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Editorial …….. 
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We are happy to inform you that IJMER got the high Impact Factor 2.735, 
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thought provoking as well as significant in the contemporary research world.  
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Abstract-Speaker recognition is the task of determining who is 

speaking from a database of registered speakers on the basis of 
speaker specific features present in the voice of the speaker. 
Works have been done in the area of speech processing, codebook 
generation and feature extraction which led to the development of 
many speaker recognition tools and systems. Speaker recognition 
is based on the fact that every individual has specific 
characteristics included in his/her voice because human beings 
have different resonances of the vocal tract. These differences in 
voice can be captured from the speech and used in speaker 
recognition for representing a speaker. One technique to capture 
these differences is MFCC (Mel Frequency Cepstral Coefficients) 
which gives us the feature vectors. These feature vectors are then 
vector quantized to obtain a speaker specific codebook. This 
paper focusses on this vector quantization technique and presents 
in detail how it is used in speaker recognition. 

 

I. INTRODUCTION 

Speaker recognition is the process of identifying or verifying 
who among the registered speakers in the database has given 
an utterance of speech [1], [2]. In this process, voice samples 
of speakers are collected and feature vectors of that speech 
sample are extracted. Feature vectors are the speaker specific 
unique information present in the voice samples. Every 
different individual exhibits different resonances of the vocal 
tract. Due to this fact, it is possible to discriminate the speakers 
based on these differences and these differences are captured 
as feature vectors from the raw speech of the speaker. 
Researchers and engineers from all over the world has worked 
in this field from decades and proposed many techniques for 
feature extraction like MFCC (Mel Frequency Cepstral 
Coefficients) [3], LPC (Linear Predictive Coding) [4], ZCPA 
(Zero crossings with peak amplitudes) [5], IMFCC (Inverse 
Mel Frequency Cepstral Coefficients) [6], LPCC (Linear 
Predictive Cepstral Coefficients) [7], etc. The most popular and 
most widely used technique is MFCC [8]. Using all these 
techniques on the speech samples gives us a sequence of 
feature vectors as output. 

Speaker recognition basically has two phases: training and 
testing, which are discussed in detail in section III and IV 
respectively. These captured feature vectors are then vector 
quantized and a speaker specific codebook is generated during 

the training phase. This Vector Quantization (VQ) technique is 
discussed in detail in section III. In testing phase, feature 
vectors of new speech samples from the unknown speaker are 
extracted and compared with the already generated codebook 
of the trained speakers, and a recognition decision is made. 

Speech recognition makes it possible to verify the identity of 
a person just by using the speech samples. It allows for a 
secure method of authenticating speakers. While retinal scans 
and fingerprints are more reliable means of verification or 
identification of a person, speech can be seen as a non-evasive 
biometric that can be collected with or without the person’s 
knowledge or even can be transmitted over long distances via 
telephone. A person's voice cannot be stolen, forgotten or lost 
like other forms of identification, such as keys or passwords 
[9]. 

This section gives an introduction to speaker recognition and 
describes briefly where vector quantization comes into play in 
speaker recognition technique. Rest of the paper is organized 
as follows. Section II presents the architecture of the whole 
system. Section III explains training of the speech samples 
using vector quantization technique. Section IV describes how 
testing is done on new speech samples. Section V discusses 
how recognition decision is made. Section VI presents some 
application areas of speaker recognition and lastly section VII 
concludes with a summary and a general discussion. 

II. ARCHITECTURE OF THE WHOLE SYSTEM 

Fig. 1. Architecture of Speaker Recognition System. 
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The whole system architecture is presented in figure 1. The 
speech samples of many different speakers are collected for 
training. These samples go through feature extraction using 
any of the various techniques like MFCC or LPC or ZCPA, 
etc. and the utterances or the speech samples are now 
represented as a sequences of feature vectors. In the training 
phase, a speaker-specific VQ codebook is generated for each 
known speaker by clustering his/her feature vectors [10]. In the 
testing phase, an input utterance of an unknown speaker is 
vector-quantized using each trained codebook, and the 
Euclidean distance between the new feature vectors of the 
unknown utterance and the codebook is computed. And in the 
decision logic, the speaker with the smallest distance is 
identified as the recognized speaker [2]. 

III. TRAINING USING VECTOR QUANTIZATION 

Utterances spoken by the same person but at different times 
with different moods results in similar yet a different sequence 
of feature vectors. The purpose of training phase of the system 
is to build a speaker model that captures these variations in the 
extracted set of feature vectors.  

The state-of-the-art techniques used for training include 
Dynamic Time Warping (DTW) [13], Hidden Markov 
Modeling (HMM) [14], and Vector Quantization (VQ) [15]. 
This paper discusses Vector Quantization technique due to its 
high accuracy and ease of implementation. 

VQ is a process of mapping vectors from a large vector 
space to a finite number of regions in that space. Each region is 

called a Voronoi region or cluster and can be represented by its 
center called a codeword. The collection of all codewords is 
called a codebook [2]. Figure 2 shows some vectors in 2-
dimensional space marked by x. Each cluster, separated by 

imaginary boundary lines, is represented by its codeword 
(marked with red circles). 

Vector quantization is the process of taking a large set of 
feature vectors and producing a smaller set of feature vectors 
that represent the centroids of the distribution, i.e. points 
spaced so as to minimize the average distance to every other 
point. It would be impractical to store every single feature 
vector that we generate from the speech utterance and this is 
why we use vector quantization [11], [12]. While the VQ 
technique does take a while to compute, it saves time during 
the testing phase, and therefore it is a compromise that we can 
live with. One of the key advantages of vector quantization is 
that it reduces the storage for spectral analysis information. 

For clustering of these feature vectors, a number of 
algorithms are available for use (For example, LBG algorithm 
proposed by Linde, Buzo and Gray) [16] however the one 
chosen does not matter as long as it is computationally 
efficient. Figure 3 shows a conceptual diagram of codebook 
formation. 

In figure 3, only two speakers are shown. The circles refer to 
the feature vectors from speaker 1 and the triangles refer to the 
feature vectors from speaker 2. After clustering, the resultant 
codewords are shown in black circles and black triangles for 
speaker 1 and speaker 2, respectively. These codewords are 
collected in a codebook for each speaker. One speaker can be 
discriminated from another based of the location of centroids 
or the codewords. The distance from a vector to the closest 
codeword of a codebook is called a VQ-distortion [17], which 
is used in testing phase described in next section. 

IV. TESTING 

Once the codebooks are generated for each speaker in the 
training phase, a new utterance of speech from an unknown 
speaker, also called as test sample, is taken for testing. Feature 
vectors from the test sample are extracted. In testing phase, the 

 
Fig. 2. Codewords in 2-dimensional space.  Input vectors are marked with an 
x, codewords are marked with red circles, and the Voronoi regions are 
separated with boundary lines. 

 
 
Fig. 3. Codebook formation using vector quantization. 
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VQ distortion between the feature vectors of test sample and 
the already stored codewords of each speaker’s codebook is 
computed.  

Mathematically, we represent the set of feature vectors of the 
test sample as {a1, a2,…....aL} and assume that we have the 
whole feature vector space S = S1 U S2 U...…..U SM where S1, 
S2, …. ,SM are the partitions of the feature vector space or the 
clusters. Each partition Si forms a non-overlapping region and 
every vector inside Si is represented by its corresponding 
centroid vector or codeword bi. The average VQ Distortion 
with respect to the ith codebook is given by equation 1 as, 

  (1) 
 
where, the VQ distortion (distance) between the vectors ai and 
bj is denoted as d (ai, bj) [18]. 

This average VQ distortion is computed for all the 
codebooks generated for the individual speakers. After this 
computation of VQ distortion computation, decision logic is 
used to determine the recognized speaker as explained in the 
next section. 

V. DECISION LOGIC 

The N resultant average VQ distortions obtained from the 
testing phase are compared to find the minimum value. The 
final speaker recognition decision is given by equation 2 as, 

 

  (2) 
 
where, Di is the value obtained from testing phase for the ith 
codebook [18]. The speaker with minimum VQ distortion 
between the test feature vectors and the codewords in the 
speaker specific codebook is decided as the recognized 
speaker. 

Speaker recognition can be classified as speaker 
identification and speaker verification. The testing and decision 
logic for both these techniques are almost same for both but 
with few major differences. These differences are described 
briefly in the next sub section. 

A. Speaker Identification Vs Speaker verification: 
Speaker identification is determining who is speaking among 

all the registered speakers whereas speaker verification is an 
accept/reject process, like either access is granted to a system 
or it is rejected. In speaker identification, feature vectors are 
compared with all the codebooks and VQ distortion is 
calculated. The speaker with minimum VQ-distortion comes 
out to be the identified speaker. But, in speaker verification a 
threshold value is used. The feature vector is compared with 
only the claimed speaker’s codebook and the average VQ 
distortion is calculated. If this average VQ distortion reaches 
the threshold, speaker is verified otherwise not. Speaker 
identification is a 1:N comparison whereas speaker verification 
is 1:1 comparison. Figure 3 shows the difference between 
speaker identification and speaker verification. 

 
VI. APPLICATIONS 

There are three wide areas of applications of speaker 
recognition: forensic speaker recognition [19], authentication 
[20] and surveillance [21].  

1) Forensic speaker recognition: It is an important area of 
application. Voices of the criminals can be identified if 
there is a database of trained speech samples of the 
criminals with the police. Suppose during the crime, 
some speech sample was recorded. Later this speech 
sample can be compared with the trained voice samples 
of the criminals to identify the speaker. Proving the 
identity of a recorded voice can help in the discharge of 
an innocent person or to convict a criminal in the court. 
But for this to happen, all the criminal’s voice samples 
needs to be collected and trained [19]. 

2) Authentication: Speaker recognition for authentication 
allows identification of persons only by their voice 
sample. A person can be identified by various 
characteristics like facial features, signatures, 
fingerprints, voices, etc. Such authentication methods 
are known as biometric person authentication [22]. This 
type of authentication is much more convenient than 
the traditional types of authentication which requires 
carrying a key or a password to remember [23], [24]. 

3) Surveillance: Security agencies have several means of 
collecting information. One among these is electronic 
eavesdropping of telephone and radio conversations. As 
these results in high quantities of data, filter 
mechanisms must be applied in order to find the 
relevant information. One filter may be the recognition 
of target speakers that are of interest for the service 
[25]. 

Speaker recognition technology is applicable to many real 
life problems. But as we are implementing this technique for 
security of confidential data and identification of a person, the 
performance evaluation of the system is highly important.  

VII. CONCLUSIONS 

This paper aims to provide detailed overview of the vector 
quantization technique used for speaker recognition. It presents 

 
Fig. 3. Speaker Identification Vs Speaker Verification. 
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how training and testing is done in speaker recognition and 
how vector quantization helps in clustering of the feature 
vectors during the training phase. It focusses on how vector 
quantization is used to generate the speaker specific 
codebooks. After training and testing, a decision is made based 
on the average VQ distortion between the unknown speaker’s 
feature vectors and the codewords stored in the codebook of 
the speaker. The speaker with minimum average VQ distortion 
is recognized as the identified speaker in speaker identification 
whereas a threshold value is used in speaker verification. 

If we already know whose voice is the unknown test sample, 
we can evaluate the performance of the system. High accuracy 
in speaker recognition systems is important as it deals with 
authentication and verification of the speakers to access 
confidential data. 
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Modelling of Single Electron Transistor for Hybrid CMOS-SET IC Design  
Jyoti Chaudhari and Dineshkumar Gautam 

 
 

Abstract— In VLSI era computer aided design and simulation 
circuits are essential to get a success in technology. Therefore 
the research in VLSI area demands accurate modeling and 
simulation. As per ITRS road map CMOS pushed towards a 
gate length up to 10nm and i.e. the extreme limit.So it is 
essential to study new nanoelectronic device which can share 
its domination with them. Single Electron Transistor (SET) is a 
nanodevice having low power dissipation and a new 
functionality with other device .It is seen that CMOS and SET 
are complimentary to each others.  But SET has some 
drawbacks such as low voltage gain and low current driving 
capability, so it is not possible to replace CMOS by SET. In 
that condition Hybridization is one of the ways to overcome 
above problems. In that hybridization, proper SET modeling is 
most important. This paper review different types of SET 
modeling with its verifying tools. These nano hybridize models 
required a most powerful simulation tool to verify. Generally 
SPICE and SIMON are used for that purpose but this paper 
compares the simulation of the SET analytical model by 
MATLAB software which is very easy to handle for the people. 

Keywords-VLSI,Macromodel, Hybridisation,tunelling 

I.  INTRODUCTION  

There is lot of revaluation in silicon technology which 
was started from 1959[1]. Jack Kilby created the first 
integrated circuit in 1959, these small silicon chips contained 
more than 100 millions quasi-invisible components scaled to 
the physics limits. Today, scaling provides extremely small 
volumes, by reducing the number of elementary charge 
carriers (electrons and holes) which is the basic conduction 
in transistors. The effects of charge and energy quantization 
on small scales were explored by many physicists in the mid-
1980s, and the concept of single electron devices emerged. 
This new technology is as a replacement solution of silicon 
CMOS technology, but due to the effects of charge and 
energy quantization on new technology, hybridization of 
nanotechnology and CMOS technology are quite possible. 
There is a great challenge associated with nanoscale 
integrated circuits. CMOS and SET are complimentary to 
each others. Combination of CMOS and SET provides a new 
functionality which is not found in pure CMOS technology. 
Such hybridization approaches the CMOS technology to 
SET technology. [2, 3] 

Device modeling is important and necessary for 
understanding device characteristics and practical 

applications. SET has very high density, high speed and low 
power circuit application.[4] so that it essential to study the 
SET modeling and simulation. There are three different 
approaches for SET modeling are Macro modeling, 
Analytical modeling, and Monte-Carlo method. Monte-Carlo 
method gave most accurate result in SET characteristic, it is 
time consuming and not suitable for mixed circuits 
application. On the other hand macro –model and analytical 
model are less time consuming. Analytical model gives 
direct situation of the tunneling probability of electron in 
single electron transistor .Macro –Model is compact and 
friendly to the circuit designer who is not familiar with 
device physics of SETs or quantum physics [4]  

 This paper review the above three mentioned modeling 
with its simulation methods. Further Numerical method is 
easy to understand and time consume. So that review of SET 
model in numerical method by using steady state master 
equation is essential for newly research student .Model 
developed in this numerical method is simulated by means of 
MATLAB. 

Basic physics of Single Electron Devices (SED), based 
on the controllable transfer of single electrons between small 
conducting ‘island’ is explained in Likharev 1999 [5]. 

II. MICRO-MODEL  

Micro-Model [6] is used for the conventional circuit, and 
for that compact simulators such as SPICE are used to 
simulate the characteristics of the given circuit topology 
.Generally in these simulators, two assumptions are 
implicitly used to build the model.  

1. The parameter of the isolated transistor is determined 
from the device simulator or other modeling tools; it can be 
used in the whole circuit. The current–voltage (I-V) 
characteristic of the device is only a function of the device 
width.  

2. The characteristics of the device are affected by 
neighboring transistors only through the changes of the 
terminal voltages of those transistors. The interaction 
between adjacent devices is usually neglected.  

In the case of the circuits with SET’s, it is known that the 
second assumption may not be valid. The terminal currents 
of the SET are determined from the average charge state of 
the Coulomb Island of the SET. When several SET’s are 
connected, the charge state of the Coulomb Island of one 
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SET is strongly affected by the charge states of neighboring 
islands of other SET’s. Therefore, the terminal currents of 
the SET in the circuit may be different from those of the 
isolated SET even at the same bias condition.  

Yun Seop Yu et.al [6] describes SPICE macro model to 
simulate the SET circuit. Generally SET is simulated by 
Monte Carlo simulator. In   it size of the interconnection is 
large enough; this interconnection would affect the 
neighboring SET’s rather than a Coulomb island. In that 
case, the Coulomb islands of SET’s become isolated by the 
interconnection and the interaction among neighboring 
SET’s, which is not be significant so that  by using  micro 
model , interconnection has minimum size(capacitance) so 
that each SET can be handled independently in the circuit 
simulation. But his model is less accurate and limited 
applicable for I-V   characteristic. The accuracy of the phase 
diagram obtained from the macro model is within 
approximately 12% than that of the Monte Carlo calculation 
[21]. 

[7]Improved SPICE model based on parameter and line 
fitting method for SET. Model explain by exponential 
dependence of  Ids on Vds in coulomb blockade region as  
well as coulomb oscillation in Ids –Vgs  characteristics and 
its output is compared with result obtained from SIMON 2.0 
Model is compared with YU’s model in which Ids increases  
linearly  with Vds in coulomb blockade .But practically Ids 
should change exponentially with Vds in coulomb oscillation 
.Also baseline of Ids increases Vgs in coulomb oscillation 
characteristics of SET’S due to leakage current between gate 
and source so that to avoid YU’s  model disadvantages 
proposed a modified and accurate SPICE macro-model by 
comparing results with SIMON 2.0.so that interconnection 
between  single electron transistors are large enough in 
SPICE micro model .It provides an efficient way of 
reasonable accuracy and  time consuming in single electron 
circuits analysis than monte-carlo simulation .[21]Simulation 
of single electron /CMOS Hybrid Circuit Using SPICE 
Micro-modeling by y.s.YU,Y.I.Jung and J.H.Park .In this 
paper author suggests the micro-model technique of single 
electron transistor along with SPICE simulation of CMOS  
circuits .This technique is simple to perform and does not  
require any modification of the SPICE internal source code 
.Usual SEC simulators such as MOSES, 
SIMON,KOSEC,and SENECA are not compatible with 
SPICE .An Improved  Macro-Model for Simulation of 
Single Electron Transistor (SET) Using HSPICE[8] In this 
paper avoiding the drawback of Yu’s and Wu’s  and other 
mentioned models , SET devices are described by the 
orthodox theory that is used to analyze and design circuits. In 

this theory, time required for tunnel event is zero. New 
model is more accurate that includes electron tunneling time 
and result is compared with SIMON2.0. In this model 
quantize block is to make the ability of tunneling time 
calculation which consists of bilinear switched capacitor 
resistor emulation circuit .here the width of  coulomb 
blockade region is extracted i.e. equal to 2EC/e which is 
equal to CVP.  

Here model is simulated by HSPICE because of its 
execution speed is faster. It is more stable and more accurate. 
This model and modification equation is suitable for 
calculating the delay time of complicated circuit. 

III. THE ANALYTICAL MODEL  

SET is on the basis of the Orthodox theory and Steady –
state master equation method. The steady state master 
equation accurately calculate I-V characteristic of SET 
having n and n+1 electron in its island.                                              

Wasshuber proposed a first model on the basis of   free 
energy of the tunneling Junction. It also describes electron 
tunneling across only one junction at a time which is not 
reflected.                                                                                                    

Here three assumption are to be consider, 
 All the source and drain terminals of SET are 

connected to the capacitor whose capacitance is 
much larger than the total capacitance of the 
SET Island or biased by constant voltage source 
that means SET characteristics are affected by 
neighbouring circuit components only through 
the node voltages of the SET terminals.  

 The source and drain resistances are same.  
 At each given gate e voltages, the two most 

probable number of electron in SET island are 
to be consider. 

 The very first compact model for the purpose of 
practical IC design for SET devices was proposed by Uchida 
et al. [9], had also used ME to develop their model. 
However, their model is limited to  and hence 

applicable only for digital circuit design. Also their model 
cannot explain the device asymmetry effect and does not 
account for the background charge effect, which has 
significant for SET operations.  Inokawa et al. [10], have 
extended Uchidas’ model to the asymmetric devices and 
have also included the background charge effect. However, 
the model has still limited to a. C. Le Royer et 

al. [11], and G. Lientschnig et al. [12], have also proposed 
ME-based models, which are quite accurate and valid 
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for . However, those models contain many 

more exponential terms (~ 40) and hence are time consuming 
for large circuit simulations. Kousuke Miyaji et al [13] 
proposed a compact and analytical model for silicon single 
electron transistors (SETs) considering the discrete quantum 
energy levels and the parabolic tunneling barriers. The model 
was based on a steady-state master equation that considers 
only the three most probable states derived from ground 
level and the first excited level for each number of electrons 
in the dot to reduce the complexity while accounting for the 
quantum-level spacing and multiple peaks in Coulomb 
oscillation. Y.Taur and E.J.Nowak [14] have reported that, 
the hybrid SET-CMOS simulation based on background MC 
or ME simulation of SET devices combined with 
conventional analytical models based on SPICE simulation 
for MOSFETs. The major disadvantages of this model are 
time-consuming computation (especially for the calculation 
of transient response, current sources, and resistances) and 
provide limitations for more complex circuits. M. Ionescu et 
al. [15] developed a new CAD framework the MIB model 
which is used to simulate by the analog hardware description 
language (AHDL) in a professional circuit. This SET model 
is in a traditional SPICE netlist in order to co simulate the 
MIB model, along with other MOSFET device models. Then 
MIB model [16], is more flexible and considered for single 
or multiple-gate and symmetric or asymmetric device 
geometries. This model is able to explain the background 
charge effect but unable to concentrated unidirectional 
electron flow, with a fewer exponential terms (which 
enhances the simulation speed for large circuits), and 
because of this reason model is less accurate for higher 
temperatures at low drain to source voltage. Model is used 
for only digital circuits design. Power saving is most 
important in IC modeling so in [17] author discussed power 
dissipation such as static power in logic dissipation, dynamic 
and temperature dependent leakage power in SET inverter. 
Asymmetric SET can reduce power dissipation with 
negligible impact on propagation delay.    While in 2004 
Santanu Mahapatra et.al [18] report a MIB model is used for 
digital and analog circuits design. In [18] author derived a 
model only for digital circuit design but in this paper they 
mentioned the model for analog circuit for this criteria. Also 
this model has only one directional electron flow which is 
used to minimize the number of exponential terms. It also 
kept the accuracy at acceptable level and performs all 
analytical calculations. This model is verified by Monte 
Carlo simulator under a large range of voltage from drain to 
source terminal and temperature. In [19] author discussed an 

analytical and compact metallic SET model which provides 
accurate simulation results for hybrid SET-CMOS circuit 
design. In this model first, calculate SET tunnel current on 
physical parameters and geometric characteristics of tunnel 
junctions. Also, the drain current is depending on 
temperature and applied voltage is measured by the 
contribution of thermionic emission which is not negligible 
at high operating temperature. This model has been 
developed in an Analog Hardware Description Language 
(AHDL) and implemented on Cadence Virtuoso platform 
with Spectre simulator for use in hybrid logic circuit design.  

Recently, a realistic metallic SET model has been 
introduced by Dubuc et al. [20], in which specific 
contribution has to be done on the calculation of thermionic 
current and tunnel resistance. Dubuc et al. extended the SET 
model which is valid at room temperature up to 430 K. SET 
circuits are also widely studied for digital and analog 
applications.  

IV. MONTE CARLO SIMULATION  

 
Tunnel event is calculated with their probability. Here 
randomly chooses one of possible events weighted 
according to the probability [21].Such a process is done 
many times to simulate the transport to electron through the 
network. Tunnel events are considered to be independent 
and exponentially distributed. It is easy for transient 
simulation and crude for dc simulation [22] tunneling rate 
for tunneling event, the probability that the tunneling will 
occur in t is   

 
.Therefore time to the tunneling event is determined as  

is the tunnel rate and r is a random 
number uniformly distributed over the interval 

.  
 is the tunel event starting from the present state. This 
simulation is superior to other simulation methods. 

It gives better transient and dynamic characteristic of 
SET because it includes in microscopic physics. 

It is not required to find out relevant states. 
Easy to find accuracy with its simulation time, therefore 

it is very easy to achieve approximate result of large circuits.  
This simulation start with possible tunnel event, calculates 
the probability, and chooses one of the possible events 
randomly, weighted according to the probability [21].this is 
done many times to simulate the transport to electron 
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through the network. Tunnel events are considered to be 
independent and exponentially distributed. It is easy for 
transient simulation and crude for dc simulation 
[22].Tunneling rate for tunneling event, the probability that 
the tunneling will occur in t is  
                               . 

Therefore time to the tunneling event is determined as   

 
is the tunnel rate and r is a random number uniformly 
distributed over the interval is the tunel event starting from 
the present state. This simulation is superior to other 
simulation methods.  

It gives better transient and dynamic characteristic of 
SET because it includes in microscopic physics. It is not 
required to find out relevant states. Easy to find accuracy 
with its simulation time, therefore it is very easy to achieve 
approximate result of large circuits. 

Disadvantages of this method are co-tunneling, which is 
very rare process and it required very long simulation time. 
A further disadvantage is that I-V curve is not smooth 
therefore it is not used for better accuracy purpose. MC 
simulator random number generator is in core engine in 
which it is possible to tunnel of electrons through the tunnel 
barrier which is a stochastic process. Some of the well 
known MC simulators are SIMON [21], MOSES [23], 
KOSEC [24], and SENECA [25]. The MC technique appears 
to be the most accurate way to find the characteristics of not 
only SETs, but any SEDs. [1] 
SIMON simulator is based on this Monte Carlo method. It 
required large computational time because in Monte Carlo 
calculate average charge state in each step. SIMON shows 
two simulation models are transient and quasi-stationary 
modes. Wasshuber et.al [21] reported SET for SIMON 
simulation. They put two assumptions 1. Voltage sources 
are to have no internal resistance and charging and 
discharging of capacitance are instantaneously and 2. 
Electrons as a point charge hope from island to island i.e. 
electron is localized. For that tunnel resistance is larger than 
quantum resistance.  

RT>>Rq=    

is the elemental charge, h-is a planks constant. 
Coulomb blockade is a manifestation of tunnel rate depend 
on the change in free energy .Free energy is a difference of 
electrostatic energy U stored in the network and work done 
by voltage sources [21, 23].electron tunnel changes the stat 

e of the circuit. State of the circuit is determined by the node 
charge and node voltage. Change of state is due to free 
energy which changes. 

V. CONCLUSION 

This survey shows that micro modeling and analytical 
modeling is suitable for hybridized CMOS-SET IC design .It 
is essential to used different simulation methods for 
implementing these models. The main contribution of this 
research survey is the MATLAB software has better 
accuracy and less time consuming and first time to simulate 
conventional analytical model of steady state master 
equation in a MATLAB simulator. 
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Abstract—This paper mainly focuses on comprehensive 
comparison of different interleavers used in Interleave-Division 
Multiple-Access (IDMA) system. An efficient Modified Tree 
Based Interleaver (MTBI) is proposed which is simple and could 
produce orthogonal interleavers for generating user specific chip 
level interleavers for different users. The proposed method 
reduces the computational complexity, memory cost problem and 
also reduces the amount of information exchange between the 
base station (BS) and the mobile station (MS). The simulation 
results are presented to show that the proposed Modified Tree 
Based Interleaver (MTBI) gives better performance as compared 
to Random Interleaver and Tree Based Interleaver in an IDMA 
system. 

Keywords—IDMA, Iterative MUD, Various Interleavers, 
Computational complexity, Bandwidth requirement, Orthogonality 

I. INTRODUCTION  

      Interleave Division Multiple Access (IDMA), which can 
be considered as a special case of Code Division Multiple 
Access (CDMA), has attracted much attention for multiple 
access communications [1] and has been widely studied in 
recent years. It is different from CDMA, where orthogonal or 
quasi orthogonal signature sequences are used in code-domain 
for user separation, IDMA applies different interleavers to 
achieve the same function. Since user-specific interleavers can 
be produced easily in a large number, the limitation of CDMA 
being the limited number of user specific signal sequence can 
be avoided and this demonstrates the potential advantage of 
IDMA over CDMA. 
      CDMA 2000 builds on packet switched capabilities of 
original CDMA standard and operates with 800 MHz and 1.8-
1.9 GHz. In future, the wireless communication system must 
include high speed data rate broadband transmission, high 
capacity, low cost, global mobility, seamless switching, high 
security and good quality of service. The important concepts 
in data communication is the idea of allowing several 
transmitters to send information simultaneously over a single 
communication channel. 
     As a novel multiple access system, IDMA [2] has two main 
advantages one being its ability to mitigate multiple access 
interference (MAI) and other being the substantial increase in 

system capacity. The  interleaver  based on multiple-access 
scheme has been studied for high spectral efficiency, low 
receiver complexity and improved system performance. 
     The IDMA was developed making slight modifications to 
the already existing CDMA technique. In this system, the 
interleavers are the only user separating sequences. So in order 
to maintain the orthogonality between the users we need an eff 
-icient interleaver design. This idea was the main motivation 
behind the work. 
     Section II highlights the IDMA system model. In section 
III, concepts of interleaving scheme along with various 
orthogonal interleavers are presented. In section IV, the 
proposed modified tree based interleaver has been 
demonstrated while section V, presents the simulation analysis 
of IDMA receivers with random interleaver, tree based 
interleaver and modified tree based interleaver and section VI 
gives the final conclusion. 

                              II. RELATED WORK  

     Wireless communication systems [1] has evolved from the 
digital second generation now stepping into third (3G) and 
fourth generation (4G). The IS-95 and GSM which are based 
on CDMA and TDMA respectively have been widely used 
throughout in the world. A new variant of CDMA system i.e. 
interleave-division multiple-access (IDMA) system has been 
proposed for future wireless communications. 
      The work presented in [4] Liu and Lihai were completely 
devoted to the investigation of an IDMA scheme. The 
proposed scheme employs IDMA instead of CDMA . With 
sufficient guard intervals, IDMA can completely remove inter 
symbol interference (ISI). Mahadevappa and Ravishankar et 
al. [3] explained CDMA with chip level interleaving one can 
overcome both cross-cell and intra-cell multiple access 
interference (MAI) problems efficiently. 
      Ping et al. [5] gives a comprehensive study of 
interleavedivision multiple-access (IDMA) systems. The 
IDMA receiver principles and different modulation for 
channel conditions are given. A semi-analytical technique is 
developed based on the density evolution technique to 
estimate the bit-error rate (BER) of the IDMA system. It 
provides a relatively fastand acurate method to predict the 
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performance of the IDMA system with simple 
convolutional/repetition codes. 
      Sukla.M et al. [6] had clearly explained the performance 
of tree based interleaver [7], prime number based interleaver 
[8] and iterative multi user detection in IDMA system 
implementation and also compared BER performance of 
various interleavers, it’s computational complexity and 
bandwidth requirements. 
      Sukla and manoj et al. [6] have mainly discussed the 
optimum iterative MUD in an interleave division multiple 
access, analysis and design of user specific interleaver with 
BPSK modulation used for both uncoded and coded IDMA 
systems. 

                      III. MECHANISM OF IDMA SYSTEM  
       In an IDMA system, users are distinguished by different 
chip-level interleaving [9] methods instead of from each other 
different signatures as in a conventional CDMA system [10]. 
A special benefit of IDMA is that it allows a very simple chip-
by-chip iterative multiuser detection strategy [11]. The 
computational complexity of the Multi User Detection (MUD) 
in IDMA systems is a linear function of the number of users. 
        The MUD algorithm in IDMA systems is much simpler 
than that used in CDMA systems. IDMA [5] with equal power 
control can achieve performance close to the theoretical limits 
at low to medium throughput. IDMA aims at mitigating MAI 
and ISI at minimum complexity. Data from each user is either 
coded or spreaded and then interleaved. Because all the data of 
every user is sent at the same time, they all add up. The ever 
present AWGN and multipath channel coefficients add to this 
summed data. This data goes to every user or mobile 
station(MS). 
 

 
 
                      Fig. 1. IDMA system Model 
 
      The user then performs ESE function that extracts LLR 
ratios and then decodes the data through a posterior 
probability (APP) [12] decoder. Based on the number of 
iterations the decoded data converges to the actual transmitted 
data. Despite the efficiency of the technique is still, there 
persists some errors. It can be used in plot analyzing error 
performance of any system. 

      The top portion of  Fig.1 shows the transmitter structure of 
an IDMA system with k simultaneous users. The input data 
sequence  dk  of user k is encoded based on a low-rate code  
Ck. There are various types of FEC codes [13] like binary 
symmetric code, block codes, convolutional codes [14], turbo 
codes, and so on. In this paper convolutional codes are used. 
A (k/n) convolutional encoder takes k input bits and encodes 
them as n coded output bits. The coded sequence is then 
interleaved by a chip-level interleaver ∏k. Producing x(k) = 
[x1(j), x2(j), x3(j)…..xk(j)] as per the convention, we call the 
elements in xk “chips”.  The IDMA system works on the basic 
principle of interleavers ∏k that needs to be different for 
different users. We assume that the interleavers [15] are 
generated independently and randomly. The coded sequences 
are dispersed by the interleavers so that the adjacent chips are 
approximately uncorrelated, which facilitates the simple chip 
by-chip detection [16] scheme discussed below. Assume 
quasi-static single-path channels.  After chip matched filtering, 
the signal received from k users can be written as 
  

                (1) 

 
       Where  hk  is the channel coefficient for user-k and n(j) are 
samples of an AWGN with variance σ2 = No/2. We assume 
that the channel coefficients hk are known a priori at the 
receiver side. The received signal consists of both noise and 
interference. It is the work of the receiver to extract the users 
data from noise and interference [5]. It divides the work into 
two parts. First part is to seperate the users data from others 
data. This is done by the ESE block. Another part is to decode 
the data and eliminate noise from it which is done by the 
convolutional decoder block. Both these blocks exchange 
extrinsic information. The ESE decodes the bits from the 
summed data using the CBC algorithm [5] proposed by Li 
ping et al. 
 
1)  Chip  by  Chip (CBC) Detection : The elementary signal 
estimator (ESE) is analogous to that of multi user detector in 
CDMA. It is also based on Gaussian approximation. Equation 
(1) can be rewritten as 
 
                                         (2) 
 

          where  . Assume that 

xk(j), at all k is an independent and identically distributed 
(i.i.d.) random variable. Following the central limit theorem,  
ζk(j) can be approximated by a Gaussian random variable with 
mean and variance 
 

                      (3) 
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       (4) 

Applying Gaussion approximation to 
 

  

        (5) 

 

        (6) 

 

                       (7) 

 
From [17] we have  
 

                                   (8) 

 
                     (9) 
 
                    (10) 

      (11) 

In the above algorithm, for each iteration interference get 
cancelled from the above received signal [5]. The summary 
of the CBC algorithm is as follows. 
  
Step-1: 
 
          Set                 
  
        Then        

             

 
  
 
 
          
    
     Where ζk(j)  is the distortion (including interference plus 
noise) in the received signal with respect to user k 
 
Step-2: 
 
Log-likelihood Ratio(LLR) Generation 
 

      (12) 

Step-3: 

       Data from ESE is de-interleaved, decoded by APP 
decoding and sent back to ESE after interleaving. 
        This iteration is performed for a particular number of 
times. For every iteration, each decoder works independently 
and extracts the information content. After a particular number 
of iterations, the independence among the decoders reduces. 
IDMA is simple with its CBC algorithm the choice of  FEC 
codes also plays an prominent role in IDMA system. For an 
IDMA with more number of users, it is better to have simple 
repetition code as FEC. But if the number of users are less, 
convolutional coding is better. 

