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Survey of Automatic Language Identification Techniques
1

Prof.Namita Kale1
Department of Information Technology, MET’s Institute of Engineering, Nashik, India
mrsnrkale@gmail.com

Abstract: The main task of automatic
Language Identification (LID) is to quickly
and accurately identify the language being
spoken (e.g. English, Spanish, etc.) This
paper presents an overview of the
progression
of
spoken
language
identification (LID) systems and current
developments. This overview includes
different cues for Language identification of
speech and different approaches for
designing the working systems. This paper
also discusses the new approach for
language identification using visual speech
such as movements of the lips. Research in
this field is also beneficial in the related
field of automatic lip-reading.

associated with using an automated system.
For multiple human language identification
services, several people would need to be
trained to properly recognize a set of
languages whereas the LID system can be
trained once and then run on multiple
machines simultaneously.
1.1 Basic Language Identification System
The basic principle of operation of
automatic language identification systems is
shown in Figure 1.
The LID system is divided into two phases:
Training and Recognition.
During training phase feature extraction
form speech uttarances of variety of
languages is done to produce feature

Keywords: Language Identification (LID),
visual speech, lip-reading
1.
Introduction
Automatic Language Identification (LID) is
the task of automatically recognizing a
language from a given spoken utterance.
Language identification has numerous
applications in a wide range of multi-lingual
services. An example is the language
identification system used to route an
incoming telephone call to a human
switchboard operator fluent in the
corresponding language. There are many
benefits to be gained from making LID an
automatic process that can be performed by
a machine. Some of the benefits include the
reduced costs and shorter training periods

1

vectors.
Fig.1
The training algorithm analyse the set of
such vectors and produces one or more
models for each language.These models
represents set of language dependant
fundamental characteristics which are used
in next phase of language recognition.
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During recognition phase of LID feature
vectors computed fron new uttrance are
compared with each language dependant
model and maximum likelihood model is
found.The language of the speech that was
used to train the model yielding the
maximum likelihood is hypothesised as the
language of the uttrance.
1.2 Language identification cues
There is a variety of information that
humans and machines can use to distinguish
one language from another. Language
identification techniques can be classified as
speech based for spoken language
identification and text based for automatic
document classification.
Human speech is multimodal process which
produces two sources of information, one is
audio signal produced from speech and other
is movements of lips. Depending on the
signal being used for identifying the
language they are classified as Audio
Language identification techniques and
Visual language identification techniques
(VLID).
2. Audio Language identification
Audio language identification is a mature
field of research, with many successful
techniques developed to achieve high levels
of language discrimination with only a few
seconds of test data. The main approaches
make use of the phonetic and phonotactic
characteristics of languages which are
proven to be an identifiable discriminatory
feature between languages Some Widely
used characteristics that differ from
language to language are as follows:

2

Phonology: A phoneme is underlying
mental representation of phonological unit
in a language. A “phone” is realization of an
acoustic phonetic unit. It is actual sound
produces when a speaker is thinking of
speaking a phoneme. Phone and phoneme
set differ from language to language. There
frequency of occurrence may also differ.
Phonotatctis i.e rules governing allowable
sequence of phones and phoneme can also
differ.
Morphology: Morphology is the field of
linguistics that studies the internal structure
of words. Words are generally considered to
be the smallest units of syntax and in most
languages words can be related to other
words based on the morphology rules. The
word roots and lexicons are usually different
across different languages. In addition,
different languages have their own sets of
vocabularies and their own manner of
forming words. As a result, the LID task can
be performed at the word level by
examining the characteristics of word forms.
Syntax: In linguistics, syntax is the study of
the principles and rules that govern the way
that words in a sentence come together. The
sentence patterns vary across different
languages.
Prosodic Information: Prosody is one of
the key components in human auditory
perception. Tone, stress, duration and
rhythm are the main aspects of prosody. To
utilize prosodic information, an appropriate
quantitative representation is needed.
Usually, pitch (or the fundamental
frequency) is used for representing tone,
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intensity is used for indicating stress and
duration sequence is used for representing
rhythm.
2.1 Techniques used in Audio Language
Identification
In the next sections, we briefly review the
techniques used in these approaches.
2.1.1 Phone-Based Tokenization: There are
several approaches to LID which exploit the
difference in phonetic content between
languages
to
achieve
language
discrimination. Such techniques require the
training of a phone recognizer, usually
comprising a set of hidden Markov models
(HMMs), which are used to segment input
speech into a sequence of phones. In an
approach called phone recognition followed
by language modelling (PRLM) [3],
phonotactics is the feature of language used
for discrimination. The contention here is
that different languages have different rules
regarding the syntax of phones, and this can
be captured in a language model. In this
technique (Fig.2), a single phone recognition
system is used to tokenize an utterance using
a shared phone set, trained using one
language. The phone sequences produced by
this system can then be analyzed in terms of
the co-occurrence (or n-gram) probabilities
of phones in an utterance. Statistical models
are built using language-specific training
data, and these models generate a likelihood
score of input utterances being produced by
that model. For classification, simple
maximum-likelihood approaches can be
used, or more complex back-end classifiers
such as Gaussian mixture models (GMMs),
neural networks or support vector machines

3

(SVMs) can be applied. This system can be
extended by building PRLM systems using
language specific phone recognizers, and
running the recognition systems in parallel
PRLM PPRLM . A state-of-the-art PRLM
system entered into the 2009 NIST language
recognition evaluation achieved a mean
recognition error of 1.64% on 30-second test
utterances in the 23 language closed-set test
[2].

Fig. 2. System diagram of the phone
recognition followed by language modeling
approach to audio LID.
2.1.2
Gaussian
Mixture
Model
Tokenization: The tokenization subsystem
within the LID architecture is usually
applied at a phone level. [4] presents a
variant to the standard PPRLM LID
approaches which uses sub-phone, framelevel tokenization. In this method, a
Gaussian mixture model (GMM) is trained
for each language from language-specific
acoustic data. Each GMM can be considered
to be an acoustic dictionary of sounds, with
each mixture component modeling a distinct
sound from the training data. Given a Melfrequency cepstral coefficient (MFCC)
frame, the mixture component is found
which produces the highest likelihood score,
and the index of that component becomes
the token for that frame (Fig.3). For a stream
of input frames, a stream of component
indices will be produced, on which language
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modeling
followed
by
back-end
classification can be performed, as is
common in audio LID [4], [5]. For the NIST
1996 12 language evaluation task [11], [4]
report a minimum error rate of 17%, which
is higher than standard PRLM techniques.
Despite this increase in error rate, several
advantages are offered by this approach.
Firstly, the training of the tokenizer does not
require transcribed data, which simplifies
the incorporation of additional languages
into the system and is especially
advantageous for VLID where there is no
agreed protocol for transcriptions. Secondly,
there is a reduction in computational cost
using this technique compared with phone
recognition. In [18] and [7], a PPRLM LID
system similar to that described in Section
II-A1 [3] is proposed, except the language
models themselves, rather than the scores
they produce, become the vectors used by
the back-end classifier. Instead of a
maximum likelihood or linear discriminant
analysis (LDA) back-end, SVMs are built
from the bigram language models of the
tokenized training data, an SVM for each
language, each comparing that target
language against all other languages.

Fig. 3. System diagram of GMMtokenization, instead of phone recognition,
as applied to audio LID.

4

3
Visual language
techniques (VLID)

identification

Automatic visual language identification
(VLID) is the technology of using
information derived from the visual
appearance and movement of the speech
articulators to identify the language being
spoken, without the use of any audio
information [1]. This technique for language
identification (LID) is useful in situations in
which conventional audio processing is
ineffective (very noisy environments), or
impossible (no audio signal is available).
Research in this field is also beneficial in the
related field of automatic lip-reading.
VLID uses lip reading system to identify
utterance and then followed by feature
extraction and language modeling to
determine language being spoken. Fig.4
shows lip reading system.
Features for visual speech processing are not
as well-developed as those for audio. Visual
speech is typically transcribed into visemes.
The term viseme is combination of the
words \visual" and \phoneme". There are
several phonemes that
cannot
be
discriminated visually (for instance, it is
impossible to detect voicing visually, or
place of articulation when this is far back
inside the oral cavity), so video segments
corresponding to 42 audio phonemes
referred to as “visually describedphoneme,” or VDP can be used.
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FIG.4: Lip Reading System
Various feature sets have been tested
including DCT coefficients [9], active shape
models [10] (ASMs), active appearance
models (AAMs) and sieve features [8].
3.1 Techniques used in Visual only
Language Identification
The recognition performance of some of
these features has been studied, and the
current finding is that AAM features give
the best recognition performance overall
[12], despite their poor performance in [6].
AAMs are also routinely used for tracking
the contours of the lips and other facial
features [28].
3.1.1 Building Active Appearance Models
To construct an AAM, a selection of training
images is marked with a number of points
that identify the features of interest on the
face. We use the inner and outer lip
contours, the jaw line, eyes and eyebrows,
totaling around 49 landmark points. The
parameters corresponding to non lip
elements are included only for the purpose

5

of assisting tracking capability and are
discarded during feature vector generation.
The images labeled should represent the
extremities in shape and appearance that the
model is expected to track, and represent:
we label between 10 and 20 images per
speaker. The feature points are normalized
for pose (translation, rotation, and scale), the
and vectors are concatenated and subject to
a PCA, to form the ASM. A representation
of part of a shape model is shown in Fig. 3.
In all cases, where PCA was used to reduce
the dimensionality of a set of features, we
used the top PCA components which
accounted for 95% of the variance of the
data. This means that the dimensionality of
the features used varies between different
datasets. AAM appearance is computed as
follows: Each training image is shape
normalized by warping it from the labeled
feature points, to the mean shape. Our
implementation of the AAM uses the RGB
color space. The pixel intensities within the
mean shape are concatenated, and the
vectors representing each color channel are
then concatenated. The resultant vectors,
one for each training image, are subject to a
PCA. An example appearance model is
shown in Fig. 5 and 6

Fig. 5. First mode (left) and second mode
(right) of variation of the shape component
of an AAM varying between +3 standard
deviations from the mean. Lines are
separated by one standard deviation. The
first mode appears to capture variation due
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to mouth opening and closing, and the
second appears to capture
variation due to lip-rounding.

3.2 Visual Language Identification
System

Fig. 6. Mean and first three modes of
variation of the appearance component of an
AAM.
Fig.7
3.1.2 Visual Models of Phonemes
Visual speech is typically transcribed into
visemes. The usual way of defining visemes
is to use expert knowledge to construct a
many-to-one mapping from phonemes to
visemes, which leads to about 15 visemes
compared to about 40 phonemes. This
reduction in the number of units reduces the
number of possible bigrams of units by
about 85% compared with using phone
units, and hence reduces VLID performance.
Our experience using visemes that were
defined by the mapping described in [34]
showed that performance was limited, and
analysis of this mapping showed that it was
highly oversimplified. Although we know
that there are several phonemes that cannot
be discriminated visually (for instance, it is
impossible to detect voicing visually, or
place of articulation when this is far back
inside the oral cavity), we have found that
VLID accuracy is enhanced by training
models using video segments corresponding
to 42 audio phonemes. We term this
representation a “visually describedphoneme,” or VDP.

