then move that coefficient to the LSP list. If the
coefficient at that coordinate is not significant, we transmit
a zero.
After examining each coordinate in LIP, we begin
examining the sets in LIS. If the set at coordinate (i, j) is
not significant, we transmit a zero. If the set is significant,
we transmit a 1. What we do after that depends on whether
the set is of type 'D’ or 'L’.
If the set is of type 'D, we check each of the offsprings of
the coefficient at that coordinate. In other words, we check
the four coefficients whose coordinates are in O(i, j). For
each coefficient that is significant, we transmit a one, the
sign of the coefficient, and then move the coefficient to the
LSP. For the rest we transmit a zero and add their
coordinates to the LIP. Now that we have removed the
coordinates of O(i, j) from the set, what is left is simply the
set L(i, j). If this set is not empty, we move it to the end of
the LIS and mark it to be of type L. Note that this new
entry into the LIS has to be examined during this pass. If
the set is empty, we remove the coordinate (i, j) from the
list.
If the set is of type ,L, we add each coordinate in O(i, j) to
the end of the LIS as the root of a set of type 'D. Again,
note that these new entries in the LIS have to be examined
during this pass. We then remove (i, j) from the LIS. Once
we have processed each of the sets in the LIS (including
the newly formed ones), we proceed to the refinement step.
In the refinement step we examine each coefficient that
was in the LSP prior to the current pass and output the nth
most significant bit of |Ci,j|. We ignore the coefficients that

Though SPIHT achieves excellent rate-distortion
performance [8], it does not provide entirely the desired
features of progressive transmission, spatial scalability and
optimal perceptual quality as it uses an inefficient
partitioning method without the consideration of HVS
characteristics.
Bits indicating the insignificance of a coefficient are
required, but do not code information that reduces the
distortion of the reconstructed image, thus leading to a
reduction of zero distortion for an increase of non zero rate.
This inefficiency arises from the use of LIP and LIS. In
LIP, the significance information of tree roots is analyzed
coefficients whereas in LIS sets of four coefficients are
checked for significance together. Therefore LIP is not
very efficient in coding significance information. If four
tree roots in Lip are insignificant, four bits are required to
code this information.. but if they were grouped together in
LIS, only one bit would be required to code their
insignificance. Hence a very small coefficient in LIP
causes a bit denoting its insignificance to be sent for many
passes; likely it may code even more bits to denote that its
descendents in LIS are also insignificant. The high
percentage of the resulting bit stream that consists of
insignificant bits causes very poor image quality at low bit
rates. Additionally, there is no mechanism for ensuring
spatial scalability, which can actually be done by giving
priority to coefficients from the coarse scales to fine scales.
This results in poor quality in low resolution images.
The image compressed by SPIHT algorithm is not
guaranteed to be optimal in the sense of perceptual quality,
since SPIHT does not explicitly considers HVS properties.
Instead, it minimizes the MSE measure that is only rough
approximation to visual distortion. In order to provide an
efficient progressive transmission, it is important to send
the most visually significant coefficient at each pass so that
that image can be easily recognized.
Another problem of SPIHT coder is that algorithm uses list
structures to keep track of which sets must be tested. The
use of lists in SPIHT causes a variable, data dependant
memory requirement and the need for memory
management as list nodes are added, removes and moved.
At high rates, there can be as many lists nodes as
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coefficients.
This
implementation.

is

undesirable

in

practical

to store its three lists, but LZC only needs 40KB to store its
two flag maps. But the performance of LZC is lower than
1dB [10]. The reason is that LZC
SPIHT by about 0.5
used depth-first searching strategy and iterate algorithm,
which greatly increased the computation complexity and
lower the coding speed. Take this into consideration, the
listless algorithm presented in this paper adopts low
frequency first searching strategy, and at the same time, it
changed the coding sequence in SPIHT to enhance the
compression performance.

～

4. IMPROVED ZEROTREE STRUCTURE
Shapiro’s zerotree is base on the hypothesis that if a
coefficient at a coarse scale is insignificant with respect to
a threshold T, then all its descendants is insignificant.
Based on zerotree, SPIHT algorism accomplish efficiently
embedded coding by list definition and splitting, but
statistics show that there is redundancy in the zerotree
structure of SPIHT algorism, as every coefficient in the
coarsest scale is coded, that is, every root node is coded
individually. Experiments show that not all coefficients in
the coarsest scale is significant, and based on this
information, we can conclude that when the coefficient
significance is decided in sequential scanning process, only
a small part of the bits is used to code significant
information (especially in low bit rate situation). This
greatly impairs resolution of the reconstructed image.
There is a necessity to further split the sets.
For most images, wavelet transform gathers large part of
energy of the image on low frequency, and the lower the
frequency, the lesser energy is gathered there. Statistics
show that usually, the value of the father node is larger than
the children node. At the same time, the values of the
adjacent nodes are very similar to each other. The zerotree
based parent child dependency and brother dependency are
two main dependencies in wavelet transform. Shaprio
hypothesis utilized the parent-child dependency to define
the zerotree structure. This reduced performance of the
coding algorism to some extent. Improved zerotree
structure is brought out to more efficiently utilize the
significant coefficients. Based on the facts that adjacent
coefficients in same band are usually close to each For
most images, wavelet transform gathers large part of
energy of the image on low frequency, and the lower the
frequency, the lesser energy is gathered there. Statistics
show that usually, the value of the father node is larger than
the children node. At the same time, the values of the
adjacent nodes are very similar to each other. The zerotree
based parentchild dependency and brother dependency are
two main dependencies in wavelet transform. Shaprio
hypothesis utilized the parent-child dependency to define
the zerotree structure. This reduced performance of the
coding algorism to some extent. Improved zerotree
structure is brought out to more efficiently utilize the
significant coefficients. Based on the facts that adjacent
coefficients in same band are usually close to each