IV. VARIOUS ORTHOGONAL INTERLEAVERS FOR IDMA 

SYSTEM 

       An interleaver is a device which rearranges the ordering 
of a data sequence by means of a deterministic bijective 
mapping. Let C = [c0, c1, c2…..cN-1] be a sequence of length 
N. An interleaver maps C onto a sequence X = [x0, x1, 
x2….xN-1]  such that X is a permutation of the elements of  C.  
If C and X are considered as a pair of  N-dimensional vectors, 
there is one-to-one correspondence Ci  → Xi  between each 
element of C and each element of X.  Let A = 0,1, 2….N-1 an 
interleaver can be defined by one-to-one index mapping 
function 
 
  
 
       where  Π indicates the interleaving function, i and j are 
the indices of an element of the original sequence C and the 
interleaved sequence X respectively. The function of mapping 
can be expressed as an ordered set called interleaving 
vector[6] 
 
      
  
The kth element of the permuted sequence X is 
   
                 
 

           
                     Fig. 2. Bijective Mapping 
 
The inverse interleaver, i.e., the deinterleaver is used to restore 
the permuted sequence to its original order. With proper 
deinterleaving the permuted elements can be shifted back to 
their original positions 
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      As the separation of users is achieved by user-specific 
interleavers, an obvious interleaver design criterion is that 
every two interleavers related to specific users out of a set of 
interleavers collide as little as possible. With increment in 
cross correlation amongst the interleavers, the degree of 
collisions will also increase and due to these collisions, the bit 
error rate (BER) of the system will increase accordingly. The 
better the interleaver decorrelation lesser are the number of 
iterations are required for detection in IDMA multiuser 
detection (MUD) mechanism [18].                               

A. Random Interleaver 
      In this interleaver, each interleaver is generated 
independently and randomly. In this case, even though there is 
no burden on the user device, the base station (BS) has to send 
every interleaver to every user and it effects the bandwidth. 
Along with that issue, if interleavers are generated 
independently it cannot ensure that all the interleavers are 
uncorrelated and orthogonal. It is better to generate a single 
interleaver and then generate the other interleavers from this 
initially generated interleaver. This concept acts as the 
principle  of  power interleaver. 

B. Prime Interleaver 
      In the above interleaver designs, interleavers are sent 
utilizing the bandwidth. In [8], it was proposed to send a 
single number rather than send the whole interleaver index 
called as seed. As per this, the memory requirement is greatly 
reduced. All we have to do is design a interleaver index based 
on a single number. If there are n users, send one seed and 
from that develop its own interleaver based on the user 
number. This idea even though slightly burdens the user 
device, but greatly reduces the bandwidth requirement. Here, 
user-specific seeds are assigned to different users. Foregoing 
the mechanism of prime interleaver, let us consider a case of 
interleaving n bits with seed p. First, regarding a gallois field 
GF(n). Now, the bits are interleaved with a distance of seed 
over GF(n). The bandwidth required by the Prime Interleaver 
(PI) is smaller than the other possible interleavers as now only 
seed is to be transmitted, in addition to very small amount of 
memory required at the both transmitter and receiver side.  

C. Tree Based Interleaver 
       In a tree based interleaver [7], let ∏(1) and ∏(2) be the 
two randomly selected interleavers having zero cross 
correlation. The unification of these two interleavers in a 
particular manner is used as an interleaving mask for the users. 
The appropriation of the interleaving mask follow the tree 
format. To decrease the bandwidth, memory has to be 
compensated . The base station has to send two interleaver 
indices which waste a lot of bandwidth. There are two main 
interleavers from which remaining interleavers are generated. 
It was proves to give orthogonal interleavers. But for this 

mechanism to work, every time the base station has to send 
two interleavers. For 10th user, the interleaver is generated by 
∏(1)∏(0)∏(0) 
 

V. MECHANISM OF MODIFIED TREE BASED  INTERLEAVER 
      A slight modified model to the above described tree based 
model is proposed. Two branches tree was modified to four 
branches tree, which needs four different interleavers. Having 
four main interleavers does not consume the bandwidth 
requirement because it needs to send a seed rather than the 
whole interleaver index just like prime interleaver. The 
principle is that the base station sends four seeds rather than 
four interleaver indices and from that, the interleavers being 
identical, user can generate their interleavers as shown in 
Fig.3. 
 
                     
 

 
 

        Fig. 3. Modified Tree Based Interleaver 

       The computational complexity of modified tree based 
interleaver (MTBI) is extremly low as compared to that 
random interleaver and slightly low as compared to that of tree 
based interleaver. 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

23 International Journal of Multidisciplinary Educational Research



 
 Fig. 4.  Computational Complexity (b/n)  Master Random Interleaver, 
TreeBased Interleaver and Modified Tree Based Interleaver 

TABLE 1   
COMPARISON OF BANDWIDTH REQUIREMENT FOR 

TRANSMISSION OF THE INTERLEAVING MASK 
 

No of 
users Random Tree 

Based 
Prime No 

based 
Modified 

Tree 
8 8 3 2 1 

16 16 3 2 1 
32 32 3 2 1 
64 64 3 2 1 

120 120 3 2 1 
 

 
Fig. 5. Comparison of Bandwidth requirement of various interleavers 
 
     Modified Tree Based Interleaver (MTBI) requires lesser 
bandwidth than other available interleavers as now only seed 
is to be transmitted, in addition to very small amount of 
memory required at the transmitter and receiver side. The 
proposed interleaver gives minimum number of cycles to 
generate the interleavers. In the Table.1, bandwidth 
requirement  which is defined as the number of bits to be sent 
per an interleaver is also minimum for the above proposed 
design. 
       In this paper the orthogonality was checked based upon 
the convergence of  BER. Non convergence of BER states that 
the interleaver design wouldn’t produce orthogonal 

interleavers.  The interleaver generated in the above prime 
interleaver was based on prime numbers that is based on 
GF(n). But the interleavers generated are not orthogonal. So 
interleavers from a corresponding seed were generated by 
RANDPERM which assures more orthogonality. In the 
present work, our interleaver index is generated from a single 
seed based on the function RANDPERM is defined in 
MATLAB. It uses an algorithm called Mersenne Twister 
generator. 

VI. SIMULATION RESULTS  

      The simulation analysis of  a Modified Tree Based 
Interleaver compared with Random Interleaver with BPSK 
Modulation using uncoded IDMA system at datalength=1024 
and  S=64. 

 
Fig. 6. Comparison of Random Interleaver with Modified Tree based 

Interlever in Uncoded IDMA with datalength=1024 and S=64 
 

       The simulation analysis of a Modified Tree Based 
Interleaver compared with Tree Based Interleaver with BPSK 
Modulation using (1/3) convolution coded in IDMA system at 
data length=1024 and S=64. 
 

 
Fig. 7. Comparison of Tree based interleaver with Modified Tree 
based Interlever in coded IDMA with Datalength=1024, S=64 and 
(1=3) Convolution coded 
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VII. CONCLUSION 

      The performance analysis of different interleaver designs 
used to provide user seperation in IDMA are compared. 
Previously designed interleavers had their own diadvantages. 
Random interleavers were not orthogonal. Tree based 
interleavers required more bandwidth to transmit the 
interleavers.  Prime interleaver even though it was very 
simple, could not generate orthogonal interleavers. 
Considering all these problems an efficient and simple 
interleaver design was proposed. Its parameters like 
bandwidth requirement, computational complexity (b/n) 
required to generate the interleaver and corresponding BER 
plot were proved to enhance the system performance. 
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Abstract- This paper presents novel architecture for the Advanced 
Encryption algorithm to use it on low end microcontrollers with less 
number of bits. Now a day’s communication with high data rate 
transmission and less power consuming system is required which will 
deliver less error. Though the data rate is enhanced we try to keep things 
less complicated with respect to its manufacturing and packaging. Thus 
rather than going for more bits microcontroller we try to implement it 
with low bit size microcontrollers, which is also a cost effective. As we 
have heard that from ancient times it was the trend to use coded language 
for highly secured data as well as for fast communication on the same 
basis The algorithm used here encrypts frame information using an 
encrypted key. The key undergoes 4 stages of encryption. Then the frame 
information is passed through 15 stages of encryption using the encrypted 
key to create a cipher text.  So that system will deliver less error and 
guaranteed communication is possible. 

 
Keywords— Encryption, cipher text, communication, frame, 

               Key, Internet of Things (IoT),time, memory .       
 
                             I. INTRODUCTION  
  

                       Now a day’s communication with high data rate 
transmission and less power consuming system is required 
which will deliver less error. Some more important factors 
arises with this high speed communication system is its 
Reliability, Authenticity and Security. Security in high speed 
communication is as important as Power consumption, data 
rate etc.  

From ancient times it was the trend to use coded language for 
highly secured data as well as for fast communication. On the 
same basis Encoding decoding is very preliminary process that 
we implement over here for providing security. But there are 
many other processes are available to a sure you the 
authenticity and its security. Here we are going to use 
Encryption and Decryption methodology. The algorithm used 
for the Encrypting data can be of block type or string type. 
Encryption key is used for encrypting information frame of 
data. The key undergoes 4 stages of encryption. Then the 
frame information is passed through 15 stages of encryption 

using the encrypted key to create a cipher text. If we see the 
main encryption algorithm AES It is not possible to implement 
it with the eight bit or sixteen bit microcontroller which are 
still in the race of existence and provide effective solution in 
affordable price. The main problem associated with 
Implementation of AES algorithms which are used in many 
communication systems like computer networking etc. is the 
time required to execute and memory space required to store 
it. As both are the main constraints of low memory 
microcontrollers we need to design it with special care. 

1.0 Design Track 
 Cipher Text Creation  
 Bit Rotation 
 EX-ORing Operation 
 Permutation 

 
1.1 Creating the cipher text 

 
The primary methods used for encrypting the text are 

rotation, straight permutation and exclusive-OR operation. 
Since each step uses the output of the previous step, the 
complexity of the algorithm is increased. The information is 
first X-OR with the original key. Secondly the output is 
rotated to the left by1 digit position. Then the output 
undergoes a 12 step XOR process. Finally a straight 
permutation is performed over the output after which the 
frame is transmitted. The key is first X-OR with a decimal 
value, which is set at both the transmitting and the receiving 
ends. Then the key passes through the stages of rotation and 
straight permutation. Finally the output is again X-OR with a 
decimal value. The obtained encrypted key is then transmitted 
with the cipher text. 

1.2 Bit rotation 
Bit rotation is otherwise called as circular shift. In 

this operation, the bits are "rotated" as if the left and right ends 
of the register were joined. The value that is shifted in on the 
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right during a left-shift is whatever value was shifted out on 
the left, and vice versa. This operation is useful if it is 
necessary to retain all the existing bits, and is frequently used 
in digital cryptography. In combinational mathematics, a 
circular shift is a permutation of the entries in a tuple where 
the last element becomes the first element and all the other 
elements are shifted, or where the first element becomes the 
last element and the other entire are shifted .Equivalently, a 
circular shift is a permutation with only one cycle. A circular 
shift is a shift operator that shifts all bits of its operand. Unlike 
an arithmetic shift, a circular shift does not preserve a 
number's sign bit or distinguish a number's exponent from its 
mantissa. Unlike a logical shift, the vacant bit positions are not 
filled in with zeros but are filled in with the bits that are 
shifted out of the sequence. Circular shifts are used often in 
cryptography as part of the permutation of bit sequences. 

1.3 Exclusive OR 

A connective in logic is known as the “exclusive or," or 
exclusive disjunction. It yields true if exactly one (but not 
both) of two conditions is true.  The XOR operation does not 
have a standard symbol, but is sometimes denoted or is read " 
aut ," where "aut" is Latin for "or, but not both." .The binary 
XOR operation is identical to non-equivalence . It can be 
implemented using AND OR gates. For multiple arguments, 
XOR is defined to be true if an odd number of its arguments 
are true and false otherwise. (As there is for AND and OR). It 
arises in polynomial algebra modulo 2, arithmetic circuits with 
a full adder, and in parity generating or checking. The XOR 
operation is associative. Computation of the multiargument 
XOR requires evaluation of all its arguments to determine the 
truth value, and hence there is no "lazy" special valuation 
form. XOR is usually thought of as addition modulo 2. A bit 
pattern XOR with itself returns zero(because same bit values 
return zero). Bitwise XOR or exclusive OR) sets the bit to 1 
where the corresponding bits in its operands are different and 
to 0 if they are the same.  

 Syntax 

                         C = XOR (A, B) 

Description 

C = XOR (A, B) performs an exclusive OR operation on the 
corresponding elements of arrays A and B. The resulting 
element C(i,j,...) is logical true (1) if A(i,j,...) or B(i,j,...), but 
not both, is nonzero. 

Bit rotation and Exclusive OR are performed on the cell index 
and node index respectively. Here both the cell index and node 
index are first rotated and then XOR with a key value thereby 

it acts as an effective encryption method for the information 
passed from the deployment point to the base station. 

1.4 Permutation 

Permutation is equivalent to transposition at the bit level. In 
straight permutation, the number of bits in the input and output 
are preserved but the positions are changed. In compressed 
permutation, the number of bits is increased (some bits are 
dropped). In expanded permutation, the number of bits is 
increased (some bits are repeated). A permutation unit can be 
easily being made as a hardware circuit with internal wiring so 
that operations can be performed very quickly. 

The Internet of Things (IoT) is the paradigm of 
interconnecting heterogeneous devices which are distributed 
globally and will be a part of the future Internet. The 
introduction of the concept of the Internet of things in the 
communication will carry on the unified track, monitoring and 
managing and processing of the communication links. Internet 
of Things (IoT) is the paradigm of inter connecting 
heterogeneous devices around the world. The devices include 
things such as home appliances, vehicles, roads, smart 
materials needs to be addressable, manageable from the 
remote place through internet. The detailed study IoT [1] 
brings in the architecture framework, standardization. Since 
the number of devices networked around the globe is in 
millions, managing these devices are very difficult. Thus 
Network Management is very crucial for successful 
deployment and managing the IoT. Sensor Network 
Management Protocols. There are many management 
protocols and architectures Proposed for sensor networks in 
the literature from many Different management perspectives: 
network-health Monitoring, fault-detection, traffic 
management, congestion Avoidance, power management, and 
resource management. The systems are characterized by their 
power consumption, memory consumption, bandwidth 
consumption, fault tolerance, adaptability, and scalability.  
 
2.0 Pseudorandom Code Generator 
  
There are two possibilities available with the encryption 
algorithm for its implementation in multiple mode, means 
when we want to send long data then it is preferred to send it 
with different encoding keys for more authenticity. Thus it 
gives rise to two methods  

a) Look up Table method. 
b) Pseudorandom sequence generator method. 

 
In first case of implementation it work as a lookup table very 
similar to op-codes or codes which we would saved for the 
repeated use, but in this case memory requirement is more but 
the execution time is less so this type of implementation is 
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used where space is not an issue but speed is an important 
factor. 
 
In second type of implementation it is very unpredictable type 
of implementation. In this we used a pseudorandom sequence 
generator to generate different encoding keys which are 
further implemented to encode the different data streams or 
similar data streams. Pseudorandom sequence generator can 
be designed by simple D flip flops or D latches. For this we 
have to design a systematic chain of D flip flops connected in 
different fashion. A series of Components are used to provide 
more uncertainty and unpredictability .Here in case of 
encryption whatever sequence of encoding key is generated 
and used that same sequence of encoding key we have to use 
in case of generating Decoding Key. 
3.0 Internet of Things (IoT) 
 
The Internet of Things refers to uniquely identifiable objects 
and their virtual representations in an Internet-like structure. 
The term Internet of Things was proposed by Kevin Ashtonin 
1999.The concept of the Internet of Things first became 
popular through the Auto-ID Center at MIT and related market 
analysts publications. Radio-frequency identification (RFID) 
is often seen as a prerequisite for the Internet of Things. If all 
objects and people in daily life were equipped with identifiers, 
they could be managed and inventoried by computers. 

 

 
Fig.1. Basic Block Diagram Of Implementation of 

Encryption Algorithm for    Communication  
  

The vision of the internet of things is to attach tiny devices 
to every single object to make it identifiable by its own unique 
IP address. These devices can then autonomously 
communicate with one another. The success of the internet of 
things relies on overcoming the following technical 
challenges: 
1. The current manner of using IP addresses must change to a 

system that provides an IP address to every possible object 
that may need one in the future. 

2. The power behind the embedded chips on such devices will      
need to be smaller and more efficient. 

3. The software applications must be developed that can 
communicate with and manage the stream of data from 
hundreds of interconnected non-computing devices that 
comprise a 'smart' system which can adapt and respond to 
changes. 

Embedded intelligence in things themselves will distribute 
processing power to the edges of the network, offering greater 
possibilities for data processing and increasing the resilience 
of the network. This will also empower things and devices at 
the edges of the network to take independent decisions. The 
Internet of Things will draw on the functionality offered by all 
online IP based technologies to realize the vision of a fully 
interactive and responsive network environment. In case of 
Internet of Things for communication we have to interface 
different communication protocols.Fig.2 shows the basic 
block diagram for the interfacing of different communication 
means. 

 

 

 

 

 

 

 

 
Fig.2. Basic Block Diagram Of Internet of Things(IoT)    For 

Communication  

 

 

 

 

Network 
Interface. 

Serial 
Interface 

485 

Wifi 

Zigbee 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

28 International Journal of Multidisciplinary Educational Research



4.0 Implementation Results Table 
 
As we talking about the results of implementation it deals with the 
Execution time, Memory Space required to store Algorithm, Codes 
Used, States of Transition etc. 
 
 

Number of Bits Considered For 
Implementation 

Single Cycle Execution time 
in seconds 

8 Bit    Microcontroller 0.00081236 

16 Bit Microcontroller 0.00140097 

 
Table 1. Time Chart 

Number of Bits 
Considered For 
Implementation 

 
Number of Data 

 
Number Of Codes 

8Bit    
Microcontroller 

 
29.00 

 
295 

16Bit 
Microcontroller 

 
43.00 

 
510 

 
Table 2. Program Size 

 
 

Number of Bits 
Considered For 
Implementation 

 
Memory Space 

 
States Of 

Transitions 

8Bit    
Microcontroller 

 
1330 bytes 

 
2234 

16Bit 
Microcontroller 

 
1506 bytes 

 
3850 

 
Table 3. Memory - state chart 

 
 

5.0 Conclusion 
 

Cryptography is the essential elements of today’s data 
communication security. Cryptography is used to scramble the data. 
The algorithm used here encrypts frame information using an 
encrypted key. The key undergoes 4 stages of encryption. Then the 
frame information is passed through 15 stages of encryption using the 
encrypted key to create a cipher text. We conclude that it requires 
Memory space les than 2Kb and very less time. 
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Abstract— There has been a rapid growth in Industrial 
Monitoring and control. This is due to the extensive 
involvement of automation in every Industry. Now a days, 
more and more system are wireless. In this project, a 
Wireless Smart sensor platform targeted for 
instrumentation and predictive maintenance system is 
presented. In this technology, the flexibility of Field 
programmable Gate Array with layered architecture that 
facilitates the maintenance of the operations in efficient 
way and ZigBee wireless technology together onto one 
integrated application. Where a node is more flexible using 
FPGA and the data and control statements are 
communicated using ZigBee Standard Protocols. 
 
Keywords— FPGA, Zigbee, Sensors. 

I. INTRODUCTION 

    The industry has developed in all aspects of control and 
monitoring. There have been developments on wired control 
and automation technologies. But a FPGA included with a 
ZigBee wireless monitor and control. Authority is a welcomed 
innovation in industries, for the application of instrumentation 
and predictive maintenance.   
 

II. LAYER ARCHITECTURE 
    The operation of any system is divided into three layers. 
This three layers architecture is famously used in industry. 
Many applications is based on this modular approach. The 
bottom layer is the communication layer, which directly 
communicate the data between processer like PC and FPGA. 
The middle layer is processing layer and top layer is Sensing 
layer.  
 
A. Sensing  Layer 
     In this module includes sensors and/or actuators to interact 
with the environment. According to the smart sensor platform, 
multiple combinations of sensor are possible. Multiple sensors 
like temperature, pressure, humidity, LPG, Smoke, etc. can be 
included in this layer. And actuators may be act according to 
parameters measured from the environment. 

                           
                                 Figure1: Layer Architecture 
 
B. Processing Layer  
    Processing layer module provides the smart sensor with 
intelligence. Normally sensors output is in analog form, here 
this signals are converted into appropriate digital form and 
processing signals. And control of the signal is carried out by 
this module. Searching of neighbor node, setting and breaking 
links, and management of all the task can be controlled by 
ZigBee module. Power saving modes are managed here too in 
order to extend the battery life. 

 FPGA: The FPGA is a Spartan III Form Xilinx; this 
device is used for highest density and pin–count          
Application.[10] For Application where both high 
logic density and high I/O count are important. It is 
ideal for highly integrated data procession 
applications. This device gives the node a big 
freedom to adapt to new applications, and it makes 
the system versatile in its processing capabilities. 
    The main feature of FPGAs is concurrency.  This 
allows the processing layer to manage complex 
digital sensors in fast way and FPGA processes the 
most complex signals. The FPGA needs three 
different power voltages, specifically 3.3V, 2.5V and 
1.2V. 

 ADC: Sensing layer gives the output in the form of  
analog.  For the conversion technique 8-bit analog to 
digital convertor gives successive approximation. The 
ADC0808 having high speed, high accuracy, minimal 
temperature dependence, repeatability, and minimum 
power consumesion. Hence this device ideally used 
to applications from the process and machine control 
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to consumer and automotive application.  It has 
100µs conversion time. 
 

C. Communication  Layer 
 

     In the communication layer, a ZigBee module has been 
chosen for the first prototype. This election is done because 
ZigBee has low power consumption and enough data rate for 
the intended application.[11] It is widely used technology and 
worked in 2.4 GHz Free license frequency band. This module 
is a replacement of serial cable connection. The FPGA can 
communicate with ZigBee module through UART port; The 
FPGA can solve any problem related with communication 
layer because of possibility to implement any circuit inside this 
device. 

III. PRAPOSED WORK 
    The automation field has continuously evolved from the 
early days for data acquisition and point to point wired links for 
communication. Currently, this wired links are replace by the 
wireless modules. Development for networking industrial 
system can be classified as: Industrial and Academic initiatives. 
    In this project, there are 4 modules that can be used to 
control in industry. This can be extended to meet the required 
industry’s demands. Here using FPGA in the Processing layer 
instead of microcontroller, because of limited processing and 
input-output capabilities. 
A. Temperature Monitoring 
     In Industry, manage the temperature of machinery is very 
important for the better performance of the machinery. Hence 
we use LM35 sensor. It is low cost and rating is -55oC to 
150OC. The output of temperature sensor linearly varies with 
temperature and it is in10millivolts per degree centigrade [14]. 
 It Calibrate directly in Celsius, having Accuracy 0.5oC. The 
operating range from 4V to 30V, and useful for remote 
application. 

                                    
                      Figure2: Temperature sensor 
 
B. Humidity Monitoring 
 
    Humidity is the presence of water in air. The amount of 
water in air can be affect human comfort as well as many 
manufacturing processes in industries. The presence of water 

vapors also influences various physical, chemical, and 
biological processes. 
     Humidity measurement in industry is critical because it may 
affect the business cost of the product and the health and safety 
of the personnel. Hence, Humidity sensing is very important, 
especially in control system for industrial processes and human 
comfort [14].It is having Wide operation range, High 
reliability, and input voltage 5V. SY-HS-220 humidity sensor 
having linear DC output voltage , ranging from 0 to 60oC. 

                  
                                Figure3: humidity sensor  
 
C. Light Detector 

 
    LDRs or Light Dependent Resister are very useful in 
light/dark sensor circuit. This effect need in industry. Normally 
the resistance used in LDRs is very high. 
     LDR available in different types, Cadmium Sulphide, is 
widely used in different consumer products like solar tracking, 
street lights, Outdoor clocks, Bad lamps etc [17]. LDR’s 
having low cost and give Wide Spectrum response. 

                               
                    Figure4: Light dependent resister 
 
D. Smoke Detector  

 
    In industry, even a small fire can cause irrevocable damage. 
So a fire detection based on smoke Sensing is embedded in the 
project to prevent the huge losses. So MQ6 smoke sensor is 
used to detect the smoke. It is optical based Smoke detection 
Sensor.MQ6 is good sensitivity in Combustible gas in wide 
range, long life and low cost. It detected gases like  Propane, 
Butane, Isobutane, LPG. With concentration 300-10000ppm. 
(Propane, Butane, LPG) 
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                             Figure5: Smoke sensor 
 
E. First person Monitoring Terminal 

 
    A First person Monitor shows there is an interface for onsite 
person to have an idea of what is happening around them and a 
supervisor can monitor the status of the machinery. 
           
                             
F. Wireless Control Machinery 

 
    Wireless Control using ZigBee ensure uninterupted 
connectivity and superior control. The main reason for using 
ZigBee is its low cost and high efficiency. 
    The ZigBee Communicate at 2.4 GHz Ism free license band. 
It can detect the surrounding nodes and send receive data 
seamlessly. The aim of the project to control the machinery 
wirelessly can be achieved using this ZigBee module [18]. 
 Output power of this module is low power operation 100mW 
and long range 30-4000feet. 
                                        
                             
     Finally using this module we can monitor the input, output, 
machinery in the industry through one PC using a wireless 
communication. We can automate an industry to a maximum 
extend using this module. 

         
                                 Figure8: Block Diagram 

IV APPLICATION 
    The wireless sensor network has maturated and focus has 
been on industrial application, military, environment 
monitoring and household security applications. The processes 
in Industry are very well automated and developed. This 
project mainly used for monitoring and Control via wireless 
median.  
    But Control and monitoring processes of each machine are 
still manual. There are no single controls for all devices, it can 
be done manually. In this Project, for this controlling process, 
it will give some indication to perform the controlling action. 
Design issues of sensor network for industrial applications are: 
 

 Scalability- It is an important issue. The number of 
sensor/actuator can be interfaced is less than typical 
sensor network. Different component of system can 
be referred very carefully considered and examined. 
For e.g., Bluetooth can support minimum seven 
connection per device, but in ZigBee number of 
connection is much more than Bluetooth. 
 

 Requirements of multiple interface- System should be 
cost sensitive and performance can be sacrificed for 
given range. 
 

 Modular building-A modular building technique 
must be the system flexibility, reliability and 
robustness. 
 

 Interoperability- With interoperability existing 
solution is required. By using customizable and open 
message passing we can achieve this network 
architecture. 

 
 Energy efficient- Energy saving in system is not so 

much critical and the application under this 
consideration is done by organization. The energy of 
system is minimized 
 

              
V CONCLUSION 

     In wireless sensor networks, energy efficient routing 
constitutes challenging research area. Now a days many more 
energy saving methods are developed hence, in many field 
wireless application can be extended. 
     When idea of this project is implementated commercially, 
we will get result efficient monitoring and control of industrial 
automation. Carried out test results use to determine system 
performance for the instrumentation and maintenance 
application and this result is quite satisfactory. This 
experimental result shows that real-time system can be setup 
with the smart sensor nodes. 
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      Zigbee is having excellent low power capability. In terms 
of power and performance, it provides an excellent alternative 
for Bluetooth and RFID.  
      This project gives attention on account of better power 
management, easy in maintenance, reduced costs, and less 
effort in development in remote and hard-to-reach areas. 
      In future, we can change type of sensor and number of 
sensor nodes as per requirement of industry. For the further 
development, it may lead to use the commercial products. 
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Abstract—Establishment of vehicular ad-
hoc network is most demanding in smart 
traffic management system. By sharing the 
information between traffic system, road 
side unit and vehicle research can create 
vehicular network. The main objective of 
this system is to detect signs from a moving 
vehicle. Road Traffic Sign Detection is a 
technology by which a vehicle is able to 
recognize the traffic signs which are on the 
road e.g. "speed limit" or "school" or 
"turn ahead". Consider a condition, user is 
driving a car at night or in rainy season 
then it is not possible for driver to keep 
watch on each and every road symbol or 
the message plates like turn, speed breaker, 
school, diversion etc. hence here a system 
is proposed which will use one signal 
transmitter in each and every symbol or 
message board at road side and whenever 
any vehicle passes from that symbol the 
receiver situated inside the vehicle will 
receive the signals and display proper 
message or the symbol details on display 
connected in car. So that the driver can 
concentrate on driving. 
Key Words: VANET, In-Car System, 
Cockpit, Microcontroller, RF, RSU 
 

I. INTRODUCTION 
     In daily life every vehicle (car) driver 
while driving the car  may face different 

problems, this may be due to various 
reasons. Consider an urban area with 
hundreds of vehicles. Drivers and 
passengers in these vehicles are interested in 
information relevant to their trip. For 
example, the driver would like his vehicle to 
continuously display on map at any time, 
also the available parking spaces around the 
current location of the vehicle. Or, driver 
may be interested in the traffic conditions 
one mile ahead. Such type of information is 
important for drivers to optimize their travel, 
to eliminate traffic congestion, or to avoid 
wasteful driving.  
   The current scenario of road sign boards is 
shown in fig.1. These pictures depict the 
problems which are faced by a driver while 
driving the vehicle. These problems may be 
due to various reasons as shown in fig.1. 
Here some symbols are rusted, partially 
collapsed or hidden in the bushes. 

 
Fig. 1. Current Scenario 
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   So, to help the driver we are implementing 
this system. Generally road signs consist of 
three properties; firstly they are represented 
by colors such as Red, Green, Blue, and 
Brown etc. Secondly they consist of a 
particular shape such as Circular, 
Triangular, Octagonal, Square etc. The inner 
contents of the roadside symbol represent 
the third property, which may fluctuate 
depending on the application of the road 
side symbol.  
   As the infrastructure to vehicle 
information passing is one of the important 
aspects in vehicular ad-hoc network, it gives 
a better assistance to driver. The challenge is 
to process queries in this highly mobile 
distributed database stored at fixed sites that 
is updated with an acceptable delay, 
overhead and accuracy. The proposed 
system mainly focuses on the inner contents 
of roadside symbol. The main aim of this 
system is to alert the driver about the 
upcoming symbol. The system prevents the 
future accidents that are likely to occur. 
 

II. RELATED WORK 
 
    Real time position information is required 
for manyvehicular applications such as 
intelligent transportation systems (ITSs), 
navigation, and location-based services 
(LBSs). Global Navigation Satellite Systems 
(GNSSs), such as the Global Positioning 
System (GPS), are the most comprehensive 
positioning tools that can be considered for 
these applications [1], [2]. Earlier the real-
time traffic sign recognition system 
generally involved different sub-tasks: 
detection, tracking and classification. Also, 

color detection and shape detection 
techniques were used [3]. 
 
    Probably the most common approach is 
the use of the Hough transform. This method 
has been applied in RSR by Kehtarnavaz et 
al. to identify stop signs. This technique, 
however, is not suitable for a real-time 
implementation due to being 
computationally expensive and memory 
demanding. Thus Loy and Barnes have 
presented new technique similar to Hough 
transform called fast radial transform for 
detecting triangular, square and octagonal 
road signs proficiently and vigorously. Color 
is often the main clue explored to find the 
areas where road signs appear. The main 
defect of the color-based approaches is that 
outdoor illumination that might affect the 
color acquired by the image sensor. Many 
research groups work with the RGB space 
color Ritter et al have searched for color 
combinations within the images, as the key 
to an efficient way of finding road signs. But 
one of the greatest inconveniences of the 
RGB color space is that it is very sensitive 
to varying illumination. To overcome this 
disadvantage, most of researchers prefer 
working with spaces more immune to 
lighting changes. Although the CIELab, 
YCbCr and HSI color spaces have been 
used. [3][4] 
 
   In order to reduce recognition errors, a 
tracking process is meaningful. Most 
existing road sign tracking approach 
including Kalman filters and particle filter 
suffer from the same limitations that ego-
motion must be taken into account; 
otherwise it will affect the tracking 
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performance. The Lucas-Kanade algorithm 
was proposed to track road signs. The 
Lucas-Kanade algorithm is an intensity-
based differential technique used to align a 
set of images. Recently, many techniques 
have been developed to detect road signs 
[5]–[12]. Most deal with single images with 
simple backgrounds [13]–[17] 
     Some system that are capable of 
recognizing these  signs are known as traffic 
sign recognition (TSR) systems. This system 
is part of Advanced Driver Assistance 
Systems (ADAS), which has the goal to 
improve road safety. In this paper we 
present an experimental system that uses a 
wireless communication in order to 
recognize traffic signs, placed along the 
road. Using Radio Frequency Identification 
(RFID) technology, the system manages to 
recognize the signs and, through a Human 
Machine Interface (HMI), it warns the driver 
about the presence of the traffic sign. [18] 
 
                III. PROPOSED SYSTEM 
 
     As the existing system for displaying 
messages, sign boards on the road sides and 
status of the signals have certain drawbacks 
like, the driver cannot see all  road side 
messages at all the time. This may be due to 
heavy rain, foggy weather, and high speed 
on express highways the driver is unable to 
concentrate on all the messages or the road 
side symbols. The mapping technology like 
Google provides satellite view and available 
spots or desired destinations on the digital 
data, however it is not feasible to add each 
and every symbol and message board on 
Google map with regular basis updation.The 
figure shown below gives the research idea 

of the system which consists of 
microcontroller, LCD display, transmitter 
and receiver. 
 

Inside Car                      On Road side boards            
 

Fig. 2. Research Idea 
 
   The proposed system requires building of 
transmitter/receiver (Tx/Rx). A 
transmitter module is built with 
reprogrammable broadcast message of 
symbol code. It will have two mode of 
power supply that is battery power or solar 
power.Transmitter will have a channel and 
device ID setting option for wireless 
frequency matching and device 
identification.A receiver module is built to 
read the frequency in predefined channel 
and fetch the broadcasted information 
transmitted by transmitter. A 
microcontroller based information 
interpretation hardware module is built and 
software code for defined platform is 
designed.Develop a LCD orgraphics LCD 
based display module and write a code to 
print defined text or display graphics 
symbol. 
 

A. RF Module(Rx/Tx) 
 

The corresponding frequency range varies 
between30 kHz & 300 GHz. In this RF 
system, the digital data is represented as 
variations in the amplitude of carrier wave. 
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This kind of modulation is known as 
Amplitude Shift Keying (ASK). 
Transmission through RF is better than IR 
(infrared) because of many reasons. First, 
signals through RF can travel through bigger 
distances making it suitable forlong range 
applications. Also, while IR operates in line-
of-sight mode, RF signals can travel even 
when there is an obstruction between 
transmitter & receiver. Next, RF 
transmission is more strong and reliable than 
IR transmission. RF communication uses a 
specific frequency unlike IR signals which 
are affected by other IR emitting sources. 
This RF module comprises of an RF 
Transmitter and an RF Receiver. The 
transmitter/receiver (Tx/Rx) pair operates at 
a frequency of 434 MHz. An RF transmitter 
receives serial data and transmits it 
wirelessly through RF through its antenna 
connected at pin4. The transmission occurs 
at the rate of 1Kbps - 10Kbps.The 
transmitted data is received by an RF 
receiver operating at the same frequency as 
that of the transmitter. The RF module is 
often used along with a pair of 
encoder/decoder. 

B. Scenario of system 
 

 
 
 
 
 
 
 
 
          Fig. 3. Scenario of system 
 

The system describes that the transmitted 
signal will be received by the Receiver 
which will then be sent to the processor 
through port. The data will be fetched 
depending on the port value. Then the 
software placed inside the circuit will 
process on the signals and will match the 
frequencies stored in the database with the 
detected frequencies. If both the frequencies 
are matched equally then it will display the 
message with the image placed in database, 
on the output screen (LCD). 
 

C. Radio frequency Module 
 

 
Fig. 4. Block Diagram of Radio frequency 
Module 

 
The system is connected to RF module with 
parallel port. The software embedded in 
processor handles the further processing and 
displays the final output on the Screen 
(LCD). 
 