6

Fig.7 shows the automatic video language
identification system .The video data is
tracked using an Active Appearance Model
(AAM). This Test data is transcribed into
phones using English visual phone
recognizer. Bigram language models for the
two languages to be discriminated are built
from the phone transcriptions of the
training-set (generated by the English VDP
recognizer). Each language model produces
a likelihood for a given utterance, which is
length normalized. Back-off weights are
calculated and used for unseen bigrams in
the test data. Classification is performed
using an SVM back-end classifier.
4. Conclusion and future scope
This paper presents the overview of
language identification system and presents
different approaches used for automatic
language identification. Audio language
identification system makes use of the
phonetic and phonotactic characteristics of
languages which are proven to be an
identifiable discriminatory feature between
languages. It has long been known that
visual speech cues can be used by humans to
improve speech perception under noisy

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

conditions and the use of visually derived
features to improve automatic speech
recognition has been the subject of
considerable research. This paper also
discusses novel approach of using non
speech modalities like visual cues for
language identification. The study in this
field is also beneficial in the field of
automatic lip reading systems.
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Abstract: Because of combustion of fossil
fuels
global
warming
caused
by
environmental problems, the raising prices
of crude oils and natural gases. They
promote continuous effort to improve
energy system and its efficiency. There is a
need to search for abundant and clean
energy sources due to the depleted and
increasing prices of oil. Solar energy acts as
an alternative renewable energy source.
Photovoltaic cells are used as renewable
energy system. Photovoltaic (PV) cells can
be used to generate dc voltages and given to
DC-DC converter. DC-DC converter used is
Buck boost type of converter.
The
converter output is given to battery to
inverter and load. Buck boost converter
gives constant output which will controlled
by PWM controller and feedback control
system. Feedback control system has
compensation network with different types
and parameters. Designing of converter
gives constant output. A maximum power
point tracking (MPPT) technique is needed
to track the peak power to maximize the
produced energy. The maximum power
point in the power voltage graph is
identified by an algorithm called as
incremental conductance method. This
algorithm will identify the suitable duty
cycle ratio in which buck boost converter

9

prasadrcp@rediffmail.com

should operate to maximum point. The
MPPT algorithm is vital in increasing the
efficiency of the system. This output is given
to battery though the H bridge inverter
circuit. The ac output voltage is directly fed
to low voltage grid though the PLL circuit.
The control of PWM for converter, inverter,
MPPT algorithm and PLL is controlled by
using MICROCHIP dsPIC30F4011 DSP
processor. The total experimentation is
carried out and results of converter,
inverter,
grid
control and
MPPT
characteristics are analyzed.
Keywords- Photovoltaic cell model, I-V and
P-V characteristics of solar cell, DC-DC
converter, MPPT algorithm, PLL control,
converter efficiency.
I.

INTRODUCTION

With the prices of oil at its highest and the
increasing demand every year, it is
causing environment concerns which lead
to global warming around the world. New
energy sources like solar and wind power
are readily available and much sought
after. They produce clean energy power
which does not affect the Ozone layer.
With free solar energy available, cutting
down on electrical bills on industrial and
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home seems a possibility in the near future
as the photovoltaic conversion into
electrical energy. Large scale solar energy
systems are being tested and might even be
implemented in the coming years to cut
down the emission of CO2. Demand for
photovoltaic energy will increase over the
years as the breakthrough in this new
technology will sustain it at a lower cost.
In this system output of solar system is
variable with respect to different operating
condition. So as to get constant output from
solar system we connect buck boost converter
to battery and battery to inverter and load. For
making the constant and maximum output, we
have to design system parameters and
implement the MPPT algorithm. We
developed such system
II. BLOCK DIAGRAM OF PROPOSED
WORK
Sola
r
Pan

DC-DC
Converter

Batter
y

Invert
er

A/D A/D
converter
DSP Processor

MOSFE
T Driver
PWM
Output

dsPIC30F4011

Gri
d

MOSFE
T Driver
PWM
Output

MPPT
Algorith

characteristics, the output voltage, current
and power can be computed.[1]

Fig.1 Equivalent Solar cell model

Iph – Photodiode current
Vd – Diode voltage
Id – Diode current
n - Diode factor (1 for ideal and >2 for real
conditions)
Io - Reverse saturation current
T - Temperature for the solar
arrays panel in kelvin
K–Boltzmann’s constant = 1.38 x
10 -23 J/K
Q – Electron charge = 1.6 x 10 -19 C
Rs – Intrinsic series resistance usually
in milli-ohms Rsh – Shunt resistance
usually in kilo-ohms
The I-V characteristics of a solar
cell while neglecting the internal
shunt resistance is given by

III. MODELING OF SOLAR PV CELL
The working condition of the solar cell
depends mainly on the load and solar
isolation. They operate in the open circuit
mode and short circuit mode. Based these
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In the event that the circuit is shorted
indicating that the output voltage is =0.
The current through the diode is being
omitted. The short-circuit current, Isc = I
can be represent by
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Generally with the relationship that exists
between Isc and Iph, the output current is
given below. From the relationship, output
current is approximately the almost the
same as the photocurrent.

When the circuit is in open-circuit mode,
the output current I is =0. At this point,
the open-circuit voltage, Voc is calculated.
)

combination of the buck converter
(2) topology
and a boost converter topology in cascade. The
output to input conversion ratio is also a
product of ratios in buck converter and the
boost converter. The output voltage is
controlled by controlling the switch-duty
cycle. The term D is the duty ratio and defined
as the ratio of the on time of the switch to the
total switching period. This shows the output
voltage to be higher or lower than the input
voltage, based on the duty-ratio D. [5,7]

The output power can be expressed based
on the open circuit voltage and short
circuit current.
(5)
Fig.2 DC –DC Converter
When the switch is in the “on state”, the
The Pmax relationship is also represented inductor stored the energy in the magnetic field
in terms of Vmppt. The Pmax is the as it is connected with the source voltage
maximum output power and Vmppt is the where currents will flow through. The diode is
optimal output voltage.[2]
reversed biased and hence no current can flow
to the load through the diode. The capacitance
will provide current in this “Ton” situation.
When the switch is off, inductance is
disconnected from the source and there will be
no current drop which the inductance will
Iph – Photodiode current
reverse it EMF. A voltage is generated as the
Vd – Diode voltage
diode at this time is forward biased; current
will flow in the load and charged up the
IV. DESIGNING OF DC-DC CONVERTER
capacitance.
The converter is made up of an input source
DC-DC converter is combination of a buck and voltage, an inductor, a switch, capacitor and
boost converter. Buck-Boost converter is the output load. This type of configuration is
combination of a buck and boost converter. A use to boost up the output voltage with a lower
buck boost converter is a DC-to-DC power input source. Most of the designs usually
converter with an output voltage either greater specified the require value of input voltage,
or smaller than its input voltage. It is a output voltage and the load current whereas the
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inductor and ripple current are free parameters.
To reduce a ripple, a larger value of inductor
should be able to reduce it since it is inversely
proportional to the ripple current. Likewise
when choosing the inductor, it should ensure
the saturation current is greater than the
inductor peak current and able to cope with the
rms current.
While designing the buck boost converters
following main points are considered
1) Input voltage to converter
2) Desired
supply
output
voltage
magnitude
3) DC-DC converter efficiency (Pout /
Pin)
4) Output voltage ripple
5) Output load transient response
6) Output load transient response
7) Duty cycle of PWM controller
For design of this buck boost converter, the
output of the converter is designed for 24 V
which is given to the Battery.
Output voltage=24V
a) Design of Power Inductor
The power inductor is a very important
component within the boost dc-dc design. The
inductor value is closely linked with the input
voltage, the output voltage, the forward
voltage of the diode, the duty cycle, the load
current as well as the switching frequency.

Current rating of inductor is given by

b) Selecting Switching frequency
For the different values of frequency the values
of inductors are calculated.
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Switching
Frequency
50
100
200
400
500
1000

Inductor
Value
158
79
40
20
16
8

c) Design of Power MOSFET
Low power loss MOSFET is selected
depending on rating.
d) PWM Controller
The basic idea is to control the duty cycle of a
switch such that a load sees a controllable
average voltage.
To achieve this, the
switching frequency is chosen high enough.
With pulse-width modulation control, the
regulation of output voltage is achieved by
varying the duty cycle of the switch, keeping
the frequency of operation constant.

Fig.3 PWM control
Duty ratio- D =( ton/ ton) + toff

IV. MPPT ALGORITHM
The output power of the solar PV module
changes with change in direction of the sun,
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change in solar insolation level and change in
temperature. There is a single maximum
power point in the PV characteristics of the PV
module for particular operating condition. It is
desired that the PV module operates close to
this point, i.e., output of the PV module
approaches near to MPP. The process of
operating PV module at this condition is called
as maximum power point tracking (MPPT).
Maximization of PV power improves the
utilization of the solar PV module.[6].
The most common algorithms the P& O and
the incremental conductance method. The
conductance method offers the main advantage
of providing high efficiency under rapidly
changing atmospheric conditions, so it has
been employed in the model.
This method is based on the fact that slop of
the PV array power curve is zero at the MPP,
increasing on the left of the MPP and
decreasing on the right hand side of MPP.
The algorithm starts by obtaining present
values of I(k) and V(k) and using former values
stored at the end of the preceding cycle, I(k-I)
and V (k-I), then judge whether the voltage
variable is zero, if it was zero then judge
whether the current variable equals zero. Then
if the current variable is also zero. It means
that PV is operating on the MPP so the
conductance should remain same and the
current instruction does not need to change [8].
Two other checks are included to detect
whether a control
action is required when the array was not
operating at the MPP; in this case the change
in the atmospheric Conditions is detected using
(dI ≠ 0) . Now the control signal adjustment
will depend on whether dI is positive or
negative, if the incremental change in current
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is positive, the voltage instruction should be
increased, otherwise be decreased.
On the other hand there is a condition where
the voltage variable is not zero, another check
is carried out by comparing
dI/dV with I/V.
According to the result of this check; the
control reference signal will be adjusted in
order to move the array terminal voltage
towards the MPP voltage. At the MPP, no
control action is needed, therefore the
adjustment stage will be bypassed and the
algorithm will update the stored parameters at
the end of the cycle as usual. If it was not true
then if the conductance variable is more than
the negative variable, the voltage instruction
should be increased, otherwise be decreased.

Fig. 4 Flowchart MPPT Algorithm
V. PLL CONTROL
Phase locked loop is critical component of
inverter connected to grid. Inverter control
system is the phase locked loop that generates
the grid voltage frequency and phase angle for
the control to synchronize the output to the
grid. The calculated frequency and phase angle
of grid voltage by phase locked loop can be
used for control and signal generation.
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Phase locked loop system can synchronize
these grid parameters accurately. This can be
achieved by both hardware zero crossing or
detecting circuit as well as software. In
software, the grid voltage is sampled at every
ADC trigger and the polarity of the grid
voltage is stored in a resister. In every sample
grid voltage polarity has been checked. If there
is change in grid voltage polarity, software sets
the zero voltage detect flag. A period counter
register stores the total number of interrupts
that occurs between two zero crossing
detections. The period counter register value
then gives half of the period value of grid
voltage, as the time between the two interrupts
is fixed in programme. The period value
determines the phase angle increments the sine
table reference generation from the sine table.
The sine table consists of 512 elements for
generation 0-90 degrees of sine reference. As
90-180 degrees of sine waveform is a mirror
image of 0-90 degrees, the half sine reference
is generated in phase and is synchronized with
the grid voltage.
VI. IMPLEMENTATION
To test the performance of this MPPT
algorithm, the setup consists of 1) a DC/DC
converter, 2) a solar Panel 3) DSP control
board, 4) battery.
The MPPT algorithm and the control of the
DC/DC converter were implemented using
dsPIC30F4011. The DSP measured the input
current and input voltage though the A/D
module and calculated the power obtained
from the SAS. The DC/DC converter is a
working at a switching frequency of 100 KHz.
The different values of parameters are as
follows. Inductor for Buck converter=100 uH
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and for Boost converter=200 uH -ferrite core,
EI-33 type. Capacitor of 20 uF is used.

Fig.5 DC-DC Converter Board

Solar Panel Specification: Solar Panel 12 V,
100 W ELDORA 100-P Make- VIKRAM
SOLAR
DSP Processor Specification: MICROCHIP
dsPIC30F4011 high performance 16 bit digital
signal processor is used.
Battery Specification: Two 12 V 42Ah
batteries are used for this project. MakeZENIDE Type –ZV 42-12 Capacity 12V,
42Ah

Fig.6 H Bridge Inverter Board

H Bridge inverter is used. The structure of the
single H-bridge module consists of a separate
dc source, four semiconductor switching
devices and four diodes. The switching devices
used are typically MOSFETs or IGBTs. IGBTs
are chosen for this due to High forward
conduction current density, low on-state
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voltage drop, low driving power and fast
switching response.