5. LISTLESS ZERO-TREE CODING
Listless Zero-tree coding is first presented by Wen Kuo
Lin. Two flag maps replaced the three lists in SPIHT.
When coding a gray image, SPIHT needs 1.125M memory

LZC algorithm. Sizes and Scan order of the flag maps are
shown in figure 4 and figure 5 respectively.
Steps to code an image:
Initializing: output



Clear flag map C F , D F and L F ,set

0,01 L F .

 alone
a) If 0,01 C F ，output C0,0the bit of n
floor；
b)
Else,
output
S
C0,0n ，if S
C0,01 n OutputC0,0sign digit;
Set 0,01 C F .
3) Scan D F ，if F (x, y) 1 D ，and every k,
l∈
O x, y
a) If F  k,l    1 C ，outputCk,l the bit of n
floor；
b) Else， output S Ck ln , ，if S
Ck,l1 n
OutputCk, lsign digit；
Set F k,l1 C .
4) Scan L F ，if F x, y1 L
a
If F x, y0 D , output S Dx yn , , if S
Dx, y1
Set F x, y1 D；
Each k, l∈O x, y , output S  C k l   n ,；
if S Ck,l1 n
InputCk,lsign digit；
Set F k,l1 C .
If Lx, yset F x, y0 L , else to step
b).
b) If F x, y1 D，output S Lx yn , ，if S
Lx, y1 n
Set F x, y0 L；
Each k,l∈Oi, j，set F k,l1 L .
5) Quantization footstep updaten n −1，to step 2).
2) Code the coefficient C 0,0
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Abstract: This paper focuses on the security system of the
home when the user is not present or is away from the
place. As crime rate is increasing with every minute and
everybody wants to be secure for their security measures
which they prefer for their homes so that they can get the
information for each and every second about their place.
Mainly the security system will help them to detect
Intrusion and in addition with that gas leakage and fire
alarm will be detected using GSM module. If there is any
problem is detected then user will be informed via SMS, so
that preventive measures can be used. This will help the
user to take advantage of today’s advanced technologies
and feel secure every time after moving out.

for the home security system with a large number of nodes.
Whereas, ZigBee Wireless Network is a public frequency
network therefore its interface is highly risky to be used for
official private information. The speed and the viability of
the wireless signals drop as more and more users use the
same frequency. Therefore, GSM module is used so as to
overcome all the problems in previous technologies.

Keywords: Microcontroller (AT89S52) Global System for
Mobile
Communication
(GSM),
Short
Message
Service(SMS)

1. INTRODUCTION
Main aim of this project is to develop a security system for
Home against Intruders, Gas Leakage and fire with SMS
based tracking of various locations of home while the users
are not present at home. The rapidly advancing mobile
communication technology and the decrease in costs make
it possible to incorporate mobile technology into home
security systems. As the integrated circuits and
microprocessors become more and more accessible and the
Mobile communication is a fact of today with the improved
availability of cellular networks, these advancements
naturally should find use in modern home security systems.
These systems provide the consumers increased security
and safety, economic benefits and convenience by giving
them control over the house. The proposed microcontroller
based Home Security System is shown in the fig (1).

Fig 1: Block Diagram
SYSTEM ARCHITECTURE: The mobile phone serves
as a remote control through which a user can interact with
the home security system. The controller board resides at
home and works as a home server, which carries out the
task of monitoring home. The SIM (Subscriber Identity
Module) at home inserted in GSM modem will
communicates with the remote user. The system
architecture for this system is shown in fig(2).

At present, the home security systems mainly includes:
IrDA infrared technology, Bluetooth and ZigBee
technology. As per results IrDA is a short distance for the
half-duplex point-to-point communication [4][1]. So, it’s
inconvenient and of high error rate, which make IrDA not
applicable to the network communication.
Bluetooth technology is limited by network capacity and it
costs much. So Bluetooth technology is also not suitable
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Fig. 2: System Architecture
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2. PROPOSED SYSTEM AND
METHODOLOGY
We proposed home security system based on GSM network
technology for transmission of SMS from home to user,
when the user is away from home[4]. This security system
enables the user to have a eye on home remotely. The
system is capable enough to give information to user about
the condition of the home while the user is not at home.
The home security system consists of the following
components:
Microcontroller: This unit contains the software
components such as the home appliances control system
through which the appliances are controlled [4].
GSM Module: It is a hardware component that allows the
facility to send and receive SMS to and from the system as
shown in fig(3).In this a SIM card is inserted and the user’s
number is also fed so that SMS can be send when required
[5].
Mobile Device: Cellular phone with user containing SIM
card has a specific number through which communication
takes place. The device communicates with the GSM
Module via wireless network. Mobile user receives SMS
using GSM technology regarding home security status.

GSM Module: GSM module is a plug and play device and
is attached to the Microcontroller which then
communicates with the Microcontroller via port. GSM
module is a bridge responsible for enabling/ disabling of
SMS capability.
Cell Phone: Mobile device communicates with the GSM
module via radio waves. The mode of communication is
wireless and mechanism works on the GSM technology.
Cell phone has a SIM card and a GSM subscription.

3. ADVANTAGES OF HOME SECURITY
SYSTEM
Home security system has many advantages such as remote
controlling of home, cost efficient, almost accurate and also
extensible. The user can get alerts anywhere through the
GSM technology thus making the system location
independent. The cost of the system is low as the
components used are cheap and easily available, which cuts
down the overall cost of the system. GSM technology
provides the benefit that the system is accessible in remote
areas as well. The system integration is also simple.