                   IV. CONCLUSION 
     As the existing system for displaying 
messages, sign boards on the road sides and 
status of the signals have certain drawbacks 
like, the driver cannot see all  road side 
messages at all the time. In this paper an 
approach towards roadside symbol detection 

Receiver

transmitter

Display 
Message 

“Railway Gate 
Ahead” inside 

the car at 
driver’s 
Screen
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is presented. This system is designed to 
assist driver. If further implemented, this 
system can provide more applications such 
as text reorganization on the road side 
boards. This system is very much useful on 
highways for assisting the driver. 
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Abstract— Currently, reversible data hiding is 
the challenging areas for research, since it has 
excellent property that the original cover can be 
losslessly recovered after the embedded data is 
extracted. When it is required to send the 
confidential data over an insecure and 
bandwidth-constrained channel, it is necessary 
to encrypt image and then embed the 
confidential data into that encrypted cover 
image.  Previous methods of reversible data 
hiding for encrypted images are based on 
embedding data by reversibly vacating room 
from the encrypted images, which may be 
subject to some errors at the time of data 
extraction and/or image recovery. In this paper, 
we proposed an improved method by reserving 
room before encryption with a traditional RDH 
algorithm, and thus it is convenient and easy for 
the data hider to reversibly embed data in the 
encrypted image.  
 

Keywords— Reversible data hiding, image 
encryption, privacy protection, histogram shift. 

I.  INTRODUCTION  

      In recent years, reversible data hiding has 
attracted more and more research interest. 
Reversible data hiding technique also called as 
lossless data embedding that enables the exact 
recovery of the original image with the extraction of 
the embedded information. And this exact recovery 
with lossless data is nothing but the distortion-free 
or invertible data hiding. 

Reversible data hiding embeds additional 
payload or data into a digital image. It is expected 
that, the quality degradation on the image after data 

embedding should be low. An important feature of 
reversible data embedding is the reversibility, that 
is, image recovery and data extraction are free of 
any error. Reversible data embedding hides some 
information in a digital image in such a way that an 
authorized party could decode the hidden 
information and also restore the image to its original 
state.  

The performance of reversible data-hiding 
techniques can be measured by the following.  

 
 Data embedding capacity limit: What is the 
maximal amount of information or data can be 
embedded into the cover image?  
 Image quality: How is the visual quality on the 
embedded image?  
 Complexity of algorithm: What is the algorithm 
complexity?  
 The main motivation of reversible data hiding is 

the distortion free data embedding. Data will 
certainly change the original content by embedding 
some data into it. Even a very small change in pixel 
values may not be acceptable, especially in 
imagery, such as military data and medical data. In 
such application, every bit of information is 
important.  

  In some application such as forensic, military 
etc., it is important to keep image confidentiality 
with data hiding. With regard to keep 
confidentiality of image, encryption [13] is an 
effective and well known means of privacy 
protection. To share a secret image with other 
person, the image is encrypted by content owner 
before transmission. In some cases, a channel 
administrator needs to embed some additional data, 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

40 International Journal of Multidisciplinary Educational Research



such as the, image notation, authentication data, or 
origin information, within the encrypted image 
however he does not know the content of original 
image. It may be also expected that, the original 
image can be recovered without any error after 
decryption and retrieve of additional message at 
receiver end. Thus a reversible data hiding scheme 
for encrypted image is desirable.  

Data hiding is a process to hiding data 
(representing some information) into cover media. 
That is, the data hiding process combines two 
different sets of data, first set of the embedded data 
and set of the cover media data. In most cases of 
data hiding, the cover media becomes distorted due 
to data hiding and cannot be recoverd as the original 
media. That is, cover media gets permanent 
distorted even after the hidden data is extracted. In 
some applications, such as medical diagnosis, 
military imagery and law forensic it is desired that, 
the original cover media can be recovered 
efficiently with no loss. The techniques satisfying 
this requirement are referred to as reversible, 
lossless or invertible data hiding techniques [2].  

From the application point of view, Since the 
difference between the embedded image and 
original image is almost unnoticeable from human 
vision , reversible data hiding could be thought as a 
secret communication channel since reversible data 
embedding can be used as an information carrier. 

II. LITERATURE REVIEW 

There are some techniques for reversible data 
hiding as follows. 
 Basic Reversible Data Hiding techniques 
 Reversible Data Hiding techniques for 
encrypted image 

A. Basic Reversible Data Hiding techniques 
In [1], Tian proposed a high quality reversible 

watermarking method with high capacity based on 
difference expansion.  Differences between pixels 
are used to embed data; this is because of high 
redundancies among the neighboring pixel values in 
natural images.  

During embedding –  
 Differences of neighboring pixel values are 

calculated,  
 Changeable bits in that differences are 

determined, 
 Some differences are chosen to expand by 1-

bit, so changeable bits increases, 
 Concatenated bit-stream of compressed 

original changeable bits, the location of 
expanded difference numbers (location 
map), and the hash of original image 
(payload) is embedded into the changeable 
bits of difference numbers in a pseudo 
random order,  

 Use the inverse transform to have the 
watermarked pixels from resultant 
differences.  

     During watermark extraction –  
 Differences of neighboring pixel values are 

calculated,  
 Changeable bits in that differences are 

determined,  
 extract the changeable bit-stream ordered by 

the same pseudo random order as 
embedding,  

 Separate the compressed original changeable 
bit-stream, the compressed bit-stream of 
locations of expanded difference numbers 
(location map), and the hash of original 
image (payload) from extracted bit-stream,  

 Decompress the compressed separated bit-
streams and reconstruct the original image 
replacing the changeable bits,  

 Calculate the hash of reconstructed image 
and compare with extracted hash.  

The advantages are – (i) no loss of data due to 
compression and decompression, (ii) it can be 
applicable to audio and video data, and (iii) 
encryption of compressed location map and 
changeable bit-stream of different numbers 
increases the security. The disadvantages include – 
(i) there may be some round off errors , though very 
little, (ii) mainly depends on the smoothness of 
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natural image; so cannot be applied to textured 
image where the capacity will be zero or very low, 
and (iii) there is significant degradation of visual 
quality due to bit-replacements of gray scale pixels. 

Ni et al. utilizes zero or minimum point of 
histogram in [2]. If the peak is lower than the zero 
or minimum point in the histogram, it increases 
pixel values by one from higher than the peak to 
lower than the zero or minimum point in the 
histogram. While embedding, the whole image is 
searched. Once a peak-pixel value is obtained, if the 
bit to be embedded is '1' the pixel is added by 1, else 
it is kept intact. If the peak is higher than the zero or 
minimum point in the histogram, the algorithm 
decreases pixel values by one from lower than the 
peak to higher than the zero or minimum point in 
the histogram, and to embed bit '1' the encountered 
peak-pixel value is subtracted by 1. The decoding 
process is simple and opposite of the embedding 
process.  

The advantages of this method are – (i) it is 
simple to use, (ii) it always gives a constant PSNR 
48.0dB, (iii) distortions are quite invisible, and 
(iv)capacity is high. The disadvantages are – (i) 
capacity is limited by the frequency of peak-pixel 
value in the histogram, and (ii) it searches the image 
more times, so the algorithm is more time 
consuming. 

L. Luo proposed Reversible data hiding method 
based on Interpolation Technique (IT) in [3], which 
concealed data into interpolation errors. Instead of 
using the nearest neighbour interpolation technique, 
an image interpolation algorithm was used to obtain 
the interpolation errors. The reference pixels are 
adaptively selected in the original cover image and 
pixels other than the reference pixels are 
interpolated. Interpolation errors are calculated by 
subtracting the interpolated pixels from the original 
image. Data bits were concealed by modifying the 
interpolation errors. Because reference pixel values 
were not changed in the embedding process, the 
same set of interpolated pixels could be obtained in 
the decoding process and thus, the embedded data 
bits could be extracted and the original image was 

restored. In this technique, they reduced the number 
of reference pixels in smooth regions and increased 
the number of reference pixels in complex regions. 
But the distortions in the output image were much 
higher in histogram shifting method [2]. However, 
in most cases, the number of reference pixels affects 
the payload and the stego image quality. 
Interpolation Technique is less secure against image 
manipulations and steganalysis due to the presence 
of LSB replacement style asymmetry. 
     In [4], K. Hempstalk proposed method for hiding 
behind corners: using edges in images. Certain 
techniques do not take into account the cover’s 
original information thereby they leave certain 
marks on the stego image. In Hiding Behind 
Corners (HBC), this was avoided by taking the 
original information of cover. Two algorithms are 
used in HBC based on using image filters to 
determine the effective hiding places in an image. 
They were FilterFirst and BattleSteg. The main 
strength of FilterFirst was that it eliminates the need 
to provide any additional information such as 
original image. It was also very effective in hiding 
or embedding information. Whereas the 
disadvantage of FilterFirst was that it was not 
secure, because an attacker can repeat the filtering 
process. It could be also much easier to retrieve the 
hidden information once the stegoimage is 
identified. The strength of BattleSteg was that it 
requires a password to retrieve the message. Its 
weakness includes the absence of a random seed so 
it was impossible to know where to place the shots 
and also it was possible for BattleSteg to never have 
a hit. Hiding Behind Corners approach effectively 
utilizes edge areas but embedding capacity is less. 
     Hiding Secret Message in Edges of the image in 
[5], introduced a new least significant bit 
embedding algorithm for hiding secret messages in 
non-adjacent pixel locations at the edges of images. 
Here the messages were hidden in regions which 
were least like their neighbouring pixels i.e. regions 
that contain corners, edges, thin lines etc., so that an 
attacker will have no or less suspicion of the 
presence of message bits in edges, because pixels in 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

42 International Journal of Multidisciplinary Educational Research



edges of an image appears to be much brighter or 
dimmer than their neighbours. Edges can be 
detected by edge detection filters such as a 3x3 
window Laplacian edge detector [15]. One common 
disadvantage of LSB embedding [2] was that it 
created an imbalance between the neighbouring 
pixels. Here this imbalance was avoided by flipping 
the gray-scale values among 2i-1, 2i and 2i+1. The 
various strengths of this scheme were that an 
attacker will have less suspicion to the presence of 
message bits in edges because pixels in edges 
appear to be either much brighter or dimmer than 
their neighbours and it was also secure against blind 
steganalysis. It also limits the length of the secret 
message to be embedded. The main disadvantage 
with this scheme was that the embedding capacity 
was relatively low. It could not make full use of 
edges during embedding. 
 

B. Reversible Data Hiding for encrypted image 
     There are two different types of reversible data 
hiding for an encrypted image; non separable and 
separable reversible data hiding.  

A process of non separable reversible data hiding 
in encrypted image is as shown in Fig.1. Non 
separable data hiding technique is made up of image 
encryption, data embedding and image 
recovery/data extraction phases. 

 
Fig.1. Non separable reversible data hiding in 

encrypted image 
 

First content owner encrypt the original 
uncompressed image by using encryption key to 
produce encrypted image and then data hider 
embeds additional data into encrypted image using 
data hiding key though he does not know the 
content of original image. With encrypted image 
containing additional data, the receiver may first 
decrypt it using encryption key and then extract the 
embedded data and recover the original image using 
data hiding. That is in this technique, the data 
extraction is not separate from image recovery. 

In [6], Xinpeng Zhang proposed a reversible data 
hiding scheme for encrypted image consisting of 
image encryption, data hiding/embedding and data 
extraction/image recovery phases. First content 
owner encrypts the original image by a stream 
cipher. Then segments the encrypted image into 
number of nonoverlapping blocks of size a× a; each 
block is used to carry one additional bit. For this, 
pixels in each block are pseudo-randomly divided 
into two different sets S1 and S2 according to a data 
hiding key. If the bit to be embedded is 0, flip the 3 
LSBs of every encrypted pixel in S1 otherwise flip 
the 3 encrypted LSBs of pixels in S2. For extraction 
of data and image recovery, the receiver flips all 
three LSBs of pixels in S1 to form a new decrypted 
block, and flips all three LSBs of pixels in S2 to 
form another new block; one of them will be 
decrypted to the original block. Because of spatial 
correlation in natural images, original block is 
presumed to be smoother than interfered block and 
embedded bit can be extracted correspondingly. 

Zhang’s work did not fully exploit the pixels in 
calculating the smoothness of each block and did 
not consider the pixel corrections in the border of 
neighboring blocks. This two issues could reduce 
the correctness of data extraction. 

Hong et al. proposed improved version of 
reversible data hiding in encrypted images using 
side match technique. It is non separable reversible 
data hiding technique. In [7] Hong et al. reduced the 
error rate of Zhang’s method [6] by fully exploiting 
the pixels in calculating the smoothness of each 
block and using side match technique. The recovery 
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of blocks and extraction are performed according to 
the descending order of the absolute smoothness 
difference between two candidate blocks and 
recovered blocks can further be used to evaluate the 
smoothness of unrecovered blocks, which is 
referred to as side match. The side match technique 
is employed to further reduce the error rate. The 
experimental results show that the propose method 
effectively improves Zhang’s method, especially 
when the block size is small. 

W. Zhang suggested the method of capacity-
approaching codes for reversible data hiding in [8], 
by improved the recursive construction by using not 
only conditional compression but also conditional 
embedding, which enables to design an efficient 
embedding algorithm and a perfect compressing 
method to approach the rate–distortion bound. In 
that, the receiver could extract messages from the 
marked cover with the help of the reconstructed 
cover because of reversibility. 

However, there are still limitations in two aspects 
in [8]. First, they construct embedding codes by 
improving the decompression algorithm of run-
length coding, by which the recursive code 
construction is close to but cannot reach the rate–
distortion bound. Second, the codes are restricted to 
some discrete embedding rates and cannot approach 
the maximum embedding rate at the least 
admissible distortion. 

In [9], Xinpeng Zhang proposed scheme for 
separable reversible data hiding in encrypted image. 
A process of separable reversible data hiding in 
encrypted image is as shown in Fig.2. Zhang creates 
space for data embedding by following the idea of 
compressing encrypted images [11], [12]. The 
content owner encrypts the original uncompressed 
image using an encryption key. Then data hider 
compresses the least significant bits of the 
encrypted image using a data-hiding key to create a 
sparse space to accommodate the additional data.  
On other end, from an encrypted image containing 
additional data, using only the data-hiding key, the 
receiver may extract the additional data, or obtain 
an image as the original one using only the 

encryption key. When the receiver has both data 
hiding and encryption keys, he can extract the 
additional data and recover the original content 
without any error by exploiting the spatial 
correlation in natural image if the amount of 
additional data is not too large.  
 

 
 

Fig.2. Separable reversible data hiding in encrypted 
image 

 
The method in [9], based on framework 

reserving room after encryption. Losslessly vacating 
room from encrypted images is relatively difficult 
and sometimes inefficient and generate marked 
image with poor quality for large payloads.   

 

III. PROPOSED METHODOLOGY 

In our proposed method, we are designing system 
based on the framework reserving room before 
encryption for data hiding. The architecture of 
proposed method is as shown in fig. 3. The 
proposed method reverses the order of encryption 
and vacating room, i.e., reserving room prior to 
encryption of image at content owner side. 

The proposed method based on framework 
“RRBE” is primarily consisting of four stages:  

 
 Reserving room for data hiding 
 Image encryption 
 Data hiding in encrypted image 
 Data extraction and image recovery 
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At the beginning, in an original image with 
variable size, space is reserved for hiding data in 
encrypted image by using the method of 
partitioning the original image into two parts: A and 
B.  The LSBs of A are reversibly embedded into B 
with a standard RDH algorithm in [14], so that 
LSBs of A can be used for embedding messages. 
Then encrypt the rearranged image to obtain its 
encrypted version of original image by using RC4 
stream cipher. 

RC4 is a stream cipher and symmetric key 
algorithm, i.e., same key is used for both encryption 
and decryption of image. 

 
 

Fig.3. Framework based on reversing room before 
encryption (RRBE) 

 
In RC4, data stream is simply XORed with the 
generated key sequence. Image encryption involves 
generation of encryption key and generation of 
pseudo-random sequence. 

A. Generation of Encryption Key 
Encryption key is 128 bit value. It is generated 

randomly by using the random function. The 
random function generates the random key in an 
uniformly distributed function. 

B. Generation of Pseudo-Random Sequence 
Pseudo random sequence consists of random bits 

generated using the encryption key. In our system, 
RC-4 algorithm is used to create the pseudo-random 
sequence using the 128-bit encryption key. It is 
represented as sequence of bytes (An array of 
bytes). The number of bytes generated should be 

equal to the number of pixels in the input image 
provided the pixels are represented as 8-bit values. 
If the pixels are represented as 16-bit values then 
the number bytes in pseudorandom sequence should 
be double the number of pixels.  

After producing the encrypted image, the content 
owner sends it to a data hider. Once the data hider 
receives the encrypted version of original image, 
data hider embeds additional data into space which 
is already emptied out.  
     At the receiver side, if receiver has encryption 
key only, then he can obtain image as the original 
one and may extract the additional data using only 
data hiding key. The receiver can extract the 
additional data and recover the original image when 
he has both data hiding and encryption keys. This 
method separates the data extraction from image 
decryption as well as achieves real reversibility, that 
is data extraction and image extraction are free of 
any error. Since data extraction is completely 
independent from image decryption, this implies 
two different practical applications. Also the 
proposed method improves the data embedding 
capacity as compared to the existing method for 
data hiding in encrypted images. 
 

IV. IMPLEMENTED WORK OF SYSTEM  

The following screenshots shows the implemented 
work of proposed system. 

 

 
 

 The above screenshot shows the input image 
including image size, pixels, blocks and option for 
image encryption, statistics and histogram. 
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Second screenshot shows the image statistics 

windows. The size of data to be embedded in image 
depends on image statistics. 

 

 
 
 The above screenshot shows the encrypted image 

with secured key and reserved room for data hiding. 
 

V. CONCLUSION 

Reversible data hiding for encrypted images is a 
new area of research drawing attention because of 
the privacy-preserving requirements from cloud 
data management. In this paper, we surveyed on 
basics reversible data hiding techniques, non 
separable and separable reversible data hiding 
techniques for encrypted images. Existing methods 
for hiding data in encrypted images  based on 
framework reserving room after encryption (RRAE) 
which may subject to error during data extraction 
and image recovery. As opposed to existing 
method, proposed system is based on reserving 

room before encryption. Thus data hider will get 
extra space emptied out in previous stage so that the 
data hiding process becomes effortless.   
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ABSTRACT: SLAM technique refers to 
simultaneous localization and mapping. In 
this system, the vehicle simultaneously 
localize the position as well as built a map 
depends on the information which is 
gathered. This paper presents a novel 
algorithm for SLAM is Visual Simultaneous 
Localization and Mapping (vSLAM) 
algorithm. This algorithm is based on vision 
and odometry data. It is a low cost 
navigation system in populated and cluttered 
environments. The vSLAM algorithm, 
presented in this paper, utilizes the powerful 
object recognition algorithm and 
factorization to build and maintain a map of 
virtually unique visual landmarks. By 
applying SLAM algorithm, this paper 
presents a simple navigation system for 
mobile robot applications equipped with 
vision sensors and encoders. 

1. INTRODUCTION: 

Simultaneous Localization and 
Mapping (SLAM) is the problem of a robot 
being autonomously able to build a map of 
an unknown environment and 
simultaneously localize itself in the 
environment. This ability makes a robot 
truly autonomous. While performing 
Simultaneous Localization and Mapping 

(SLAM), the robot observes the 
environment around it and detects the 
position of some features in the 
environment. Some of the detected features 
serve as landmarks for the Simultaneous 
Localization and Mapping (SLAM) process. 
The estimation of positions of these 
landmarks constitutes the mapping part of 
Simultaneous Localization and Mapping 
(SLAM) process. As the robot moves, it 
again observes the landmarks. Currently 
observed landmarks are then matched with 
the previously unknown landmarks and 
discrepancy between the expected and 
currently measured positions of landmarks is 
used to adjust the estimate of robot position, 
this is the localization part of Simultaneous 
Localization and Mapping (SLAM). 
Classically, laser and sonar sensors where 
used for the perception of environment and 
thus performing Simultaneous Localization 
and Mapping (SLAM). However, the 
situation is changing rapidly and during last 
decade a considerable amount of research 
has been carried out on Simultaneous 
Localization and Mapping (SLAM) using 
vision sensors. Visual Sensors/Cameras 
provide rich information about the 
environment enabling the detection of stable 
features. Furthermore, cameras are low cost, 
light and compact, easily available, offer 
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passive sensing and have low power 
consumption. All these features make 
cameras very attractive to be used for 
Simultaneous Localization and Mapping 
(SLAM). 

An Autonomous Navigation System 
which is able to do work on its own 
operation means it does not depend on other 
system to do its work. The SLAM technique 
refers to Simultaneous Localization and 
Mapping (SLAM). In this system the vehicle 
simultaneously localize the position as well 
as built a map depends on the information 
which is gathered .There are lot of ways for 
simultaneous localization and mapping 
(SLAM)  technique to implement but we are 
using the vision based simultaneous 
localization and mapping (SLAM). In this 
technique the system is able to take an 
image and using this image it can built up its 
own map and once a map is built it is able to 
find out the position of robot on a particular 
map. One of the problems for Simultaneous 
Localization and Mapping (SLAM) is as a 
robot traverses a large cycle in the 
environment; it faces the hard data 
association of correctly connecting to its 
own map under large position. 

We are using the image processing to 
find out position of the robot as well as 
building a map. The construction of mosaic 
images and the use of such images on 
several computer vision/graphics 
applications have been active areas of 
research in recent years. There have been a 
variety of new additions to the classic 
applications mentioned above that primarily 
aim to enhance image resolution and field of 
view. Image-based rendering has become a 

major focus of attention combining two 
complementary fields: computer vision and 
computer graphics. In computer graphics 
applications images of the real world have 
been traditionally used as environment 
maps. These images are used as static 
background of synthetic scenes and mapped 
as shadows onto synthetic objects for a 
realistic look with computations which are 
much more efficient than ray tracing.  

In general, the task of acquiring 
models of unknown environments requires 
the solution of three sub tasks, which are 
mapping, localization, and motion control. 
Mapping is the problem of integrating the 
information gathered with the robot’s 
sensors into a given representation. 
Localization is the problem of estimating the 
position of the robot. Finally, the motion 
control problem involves the question of 
how to steer a vehicle in order to efficiently 
guide it to a desired location or along a 
planned trajectory. Simultaneous 
Localization and Mapping, also called 
SLAM, is the problem of building a map 
based on pose estimates while 
simultaneously localizing the robot within 
the map constructed so far. Active 
localization seeks to guide the robot to 
locations within the map to improve the 
pose estimate. 

In this paper, a set of vision sensor and 
encoder which are equipped on mobile 
robot's wheels is used. In general, the vision 
aided navigation can provide relatively slow 
error propagation rate. For system 
simplicity, the heading and position 
information of planar mobile robot can be 
independently estimated with 2 encoders 
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only, however the result often yields large 
estimation inaccuracy due to encoder's error 
propagation. On the other hand, as vision 
sensors are incorporated, a robust feature 
point decision and tracking algorithm is 
necessarily used. In the integrated system, 
relative position between feature points and 
mobile robot is re- estimated continuously 
using information, i.e. feature points, so the 
position and heading errors are compensated 
using the filter estimation results. Extended 
Kalman Filter (EKF) has been widely used 
for SLAM and particle filter is occasionally 
used with landmark and geometric 
constraints to enhance its performance, 
because measurement model of vision 
sensor is not linear. 

In addition to vision sensor, range sensor 
is generally used to compute the 3-D 
position of feature point, because it is 
difficult to estimate the position in case of 
single vision sensor system. Vision sensor 
can provide continuous image data. If there 
are some points that are not changed in the 
whole images during image acquisition time, 
they can be continuously distinguishable 
from other object (background or moving 
object) for some periods. Then the 
distinguishable points in the image data are 
called as feature points. Through tracking 
feature points, the amount of vision sensor's 
moving can be estimated. Usually, the 
feature point can be selected by using Harris 
Corner Detection, SUZAN, Fast Corner 
Detection, etc, which can be further used for 
the continuous tracking of feature point 
position on the whole image. 

1.2. THE SLAM PROCESS: 

The SLAM process consists of a 
number of steps. The goal of the process is 

to use the environment to update the 
position of the robot. Since the odometry of 
the robot (which gives the robots position) is 
often erroneous. Laser scans can be used of 
the environment to correct the position of 
the robot. This is accomplished by 
extracting features from the environment 
and reobserving when the robot moves 
around. An EKF (Extended Kalman Filter) 
is the heart of the SLAM process. The EKF 
keeps track of an estimate of the uncertainty 
in the robots position and also the 
uncertainty in these landmarks it has seen in 
the environment. 
An outline of the SLAM process is given 
below. 
 

 

Figure 1 Flow schematic for vision based  
SLAM process 

When the odometry changes because the 
robot moves the uncertainty pertaining to the 
robots new position is updated in the EKF 
using Odometry update. Landmarks are then 
extracted from the environment from the 
robots new position. The robot then attempts 
to associate these landmarks to observations 
of landmarks it previously has seen. Re-
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observed landmarks are then used to update 
the robots position in the EKF. Landmarks 
which have not previously been seen are 
added to the EKF as new observations so 
they can be re-observed later. It should be 
noted that at any point in these steps the 
EKF will have an estimate of the robots 
current position. 

 
1.3. NAVIGATION SYSTEM: 

 
Inertial navigation is a well-

established technique which has taken key 
roles in the aerospace industries, as well in 
other areas such as undersea navigation or 
dynamic positioning systems. It has also 
recently emerged as an enabling technology 
under the forms of MEMS (Micro-machines 
electromechanical systems) sensors in 
numerous low-cost applications (ground 
robotics, cell-phones, among others). Yet, its 
main limitation is the unavoidable drift of 
the estimation. The culprits are the biases of 
the sensors, mostly accelerometers and 
gyroscopes, which result in drift in velocity 
and, consequently, in position estimates. 
With MEMS sensors, those drift appear over 
short time periods. Inertial navigation 
system is introduced; focusing on strapdown 
systems based on MEMS devices. A 
combination of measurement and simulation 
is used to explore the error characteristics of 
such systems. For a simple inertial 
navigation system (INS) based on the Xsens 
Mtx inertial measurement unit (IMU),  the 
average error in position grows to over 150 
m after 60 seconds of operation. The 
propagation of orientation errors caused by 
noise perturbing gyroscope signals is 
identified as the critical cause of such drift. 

1.4. VISION BASED SLAM: 
 

Feature points are selected and 
tracked on continuous image frames using 
vision sensor. It also provides bearing, 
elevation or range information of feature 
point, which is deduced from feature points 
tracking data. Navigation information such 
as position, velocity, attitude, etc. and errors 
in sensors are estimated by integrating 
information from vision and other sensor. 
Here assume that, feature points are not 
moving that is fixed in the local coordinate 
frame, navigation errors dominantly come 
from sensor outputs. Thus, navigation data 
can be calculated precisely by compensating 
estimated errors from sensor output. 

 

Figure 2 block diagram for Vision based 
SLAM Technique 

 
2. WMR KINEMATICS MODEL: 

 
WMR (Wheeled Mobile Robot) with 

differential wheels is shown in figure 3. 
WMR contains of three wheels, two are 
driving wheels on forward and the third is 
castor wheel on backward of the chassis to 
balance the robot. These two driving wheels 
are individually driven using actuators to 
achieve the orientation and motion of WMR 
which is described by the following equation 
(1): 
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        x = v cos (θ) 
y = v sin (θ)                                               (1) 
  θ = ω                                                        
 
Where x and y are the position of the 
WMR, θ is the angle between the 
positive direction x-axis, i.e. the 
orientation of the WMR. Ω is the 
angular velocity and v is the linear 
velocity. 
 

I. DEAD-RECKONING: 
In navigation operation, Dead-reckoning 
sues to calculate the next orientation and 
position of a wheeled robot. It based on 
the orientation and the previous position 
at time k to compute the next orientation 
and position at time k+1. Using Euler 
approximation, the equation (1) will be: 
 
x (k+1) = x (k) + v (k) Ts cos (θ(k))  
y (k+1) = y (k) + v (k) Ts sin (θ(k))             (2) 
θ (k+1) = θ (k) + ω (k) Ts 
 
Where Ts is the sampling time (Ts = 
Tk+1 - Ts). We could use the distance 
traveled by the WMR during Ts and 
calculate this using encoders pulses of 
each DC wheels motor of WMR. 
 

 
Figure 3 Geometric for self location of    

Wheeled mobile Robot 
 

3. EXPERIMENTAL  RESULTS: 
 

Our simulation carried out using 
MATLAB software. This gives us 
correlation between two images. From 
which we can calculate the percentage 
correlation between one reference image 
and other images. The chart of 
percentage correlation is as shown in 
table (1).  Our second simulation result 
gives us edges of the different images. 
Table (2) gives the results in percentage 
form. 

 

    
 

    
 

 
 
Figure 4  Image correlation method used 

for pose estimation of mobile robot. 
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Reference 
Image 

New 
Image 

% 
Correlation 

1 1 100% 

1 2 0% 

1 3 25% 

1 4 65% 

1 5 80% 

 
Figur-5 Table 1- Calculated Percentage 

Correlation for pose estimation of mobile 
robot 

 

     
 

    
 

    
 

    
 

    
                              

Figure 6 Edge tracking method for 
Localation of mobile robot  

 

Reference 
Image 

New Image % 

1 1 100% 

1 2 65% 

1 3 70% 

1 4 90% 

1 5 80% 

Figur-7 Table 2- Calculated Percentage edge 
tracking  for pose estimation of mobile robot 
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4. PROTO TYPE DESIGN FOR SELF 
LOCALIZATION OF MOBILE 
ROBOT: 
 

In our work, we use the Scout-II 
robot as a mobile robotics platform by 
Dr Robot Inc [17]. Scout –II is a WMR 
for research. Scout-II uses Wi-Fi 
(802.11b/g) for communication. The 
dimensions of Scout-II are 43.0 cm x 
38.0 cm. Scout-II sends all sensors 
reading to a server at rates of 10Hz. 
Figure (6) shows the operation 
environment of Scout-II. 
 

 
Figure 8 A block diagram of self 

Localization of mobile robot using image 
correlation and vision based SLAM 

technique 

In this experiment, we use MATLAB 
as a programming environment, and the 
wireless communicated successfully up 
to the range of 213 feet (56 meter) 
indoor. The parameters of Dead-
reckoning in Scout-II are: dst = 30.5 cm, 
D = 17 cm, and Tw = 800. The snaps of 
the hardware part of the transmitter and 
receiver are as shown in figure (7) and 
(8) respectively. 
 

   
 

 
Figure 9.- A proto type design for Self 

Localization of mobile robot using 
image correlation  and vision based 

SLAM  technique 
 

5. CONCLUSION: 
 

The proto type design of self 
localization for mobile robot is designed. 
The image correlation and edge tracking 
method proposed for calculating the 
pose of mobile robot. The Kalaman filter 
technique is proposed to remove the 
noise and estimating error of an image 
for correlation and edge tracking 
method. The edge tracking and image 
correlation technique is used as a key 
feature for design and implementing the 
proto type design of Self Localization of 
mobile robot using image correlation  
and vision based SLAM  technique. 
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Abstract—In this paper, the technique of hiding 
the information has been defined. Here 
different algorithms are discussed with their 
limitations. A Digital Watermarking (DWM) is 
a form of Stegnography, in which copyright and 
other source information is hidden inside a 
document, image or sound file without the 
user’s knowledge, but copies will retain the 
information. It can prove authorship and track 
copies to the original owner. 

 Keywords— Embedded Digital Watermark, 
DWT technique, DCT technique, Variable bit 
rate 

I. INTRODUCTION  

With the rapid growth of network 
distributions of images and video, there is an 
urgent need for copyright protection against 
pirating. Watermarking is a branch of hiding 
information, which is used to hide proprietary 
information in digital media like photographs, 
digital music, or digital video. In today’s world 
the internet has become so easy that exchanging 
the information is part and parcel of life. Because 
of this the copyright issues become very critical in 
order to protect your own information. 
Copyrighted material can be easily exchanged 
over peer-to-peer networks, and this has caused 
major concerns to those people who provide 
genuine digital contents on the internet.. In order 
to protect the interest of the content providers, 
watermarking is the solution. In this paper we 
provide a survey of the latest techniques that are 
employed to watermark images. Image 
watermarking techniques can be applied to digital 
videos as well [5]  

Watermarks were first used in Europe to 
identify the guild that manufactured paper. They 
were like trademarks or signatures and invisible.                    

Watermark image becomes visible as 
darker and lighter areas, when the paper is held up 
to the light. Digital watermarks for photographs 
work differently than those used for paper. With 
images widely available on the Internet, it is 
desirable to use watermarks. A watermark is a 
secondary image which is overlaid on the primary 
images and provides a means of protecting the 
image. There are two types of watermarks, viz., 
visible and invisible watermarks. A visible 
watermark is a visible transcription image which 
is overlaid on the primary image. Perhaps 
consisting of the logo or seal of the organisation 
which holds the right to the primary image, it 
allows the primary image to be viewed, but still 
marks it clearly, as a property of the owning 
organization. It is important to overlay the 
watermark in a way which makes it difficult to 
remove, if the goal of indicating property rights is 
to be achieved. A disadvantage of spatial domain 
watermarks is that picture cropping can be used to 
eliminate the watermark. Spatial watermarking 
can also be applied using colour separation 

II. LSB- LSB and LSB- MSB ALGORITHM 
 

To study the effect of different secret 
images on the watermarking algorithms, we start 
with one of the most primitive and well-known 
algorithms, called the Least Significant Bit (LSB) 
hiding algorithm. In LSB-MSB algorithms, the 
least significant bits of the original image is 
masked and substituted by the most significant 
bits of the watermark image. In LSB-LSB 
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algorithms, however, the least significant bits of 
the original image is masked and substituted by 
the least significant bits of the Watermark image. 
It is quite obvious that smaller the value of n (n is 
number of bits), lesser is the deterioration in the 
quality of the image. As we increase the number 
of bits, the image quality further degrades and 
becomes more visible to the naked eye [3] 

In case of direct watermarking, if the 
secret image has a higher concentration of white 
pixels, then LSB-MSB gives better PSNR results. 
But if more pixels are of darker colors, LSB-LSB 
gives better results. 

III. ALGORITHM BASED ON   DCT AND 
DWT 

In this algorithm of digital watermarking 
based on Discrete Cosine Transform (DCT) and 
Discrete Wavelet Transform (DWT). In this 
algorithm, the information of digital watermarking  
has been transformed into discrete Cosine is then  
put into the high frequency band of the image, 
which has been wavelet transformed. Then distils 
the digital watermarking with the help of the 
original image and the watermarking image. The 
simulation results show that this algorithm is 
invisible and has good robustness for some 
common image processing operations. 

In this algorithm of digital watermarking 
based on Discrete Cosine Transform (DCT) and 
Discrete Wavelet Transform (DWT). The 
watermarking image will be discrete Cosine 
transformed at first. Because these DCT modulus 
contain the low frequency information of 
watermarking image, as long as these information 
do not lose or lose little then the watermarking 
image can be renewed well. This enhances the 
robustness and concealment. The host image I is 
decomposed through DWT transform, then choose 
the appreciate wavelet modulus in the high 
frequency level. The watermarking information is 
embedding into the corresponding position. By 
applying IDWT to whole image we can get the 

watermarked image. The watermarking distilling 
is quite the contrary [2]. 

IV. ALPHA MASKING 
Here this technique allow us to mask the data to be 
hidden either in image form or text form 
This technique can be employed to 
transform 
1. Image on image 
2. Text on image 
3. Text on text 
This technique of water marking is completely 
loss less. 