Fig.8 P-V characteristics of solar Panel

Fig.7 Complete Experimental Setup

VII.
RESULT
Experimental Reading
PV Side
V
0.00
8.00
10.10
12.30
14.05
16.12
17.90
20.08
20.97

I
4.81
4.80
4.78
4.76
4.76
4.60
3.83
1.73
0.11

Waveform of PWM Signal from DSP
Processor

Battery side
P
0.00
38.40
48.28
58.55
66.88
74.15
68.56
34.74
2.31

V
23.80
23.87
23.90
23.92
23.95
24.01
24.01
24.01
24.01

I
0.00
1.41
1.81
2.21
2.54
2.76
2.53
1.26
0.08

P
0.00
33.66
43.26
52.86
60.83
66.27
60.75
30.25
1.92

%
Eff
0.00
87.65
89.60
90.29
90.96
89.37
88.61
87.09
83.27

Waveform of Inverter output

Waveform of rectified synchronized signal
Fig.7 I-V characteristics of solar Panel
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Waveform of inverter output and grid
synchronization signal before PLL

Waveform of inverter output and grid
synchronization signal after PLL

In this paper we develop solar DC-DC (Buck
boost) converter which gives maximum output
voltage and power. Solar cell I-V and PCharacteristics are studied. Development of
maximum tracking algorithm is presented and
implemented by using DSP processor which
gives the maximum efficiency of solar system.
We have calculated different parameters of
buck boost
converter such as power inductor, duty cycle
for PWM controller and capacitors. H Bridge
inverter
is designed and practically
implemented which gives stable output. The
grid voltage and frequency is synchronized by
using PLL techniques. Therefore solar
converter and inverter is designed and
experimentally studied the different parameters
of converter and inverter, PWM control
technique, MPPT control algorithm, PLL
control for solar energy system for low voltage
application.
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Abstract -This idea focuses on four categories of
military
operations
surveillance,
reconnaissance, automated defense, and missile
launching. The goals are to demonstrate how
robots do and may affect military operations as
well as to speculate about the future
development of such robots. This will achieve
the goals first by sensing the foreign object,
sending encrypted data to it, and then making
the decision about missile launching by
receiving the decrypted message. Now a day's
terrorism is spreading all over the world. Our
neighboring countries are prepared with more
and more advanced weapons. So we have to
face the war anytime. Here we are trying to
develop technology to ensure our national
defense and defense of human society.
I.INTRODUCTION

Fig.1 Working Principle
In today’s world enemy warfare is an
important factor of any nation’s security. The
national security mainly depends on army
(ground), navy (sea), air-force (air). In our project
we have come up with an idea of detecting the
incoming plane whether it is enemy or friendly
with the help of higher encryption and decryption
routine using wireless protocol. Guided missiles,
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self-propelled
aerial
projectiles,
usually
containing conventional or nuclear explosives,
guided in flight towards a target either by remote
control or by internal mechanisms. Guided
missiles vary widely in size and type, ranging
from large strategic ballistic missiles with nuclear
warheads to small, portable rockets carried by foot
soldiers. Although most are military weapons with
explosive warheads, others may carry scientific
instruments for gathering information within or
above the earth's atmosphere. Guided missiles
consist of three separate systems, power source
guidance and control mechanism and warheads or
payload. Power source normally are either selfcontained rocket motors or air-breathing jet
engines, but may also be airfoils or outsides
boosters charges from ramp or tube launcher. The
type of guidance and control system employed
depends on the type of the missile and nature of
the target. Inertial guidance system sense the
position of the light path in relation to the fixed
target; other guidance systems use a variety of
more active sensors to direct the missile towards
the moving object. Payloads are generally
warheads design for the specific missions, from
piercing amour plate to destroying entire urban
areas. Before World War II guided missiles were
limited to experimental, pilotless aircrafts
controlled by radio. During the war, however
rapid technological advances in such fields as
aerodynamics, electronics, rocket and jet
propulsion radar, servo-mechanism inertial
guidance and control systems aircraft structures
coupled with intensive search for better weapons,
led to the construction, testing and finally mask
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production of modem guided missile. The idea is
of detecting the incoming plane whether it is
enemy or friendly with the help of higher
encryption and decryption routine using wireless
communication.
II.NAVIGATION TECHNIQUES
Navigation system are divided into
different categories according to type of target
either fixed targets or moving targets. The
weapons can be divided into two broad categories,
Go-Onto-Target (GOT) and Go-Onto-Locationin-Space (GOLIS) guidance systems. A GOT
missile can target either a moving or fixed target,
whereas a GOLIS weapon is limited to a
stationary or near-stationary target. The trajectory
that a missile takes while attacking a moving
target is dependent upon the movement of the
target. Also, a moving target can be an immediate
threat to the sender of the missile. The target
needs to be eliminated in a timely fashion in order
to preserve the integrity of the sender. In GOLIS
systems the problem is simpler because the target
is not moving.
A. GOT systems
In every GOT system there are three
subsystems target tracker, missile tracker and
guidance computer. The way these three
subsystems are distributed between the missile
and the launcher result in two different categories.
One is remote control guidance, these guidance
systems usually need the use of radars and a radio
or wired link between the control point and the
missile; in other words, the trajectory is controlled
with the information transmitted via radio or wire.
And another one is active homing semi-active
homing systems combine a radar receiver on the
missile with a radar broadcaster located
elsewhere. Since the missile is typically being
launched after the target was detected using a
powerful radar system, it makes sense to use that
same radar system to track the target, thereby
avoiding problems with resolution or power. The
missile picks up radiation broadcast by the
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tracking radar which bounces off the target and
relays it to the tracking station, which relays
commands back to the missile.
B. GOLIS Systems
Whatever the GOLIS guidance system, it
must contain preset information about the target.
These systems main characteristic is the lack of
target tracker. The guidance computer and the
missile tracker are located in the missile. There is
only one type of guidance system of this kind.
Navigational guidance is any type of guidance
executed by a system without target tracker. The
other two units are on board the missile. These
systems are also known as self contained guidance
systems, however they are not always entirely
autonomous due to the missile trackers used.
III.BLOCK DIAGRAM

Fig.2 Block Diagram
A. Plane
Here we are making a DC motor based
tank model. The two DC motor are for driving the
tank mechanism. Also we have a DC motor based
ultrasonic radar system. The DC motor will
continuously rotate the whole mechanism
containing the ultrasonic radar. The ultrasonic
sensor will continuously send and receive the
ultrasonic waves (of 37 KHz).The distance is
calculated using the doppler effect and directly
given to the processor. The processor receives the
distance from the ultrasonic sensor serially and
transmits it to the on board computer. The
computer has a monitoring software on it. The
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monitoring software is used to show the position
of the incoming tank graphically .The monitoring
software will continuously monitor the obstacles
distance .If the distance is less than the set point, it
will automatically send a frame to the processor,
also the on board buzzer is also activated by the
processor. The processor will then encrypt the
frame and send it wirelessly to the incoming ship
that is the decoding circuit. If the incoming plane
is not enemy then the decrypted signal will be
received back to the encoding section wirelessly.



B. Designed Sections
We include the two sections:
 Encoding Section
 Decoding Section
In encoding section consist of the
processor interfaced with other devices.
In
decoding section consist of the controller
interfaced with other devices. Onboard power
supply which is of 3.3V is designed for processor.
In the encoding section we are giving two DC
motors for the motion of the buggy and model
which contains ultrasonic sensor and wireless
Tx/Rx respectively. Tx/Rx module is designed
for both sections. Display is interfaced with the
processor as well as controller.
The Power Supply should include
regulated IC’s for 3V and for 5V.
Processor Should include minimum
specifications, enhancements brought by this
devices fast general purpose input output ports
enable port pin toggling up to 3.5 times faster than
the original processor. They also allow for a port
pin to be read at any time regardless of its
function. Dedicated result registers for analog to
digital converters reduce interrupt overhead.
Serial port include fractional baud rate generator,
auto-bonding capabilities and handshake flowcontrol fully implemented in hardware. Key
features common for this processor and
microcontroller is in a tiny LQFP64 or HVQFN
package. 8/16/32 Kbyte of on-chip static RAM
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and 32/64/128/256/512 Kbyte of on-chip flash
program memory. 128-bit wide interface/
accelerator enables high-speed 60 MHz operation.
Motor driver IC include these minimum
specifications, 600mA output current capability
per channel.1.2A peak output current (non
repetitive) per channel. Enable facility. logical 0
input voltage up to 1.5 V. High noise immunity
Serial connectors should be able to
converts signals from an serial port to signals
suitable for use in TTL compatible digital logic
circuits.
IV.RC4 ENCRYPTION ALGORITHEM
Ronald Rivest of RSA developed the RC4
algorithm, which is a shared key stream cipher
algorithm requiring a secure exchange of a shared
key. The algorithm issued identically for
encryption and decryption, as the data stream
simply XORed with the generated key sequence.
The algorithm is serial as it requires successive
exchanges
of state entries based on the key sequence. Hence
implementations can be very computationally
intensive. This algorithm has been released to the
public and is implemented by many programmers.
This encryption algorithm is used by standards
such as IEEE 802.11 within WEP(Wireless
Encryption Protocol) using a 40 and 128-bit keys.
Published procedures exist for cracking the
security measures as implemented in WEP. The
vocal implementation of the RC4 algorithm is
available in several forms. The forms include pure
optimized software and varying levels of
hardware complexity utilizing UDI instructions.
The operations are supported using UDI
instructions for improved performance. When
special assistance hardware is not available (as is
the case on most general purpose processors), the
byte manipulation/exchange operations are
implemented via software. In the algorithm the
key stream is completely independent of the
plaintext used. An 8 * 8 S-Box (S0 S255), where
each of the entries is a permutation of the numbers
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0 to 255, and the permutation is a function of the
variable length key. There are two counters i, and
j, both initialized to 0 used in the algorithm.



V. FLOWCHART







The computer has a monitoring software on it.
The monitoring software is used to show the
position of the incoming tank graphically .The
monitoring software will continuously monitor
the obstacles distance.
If the distance is less than the set point, it will
automatically send a frame to the processor,
also the on board buzzer is also activated by
the processor.
The processor will then encrypt the frame and
send it wirelessly to the incoming ship via
wireless module.
The wireless module will then transmit the
encrypted frame.
As soon as the encrypted frame is received by
the controller via the decoding module, the
received encrypted frame is decrypted by the
on board controller and then sent back to the
tank using the same wireless module.
VI. RESULT

Fig.3 Flow of Navigation
A. Flowchart Explanation
 Here we are making a DC motor based tank
model. The two DC motor are for driving the
tank mechanism. Also we have a DC motor
based radar system.
 The DC motor will continuously rotate the
whole mechanism containing the radar. The
sensor will continuously send and receive the
waves (of 37 KHz).
 The distance is calculated using the doppler
effect and directly given to the processor. The
processor receives the distance from the
sensor serially and transmits it to the on board
computer.
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Abstract— The term grid refers to a network, We all are
surrounded with several kinds of grids such as mobile,
computer, power etc. The increasing complexity, management,
continuously growing demand and service-quality at
reasonable price expectations in terms of system reliability,
efficiency and security triggered a need of smart management
system of grid. By considering all these issues if we look at the
Indian power grid, for the development of smart management
system of Indian power grid, along with the infrastructural
changes software tools are also required to process the
continuously generating large amount of data. This paper
explores some failure protection techniques which will help to
improve the reliability of the power grid.

Broadly stated, the modern grid could respond to events that
occur anywhere in the grid, such as power generation,
transmission, distribution, and consumption, and adopt the
corresponding strategies.

Keywords— fault identification, failure forecasting, Power
grid (PG)

I.

INTRODUCTION

The July 2012 India blackout was the largest power
outage in history, occurring as two separate events on 30 and
31 July 2012. The outage affected over 620 million people,
about 9% of the world population, or half of India's
population, spread across 22 states in Northern, Eastern, and
Northeast India. An estimated 32 gigawatts of generating
capacity was taken offline in the outage. Keeping this
disaster in mind the Govt. of India drafted The smart India
Vision and reoadmap-2013. Ministry of power had taken
early actions towards grid modernization and leveraging the
smart grid technologies. Under this program distribution
companies are building their IT networks and a set of basic
IT and automation systems.
The growth of available data in the electric power
industry motivates the adoption of data mining techniques.
However, the companies in this area still face several
difficulties to benefit from data mining. One of the reasons is
that mining power systems data is an interdisciplinary task.
Typically, electrical and computer engineers need to work
together in order to achieve breakthroughs, interfacing power
systems and data mining at a mature level of cooperation.
Another reason is the lack of freely available and
standardized benchmarks.
By utilizing modern information technologies, the grid
will be capable of delivering power in more efficient ways
and responding to wide ranging conditions and events.
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‘Transmission’ and ‘Grid Management’ are essential
functions for smooth evacuation of power from generating
stations to the consumers. Transmission function primarily
consists of construction and maintenance of the transmission
infrastructure while the job of the grid operator is to give
operating instructions to the engineers in the field and ensure
moment-to-moment power balance in the interconnected
power system. Grid management involves taking care of the
overall reliability, security, economy and efficiency of the
power system.
II. INDIAN POWER GRID MANAGEMENT: CURRENT
SCENARIO
Grid Management in India is carried out on a regional
basis. The country is geographically divided in five regions
namely, Northern, Eastern, Western North Eastern and
Southern. All the states and union territories in India fall in
either of these regions. [3] The first four out these five
regional grids are operating in a synchronous mode, which
implies that the power across these regions can flow
seamlessly as per the relative load generation balance. The
Southern Region is interconnected with the rest of Indian
grid through asynchronous links. This implies that quantum
and direction of power flow between Southern Grid and rest
of India grid can be manually controlled.