4. RESULT
Table(1): Result of Home Security System Model

SENSORS
FIRE
GAS
LEAKAGE
INTRUSION

Text Sent To User
FIRE FIRE FIRE
GAS IS LEAKING

SMS sent
yes
yes

GSM BASED ANTI
THEFT SYSTEM

yes

5. CONCLUSION
In this paper low cost, secure, universally accessible,
remotely controlled solution for security of homes has been
introduced. The approach discussed in the paper is novel
and has achieved the target to secure home using the SMSbased system satisfying user needs and requirements. The
system provides the facilities of fire alarm, gas leakage and
intrusion.

Fig. 3: GSM Module
WORKING: The working of Home Security System
Fig(2) is explained as follows:Microcontroller: Microcontroller is the main module that
helps in the home security system installed on the board.
Systems work on GSM technology for transmission of
instructions from sender to receiver.

GSM technology capable solution has proved to be
controlled remotely, provide home automation and is costeffective as compared to the previously existing systems.
Hence we can conclude that the required goals and
objectives of home security system have been achieved.
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Image Gradient Regression Approach
for Face Recognition
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Abstract:- This paper represents a robust face recognition
system. The proposed face recognition system consist is
useful in forming an effective face recognition. Proposed
method overcomes the problem of multi collinearity and
also give good results in case of small sample size (SSS)
problem . In Image Gradient Regression Approach (IGRA),
first in preprocessing stage image is transformed by
normalizing gradient of the image. Then image is
converted into zero average data matrix. After
preprocessing ridge regression is executed on projected
data and identity is determined by calculating maximum
correlation coefficient. Experiments carried out on faces94
and Pie facial databases reveal that the proposed
framework outperforms the state-of-the-art methods and
demonstrates promising abilities against face recognition.
Keywords: IGRA, Principal component analysis (PCA),
Principal component analysis with zero centred
image(PCAZ),FRR,FAR

1. INTRODUCTION
Face recognition, as one of the most typical applications of
image analysis and understanding, has attracted significant
attention in many areas such as entertainment, information
security, law enforcement, and surveillance [5].Most of the
approaches have used PCA for building efficient
recognition for subsequent representation. However if
training images are taken under non-ideal conditions, then
obtained orientation encompass undesirable effects [9]. The
class of most similar vector is the result of recognition
process. A typical face recognition system consists of the
following three stages: face detection, face representation
and face classification [5]. Psychological studies suggest
that face recognition by human beings can be featural,
configurational, and holistic [6]. Although PCA is the
general method of face recognition by finding directions in
which set of vectors are best represented in least square
sense and larger variance[1]. In traditional PCA correlation
of input data can be removed. Due to orthogonal property
among eigenvectors one principal component cannot be
predicted from other so instead of PCA we used to get
better results using PCAZ. Linear regression coefficients
also perform better results in case of illumination
invariance while dropping principal coefficients [2]. Javier
Ruiz-del-Solar et. al.[1] proposed that the performance of

PCA depends upon no. of samples available whereas
performance of KFD depends upon the number of target
per class so in case of less no. of samples KFD gives better
results. Eigenfaces or Fisherfaces are simple approaches
however kernel method results in low processing speed but
still kernel method performs better results. Baochang
Zhang, Yongsheng Gao, Sanqiang Zhao et. al.[3] proposed
a Linear LBP cannot provide a detailed description for
faces by encoding the binary gradient directions. However,
the higher order LDP can provide more detailed description
by coding the higher order derivative direction variations.
However LDP more than third order derivatives presents
much noise. Jiwen Lu and Yap-Peng Tan et. al.[4]
proposed PRLPP(Parametric regularization) consistently
outperforms PCA, LDA, and LPP in terms of recognition
accuracy. Compared with PCA and LDA, PRLPP can
better preserve the nonlinear manifold structure as LPP,
which is more suitable for large-scale face recognition.
Shufu Xie, Shiguang Shan, Xilin Chen, Jie Chen et. al.[5]
proposed Gabor wavelet captures salient visual properties
such as spatial localization and orientation selectivity, this
approach generally performs better than LBP. Using local
Gabor XOR pattern dimensionality can be reduced by
applying FLD but it also suffers from small size problem
so BFLD is used. Similarity measure is necessary for face
recognition. For histogram similarity, it is often to compute
“distances” between two faces, and then, use a defined
distance metric for similarity measure. On the other hand,
kernel-based schemes can be used for face recognition,
where an inner product is performed. Most classical
HBLDs (Histogram based local derivatives) can only be
used to deal with the aligned shapes and are sensitive to
distortion and quantization of the images [6]. Huiyu Zhou
and Abdul H. Sadka et. al. [7]
proposed GV-LBP
approach for face recognition and CMI and LDA are
utilized to reduce redundancy and make representation
more compact. Wonjun Hwang, Haitao Wang et. al.[8]
proposes face recognition system using illumination
insensitive preprocessing method and hybrid fourier based
feature extraction and score fusion scheme. Dr. H.B.Kekre,
Sudeep D. Thepade, Akshay Maloo et. al. [10] proposes
CBIR a faster image retrieval technique based on feature
vector on feature vector dimension reduction with
Eigenvectors of Covariance Matrix using Row, Column
and Diagonal Mean Sequences. Here the complexity of
mage retrieval is tremendously reduced.
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The novelty of this paper is to propose an improved face
recognition approach, which could overcome the problem
of singularity in linear regression. PCAZ although gives
better result as compared to PCA but IGRA gives much
better results. IGRA used gradient image, as face shape of
different persons are different moreover this technique
may work for SSS (small sample size) database.

covariance

[

matrix

we

Pˆ = Pˆ1 , Pˆ2 ,......., Pˆk

(

]

ˆ
have Λ

ˆ = diag λˆ , λˆ ,.......λˆ
Λ
1
2
k

)

= Pˆ T ∑ˆ Pˆ

and
with

λˆ1 ≥ λˆ 2 ≥ ...... ≥ λˆ k
corresponding

where

eigenvalues
and

eigenvectors

as
their
of

Rest of this paper is organised as follows: different
approaches used in face recognition is described in section
II. IGRA approach has been described in section III.
Experimental result and analysis has been described in
section IV. Conclusion has been summarised in section V.

becomes

A. PCA with Zero Average

B. FAR and FRR

The PCA is widely used for dimensionality reduction in
computer vision fields, especially for face recognition
technology [2]. It was found from that instead of PCA,
PCAZ will gives much better result.