 
V. VARIABLE BIT RATE MASKING 

 
It is similar to the alpha masking but the 

only difference is that there is certain loss in 
watermarked image[13]. 
This technique can be employed to transform 
1. Image on image 
2. Text on image 
3. Text on text 

VI. LSB TECHNIQUE 
 

In LSB, it utilizes LSB of each pixel in one 
image to hide MSB of another image. The 
procedure of LSB is given below. 
Procedure:- 
a) Load the host image and the image which is to 
be hided. 
b) Choose the number of bits you wish to hide the 
secret message. Now we have to create new image 
by combining pixel from the both the image. 
Example:- 
Let’s choose 4 bit to hide secret image. Then there 
will be only 4 bit left for host image. 

 
1 0 1 1 0 0 0 1 

 
 

0 0 1 1 1 1 1 1 
 
 

Host Pixel  

Secret Pixel  
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1 0 1 1 0 0 1 1 
 
c) To get original image back we just need 
to know how many bits we were used to 
store secret image. 

 
1 0 1 1 0 0 0 1 

 
 
Bits used: - 4 
 

0 0 0 1 0 0 0 0 
 

After scanning through host image, pick out 
the LSB as per the number of bits used and 
then to create new image. 

 
VII. DWT TECHNIQUE 

DWT algorithm is one of the main 
components of JPEG compression. 
 
Procedure:- 
 
a) Split the image into 8*8 square. 
b) Each square is transformed via DCT 
whose output is multidimensional array of 
63 coefficients. 
c)A quantize rounds some value to each 
coefficient because of which some data is 
lost(compression stage). 
d) At final stage, we get array of streamlined 
coefficients that are further compressed via 
Huffman encoding. 
e) Decompression is done via inverse DCT  

 
VIII. IMAGE FORMAT 

  
There are two types of image formats  

A. TGA (True vision Graphics Adapter) 
[11] Raster graphic file format designed by True 
vision; supports 8, 16, 24, or 32 bits per pixel at a 
maximum of 24 bits for RGB colors and and 8-bit 

alpha channel; often used to store texture files 
referenced by 3D video games[7]. 
The TGA (True vision Graphics Adapter) format 
is used widely in paint, graphics, and imaging 
applications that require the storage of image data 
containing up to 32 bits per pixel [2].                                                       
In 1989, True vision introduced new extensions to 
the Targa format to meet the needs of graphics 
professionals. Examples of the extra extensions 
include [8]. Date and time the file was created, 
author name and comments                                          
Alpha channel type 

 Pixel aspect ratio 
 Gamma value 
 A scaled-down postage stamp copy 

of the image (a "thumbnail" image). 
The Targa format, which stands for True 

vision Advanced Raster Graphics Adapter, was 
designed by Truevision (now Pinnacle Systems) in 
1984 for use with its first video software programs 
[1]. 

 

Figure1: Format of TGA  

B.bmp (Bitmap) 
Short for "Bitmap." It can be pronounced 

as "bump," "B-M-P," or simply a "bitmap 
image." The BMP format is a commonly used to 
raster graphic format for saving image files. It 
was introduced on the Windows platform, but is 

New image  

Host Pixel  

New image  
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now recognized by many programs on both Macs 
and PCs [7]. 

The BMP format stores color data for each 
pixel in the image without any compression. For 
example, a 10x10 pixel BMP image will include 
color data for 100 pixels. This method of storing 
image information allows for crisp, high-quality 
graphics, but also produces large file sizes. The 
JPEG and GIF formats are also bitmaps, but use 
image compression algorithms that can 
significantly decrease their file size. For this 
reason, JPEG and GIF images are used on the 
Web, while BMP images are often used for 
printable images [8]. 

TGA is the method in which alpha bit has 
been used and in bmp alpha channel is not used. 

 
IX. PROPERTIES OF DIGITAL 
WATERMARKING 

 
1. Robustness describes whether the watermark 
can be reliably detected after media operations. 
2. Conversion, rotation, scaling or cropping. It 
means resistance to build, non-targeted 
modifications or common media operations. 
3. Security describes whether the embedded 
watermarking information can be removed beyond 
reliable detection by targeted attacks. All 
watermarks except annotation should provide high 
security. 
4. Inevitability describes the possibility of 
extracting the watermark after embedding it to 
restore the origin. For example, integrity 
watermarks often need to verify a file’s integrity 
and restore the original for medical images. 
5. Transparency relates to the properties of the 
human sensory system. A transparent watermark 
causes no artefacts or quality loss.  
6. Complexity describes the effort and time needed 
to embed and retrieve a watermark. This parameter 
is essential, if we have real-time applications. 
Another aspect addresses whether the original data 
is required in the retrieval process. 

7. Capacity describes how many information bits 
can be embedded. It also addresses the possibility 
of embedding multiple watermarks in one 
document in parallel 
8. Verification describes whether it has a private 
verification, like private key functions, or a public 
verification, like the public-key algorithms in 
cryptography [9]. 
 
XI. KEY ASPECTS OF DIGITAL 
WATERMARKING 

 
(i) Images, videos (raw or compressed) and 3-D 
models can be marked. 
(ii) it is not necessary to decode and read the 
water mark of the original document. Only the 
copyright holder’s key and the watermarked 
document are required. 
(iii) The watermarks are resistant to multiple 
watermarking, as well as to a variety of image 
manipulations, such as JPEG and MPEG 
compression, printing-rescanning, rotation, 
scaling, cropping, filtering, colour changes, etc.. 
in case of videos, the watermarks are resistant to 
format conversion, frame-rate changes, etc.  
iv) it supports a time-dependent identification.. 
(v) The process is content adaptive to prevent any 
visible artefacts [5]. 
(vi) The embedding/detection are based on a 
cryptographic public key scheme. A third party 
may, therefore verify in a legal dispute, who has 
embedded the watermark [12]. 
 

XII. POSSIBLE ATTACKS  
 

An attack on a watermark [4] can be 
defined as an operation, (coincidental or hostile) 
that may degrade a watermark and possibly make 
it unreliably detectable. Some of the practical 
attacks include the following. 
1 Compression Methods 
JPEG is currently one of the most widely used 
compression algorithms for images, and any 
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watermark should be resilient to some degree of 
compression. 
2 Geometric Transformations 
Transformations like flipping, rotation, scaling, 
cropping, as well as other transformations with 
compression are used. 
3 Image Enhancement Techniques 
Low-pass filtering including linear and non-linear 
filters such as median, Gaussian, and standard 
average filters, sharpening methods such as photo 
editing and demising, and histogram modification 
generally associated with image smoothening, 
noise addition, statistical averaging, collusion and 
image fusion 
 

XIII. RESULTS OF WATERMARKING 
 

 
 

A. Image to be watermarked 
 

 

B. watermarked Image 

 

C. Tamper in Watermark Image 

 

D. Tamper Detection 

XIV. CONCLUSION 

In this paper, we discussed on different 
watermarking algorithm for security proposes 
authentication and privacy. The five algorithms as 
described in this paper are RGB 1bit, RGB 2 bit, 
RGB 3 bit, TGA and TGA signature. These 
algorithms have been applied on RGB as well as 
TGA formatted images. RGB is lossy algorithm 
and TGB is lossless algorithm. RGB is lossy 
algorithm because when it is applied, 
watermarking will change the RGB bit in the 
image, while in TGA format watermarking 
algorithm does not change the RGB bit of image 
though it changes the alpha masking bit which is 
an average of red green blue bit.  
The entire algorithm has been applied on smaller 
image (50*50). If the image is bigger size then it 
will take long time for processing in encryption 
and decryption. And further work needs to be 
carried out in reducing processing time as well as 
enhance the techniques to use acceptable 
watermarking algorithm. 
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Abstract— Measurement of the fetal head circumference and 

diameter is necessary during second and third trimester of 

pregnancy to estimate the fetal age and growth pattern. 

Extraction of desired features becomes a difficult  task  due to the 

noisy nature of ultrasound images and variation in image 

acquisition and measurement techniques, manual measurements 

of these parameters are subjected to inter and intra-observer 

variability. 

    The main objective of this work is to recognize the fetal head 

contour in the ultrasound image, refine its shape, compensate for 

different irregularities, and correctly measure its dimensions, 

thus attaining accuracy and reproducibility of measurement. The 

automation algorithm utilizes binary segmentation, canny edge 

detection and tracing methods. Measurement performed using 

the automation algorithm is compared to those obtained 

manually and have been verified using many cases. Automation 

algorithm can be further improved to be performed online and 

can be implemented in the ultrasound machine, thus achieving 

consistency in measurements. 

 

 Keywords— Biparietal Diameter, Head Circumference, Binary 

Segmentation, Edge Detection System, Tracing Algorithm, Medical 

Ultrasonography 

I. INTRODUCTION  

   Ultrasound measurement plays a significant role in 

obstetrics as an accurate mean for monitoring the fetal growth. 

Several parameters are used for monitoring fetal growth; the 

most important are biparietal diameter (BPD), occipital-frontal 

diameter (OFD), head circumference (HC) [1]. Serial 

measurement of these parameters over time is used to 

determine the fetal growth. Biparietal diameter of the fetal 

head is measured from one parietal eminence to the other. 

Minimum biparietal diameter of skull at 14 weeks of 

pregnancy is 28.30 mm and maximum at 39 week is 93.08 

mm.  During routine examinations, the operators manually 

plots minor and major ellipse axis on the ultrasound image and 

estimates HC by calculating the circumference of the ellipse. 

However, this procedure could be operator dependent, time 

consuming, and contribute to inter and intra-observer error. 

Thus, consistency and reproducibility of measurements is an 

important issue. 

   Standardization of fetal ultrasound measurement procedure 

has always been a major concern. Maximum measurement 

error arises from the deficiency of echoes from head segments. 

These head segments are parallel to the ultrasound wave 

propagation direction. This is due to the relatively high 

reflection coefficient of bone, causing very low transmission 

of beam power into the bone, and hence, very weak or no 

signals arises from lower bone layers. In addition, the acoustic 

beam deflection at the bone interface causes a change in the 

wave propagation direction, which in turn produces weak 

echoes which are detected by the transducer at the assumed 

angle of reflection [2]. Accordingly, the head boundaries as 

shown in fig (1) are difficult to trace in a direction 

perpendicular to the ultrasound beam, likewise measurement 

of its diameter.  

 

 
Figure 1:  Ultrasound  image  of  Fetal Head 

 

  Because of the tedious and time-consuming nature of manual 

measurement, the automation algorithm developed in 

proposed method; is based on morphological operations for 

the noise elimination and segmentation phases, also to 

selectively enhance the interested contour region and diminish 

other unrelated structures. 
  The automation algorithm, developed through this work, is 
mainly based on morphological filters for the noise elimination 
and canny edge detection method for segmentation phases; to 
selectively enhance the head contour and diminish other 
unrelated structures. Automatic head measurements are then 
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performed with optimum accuracy and consistency of the 
results. 

II. ALGORITHM DESIGN  

  An automated method described is composed of mainly 

preprocessing, segmentation, smoothing and measurement of 

BPD and HC. Ultrasound images are characterized by speckle 

noise and edge information, which is weak and discontinuous. 

Therefore, traditional edge detection technique is susceptible 

to spurious responses when applied to ultrasound images due 

to speckle noise. Figure 2 represents the automation algorithm 

for finding edges of fetal head. 

 

 
Figure 2 : Automated Estimation of Biparietal Diameter and Head 

Circumference 
 

  In first step, contrast enhancement technique is applied, 
followed by filtering [4]. Smoothing of an image is done using 
Gaussian filter followed by wiener filter. This image is 
segmented using thresholding technique. Canny edge detection 
technique is implemented to locate the exact boundary of fetal 
head. This results in image having large number of gaps due to 
high intensity around region. This false region is minimized by 
morphological operation.  Knowledge based filtering is used to 
remove false boundaries. In this prior knowledge of fetal head 
shape is used. First fragmented edges are removed then most 
circular shape is found in case of fetal head, as it is generally 
circular. Once it is located, BPD and HC size are measured to 
monitor the fetal growth. 

A. Data Collection 

  Input for proposed system is ultrasound image. These 

ultrasound images are acquired from radiologist named Dr. 

Mahajan. Online database of ultrasound images is also 

considered. These images are available at the site 

www.ultrasound-images.com. Trans-abdominal ultrasound 

scanning was done by an operator to ensure the correct images 

are taken. Each image is having size in range 50-100kb. In our 

program images having lower abdominal view with 96 dpi are 

considered. All the images are in RGB format. In some 

images, markers around fetal head boundaries are marked by 

radiologist. 

 

B.  Preprocessing 

 

  Figure 4 represents the contrast enhancement of ultrasound 

image.  Enhancement is basically improve the interpretability 

or perception of information in images for human viewers and 

providing better input for other automated image processing 

techniques. The principal objective of contrast limited image 

enhancement is to modify attributes of an image to make it 

suitable for a given task and a specific observer [8]. Image 

preprocessing process involved contrast enhancement, bilinear 

interpolation and removal of speckle noise. The neighboring 

tiles are then combined using bilinear interpolation in order to 

eliminate artificially induced boundaries. Interpolation is a 

process for estimating values that lie between known data 

points. The contrast, especially in homogeneous areas, can be 

limited in order to avoid amplifying noise which might be 

present in the image. 

C.   Filteration 

  Image obtained after this step consist of additive and speckle 

noise. This causes removal of fetal head edges, which in turn 

causes inaccurate measurement of fetal head diameter. 

Various low pass filters are implemented to remove the 

additive noise of an image. Results of these filters are then 

compared considering its SNR with respect to one another and 

the filter with improved SNR is selected. Ultrasound images 

are characterized by speckle noise. Speckle causes for the 

grainy appearance of the images produced with medical 

ultrasound. Figure 5 represents wiener filtered image to 

remove deblurring effect. After noise removal, next step is to 

extract head region. For this, global threshold technique is 

used to segment fetal head region. 

    

      If image f(x, y) is composed of light objects on a dark 

background, in such a way that object and background pixels 

have intensity levels grouped into two dominant modes in 

histogram. One obvious way to extract the object from 

background is to select a threshold T that separates these 

modes. Then any point (x, y) for which f(x, y) > = T is called 

object point; otherwise the point is called background point. 

Binary image obtained after thresholding method consist of 

head region as dark region. Figure 6 represent binary 

segmentation of an image focusing region of interest and also 

large number of false regions [3]. From this image exact fetal 

head region need to be identified. To get fetal head region first 

step is to find boundaries of region.  

 

D. Segmentation 

  Segmentation is typically used to locate boundaries in an 

object of interest [6].  Segmentation technique is described to 
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isolate biological structures of interest. Segmenting the image 

makes the analysis easier. In [5], there are two classes of 

segmentation techniques: 

 

(1) edge-based approaches and  

(2) region based approaches. 

 

 The concept of edge-based approaches is to take an intensity 

image I as its input, and returns a binary image of the same 

size as I, with 1's where the function finds edges in I and 0's 

elsewhere. In order to avoid any subjective behavior during 

the measurement of fetal biometric, the edges of the interest 

object must be performed clearly. In this study, the edge-based 

approach has been applied to enhance the quality of ultrasound 

images for segmenting the boundaries of objects of interest. 

Since there is a large number of edge detection operators 

available, but only three commonly used operators were 

applied in this study. These are sobel, prewitt, and canny. 

Figure 9 represents sobel edge detected image. The Sobel 

method finds edges using the Sobel approximation to the 

derivative. It returns edges at those points where the gradient 

of I is maximum. Figure 8 represents prewitt edge detected 

image. The Prewitt method finds edges using the Prewitt 

approximation to the derivative. It returns edges at those 

points where the gradient of I is maximum. Figure 7 represents 

canny edge detected image. The canny method finds edges by 

looking for local maxima of the gradient of I. The gradient is 

calculated using the derivative of a Gaussian filter. The 

method uses two thresholds, to detect strong and weak edges, 

and includes the weak edges in the output only if they are 

connected to strong edges. This method is therefore less likely 

than the others to be fooled by noise, and more likely to detect 

true weak edges. Each edge detector was designed to be 

sensitive to certain types of edges.  

   Edge detection processed the image by identifying the 

abrupt changes or discontinuity in pixel intensity which 

characterizes boundaries of objects. The purpose of detecting 

sharp changes in mage brightness is to capture important 

features and changes in properties [9]. By applying edge 

detection algorithms, the noise or irrelevant information of the 

image would significantly be reduced and the desired part on 

the image will be preserved. If the edge detection is 

successful, it will be easier to further process the image and 

compute the measurement for each parameter. 

 

E.    Smoothing and Measurement of HC, BPD  

    

   Image obtained after this step consists of large numbers of 

false edges. For this some assumptions are made that are 

useful to remove false edges. This process is referred as 

knowledge based filtering. Prior knowledge of fetal head 

ultrasound image is used like infant head is circular and 

generally ultrasound is freeze when the head is at central part. 

This means false edges that are lying near the boundary and 

also which are not circular are need to be removed. Also false 

loops which are smaller than head size are also need to be 

removed. This is done using morphological operations. 

In order to measure the HC, and BPD of the edge-detected 

images, image needs to be further processed by morphological 

operations [7]. First, an ellipse was used and put into the 

overlay of the image to determine the head region. A binary 

mask was formed from the determined region.      

  A tracing algorithm is then applied to the vertical axis of the 

ellipse to calculate the direction of rotation at which the head 

axis has a maximum length to the outer bone boundary. This 

maximum length is found out by finding the maximum 

distance between two points on the boundary. This boundary 

is expressed as array of (x, y) coordinates of points on 

boundary. For this, one point on boundary and it’s distance 

with all other points is considered. Maximum distance 

between any two points is returned [4]. In case the OFD is the 

vertical axis, this measurement is considered as the outer-to-

outer OFD. The BPD is then calculated as the outer-to-inner 

length of the perpendicular axis. Once major axis and minor 

axis of ellipse is determined then, the head circumference is 

calculated as the perimeter of the ellipse. Moreover, the BPD 

in pixels is converted to centimeter. 

III. PERFORMANCE ANALYSIS 

  Exact delineation of fetal head and also size or diameter of 

head region in cm is estimated according to the algorithm 

defined above. Here, ultrasound images from same ultrasonic 

machine are considered as the images from same machine 

have exactly same properties like contrast, brightness, dpi etc. 

9 images of similar properties are tested. 

 

A. Result Obtained at Various Stages in Measurement of  fetal 

head 

 

 
Figure 3:  Original Image 

 

 
 

Figure 4:  Contrast Enhanced Image obtained after Adaptive Histogram 

Equalization 
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Figure 5:   Wiener Filtered Image 

 

 
Figure 6:  Binary Segmentation 

 

 
Figure 7:   Canny Edge Detection 

 

Figure 8:  Prewitt Edge  Detection 

 

 
Figure 9: Sobel Edge Detector 

 
 

 
 

Figure 10:   Image obtained after removal of false edges 

 

Biparietal diameter size measured on ultrasound machine by 

radiologist is considered and compared with results obtained 

from automated method. Table 1 indicates comparison of 

automated and manual method. Error measurement can be 

found out by following equation: 

  

error% = 100 | Sman – Sauto / Sman | 
 

Where , 

           Sman  -  size obtained by manual method 

           Sauto  - size obtained by automated method 

 
Table 1: Comparison of automated and manual method 

 

Images Measurement  
of BPD in 
cm using 
Automated 

Method  

Measurement  
of BPD in 
cm   using 

Manual 

Method 

Error 

A1.jpg 4.78 4.18 4.35 

A2.jpg 1.82 1.85 1.62 

A3.jpg 2.89 3.2 9.68 

A4.jpg 2.51 2.50 0.4 

A5.jpg 1.93 1.98 2.52 
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A6.jpg 3.65 3.68 0.81 

A7.jpg 4.73 4.69 0.85 

A8.jpg 2.11 2.10 0.476 

 

 

The head circumference is calculated using the following 

equation: 

                                 ]   -  eq(1) 

Where,  

                a  =  major axis of ellipse 

                b     minor axis of ellipse 

 

When  a = b, the ellipse is a circle, and the perimeter is 2πa 

  

  In automated method, the BPD and OFD are measured on a 

transverse axial section of the fetal head. The BPD is 

measured from the outer edge of the nearer parietal bone to the 

inner edge of the more distant parietal bone. The OFD is 

measured perpendicular to the BPD. An automated method 

gives accurate results. All together, 8 different ultrasound 

images having fetal head are tested. These images have 

dimension 400 x 300 with 256 grey levels. Out of 8 images, in 

7 images biparietal diameter is accurately detected. 

Recognition rate of biparietal diameter for this automated 

method is around 83.33% 

 

 

IV. CONCLUSION 

 

    In this paper, computer generated biparietal diameter and 

head circumference measurement is described. This reduces 

the inter-observer variability. Automated algorithm used in 

this work is based on canny edge detection for segmentation 

phase. From the various edge detection techniques, the results 

indicate that the canny edge detector is most sensitive in 

segmenting and detecting the edges of fetal ultrasound images 

compared to others.  By this method one can find out accurate 

size of biparietal diameter in cm. Exact diameter size gives 

accurate circumference of fetal head. This multistep 

automated method of fetal head detection is successfully 

accomplished by this implementation. This method can be 

useful for a gynecologist. It reduces time and concentration 

required to take measurements. This indirectly helps them for 

disburdening of their routine work. 

 

V. FUTURE SCOPE 

 

   This automated method of measurement can be useful to 

develop the similar system that gives the measurement in next 

trimester of pregnancy. The presented automation algorithms 

can be further extended to include other fetal structures. By 

implementation in the real-time ultrasound system, there is an 

opportunity to standardize fetal growth curves over the 

gestational age and therefore generate more consistent and 

reliable fetal age estimates.  For example in 8 to 10 weeks of 

pregnancy, measurement of crown rump length (CRL) is 

considered to be important. CRL, gestational sac (GS), femour 

length (FL) are measured for predicting gestational age in 10-

14 weeks of pregnancy and many more measurements in last 

trimester.  
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Abstract: This paper is concerned with the 
behavioral design and synthesis of a 32-bit 
digital sine and cosine wave generator for 
modern application specific computer.  A 
32-bit digital sine and cosine wave generator 
is basically an accumulator that stores the 
current phase value of the generated wave 
and produces the sine wave whose phase 
value is shifted by 90 degree to produce 
cosine wave. 

Key Words: VHDL, Sine wave, Cosine 
wave 

Introduction: Sine and cosine functions 
have a wide range of uses including 
computing unknown lengths and angles in 
triangles for instance, in navigation, 
engineering, and physics for frequency 
conversion, discrete Fourier transform, in 
modems, software defined radios, radars, 
mobile phones, radio receivers, etc.In 
today’s world the size and price of a device 
is of very much concerned. So, we are trying 
to design a device that is cost effective and 
small in size. In this paper we are presenting 
design and synthesis of a 32-bit digital sine 
and cosine wave generator VHDL using 
Xilinx ISE 9.1i  . The circuit is basically an 
accumulator which is associated with two 
ROMs (each stores one half of the sine 
function period of only a selected phase 
region between 0 and π) and some adders.  

 

Block Diagram: 

 

Circuit Description:In the above circuit we 
took a 32-bit input data (F), four adders 
(SMP,SMS, SMC and SM1), three registers 
(RgP, RgS and RgC) and two ROMs (ROM 
S1 and ROM S2). The adder SMP with the 
register RgP implements the phase 
accumulator with the increment F. ROM 
ROMS1, ROMS2 store one half of the sine 
function period. ROMS1 is addressed by 5 
most significant bits of RgP except highest 
one. The whole sine wave period consists of 
64 samples. The adder SMS inverts the sine 
code to generate the negative waves of the 
resulting sine signal. It is implemented when 
the 31st  bit of RgP is a 1. In another 
situation this adder throughputs the data 
without exchanges. The adder SM1 adds a 1 
to 2 MSBs of the code RgP, and therefore, it 
shifts the phase value to 90°. By this method 
the address is derived which provides the 
cosine function fetching from the sine table. 
The adder SMC and ROMS2 generate the 
cosine function. Finally, the sine and cosine 
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samples are buffered in the registers RgS 
and RgC respectively.  

Schematic View: 

 

RTL Schematic View: 

 

Result and Output: 

 

Fig: Output in Decimal 

 

           Fig: Output in Hexadecimal 

 

Conclusion: 

The 32-bit sine and cosine wave generator is 
designed and synthesized using Xilinx ISE 
v9.1i. We have verified the results obtained 
from Xilinx ISE Design Suit v9.1i with the 
theoretical results and found that they 
approximately match the theoretical values. 
Thus, a cost effective, low power 
consumption, smaller size and high speed 
sine and cosine wave generator can be 
designed.  
 
Synthesis Report and Analysis: 

1. HDL Synthesis Report: 
Macro Statistics 
# ROMs                   : 2 
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 16x16-bit ROM       : 2 
# Adders/Subtractors        : 3 
 2-bit adder                       : 1 
 32-bit adder                     : 2 
# Accumulators                : 1 
 32-bit up accumulator     : 1 
# Registers                       : 2 
 32-bit register                  : 2 

2. Advanced HDL Synthesis 
Report: 
Macro Statistics 
# ROMs                            : 2 
 16x16-bit ROM               : 2 
# Adders/Subtractors        : 3 
 2-bit adder                       : 1 
 32-bit adder                     : 2 
# Accumulators                : 1 
 32-bit up accumulator     : 1 
# Registers                       : 64 
 Flip-Flops                       : 64 

3. Low Level Synthesis  :                          
INFO:Xst:2261 - The FF/Latch 
<cos_o_15> in Unit 
<SIN_GEN> is equivalent to the 
following 16 FFs/Latches, which 
will be removed : <cos_o_16> 
<cos_o_17> <cos_o_18> 
<cos_o_19> <cos_o_20> 
<cos_o_21> <cos_o_22> 
<cos_o_23> <cos_o_24> 
<cos_o_25> <cos_o_26> 
<cos_o_27> <cos_o_28> 
<cos_o_29> <cos_o_30> 
<cos_o_31>  

INFO:Xst:2261 - The FF/Latch <sin_o_15> 
in  

 Unit <SIN_GEN> is equivalent to 
the following 16 FFs/Latches, which 
will be removed : <sin_o_16> 

<sin_o_17> <sin_o_18> <sin_o_19> 
<sin_o_20> <sin_o_21> <sin_o_22> 
<sin_o_23> <sin_o_24> <sin_o_25> 
<sin_o_26> <sin_o_27> <sin_o_28> 
<sin_o_29> <sin_o_30> <sin_o_31>  

Optimizing unit <SIN_GEN>  

4. Final Report                               
 Final Results: 
RTL Top Level Output File 
Name     : SIN_GEN.ngr 
Top Level Output File Name         
: SIN_GEN 
Output Format        : NGC 
Optimization Goal  : Speed 
Keep Hierarchy      : YES 
Target Technology: CoolRunner 
XPLA3 CPLDs 
Macro Preserve     : YES 
XOR Preserve       : YES 
Clock Enable         : YES 
wysiwyg                : NO 
Design Statistics 
# IOs                      : 98 
Cell Usage : 
#  BELS                 : 745 
#      AND2            : 261 
#      AND3            : 18 
#      AND4            : 3 
#      INV                : 209 
#      OR2                : 141 
#      OR3                : 16 
#      XOR2             : 97 
#  Flip Flops/Latches        : 64 
#      FDC                : 64 
# IO Buffers            : 98 
#      IBUF               : 34 
#      OBUF             : 64 
CPU : 5.99 / 6.32 s | Elapsed : 
6.00 / 6.00 s 
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Total memory usage is 178268 kilobytes, 

Number of warnings :    0(   0 filtered) 
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Abstract— Nowadays, the need for high speed data 

transmission has been increased. OFDM was developed for 
high speed data communication. By coupling of OFDM-
MIMO we will get high data rates up to several 100 mbps. 
WLAN (Wireless LAN) is the important standard used in 
wireless communication. It uses 2.4 GHz frequency band 
i.e. ISM band(Industrial , Scientific & Medical).In this 
paper we can use 802.11n standard which is capable for 
supporting up to 600 mbps data rates and also used the 
MIMO technique. The operation of MIMO is based on 
Spatial Multiplexing and Space time block code i.e. SM 
and STBC respectively. We can achieve high data 
transmission if it is effectively relied on hardware design. 
We can implement OFDM-MIMO trans receiver based on 
proper selection of FPGA. In this paper we also used QAM 
technique for the constellation, modulation, convolution 
coding rate and the parsing method . 

Keywords— OFDM,MIMO,FPGA,QAM  
I.  INTRODUCTION  

 OFDM is a combination of modulation and 
multiplexing. OFDM is a method of  encoding 
digital data on multiple carrier frequencies .OFDM 
helps in reducing intersymbol interference even at 
high data rate. MIMO stands for multiple input and 
multiple output .In this technology multiple antennas 
are used at both the transmitter and receiver to 
improve communication performance.  
 MIMO  technology offers significant increases in 
data throughput and link range without additional 
bandwidth or increased transmit power .OFDM 
technique carried out in the digital domain, there are 
different methods to implemented the system .One 
of these Application Specific Integrated Circuit 
(ASIC) is being used. 

 The advantage of ASIC is it has fastest, smallest 
and lower power way to implement OFDM into 
hardware. Another method that can be used to 

implement OFDM is general purpose 
Microprocessor or Micro Controller. Field-
Programmable Gate Array (FPGA) is an example of 
VLSI circuit.[4] This hardware is programmable and 
the designer has full control over the actual design 
implementation without the need (and delay) for any 
physical IC fabrication facility. An FPGA combines 
the speed, power, and density attributes of an ASIC 
with the programmability of a general purpose 
processor will give advantages to the OFDM 
system. An FPGA could be reprogrammed for new 
functions by a base station to meet future needs 
particularly when new design is going to fabricate 
into chip. This will be the best choice for OFDM 
implementation since it gives flexibility to the 
program design besides the low cost hardware 
component compared to others. 

Transmitter 

 

Data in 

 

 

 

Receiver 

 

Data out 

 

 

Fig. 1. OFDM Transmitter and Receiver. 

In this technique, the given bandwidth is shared 
among individual modulated data sources. Normal 
modulation techniques like AM, PM, FM, BPSK, 

Modulation 
(QPSK , 
QAM) 

 
IFFT 

 
D/A 

Demodulation 
(QPSK , 
QAM) 

 
FFT 

 
A/D 
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QPSK, etc... are single carrier modulation 
techniques, in which the incoming information is 
modulated over a single carrier [1]. OFDM is a 
multicarrier modulation technique, which employs 
several carriers, within the allocated bandwidth, to 
convey the information from source to destination. 
Each carrier may employ one of the several 
available digital modulation techniques like BPSK, 
QPSK, and QAM. 
 A communications data stream is effectively split 
into N parallel low bandwidth modulated data 
streams. Each sub-carrier overlaps, but they are all 
orthogonal to each other, such that they do not 
interfere with one another. Each of the sub-carriers 
has a low symbol rate. But the combination of sub-
carriers carrying information in parallel allows for 
high data rates. The other advantage of a low symbol 
rate is that inter-symbol interference (ISI) can be 
reduced dramatically since the symbol time 
represents a very small proportion of the typical 
multipath delay [1]. 
 The transmitter stage of an OFDM transceiver 
takes data, converts, and encodes it into a serial 
stream before modulation. The OFDM signal is 
generated using an Inverse Fast Fourier Transform 
(IFFT). The receiver stage of the transceiver simply 
reverses the process. 

 
Fig. 2. OFDM spectrum. 

 

 
Fig. 3. OFDM Symbol Structure  

 In OFDM each symbol consists of data sub-
carriers that carry data, pilot sub-carriers as 
reference frequencies and for various estimation 
purposes, DC sub-carrier as the center frequency, 
and guard sub-carriers or guard bands for keeping 
the space between OFDM  signals 

II. SYSTEM OVERVIEW  

The overall system is split into two main parts: 
the transmitter and the receiver. The figure1 shows 
the MIMO transmitter of OFDM transceiver. 

A. Scrambler: 
The scrambler transposes or inverts signals or 

otherwise encodes a message at the transmitter to 
make the message unintelligible at a receiver not 
equipped with an appropriately set of descrambling 
device. Scrambling is accomplished by the addition 
of components to the original signal or the changing 
of some important component of the original signal 
in order to make extraction of the original signal 
difficult. 

  
 
 

 
 
 
 
 

 
Fig. 4. 802.11n System Transmitter block diagram. 
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B. Convolutional Encoder: 
The data bits are encoded using a convolutional 

encoder. Convolutional encoding 
with Viterbi decoding is a FEC technique that is 
particularly suited to a channel in which the 
transmitted signal is corrupted mainly by additive 
white gaussian noise.  

C. Mapper: 
According to the modes of operation the data bits 

are punctured and mapped with QPSK constellations 
mentioned as per the standard. Puncturing is the 
process of removing some of the parity bits. This has 
the same effect as encoding with an error-correction 
code with a higher rate, or less redundancy. Thus 
puncturing considerably increases the flexibility of 
the system without significantly increasing its 
complexity. 

Puncturing increases the data rate defined as 
incase for rate 2/3 which indicates transmitting 3 bits 
and taking 2 at the output. The data thereby is sent to 
Multiple- Input Multiple-Output (MIMO) parser.  

D. MIMO Parser: 
The MIMO parser performs different operations 

on input data bits. This operation is based on Space 
Time Coding (STC) or Spatial Multiplexing (SM). 
Among the most important STC’s are the Alamouti 
and trellis codes. The D-BLAST and V-BLAST 
methods are among the most important methods in 
Spatial Multiplexing [2]. A parser segments a long bit 
stream into multiple spatial data streams. The 
multiple spatial data streams are applied to multiple 
interleavers.  

E. Interleaver: 
The interleaver thereby interleaves the bits which 

correspond to spatial data stream by performing 
multiple column rotation to increase diversity of the 
wireless system. There are different types of 
interleaver such as row-column, helical, odd-even 
and pseudo-random interleavers. An example of 
row-column interleaver is shown in the figure1. The 
interleaver design considers data bits in order to 

change burst errors of channel into separated error 
which can be easily detected.  

F.  Insert Pilot: 
By Insert Pilot it is possible to prevent Inter 

carrier interface (ICI). The pilot inserted to the 
corresponding sub carriers is used for channel 
estimation. 

 
            Fig. 5.  Pilot Insertion 

G. IFFT: 
The IFFT block transforms frequency signal into time 

domain.  

Calculation of FFT/IFFT size: 

 

 

 

 

 

 

H. Insert Guard Interval: 
The spectra of an OFDM signal is not strictly 

band limited, linear distortion such as multipath 
cause each sub-channel to spread energy into the 
adjacent channels and consequently cause Inter 
Symbol Interference (ISI). The guard interval is 
inserted in order to avoid Inter Symbol 
Interference.  A system without a guard interval has 
a significantly lower bit error rate and requires less 
bandwidth [2].  

Multiple-Input-Multiple-Output (MIMO) antenna 
systems provide higher data rates up to 100Mbps. 
The combination of OFDM with MIMO results in 
less BER and improved Eb/No. At the receiver the 
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blocks operation depends on the method used to 
code the signal in transmitter.  