Fig. 1. Data acquisition system

As per the regulations of Indian Electricity Act Fig.1
shows Data Acquisition system in India. Each of the five
regions has a Regional Load Dispatch Centre (RLDC),
which is the apex body. The RLDCs coordinate amongst
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themselves both offline as well as online for maintaining the
security and stability of the integrated pan-India grid.
The traditional power grids are generally used to carry
power from a few central generators to a large number of
users or customers. In contrast, the suggested modern grids
will be using two-way flows of electricity and information to
create an automated and distributed advanced energy
delivery network. Table 1 gives a brief comparison between
the existing grid and the suggested modern grid.
TABLE 1: A BRIEF COMPARISON BETWEEN THE REQUIREMENTS OF EXISTING
GRID AND CURRENT SYSTEM.
Existing Grid

Requirements of current
systems

Electromechanical

Digital

One way communication

Two way communication

Centralized generation

Distributed generation

Few sensors

Sensors throughout

Manual monitoring

Self-monitoring

Manual restoration

Self-healing

Failure and blackouts

Adaptive and islanding

Limited control

Pervasive control

Few customer choice

Many customer choice

The three major systems in power grid from a technical
perspective are, [1]
a) Infrastructure system: This system is energy,
information and communication infrastructure in the power
grid that supports electricity generation, consumption,
delivery, monitoring and communication etc.
b) Management system: This system is subsystem that
provides management and control services.
c) Protection system: This subsystem provides grid
reliability analysis, failure protection and analysis, security,
theft and privacy protection.
In this paper we are mainly focusing on the PG failure
protection system.
III. FAILURE PROTECTION SYSTEM
For protecting a PG from failures it requires to identify
the fault along with its location and causes of occurrence.
After locating and identifying causes remedial actions must
be taken and based on certain parameters continuous failure
forecasting must be done.
Failure Protection
Identification
[2],[4],[5],[6]
[7],[8],[9],[10] Localization
[11],[12],
[13],[14]

Forecasting
[16],[17],[18],
[19]
Recovery
[15]

Fig. 2. Subsystems of Failure protection system
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So as shown in fig. 2 the failure protection system is subdivided into Failure Identification, Failure Localization,
Recovery and Failure forecasting.
B. Failure Identification Enabling Technologies
Once a failure occurs, the first step must be quickly
identifying the failure to avoid cascading events.
Several algorithms have been proposed for fault
identification in transmission lines [2], [4]–[6]. They are
based on either artificial neural networks (ANNs) or wavelet
transforms (WT). Most of them have been developed for
relaying purposes and may only distinguish a fault from the
normal steady-state power system operation. Silva. [7]
proposed a method for transmission line fault detection and
classification using Oscillographic data. In this method
author used Wavelet transform to detect the fault in
transmission line and further work of classification was done
by ANN. Though the methods found to be useful but
computational efforts and required memory size increases
much in comparison with the other methods. Dash,
Samantaray [8] presented an approach for protection of
thyristor-controlled series compensator (TCSC) line using
SVM. Three SVMs were trained to provide fault
classification, ground detection, and section identification,
respectively, for the line using TCSC. Later in 2011 Miao
and Zhang [9][10] explored multiscale network inference for
fault detection and localization. They used dependency graph
approach for fault detection and localization. They
specifically modeled the phasor angles across the buses as
markov random fields (MRF). The fault diagnosis was
performed through the change detection.


Suggested Technique

Due to wide deployments of PMUs suggested method
will take advantage of rich phasor information for the
generation of dependency graphs. Because of dependency
graph it will be very easy to visualize the structure of whole
power grid at a glance, along with this the added advantage
is, it will enable operator to detect the small changes in the
system. The fault will be identified through the change
detection based on the values of 3ϕ current, voltage and
operating frequencies.
C. Fault localization Enabling Technologies
After identifying and categorizing faults, to resolve it, it
is necessary to identify the exact location of the fault.
Hagh, Razi, Tazhizadeh [11] proposed a fault location
technique based on ANN. Unlike the method presented by
Miao and Zhang [8] this method is not dependent on fault
inception angle. This method was proposed for decreasing
training time and dimensions of ANN. Fundamental
components of pre-fault and post-fault positive sequence
components of current and voltage are have been used as a
input to the proposed system.
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In [12] authors assessed two methods for fault location,
one was depended on starting instants of voltage transient
originated by faults. The proposed method was processing
the voltage transient and based on the time stamp recognized
after processing it was recognizing the distance of the
occurrence of the fault. The second method was based on
analysis of travelling waves. Later in 2012 Ali, Bakar [13]
proposed a method for localizing high impedance fault based
on discrete Fourier transform. In this paper analysis of fault
location using the discrete wavelet transform based MultiResolution Analysis (MRA) and database approach was
proposed. The method was successfully identifying the faulty
section based on the voltage signal. In 2013 Samantaray,
S.R. [14] proposed a data mining model for fault zone
identification of flexible AC transmission system (FACTS)
based transmission system. The proposed method used
ensemble decision trees for fault zone identification. The
proposed method in this paper was compared with existing
machine learning techniques and found faster than them.
 Suggested Technique
The aforementioned work finds limitations since the
wavelet transform is highly prone to noise also, the
computational time of SVM is higher so by using efficient
decision tree techniques such as random forests by
considering input parameters like 3ϕ current, voltage, node
component life time etc. we can get more better results faster
than the above mentioned techniques.
3ϕ Current,
3ϕ voltage,
Component
life time

Decision tree
classifier
(RFs)

Fault zone
location

Fig. 3. Fault zone identification technique

D. Fault recovery Enabling Technologies
As the recovery of the PG faults is many times a manual
work, the automation of the recovery techniques is needed.
Xinyong Wang , Xianshan Li [15] proposed a scheme for
fault recovery of micro-grid. In this scheme for a longer rime
transient fault minimum number of switching operations and
restoring maximum load are taken as a target. For achieving
the target authors proposed a mathematical model. For
recovery they have proposed network reconstruction.
 Suggested Technique
As mentioned in the Table 1, to impart self-healing
capability, the method proposed in [15] can be enhanced by
adding node efficiency based network restructuring. For this
we suggest three types of failure dependency models such as
fault free dependency, failure dependent dependency and
recovery driven dependency. By using this technique if some
node is failing and if its loss in efficiency affects the
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neighboring nodes resulting in the probable cascading failure
then the isolation of that node after distributing the load to
other node will be done and accordingly alerts will be
generated.
E. Failure forecasting Enabling Technologies
To avoid blackouts resulted from the cascading power
failures it is very most essential to forecast the subsequent
failures effectively and prevent them. Cascading failures
have explicit stating points; they begin from one or several
simple faults which are the initial disturbances such as
malfunctioning of transmission line component or electric
wires. Yajun R. and Yuan G. [16] studied the general
evolution rule of cascading failures in power system. They
have proposed a method which can forecast the following-up
failures using the static power flow calculation.
In 2012 Wang Yi-miao; Li Hua-qiang ,[17] proposed a
cascading failure forecasting method based on running state
and structure. In this method the model of branch static
energy function is constructed through transmission line
power and node voltage, and then combined with electric
betweenness derived from a complex network. Chertkov et
al. [18] observed that the failures are caused by load
fluctuations at only a few buses. Their technique can help to
discover weak nodes which are saturated in terms of load at
the failure modes, and can also identify generators working
at the capacity and those under the capacity, thus providing
predictive capability for improving the reliability of any
power system. Vaiman et al. [19] utilized PMU data to
compute the region of stability existence and operational
margins. They put forwarded an automated process which
continuously monitors voltage constraints, thermal limits,
and steady-state stability simultaneously. This approach can
be used to improve the reliability of the transmission grid
and to prevent major blackouts.
 Suggested Technique
Based on the PMU data regarding demand and supply
and the data regarding installation date and life time of some
node component some mathematical models for the
calculation of failure possibility index could be generated
which will predict the failure in near future.
SUMMARY OF THE IMPROVEMENTS IN THE SYSTEM
By doing infrastructural changes such as digital and two
way communication infrastructure and by providing sensors
like PMUs the suggested changes will result in to effective
failure handling system. The suggested system will be
having featured benefits such as self-monitoring in the form
of dependency graph based failure identification technique,
self-healing in the form of failure dependency model based
fault recovery and adaptiveness in the form of network
restructuring.
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Transmission Line Using Support Vector Machine" IEEE Transaction
on Power Delivery, Vol. 22, NO. 1, January 2007, ISSN 0885-8977

TABLE 2: BENEFITS OF SUGGESTED SYSTEM OVER EXISTING SYSTEM
Area

Technique

Benefit

Fault
Identification

Dependency graph

Self-monitoring

Fault recovery

Failure dependency
model

Self-healing

Network restructuring

Adaptive and
islanding

IV. CONCLUSION
Due to the importance of Smart grids technology in India
this survey comprehensively explores the techniques which
will help to develop an automated system which will not
only be able to receive the rich data coming from the PMUs
but also be able to process it to avoid upcoming cascading
failures and blackouts.
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Abstract— In the recent years searching an information from
the web within time has more importance. The different users
has different search objectives when they submits query to the
search engine. There may be ambiguous query for different
users. There are mainly two aspects for improving search engine
relevance 1) identification of user search objectives and 2)
analysis of user search objectives. In this paper, we propose a
new method to identify user search objective by analysis process.
This process is operated on search engine query logs. First, we
propose a skeleton for discovering different user search objective
for a query by clustering the our proposed method of feedback
sessions. Feedback sessions are calculated by considering user
click-through logs. By using these user click-through logs the
information needs of users can be efficiently identified. Second,
we propose a new approach for generating pseudo-documents
for best representation of the feedback sessions for hierarchical
clustering. Hierarchical clustering gives the relationship between
all the keywords in the corresponding cluster. Finally, we
propose a new technique for actual evaluation of the
performance of identified user search objectives. For the better
effectiveness of our proposed methods results are presented
using user click-through logs.
Index Terms— Web mining, pseudo documents, information
retrieval, Web text analysis, Searching, Hierarchical clustering .

aspects for improving search engine relevance 1) inference
of user search objective and 2) analysis of user search
objective. Both aspects have some advantages summarized
as follows. First, we can restructure web search
results obtained [1], [11] according to user search
objectives. Restructuring can be done by grouping the
search results with the same search objective. By using
this, we can easily find out users with different search
objectives. And also we can find what exactly user want.
Second, We are representing user search objectives by
some keywords. These keywords can be utilized in query
recommendation [6], [12], [13].By using recommendation,
we find out the suggestions about queries which can help
users to form their queries more detail. Third, the search
objectives are distributed for the use of reranking of
documents. These advantages are categorized into three
classes: Query classification, restructuring of search results
and to detect limit of session. In the first class, users
attempt to infer user search objective and find out in
which class this query is included. Lee et al. [9] consider
user goals as “Navigational” and “Informational” .Then
they categorize queries into these two classes. Li et al.
[4] define query intents as “Product intent” and “Job
intent” .Then they classify
queries into these two
defined intents. But finding exact class is very difficult and
impractical. In the second class, users reorganize the search
results. Wang and Zhai [1] learn aspects of queries by
analyzing the clicked URLs which are directly taken from
user click-through logs for the organization of search
results. In this method number of different clicked URLs
of a query may be small. This is limitation of this method.
Other methods analyze the search results which are
returned by the search engine when a query is submitted
[11].Clicked as well as unclicked URLs are considered.
Therefore, this kind of methods cannot
identify user
search objective. In the third class, users are supposed to
detect session boundaries. Jones and Klinkner [5] predict
goal and mission boundaries to hierarchically segment
query logs.