FAR is the probability that the system incorrectly matches
the input face to a non-matching template in the database.
It measures the percent of invalid inputs which are
incorrectly accepted. In case of similarity scale, if the
person is imposter in real, but the matching score is higher
than the threshold, then he is treated as genuine that
increase the FAR and hence performance also depends
upon the selection of threshold value.

Given a set of N images the image data matrix becomes
X=[x1, x2,x3,......,xN]. In PCAZ data vector would be
subtracted by mean of row vector

xm =

1 L
∑ x m,l i.e
L l −1

instead of mean of column vectors as was in traditional
PCA i.e. each image data matrix will be converted into zero
average
data
matrix,

Pˆ1 , Pˆ 2 ,...... Pˆ k of ∑ˆ

. Thus, the PCAZ projection

Yˆ = Pˆ T Xˆ

FRR is the probability that the system fails to detect a
match between the input face and a matching template in
the database. It measures the percent of valid inputs which
are incorrectly rejected.

^

X = [ x1 − x1 , x2 − x2 ,......., xm − xm ] . Finally similar
to PCA , the sample covariance matrix for PCAZ is given
1
by
∑ˆ =
Xˆ Xˆ T , After decomposition of
M

2. DIFFERENT APPROACHES USED IN
FACE RECOGNITION
Basically there are two approaches: expressive and
discriminative for face recognition. Shown below in fig.1

Face Recognition Approaches
Reconstructive
Approaches
PCA(Principal
Component
Analysis)

ICA(Inde
pendent
Compone
nt
Analysis)

Discriminative Approaches

PLSR(Part PCR(Princi
ial Least
ple
Square
Component
method)
Analysis)

LDA(linear
discriminat
Analysis)

GDA(gene
ral
discriminat
Analysis)

LDP(Local
Derivative
Pattern)

LBP(Local Binary
Pattern)

Fig.1: Face recognition approaches
Although recognition rate for discriminative approach is
high but still it suffers some of the basic problems such as
small sample size(SSS) problem which basically occurs
when sample dimensionality is larger than the no. of

available training sample per subject on the other hand the
expressive approaches are not susceptible to the SSS and
thus are applicable to most extreme case of such kind of
problem[11].
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resized to 20X18 pixels whereas pie database picture was
approximately resized to 64X49 pixels. We compared the
proposed method with PCAZ technique [2].

In this a novel face recognition system based on regression
analysis is proposed. Most of the faces have similar
structure and they are highly correlated so it is difficult to
recognise face using least square method.

C. Preprocessing
It is found that face shape is also an important feature that
we can obtain by finding gradient of image so we take the
gradient map

∇χ =

∂X ∂X
+
∂x ∂y

However this method has one shortcoming: it blurs the step
edge region of an image. To overcome this weakness we
adopt anisotropic approach [8].Instead of taking ∇ χ for
further operation we use to take

The Faces94 database contains images of 153 subjects with
20 samples per image. 20 subjects were used for evaluation
taking 10 samples per image. In the Pie database 68
images of 68 subjects were used for evaluation moreover
pie database also consist of images for different
illumination for all the 68 subjects out of which 40 subjects
images were used for evaluation taking 5 samples per
image.FRR and FAR was calculated on the basis of above
explained algorithm and results are as shown in table I.
Results of different databases using IGRA are shown in
figures. Where fig.2, 3, 4 shows correlation of database
with test image when original image has been used as
input. fig. 5,6,7 shows correlation of database with test
image when pre-processed image has been used as an
input.

W = α ∇ χ + (1 − α ) χ
Where

c o rr e la t io n o f d a t a b a s e w it h t e s t im a g e

3. IMAGE GRADIENT REGRESSION
APPROACH

1

0.95

0 ≤ α ≤ 1.

Matching database
0.9

0.85

D. Ridge Regression
The goal of ridge regression is to find the maximum
correlation of test image with training image. Let us
consider N images then image data matrix becomes
W=[W1, W2,W3,......,WN].Then this image data matrix is
converted into zero average data matrix and we get matrix

0.8

Mismatch database

0.75
0.7

0.65

0

10

20

30

W = [W1 − W1 ,W2 − W2 ,.........,WN − WN ]
Now
βi= (WiTWi+λI)-1WiTy where i=1,2,3.....,N

40

50
60
Image Index

70

80

90

100

Now recognition of testing image y with training data w is
found by
D=maxcorr(||βi||,||y||)
To determine the accuracy of result we use to calculate
FAR and FRR.
1 ¢ >∈v
FR=¦
0 ¢ <∈

Where ∈ is the threshold for accepting a image i.e. if value
of D is greater than ∈ than this image will be treated as
detected.