The receiver has deinterleavers that 
deinterleavers spatial bit streams transmitted by the 
transmitter. The detected signals are then decoded 
using a Viterbi decoder and finally descrambled at 
the receiver end 

 
 
 
 
 
 
 
 
 
 

 
 
 
 

Fig. 6.  MIMO Receiver block diagram 

. OFDM Parameters 

Parameter name Value 
FFT size 64 

Subcarrier in use 52 

Data subcarriers 48 

Subcarrier spacing 0.3125 MHz 

FFT period 3.2µs 

Guard interval 0.8µs 

Symbol period 4µs 

 

The design of transceiver with OFDM parameters 
[2] is as mentioned in the table III. When the 
transmitter receives data from the higher level, it can 
transmit data in sixteen different configurations. 
There are three issues which vary in different 
configurations [2]. The first one is the constellation 
used, the second one is the convolutional code rate 
and third one is the MIMO parsing method.  

III.  MATERIALS AND METHODS 

A. Multiple Input Multiple Output: MIMO 
In MIMO, the system exploits the fact that the 

received signal from one transmit antenna can be 
quite different than the received signal from a 
second antenna. This is most common in indoor or 
dense metropolitan areas where there are many 

reflections and multipath between transmitter and 
receiver [6]. In this case, a different signal can be 
transmitted from each antenna at the same frequency 
and still be recovered at the receiver by signal 
processing.  

 
Fig. 7. Transmit 2 Receive (2x2) MIMO channel 

A simple way to view this is in a standard N 
equations and N unknown problem which uses a 
well-known matrix inversion technique to solve. 
Reusing frequency in this way is known as Re-use 1, 
where the same frequency is used for different 
signals at the same time. Beam forming, on the other 
hand, is mostly a transmit technology and attempts 
to form a coherent construction of the multiple 
transmitters at the receiver [6]. This can yield a 
higher signal-to-noise ratio (SNR) at the receiver, 
and can provide higher bandwidth or longer reach 
for the same transmitted power. Rather than 
exploiting the different air interface responses 
between antennas, beam forming modifies the signal 
to unify the signal. Therefore, beam forming does 
not reuse frequency in the same way as MIMO. 
Dividing the frequency into separate bands for 
separate cells is called Re-use 3. This comes from 
the common practice of dividing wireless cell sites 
into three distinct sectors. 

IV. METHODOLOGY FOR DESIGN AND 
IMPLEMENTATION 

      
The first stage will be verification of each 

block using matlab. The Matlab is multi-purpose 
software which is usually used for mathematical 
computation in the engineering field. After the 
algorithm is verified, the hardware implementation 
will be obtained by constructing block diagram in 
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Simulink [5]. Then a VHDL code will be imported 
into Simulink via Xilinx system generator block set 
which will create bit true and cycle accurate 
hardware model.       

   The resultant hardware model will be programmed 
into FPGA prototyping board. Figure 5.1 shows the 
methodology and flow diagram of how exactly 
project will proceed. 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
Fig. 8.  Methodology and flow diagram. 
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Abstract—Performance evaluation of the 
Advanced Encryption Standard candidates has 
become led to intensive study of both hardware 
and software implementations. However, 
number of papers present various 
implementation results, it shows that efficiency 
could still be greatly improved by applying 
effective design rules adapted to devices and 
algorithms. This paper shows various 
approaches for efficient FPGA implementations 
of the Advanced Encryption Standard 
algorithm. For different applications of the AES 
algorithm may require different speed/area 
tradeoffs, we propose a vital study of the possible 
implementation schemes, but also the discussion 
of design methodology and algorithmic 
optimization in order to improve previous 
reported results. We propose system to evaluate 
hardware efficiency at different steps of the 
design process. We also use an optimal pipeline 
that takes the place and route constraints into 
account. Resulting circuits significantly improve 
the previous reported results: throughput has 
been up to 18.5 Gbits/sec and the area 
requirements can be limited to 542 slices and 10 
RAM blocks with a ratio throughput/area 
improved by minimum 25% of the best-known 
designs in the Xilinx Virtex- E technology. 

Keywords— Reconfigurable architecture, EDK, 
Real time Communication, AES, Security, XPS, 
EDK, RTOS. 

I. INTRODUCTION 

Data security is an essential objective for the 
military and diplomatic services which have many 

commercial uses and applications such as electronic 
banking, electronic mail, internet network service, 
messaging networks etc. As an efficient and cost-
effective cryptographic algorithm AES[1] algorithm 
has broad applications, including smart cards, Wi-Fi 
systems and cellular phones, WWW servers and the 
automated teller machines (ATMs). Establishing 
reliable communication between multiple FPGA 
systems/cards is an essential component for 
developing complex real time systems used for 
applications like real time data acquisition and 
processing.[2] Though related work exists for FPGA 
based AES implementation[3] But there exist no 
implementation based on real time data encryption 
and decryption over a communication interface 
between multiple FPGA systems using an RTOS, 
where each thread is capable of running the 
encryption and decryption individually. 
 

Our proposed work is an FPGA based design and 
implementation of the AES-128 algorithm on Real 
Time Operating System. We have successfully 
established a secured link between two FPGA 
systems through RS232 link and have achieved 
good throughput with a minimum number of 
resource utilization, compared to the other existing 
works[5] The total system functions like a complete 
system where data are taken from key board in real 
time by the FPGA, the encryption is done using a 
thread running on the RTOS. Through the RS232 
communication link the cipher data is being 
transmitted to another FPGA, where the decryption 
is done by another thread of the RTOS. The 
decrypted data is visualized on the Hyper Terminal 
for verification. The algorithm and the real time 
scenario of the system has been analyzed and its 
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hardware utilization proves to be better compared to 
the related works.[5] The development platform of 
our work is Xilinx EDK 11.1 and has an RTOS we 
have chosen Xilinx owned Xilinx kernel.[6] 

II.  DESIGN OVERVIEW OF AES 
 The algorithm is composed of three basic main 

parts: Cipher, Inverse Cipher and Key Expansion. 
The Cipher converts data, commonly known as 
plaintext, to an unintelligible form called cipher. 
Key Expansion generates a key schedule that is 
used in the Cipher and the Inverse Cipher 
procedure. The Cipher and Inverse Cipher are 
consists of specific number of rounds (Table 1). For 
the AES algorithm, the number of rounds to be 
performed during the execution of the algorithm is 
dependent on the key length[1]. 

AES operates on a 4x4 array of bytes (referred to 
as “state”).The algorithm consists of four different 
simple operations. Now These operations are: 

 
• Sub Bytes 
• Shift Rows 
•Mix Columns 
•Add Round Key 
 

TABLE I. FEATURES OF AES FOR DIFFERENT 
KEY LENGTHS 

 
 

Block 
Size Nb 

Words 

Key 
Length 
Ng 

Words 

Number 
of 
Rounds 
Nr 

AES-128 bits 
Key 

4 4 10 

AES-192 bits 
Key 

4 6 12 

AES-256 bits 
Key 

4 8 14 

 
A. Encryption Process: 

The Encryption and decryption process consists 
of a number of different transformations applied 

consecutively over data block bits, in fixed number 
of iterations, called as the rounds. The number of 
rounds depends on the length of the key used for 
encryption process. For the key length of 128 bits, 
the number of iteration required are 10 (Nr = 10). 
As shown in Fig. 1(a), each of the first Nr-1 rounds 
consists of the 4 Transformations: Sub Bytes(), Shift 
Rows(), Mix Columns() and Add Round Key(). 

1) Sub Bytes Transformation: It is non-linear 
substitution of bytes that operates independently on 
each byte of state using a substitution table (S box). 
This invertible S-box is constructed by first taking 
the multiplicative inverse in the finite field GF (28) 
with irreducible polynomial m(x) = x8 + x4 + x3 + x 
+ 1. The element {00} is mapped to itself. Then 
affine transformation is applied (over GF (2)).  

2) Shift Rows Transformation: This Cyclically 
shifts rows of the state over different offsets. The 
operation is almost same in the decryption process 
except for the fact that the shifting offsets have 
different values. 

3) Mix Columns Transformation: This 
transformation operates on the state column-to-
column, defining each column as a four-term 
polynomial. These columns are considered as 
polynomials over GF (28) and multiplied by 
modulo x4+1 with a fixed polynomial as a(x) = 
{03} x3 + {01} x2 + {01} x + {02}. 

4) Add Round Key Transformation: In this 
transformation, a Round Key is added to state by a 
simple linear bitwise XOR operation. and Each 
Round Key consists of Nb words from the  key 
expansion. Those Nb words are added into the 
columns of the state. These Key Addition is the 
same for the decryption process. 

5) Key Expansion: Each round key is a 4 word 
(128-bit) array generated as a product of previous 
round key, and a constant that changes each round 
and also a series of S-Box lookups for each 32-bit 
word of that key. Also the Key schedule Expansion 
generates a total of Nb *(Nr+1) words. 
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B. Decryption Process: 

  For decryption, as above the same process 
occurs simply in reverse order, taking a 128-bit 
block of cipher text and converting it to plaintext by 
an application of the inverse of the four operations. 
Add Round Key is the same for both encryption and 
decryption process. However the three other 
functions have inverses used in the decryption 
process: Inverse Sub Bytes, Inverse Shift Rows, and 
the Inverse Mix Columns. This process is direct 
inverse of the encryption process. All the 
transformations applied in the encryption process 
are inversely applied to this process. Hence last 
round values of both the data and key are first round 
inputs for the decryption process and follows in 
decreasing order as shown Fig. 1. 

This is the brief description of the AES algorithm 
for details see the reference.[1] 
 

 
 

Fig. 1: AES algorithm Encryption and Decryption 
Structure 

 

III. REAL TIME OPERATING SYSTEM 
      Real time embedded systems are designed for 
various purposes such as to control or to process 
data. Characteristics of real-time system include 
meeting certain deadlines at the right time. To 
achieve this purpose, real-time operating systems 
(RTOS) are often used more specifically an RTOS is 
a piece of software with a set of APIs for users to 
develop applications [7] which requires deadline 
based execution. Real Time Operating Systems are 
typically differentiated from generic Operating 
Systems regarding the following criteria i.e. 
preemptive or priority-based scheduling, 
predictability in task synchronization, deterministic 
behaviors [7]. There are various Real Time Operating 
Systems available for microcontroller as well as for 
FPGA based design i.e. VxWorks, QNX, LynxOS, 
and RTLinux. Here we have chosen Xilkernel [6] as 
our RTOS, which is provided by Xilinx. Xilinx 
kernel is a small, robust, and modular programing 
kernel. It is highly integrated with the Platform 
Studio Frames.  

The advantages for the usage of Xilinx kernel as 
RTOS here, are  

• Xilinx kernel has very low memory footprint, it 
uses 7-16 kb of BRAM in a multi threaded program 
[18] which is much smaller than the RTOS used in 
microcontroller [10].  

• In the context of Xilinx kernel, a thread is the 
unit of execution and is analogous to a process. 
Threads are coded like functions.  

• Xilinx kernel is structured as a library. The user 
application source files must be link with the Xilinx 
kernel to access Xilinx kernel functionality.  

• The Micro Blaze kernel requires an external 
timer circuitry to generate periodic interrupts and 
this is the only hardware requirement that the kernel 
places.  

• If an interrupt controller is present in the 
system, The Xilinx kernel exports an interrupt 
handler registering mechanism and provides the 
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handlers after it preprocesses the each hardware 
interrupt.[18] 

IV. HARDWARE ARCHITECTURAL 
DESIGN 

The proposed work is implemented using the 
Xilinx EDK 11.1(version) and Xilinx Spartan 3E 
FPGA prototyping board has been used for the 
hardware implementation and testing, debugging 
purpose. Now, Using the Xilinx platform studio 
from EDK (Embedded Development Kit) the 
hardware portion of the embedded system has been 
developed. And A soft core 32-bit RISC processor 
Micro Blaze has been used as a CPU for this 
embedded computing unit and all the required soft 
core peripherals are UART 1(used for RS232 DCE 
(Data Circuit-Terminal Equipment) port), UART 
2(used for RS232 DTE (Data Terminal Equipment) 
port). ). The blocks used to build up the FPGA 
based embedded computing unit is shown in Fig. 2. 

 
Fig. 2: Internal Architecture Block of  FPGA 

Systems 
V.  IMPLEMENTATION DETAILS 

The proposed architecture was synthesized using 
Xilinx ISE 11.1 [8] and was implemented on 
XC3S500e Spartan 3E FPGA Board. [8]  The 
necessary software for this design is written using 
the feature-rich C/C++ code editor and compilation 
environment provided within the SDK (Xilinx 

Software Development Kit). The SDK provides an 
environment for creating software platforms and 
applications targeted for Xilinx embedded processor 
(Micro Blaze). SDK works with hardware designs 
created with Xilinx Platform Studio (XPS). [22] We 
have tested the real time execution of the program 
in the hardware in RTOS environment. Bluetooth 
technology may be useful for wireless data 
transmission as well. 

Xilinx kernel (RTOS) can be configured by the 
software platform settings of the EDK. At the time 
of configuration we can also set the scheduling 
method, where we chose Round Robin scheduling 
with specific time slice. The kernel starts with the 
execution of a static thread. The real time data are 
taken from the key board into the board 1 through 
RS232 port where the AES encryption process is 
going on. The encrypted plain text called cipher text 
is being sent to the board 2 using RS232 port. After 
receiving the cipher text, board 2 decrypts the 
encrypted text and converts to the plaintext again. 
This plaintext is being sent to the hyper terminal of 
a PC also connected with the board 2, through the 
RS232 interface. 

A. Results 

In our test case we have taken 16 byte data by a 
key board Input = [36 46 e6 a8 88 5a 30 8c 28 31 
98 a2 e0 37 07 34]. And Cipher Key= [2b 7e 15 16 
28 ae d2 a6 ab f7 15 88 09 cf 4f 3c]. Then after ten 
rounds of the AES the cipher text will appear as 
Cipher text= [27 37 c1 82 83 29 a4 f1 43 93 9c 5e 
a6 b0 7c e1] 

For decryption we use cipher text as input and 
use the same cipher key for decryption algorithm 
and find original data= [36 46 e6 a8 88 5a 30 8c 
28 31 98 a2 e0 37 07 34]. This decrypted data is 
sent to the PC through an RS232 port and been 
verified using the hyper terminal interface. 

 Table II shows resource utilization of the FPGA 
in our design and Table III shows the execution 
time of our algorithm and the throughput of 
encryption and decryption from the equation given 
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below: Throughput= (bits processed for encryption 
or decryption) /second 

TABLE II: RESOUCES UNILIZATION 
The Logic 
Utilization 

Used Availa
ble 

Utilizat
ion 

Number of Slice 
Flip Flops 

2,621 9,312  28% 

Number of 4 input 
LUTs 

  
2,871 

9,312 30% 

Number of occupied 
Slices 

2,495 4,656 53% 

Number of Slices 
containing only 
related Logic 

2,495 2,495 100%  

Number of Slices 
containing unrelated 
logic 

0 2,495 0%  

 
 

TABLE III:  ENCRYPTION AND DECRYPTION 
TIMES 

Process 
Clock 
Freque
ncy 

Time(ms
) 

Throughput 
(byte/sec) 

Encrypt
ion 

       50 4.0274 3972.2 

Decrypt
ion 

        50 4.1524 30825.1 

 

VI. CONCLUSION 
 

The aim of this proposed design is to perform a 
real time data communication exhibiting a 
significant level of security and providing a faster 
processing time whenever necessary. The bit length 
of the key used in our experiment is 128 bit and the 
result is obtained successfully. The key width can 
be varied with the little modification in the source 
algorithm. Though we have performed the real time 
encryption and decryption of data for RS232 serial 
communication the technique remains the same for 
Ethernet data communication using the EMAC 
core. In future we will try to perform the encryption 

and decryption of data where inputs may be audio, 
image, video data coming from different 
multimedia applications performed over FPGA. 
Usage of single FPGA with dual processor 
implementation, where one processor will execute 
the algorithm and another one will be responsible 
for input data acquisition, so that the executing 
processor can handle the algorithm without any 
interruption, will also be a good step in the world of 
hardware design.    

References 
 

[1] “Advanced Encryption Standard (AES)” 
Federal Information Processing Standards 
Publication 197, Nov. 2012 

[2] http://www.xilinx.com/appnotes/FPGA_NS
REC98.pdf. 

[3] James H. Wiebe,AES-128 implementation 
on a Virtex-4 FPGA Proc. 2007   IEEE 
International Symposium on Signal 
Processing and Information Technology. 

[4] “Efficient Hardware Design and 
Implementation of AES Cryptosystem” by 
Pravin B. Ghewari, Mrs. Jaymala, K. Patil 
Amit B. Chougule, International Journal of 
Engineering Science and Technology Vol. 
2(3), 2010, 213-219. 

[5] A. J. Elbirt, W. Yip, B. Chetwynd, and C. 
Paar.- An FPGA implementation and 
performance evaluation of the AES block 
cipher candidate algorithm finalist. 
presented at Proc. 3rd AES 
Conf.(AES3).[Online].Available:http://csrc.n
ist.gov/encryption/aes/round2/conf3/aes3pap
er s.html. 2012 

[6] xilkernel_v3.00.pdf  on www.xilinx .com. 

[7] Tran Nguyen Bao Anh, Su-Lim Tan Survey 
and performance evaluation of real-time 
operating systems (RTOS) for small 
microcontrollers.  

 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

80 International Journal of Multidisciplinary Educational Research



Health Monitoring of Civil Structures Using 

Wireless Smart Sensor Networks 
 

 

Mr.Sanket P. Joshi
1 

Dept. of Electronics
 
and Telecom. Engg. 

SPCOE,Otur(MS),India 

sansanketjoshi@gmail.com 
 

 

Prof. Chanakya Kumar Jha
2
 

Dept. of Electronics
 
and Telecom. Engg. 

SPCOE,Otur(MS),India 

chanakya@ieee.org 

Abstract—The paper presents a wireless smart 

sensor networks (WSNs) for structural health 

monitoring(SHM). Real-time and periodic structural 

health monitoring can reduce the probability of collapse 

and the consequences of potential life-threatening 

conditions. The monitoring system is composed of two 

parts: the wireless network in which the sensor nodes 

are equipped with a 3-axis accelerometer and a 

temperature and humidity sensor, and a Mat lab 

program that processes and visualizes the data in real-

time. The first records acceleration signals in different 

locations of the monitored infrastructure and conveys 

them at the sink node. The latter plots the collected 

signals and computes their frequency spectrum in real-

time. The wireless sensor node and the implemented 

network architecture were tested on a bridge structure 

built to scale. The results show that the sensor nodes 

provide data that, if processed in the frequency domain, 

allow the correct identification of the vibrations 

frequencies of the structure. 

 

Keywords—wireless sensor networks(WSNs), 

structural health monitoring(SHM),Sink node,etc. 

I.  INTRODUCTION  

Civil infrastructures such as bridges, 

dams, buildings, pipelines, road tunnels, etc. are 

subjected to harsh environmental conditions 

(strong winds, heavy rains, high humidity, huge 

temperature variations) and to catastrophic events 

(earthquakes, hurricanes, floods) that can 

severely affect their health and induce potential 

life-threatening conditions. The above mentioned 

factors and the deterioration caused by corrosion, 

age, and fatigue, can result in partial or total 

collapses. Recently many residential buildings 

collapse due to faulty design, low quality work, 

ageing to toll many lives under debris. 

  Structural Health Monitoring (SHM) 

strategies measure structural response and aim to 

effectively detect, locate, and assess damage 

produced by severe loading events and by 

progressive environmental deterioration 

.Structural health monitoring calls for sensors that 

are low-cost, low- profile,  and  power-constraint.  

It  also requires the sensors to  form a network 

to accurately monitor the low-frequency response  

that  often  occurs  in  many  civil structures such 

as long-span bridges. However, the existing 

sensors are either not practical for wireless 

implementation, does not have enough accuracy, 

or are not cost- effective. This project presents a 

multi- function sensor that can easily form a 

smart sensor network by the merit of the ZigBee 

mesh networking function integrated in the 

sensor.  The radar sensor, integrated with a 

micro-controller, works in the arctangent- 

demodulated  interferometric  mode  to monitor 

the structure’s displacement with an accuracy of 

sub-millimeter. In addition to that structural 

monitoring system should reduce the energy 

consumption
[1]

.Communication between the nodes 

has to be done by using ZigBee. The main 

advantages of ZigBee based wireless 

communications are low power consumption, 

reliable and cost effective. It is very easy to 

embed with many products in commercial and 

industrial applications. ZigBee based 

communication technique is suited for large range 

of energy management field. Wireless sensor 

network is an upcoming technology especially in 

industrial and civil application. Their role of 

importance has been identified by the package of 

IEEE802.15.4 which defines PHY and MAC 

layer. ZigBee has several benefits when compared 

with other wireless technology particularly in 

short distance communication and low data rate 
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[2]
. In Real Time Bridge health monitoring system 

ZigBee is used to transmit the data about the 

different types of sensors that has measure the 

structural health parameters 
[3]

. 

 

II .SYSTEM ARCHITECTURE 
 
 

The  idea  struck  into  mind  that  a SHM 

system should be implemented so that it can 

monitor structure (two story building) using 

different surface mounting sensors, these systems 

can collect various parameters of the structure. 

The rapid development of wireless sensor 

network (WSN) technology provides us a  novel 

approach to  real-time data  acquisition,  

transmission  and processing. In a system of 

this kind, there are several nodes and a base 

station. Each node contains a group  of sensors 

and  the nodes are distributed on both the 

floors of the  building.  Data  collected  by  

sensors  is sent to the base station via WSN 

channel. The  base  station  is  usually  a  PC  

with Graphic User Interface (GUI)  for users to 

analyze current status and alarm automatically 

when  parameters  detected  is below preset  

standards. The recorded data can be analyzed 

using various simulation tools for future 

correspondence and actions. Structural health 

monitoring (SHM) can prevent these tragic 

incidents. For civil engineers, wireless sensor 

networks (WSNs) are an attractive technology: 

compared to traditional wired systems, they 

consistently reduce the installation time and costs 

and are not subjected to wires wear and tear or 

breakage  caused  by  harsh  weather conditions 

or other extreme events. 
 

Our aim is to monitor and measure the 

acceleration, strain, humidity and temperature of 

the building. The remote access of structure 

quality measurement parameters using wireless 

communication facilitates  quality  control,  

record  keeping and analysis using simulation 

software at base station. Acceleration, 

humidity, strain  and temperature are the 

parameters will be analyzed and control. 

Following will be the steps of idea 

implementation. Accelerometer sensor measures 

acceleration and Radar sensor measures 

displacement by taking double integration of the 

acceleration data it is possible to obtain 

displacement and that displacement can be 

compared with displacement of radar sensor.  

1)  Measurement of acceleration, 

humidity, strain, temperature 

using available sensors, at remote 

place. 

2)   To  collect  data  from  various  

the  sensor nodes and send it to 

base station by wireless 

communication. 
3)  To control data communication 

between source and sink nodes. 
(Synchronization using  time 
division ) 

4)   To  simulate   and   analyze   
quality parameters for quality 
control. (Graphical and numerical 
record using MATLAB) 

5)   To publish the corresponding     
recordover web for public 
information and further assessment 
of resource. 

Structural Health Monitoring (SHM) 

strategies measure structural response and aim 

to effectively detect, locate, and assess damage 

produced by severe loading events and by 

progressive environmental deterioration. 

Structural response reflects the structural 

condition as well as the excitation force. By 

analyzing the response data, SHM strategies 

are expected  to  reveal structural condition, 

such as the damage existence. SHM has seen 

intense research efforts in mechanical,  

aerospace,  and  maritime,  as well as civil 

engineering applications. Buildings  are 

subjected  to  natural hazards such   as   severe   

earthquakes   and   strong winds, as well 

hazards such as fire, crime, and terrorism, 

during their long-term use
[4]

. To   mitigate   

these   hazards,   monitoring various risks in a 

building by an intelligent sensor network is 

necessary. The sensor network could measure 

acceleration, displacement,   strain,   etc.   The   

risk   to buildings includes aging of structural 
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performance, fatigue, damage, gas leak 

invasion, fires, etc. 

 
Fig. 1: Building Risk Monitoring 

 

A. ACCELERATION 

MEMS accelirometers one of the simplest 

but also most applicable micro electromachanical 

systems.They became indispessible in 

automobile industry,computer and audio-video 

technology. An accelerometer  is  an 

electromechanical device that measures 

acceleration forces[8]. These forces may be 

static, like the constant force of gravity pulling at 

our feet, or they could  be dynamic  -  caused  

by  moving  or vibrating the accelerometer. 

There are many types of accelerometers 

developed and reported in the literature. The 

vast majority is based on piezoelectric crystals, 

but they are too big and too clumsy. People tried 

to develop something smaller, that could increase 

applicability and started searching in   the   

field   of   microelectronics.                                     

 

B.STRAIN AND TEMPRETURE 

In recent  years,  FBG (Fiber  Bragg 

Grating) has been accepted as a new kind of 

sensing element for temperature and strain 

measurement  for  structural  health monitoring 

(SHM) in civil infrastructures. Cost of FBG 

fabrication, high-quality FBG demodulation  

system, practical encapsulation (package) 

techniques and indirect FBG-based sensors, and 

practical applications are the cores for FBG to be 

widely popularized in infrastructures. In this 

paper, firstly, the FBG fabrication and 

demodulation The optical fiber sensors for the 

measurement of strain have been under 

development for a number of years and a lot of 

are shapes to embed within the structural 

material for the purpose of feature of optical 

fiber sensors is their inherent ability to serve as 

both the sensing transmission medium. 

 

Dynamic Strain Measurement Using FBG 

Sensors: 

 Recently, many researchers have 

demonstrated that the FBG sensors can be used  to  

measure  the  strain  of a  Structure under static 

loadings. The resolution of FBG sensors also 

gives a reliable data while comparing with the 

traditional RSG sensors. Under this situation, 

applying the FBG sensors  to  the  dynamic  

measurement becomes an interesting topic in civil 

engineering. Since the “smart structure” concept 

gradually rises up in civil engineering, there is a 

need of large amount of sensors in the structure. 

The main reason to use the FBG sensors is that 

they can solve the complex wire problems if there 

are hundreds of sensors on the structure. On the 

other hand, the FBG sensors have another 

advantage: sequential measurement. 

 

C.HUMIDITY 
Humidity of the building can be measured 

by using HS220 sensor by mounting the sensor on 
the surface of the building. 

 
 

 
III. BLOCK DIAGRA DESCRIPTION 
 
In proposed SHM system we are going to 

use the smart sensor. The essential difference 

between a smart sensor and a standard integrated 

sensor is its intelligence capabilities, i.e., the on-
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board microprocessor. The microprocessor is 

typically used for digital processing, analog to 

digital or frequency to code conversions, 

calculations, and interfacing functions, which can 

facilitate self-diagnostics, self-identification, or 

self-adaptation (decision making) functions. It can 

also decide when to dump/store data, and control 

when and for how long it will be fully awake so as 

to minimize power consumption.  

 The sensor unit consist of microprocessor, 

radio module, data storage unit and battery. The 

Accelerometer sensor and humidity sensor is 

interfaced to microcontroller .To measure the 

strains(forces) at anode strain gauge sensor is 

usedalong with signal conditioning circuit. The 

data is transmitted over wireless network to the 

centralized system(server section) using Zig-bee 

module. On server side the received data send to 

PC on which it is displayed in desired format for 

analysis and comparison. 

 

 

 

 

 

 

 

                                                    

 

 

                                                           

                                                                                  
                                                    
 

 

 

    

 

 

Fig. 2.1:Node Section. 

 

 

 

 

 

    
 

 

 

 

 

Fig. 2.2:Server Section. 

 

A.ACCELEROMETER SENSOR 

 

dIGITEXX d110-U (uniaxial) or d110-U 

(triaxial) accelerometer sensors used in structural 

health monitoring for many applications. d110-U 

(uniaxial) or d110-U (triaxial) accelerometers are 

force balanced electro-mechanical  capacitive 

accelerometers. They have wide dynamic range  

excellent  bandwidth  and  ultra  low noise floor 

while still operating at  highest performance 

commercially available. Available   as   uniaxial   

or   triaxial   these sensors provide electrostatic 

feedback without magnetic components.The 

accelerometer’s  high  resolution  and accuracy 

make them ideal for structural health monitoring. 

 

B. FBG (FIBER BRAGG GRATING) STRAIN 

AND TEMPRETURE SENSOR (OS3155) 

In recent years, FBG (Fiber Bragg 

Grating) has been accepted as a new kind of 

sensing element for structural health monitoring 

(SHM) in civil infrastructures
[7]

.Fiber Bragg 

gratings are formed by a periodic perturbation of 

the core refractive index of an optical fiber. 

Coupling between modes of the fiber may thus 

be achieved. A popular FBG couples a forward-

propagating mode into its contra directional 

propagating version.   This   is   achieved   by   

adding   a periodic variation to the refractive 

index of the fiber core, which generates a 

wavelength specific dielectric mirror. A fiber 

Bragg grating can therefore be used as an inline 

optical filter to block certain wavelengths, or as a 

wavelength-specific reflector. Fiber Bragg 

Gratings are made by laterally exposing the core 

of a single-mode fiber to a periodic pattern of 
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intense ultraviolet light. The Braggs wavelength 

is given by:   

         λBragg=2neff Λ  
 

 FBG  is  a  longitudinal periodic variation 

of the index of refraction in the core of an 

optical fiber. 
 

 The spacing of the variation is determined 

by the wavelength of the light to be 

reflected. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Fig.3:Working Principle For FBG (Fiber Bragg 

Grating) Sensor 

 

 

The OS3155 is a rugged strain gage with 

integrated temperature compensation. Both strain 

and temperature compensation measurements are 

based on fiber Bragg grating (FBG) technology. 

Optimized for outdoor installations on steel 

structures, the os3155’s  stainless  steel  carrier  

holds  the FBG in tension and protects the fiber 

during installation. Since there are no epoxies 

holding the fiber to the carrier,  long term 

stability is ensured by design 
[5]

. 

 

C.HUMIDITY SENSOR HS220 

 
This   module   converts   relative   humidity 
intothe output voltage. 

 

 

 

 

 

 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

C. WIRELESS MODULE 

 

ZigBee technology is an emerging technology 

that has the important features of low power 

networking, cost effective and reliable. Nowadays 

ZigBee is embedded with the many industrial and 

commercial products. ZigBee is based on IEEE 

802.15.4 standard protocol. This standard 

illustrates PHY and MAC layer. ZigBee can also 

provide the high potential for wireless 

transmission. It includes the characteristics of low 

power, transmission rate, short distance and 

simple. It has the transmission rate about 20 kbps 

to 250 kbps, and the transmission range about 

100m. It increases the reliability of data 

transmission. It is capable of including 255 nodes 

to expand. That is the master node can monitor 

the 254 nodes. When compared with other 

wireless technology it has high flexibility and low 
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data rate. It can be used with the products of home 

appliances, sensors and electronic devices. It can 

adapt the sleep node and it has low power 

dissipation because of short working cycle. It 

requires very less number of communication 

controllers so it leads to less cost. In ZigBee 

protocol communication delay is very small when 

compared to other technology. It provides high 

security. It has three mode for security they 

includes data integrity checking and 

authentication. And it has the frequency band 

range about 2.4 GHz. ZigBee module has three 

devices they are coordinator, it initiate the 

formation of network and stores the information. 

Routers used to provide the multi hop 

communication. End a device that has sensors and 

controller.ZigBee module is placed in both 

monitoring node and server node. 

 

IV.CONCLUSION 
 

This project describes a wireless sensor network 

for structural health monitoring. Thus to have safe 

civil structures  it is very necessary to monitor the 

integrity of the structure. Using Smart Sensor 

module which consist of number of sensors such 

as accelerometer sensor to measure undesirable 

movements or vibrations in the structure , 

humidity sensor to measure humidity, strain gauge 

sensor to measure strain(forces) at the node which 

gives the real time information about the health of 

structure. A smart sensor reduces the size, cost, 

power consumption and is scalable hence more 

number of nodes can be easily created.  
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Abstract— Recent development in Micro 
Electro Mechanical System (MEMS) based 
phase shifter provide the potential significant for 
reduction in loss, size, cost and weight. MEMS 
switch results in lower loss phase shifter mainly 
at 8 to 100 MHz frequency. This paper compares 
the different types of Radio Frequency (RF) 
phase shifter using different devices like diode, 
ferrite, FET and MEMS as well as highlights the 
recent improvements in packaging and 
reliability. It also highlights the challenges such 
as robustness, power handling capacity and 
insertion loss. 

Keywords — Micro Electro Mechanical System, 
phase shifter, switches, Low loss, packaging, 
reliability 

I. INTRODUCTION  

Radio Frequency micro-electromechanical 
system (RF MEMS) demonstrated versatile 
applications in biology, life science, aerospace, and 
telecommunication for their not only high 
performance, but also small size, light weight, low 
cost and low power consumption [1]. The MEMS 
switch can be configured to generate phase shift by 
switching between two different signals paths and 
have been proven to exhibit very low loss compared 
to solid state phase shifter at any frequency, and 
especially from 8 to 100 GHz [2] [3].  

This review article compares the RF phase 
devices like diode, ferrite, FET, and MEMS. 
However the performance of RF MEMS in 
aerospace has been slow down by packaging and 
reliability concerns. This paper will provide an 
overview of recent development and improvement 
in reliability, packaging and robustness.   

II. RF MEMS SWITCHES 

RF MEMS switches and components provide 
higher performance at RF and millimeter wave 
frequency. Recent development in MEMS provides 
the design and fabrication of control devices suitable 
for switching microwave signals [4]. RF MEMS 
system is concerned with the development of micro 
machined devices such as filters, resonator, sensors, 
oscillator, and swatches mainly at high frequency (1 
to 80 GHz) in communications. 

Active element in MEMS switches is a thin 
metallic membrane that moves with the application 
of DC electrostatic field.  Figure 1. Show the 
schematic diagram of switch [4]. A thin dielectric 
layer, typically 1,000 A° of silicon Nitride is 
deposited on bottom electrode to reduce stiction and 
provide isolation between metal bridge and 
electrode 

 
 
 
 
 
 
 
 
 
 
 

 Figure 1. Schematic diagram of switch in the (a) up 
state and (b) down state 
       
          MEMS switches with RF signals give very 
low insertion loss, high isolation, high power 
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handling capability, high reliability and very low 
switching and static power handling capability.  
      Microencapsulated RF MEMS capacitive shunt 
switch [5] as shown in Figure 2. , Gives off and on 
capacitance as 0.1 pf and 1 pf. This corresponds to 
0.1 dB insertion loss and 15 dB isolation  at 35 GHz 
 

 
 
 
 
 
 
 
 
 
Figure 2. Top view of microencapsulated RF 

MEMS capacitive shunt switch 
RF MEMS switches are mechanical devices that 

do not depend on substrate characteristics therefore 
they can fabricate on any materials that compatible 
with standard IC processing steps [6]. Silicon 
substrate are most commonly used in a devices 
because of processing is easy and wafer are 
available in large no of diameter. However many of 
microwave circuit are fabricated on GaAs because 
these materials have high electron mobility and 
operate up 100 GHz and above. 

III.  MEMS PHASE SHIFTER 

      MEMS Phase Shifter results in considerably 
reduction in Dc power and several dB less insertion 
loss than transistor based phase shifter. Due to the 
lower insertion loss and small physical size of 
MEMS Phase Shifter, multiple phase shifter and 
antenna elements of phased array radar to be driven 
by same power amplifier. This will help in reducing 
the power consumption of device and since we are 
using silicon material cost can be very low.      
      By using MEMS CAPACITIVE switches with 
transmission line achieved large phase shift and low 
insertion loss from Ka to W band . It is challenge for 
capacitive MEMS switch to maintain the impedance 
match in both the ON and OFF state because when 

we turn on the switch the unit length capacitance 
transmission line will increases without affecting the 
unit length of inductance. This gives higher phase 
constant but lower characteristics impedance.[6].  
      Recently by using the cascading of slow wave 
transmission line in phase shifter is demonstrated 
[7]. This consisting of 5 MEMS ohamic switches for 
each section and by increasing the capacitance and 
inductance at constant ratio higher phase shift is 
achieved. It gives 227° of phase shift per dB 
insertion loss and 19 dB return loss up to 50 GHz. 
To improve this [8] ohamic switches are replaced 
with capacitive switches as shown in figure 3 which 
gives the less than 0.2 dB insertion loss and greater 
than 20 dB return loss. 
 