I. INTRODUCTION
In web search applications, the WWW is a huge resource
for people. This resource uses search engines to search the
information. This web uses search engines to search
different kinds of information. For this purpose the queries
are submitted to search engine. Queries which are
submitted to search engines represent the needs of the
users. Sometimes queries may not exactly represent the
actual objective of user. As there are so many ambiguous
queries and different users may want to get information on
different aspects when they submit the same query. User
search objective is the information on different aspects of a
query that user groups want to obtain information need is
a user’s particular desire which is used to obtain
information to satisfy his/her need. There are mainly two
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However, their method only identifies whether a pair of
queries belong to the same goal or mission. It does not care
about what the goal is in detail. There are different kinds of
technique for improving the search results and finding the
exact users need. We first propose a approach to identify
user search objective for a query by clustering our
proposed feedback sessions. The feedback session is the
series of both clicked and unclicked URLs. For keeping the
feedback we have use Click through logs. In the existing
feedback system it contains limited number of URLs. In this
paper the number of URLs is increased in the Click through
log. For better understanding of user search objective, we
propose a optimization method. In this method, feedback
sessions are mapped to pseudo-documents. By this
mapping process one can efficiently reflect user
information needs. At last, we group these pseudo
documents to identify user search objective by using
Hierarchical clustering. By using Hierarchical clustering we
can find out the hierarchy among all the keywords. Finally
the evaluation of clustering is also an important problem.
To solve this problem we propose a evaluation criterion
classified average precision (CAP).CAP is used to evaluate
the performance of the restructured web search results.
For our proposed system has three major contributions as
follows:

but the organization of search results is critical. They
proposed learning interesting aspects of a topic from
web search logs and generation of cluster labels which
has specific meaning. All this implementation is
performed on search engine log data. U. Lee, Z. Liu, and
J. Cho [9] proposed Automatic identification of a user
goal for a Web query. Through a human subject study,
they showed that about 60% of the queries considered
have expected goals autonomous of users. This Study
more suggested that for the other 40% of the queries
with anticipated goals, a search engine may be able to
utilize simple procedures to identify and handle them
individually. Then they proposed two categories of
effective features in identifying the goal of a query: past
user-click behavior and anchor-link distribution. Their
evaluation showed that using a combination of the
proposed features can correctly identify the goals for
90% of the queries studied. Results showed that
features clearly outperformed the existing features. S.
Beitzel, E. Jensen, A. Chowdhury, and O. Frieder [7],
evaluated three differing approaches to topical web
query classification and found that training explicitly
from classified queries outperforms bridging document
taxonomy for training by as much as 48% in F1. They
also showed that pre-retrieval classification using only
the query string can provide surprisingly effective
results, enabling adjustments to the retrieval process to
.
We propose a framework to identify different user
improve effectiveness and efficiency. Fusion of multiple
search objectives for a query by clustering
approaches did not yield improved performance.
Hua-Jun Zeng, Zheng Chen, Qi-Cai He, Jinwen Ma[11],
feedback sessions.
We demonstrate that
renormalized the search result clustering problem as a
clustering feedback sessions is more efficient
supervised salient phrase ranking problem. Several
method than clustering search results or clicked
properties, as well as several regression models, are
URLs directly.
proposed to calculate salience score for salient phrase.
. We propose such feedback sessions which have
Experimental results generate correct clusters with
more number of URLs as compared to previous
short names (thus hopefully is more readable), thus
method. We propose a optimization method that
could improve users' browsing efficiency through search
maps feedback session to pseudo-document,
result. They further investigated several problems on
which can effectively reflect the information need
search result clustering. First, extract syntactic features
of a user. Thus, from this mapping we can easily
for keywords and phrases to assist the salient phrase
find out what the user search objectives are in
ranking. Second, current clustering is still a flat
detail. We propose a new method CAP to
clustering method. Hierarchical structure of search
evaluate the performance of user
search
results is necessary for more efficient browsing. Third,
objectives based on restructuring web search
some external taxonomies such as Web directories
results.
contains much knowledge which is familiar to Web
users, thus a combination of classification and clustering
II. RELATED WORK
might be helpful in this application. X. Li, Y.-Y Wang, and
A. Acero [4], presented a semi-supervised learning
H. Cao, D. Jiang, J. Pei, Q. He, Z. Liao, E. Chen, and H. Li
approach to query intent classification with the use of
[6],put forth a two step novel context-aware query
click graphs. The work differs from previous works on
suggestion approach . In the model-learning phase, to
query classification in that we aim at drastically
deal with data sparseness, summarization of queries
expanding the training data in an attempt to improve
into concepts is done by clustering a click-through
classification performance. This allows to use relatively
compound. Then, a concept series suffix tree is created
unbiased features, namely words/phrases in queries
from session data as the query suggestion model. At the
themselves, despite their sparseness. They achieved
time of online query suggestion step, a user's search
this goal by mining a large amount of click-through data,
framework is imprisoned by mapping the query
and inferring class memberships of unlabeled queries
sequence, suggested by the user to a series of concepts.
from those of labeled ones in a principled fashion.
Our approach, recommends queries to the user in a
Moreover, we used content-based classification to
context-aware mode. X. Wang and C.-X Zhai, [1]
regularize this learning process, and jointly performed
proposed that clustering of search results is a best way
graph-based learning and content-based learning in a
to organize search results. It allows to group similar
unified framework. R. Jones and K.L. Klinkner [5], shown
type of documents. Developing search results are easy
28
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web search features in combination can predict goal
and mission boundaries well..Classifiers achieve at least
89% accuracy in all four tasks, and over 91% in all but
one task, matching within the same goal. Additionally,
shown that the task of matching queries within the
same interleaved goal or mission is harder than
identifying boundaries. This may indicate that the best
approach to clustering queries within the same goal or
mission may build on first identifying the boundaries,
then matching subsequent queries to existing segments.
It may also be effective to use multi-task machine
learning to join the tasks of identifying mission and goal
boundaries to-gether. The utility of adopting a
hierarchical model for the grouping of user queries will
allow us to more easily model what type of task the
user may be doing when querying, e.g. is the user
performing a series of searches with information needs
which are the same, or are the information needs only
peripherally related? This may help to determine when
the user is performing a more complicated task, vs. a
simpler task. Including the interleaving in the model
allows more accurately measure the length of time or
number of queries a user needs to complete tasks. If
ignored the fact that a more involved task may be
interrupted with other needs for information, loses the
ability to model these more involved tasks. The work
sets the stage for evaluating search engines, not on a
per-query basis, but on the basis of user tasks.

B. Detail of System Model
Proposed framework consists of mainly two parts as follows
upper part: In the first step queries are submitted to the search
engine and all these queries are stored into Click through
logs. Feedback sessions of a query are first extracted from
user click-through logs. Then these feedback sessions are
mapped to the pseudo-documents. Pseudo-documents
consists of keywords which represent the users information
need. By using these pseudo-documents we can easily find
out the user search objectives inferred by clustering.
Initially we do not know the exact number of user search
objective so that several different values are tried. From
these values optimal value will be determined by the
feedback from the bottom part.
Bottom part: In this the original search results are
restructured based on the user search goals inferred from
the upper part. Finally Then, we evaluate the performance of
restructuring search results by our proposed evaluation
criterion CAP. And the evaluation result will be used as the
feedback to select the optimal number of user search goals in
the upper part.
In this paper focus is on the feedback sessions, pseudo
documents, hierarchical clustering. For identification of user
search objective following procedure we have to follow:
Procedure
1.Feedback Session:
When user submits the query to the search engine we do
not know about exactly need of user. So for the identification
of user search objective we are maintaining feedback session.
Feedback session is the series of queries and some clicked
search results. In the previous method it keeps the record of
limited URLs. But in the proposed method number of URLs
are increased. By using feedback session we can easily
identify user search objective. In this we are considering
feedback session for only single query. Therefore for the
single query feedback session is also single. The proposed
framework consists of feedback session with both clicked
and unclicked URLs and they ends with the last URL which
was clicked in single session. Before the last click all
previous URLs have been scanned and they are evaluated by
users. As shown in fig.2 feedback session consists of 0 which
indicates that corresponding URL is unclicked. In feedback
session only two URLs are shown. In that one URL is clicked
and one is unclicked. Clicked URL indicates what exactly
user need. Unclicked URL shows that user doesn’t want the
information related to this URL. Therefore, for identification
of user search objective it is best way to analyze the feedback
session then the analyzed search results or clicked URLs.
2.Mapping of feedback session to pseudo document:
There different methods for representation of feedback
session. One of the method is known as “Binary Vector
Method” to represent feedback session. When the query “the
sun” submitted to the search engine 0 represents unclicked
in the click sequence. For example, binary vector [0110001]
can be used to represent feedback session . In that 1
represents “clicked” and 0 represents “unclicked”. The binary
vector method has disadvantage that doesn’t give enough
information to identify user search objective.
New method is proposed for representation of feedback
session. In this method the feedback session is mapped to
pseudo documents. Pseudo documents consists of keyword to
determine whether document can satisfy their need. Hence
pseudo documents can be used to identify user search
Objective.

III. IMPLEMENTATION
A. Proposed Framework
Fig. 1 shows the framework of our approach. The proposed
system framework is an enhancement to techniques
introduced in [1].The main motive of proposed system is to
identify search objective and return search results within few
time. The main advantage of proposed system is it overcomes
all the disadvantages of previous method. In feedback session
it keeps more number of URLs as compared with previous
method. New framework makes use Feedback session and
Hierarchical clustering.
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Fig. 1. Proposed System Model (Framework).
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according to hierarchical clustering. We used hierarchical
clustering for searching topic-subtopic wise. From this
method user can easily find out his/her information need
within small time. We studied and implemented feedback
session and mapping of these feedback session to the pseudo
documents. Finally we also implemented performance
method to evaluate search results. This approach is used to
improve searching. The proposed system framework is useful
and feasible to be used with real world search systems. It will
help users to search information more precisely.

3. Algorithm for proposed framework:
Let X = {x1, x2, x3, ..., xn} be the set of data points.
1) Begin with the disjoint clustering having level L(0) = 0 and
sequence number m = 0.
2) Find the least distance pair of clusters in the current
clustering, say pair (r), (s), according to d[(r),(s)] = min
d[(i),(j)] where the minimum is over all pairs of clusters in
the current clustering.
3) Increment the sequence number: m = m +1.Merge clusters
(r) and (s) into a single cluster to form the next clustering m.
Set the level of this clustering to L(m) = d[(r),(s)].
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4) Update the distance matrix, D, by deleting the rows and
columns corresponding to clusters (r) and (s) and adding a
row and column corresponding to the newly formed cluster.
The distance between the new cluster, denoted (r,s) and old
cluster(k) is defined in this way: d[(k), (r,s)] = min (d[(k),(r)],
d[(k),(s)]).
5) If all the data points are in one cluster then stop, else repeat
from step 2).Divisive Hierarchical clustering - It is just the
reverse of Agglomerative Hierarchical approach.
4.Results:
User search objectives are classified according to their
interest in particular domain. So the scenario is shown in the
following figure.