4. EXPERIMENT RESULT AND ANALYSIS

c o rr e la t io n o f d a t a b a s e w it h t e s t im a g e

Fig. 2: Faces94 database correlation with test images
when original image has been used as input image
1
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Mismatch database

0.8
0.7
0.6
0.5

We have examined our algorithm on two publicly available
databases Faces94 and Pie database all images are resized
by 0.1 scaling factor i.e. Faces94 database pictures were

Matching database

0.9

0

5

10

15
20
Image Index

25

30

35

Fig. 3: Pie database(for SSS problem) correlation with
test images when original image has been used as input
image
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TABEL I. (FAR and FRR on used Database)

Database

PCAZ

PCAZ with INGI
images

Face recognition using
ridge regression
analysis with INGI
FRR(%)
FAR(%)

FRR(%) FAR(%)

FRR(%)

Faces94 database

41

0

10

0

1

1

1

0

Pie database

8.8235

2.9412

2.9412

17.6471

0

5.8824

0

2.9412

0

62

0

20

0

22

0

with 72

1

c o r re la t io n o f d a t a b a s e w it h t e s t im a g e

c o r r e l a t io n o f d a t a b a s e w i t h t e s t i m a g e

Pie database
illumination
invariance

FAR(%)

Face recognition using
ridge regression
analysis
FRR(%)
FAR(%)

Matching database

0.9
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0.6
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Image Index

70
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0.5

100

Fig.4: Pie database (for illumination invariance)
correlation with test images when original image has
been used as input image
1
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Fig.5: Pie database (for SSS problem) correlation with
test images when gradient image has been used as input
image
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Fig.6: Pie database (for illumination invariance)
correlation with test images when gradient image has
been used as input image

Fig.4: Faces94 database correlation with test images
when gradient image has been used as input image
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[5]

5. CONCLUSION
An image gradient regression approach has been proposed
for face recognition. It Furthermore we have used our
approach for three different kind of problem. First database
contains large no. of samples per image it shows better
results as compared to PCAZ. Second database contains
small sample size problem i.e only one test image per
sample is available. Third database to study illumination
variation problem. The entire three problem have shown
higher accuracy as compared to the PCAZ approach.
Additionally, IGRA have advantages of fast computation,
as compared with PCAZ.
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Abstract: This paper presents a new approach using mat
lab computation technique for steady-state analysis of self
excited induction generator. The proposed iteration method
is developed for determination of self excited per unit
frequency and magnetizing reactance. The results are
compared with piecewise linear approximation as used by
other research persons. Results obtained from iteration
method are very close with piecewise linear approximation
results. The results comparison confirms the validity,
accuracy and simplicity of iteration method in the field of
performance analysis of self-excited induction generator
(SEIG).
Keywords: self-excited induction generator, steady state
analysis, and iteration technique.

NOMENCLATURE
a
per unit frequency
b
per unit speed
C
excitation capacitance per phase, µF
E1
air gap voltage per phase at rated frequency, V
f
rated frequency, Hz
Is
stator current per phase, A
I r rotor current per phase, referred to stator, A
IC
capacitor current per phase, A
Im magnetizing current per phase, A
IL load current per phase, A
Pout output power, W
R
load resistance per phase, Ω
R1
stator resistance per phase, Ω
R2 rotor resistance per phase, referred to stator, Ω
s
slip, (a-b)/a
V
terminal voltage per phase, V
X1 stator reactance per phase, Ω
X2 rotor reactance per phase, referred to stator, Ω
Xc capacitive reactance due to C at rated frequency, Ω
X m
magnetizing reactance per phase at rated
frequency, Ω

1. INTRODUCTION
The SEIG are most suitable for many applications such as
wind energy, tidal, small hydroelectric energy conversion.
Due to number of advantages of induction generator such
as simple& rugged construction, low cost, absence of d.c
excitation etc. These have been found most suitable for
wind energy conversion schemes. Induction generator can
be operated in two modes i.e. grid connected operation and
isolated induction generator operation. Self-excitation in an
induction machine takes place when rotor is driven by a
prime mover and a suitable capacitance is connected across
stator terminals. The machine operating in this mode is
called Self-excitation induction generator.
A proper circuit representation and accurate mathematical
modeling is needed to determine the steady-state
performance of self-excited induction generator .Mostly
researchers from last decade[1-7] used the impedance
model and few used [8-11] the admittance base model to
analyze the performance of SEIG.
In loop impedance method [1-4] for a given load and
speed two nonlinear simultaneous equations
in
a
(frequency) and Xm are obtained by equating the real and
imaginary terms of the complex loop impedance as
respectively to zero. These equations can be solved by
Newton- raphson method.
In nodal admittance method [8-12] admittance connected
across the nodes which define the air-gap. By equating sum
of real parts equal to zero, a polynomial in frequency is
obtained. Xm can be determined upon equation the sum of
imaginary parts to zero by using the value of frequency
after solving polynomial. Both methods are effective with a
common drawback that lengthy and complicated algebraic
manipulations are required.

2. THEORY AND MODELING OF SEIG
In the analysis presented in this section, following
assumptions are made.
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1)

Only magnetizing reactance is assumed to be affected
by magnetic saturation and all other parameters are
assumed to be constant.
Leakage reactance of stator and rotor are taken to be
equal.
Core losses are neglected.
Mmf space harmonics and time harmonics in induced
voltage and current waveforms are ignored.

2)
3)
4)

3. ITERATION TECHNIQUE
With low operating slips (1) can be modified as
0 (0ü Q0 )
= − (ó  ²Q0
²

(3)

Where generated frequency is
r = s/1  

(4)