    
 
 
 
 
 
 
 
 
 
 
 
Figure 3. Layout of a phase-shifter unit cell 
comprising a slow wave structure tightly wrapped 
around three closely spaced MEMS capacitive 
switches. 
               
          In MEMS switch proposed RF loss should be 
less 0.1 dB from 1 to 40 GHz. The pull in voltage 
and switching speed should be 10 to 40v and 
approximately 4 microseconds with this it is 
possible to build low loss phase shifter. Figure 4 
shows the layout for both ka and X band phase 
shifter [4]. 

 

 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

88 International Journal of Multidisciplinary Educational Research



 
   

 
 
 
 
 
 
 
 
 
Figure 4. MEMS phase shifter design for Ka and 

X band. 
            Different groups are developed their 3 bit Ka 
band RF MEMS phase shifter by using different 
design techniques like switched line, loaded line and 
slow wave as shown in TABLE I [6]. 

IV. COMPARISON OF PHASE SHIFTER 

There are basically three types of phase shifter. 
The first is switched line phase shifter in which 
electrical signal switches through either a short or 
long length communication. The second in which 

electrical signal switch between two circuit that have 
apposite phase characteristics commonly known as 
high pass and low pass filter. The third uses variable 
capacitors to modify the propagation constant of the 
transmission line [10].  

       MEMS switch give excellent performances at 
microwave to mm-wave frequencies in comparison 
with other types of switches (e.g. GaAs-based FET, 
PIN-diode switches), MEMS switches offer lower 
insertion loss and higher isolation, zero power 
consumption, small size and weight as show in 
TABLE 2.  
      MEMS switches depend on the movement of 
mechanical structure therefore they are relatively 
slow as compared to electronic devices. Switching 
speed is also small as compared to PIN diode and 
FET. These disadvantages together with improving 
reliability, packaging and cost issues can be 
tolerated in many telecommunication applications, 
such as low-loss high isolation RF switches. 
        The MEMS switches generally not be used in 
integrated circuits ,but radio frequency integrated 
circuit size is depend on the passive circuits, not on 
active device. Consequently the circuit size 
difference between MMIC and MEMS phase shifter 
is small.. MEMS technology matures to a 
commercially variable product, reduction in size will 
occur.  
         A MEMS switch consumes less power as 
compared to other switches. Capacitive MEMS 
consumes negligible Dc power only during the 
switching on time and metal contact MEMS 
switches use a separate bias pad that is 
corresponding to capacitive switch.  

V. CONCLUSION 

Over the last few year, development in packaging 
and reliability of RF MEMS phase shifter increases 
their performance appreciably. RF MEMS Phase 
shifter gives significant advantage over GaAs ,pin 
diode phase shifter as compared to their insertion 
loss, isolation and DC power consumption.  
TABLE I: Comparison of 3 Bit Ka Band MEMS 
Phase Shifter, 

 

Group Rockw
ell 

MEMtro
nics 

U.S 
Florida Lehigh 

Design Switche
d Line 

Loaded 
Line 

Slow 
Wave 

Slow 
Wave 

Variabl
e 

Path 
Length 

Capacita
nce 

Capacita
nce 

Inductan
ce 

Capacit
ance 

Inducta
nce 

Insertio
n Loss 2 dB 3dB 1dB 1dB 

Return 
Loss 15dB 7dB 20dB 20dB 

Length 5mm 5mm 5mm 3mm 
No. 

Switch
es 

12 9 50 12 
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TABLE II: Comparison of RF MEMS with Pin 
diode and GaAsEFT 

 
Paraneter RF MEMS GaAs 

FETs 
PIN 
Diode 

Isolation High Medium Medium 
Insertion loss High Medium Medium 
Power 
Handling 

Medium Low Medium 

Power 
Consumption 

Low Medium High 

Switching 
Speed 

Low High Medium 
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Abstract: A mobile Ad hoc network which is autonomous 
multi-hop wireless link system use to connect mobile hosts 
with each other. Nodes can change their position frequently to 
keep mobility in the network. For quick data transmission in 
the network, we require fast and secure protocol which is 
proactive and reactive in nature. In proactive routing, router 
updates the routing table continuously which takes place in 
topology. The routers which uses dynamic routing protocol 
must do fast convergence because router make incorrect 
forwarding decision until the network get fully converged. If 
new node is added in proactive routing protocol, it takes some 
time or produce delay to converge the data from source to 
destination. To avoid this problem we use reactive routing 
protocol to reduce the delay until the network converges. Thus 
hybrid protocol is generated by combining proactive and 
reactive protocol, which provides fast routing as compare to 
individual routing. A security mechanism is proposed for 
detecting the malicious node in the network or different 
attacks in the network. Security mechanism detects the 
malicious node and filters the node from attack. 
 
Keyword: MANET, proactive, reactive, AODV, DSDV, 
malicious node, security. 
 

I. INTRODUCTION 

 
An ad hoc network is a collection of mobile nodes can 

communicate with each other using multihop wireless link. 
In this network, router uses dynamic topology in which 
nodes changes its position often and adapt the changes in 
the network. Normal protocol takes time to transmit data 
and also consumes battery power, capacity storage and 
bandwidth. So this routing protocol tries to minimize the 
traffic in packet transmission. In this, if the nodes are not in 
same range they can be connected through the intermediate 
node. 

In distance vector protocol, router sends information to 
neighbor router in large quantity, which may result in 
propagation delay in the network. So the optimum link state 
routing protocol updates the routing tables in all the routers 
in the same area. Thus the traffic level reduce the in the 
network. Depending on how nodes establish and maintain 
paths, routing protocol for MANET broadly fall into 
proactive, reactive, hybrid, location based types [1]. In 
proactive routing protocol, each and every node maintains 
one or more tables representing the entire topology of the 
network. Routing tables are updated regularly in order to 
maintain up-to-date routing information from each node to 
every other node. Routing information is maintain and 
updated on regular basis to exchange information between 
nodes. Reactive protocols seek to set up routs on-demand. 
If a node wants to initiate communication with a node to 

which it has no route, the routing protocol will try to 
establish such a route. Hybrid routing protocol uses 
distance vectors for more accurate metrics to determine the 
best paths to destination network. 

A MANET network is new paradigm for the wireless 
communication that allows node to communicate with or 
without existing network [2]. In an ad-hoc network each 
end-user node is capable of sending, receiving and routing 
data packets in a distributed manner, such network can be 
configured to allow for mobility and perform routing over 
multiple hops. Routing protocol initiates peer to peer 
communication between two nodes, a routing protocol 
either proactively determine the best path or it discover the 
path reactively. 

Providing security in mobile ad hoc network is a prime 
concern due to the need of providing protected 
communication between mobile nodes. To protect the 
mobile ad hoc network, secure the routing protocol at 
network layer from all possible attacks like routing loop 
attack, black hole attack, gray hole attack [4]. The criterion 
to detect the malicious node can be detected by considering 
the estimated percentage of packets dropped, which is 
compared against a pre-established misbehavior threshold. 
Any node dropping packet in excess of this threshold is 
deemed a misbehaving node while those below the 
threshold are considered to be correctly behaving [5]. 

 
II. SURVEY OF METHODOLOGIES USED 

 
In this fast and secure protocol, routing is performs 

through proactive and reactive mechanism. In these routers 
uses dynamic routing protocol to make fast convergence 
because router could make incorrect decisions until the 
network is fully converged. In proactive routing protocol if 
the new node is added in the network it take some time to 
converge the data in the network, during that time if another 
data is send to destination through that new node it produce 
some delay or take some time to converge and then it will 
transmit the data. So, to avoid this problem we use reactive 
protocol instead of proactive protocol, until the network get 
fully converge. 

The malicious node is the extra node which hacks the 
network and enters into the network and acts like a trusted 
node. So the security mechanism is used to detect the 
packet forwarding misbehavior. 
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Fig.1. Flow chart of fast and secure protocol using proactive and reactive 

mechanism [1]. 

 
A. PROACTIVE MECHANISM TO FIND ROUTE 

 
Proactive protocols are called table driven protocols in 

which, all routs are maintained in routing table. Packets are 
sending over the predefined route specified in the routing 
table. In this packet forwarding is done faster but the 
routing overhead is greater because all the routes have to be 
defined before transferring the packets. Proactive protocols 
have lower latency because all the routes are maintained at 
all the times [11]. Example protocols: DSDV, OLSR 
(Optimized Link State Routing). 

The Destination-Sequenced Distance-Vector (DSDV) 
Routing Algorithm is based on the idea of the classical 
Bellman-Ford Routing Algorithm with certain 
improvements. Every mobile source node maintains a 
routing table that lists all available destinations, the number 
of hops to reach the destination. The sequence number 
assigned by the destination node to every intermediate 
nodes in the network. The sequence number helps to avoid 
the formation of loops in the network. The nodes 
periodically transmit their routing tables to their neighbors. 
A node also transmits its routing table update if there is a 
significant change has occurred in its table. Thus updates 
are sent in both time-driven and event-driven. The routing 
table updates can be sent in two ways a full dump or an 
incremental update. A full dump sends the full routing table 
to the neighbors and whereas in an incremental update only 
those entries from the routing table are sent that has a 
metric change since the last update and it must fit in a 
packet[12].  
 

B. REACTIVE MECHANISM TO FIND ROUTE 
 

In reactive mechanism, path discovery is done by 
sending RREQ packet and RREP packet. RREQ packet 
contains source address, destination address, sequence 
number, broadcast ID and hop count. The source sends the 
RREQ packet to the destination, and it checks routing table. 
If it contains valid route, it will send RREP packet to the 
source node. The RREP packet contains source address, 
destination address, sequence number and life time of 
packet [1] [8]. After finding its path, sender sends the data 
directly in next transmission with and then receiver 

transmits the acknowledgement in next transmission in 
normal mode data transfer mechanism.  

 
 

 
 
 
 
 

 
 

 
 
 
 

Fig 2. Figure initial data transmission [1] 

 

After finding its path in initial transmission, sender 
sends the packet directly to receiver without sending any 
route. 

 

                       

Fig. 3 Direct data transmission [1] 

The Ad hoc On Demand Distance Vector (AODV) 
routing protocol enable multi-hop routing between 
participating mobile nodes wishing to establish and 
maintain an ad hoc network [6]. AODV routing protocol is 
designed for mobile ad hoc networks with population of 
tens to thousand of mobile nodes. AODV is based upon the 
distance vector algorithm. The difference is that AODV is 
reactive, AODV only request a route when needed and does 
not require nodes to maintain routes to destination that are 
not actively used in communications. Features of this 
protocol include loop freedom and link breakage cause 
immediate notification to be sent to the affected set of 
nodes. AODV avoids the Bellman Ford “counting to 
infinity” problem [7]. AODV reduced the dissemination of 
control traffic and eliminate overhead on data traffic, in 
order to improve scalability and performance. 
 

C. HYBRID PROTOCOL 
 
Hybrid protocol combines both proactive and reactive 

strategies to scale well in the network size, density and 
speed in the network. In this by combining proactive 
protocol DSDV and reactive protocol AODV, it generates 
fast protocol which improves the speed in the network. ZRP 
for example defines a zone around nodes. In zone routing 
protocol, nodes inside the zone uses proactive routing and 
nodes outside the zone uses reactive routing. 
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D. SECURITY MECHANISM 
In MANET, every node will communicate with each 

other node information. In this network, the malicious can 
join the network by hacking the network information and 
act like a trusted node. Thus the malicious node performs 
dangerous activities like hacking of packets, DOS etc. to 
avoid this problem we uses the following techniques [1] 

1. Central agent monitoring traffic in network 
2. Background process in each node for monitoring 

incoming traffic. 
 

1. Central agent monitoring traffic in network: In this 
central agent will maintain the entire node identity in the 
network. The central agent also allots individual IDs to each 
node in the network for monitoring the traffic properly. If 
new activities detect in the network which is generating 
duplicate id or stop more traffic, then this activity is 
detected by the central agent and it will remove it from the 
network. [1] 

 

 

 

 

 

 

 

 

Fig. 4. Central agent monitoring the traffic in network [1] 

2. Nodes with background process: In this 
mechanism, process algorithm is used to detect malicious 
node by initiating the background process at the backend of 
each node to control the incoming traffic. This process is 
initiated by the central agent and then each node will start 
the process for monitoring the incoming traffic. [1] 

 

 

 

 

 

 

 

 

Fig 5 Nodes with background process [1] 

 

 

• ALGORITHM 
Step 1:   node Sni creates RREQ={D, hop_count’, seq.no} 

Sni sends RREQ to Sc 
Sc sends RREQ to Snexthop 

Step 2:   if Snexthop=newnode 
Check whether it is malicious 
Processing Algorithm 
Node Dj is misbehaving (Detection) 
Else 
Node Dj is not misbehaving (Non-detection) 
Endif 

Step 3:   if newnode_malicious 
Step 4:   then find route using Fast Transmission algorithm 
Step 5:   if Snexthop_newnode 
Step6:    Then perform proactive routing 

If node ID matches the routing table 
Then it will forward the packet 

Step 7:   If Snexthop= new node 
Then perform reactive routing (go to step 8) 

Step 8:   accept message is send to neighbor 
If node is busy 
Send busy_message 
If node is idle 
Send idle_message 
Then request and data is send to target. 
If target receive the data 
Then reply and acknowledgement send to sender. 

 
In this algorithm, node Sni creates a challenged message 
and sends the request message to challenged node Sc. Then 
Sc forward that request to Snexthop. If the next hop node is 
a new node, by the detection of packet forwarding 
misbehavior mechanism, it detects that whether it is 
malicious or not. This mechanism mainly based on the 
threshold value of the nodes. If it is not malicious, then 
routing is performed through a reactive mechanism. It 
performs routing through fast transmission algorithm. In 
this, all the nodes in the topology first perform 
communication with its neighbors through accept_message. 
If any node is already performing transmission with other 
nodes, it sends busy_ message to its neighbor node and if 
the node is idle, then it sends idle_message to its neighbors. 
Then it sends the data directly with its route request to the 
idle node which performs fast transmission [1]. 
 

III.  RESULTS 

Packet Delivery Ratio: Packet delivery ratio is the 
percentage of the number of packets received by the 
destinations to the number of packets originated by the 
application layer. 

PDF = (Pr/Ps)*100 

Average End to End Delay: Average end to end delay 
includes all the possible delay occur due to buffering during 
route discovery latency, queuing at the interface queue, 
retransmission delay at the MAC and propagation and 
transfer time of data packets. 
 

Σ (Time packet received –Time packet sent) 
                    Total No. of Connection Pairs 
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Node Throughput: Node throughput is the ratio of the total 
amount of data that reaches a receiver from a sender to the 
time it takes for the receiver to get the last packet. 
 

Σ Node Throughput Data Transmission 
          Total Number of Nodes 
 
 

Sr. 
no.  

Parameters  DSDV AODV  

1. Generated 
Packets 

5238 5153 

2. Received 
Packets 

3297 4773 

3.  Packet delivery 
ratio  

64.93%  92.62%  

4.  Total dropped 
packets  

1857  388  

5.  Average end to 
end delay  

28878.7 ms  420886 ms  

6.  Average 
throughput  

355.95Kbps  514.48Kbps  

 
TABLE  1: comparison between AODV and DSDV based on different 

parameters. 

 

IV.  CONCLUSION 

This proposed fast and secure transmit protocol 
performs the data transmission through proactive and 
reactive mechanism. It also provides security to the network 
with the help of central algorithm and background process 
algorithm. The proposed work will be stimulated in 
network security 2.34 (NS2.34) software. 
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Abstract— An airbag is a vehicle safety device. 
Its purpose is to cushion occupants during a 
crash and provide protection to their bodies 
when they strike interior objects such as the 
steering wheel or a window.  Airbags are directly 
linked to the life of the driver and passengers, as 
they are used as the last resort in a collision. 
Hence the proper functioning of the system is an 
important issue. Hence, to ensure the precision 
and reliability of airbag operation, it is necessary 
to design a robust system. Though many 
companies are working on the optimal 
deployment time for airbags, several problems 
still occurs. For example, when a vehicle 
operates off road or when the sensor inside the 
airbag control unit (ACU) receives a powerful 
shock, the vehicle’s airbags may inadvertently 
deploy, although no collision has occurred, 
because a crashlike signal is delivered to the 
ACU. Also, when there is actual situation which 
requires airbag deployment, the software 
designed make faulty judgement  and miss the 
time frame for airbag deployment. To resolve 
these problems, we are designing a system which 
can generate information about the crash 
scenarios before collision takes place. The system 
is designed using ARM11 
Index Terms— Advanced airbag system, airbag 
crash algorithm, 

I. INTRODUCTION  

An airbag is a vehicle safety device. Its purpose is 
to cushion occupants during a crash and provide 
protection to their bodies when they strike interior 
objects such as the steering wheel or a window.  

Airbags are directly linked to the life of the driver 
and passengers, as they are used as the last resort in 
a collision. Hence the proper functioning of the 
system is an important issue. Hence, to ensure the 
precision and reliability of airbag operation, it is 
necessary to design a robust system. Though many 
companies are working on the optimal deployment 
time for airbags, several problems still occurs. The 
reality, however,is that numerous limitations 
remain, to a degree that accidents have been caused 
by the malfunctioning of airbag systems[1]–[3]. For 
example, when a vehicle operates off road or when 
the sensor inside the airbag control unit (ACU) 
receives a powerful shock, the vehicle’s airbags 
may inadvertently deploy, although no collision has 
occurred, because a crash like signal is delivered to 
the ACU. Also, when there is actual situation which 
requires airbag deployment, the software designed 
make faulty judgement   and miss the time frame for 
airbag deployment[4]. Such situations may largely 
be assigned to the following two major  causes. 

First, by using only  the data obtained through 
crash testing, crash algorithms are designed. 
However, to maintain cost effectiveness in vehicle 
manufacturing, crash tests are performedonly in 
accordance with a number of standardized scenarios 
[5]. This condition inevitably limits the number of 
cases that can be used to design a crash algorithm. 
Consequently, if a crash scenario that is dissimilar 
to a crash test scenario occurs, the crash algorithm 
may not properly recognize the configuration and 
ultimately deploy the airbags in error. Second, crash 
algorithms use only postcollision input from crash-
related accelerometers. Therefore, if these sensors 
are broken, rotated, or moved by impact, the 
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resulting error signals are reflected without 
adjustment. This factor is a key that can cause a 
crash algorithm to commit errors in evaluating crash 
scenarios and other situations [6]. 

To overcome these limitations, this paper 
proposes a system based on precrash information. 
By using this precrash information we are designing 
precrash algorithm that generates information about 
crash scenarios before a collision takes place. The 
purpose of the precrash algorithm is to make 
judgments about the impending collision 
configuration prior to impact by estimating the 
behavior of frontal objects and to communicate this 
information to the crash algorithm to enable correct 
recognition of the crash scenario. 

II.  SYSTEM DEVELOPMENT 

A. Block Diagram  
Fig. 1 shows block diagram of proposed 

system. 
 ARM 11 is heart of the system. All the 

sensor output are given to the ARM11. Signals 
obtained from various sensors are processed by 
ARM11 which will in turn drive the airbag 
deployment mechanism. 

The RPM sensor is one of the most common 
applications for a Hall effect sensor..RPM sensor is 
used to sense the speed of vehicle continuously. If 
the speed goes above the defined value, the message 
will be displayed on LCD. It is a sender device used 
for reading the speed of a vehicle's wheel rotation. 
It usually consists of a toothed ring and pickup. 

 
Fig. 1 Block Diagram  

The steering angle speed sensor detects the 
angle of the steering wheel in order to which 
direction a user chooses. If the steering angle 
crosses the predefined limit, the signals are given to 
the processor. 

Ultrasonic sensor ensures the stable 
detection of a variety of objects regardless of the 
color, transparency, or material (metallic or non-
metallic) of the objects. It is used to determine the 
relative position of the frontal object and the 
relative speed of the host vehicle. Ultrasonic sensor 
plays vital role in precrash algorithm design.  

Accelerometer sensor is used for host 
vehicle information. It is used to determine the 
longitudinal and lateral velocity of host vehicle. 

LCD display is used for displaying various 
parameters from different sensors which are 
interfaced to ARM11.  

All the parameters from various sensors are 
stored in a memory and the information is utilized 
to evaluate performance of the system on computer. 
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B. Algorithm Used 
1. Pre-crash Algorithm 
The frontal objects are estimated through 

simultaneous use of ultrasonic sensors and host 
vehicle information sensor.  

Host vehicle information estimation consists 
of estimating the vehicle’s longitudinal and lateral 
velocity by using different sensors. The information 
thus obtained from these sensors is used to 
determine the position of the frontal object. For the 
algorithm input, accelerometer, wheel speed and 
steering angle sensors are used as shown in fig. 2.  
Ultrasonic sensors that are attached to the vehicle’s 
ACC system are used to obtain summary 
information about frontal objects. Information from 
ultrasonic sensors has various resolutions and phase 
lags. Hence a sensor fusion observer is developed 
for the processing signals obtained from ultrasonic 
sensors. This improves signal reliability by utilizing 
the mechanical relationship between two sets of 
data with disparate methods of measurement. 

 
Fig. 2 Pre-crash algorithm block diagram. 

Frontal-object information estimation 
determines the frontal object’s relative position, 
heading angle, and position at the crash moment 
based on the host vehicle using the estimated 
information about the host vehicle and  information 
acquired from ultrasonic sensors about the frontal 
object. 

Pre-crash information estimation is used to 
generate information that improves the performance 
of the crash algorithm that in turn used for optimal 
airbag deployment. 

In our system, precrash information is 
acquired by considering crash algorithms for 

various crash types. Crash-type-discrimination 
algorithms mostly uses ultrasonic sensors that 
provide information about a frontal object’s 
orientation, time to crash, and relative velocity. 
Frontal object estimation gives crash possibility. 
Relative speed and distance information given by 
ultrasonic sensor gives time to crash and frontal 
object’s heading angle and position gives crash 
type.  

2. Crash algorithm 

 
Fig. 3 Crash algorithm block diagram 

The operation of the crash algorithm is 
illustrated in fig. 3. The signals received from 
various sensors are processed by the algorithm’s 
hardware filter. If the starting conditions for the 
algorithm are met, the crash algorithm is triggered. 
The signals received from various sensors are 
processed so as to be used to determine the crash 
type, crash severity, and whether to deploy the 
airbag. If the results of these judgments satisfy the 
various thresholds assigned based on the crash test 
data, the vehicle’s airbags are deployed. The 
sensors used for this process are manly 
accelerometer sensor.  

3. Crash algorithm based on pre-crash 
information 

In the crash algorithm based on precrash 
information, precrash algorithm and crash algorithm 
are interfaced together for optimal airbag 
deployment as shown in fig. 4.  

The purpose of the crash algorithm based on 
precrash information is to generate crash possibility, 
time to crash, and crashtype information using 
various radars and host vehicle sensors; 
communicate the resulting crash-type information 
about possible crash scenarios; and, thereby, deploy 
the vehicle’s airbags in a manner befitting the 
configuration at hand. 
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Fig. 4 New crash algorithm based on precrash 
information  

If the precrash algorithm makes erroneous 
judgement, the overall performance may lower than 
when only the crash algorithm is used for airbag 
deployment. Hence it is necessary to design the 
interface between the crash and precrash algorithms 
The AND condition is used for the start and crash 
flags to prevent meaningless information, e.g., when 
crash possibility information is generated through 
ultrasonic sensor malfunction, even if there is no 
frontal object present. It is also intended to allow 
the crash algorithm to function as a stand-alone 
process when the ultrasonic sensors do not operate, 
by making independent decisions about a crash 
situation. For precrash information to be conveyed, 
the crash flag that signifies the crash possibility 
must be set to 1. At the same time, the crash 
algorithm must also detect the crash and 

have the start flag set to 1.  

III SYSTEM IMPLEMENTATION 

The system is implemented using ARM11. 
Various sensors are interfaced to the ARM11 
provides crash related information to it which is 
used to design crash algorithm based on pre-crash 
information that provides optimal airbag 
deployment. For interfacing data from ARM11 to 
PC VB.net is used. 

IV CONCLUSION 

This paper has proposed an airbag deployment 
system based on pre-crash information to overcome 
airbag malfunctions caused by the limitations of 
systems based on crash algorithm. Various sensors 
like wheel speed sensor, steering angle sensor, 

acceleration sensor, are utilized, in addition to 
ultrasonic sensors are used to design the system. 
This approach allows for the generation of more 
reliable pre-crash information through the addition 
of estimated information about the frontal-object 
position and behavior to information based on the 
host vehicle itself. 

The sensors used for the proposed system consist 
of combinations of  various existing sensors used in 
commercial automotives. Hence, the proposed 
methods can be implemented at no extra cost. 

In conclusion, the methods proposed in this 
paper provide several benefits in terms of cost and 
applicability. The applicability and performance can 
further be improved if the system is designed using 
cameras or radar sensors. 
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Abstract—A high speed security algorithm is 
always important for wired/wireless 
environment.  The symmetric block cipher plays 
a major role in the bulk data encryption. AES is 
one of the best existing symmetric security 
algorithms to provide data security. AES 
(Advanced Encryption Standard) is a 
specification published in 2001 by the American 
National Institute of Standards and Technology, 
as FIPS 197. AES has the advantage of being 
implemented in both hardware and software. We 
present a hardware-efficient design increasing 
throughput for the AES algorithm using a high-
speed parallel pipelined architecture. The 
pipelined architecture of the AES algorithm is 
used in order to increase the throughput of the 
algorithm and the key schedule algorithm of the 
AES encryption is also pipelined. The cores can 
be used in cipher feedback (CFB) mode, output 
feedback (OFB) mode, and counter (CTR) mode. 
The cipher blocks are then encrypted under 
some mode of operation. The advantage of these 
modes is only using encryption algorithm for 
both encryption and decryption. So the AES 
hardware may be reduced by 50% since no need 
of decryption hardware. 

Keywords— AES, CFB, OFB, CTR, ASIC, 
FPGA, Encipher, Decipher. 

I.  INTRODUCTION 

Network security has three major security goals 
confidentiality, availability and message integration 
between senders and receivers. The number of 

individuals and organizations using wide computer 
networks for personal and professional activities has 
recently increased a lot. In network security 
cryptographic algorithm is an essential part. Many 
algorithms are available in each of these three goals 
of security. Cryptography plays an important role in 
the security of data transmission. The development 
of computing technology imposes stronger 
requirements on the cryptography schemes.  

A well-known cryptography algorithm is the 
Data Encryption Standard (DES) [11] which has 
been widely adopted in security products. The Data 
Encryption Standard has been the U.S. government 
standard since 1977 however, serious considerations 
arise for long-term security because of the relatively 
short key word length of only 56 bits and from the 
highly successful cryptanalysis attacks. Thus now, it 
can be cracked quickly and inexpensively.  

 In November 2001, the National Institute of 
Standards and Technology (NIST) of the United 
States chose the Advanced Encryption Standard 
(AES)  [1] algorithm as the suitable to replace the 
DES algorithm to meet the ever-increasing 
requirements for security. The  AES, is also  called 
as  Rijndael  ,  is  a symmetric  block  cipher which 
specifies  an  encryption  algorithm which can 
encrypt (encipher) and decrypt (decipher) 
information. Thus it is capable of protecting 
sensitive information. Encryption converts data into 
a coded form called cipher-text. Decryption of the 
cipher-text  converts  the  data  back  into  its 
original  form,  which  is  called  plaintext.   
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The  AES algorithm  supports  keys  length  of  
128,  192, and  256 bits to encrypt and decrypt thus  
the  name  AES-128,  AES-192  and  AES-256  
respectively. The block size is restricted to 128 bits. 
AES operates on a 4×4 matrix of bytes, called as 
state.   The hardware  implementation  of the  AES  
algorithm features high  performance, low  cost  for  
specific  applications  and  reliability compared to 
its software counterpart One of the frequently used 
security algorithm in block cipher is the AES 
algorithm. The AES algorithm has many 
applications, such as smart cards and  cell  phones,  
WWW  servers,  fiber network, satellite 
communication, and digital video recorders.     

Considering  the  variety  of  presented 
application,  different  requirement  and  limitation  
of each of them, implementation of different 
structure are  noticed  by  researchers. Regarding 
this, numerous architectures have been proposed for 
the hardware implementations of the AES algorithm 
in literature. Some of them use field programmable 
gate arrays (FPGA) and some use application 
specific integrated circuits (ASIC). The advantages 
of a software implementation include ease of use, 
ease of upgrade, portability, and flexibility. 
However, a software implementation offers only 
limited physical security, especially with respect to 
key storage. Conversely, cryptographic algorithms 
(and their associated keys) implemented in 
hardware are, by nature, more physically secure, as 
they cannot easily be read or modified by an outside 
attacker. The downside of traditional (ASIC) 
hardware implementations is the lack of flexibility 
with respect to algorithm and parameter switching. 
Reconfigure-able hardware devices such as FPGAs 
are a promising alternative for the implementation 
of block ciphers. FPGAs are hardware devices 
whose function are not fixed and can be 
programmed in system. 

Pipelining is an approach to increase the 
throughput of AES encryption and decryption 
algorithm. Speed of AES encryption depends on the 
number of rounds and the key generation involved 

in the algorithm. AES uses its own key expansion 
algorithm. Pipelined AES encryption and key 
pipelining in AES algorithm can increase the 
throughput of the algorithm. Furthermore, using 
internal pipelining and key exchange pipelining, our 
implementation is operating with maximum clock 
frequency operating at 360 MHZ encryption which 
is much higher than the best (in terms of 
throughput) implementation reported in literature.  

The rest of the paper is organized as follows. 
Section 2 describes briefly the AES cryptographic 
algorithm. Section 3 explains the details of our 
design on the AES cryptographic chip. Finally, 
Section 4 concludes the paper. 

II.  REVIEW OF WORK 

A. The AES algorithm 
The  AES [1]  also  called as  Rijndael,  is  a  

block  cipher    which specifies  an  encryption  
algorithm  capable  of protecting  sensitive  
information. AES is a symmetric encryption 
algorithm, and it takes a 128-bit data block as input 
and performs several rounds of transformations to 
generate output cipher text. Each 128-bit data block 
is processed in a 4x4 array of bytes, called the state. 
The round key size can be 128, 192 or 256 bits. The 
number of rounds, is defined by the length of the 
round key, which is 10, 12 or 14 for key lengths of 
128, 192 or 256 bits, respectively. Fig. 1 shows the 
AES encryption and decryption process.  
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Fig. 1. The AES algorithm (Nr: 10, 12, or 14 depends 
on key length). 

For encryption, there are four basic transformations 
applied as follows: 

1. SubBytes: The Sub Bytes operation is a 
nonlinear byte substitution. Each byte from the 
input state is replaced by another byte according to 
the substitution box (called the S-box). The S-box is 
computed based on a multiplicative inverse in the 
finite field GF(28) and a bitwise affine 
transformation.  However, the S-Box operation is 
required for both encryption and key expansion. 
Conventionally, the coefficients of the S-Box and 
inverse S-Box are stored in the lookup tables, or a 
hard-wired multiplicative inverter over GF (28) can 
be used, together with an affine transformation 
circuit. 

2. ShiftRows: In the Shift Rows transformation, 
the first row of the state array remains unchanged. 
The bytes in the second, third, and forth rows are 
cyclically shifted by one, two, and three bytes to the 
left, respectively.  

3. MixColumns: During the Mix Columns 
process, each column of the state array is 
considered as a fixed polynomial modulo x4C1. The 
mix-column operation mixes the bytes in each 
column by the multiplication of the state with a 
fixed polynomial modulo x4C1 

4. AddRoundKey: A round key is added to the 
state array using a bitwise exclusive-or (XOR) 
operation. Round keys are calculated in the key 
expansion process. If Round keys are calculated on 
the fly for each data block, it is called AES with 
online key expansion. On the other hand, for most 
applications, the encryption keys do not change as 
frequently as data. As a result, round keys can be 
calculated before the encryption process, and kept 
constant for a period of time in local memory or 
registers. This is called AES with offline key 
expansion.  

The decryption procedure of the AES is basically 
the inverse of each transformation. However, the 
standard decryption procedure is not identical to the 
encryption procedure. That is, the sequence of 
transformations for decryption differs from that for 
encryption, although the form of the key schedules 
for encryption and decryption is the same. There is, 
however, an equivalent version of the decryption 
procedure that has the same structure as the 
encryption procedure. The equivalent version has 
the same sequence of transformations as the 
encryption procedure (with transformations 
replaced by their inverses). To achieve this 
equivalence, a change of key schedule is needed. In 
addition, two separate changes are needed to bring 
the decryption structure. The standard decryption 
round has the structure inv-shift-row, inv-byte-sub, 
add-round-key, and inv-mix-column. Thus, the first 
two stages of the decryption round need to be 
interchanged, and the second two stages of the 
decryption round need to be interchanged. The 
equivalent version of the decryption procedure is 
shown in  Fig. 1.                                          

B. Previous work  
There exist many presentations of hardware 

implementations of AES algorithms in literature. 
Some of them will be briefly introduced here 
considering throughput. In 2001 Elbert et al.  [9] 
compared five candidate algorithms (including AES 
algorithm) for AES block cipher using FPGA 
implementations. Here, the throughputs of AES 
algorithm were in 187.8 Mbps w1.94 Gbps. In 
2003, many implementations are shown in literature 
Verbauwhede et al. [12] presented an ASIC 
implementation under the through-put of 2.29 Gbps. 
Su et al.  [2] reduced hardware overhead of the S-
Box by 64% and the throughput of their pipelined 
implementation using ASIC was 2.38 Gbps. 
McLoone and McCanny  [3] utilized look-up tables 
to implement the entire AES round function under 
the throughput of 12 Gbps using FPGAs. In 2004 
Hodjat and Verbauwhede’s [8]. FPGA 
implementation showed a high throughput of 21.54 
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Gbps using a fully pipelined approach with inner-
round pipelining and outer-round pipelining. A brief 
introduction on earlier works is well written in  [2].  

III. THE AES IMLEMENTATION USING A 

FULLY PIPELINED DESIGN  

A. Encryption data path—pipeline design 
The goal of this implementation is to achieve the 

highest possible throughput. We have used the 
bottom-up design approach, implementing the 
elementary operations first before designing the 
final data path. A block based top-level 
implementation of the design for encryption is 
shown in  Fig. 2. Round_1 through Round_10 
represents the individual rounds in the AES-128 
encryption. The pipelining between each of the 
rounds will achieve a high performance encryption 
implementation. Although implementing an 
iterative pipelining based approach is one option, 
for clarity and simplicity, we have used a fully 
expanded implementation for all ten rounds. The 
data generated in each individual round is 
successively utilized as the input in the next round. 
The steps in key expansion and rounding is shown 
in Fig.3 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2. A pipelined AES and AES-128 encryption 
implementation 

 
Fig. 3. Block Diagram of AES 

At the top-level, our pipeline design (shown in  
Fig. 2) is similar to  [8]. There is a pipeline stage 
between each round, i.e. the design is fully 
pipelined. However, our internal (inside each round) 
pipeline designs differs from  [8]. In each round, 
our design has three pipeline stages, one 
immediately after byte-sub operation, one just after 
shift-row operation, and the last just before data 
output. In each round, the design in  [8] has four or 
seven pipeline stages, one after a byte-sub operation 
and three or six in a byte-sub operation. In addition, 
our design has one pipeline stage (before XOR 
operation between Round Key Block) in key 
generation blocks. Internally, the key expansion 
block renders itself as a pipelined implementation 
between each of the key creations from Key1 
through Key10.  These additional pipelines make it 
possible for our implementation to obtain a higher 
throughput than  [8].  