Fig. 2. Proposed System Results

Advantages
1) No apriori information about the number of clusters
required.
2) Easy to implement and gives best result in some cases.
IV. CONCLUSION
In this paper we studied some problems associated with
feedback session record. Feedback session can record limited
number of URLs. So that user can analyze few URLs. In this
case we have increased the size of feedback session. So that
user can analyze more number of URLs. In pseudo
documents keywords are present which are clustered
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Abstract -Absence of satellite signals inside the
indoor spaces clearly indicated the need for indoor
technologies; hence Indoor Location devices came
into existence. The indoor location technologies are
built around the Global Positioning system (GPS)
technologies, with the main difference of their
utility in navigating indoor spaces, such as malls,
megastores, offices, airports, casinos, amongst
others. The Site-specific models have been
developed based on the number of floors, partitions
and concrete walls between the transmitter and
receiver, and provide simple prediction rules which
relate signal strength to the log of distance, as well
as for multiple floors. The standard deviation
between measured and predicted path loss is 5.8 dB
for the entire data set, and can be as small as 4 dB
for specific areas within a building. Average floor
attenuation factors (FAF), which describe the
additional path loss (in decibels) caused by floors
between transmitter and receiver are found for as
many as four floors in a typical office building.
Average floor attenuation factors are found to be
12.9 and 16.2 dB for one floor between the
transmitter and receiver in two different office
buildings.
Finding the Logical Distance Using Real Time
Process. Recently, there is an increasing interest in
W Fig. 1.1: Positioning Satellite in the orbit
positioning systems due to the cost and availability
of this technology. However, the main problem in
WIFI-based localization is the severe fluctuation of
received signal strength even for a static client. In
this paper, we consider the localization of a wireless
device using a dynamic neural network. Many types
of dynamic neural networks are simulated, and then
we will choose the one that gives best estimations
to do real experiments. The proposed approach
demonstrates significant improvements in the
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experiments. We describe the evolution of the WiFi localization technology with particular emphasis
on its recent application in smart devices.
Keywords -path loss, transmission loss location,
fingerprint based location, received signal strength.
INTRODUCTION
In the recent years, there has been a substantial
demand for indoor positioning and navigation
equipments in the marketplace across verticals. The
demand is surging in those
industries that were early Indoor Location adopters.
With potential opportunities in emerging verticals,
there is good investment being done in the Indoor
Location Research, Development and Innovation.
Absence of satellite signals inside the indoor spaces
clearly indicated the need for indoor
technologies. Hence Indoor Location devices came
into existence. The worldwide satellite network is
used to measure the distances to a great accuracy,
See Figure 2.Object locations can be computed to
within 1 to 5 meters with this system. But it
generally does not function when the receivers are
indoors GPS is an outdoor positioning system. It
receives signals from multiple satellites and
employs a triangulation process to determine
physical Locations. Sensitivity GPS

Fig. 1: The indoor localization system model.
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receivers can track people through a 3 layers of
brick wall. But the positioning accuracy is very low.
There are three types of wireless connectivity. Wire
replacement, adhoc and networks. Bluetooth
includes all three capabilities, while WLAN can be
configured in two ways, adhoc and infrastructure
mode. Started with cellular telephones, they

Fig. 2: Positioning Satellite in the orbit
indoor environment because of severe multipath,
low probability for availability of line-of-sight
(LOS) path, and specific site parameters such as
floor layout, moving objects, and numerous
reflecting surfaces. Except using traditional
triangulation, positioning algorithms using scene
analysis or proximity are developed to mitigate the
measurement errors.
The major position location technologies used in
recent years include:
1) Ultrasonic technology,
2) Infrared technology,
3) IEEE 802.11 technology,
4) Sensor technology and Wide-area cellularbased systems
5) Radio Frequency Identification (RFID)
technology.
II. EXISTING SYSTEM
Recently, there is an increasing interest in WIFI
positioning systems due to the cost and availability
of this technology. However, the main problem in
WIFI-based localization is the severe fluctuation of
received signal strength even for a static client. In
this paper, we consider the localization of a wireless
device using a WIFI network.The proposed
approach demonstrates significant improvements in
the experiments. Accurate indoor geo location is an
important and novel emerging technology for
commercial, public safety, and military applications.
In next generation technology, indoor location will
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measure the signal attenuation, angle of arrival,
time difference of arrival promising outdoors, not
that promising indoors because of multiple RF
signal reflections. Recently, there is increasing
interest in WIFI positioning systems due to the
cost and availability of this technology. Wide
applications of indoor localization such as locationbased services applications have been emerging
very fast which demands a closer attention to their
use. However, the main problem in WIFI-based
localization is the severe fluctuation of received
signal strength (RSS) even for a static client. It is
not easy to model the radio propagation in the
become prime important for emergency rescue ,
tour guides, in hospitals, public places, industries,
malls, for searching and tracking the objects and
personnel. Being a location aware, a system can
always do right thing at right time. As per the
situation, the system should do or act accordingly
The indoor location technologies are built around
the Global Positioning system (GPS) technologies,
with the main difference of their utility in
navigating indoor spaces, such as malls, megastores,
offices, airports, casinos, amongst others. The
methods and techniques used in the accurate
mapping and navigation require no complex
infrastructure, thus the implementation becomes
hassle free. Among many indoor location methods,
WLAN based indoor location technology has
become a good research and developing direction
for its wide coverage without additional facilities.
III. TECHNIQUES USED
A. Two Types of Techniques are used
1) One is based on mathematical modeling of
wireless channel.
2) Second is fingerprinting technique.
In Mathematical Modelling received signal
strength indication received signal strength
indication (rssi) is a measurement of the power
level received by sensor. Because radio waves
propagate according to the inverse-square law,

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

distance can be approximated based on the
relationship between transmitted and received
signal strength (the transmission strength is a
constant based on the equipment being used), as
long as no other errors contribute to faulty results.
The inside of buildings is not free space, so
accuracy is significantly impacted by reflection and
absorption from walls. Non-stationary objects such
as doors, furniture, and people can pose an even
greater problem, as they can affect the signal
strength in dynamic, unpredictable ways.
Received signal strength (RSS)
1. Angle of Arrival (AOA)
2. Time of Arrival (TOA)
3. Time difference of arrival (TDOA)
parameters is measured.
There are two ways to obtain RSS data.
1) Collect RSS at access point i.e. signal
transmitted from mobile host and collected at
access point.
2) Collect RSS at mobile host i.e. access point
will transmit and mobile host will receive.
The second method is used to collect RSS data
as input to location estimator. The drawback of
WLAN based location which uses RSS based
technique is the extensive calibration phase to build
signal fingerprint.
Recalibration is also needed if there is major
change in propagation environment. The received is
always changing and so there is a need for
recalibration. Such predictions are becoming very
useful to mobile operators in cities like Pune where
population is becoming dense and subscribers are
demanding that coverage be provided within
buildings.
B. Problem Statement
For the indoor positioning systems using RSS of
IEEE802.11b access point we need to the find the
nearest location using the fingerprint location
technique and calculate path loss for different
models. In this work, Wi-Fi represents the
infrastructure while Access point and networks
represent the technique and pattern matching
algorithm respectively. In this, we collect RSS at m
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known positions, from one Access Points (AP), and
each known position is represented by different
RSS samples (varying over time). Thus, we will get
a dynamic database represented by the RSS
(Dynamic data base describe the distribution of
received power over distance and time).
For any indoor positioning systems in Real
Time, three elements are needed and used in order
to design an operational system. In this work, Wi-Fi
represents the infrastructure while Access point and
networks represent the technique and pattern
matching algorithm respectively. In this, we collect
RSS at m known positions, from n Access Points
(AP), and each known position is represented by k
RSS samples (varying over time). Thus, we will get
a dynamic database represented by the matrix
n×m×kRSS (Dynamic data base describe the
distribution of received power over distance and
time).
C. Overview
Indoor positioning systems that make use of
received signal strength based location fingerprints
and existing wireless local area network
infrastructure have recently been the focus for
supporting location based services in indoor and
campus areas. A knowledge and understanding of
the properties of the location fingerprint can assist
in improving design of algorithms and deployment
of position location systems. However, most
existing research work ignores the radio signal
properties. This paper investigates the properties of
the received signal strength reported by IEEE
802.11b using KNN algorithms and used to locate
the position of the movable device .Analyses of the
data are performed to understand the underlying
features of location fingerprints. The performance
of an indoor positioning system in terms of its
rescission is compared using measured data and a
Gaussian model to see how closely a Gaussian
model may fit the measured data different
subcarrier. propagation prediction must make use of
site specific information.
Solving for distance between the receiver and
mobile device allows a circular area to be plotted
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around the location of the receiver, using the
distance d as the radius. The location of the mobile
device is believed to be somewhere on this circular
plot. As in other techniques, input from other
receivers in other cells (in this case, signal strength
information or RSSI) can be used to perform RSS
tri-lateration or RSS multi-lateration to further
refine location accuracy.
The signal strength information used to
determine position can be obtained from one of two
sources: •
The network infrastructure reporting the received
signal strength at which it receives mobile device
transmissions ("network-side")
The mobile device reporting the signal strength
at which it receives transmissions from the network
("client-side")
The purpose of obtaining the n value is to
represent the obstructions which exist in indoor
propagation environment scenario. By making use
of measurements in different buildings, indoor
propagation prediction has been previously
investigated [1,12,14]. This is empirical type
approach; uses free space model with attenuation
factor to account for wall and floor losses is best
fitted to actual measurement data. [2].In order to
characterize indoor radio propagation we have
carried out measurement within two different
buildings at 2.4 GHz.
Mathematical and measured data approach is
used. The Log Distance Path Loss Model is used as
the mathematical approach while the measured data
is also been used to observed the signal
propagation.
D. RSS Techniques of Positioning
RSS or signal attenuation based techniques
attempt to calculate the distance based on the signal
attenuation or path loss from AP to UE (User
Equipment). Theoretical and empirical models are
used to map degradation in signal strength along the
propagation path into distance. In [106], the mean
received power of the signal is measured for a
specific duration:
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(1)
The received power
is modeled using the
transmitted pulse shape
convolved with the
. Additionally a white
channel impulse response
Gaussian noise component
is taken into
account. Then the mean decay of the signal strength
is modelled using a path loss model such as:
(2)
where is the power at reference point, is the
distance away from the source, and S is a log
normal random variable with zero mean accounting
for the large scale fading. As can be noted, the
greatest virtue of the RSS technique is its simplicity
in theory and its implementation. But the RSS
technique suffers severe deviations from its mean
signal strength due to multi-path fading and
shadowing.
Similar to most signature-based systems, this
method produces better results compared to the
direct approach, and it uses RSS measurements
obtained from multiple APs to improve accuracy.
For a system with
APs the pre-calibrated
reference point entry on the radio map and
observed vector are respectively:
and
Pi =[P1,
P2…..Pm]
Then the Euclidean distance vector, which is to
be minimized in the closest neighbour algorithm
will be:
(3)
, Dk= Euclidean distance vector,
P is the path loss.
E. Location Fingerprinting
There are two phase in locating fingerprinting
based on positioning systems:
1).Calibration phase (also called offline phase)
2).Working phase (also called online phase).
In the calibration phase, a mobile device is used
to measure RSS values (in dBm) from several APs
at the chosen calibration points in the area of
interest. Each of the n measurements becomes a
part
of
the
radio
map
and
is
a
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tuple
,
the coordinates

where
are
Where, s denotes measured RSS values
of the ith location and denote vector in database. is called Manhattan
are the m RSS values from m distance if
and Euclidean distance if
APs at that location.
the accuracy does not necessarily higher as q
In location fingerprinting a location algorithm increases.
is jth sample value in i th base station,
compares an observed set of values with a known j is a measured value in i th base station,
set to determine location. Based on a database of
, m is number of base
pre-recorded measurements of Received Signal stations, n is number sample data. The distance
Strength Intensity (RSSI), sampled from different between
and
is defined as
locations within a building, position/location is
,
estimated by inspecting the RSSI values a mobile
device currently receives. Usually, an average of
(5)
several samples recorded per location is stored.
Electing K samples since the smallest value and
calculate average coordinates as outputs in equation
(6):
F. Indoor Propagation Modelling
(6)
LOS propagation is the mode of propagation
Where
is coordinated corresponding to ith
which is of interest in this paper.
Line of Sight Propagation: At frequencies higher sample.
This is empirical type approach, uses free space
than 30 MHz, LOS is the dominant propagation
model
with attenuation factor to account for wall
mode. The ionosphere reflects less of the signal as
the frequency is increased beyond 30 MHz A signal and floor losses, is best fitted to actual measurement
can thus be transmitted either to a satellite or to a data [2]. In order to characterize indoor radio
receiving antenna which is in the line of sight of the propagation we have carried out measurement
within two different buildings at 2.4 GHz.
transmitting antenna.
In a communication system, a received signal Mathematical and measured data approach is used.
The Log Distance Path Loss Model is used as the
will differ from the transmitted signal due to
various transmission impairments. The most mathematical approach while the measured data is
significant transmission impairments for LOS also been used to observed the signal propagation.
Both approaches are basically used for comparison
transmission are [2]
and for obtaining the path loss coefficient, n which
G. K Nearest Neighbourhood (KNN)
Nearest Neighbourhood (NN) is a relative basic is applicable for frequency at 2.4GHz. The purpose
algorithm for indoor location. It calculates the of obtaining the n value is to represent the
distance between RSS values and various vectors in obstructions which exist in indoor propagation
database, and then outputs the coordinates by environment scenario.The value n is obtained from
selecting vector corresponding minimum distance. the measured data (path loss) and the path loss
It selects K vectors (
) rather than selects one model itself (Log Distance Model) where the
vector corresponding minimum distance in database, calculation is done by manipulating the path loss
and then calculates average coordinates as outputs model equation and substituting the path loss into
the mathematical model. The steps that used to
of test points.
The generalized distance is defined as equation (4), obtain the n value shows how the approaches is
being used while to come out with new path loss
(4) coefficient n value at 2.4GHz frequency. Although
physical indoor propagation environments are
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complicated, a common and basic geometry
structures that will give different effects on
propagation can be classified as corridor, walls, and
floors and nearby buildings.
In this research, measurements are taken in two
different buildings at peak hour. We study path
losses due to these structures are investigated and
models for estimating propagation losses are
developed. Channel differs considerably from the
outdoor one.
The distance between transmitter and receiver is
shorter due to high attenuation caused by the
internal walls and furniture and often also because
of the lower transmitter power. The short distance
implies shorter delay of echoes and consequently a
lower delay spread. The temporal variations of the
channel are slower compared to the conditions
where the mobile antenna is mounted on a car. As is
the case in outdoor systems, there are several
important propagation parameters to be predicted.
The path loss and the statistical characteristics of
the received signal envelope are most important for
coverage planning applications. The wide-band and
time variation characteristics are essential for
evaluation of the system performance by using
either hardware or software simulation.
The considered propagation models are divided
into four groups: empirical narrow-band models,
empirical wide-band models, models for time
variations and deterministic models. Empirical
narrow-band models are expressed in a form of
simple mathematical equations which give the path
loss as the output. The equations are obtained by
fitting the model to measurement results. Empirical
wide-band models are expressed in a form of a table
listing average delay spread values and typical
power delay profile (PDP) shapes. Models for time
variations are used for example to estimate the
Doppler spectrum of the received signal.
Deterministic models are calculation methods
which physically simulate the propagation of radio
waves. These models yield both narrow-band and
wide-band information of the channel. All of the
presented models are based on propagation
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measurements.. Propagation measurements have
mostly been carried out at 1800 MHz which is most
appropriate considering the future indoor systems.
Scaling of results to other frequency bands will be
discussed.
H. Free Space Model
Free space path loss (PL) is the usual reference
point for some of the path loss models examined in
this document and is derived from the Friis power
transmission equation.
(7)
and for unity gain
(8)
(9)
And, using a close-in reference distance (e.g. lm)
at the transmit end, path loss formulas are derived,
leading to the following type of path loss estimates
(L in dB)
Where:
Operating frequency in MHz
= distance in km
Calculating for 5.8 GHz yields:
(10)
Path Loss Prediction Model
Log-Distance Model is given as
(11)
Where
Is path loss
= power loss (dB) at 1m distance (30 dB),
n is path loss coefficient, d is distance meter
between transmitter and receiver.
From the above equation, the value n is
computed as follows:
(11)
This is commonly used one slope log-distance
model.
The traditional attenuation factor is given by
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Where AF is attenuation factor due to walls,
partitions, glass doors etc