 %óü

ü Q0

Use of a too approximate equivalent circuit representation
omitting stator impedance and rotor reactance results into
the operating slip as
0
(5)
= − 0
Equations (4) and (5) may be used to compute the initial
value of frequency a0 (to start the iteration process) as:

rI = î
(6)
Q

Fig. 1. Per phase equivalent circuit representation for
self-excited induction generator.
The steady state values of xm and a are unknown and have
to be determined for given capacitance, speed and load to
calculate the steady state response using equivalent circuit.
As we know that to find out the frequency and magnetizing
reactance from newton-raphson method are not easily
solvable. So in this paper iteration technique is used for
find out the frequency and magnetizing reactance for the
given values of machine parameters. Analysis of equivalent
circuit of Fig. 1 results into the following equations for
steady-state operation as generator.
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Once the initial value for generated frequency is known,
the iteration process may be carried out using the following
steps:
1. Computations of initial value of frequency a0. from
(6).
2. Estimation of the value of s from (3) after substituting
the value of a as a0.
3. Finding of the new value of generated frequency a′
using the computed value of slip obtained in step 2,
from (4).
4. Comparison of the new value of frequency a′ with
previous frequency used in step 2 i.e. a0
If |a′ - a0|<ε where ε = 0.00000001
Then a′ may be treated as generated frequency, otherwise
process may be repeated by replacing a0 with a′ until
difference in the successive values for generated frequency
comes out to be ε.
The computed results on machine (Appendix-I) using
iteration technique have been shown in Table I. Now this
value of generated frequency has been used to computed
the magnetizing reactance £| using (2) as

£| = − 
(7)
? ð A²

ü
î Q
î

 úVïðñW² ? ðü A²úVîü ú ï W²

Computed value of Xm can be used to determine the air
gap voltage using magnetizing characteristics of the
machine [appendix-1].which will make the complete
resolution of the equivalent circuit of SEIG.

4. MEGNETIZATION CHARACTERISTICS
Magnetization characteristics of induction machine are
important for the analysis of SEIG. The nonlinear
magnetization curve of the SEIG is the only source to
develop the relationship between magnetizing reactance

♦ 484 ♦

Performance Analysis of Self-Excited Induction Generator Using Iteration Technique

and air gap voltage. This air gap voltage influences the
terminal conditions. Therefore, it becomes essential to
develop a model for representation of magnetization curve.

4

1.005

171.5

5

1.007

168.2

6

1.014

161.2

1) Piecewise Linear Approximation Modeling (PLA)
The nonlinear relationship between magnetizing reactance
Xm and air-gap voltage E1 using experimental data for
machine-1 may be represented by PLA as below

7

1.020

51.9

8

1.025

140.5

9

1.030

141.6

X m

< 169.20

E

1 = 512.69 − 2.13 X m

179.42 > X m ≥ 169.20

E

1 = 891.66 − 4.37 X m

184.46 > X m ≥ 179.42

E

1 = 785.79 − 3.78 X m

X m > 184.46

Table III: Comparison of Computed And Piecewise
Linear Approximation Results
Matlab
Computed
Results

E1=0
Sr.
No.

R

b

V (pu)

Pout
(pu)

V (pu) Pout (pu)

250

1

750.0

0.976

0.965

0.144

0.967

0.143

200

2

300.0

1.033

1.002

0.387

0.998

0.383

150

3

290.0

1.036

1.003

0.399

1.000

0.398

100

4

280.0

1.000

1.005

0.416

1.001

0.413

5

270.0

1.044

1.005

0.435

0.995

0.424

6

253.0

1.055

1.018

0.475

1.013

0.468

7

241.0

1.061

1.022

0.500

1.013

0.492

8

231.0

1.067

1.027

0.527

1.011

0.511

9

221.0

1.074

1.030

0.555

1.029

0.553

10

209.5

1.084

1.037

0.597

1.032

0.588

11

199.0

1.091

1.039

0.633

1.030

0.615

5. RESULT AND DISCUSSION

EI (V)

Piecewise Linear
Approximation
Results

50
0
0

0.5

1

1.5

2

Im (A)

Fig. 2. Magnetization characteristics of SEIG.
Table I : Results Determination Of Generated
Frequency ( C=23.75µ
µF)
Number of
Generated frequency, a
Iterations
R =750
R =209.5
Ω
R =280 Ω R =253 Ω R =241 Ω Ω
Initial
Value
0.965714 1.010971 1.010971 1.027069 1.043937
1

0.965714 1.010971 1.010971 1.027069 1.043937

1

0.960441 1.003842 1.015331 1.019433 1.035794

2

0.960507 1.003966 1.015469 1.019578 1.035962

3

0.960506 1.003964 1.015467 1.019575 1.035958

4

0.960506 1.003964 1.015467 1.019575 1.035959

5

0.960506 1.003964 1.015467 1.019575 1.035959

6

0.960506 1.003964 1.015467 1.019575 1.035959

1.2
20 micro
farad
piecewise
linear and
metlab
computed
results

II(pu)

1
0.8
0.6
0.4

25 micro
farad
piecewise
linear and
metlab
coputed
results

0.2
0

Table II : Computed Frequency and Magnetizing
Reactance
Sr.No.

By Iteration Model
a

X m (Ω)

1

0.960

182.46

2

0.999

180.42

3

1.003

175.9

0

0.1

0.2

0.3

IL (pu)

0.4

0.5

Fig. 3. Variation of terminal voltage with load.
Table III presents the comparison of PLA technique, and
matlab computed results for machine. The closeness of two
indicates the accuracy of matlab computed results and
shows the superiority of matlab over PLA technique.
Application of iterative technique along with mat lab and
linear approximation for machine
results in the
performance evaluating parameters such as generated
frequency ,terminal voltage ,magnetizing reactance ,output
power . The comparison of computed results from mat lab
computation gives the validity and accuracy of iteration
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technique for self excited induction generator. application
of proposed technique to self excited induction generator
results in the performance characteristics as shown in
figs.2-3.nature of variation of terminal voltage with load
comes out to be same as obtained by other researchers
using the piecewise linear approximation. However some
differences appear at the light loads which are due to
mathematical modeling of magnetic characteristics of
induction generator. This method is easy as compared to
piecewise linear approximation method.
Terminal voltage sharply falls with load these results in
poor voltage regulation for self excited induction generator.
But, it has been observed that this voltage can be controlled
by proper control of excitation capacitance .the voltage
increases with an increase in excitation capacitance for the
given value of load and operating speed .therefore
excitation capacitance may be used as a one of the control
variables. It is observed that the operating region for self
excited induction generator increases with an increase in
excitation capacitance. The maximum loading capability
can be increased by the proper selection of excitation
capacitance.