B. Round key generation 
For our implementation, we have chosen to use a 

hierarchical simultaneous key generation 
methodology. However, there is internal sub-
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pipelining for each of the sub-stages of the key 
creation. This would create the key for a single 
round. The output is the key for the next round.  

Based on the AES literature  [1], we have 
implemented the round key generation as a simple 
state table substitution of the 32 bits of the input key 
and thereby implementing XOR operations for 
producing the expanded 128 bits round key. Using 
internal pipelining would greatly reduce the 
minimum clock period needed to assure the correct 
functionality of round key generation. Hence, 
implementing an extremely fast block in this 
preliminary stage of the design it is very much 
possible. With this implementation, we have 
achieved a maximum post synthesis clock 
frequency of 425.460 MHz for key generation. Key 
expansion RTL view and simulation are illustrated 
in Fig.4. Device utilization summary of results is as 
shown in Table I. 

The Round Keys Block simply creates the round 
keys for all the individual rounds. Hence, for 128 
bits data/key encryption, the Round Key Block 
creates ten round keys. Inside this block, actually 
each of the keys from Key1 to Key10 is created 
using the key expansion algorithm. In this 
implementation with the active edge of the clock 
and the user key, each round key is created by 
instantiating the Round Key Block ten times. 

Exploiting this concept, we have used internal 
pipelining within each of the round key creation 
stages.  The use of balanced internal pipelining in 
between stages of a parallel architecture helps in 
reducing the flip-flop to flip-flop clock delay. As a 
result, it maximizes the performance of a design 
while guaranteeing minimum clock speed.   

Fig. 4. RTL view and simulation results of round key 
expansion. 

TABLE I.  RESULT OF EXPANSION KEY 

Number of Slice Registers: 256 out of  28800 
Number of Slice LUTs 232 out of  28800 
Number of LUT -FF pairs 
used 

259 

Number of IOs 393 
Number of Block 
RAM/FIFO 

1 out of  48 

Number using Block RAM 
only 

1 

Number of 
BUFG/BUFGCTRLs 

1 out of  32 

Frequency 425.460 MHz 

C. Rounding 
The block size is restricted to 128 bits and the 

key size can be 128, 192, or 256 bits. AES operates 
on a 4×4 matrix of bytes, called as state. Some 
rounds of transformation converts the plaintext into 
the final cipher-text. The number of rounds is six 
plus and the key size divided by 32 One round reads 
the state into four 4-byte variables, transforms the 
variables, xor’s them by a 16-byte round key. When 
targeting a variable-length plaintext, it must first be 
partitioned into separate cipher blocks. These cipher 
blocks are then encrypted under some mode of 
operation, using randomization based on an 
additional initialization vector. The core can be used 
in cipher feedback (CFB) mode, output feedback 
(OFB) mode, and counter (CTR) mode. The 
advantage of these modes is only using encryption 
algorithm for both encryption and decryption. As 
shown in fig.3 the algorithm begins with an Add 
round key stage followed by 9 rounds of four stages 
and a tenth round of three stages. This applies for 
both encryption and decryption with the exception 
that each stage of a round the decryption algorithm 
is the inverse of its counterpart in the encryption 
algorithm. The four stages are Substitute bytes, Shift 
rows, Mix Columns, Add Round Key. The tenth 
round simply leaves out the Mix Columns stage. 
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There is a pipeline stage between each round, i.e. 
the design is fully pipelined. However, our internal 
(inside each round) pipeline designs differ from  
[8]. In each round, our design has three pipeline 
stages, one immediately after byte-sub operation, 
one just after shift-row operation, and the last just 
before data output. In each round, the design in [8] 
has four or seven pipeline stages, one after a byte-
sub operation and three or six in a byte-sub 
operation.  

Using internal pipelining would greatly reduce 
the minimum clock period needed to assure the 
correct functionality of round key generation. 
Hence, implementing an extremely fast block in this 
preliminary stage of the design it is very much 
possible. With this implementation, we have 
achieved a maximum post synthesis clock 
frequency of 363.121 MHz for rounding. Rounding 
RTL view and simulation are illustrated in Fig.5. 
Device utilization summary of  results is as shown 
in Table II. 

 

 

 

 

 

 
 

 

 

 

 

Fig. 5. RTL view and simulation results of  one 
rounding 

TABLE II.  RESULT OF ROUNDING: 

Number of Slice Registers 128 out of  28800  
Number of Slice LUTs 128 out of  28800     
Number of LUT -FF pairs 
used 

128 

Number of IOs 385 
Number of Block 
RAM/FIFO 

16  out of    48        

Number using Block RAM 
only 

16 

Number of 
BUFG/BUFGCTRLs 

1  out of     32          

Frequency 363.121 MHz 
 

IV. CONCLUSION 

In this paper efficient sub pipelined architecture 
of AES algorithm with its key expansion unit is 
presented. We have presented a hardware 
implementation with increased throughput for AES 
encryption algorithm.  By using an efficient inter-
round and intra-round pipeline design. Expansion 
key with frequency 425.460 MHz and rounding key 
generation with frequency 363.121 MHz  has been 
executed which is higher than that in the literature. 
Thus the throughput is increased. 
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Abstract : In the performance of Orthogonal 
Frequency division multiplexing (OFDM) 
system, Phase noise causes significant 
degradation. A neural network is a system 
composed of many simple processing elements 
operating in parallel whose function is 
determined by network structure. In this 
paper, soft computing technique is proposed 
for minimizing phase noise in OFDM system 
based on LMS (Least Mean Square) algorithm 
and MSE (Mean Square Error) algorithm.The 
aim is to minimize phase noise in OFDM 
system, so that the system will improve.  
 
Keywords:: Orthogonal Frequency division 
multiplexing (OFDM) system, Phase noise, 
RBF(Radial Basis Function) Network , LMS 
(Least Mean Square) algorithm, MSE (Mean 
Square Error) algorithm. 

I.  INTRODUCTION  
OFDM is a multi-carrier modulation technique 
with densely spaced sub-carriers which has a lot 
of useful properties such as delay-spread tolerance 
and spectrum efficiency that encourage their use 
in broadband communications. OFDM is a multi-
channel modulation system employing Frequency 
Division Multiplexing (FDM) of orthogonal sub-
carriers, each modulating a low bit-rate digital 
stream. OFDM is similar to conventional 
frequency-division multiplexing (FDM). The 
difference lies in the way in which the signals are 
modulated and demodulated. 

The OFDM receiver is presented to assess the 
impact of the phase noise on the decision variables 

at the receiver. It is then shown that the effect of 
phase noise on the decision variables is composed 
of two components: a common component which 
affects all data symbols equally and as such causes 
a sometimes visible rotation of the signal 
constellation, and a second component which is 
more like Gaussian noise and thus affects the 
received data points in a somewhat random 
manner. 

In wireless communications, fading is deviation of 
the attenuation affecting a signal over certain 
propagation  
media. A fading channel is a communication 
channel comprising fading. Fading may either be 
due to multipath propagation, referred to 
as multipath induced fading, or due 
to shadowing from obstacles affecting the wave 
propagation, sometimes referred to as shadow 
fading. Multipath means (Communication Arts / 
Broadcasting) relating to television or radio 
signals that travel by more than one route from a 
transmitter and arrive at slightly different times, 
causing ghost images or audio distortion. 

Soft computing differs from conventional (hard) 
computing in that, unlike hard computing, it is 
tolerant of imprecision, 
uncertainty, partial truth, and approximation. Soft 
computing is likely to play an especially important 
role in science and engineering, but eventually its 
influence may extend much further. 
 Soft computing represents a significant paradigm 
shift in the aims of computing – a shift which 
reflects the fact that the human mind, unlike 
present day computers, possesses a 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

107 International Journal of Multidisciplinary Educational Research



remarkable ability to store and process 
information which is pervasively imprecise, 
uncertain and lacking in categoricity. 
 
A neural network is a system composed of many 
simple processing elements operating in parallel 
whose function is determined by network 
structure, connection strengths, and the processing 
performed at computing elements or nodes. A 
basic component of many neural nets, both natural 
and artificial, is the feedforward network.  

Radial basis function (RBF) networks can require 
more neurons than standard feedforward back 
propagation networks, but often they can be 
designed in a fraction of the time,it takes to train  
standard feedforward networks. 

Radial basis function (RBF) networks have the 
advantages of an easy design,simple structure, 
good generalization, high tolerance of input noise 
and rapid training process. 

The paper is organised as follows.In section II ,the 
system model and principal concept of OFDM 
system are presented.In section III , RBF network 
is structured.The simulation results are given in 
section IV and finally , section V concludes the 
paper. 

II.   SYSTEM MODEL  

 
 
Fig.1 Block diagram of general OFDM system. 

 

A general block diagram of OFDM system is 
shown in Fig.1. The transmitter first converts the 
input data from a serial stream to parallel sets. 
Each set of data contains one symbol, Si for each 
subcarrier. For example, a set of four data would 
be [S0 S1 S2 S3]. Before performing the Inverse 
Fast Fourier Transform (IFFT), this example data 
set is arranged on the horizontal axis in the 
frequency domain as shown in Figure 2. This 
symmetrical arrangement about the vertical axis is 
necessary for using the IFFT to manipulate this 
data. 

An inverse Fourier transform converts the 
frequency domain data set into samples of the 
corresponding time domain representation of this 
data. Specifically, the IFFT is useful for OFDM 
because it generates samples of a waveform with 
orthogonal frequency components. 

Then, the parallel to serial block creates the 
OFDM signal by sequentially outputting the time 
domain samples.The channel simulation will 
allow examination of the effects of noise, 
multipath, and clipping. By adding random data to 
the transmitted signal, simple noise can be 
simulated. Multipath simulation involves adding 
attenuated and delayed copies of the transmitted 
signal to the original. This simulates the problem 
in wireless communication when the signal 
propagates on many paths. For example, a 
receiver may see a signal via a direct path as well 
as a path that bounces off a building. Finally, 
clipping simulates the problem of amplifier 
saturation. This addresses a practical 
implementation problem in OFDM where the peak 
to average power ratio is high. 

The receiver performs the inverse of the 
transmitter. First, the OFDM data are split from a 
serial stream into parallel sets. The Fast Fourier 
Transform (FFT) converts the time domain 
samples back into a frequency domain 
representation. The magnitudes of the frequency 
components correspond to the original data. 
Finally, the parallel to serial block converts this 
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parallel data into a serial stream to recover the 
original input data. 

Mathematical Description: 

If N subcarriers are used and each subcarrier is 
modulated using M alternative symbols ,the 
OFDM symbol alphabet consist of MN combined 
symbols. 

The low pass equivalent OFDM signal is 
expressed as: 

,   0  t   T, 

Where ,{xk} are the data symbols,N is the number 
of subcarriers and T is the OFDM symbol time 
.The subcarreier spacing of 1/T makes them 
orthogonal over each symbol period,this property 
is expressed as: 

 
=  

Where (.)* denotes the complex conjugate 
operator and  is the Kronecker delta. 

To avoid intersymbol interference in multipath 
fading channels,a guard interval of length Tg  is 
inserted prior to the  OFDM system block.During 
this interval,a cyclic prefix is transmitted such that 
the signal in the interval –Tg   t   0 equals the 
signal in the interval (T - Tg)  T. The OFDM 
signal with cyclic prefix is as : 

 

,     -Tg   T 
The low-pass signal above can be either real or 
complex valued.Real valued low pass equivalent 
signals are typically transmitted at baseband 
wireline applications such as DSL use this 
approach.For wireless applications,the low pass 
signal is typically complex valued in which case, 
the transmitted signal is up converted to a carrier 
frequency fc. 
In general,the transmitted can be represented as: 

s(t) ={ v(t) } 

 

 

 
Fig.2 Block diagram of Digital Video Broadcast       
Terrestrial Transmitter 
 

 
 
Fig.3 Block diagram of Digital Video Broadcast       
Terrestrial Receiver 
 
DVBT stands for transmitting  bits    from   one    
( or a few) 
ground based transmitters to very many receivers 
i.e. they are broadcast standards. They are 
designed to have the capacity to transmit live 
digital television. Basically it is widely used 
digital television standard in use around  the globe 
for terrestrial television transmission. It enables a 
more efficient use of the available radio frequency 
spectrum than analog transmission. 
OFDM TRANSMITER:  
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AWGN: Add white Gaussian noise to the input 
signal. The input signal can be real or complex. 
This block supports multichannel processing. 
When using either of the variance modes with 
complex inputs, the variance values are equally 
divided among the real and imaginary components 
of the input signal. 
 
OFDMRECEIVER: 

 
 
FFT: Compute the fast Fourier transform (FFT) 
across the first dimension of the input. 
III.  STRUCTURAL MODELING 
 
RBF (Radial Bsis Function)Network 

 
 

            Fig.4 Structure of standard RBF 
Network 
 

The structure of RBF Network is shown in Fig.3 
The input layer is made up of source nodes 
(sensory units) 
whose number is equal to the dimension p of the 
input vector u. 
The second layer is the hidden layer which is 
composed    of nonlinear units that are connected 
directly to all of the nodes in the input layer.   It is 

of high enough dimensions,    which serves a   
different purpose   from     that   in   a    multilayer 
perceptron. 

The third layer is output layer which has 
transformation from the input space to the hidden 
unit space is nonlinear, whereas the 
transformation to the hidden unit space to the 
output space is linear. 
The jth output is computed as: 

 

Xj = fj (u) = W0j +      j = 1, 2….M 

Mathematical Model : 

In summary, the mathematical model of the RBF 
network can be expressed as: 

x = f (u), f: RN→RM 

Xj=fj (u) =w0j+ ,    j=1, 2, M 

 
where  is the the Euclidean distance between u 
and ci. 

IV.  SIMULATION RESULTS 
 
 

 
 
Fig.5  DVBT system with phase noise for AWGN 
channel 
 
 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

110 International Journal of Multidisciplinary Educational Research



 
 
Fig.6  DVBT system with phase noise for Ricean 
channel 
 

 
 
Fig.7  DVBT system with phase noise for 
Rayleigh channel 
 

 
 Fig.8 RBF network with LMS algorithm 

 
In this section, the simulation results proposed for 
minimization of phase noise in OFDM 
system.Fig.5 shows the DVBT system with phase 
noise for AWGN channel concludes the noise 
signals spreads between the quadrature and phase 
quadrature modulation. 
 
Fig.6 shows DVBT system with phase noise for 
Ricean channel concludes the noise signals 
spreads in all four quadrant but in a less quantity. 
Ricean fading is a stochastic model 
for radio propagation anomaly caused by partial 
cancellation of a radio signal by itself — the 
signal arrives at the receiver by several different 
paths (hence exhibiting multipath interference), 
and at least one of the paths is changing 
(lengthening or shortening). Rician fading occurs 
when one of the paths, typically a line of sight 
signal, is much stronger than the others. In Rician 
fading, the amplitude gain is characterized by 
a Rician distribution.  
 
Fig.7 shows the DVBT system with phase noise 
for Rayleigh channel fixed at a point and spread in 
all quadrants. Rayleigh fading models assume that 
the magnitude of a signal that has passed through 
such a transmission medium (also called a 
communications channel) will vary randomly, 
or fade, according to a Rayleigh distribution — 
the radial component of the sum of two 
uncorrelated Gaussian random variables. Rayleigh 
fading channel itself can be modelled by 
generating the real and imaginary parts of a 
complex number according to independent normal 
Gaussian variables.   
 
The proposed RBF  network   which   is   a   soft    
computing technique used for minimization of 
phase noise based on LMS algorithm and MSE 
algorithm.LMS(Least Mean Square) algorithms 
are a class of adaptive filter used to mimic a 
desired filter by finding the filter coefficients that 
relate to producing the least mean squares of the 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(9), March 2014

111 International Journal of Multidisciplinary Educational Research



error signal.MSE (Mean Square Error) of an 
estimator is one of many ways to quantify the 
differnce between values implied by an estimator 
and the true values of the quantity being 
estimated.Fig.8 shows the RBF network based on 
LMS algorithm and MSE algorithm.Consider 2 
inputs which are shuffled and transmitted to the 
RBF network which are then calculated with the 
MSE algorithm to get desired output. 
 

Table 1 

 
 
In Table 1, the minimum C/N ratio  required for  
quasi  error  
free reception is shown. The values are based on 
simulations of the system behavior and were 
computed on the assumption that a perfect 
correction of the channel frequency response has 
taken place . The Gaussian channel is 
characterized by one direct signal path from 
transmitter to receiver. The only impairment 
present is additive white Gaussian noise (AWGN).  
In order to describe the impairment caused by 
echoes the Ricean channel is defined, which takes 
into account the effect of multipath signals in 
addition to AWGN. A dominant direct signal path 
is present. A transmission channel with echoes of 
more or less equal significance and without any 
direct signal path is called Rayleigh channel. It 

can be seen that the required C/N ratio increases 
with the complexity of the transmission channel. 
 
V. CONCLUSION 
 
In the proposed paper , RBF (Radial Basis 
Function) network which is one of the soft 
computing technique used for minimizing the 
phase noise in OFDM system with respect to LMS 
algorithm and MSE algorithm.It shows the 
performance of DVBT model with phase noise for 
AWGN channel,Rayleigh channel and Racian 
channel.By comparing these three channels,the 
AWGN channel shows the better performance for 
the DVBT model.It also concludes that the RBF 
(Radial Basis Function) network is simple 
technique to minimize phase noise from the 
system, so that the system is improved.  
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Visual Cryptography for Biometric Privacy with 

Meaningful and Unexpanded Shares 
 
Abstract- In today’s internet era, it has become 

paramount important to preserve the privacy of biometric 

data stored in the central database. This work reviews and 

applies visual cryptography, a perfectly secure method of 

keeping biometric data secret, for possible use in biometric 

identification and protection. The basic concept of 

proposed approach is to encrypt private image into two 

meaningful and unexpanded shares (sheets) that are 

stored in two separate database servers such that 

decryption can be performed only when both shares are 

simultaneously available; at the same time, the individual 

share do not reveal identity of the private image. Previous 

research, such as Arun Ross et al. in 2011, was based on 

pixel expansion, which causes the waste of storage space 

and transmission time. Furthermore, Hou and Quan’s 

research in 2011, was based on meaningless shares, which 

causes visually revealing existence of secret image. In this 

work, we review visual cryptography scheme and apply 

them to secure biometric data such as fingerprint, face 

images for the purpose of user authentication. So, using 

this technique we can secretly share biometric data over 

internet and only authorized user can decrypt the 

information. 

Index Terms- Biometric, meaningful, privacy, secret, 

shares, unexpanded. 

 

I. INTRODUCTION 

IOMETRIC systems are more consistent and more 

user  friendly. Still there are certain issues particularly 

the security aspects of both biometric system and 

biometric data. As template is stored in centralized database, 

they are vulnerable to eavesdropping and attacks. This has 

heightened the need to accord privacy to biometric data by 

adequately protecting the content of the database.  

Generally speaking, images, audio, and video files are 

usually too larger than text files. Therefore, using 

conventional complicated cryptographic technique to 

encrypt/decrypt such information seems to be rather wasting 

processing time. In order to preserve privacy of biometric 

data, the best way is to store transformed biometric template 

instead of the original template in the database. 

In this work use of visual cryptography is explored to 

preserve privacy of biometric data by decomposing the 

original image into two images in such a way that the secret 

image can be revealed only when both images are 

simultaneously available. The basic scheme is referred as     

(k, n) VCS. For given binary image T, it is encrypted in n 

images, such that   

𝑇 = 𝑆h1 ⊕ 𝑆h2 ⊕ 𝑆h3 ⊕ ⋅⋅⋅ ⊕ 𝑆hk       (1) 

Where ⨁ is a Boolean operation, Shi , hi ϵ 1,2,…….k is an 

image which appears as white noise, k≤n, and n is the number 

of noisy images. 

In the case of (2, 2) VCS, each pixel p in the original image 

is encrypted into two sub pixels called shares. Fig 1 denotes 

shares of black pixel and a white pixel. Each pixel p from a 

secret binary image is encoded into m black and white sub 

pixel in each share. If p is white (black) pixel, one of the rows 

is selected randomly with equal probability, replacing p. Thus 

single share gives no clue about original value of p. When two 

shares are superimposed together, we will get the original 

value of pixel p. Therefore reconstructed image will be twice 

of the width of the original image and there will be a 50% loss 

in contrast. However the original image will become visible.  

 
Fig. 1: Illustration of (2, 2) VCS. 

 

II. RELATED WORK 

Naor and Shamir [1] introduced the visual cryptography 

scheme (VCS) as a simple and secure way to allow the secret 

sharing of images without any cryptographic computation. In 

their approach, the secret was partitioned into n shares, and 

each participant would receive only one share. Once any k or 

more shares stacked together, the secret image will be visible 

without help of the computer. That is to say that secret image 

will be invisible if the number of stacked shares is less than k. 

This is termed as (k, n) - threshold mechanism. 

In 2011, Hou and Quan [3] proposed a method of 

progressive VCS to share secret image with n participants by 

encrypting secret image into n meaningless shares. The secret 

image can be recovered gradually by superimposing more and 

more share, the detail of hidden information can be revealed 

progressively. However, producing meaningless shares can 

B 

Pixel Probability 
Shares 

#1 #2 

 P = 0.5 

  P = 0.5 

 P = 0.5 

P = 0.5 

   Superimposition 
of the two shares 
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pique the interest of an eavesdropper by suggesting existence 

of secret data. 

Ross et al. in 2011 [2] explored the use of VCS to produce 

meaningful shares but with pixel expansion. VCS with pixel 

expansion would cause a problem of wasting storage space 

and transmission time. Hou et al. [4] in 2003 used halftoned 

technique to simulate gray scale of an image, thus solved the 

problems of Naor and Shamir‟s [1] method which could only 

be applied to black and white images. Karen and Kafri [5] 

used random grid and halftone technique to produce shares.   

 

III. NEED OF WORK 

1. Handling secret sharing of Biometric data: 

The existing implementation uses cryptography and data 

hiding to protect biometric data. So these methods require 

complicated decryption and decomposition computations. The 

current implementation stores secret data on single server. 

Handling break-ins to server are very hard to detect when the 

attacker simply steals certain information without modifying 

the store data. 

2. Handling pixel expansion factor used in VCS: 

The existing VCS implementation uses pixel expansion 

factor m, increasing the pixel expansion factor m leads to an 

increase in the storage requirement for the sheets. 

3. Handling meaningless shares used in VCS: 

The existing VCS implementation uses meaningless shares 

to encrypt secret image. Using meaningless shares may result 

in visually revealing the existence of secret image. It can 

pique the interest of an eavesdropper by suggesting the 

existence of secret data. 

 

IV. VISUAL CRYPTOGRAPHY SCHEME 

Visual cryptography scheme (VCS) is a simple and secure 

way to allow secret sharing of images over internet without 

any cryptographic computation [1]. VCS preserves the privacy 

of biometric data by decomposing the original image into n 

images in such a way that the original image can be revealed 

only when k or more images are simultaneously available and 

individual image do not reveal any information about original 

image.  

a) Visual cryptography for gray level images: 

Previous efforts in visual cryptography were restricted to 

binary images which is inefficient in real time applications. 

Chang ChouLin et al. [6] proposed VCS for gray level images 

using dithering techniques. Dithering technique is used to 

convert gray level images into approximate binary images. 

Then existing VCS for binary images are applied to perform 

encryption/decryption. 

b) Recursive Threshold visual cryptography: 

The (k, n) visual cryptography needs „k‟ shares to 

reconstruct the secret image. Each share consists at most [1/k] 

bits of secrets. This approach suffers from inefficiency in 

terms of number of bits of secret conveyed per bit of shares. 

Recursive threshold VCS eliminates this problem by hiding of 

smaller secrets in shares of larger secrets. 

c) Halftone Visual Cryptography 

The meaningful shares generated in extended visual 

cryptography proposed by Nakjima and Yamaguchi [7] was of 

poor quality which again increases the suspicion of data 

encryption. Halftone visual cryptography increases the quality 

of the meaningful shares.  

 

V. PROPOSE SCHEME 

The proposed visual cryptography scheme works in two 

phases. Fig. 2 shows block diagram of proposed visual 

cryptography scheme. During the enrollment phase, private 

biometric data is sent to visual cryptography server. Once the 

visual cryptography server receives it, the private biometric 

data is decomposed into two images and original private 

biometric data is discarded. The decomposed components are 

then transmitted and stored in two different database servers 

such that individual server do not reveal any identity of secret 

biometric data. During the authentication phase, to 

authenticate claimed identity, the visual cryptography server 

sends a request to each server and the corresponding sheets 

are transmitted to it. The private image is reconstructed by 

superimposing received sheets thereby avoiding any 

complicated decryption and decoding computations. 

The proposed system consists of following works, 

1)  To secure private face image, Iris and Fingerprint 

images 

2)  To share biometric data securely without cryptographic 

computation 

3)  To implement visual cryptography scheme with 

minimum pixel expansion factor m. 

4)  To implement such VCS that uses meaningful shares. 

 
Fig. 2: Proposed approach for de-identifying and storing a private image. 

 

The proposed system will be designed and implemented in 

the following modules, 
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1. Digital Halftoning and Error diffusion: 

Digital halftoning is a technique for transforming a digital 

gray-scale image to an array of banary values represented as 

dots in the printing process. In this module private image is 

transformed into array of binary values and quantization error 

of pixel is distributed to neighboring pixel which have not yet 

been processed.  

Error diffusion is  type of halftoning technique  in which 

the quantization error of pixel is distributed to neighboring 

pixels which have not yet been processed. Fig. 3 shows a 

binary error diffusion diagram where f(m, n)  reprents the 

pixel at  (m, n) position of the input image, d(m, n) is the sum 

of input pixel value and the diffused errors, g(m, n) is the 

output quantized pixel value, h(k,l) is error filter, e(m, n) is the 

difference between d(m, n) and g(m, n).  

 
Fig. 3: Error diffusion block diagram 

 

 

Finaly we compute   d( m, n) as 

d(m, n) = f(m, n)-  h(k, l)e(m-k,n-l)k, l       (2) 

 

The filter used for error difusion is widely used filter 

proposed by Floyd and Steinberg 

h(k, l) = 
1

16
 ×  ∎ 7

3 5 1
          (3) 

where ∎ is thecurrent processing pixel. 

2. Selection of Host images (Sheets): 

This module selects host images that are most likely to be 

compatible with the private image based on appearance and 

geometry. Therefore this module characterizes shape and 

texture of the face using active appearance model (AAM) [2]. 

AAM is used to determine the similarity between the private 

image and host image. 

3. Secret Encryption: 

During Encryption process two compatible host images hm 

and hn  are selected randmly. Initialy assign hm and hn to S
1
 

and S
2 
respectively.  To share white pixel (i, j), value of pixel 

(i, j) of  share S
1 
is assigned to value of pixel (i, j) of  share S

2
. 

By the same time to share black  pixel (i, j), complement value 

of pixel (i, j)  of share S
2 

is assignd to value of pixel (i, j) of 

share S
1
. Detail algorithm is explained below. 

Algorithm for Encryption- 

Input: a W X H halftone secret image P where p (i, j) ϵ P 

Output: 2 shares S
1
 and S

2
 of size W X H.  

Process: 

1) Select two host images hm & hn, (m ≠ n and  

  m, n ϵ 1, 2 N) from public host database h. 

2) Assign  S
1
(i, j)=hm(i, j) and S

2
(i, j)=hn(i, j). 

3) for each pixel p (i, j) 

 3.1) If pixel p (i, j) =0(white),  

         S
1
 (i, j) = S

2
 (i, j) 

 3.2) If pixel p (i, j) =1(black),  

         S
2
 (i, j) = complement of S

1
 (i, j) 

End. 

4. Secret Reconstruction:  

This module reconstructs the original image from two 

Shares by superimposing two sheets. The final image is 

obtained by the reconstruction process that performs XOR 

operation to obtain clear and full original image. 

 

VI. ANALYSIS PARAMETER 

The analysis will be done with help of following 

parameters, 

1. Pixel expansion factor: The number of pixel used in each 

share to encrypt a pixel of secret image. This parameter is 

helpful l to determine size require to encrypt secret image. 

2. Error rate (ER):  

a. False rejection rate (FRR): is the measure of the 

likelihood that the biometric security system will 

incorrectly reject an access attempt by an authorized user. 

A system‟s FRR typically is stated as the ratio of the 

number of false rejections divided by the number of 

identification attempts. 
b. The false acceptance rate (FAR): is the measure of 

the likelihood that the biometric security system will 

incorrectly accept an access attempt by an unauthorized 

user. A system’s FAR typically is stated as the ratio of the 

number of false acceptances divided by the number of 

identification attempts. 
c. Equal error rate (EER): A biometric security 

system predetermines the threshold values for its false 

acceptance rate and its false rejection rate, and when the 

rates are equal, the common value is referred to as the 

equal error rate. The value indicates that the proportion of 

false acceptances is equal to the proportion of false 

rejections. The lower the equal error rate value, the higher 

the accuracy of the biometric system. 

Thus above parameter will be useful to analyze the better 

performance of the proposed system from existing system. 

 

VII. CONCLUSION 

This paper explored the possibility of using visual 

cryptography to preserve privacy of biometric templates 

without pixel expansion, minimum computation and 

meaningful shares. It is impossible to reconstruct original 

template without accessing both the shares. The XOR operator 

is used to fully reconstruct original template. In addition, the 

e(m, n)    

+ 

h(k, 

l) 

f(m, n)   

+    

   

-   

- 

d(m, n) 0/1  

g(m,n) 
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proposed approach selects host images that are most likely to 

be compatible with secret image using AAM.   

In the future, if any share is lost it is impossible to 

reconstruct original template. So, progressive VCS with 

meaningful and unexpanded shares will be studied to solve the 

problem of loss of any share. Thus, more work is necessary to 

handle this problem. 
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Abstract—Since the release by the Federal 

Communications Commission (FCC) of a 
bandwidth of7.5GHz (from 3.1GHz to 10.6GHz) 
for ultra wideband (UWB) wireless 
communications, UWB is rapidly advancing as a 
high data rate wireless communication 
technology. As is the case in conventional 
wireless communication systems, an antenna also 
plays a very crucial role in UWB systems [3]. 
However, there are more challenges in designing 
a UWB antenna than a narrow band one. A 
suitable UWB antenna should be capable of 
operating over an ultra-wide bandwidth as 
allocated by the FCC. At the same time, 
satisfactory radiation properties over the entire 
frequency range are also necessary. Another 
primary requirement of the UWB antenna is a 
good time domain performance, i.e. a good 
impulse response with minimal distortion. 

This paper  focuses on a designing a novel 
Pentagonal PMA  Ultra Wide Band (UWB) 
antenna for optimum performance like wide 
bandwidth, good matching impedance, small 
antenna size exhibits a good voltage standing 
wave ratio (VSWR) performance and its E– and 
H–plane radiation patterns are stable over the 
UWB frequency range and others[7,9]. This 
antenna has a new patch shape that allows for 
providing good properties. Discussing the 
necessary parameters of UWB antennas, and 
studying the techniques of enhancing the 
bandwidth of a micro strip UWB are also 
investigated, to get antenna exhibit excellent 
performance of UWB characteristics. 
 

Keywords—Coplanar waveguide (CPW); 
directional patterns, planar monopole antenna 
(PMA); ultra-wideband (UWB). 

 
I. INTRODUCTION 

 
A.   Need of UWB 

Wireless communication technology has 
changed our lives during the past two decades. In 
countless homes and offices, the cordless phones 
free us from the short leash of handset cords. Cell 
phones give us even more freedom such that we can 
communicate with each other at any time and in any 
place. Wireless local area network (WLAN) 
technology provides us access to the internet 
without suffering from managing yards of unsightly 
and expensive cable. The technical improvements 
have also enabled a large number of new services to 
emerge. The first-generation (1G) mobile 
communication technology only allowed analogue 
voice communication while the second-generation 
(2G) technology realized digital voice 
communication. Currently, the third-generation 
(3G) technology can provide video telephony, 
internet access, video/music download services as 
well as digital voice services. In the near future, the 
fourth-generation (4G) technology will be able to 
provide on-demand high  quality audio and video 
services, and other advanced services[1] [2]. 
The maximum achievable data rate or capacity for 
the ideal band-limited additive white Gaussian noise 
(AWGN) channel   is related to the bandwidth and 
signal-to-noise ratio (SNR) by Shannon-Nyquist 
criterion as shown in Equation 1.1. 
      
					퐶 = 퐵	푙표푔 		(1 + 푆푁푅)                             (1.1) 
 
Potential interference should also be avoided. Thus, 
a large frequency bandwidth will be the solution to 
achieve high data rate. 

On February 14, 2002, the Federal 
Communications Commission (FCC) of the United 
States adopted the First Report and Order that 
permitted the commercial operation of ultra-
wideband (UWB) technology. Since then, UWB 
technology has been regarded as one of the most 
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promising wireless technologies that promises to 
revolutionize high data rate transmission and 
enables the personal area networking industry 
leading to new innovations and greater quality of 
services to the end users. 
 
B.  UWB Technology 

UWB technology has been used in the areas 
of radar, sensing and military communications 
during the past 20 years. A substantial surge of 
research interest has occurred since February 2002, 
when the FCC issued a ruling that UWB could be 
used for data communications as well as for radar 
and safety applications [1]. Since then, UWB 
technology has been rapidly advancing as a 
promising high data rate wireless communication 
technology for various applications. 

This paper presents a brief overview of 
UWB technology and explores its fundamentals, 
including UWB definition, advantages, current 
regulation state and standard activities [4]. 
 

 
Fig . 1: Ultra wideband communications Spread 

transmitting energy 

C. Advantages of UWB 
 

UWB has a number of encouraging advantages 
that are the reasons why it presents a more eloquent 
solution to wireless broadband than other 
technologies. Firstly, according to Shannon-Hartley 
theorem, channel capacity is in proportion to 
bandwidth. Since UWB has an ultra-wide frequency 
bandwidth[3], it can achieve huge capacity as high 
as hundreds of  Mbps or even several Gbps with 

distances of 1 to 10 meters. Secondly, UWB 
systems operate at extremely low power 
transmission levels. By dividing the power of the 
signal across a huge frequency spectrum, the effect 
upon any frequency is below the acceptable noise 
floor , as illustrated in Fig . 1. 