MOBILE
TRANS
RECEIVER

WI-FI
ROUTER

IV. EXPERIMENTAL SETUP
This section briefly describes the experimental
set up used for our propagation measurement. For
these Microsoft windows based LAPTOP with
WINDOWS 7 operating system was used. The
experiment was carried out in two dissimilar
college buildings. Both buildings are multistoried
and equipped with furniture like benches, wooden
and steel cupboards with other laboratory
instruments. Measurement test bed was selected on
second floor and first floor of two dissimilar
buildings. Measurements taken at peak hour hence
shadowing effect was there. D-Link Wireless
Router (Access Point) in room at 1 meter height
above ground.
Transmission frequency was 2.4 GHz with 100 mW
transmit power .Narrow band CW signal was used
for transmission. TOSHIBA make Laptop installed
with Netstumbler, Wirelessmon, and inSSider
software. Mobile host (Laptop) was moved to
different locations on the floor as well as on ground
, 3 rd and 4th floor. Care has been taken that Laptop
was all the time oriented towards Access Point (DLink Wireless). Even though three software’s were
installed, only one was used because all three gives
almost same results. which will lead us to focus on
path loss analysis and building penetration
attenuation. For the purpose of this work, we limit
ourselves in considerations of the radio signal
strength,
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HOST
PC
BASE
STATION

Fig:3 Measurement test bed
Bit error rate analysis is an entirely different scope
and shall be analyzed elsewhere since it beyond
scope of this paper. Our experiment proposes to
simply collect a number of data points and to
compare them with existing models.
A. Test Results
The site selected for experiment is a College
building where the transmitter is placed. The

transmitter is D- Link Wireless Router. The site
contains laboratories, staff rooms, HOD room and
Fig: 4 Mobile Transmitter and Host (Laptop) Set
Up
class rooms. The site is such that small scale
phenomenon is due to multipaths and reflection
mechanism, not due to shadowing and obstructions
and also in residential area.
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TABLE 1 MEASUREMENT SET UP
Measurement set up for test
Carrier frequency (GHz)

2.4

Band width (MHz)

100

Transmit power (dBm)

20
1.5

1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20

3.768
10.36
16.95
21.04
15.7
20.41
15.7
19.78
26.06
21.98
21.98
23.23
26.38
25.12
29.83
30.46
30.14
31.09
31.09
31.71

35
40
67
71
65
75
51
56
57
78
80
82
84
77
77
82
64
80
81
82

55
60
87
91
85
95
71
76
77
98
100
102
104
97
97
102
84
100
101
102

4.339
2.954
4.637
4.611
4.599
4.962
3.428
3.549
3.319
5.067
5.216
5.271
5.207
4.786
4.543
4.853
3.651
4.69
4.757
4.796

53.85
72.04
80.89
84.78
79.51
84.23
79.51
83.67
88.63
85.56
85.56
86.56
88.84
87.96
91.05
91.43
91.24
91.8
91.8
92.16

Error In
Dbm

Predicte
d PL In
Dbm

For two separate building data is averaged which
gives some indication of what path loss may be
expected for generic commercial building, which is
the estimate we are looking for in order to estimate
proper coverage in that area. As shown in fig. 4
transmitter is placed 1.5 meter above ground level
in the corridor of first building and in second
building transmitter is placed in proposed drawing
hall and receiver in our case Laptop was moved at
different places in both the buildings. Second
building is closed from all sides hence reception
may be via LOS( in some places), through walls
and multiple reflections.

TABLE 2
SAMPLE RESULTS OF THREE PROPAGATION
MODELS IN ENGINEERING BUILDING (FIRST
FLOOR)
Model 1

RX antenna height (m)

1.5

Strength In
Dbm
Dbm(Measure
d)

(m)

Location
T-R
Seperation In
Meters

TX antenna height

exist through windows and corridors to the
transmitter. The signal strength received on third
floor, fourth floor and fifth floor of second building
is significantly better than the first building because
of unique shape. In first building number of floors
between transmitter and receiver can be seen to be
severely influenced the path loss for a T-R
separation.

1.148
-12.04
6.11
6.225
5.487
10.77
-8.513
-7.669
-11.63
12.44
14.44
15.44
15.16
9.036
5.946
10.57
-7.242
8.205
9.205
9.845

model 1 ;
Thus the number of floors has an impact on n in the
path loss model and should be considered for
The signal gets reflected from one side of the
accurate path loss prediction. Second building on
building to other side. The central area of the
second floor is showing different results than first
building is open to sky. The measurement was
building due to having three meter wide passage.
taken at peak hour when around 400 students were
in the building. Then position of the base station
was changed to another location and measurements
were repeated as shown in table 2.We observe that
signal strength is significantly improved when LOS
Fig 5: Multipath in two buildings
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This data have been used to form contour of
locations of equal signal strength for given
transmitter location. In each figure transmitter
location is indicated by ‘T’. Curved solid lines
indicate locations of equal signal strength from the
transmitter in different steps.The amount of signal
strength is indicated at the end of each curve. The
curved solid lines indicates contours of -35 dBm , 40dBm, -50 dBm, -55 dBm, - 60dBm, -70 dBm, 80 dBm, -85 dBm signal strength available from
transmitter.

Fig: 5 Graph for the Path Loss and RSS
Thus number of floors has impact on parameter n
in the path loss model and for accurate path loss
prediction large data is required. In multi-floored
environment the path loss is predicted from mean
path loss exponent that is function of number of
floors between transmitter and receiver.
For floor attenuation factor (FAF) which is a
function of the number of floors and building type,
may be added to the mean path loss predicted by a
path loss model which uses the same floor path loss
exponent for the particular building type.
Measurements were taken at different location in
the building by keeping transmitter at fixed location
on the ground floor and first floor.

Fig: 6 First Building 2 nd Floor Test Bed and its
Contour
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B. Finding the Logical Distance Using Real Time
Process.
Recently, there is an increasing interest in WIFI
positioning systems due to the cost and availability
of this technology. However, the main problem in
WIFI-based localization is the severe fluctuation of
received signal strength even for a static client. In
this paper, we consider the localization of a wireless
device using a dynamic neural network. Many types
of dynamic neural networks are simulated, and then
we will choose the one that gives best estimations
to do real experiments. In telecommunication, freespace path loss (FSPL) is the loss in signal strength
of an electromagnetic wave that would result from a
line-of-sight path through free space (usually air),
with no obstacles nearby to cause reflection or
diffraction. It does not include factors such as the
gain of the antennas used at the transmitter and
receiver, nor any loss associated with hardware
imperfections.

Fig:7 Architecture Diagram
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C. Calculations
To calculate the distance you need signal
strength and frequency of the signal.
The formula used is:
Distance=10^((27.55-(20*log10(frequency))-Signal level)/20)

For d,f in meters and kilohertz, respectively, the
constant becomes -87.55 .
For d,f in meters and megahertz, respectively,
the constant becomes -27.55 .
For d,f in kilometres and megahertz,
respectively, the constant becomes 32.45 .
The FSPL expression above often leads to the
erroneous belief that free space attenuates an
electromagnetic wave according to its frequency.
This is not the case, as there is no physical
mechanism that could cause this.
The expression for FSPL actually encapsulates two
effects. Firstly, the spreading out of electromagnetic
energy in free space is determined by the inverse
square law, i.e

This formula is transformed form of This
formula is transformed form of Free Space Path
Loss(FSPL) formula. Here the distance is measured
in meters and the frequency - in megahertz. For
other measures you have to use different constant
(27.55). Formula. Here the distance is measured in
meters and the frequency in megahertz. For other
measures we have to use different constant (27.55).
Free-space path loss formula
Free-space path loss is proportional to the square of
the distance between the transmitter and receiver,
and also proportional to the square of the frequency where:
S is the power per unit area or power spatial density
of the radio signal.
(in watts per metre-squared) at distance d.
The equation for FSPL is
Pt is the total power transmitted (in watts).
FSPL
The second effect is that of the receiving
FSPL=(4πdf/λ)2
antenna's aperture, which describes how well an
where:
antenna can pick up power from an incoming
is the signal wavelength (in metres),
electromagnetic wave. For an isotropic antenna, this
is given by
f is the signal frequency (in hertz),
d is the distance from the transmitter (in metres),
c is the speed of light in a vacuum,
c=2.99792458 × 108 metres per second.
wherePr is the received power. Note that this is
This equation is only accurate in the far field
entirely dependent on wavelength, which is how the
where spherical spreading can be assumed; it does
frequency-dependent behaviour arises.
not hold close to the transmitter.
The total loss is given by the ratio
Free-space path loss in decibels
FSPL = Pt/Pr
A convenient way to express FSPL is in terms of
which can be found by combining the previous two
dB:
expressions.
The GUI is created to help the experiments in the
=20log
:
FSPL= 10log
visualization and for showing the estimated
=20log10(d)+20log10 (f)+20log10 (4π/c);
location. From this result, the simple but effective
FSPL =20log10 (d)+20log10 (f)-147.55;
system is really beneficial for the real application.
where the units are as before.
V. RESULTS AND DISCUSSION
For typical radio applications, it is common to
This presents an extensive set of measurements
find f measured in units of GHz and d in km, in
acquired in two buildings as a definitive example of
which case the FSPL equation becomes
commercial propagation topology for indoor. Path
FSPL (dB)=20log10(d)+20log10 (f) + 92.45
loss propagation models based on measured data at
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2.4 GHz using D-Link wireless access point have
been presented for two different buildings. The
models are based on
exponential path loss vs.
distance relationship. In free space path loss
exponent is close to 2. For environment with many
more obstructions between transmitter and receiver
the path loss exponent can be much higher.
Different models are proposed in the literature.
These models are suitable for particular type of
building. Particular model may not be suitable for
building under consideration. Three models are
compared for its performance for these two
buildings. Received signal strength contours plot
shows the difference between measured and
predicted signal strength for building given here
shows simple path loss model that use site specific
information. Experiment is carried out using
Laptop as a receiver and D- Link wireless router as
a transmitter. Before conduction of experiment we
were doubtful about accuracy. The results were
quite satisfactory. The insider software is used
which gives signal strength at particular location.
Our results are quite satisfactory and encouraging.
There is location where path loss is greater than 16
dB. The majority of locations are predicted to
within+6dB. The high error may be due to access
point and wireless device used in the Laptop. The
model 3 seems to be accurate and useful to
communication system designer. The studies
reported here is useful in modeling a first-order
prediction of distance.
VI. CONCLUSIONS
This paper shows the comparison of finding the
location of a movable device in offline and
online.The main goal of this work was to develop
an understanding of the indoor propagation channel,
including received signal strength and level
distributions of a collection of received signals. To
accomplish this, a set of algorithms suitable for
processing signals incident on the movable device
was developed. These techniques were applied to
the measured propagation data.
Implementation of Chan- Ho algorithm for
indoor location detection.
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Implementation of Taylor series algorithm for
user location detection.
Deployment of RSSI / fingerprinting based
indoor location detection system.
Implementation of performance of WLAN
system using real timer, which is very important for
system designer for indoor situations.
Future work
Another extension of this work can be the
utilization of different signal formats in order to
improve the performance. Studying and developing
the DME (distance measurement error) models for
different type of environments can also be another
dimension of research. On the other hand better
detection algorithms that decrease the overall DME
can be used. Tracking and positioning multiple
objects is another extension of this work that needs
to be investigated. The development of algorithms
using non-direct path to estimate the distance and
position in absence of the direct path can be another
future research aspect. Three dimensional
positioning can also be investigated in order to
extend our positioning algorithms. Algorithms that
reduce errors adaptively by dynamic tracking
application need to be developed