0.750 kW/1HP, 380V (rated line voltage), 1.90 A.
Specifications
R1 = 9.5Ω, R2 = 8.04Ω, X1 = X2 = 8.84Ω,
R=3.03 Ω
Base values
Base voltage =219.30 V
Base current =1.90 A
Base impedance=115.40Ω
Base Capacitance=27.5 µF
Base power=1.25 kW
Base frequency=50 Hz
Base speed=1500 rpm
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Dempster Shafer Theory: A Literature Survey
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Abstract: Nowadays great challenge in computing world,
every second technology is going on advanced and being
hybrid Technology. The Dempster Shafer Theory (DST)
became known to the safety and reliability community in
the early 1990s, and it is well-known for its usefulness to
express uncertain judgments of experts. This paper
addresses a soft computing approach of fusion of
registered multimodal medical images. It has been shown
here that Dempster Shafer (DS) theory provides a robust
platform for evidence fusion. This theory incorporates
uncertainty imprecision and conflicting situations in the
process of decision making into a mathematical
framework. Here we have discussed the approach with a
case study of SPECT and MR-T2 brain image fusion.
Keywords: Dempster Shafer Theory (DST), Image Fusion

1. INTRODUCTION
Fusion is an important step in the process of image
registration. It gives a more informative combined image of
two or more images [1, 2]. Medical image registration and
fusion process increases the reliability of clinical decisionmaking mechanism [1]. In most of the cases on medical
image, fusion provides anatomical localization of
functional parameters. In case of functional to functional
image fusion, combined image provides complimentary
functional information of the source images. In all these
situations, we have to deal with multiple information from
different image modalities. Image processing under this
circumstance needs data fusion techniques based on
exploiting redundant and complementary information from
different sources. We propose here an active fusion concept
for segmentation of the combined image according to the
intensity pattern of the corresponding pixels of the
registered images. The proposed method is based on the DS
theory of evidence. This evidence theory is an affective
tool for combining accumulative evidence or for changing
prior evidence in the light of new evidence [3]. This
method has been used successfully in other areas of pattern
recognition and classification. In most of the cases it
improves the reliability of decision process [4].

numerical measures correspond to the grey levels of the
physical point p in their respective images. The point p
may be of two different classes (Ci and Cj) in two images
with no prior connections. The combined field of
discernment is obtained by the Cartesian product of the
focal elements of two fields of discernments (FOD). Each
class

AND operation of corresponding classes of the component
images. Then the combined ‘BPA’ is obtained by using the
DS Theory (equation 6). Since the combined mass value is
in normalized form, the sum of mass values is also 1 [5].
Here we have discussed the method with two (SPECT,
MR-T2) registered axial brain images. This paper also
presents briefly the DS theory of evidence fusion followed
by discussion on the principle of estimation of mass values
to the pixel components.

2. DEMPSTER SHAFER THEORY OF
EVIDENCE FUSION
This model generalizes the Bayesian inference method.
Analogous to the Bayesian method, the DS technique
updates a prior mass density function to obtain a posterior
evidence interval. The evidential interval quantifies the
measure of belief of a proposition and its plausibility. Mass
density functions provide the analogy to Bayesian
probability.
It starts by assuming mutually exclusive and exhaustive
sets of propositionsθ, also called a Frame of Discernment
(FOD) and the power set (2θ). The elements of 2θ are the
classes of general propositions in the domain. DS approach
assigns evidence mass “m” (basic probability assignment)
on the subsets A of the power set 2θ. The subset A can be
singleton (or single proposition) such as {Ai}, or a
composed proposition such as {AiAj}=Aij. The evidence
mass “m” allows the set of symbolic classes of 2θ to be
mapped into the numerical values of the interval [0 1]:
m: 2θ → [0, 1]
A → m (A)

The fusion is achieved by assigning the pair of pixels
which represents the same physical coordinate point, into

c

one class Ci of class set = { i}i =1.. N . This classification is

12

{ck } of the resulting FOD is formed by a logical

This mass function satisfies the following properties:

performed by combining the ‘BPA’ (basic probability
assignment) measures of the pixel pair of two images. The
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M (φ) = 0

where φ is a null set
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∑ m( A) = 1

Pl ( A) =

A⊂θ

The value m (A) represents the degree of evidential support
with which a specific element of θ belongs to the set A.
A salient characterization of the DS theory is its powerful
combination operator to create a pool of evidences coming
in from various sources into a single belief figure for each
hypothesis. In case of two BPAs m1 and m2 of an element
of two power sets, a new distribution of ‘BPA’ m1,2 is
defined as

m1, 2 ( S ) = ∑ m1 ( A) o m 2 ( B )

(1)

A new parameter K emerges when the assignment of
evidence is made to conflicting propositions [1]. K is
interpreted as a measure of conflict between the sources
and is directly taken into account in the combination as a
normalization factor. To evaluate the quality of the
combination, K value is taken into consideration.
Let m1 and m2 are two BPAs over same FOD, and m1 (A).
m2 (B) < 1 for A∩B=φ
Then the combined BPA, is
M(C) = (m1 + m2) C

M (C ) = (m1 + m2

A belief function assigns a measure of our total belief in
the propositions represented by each subset of the 2θ. A
function m: 2θ → [0, 1] is called a belief function if it
satisfies Bel(φ) = 0. Bel (θ) = 1, for any collection (A1, A2,..
An ) of subsets ofθ. Corresponding to each belief function
there is one and only one basic probability assignment.
Thus,