 
 
 

TABLE 1: PROPOSED UWB BAND IN THE 
WORLD 

 
 

Region 
 

 
UWB band 

 
United 
States 

 

 
Single band : 3.1 GHz – 10.6 

GHz 

 
 

Europe 
 

 
Low band : 3.1 GHz – 4.8 GHz 

 
High band : 6 GHz – 8.5 GHz 

 
 
 

Japan 

 
Low band : 3.4 GHz – 4.8 GHz 

 
High band : 7.25 GHz – 10.25 

GHz 
 

 
 

II. UWB ANTENNAS 
 

As is the case in conventional wireless 
communication systems, an antenna also plays a 
crucial role in UWB systems. However, there are 
more challenges in designing a UWB antenna than a 
narrow band one .First of all, what distinguishes a 
UWB antenna from other antennas is its ultra-wide 
frequency bandwidth. According to the FCC's 
definition, a suitable UWB antenna should be able 
to yield an absolute bandwidth no less than 500MHz 
or a fractional bandwidth of at least 0.2. Secondly, 
the performance of a UWB antenna is required to be 
consistent over the entire operational band. Ideally, 
antenna radiation patterns, gains and impedance 
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matching should be stable across the entire band. 
Sometimes, it is also demanded that the UWB 
antenna provides the band-rejected characteristic to 
coexist with other narrow-band devices and services 
occupying the same operational band[4,5]. 

Thirdly, directional or Omni-directional 
radiation properties are needed depending on the 
practical application. Omni-directional patterns are 
normally desirable in mobile and hand-held 
systems. For radar systems and other directional 
systems where high gain is desired, directional 
radiation characteristics are preferred [7] [8]. 

Fourthly, a suitable antenna needs to be 
small enough to be compatible to the UWB unit 
especially in mobile and portable devices. It is also 
highly desirable that the antenna feature low profile 
and compatibility for integration with printed circuit 
board (PCB). Fifthly, a good design of UWB 
antenna should be optimal for the performance of 
overall system. For example, the antenna should be 
designed such that the overall device (antenna and 
RF front end) complies with the mandatory power 
emission mask given by the FCC or other regulatory 
bodies. Lastly, but not the least important, a UWB 
antenna is required to achieve good time domain 
characteristics.  

For the narrow band case, it is approximated 
that an antenna has same performance over the 
entire bandwidth and the basic parameters, such as 
gain and return loss, have little variation across the 
operational band. In contrast, UWB systems often 
employ extremely short pulses for data 
transmission. In other words, enormous bandwidth 
has been occupied. Thus the antenna can't be treated 
as a spot filter more but a band-pass filter. In this 
case, the antenna imposes more significant impacts 
on the input signal. As a result, a good time domain 
performance, i.e. minimum pulse distortion in the 
received waveform, is a primary concern of a 
suitable UWB antenna because the signal is the 
carrier of useful information. Therefore, it is 
indispensable and important to study the antenna's 
characteristics in time domain. 
 

A. Approaches to Achieve Wide Operating 
Bandwidth 

Operating bandwidth is one of the most 
important parameter of an antenna. It is also the 
main characteristic in which a UWB antenna differs 
from other antennas. Various methods have already 
been exploited to achieve bandwidth enhancement 
for different types of antennas. 
 

Resonant antennas, such as straight wire 
dipoles and micro strip patch antennas operate at a 
single resonance mode at a time and the operating 
bandwidth is related to the antenna quality factor Q 
and radiation efficiency 	푒 . 
 
 
B. Quality Factor and Bandwidth 

 
The quality factor Q of an antenna is defined as 2¼ 
if times the energy stored over the power radiated 
and the ohmic losses. It can be calculated through 
the equivalent circuit of the antenna,  
 

푄	 = 		2휋푓

1
4 [퐼] 		퐿 + 	14 [퐼] 		 1

(2휋푓 ) 	퐶
1
4 [퐼] 		(푅 + 	푅 )

= 	
2휋푓 퐿
푅 + 	푅  

 

= 		
1

2휋푓 	(푅 + 	푅 )퐶 	= 	
1

2휋푓 	푅 퐶	 	 ∙ 		
푅

푅 + 	푅  

 
 
      						= 		 푄 		 ∙ 		푒  
 
		Where 푄 		 is the quality factor when the 
antenna is assumed to be lossless, i.e. RL=0; 푒  is 
the antenna radiation efficiency. 
  

Since monopole originates from dipole by 
removing one element and driving the remaining 
one against a ground plane. 
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Fig. 2 . Types of Shapes in PMA 
 

It is understandable that fat dipoles, such as 
bow tie antenna, diamond antenna, elliptical disc 
dipole and circular disc dipole[9,10] , can also 
exhibit UWB characteristics. These UWB dipoles 
are illustrated in Fig. 3. 
 

 
Fig. 3.  UWB Dipole Antenna 

 
TABLE 2. CATEGORY OF UWB ANTENNAS 

 

 
 
 

III . PLANAR MONOPOLE ANTENNA (PMA) 
 

The investigation of the planar monopole 
antenna is influenced to focus on the planar shape in 
the impedance bandwidth of the antenna. An 
optimization has to be done to get the best 
parameter, so the designed applicator can handle the 
coupling medium and can also improve the 
matching of the imaged object. Thus the increment 
of the dynamic range of the imaging system can be 
done. The simulation performance of the single 
designed antenna have to be compact in size so for 
array design it can shows the good impedance 
match and also low mutual coupling for its element. 
For the optimized antenna the performance we need 
to check is, the electric energy density in different 
frequency over the entire frequency range, the E-
field distribution in different frequency over the 
entire frequency range, the Far-field distribution and 
the SAR.  
 

A. Reason of using PMA  
 

After investigating lot of antennas, Planar 
Monopole Antenna (PMA) is considered for breast 
cancer detection system [3]. The reasons are,  
i) The wide bandwidth can be achieved with this 
type of antenna.  
ii) The antenna has very simple structure.  
iii) The size and shape of the antenna is very 
suitable for array design.  
iv) Because of antenna’s very small size it’s easy to 
mount it in an ordinary plastic casing.  
v) It gives smooth electric field distribution through 
phantom  
 

 
IV. NUMERICAL SOLUTION AND METHOD 

OF    ANALYSIS 
 

There are several techniques used to solve field 
problems. These techniques can be classified into, 
experimental, analytical, and numerical method. 
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Experimental methods could be expensive, time-
consuming and hard to apply because of a shortage 
of some of the requirement. Numerical methods 
such as Finite Element Method (FEM), Moment 
Method (MoM) and Finite Difference Method 
(FDM) which have given approximated solutions 
may be easier than analytical methods which given 
exact solutions because it involves an analytic 
simplification to the problems. In themid-1960s a 
Numerical solution of EM problems was started 
with the availability of modern high-speed digital 
computers[6,7]. The advantage of numerical 
solution is allowing the actual work to be carried 
out without need to know of higher mathematics or 
physics. Before we start to study these techniques 
we need to review the electromagnetic theory. 
 

TABLE 3. NUMERICAL METHODS 
 

 
 
A.  Finite Element Method (FEM) 
 

Finite element method is a strong and stable 
numerical technique that can analyses a complex 
problem to give out approximate solutions. It was 
introduced by Turner et al. (1956) as a powerful 
computational technique. The basis of FEM is 
decomposing the domain into finite number of sub 
domains (element) without leaving any gaps or 
allowing any overlapping between them. There are 
lots of shapes the elements can have. From 
segments of lines, triangles and squares specifically, 
FEM discretizes the problem domain using 
triangular elements.  

 
 

Fig . 4. FEM Discretization 
 

One of the advantages of divided the domain 
in to triangular elements is that irregular regions can 
be more easily approximately covered by a set of 
triangular as shown in above Fig. 4. 
 
B. Selection of Software: HFSS: [High Frequency 
Structure Simulator] 
  
 HFSS is a high performance full wave 
electromagnetic (EM) field simulator for arbitrary 
3D volumetric passive device modeling that takes 
advantage of the familiar Microsoft Windows 
graphical user interface. It integrates simulation, 
visualization, solid modeling, and automation in an 
easy to learn environment where solutions to your 
3D EM problems are quickly and accurate obtained. 
Ansoft HFSS employs the Finite Element Method 
(FEM), adaptive meshing, and brilliant graphics to 
give you unparalleled performance and insight to all 
of your 3D EM problems. Ansoft HFSS can be used 
to calculate parameters such as S-Parameters, 
Resonant Frequency, and Fields. Typical uses 
include: 
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Fig . 5. Applications of HFSS 

The name HFSS stands for High Frequency 
Structure Simulator. Ansoft pioneered the use of the 
Finite Element Method (FEM) for EM simulation 
by developing / implementing technologies such as 
tangential vector finite elements, adaptive meshing, 
and Adaptive Lancozos - pade Sweep (ALPS). 
Today, HFSS continues to lead the industry with 
innovations such as Modes to Nodes and Full wave 
Spice.  
 

 
Fig. 6 . Design Flow for HFSS 

 

 

C. Simulation of UWB Planar Monopole Antenna 
having Pentagonal Patch [HFSS] 

 
The simulation model of the Planar Monopole 

Antenna with Pentagonal shape patch with labeled 
design parameters. The height between the bottom 
and the antenna is defined as the distance between 
the bottom of the antenna substrate and the upper 
base and is labeled. The top view of the antenna is 
shown in Fig. 7. 

 
 
 

 
Fig . 7. Geometry of PMA 

 
The E-field distribution over the PMA is 

shown in Fig. 8.We observed the maximum E-Field 
is along the surface of the feed line and at the 
entrance of the cavity. 
 

     
 

Fig . 8. Field Distribution over the Patch 
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Directivity is remarkable towards +Z-axis 
direction as shown in Fig. 9. 
 

         
 
 

Fig . 9. Radiation Pattern (3D) 
 

 Return Loss clearly gives the Impedance 
matching with regards to the transmitted power and 
reflected power. Structure will give -14.17 dB at 
3.1260 GHz with the coverage of frequency band 
till 11.82 GHz having -15.92 dB.The frequency 
band is covering the UWB band effectively as given 
in Fig. 10. 
 

 
 

Fig . 10. Return Loss [S11] 
 

Consideration of good return loss makes 
complete impact by the parameter of VSWR. The 
markable frequency range has VSWR between 
1.12-1.52 which comes under proper power transfer. 
 

 

 
Fig.  11 . VSWR  vs Frequency Plot 

 
 

V. CONCLUSION 
 

The proposed Pentagonal PMA antenna is 
effectively give performance for  impedance 
matching with transmission line and radiation 
pattern.  This antenna can find applications in 
wireless communications such as the base stations 
requirement for  radiation pattern over the UWB 
range. 
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Abstract: A mobile Ad hoc network which is autonomous 
multi-hop wireless link system use to connect mobile hosts 
with each other. Nodes can change their position frequently to 
keep mobility in the network. For quick data transmission in 
the network, we require fast and secure protocol which is 
proactive and reactive in nature. In proactive routing, router 
updates the routing table continuously which takes place in 
topology. The routers which uses dynamic routing protocol 
must do fast convergence because router make incorrect 
forwarding decision until the network get fully converged. If 
new node is added in proactive routing protocol, it takes some 
time or produce delay to converge the data from source to 
destination. To avoid this problem we use reactive routing 
protocol to reduce the delay until the network converges. Thus 
hybrid protocol is generated by combining proactive and 
reactive protocol, which provides fast routing as compare to 
individual routing. A security mechanism is proposed for 
detecting the malicious node in the network or different 
attacks in the network. Security mechanism detects the 
malicious node and filters the node from attack. 
 
Keyword: MANET, proactive, reactive, AODV, DSDV, 
malicious node, security. 
 

I. INTRODUCTION 

 
An ad hoc network is a collection of mobile nodes can 

communicate with each other using multihop wireless link. 
In this network, router uses dynamic topology in which 
nodes changes its position often and adapt the changes in 
the network. Normal protocol takes time to transmit data 
and also consumes battery power, capacity storage and 
bandwidth. So this routing protocol tries to minimize the 
traffic in packet transmission. In this, if the nodes are not in 
same range they can be connected through the intermediate 
node. 

In distance vector protocol, router sends information to 
neighbor router in large quantity, which may result in 
propagation delay in the network. So the optimum link state 
routing protocol updates the routing tables in all the routers 
in the same area. Thus the traffic level reduce the in the 
network. Depending on how nodes establish and maintain 
paths, routing protocol for MANET broadly fall into 
proactive, reactive, hybrid, location based types [1]. In 
proactive routing protocol, each and every node maintains 
one or more tables representing the entire topology of the 
network. Routing tables are updated regularly in order to 
maintain up-to-date routing information from each node to 
every other node. Routing information is maintain and 
updated on regular basis to exchange information between 
nodes. Reactive protocols seek to set up routs on-demand. 
If a node wants to initiate communication with a node to 

which it has no route, the routing protocol will try to 
establish such a route. Hybrid routing protocol uses 
distance vectors for more accurate metrics to determine the 
best paths to destination network. 

A MANET network is new paradigm for the wireless 
communication that allows node to communicate with or 
without existing network [2]. In an ad-hoc network each 
end-user node is capable of sending, receiving and routing 
data packets in a distributed manner, such network can be 
configured to allow for mobility and perform routing over 
multiple hops. Routing protocol initiates peer to peer 
communication between two nodes, a routing protocol 
either proactively determine the best path or it discover the 
path reactively. 

Providing security in mobile ad hoc network is a prime 
concern due to the need of providing protected 
communication between mobile nodes. To protect the 
mobile ad hoc network, secure the routing protocol at 
network layer from all possible attacks like routing loop 
attack, black hole attack, gray hole attack [4]. The criterion 
to detect the malicious node can be detected by considering 
the estimated percentage of packets dropped, which is 
compared against a pre-established misbehavior threshold. 
Any node dropping packet in excess of this threshold is 
deemed a misbehaving node while those below the 
threshold are considered to be correctly behaving [5]. 

 
II. SURVEY OF METHODOLOGIES USED 

 
In this fast and secure protocol, routing is performs 

through proactive and reactive mechanism. In these routers 
uses dynamic routing protocol to make fast convergence 
because router could make incorrect decisions until the 
network is fully converged. In proactive routing protocol if 
the new node is added in the network it take some time to 
converge the data in the network, during that time if another 
data is send to destination through that new node it produce 
some delay or take some time to converge and then it will 
transmit the data. So, to avoid this problem we use reactive 
protocol instead of proactive protocol, until the network get 
fully converge. 

The malicious node is the extra node which hacks the 
network and enters into the network and acts like a trusted 
node. So the security mechanism is used to detect the 
packet forwarding misbehavior. 
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Fig.1. Flow chart of fast and secure protocol using proactive and reactive 

mechanism [1]. 

 
A. PROACTIVE MECHANISM TO FIND ROUTE 

 
Proactive protocols are called table driven protocols in 

which, all routs are maintained in routing table. Packets are 
sending over the predefined route specified in the routing 
table. In this packet forwarding is done faster but the 
routing overhead is greater because all the routes have to be 
defined before transferring the packets. Proactive protocols 
have lower latency because all the routes are maintained at 
all the times [11]. Example protocols: DSDV, OLSR 
(Optimized Link State Routing). 

The Destination-Sequenced Distance-Vector (DSDV) 
Routing Algorithm is based on the idea of the classical 
Bellman-Ford Routing Algorithm with certain 
improvements. Every mobile source node maintains a 
routing table that lists all available destinations, the number 
of hops to reach the destination. The sequence number 
assigned by the destination node to every intermediate 
nodes in the network. The sequence number helps to avoid 
the formation of loops in the network. The nodes 
periodically transmit their routing tables to their neighbors. 
A node also transmits its routing table update if there is a 
significant change has occurred in its table. Thus updates 
are sent in both time-driven and event-driven. The routing 
table updates can be sent in two ways a full dump or an 
incremental update. A full dump sends the full routing table 
to the neighbors and whereas in an incremental update only 
those entries from the routing table are sent that has a 
metric change since the last update and it must fit in a 
packet[12].  
 

B. REACTIVE MECHANISM TO FIND ROUTE 
 

In reactive mechanism, path discovery is done by 
sending RREQ packet and RREP packet. RREQ packet 
contains source address, destination address, sequence 
number, broadcast ID and hop count. The source sends the 
RREQ packet to the destination, and it checks routing table. 
If it contains valid route, it will send RREP packet to the 
source node. The RREP packet contains source address, 
destination address, sequence number and life time of 
packet [1] [8]. After finding its path, sender sends the data 
directly in next transmission with and then receiver 

transmits the acknowledgement in next transmission in 
normal mode data transfer mechanism.  

 
 

 
 
 
 
 

 
 

 
 
 
 

Fig 2. Figure initial data transmission [1] 

 

After finding its path in initial transmission, sender 
sends the packet directly to receiver without sending any 
route. 

 

                       

Fig. 3 Direct data transmission [1] 

The Ad hoc On Demand Distance Vector (AODV) 
routing protocol enable multi-hop routing between 
participating mobile nodes wishing to establish and 
maintain an ad hoc network [6]. AODV routing protocol is 
designed for mobile ad hoc networks with population of 
tens to thousand of mobile nodes. AODV is based upon the 
distance vector algorithm. The difference is that AODV is 
reactive, AODV only request a route when needed and does 
not require nodes to maintain routes to destination that are 
not actively used in communications. Features of this 
protocol include loop freedom and link breakage cause 
immediate notification to be sent to the affected set of 
nodes. AODV avoids the Bellman Ford “counting to 
infinity” problem [7]. AODV reduced the dissemination of 
control traffic and eliminate overhead on data traffic, in 
order to improve scalability and performance. 
 

C. HYBRID PROTOCOL 
 
Hybrid protocol combines both proactive and reactive 

strategies to scale well in the network size, density and 
speed in the network. In this by combining proactive 
protocol DSDV and reactive protocol AODV, it generates 
fast protocol which improves the speed in the network. ZRP 
for example defines a zone around nodes. In zone routing 
protocol, nodes inside the zone uses proactive routing and 
nodes outside the zone uses reactive routing. 
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D. SECURITY MECHANISM 
In MANET, every node will communicate with each 

other node information. In this network, the malicious can 
join the network by hacking the network information and 
act like a trusted node. Thus the malicious node performs 
dangerous activities like hacking of packets, DOS etc. to 
avoid this problem we uses the following techniques [1] 

1. Central agent monitoring traffic in network 
2. Background process in each node for monitoring 

incoming traffic. 
 

1. Central agent monitoring traffic in network: In this 
central agent will maintain the entire node identity in the 
network. The central agent also allots individual IDs to each 
node in the network for monitoring the traffic properly. If 
new activities detect in the network which is generating 
duplicate id or stop more traffic, then this activity is 
detected by the central agent and it will remove it from the 
network. [1] 

 

 

 

 

 

 

 

 

Fig. 4. Central agent monitoring the traffic in network [1] 

2. Nodes with background process: In this 
mechanism, process algorithm is used to detect malicious 
node by initiating the background process at the backend of 
each node to control the incoming traffic. This process is 
initiated by the central agent and then each node will start 
the process for monitoring the incoming traffic. [1] 

 

 

 

 

 

 

 

 

Fig 5 Nodes with background process [1] 

 

 

• ALGORITHM 
Step 1:   node Sni creates RREQ={D, hop_count’, seq.no} 

Sni sends RREQ to Sc 
Sc sends RREQ to Snexthop 

Step 2:   if Snexthop=newnode 
Check whether it is malicious 
Processing Algorithm 
Node Dj is misbehaving (Detection) 
Else 
Node Dj is not misbehaving (Non-detection) 
Endif 

Step 3:   if newnode_malicious 
Step 4:   then find route using Fast Transmission algorithm 
Step 5:   if Snexthop_newnode 
Step6:    Then perform proactive routing 

If node ID matches the routing table 
Then it will forward the packet 

Step 7:   If Snexthop= new node 
Then perform reactive routing (go to step 8) 

Step 8:   accept message is send to neighbor 
If node is busy 
Send busy_message 
If node is idle 
Send idle_message 
Then request and data is send to target. 
If target receive the data 
Then reply and acknowledgement send to sender. 

 
In this algorithm, node Sni creates a challenged message 
and sends the request message to challenged node Sc. Then 
Sc forward that request to Snexthop. If the next hop node is 
a new node, by the detection of packet forwarding 
misbehavior mechanism, it detects that whether it is 
malicious or not. This mechanism mainly based on the 
threshold value of the nodes. If it is not malicious, then 
routing is performed through a reactive mechanism. It 
performs routing through fast transmission algorithm. In 
this, all the nodes in the topology first perform 
communication with its neighbors through accept_message. 
If any node is already performing transmission with other 
nodes, it sends busy_ message to its neighbor node and if 
the node is idle, then it sends idle_message to its neighbors. 
Then it sends the data directly with its route request to the 
idle node which performs fast transmission [1]. 
 

III.  RESULTS 

Packet Delivery Ratio: Packet delivery ratio is the 
percentage of the number of packets received by the 
destinations to the number of packets originated by the 
application layer. 

PDF = (Pr/Ps)*100 

Average End to End Delay: Average end to end delay 
includes all the possible delay occur due to buffering during 
route discovery latency, queuing at the interface queue, 
retransmission delay at the MAC and propagation and 
transfer time of data packets. 
 

Σ (Time packet received –Time packet sent) 
                    Total No. of Connection Pairs 
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Node Throughput: Node throughput is the ratio of the total 
amount of data that reaches a receiver from a sender to the 
time it takes for the receiver to get the last packet. 
 

Σ Node Throughput Data Transmission 
          Total Number of Nodes 
 
 

Sr. 
no.  

Parameters  DSDV AODV  

1. Generated 
Packets 

5238 5153 

2. Received 
Packets 

3297 4773 

3.  Packet delivery 
ratio  

64.93%  92.62%  

4.  Total dropped 
packets  

1857  388  

5.  Average end to 
end delay  

28878.7 ms  420886 ms  

6.  Average 
throughput  

355.95Kbps  514.48Kbps  

 
TABLE  1: comparison between AODV and DSDV based on different 

parameters. 

 

IV.  CONCLUSION 

This proposed fast and secure transmit protocol 
performs the data transmission through proactive and 
reactive mechanism. It also provides security to the network 
with the help of central algorithm and background process 
algorithm. The proposed work will be stimulated in 
network security 2.34 (NS2.34) software. 
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ABSTRACT 
 
This paper presents recognition of monophonic 
isolated musical instrument sounds using 
Fractional Fourier Transform (FRFT) based 
features. The fractional Fourier transform (FRFT) 
is the generalization of the standard Fourier 
transform (FT). In FRFT, the transformation 
kernel is a set of linear chirps whereas the kernel is 
composed of complex sinusoids for the FT. 
Depending on the fractional order, signals can be 
represented in multiple domains. It rotates signal in 
time and frequency plane by fractional order. This 
gives FRFT an extra degree of freedom in signal 
analysis over the standard FT. In this paper, we 
have taken advantage of the multidomain nature of 
the FRFT and applied it to extract features for 
musical instrument recognition. Further, the 
performance of the proposed features in terms of 
recognition accuracy is compared with Mel 
Frequency Cepstral Coefficient (MFCC). Nineteen 
western musical instruments covering four families 
with full pitch range have been used for 
experimentation. 
Index Terms— MFCC, FRFT, Feature extraction 
 

1. INTRODUCTION 
The use of digital music on internet has 

increased tremendously on internet. It would be 
difficult to choose and classify which music and 
sound to listen. Not only must the consumer 
classify their music sound, but online internet must 

classify large music sounds in their databases for 
their consumers to browse through. It would be 
extremely difficult to go through all of the music 
sounds in a large database one by one and classify 
them. In this paper, Musical instrument 
classification and detection has been implemented 
using FRFT based features and Neural network.  
There are various commercial applications of  
music signal analysis like content-based music 
retrieval, music genre classification, duet analysis, 
musical transcription, musical information 
retrieval, musical instrument detection and 
classification, playlist generation, acoustic 
environment classification, video scene analysis, 
annotation etc. [1],[2] [3],[4].  
        Various attempts have been made for musical 
instrument recognition system [1]-[9]. 
Conventional features used by researchers are Mel 
Frequency Cepstral Coefficient (MFCC), timbrel, 
Wavelet and cepstral features. But all these 
features lack in the recognition accuracy and 
number of features. Further, for finding compact 
feature set various data reduction techniques like 
principal component analysis (PCA), feature 
selection techniques [3], have been used. These 
techniques have difficulties in solving complex 
pattern recognition problems because of 
overlapping of within and between class features. 
Tao Li et al. [4] proposed features based on 
wavelet coefficients at various frequency sub 
bands of Daubechies wavelet for classification of 
emotional content of the music.  Timbrel texture, 
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rhythmic content, pitch content, spectral roll off, 
zero crossing, LPC, MFCC and spectral flux have 
been used for classification of emotional content of 
music. Eronen and Klapuri [5] presented system 
for musical instrument recognition that uses a wide 
set of features to model the temporal and spectral 
characteristics of sounds. Also experiments were 
carried out to investigate the potential advantage 
of a hierarchically structured classifier. In this 
paper, the conclusion drawn is that combining the 
different types of features succeeded in capturing 
some extra knowledge about the instrument 
properties. Six features set using cepstral 
coefficients, constant Q transform frequency 
spectrum, multidimensional scaling analysis 
trajectories, RMS amplitude envelope, spectral 
centroid and vibrato have been used to classify 19 
musical instruments for isolated notes using 
nearest   neighbor classification [6]. Further, 
Cepstral coefficients based on constant Q 
transform have been used to discriminate oboe and 
saxophone sounds using k-means algorithm and 
Gaussian probability density function [7]. Agostini 
et al. [8] extracted set of features from audio 
sources for content-based classification of musical 
instrument timbres. ZCR, SC, inharmonicity, BW, 
harmonic energy percentage, Harmonic energy 
skewness features describe spectral characteristics 
of monophonic sounds and used for content based 
classification. Essid et al. [9] presented work on 
the use of hierarchical taxonomies for musical 
instrument recognition on solo recordings. Both a 
natural taxonomy (inspired by instrument families) 
and a taxonomy inferred automatically by means of 
hierarchical clustering were examined using SVM 
classifier. 
Musical instrument recognition using different 
features like MFCC, Liner prediction coefficients, 

spectral features have been compared [1]. Martin 
and Kim [2] presented a study on statistical 
pattern-recognition technique to the classification 
of musical instrument tones within a taxonomic 
hierarchy. Perceptually salient acoustic features 
related to the physical properties of source 
excitation and resonance structure were measured 
from the output of an auditory model (the log-lag 
correlogram) for 15 orchestral instruments. Again 
Agostini et al. [13] evaluated set of features for 
recognition of monophonic sounds of musical 
instruments aiming to achieve a compact 
representation of spectral features which will be 
limited in number. 
From literature survey it has been noticed that, 
finding the unique characteristic of musical 
instruments is a crucial step and poses challenges 
for the researchers. The main issues in Musical 
instrument recognition are i) to find compact 
feature set which allow the classifier to build it 
quickly and easily  ii) to improve the recognition 
accuracy. Also it has been noticed that MFCC 
features has been used in most of the research 
work for musical instrument recognition which 
shows that it is validated and significant feature. 
This paper presents modification of MFCC 
features for automatic Musical Instrument 
recognition using FRFT based MFCC features and 
feed forward neural network. Proposed features 
out performs over MFCC Features. Discrete FRFT 
has been substituted in place of FFT and MFCC’s 
are computed. FRFT gives additional degree of 
freedom to rotate the signal in time and frequency 
plane. Because of this rotation at specific angle 
significant feature components could be extracted.  
       Rest of the paper has been organized as 
follows. In Section 2, FRFT has been briefly 
described and feature extraction is described in 
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section 3. Experimental results and database 
details are summarized in Section 4 followed by 
result in section 5. Conclusions in described in 
section 6 and references in section 7. 
 

2. FRACTIONAL FOURIER TRANSFORM 
(FRFT) 

 
FRFT represents the signal in two orthogonal 
plane of time and frequency axis. It is a linear 
operator which corresponds to the rotation of the 
signal between time and frequency plane, where 
time axis corresponds α=0 and frequency axis 
corresponds to α= /2. The FRFT is more flexible 
and suitable for non-stationary signal as compared 
to fourier transform because of its orthonormal 
basis of chirp signals and degree of freedom of 
rotation of time frequency axis [10], [11], [14]. 
 
The αth order fractional Fourier transform ( )F u  
of f (t) is given by equation [1] to [3]. 

( )F u = 
2 2

cot cot csc2 21 cot ( )
2

u tj j ju tj e e e f t dt
  


  




 , 

if N ,  N is integer                             (1) 

  ( )F u f u  , if 2N , N is integer      (2)    

 f u , if (2N+1) ,  N is integer    (3)   
FRFT is general case of the Fourier transform with 
similar properties of Fourier transform such as, 
Linearity, additivity, commutatively, associatively, 
Time shift, Modulation, Multiplication, 
differentiation, Parseval’s theorem etc. In this 
work, Discrete FRFT has been used to compute 
the MFCC. 
Depending on the fractional order, signals can be 
represented in multiple domains. It rotates signal in 

time and frequency plane by fractional order. This 
gives FRFT an extra degree of freedom in signal 
analysis over the standard FT. In this paper, we 
have taken advantage of the multidomain nature of 
the FRFT and applied it to extract features for 
musical instrument recognition. 
 

3. FEATURE EXTRACTION 
 
Feature Extraction is vital part of the Musical 
instrument recognition system.  
 
3.1 FRFT based MFCC features   
 
Mel Frequency Cepstral coefficient (MFCC) is 
short time power spectral representation of sound. 
It has been extensively used and proved its 
significance not only in speaker recognition but 
also received more attention in last few decades in 
Music analysis [1]-[9]. MFCC feature extraction 
consists of pre-processing, pre emphasis, framing, 
windowing, FFT, Triangular mel band pass filter 
and DCT.  
 In proposed Fractional- Mel frequency cepstral 
coefficient, the forward and inverse Fourier 
transforms are replaced with their corresponding 
FRFTs. The main difference in defining the 
cepstrum using the FRFT comes from the fact that 
the conventional convolution operation defined for 
FT does not hold for the FRFT. Thus, the FRFT of 
the convolution of two time domain functions is 
not equal to the multiplication of their respective 
FRFT. This implies that to compute the complex 
cepstrum an additional term will be modulating the 
phase spectrum, while the real cepstrum approach 
remains the same. 
The procedure for defining Fractional MFCC is 
described here. Let f (t) represent a time-varying 
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signal which is output of musical instrument and is 
formed by the traditional convolution of two 
different functions, x (t) and h(t) . In this paper, 
we first defined and derived Mel frequency 
cepstral coefficient (MFCC) using FRFT as shown 
below:  

 
           

 
  

 
         ⇩ log of power spectrum  of FRFT 
    
         ⇩ Pass through triangular mel filter and   
              integrate  

 
        ⇩ 
F  
 
Where ⊗ is traditional convolution,  is 
FRFT.  
In MFCC the FFT has been substituted by FRFT 
and modified MFCC features have been proposed. 
The block schematic of proposed features is 
shown in figure 1. Proposed feature extraction 
consists of pre-processing, Pre-emphasis, framing, 
windowing, FRFT, triangular mel filter bank and 
DCT. In pre-processing, silence part of the signal 
is removed using ZC (Zero crossing) and Energy 
of the signal by selecting proper threshold value. 
Then, signal is framed with 20 ms duration with 
50% overlapping and windowed with hamming 
window. Then Discrete FRFT is computed at 
different values of α (Fractional order). Computed 
FRFT is passed through triangular mel filter bank 
band pass   filter. Logarithmic values of these 

filtered signal is given to DCT to de-correlate the 
modified MFCC coefficients. Statistical values of 
these coefficients of all frame are combined and 
formed 12 coefficients for each note. Significant 
features are extracted from the signal at specific 
angle in time frequency plane. We have extracted 
FRFT based MFCC features at different values of 
α. Finally α is set to 0.95 through experimentation 
due to higher recognition accuracy at this value. 
The result shows that music signal can be better 
represented by rotating signal at specific angle (α) 
in time frequency plane. The result of Musical 
instrument recognition at different values of α is 
shown in table 2. The system using FRFT at 
α=0.95 angle gives better recognition accuracy.  
 

 
Fig 1.  Block schematic of FRFT based MFCC 
features 
 
FRFT computed at different values of α is shown 
in figure 2. Figure shows that α=0 gives identity 
signal,  α=π/2 gives   its fourier transform and α 
between 0 and π/2 rotates signal in time and 
frequency plane.  
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Fig 2: FRFT at different angle for Trumpet C6 
note for single frame 
 
4. DATABASE DETAILS AND 
EXPERIENTATION  
 
The dataset used for experimentation is taken from 
MUMS (McGill University Master Samples), 
which is set of 3-DVDs created by: Frank Opolko 
Joel Wapnick [12],[15]. It is library of isolated 
music sound tones from a wide number of musical 
instruments, played with different articulation 
 styles, covering entire pitch range and recorded 
with 44.1 KHz sampling frequency as wave file. 
Experimentation is done on 760 monophonic 
isolated notes of 19 musical instruments covering 
string, Brass, Woodwind and percussion families. 
For training the system, 70% notes are used and 
30% notes are used for testing with 10-fold cross 
validation method. The instruments used for 
experimentation are listed in Table 1. 
Feed forward neural network with back 
propagation algorithm has been used for 
classification of individual instrument and family 

classification. Individual classification and family 
classification bas been done by Waikato 
environment for knowledge analysis (WEKA) tool 
[16]. The parameter for neural network classifier 
used are learning rate to 0.3, momentum 0.2. 
 
 

Table 1 
Instruments used 

 
Sr. 
No
. 

Family  Instruments Used  

1 String  Guitar, Violin, Viola, Cello, 
Bass, Lute, Piano, 
Harpsichord  

2 Brass  Trumpet , Tuba, Cornet, 
Trombone , French Horn 

3 Woodwind Saxophone , Oboe classical , 
Oboe D’Amore,  English 
Horn 

4 Percussion Steel drum, Tympani 
 

5. RESULT 
 
Recognition accuracy for individual musical 
instruments and instrument family for different 
value of α is shown in table 3.  
Result shows that, best average recognition 
accuracy is reported at α=0.95 i.e. 91.84% for 
individual instruments and 96.54 % for family 
classification.   Afterword’s α=0.95 is used in 
discrete FRFT and FRFT based MFCC coefficients 
are computed and used as feature vector. Results 
are compared with extensively used MFCC 
coefficients. Table 3 gives the recognition 
accuracy for MFCC and FRFT based MFCC 
features. Result shows that recognition accuracy 
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has increased from 75% for MFCC to 91.4% for 
MFCC using FRFT which is 16.4% more than 
MFCC. 

Table 3 
Average Recognition accuracy  

 
  

6. CONCLUSION 
Recognition of   monophonic isolated sounds of 
nineteen musical instruments have been compared 
with MFCC and FRFT based MFCC. Result 
shows that FRFT based MFCC features 
outperforms over traditional MFCC features. The 
main reason for this improvement is that, FRFT 
based features gives additional degree of freedom 
of rotating signal in time and frequency plane. 
Earlier study on Musical instrument Recognition 
shows that MFCC is significant feature in Musical 
instrument recognition, while the present study is 
modification of MFCC features using FRFT, 
which was not considered in these earlier studies.  
In this paper, we have proposed and derived 
MFCC features using FRFT for monophonic 
musical instrument sound classification. It is 
noticed that there is 16.4% more recognition 
accuracy than traditional MFCC features. This is 
one application of FRFT for musical instrument 

recognition. Further study on FRFT may lead 
many applications in signal processing. 
 

Table 3 
Average Recognition accuracy for different 

values of   α 
 

Alpha (α) Instrument 
Accuracy  
( %) 

Family 
classification 
(%)  

0.90 82.23 85.52 
0.91 89.21 90.39 
0.92 85.13 87.36 
0.93 89.34 90.39 
0.94 90.39 92.10 
0.95 91.84 96.54 
0.96 88.94 90.13 
0.97 91.71 91.71 
0.98 87.17 89.21 
0.99 85.50 87.36 
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