∑ m( B), ∀A ⊆ θ

(5)

∑ m ( A).m ( B)
)C =
1 − ∑ m ( A).m ( B)
φ
1

s= A∩B

Bel ( A) =

∑ m(B)∀A ⊂ θ

A∩ B ≠φ

1

(6)

2

A∩ B =

and m(C) = 0 for C = φ
The conflict or normalization factor ‘K’ appears for the
assignment of evidence to conflicting propositions. If S1
assigns evidence m1 (A) to proposition A and sensor S2
assigns evidence m1(B) to a conflicting proposition B then

K=

(2)

B⊆ A

2

A∩ B = C

∑ m ( A).m (B) < 1
1

2

(7)

A∩ B =φ

Bel (not A) is the Bel of the complement of A. Bel (A) and
Bel (not A) form only a part of all the subsets of θ. Hence,

For any combination A ∩ B = C, numerator will have some
value and K can not be 1.

Bel (A) + Bel (not A) ≤= 1.0

DS rule is consistent with the law of probability and the
combination also results in a Bayesian mass function. Thus
probability appears as a limit to DS, in the case where no
ambiguity or imprecision exists [5].

(3)

i.e. one can assign belief neither to A nor to its negation but
in case of classical probability model P(A) + P(not A) = 1.0
Belief interval characterizes the unassigned belief and
hence the uncertainty associated with the hypothesis. The
belief interval of a set A is defined as:
I = [ Bel(A), Bel (not A), Uncertainty(A) ]
with the properties as follows:
max-length [I] = 1.0, and min-length[I] = 0.0

(4)

Uncertainty is maximum when one has belief neither in A
nor in its negation, whereas minimum length is obtained
where there is full belief to A or its negation. But if one has
equal belief to A and to its negation then also the interval is
of zero length and it is not possible to take any decision.
Plausibility Pl (A) is defined as the measure of belief that
the true hypothesis is not contained in the complementary
set of A and is written as

3. PRINCIPLE OF BPA DETERMINATION
FROM IMAGE HISTOGRAM
Image segmentation is done by assigning each pixel to one
of the predefined classes ofθ. In case of grey level images
the pixels are grouped in different intervals as per the
ground level requirement of the study. For medical images
the grouping may be done on the basis of white matter
(WM), grey matter (GM), cerebrospinal of fluid (CSF) and
ventricle, by assigning numerical values to each pixel x of
θ [1]. In our case we have used intensity histogram of the
multimodal images to assign pixels to different classes of
FOD (θ). This approach leads to the definition of classes C
i
according to the value of x within the entire range of
intensity and for each x∈ θ; there will be a value h(x),
corresponding to the frequency of x within the image.
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Then, segmentation is done on the basis of a threshold
value of h(x) between two classes Ci and Cj. But in classical
method the error of accuracy of the measurement of x is
not taken into account and the confidence on the decision is
not evaluated. Also, because of the crisp definition of the
intervals, these methods are not robust in regards to the
variation of the parameters [1].
Intensity classes can be made adaptive by iteratively
modifying (k-means method) each class with the distance
between each measure x and its class center [6]. This is
continued until no new grey level is assigned to any point x
∈ θ. The classes represent image partition on the basis of
their grey value intervals. In this approach each class is
defined in terms of histogram and represented by a
probability distribution.

4. THE CASE STUDY
The original images to be segmented and fused are shown
in figure 1. The dimensions of images are 256x256 and
256x256. The image pixels are primarily classified into
GM, WM, CSF and ventricle. Grey and white matters are
grouped into class C1 and rests are grouped into class C2.
The overlapping region of C1 and C2 is C3.

Here the FOD θ={C1, C2} and the power set 2θ is {θ, C1,
C2, C1 ∪ C2}. The mass function ‘m’ is assigned according
to the histogram of the central value of each class.

m : 2θ → [0,1],m : 2θ → [0,1]
θ = {C ,C },θ = {C ,C }
2θ = {φ,C ,C ,C ∪C }= {φ,C ,C ,C }
2θ = {φ,C ,C ,C ∪C }= {φ,C ,C ,C }
1
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To explain the method we have considered an example
point p. The mass value of the given point p of two images
I1 and I2 are given in table 1.Using this “mass” distribution
of the point p, the combined mass distribution can be
calculated (table 2) using the equation 6.
TABLE I. MASS VALUES TO A PIXEL P
C2

C1 ∪ C2

C2 ∪ C3

C1∪C2∪C3

M1

.1

.3

φ

.6

M2

φ

φ

.3

.7

TABLE II. COMBINED MASS VALUES OF THE
PIXEL
1st image(m1)

(a) MR-T2 (I1)

1

1

1

1

1

1

2

1

2

1

2

3

.3

.1
.03

.3
.09

.6
.18

.7

.07

.21

.42

c c ∪ c c∪c ∪c

(b) SPECT (I2)

2nd image(m2)
2

2

2

3

c ∪c
2

2

2

1

2

3

c ∪c ∪c

The final distribution of masses m

1,2

= m ⊕ m are
1

2

calculated using the values of table 2 as follows:
m (c2)=m1(c2).m2(c2∪c3)+m1(c1∪c2).m2(c2∪c3)+m1
12

(c2).m2(c1∪c2∪c3) = .03 + .09 + .07 = .19
m12 (c2∪c3) = .18; m12 (c1∪c2) = .21, m12(c1∪c2∪c3) = .42
(c) Fused Image
TABLE III. MASS VALUES OF COMBINED
CLASSES

Fig. 1: MR-T2 and SPECT image fusion
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Fused Classes

m

C2

= .19

12
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C2∪C3
C1∪C2
C1∪C2∪C3

= .18
= .21
= .42
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