Fig:8 Future Applications
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Abstract— Notice Board is primary thing in any institution or
public utility places like bus stations, railway stations, colleges,
malls, etc. But sticking various notices day to day is a difficult
process. A separate person is required to take care of this notices
display. This project is about advanced wireless notice board.
The project is built around ARM controller raspberry-pi which
is heart of the system. Display is obtained on LCD monitor. A wifi is using for Data transmission. At any time we can add or
remove or alter the text according to our requirement. At
transmitter wi-fi is using for sending a notices. At receiving end
wi-fi module is connected to raspberry pi. When an authorized
user sends a notice from his system, it is received by wi-fi
receiver. Wi-fi is a popular technology that allows an electronic
device to exchange data wirelessly over a computer network,
including high speed wireless connections. The data is received
from authenticated user. Then it sends to arm 11 that is
raspberry pi.

Index Terms— ARM 11, Wi-Fi, LCD Monitor

INTRODUCTION
In this world everyone needs a comfort living life. Man has
researched different technology for his sake of life. In
today’s world of connectedness, people are becoming
accustomed to easy access to information. Whether it’s
through the internet or television, people want to be
informed and up-to-date with the latest events happening
around the world [1]. Wired network connection such as
Ethernet has many limitations depending on the need and
type of connection. Now a day’s people prefer wireless
connection because they can interact with people easily and
it require less time. The main objective of this project is to
develop a wireless notice board that display message sent
from the user and to design a simple, easy to install ,user
friendly system, which can receive and display notice in a
particular manner with respect to date and time which will
help the user to easily keep the track of notice board every
day and each time he uses the system. We are using
Wireless technology because it goes where cable and fiber
can not go, it require less time for revenue, and provide
broadband access extention.
This paper is organized as follows: In first section
we discuss the literature survey of various systems. In the
next section we discuss the proposed system and then
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process flow and then application. In the last section we
draw a conclusion out of all the discussion followed by a
list of references.

Literature survey

Previously the notices were displayed on wooden boards by
sticking paper. Then wired data transmission was used but it is
very costly to connect the cables and the maintenance was
required for that, now a days we are going to use wireless
technologies like GSM ,Zigbee and wi-fi.
The system which uses GSM and zigbee are less
advantageous as compared to wi-fi because wi-fi having high
data transfer rate and it provide high security than others.
Notice Board is used in various institutes to display notices
and these boards are managed manually. It is a long process to
put up notices on the notice board. This wastes a lot of
resources like paper, printer ink, man power and also loss of
time. In this paper we have proposed a system which will
enable people to wirelessly transmit notices on notice board
using wi-fi. Here we have proposed a system by which only
authorized person can accesses the notice board. It require less
time due to fast data transmission through wi-fi. Less cost and
save the resources like paper. Table-I below summarizes [2]the
key differences between the three short range wireless
technologies. Wi-fi provides higher data rates for multimedia
access as compared to both zigbee and bluetooth which
provides lower data transfer rates. Zigbee and bluetooth are
intended for communication(about 10m), while wi-fi and
zigbee is designed for WLAN about 100m.
TABLE I .Comparison of bluetooth, zigbee and wi-fi
protocols
Standard

Bluetooth

Zigbee

Application
Focus

Cable
replacement

Monitoring
and control

2.4 GHz

868.915MHz;
2.4GHz

Wi-Fi
Web,
Email,
Video
2.4GHz;5G
Hz

1Mb/s

250Kb/s

54Mb/s

10m

10-100m

100m

1MHz

0.3/0.6MHz;

22MHz

Frequency
band
Max signal
rate
Nominal
Range
Channel
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bandwidth
Data
protection
Max
number of
cell nodes

2MHz
16-bit CRC

16-bit CRC

32-bit CRC

8

More than
65000

32

Microcontroller was used previously for controlling the
functions of the system. But in proposed system we are going
to use the ARM 11 which is more suitable and easy to handle
due to its advancements as compare to microcontroller.
In some system the different display were used like LED
and small LCD display.

SYSTEM OVERVIEW

In our work there are two sections one is transmitter and
other is receiver for displaying notices Using the Wi-Fi
technology.





o
o
o
o
o
o
o

and computers have a little coin battery –powered
‘Real Time Clock Module’, which keeps time even
when power is off or the battery is removed. To keep
cost low and small size RTC is not included with the
raspberry-pi. Instead the pi is intended to be
connected to the internet via wi-fi which updates the
time automatically from global NTP (Network Time
Protocol) servers.

LCD Monitor:

It is used to display the data of any form such as text,
images etc [3]. Wi-fi will check the authorization of
user and raspberry-pi will convert the message that
will be displayed on LCD format [4].

Raspberry-pi : It consist of:

4 GB SD card
3m Ethernet cable
1m HDMI cable
Wireless keyboard and touchpad media controller
Power supply with a micro USB adaptor (1A,5V)
TV or monitor with HDMI connector
Wi-fi USB dongle

C. First Time Setup
 Connect the Ethernet cable from the Ethernet





Fig 1.Block Diagram

A. Transmitter: Authorized PC are used as a transmitter.
B. Receiver: It consist of following units
 wi-fi module:



The MRF24WB0MA is low power, 2.4 GHz, IEEE
std.802.11 compliant, surface mount module. The
MRF24WB0MA module is approved for use with the
integrated PCB meander antenna. This is designed to
be used with Microchip’s TCP/IP software stack has
an integrated drive that implements the API that is
used in the modules for command and control, and
for management and data packet traffic.

Real Time Clock:

The raspberry-pi is designed to be an ultra low cost
computer, so a lot of things we are using to ON a
computer have been left out. For example, laptop
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connector of the raspberry-pi to router. Internet
connection should be working. We need to do this
only first time when setup raspberry-pi, so that
program can update itself to the latest version.
Update are enabled by default and can be disabled
later when we want.
Connect the HDMI cable from the HDMI connector
on raspberry-pi to the HDMI connector on TV.
Plug the SD card into slot on the slot on the
underside of the raspberry-pi. SD card should pushed
all the way in so that it is making a good contact with
the connectors.
Plug the wireless adaptor from keyboard & touchpad
media controller into a USB port on raspberry-pi.
Finally, insert the micro USB power supply. This will
automatically boot the raspberry pi up . It shows
raspberry-pi logo after successful installation.
PROCESS FLOW

A. System setup:






Format SD memory card (preferable 4 GB)
The Raspberry pi will not start without a properly
formatted SD card, containing the boot-loader and
suitable operating system.
Insert the card before powering pi, and shutdown pi
before unplugging the card
Download a distribution (including Raspbian, Pidora
and two flavours of XBMC)
Download zip of any OS from above and extract it
into the memory card
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Insert SD card into memory slot of raspberry-pi

B. Starting of system:






Connect HDMI cord to your monitor and make sure SD
memory card is inserted into the slot properly and fully
Now plug the power cord and power on the board
There will be a welcome screen on monitor and system
should start booting process and will give the home
screen
A python application developed for full screen
notification should be executed after the booting process
is over
Also the wi-fi should be initialized.

C. System execution
 Once the system is power on and system is loaded we
need to display the notice message
 Notice messages can be stored on some Rich text/
Document file which can be read and displayed on screen
 Notice messages stored in a rich text/Document file will
be read by an application developed in python and
executed just after start of operating system.
 And keep on displaying notices unless stop by authorized
person or shut down of the system
D .Wi-fi connectivity
 To provide access to the authorized user we can provide
wi-fi connectivity
 For this purpose we need a wi-fi module/dongle.
 Driver software is also needed to be able to access the wifi module/dongle by system
 Once the driver software are installed we can create the
wi-fi network.
 This wi-fi network only access by authorized user
through password access restriction.
 Once logged in user and modify the notice board file and
update the notice displaying on screen
ADVANTAGES











In metropolitan cities for managing traffic
Advertisement: In shopping malls
Railway stations: Instead of only announcing the delay in
arrival of trains we can display the information
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It is a wireless system
Text can be entered from remote place
Data can be stored in the memory so it will not be
lost in power failure condition
A lot of interaction and information sharing occurs
printing and photocopying cost not require
save time, energy and resources
APPLICATIONS





In Educational institutions and organizations for
displaying the notices
In crime prevention: Display boards put up on the roads
will display tips on public security, accident prevention.
Information on criminals on the run
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Abstract— Ad-hoc parallel data processing has
emerged to be one of the killer applications for
Infrastructure-as-a-Service (IaaS) cloud. Number of
Cloud provider companies has started to include
frameworks for parallel data processing in their
product which making it easy for customers to access
these services and to deploy their programs. The
processing frameworks which are currently used have
been designed for static and homogeneous cluster
setups. So the allocated resources may be inadequate
for large parts of the submitted tasks and
unnecessarily increase processing cost and time.
Again due to opaque nature of cloud, static allocation
of resources will be possible, but won’t help in
dynamic situations.
We proposed a new Generic Framework
which dynamically allocate resources to the data
processing Framework. The objective of our proposed
approach is to reduce the execution time, migration
time for resources and network latency.
Index Terms— Cloud Computing, Dynamic Resource
Allocation,
Resource
Management,
Resource
Scheduling.

I. INTRODUCTION

Cloud Computing is an essential
ingredient of modern computing systems.
Computing concepts, technology and architectures
have been developed and consolidated in the last
decades; many aspects are subject to technological
evolution and revolution. Cloud Computing is an
computing technology that is rapidly consolidating
itself as the next step in the development and
deployment of increasing number of distributed
application.
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Cloud computing is nothing but a specific
style of computing where everything from
computing power to infrastructure, business apps
are provided as a service. It’s a computing service
rather than a product. In cloud, shared resources,
software and information is provided as s metered
service over the network. When the end user
accesses some service is cloud, he is not aware of
where that service is coming from or what is
platform being used or where it is being stored.
Currently a number of companies have to
handle large amounts of data in a cost-efficient
manner. These companies are operators of Internet
search engines, like Yahoo, Google or Microsoft.
The huge amount of data or datasets they have to
process every day has made traditional database
solutions prohibitively expensive. So these
numbers of growing companies have popularized
an architectural paradigm based on a huge number
of commodity servers. Problems like regenerating a
web index or processing crawled documents are
split into several independent subtasks, distributed
among the available nodes, and computed in
parallel.
The cloud computing paradigm makes the
resource as a single point of access to the number
of clients and is implemented as pay per use basis.
Though there are number of advantages of cloud
computing such as virtualized environment,
equipped with dynamic infrastructure, pay per
consume, totally free of software and hardware
installations, prescribed infrastructure and the
major concern is the order in which the requests are
satisfied which evolves the scheduling of the
resources. Allocation of resources has been made
efficiently that maximizes the system utilization
and overall performance. Cloud computing is
mainly sold on demand on the basis of time
constrains basically specified in hours or minutes.
So the scheduling has to be done in such a way that
the resource utilization has need done efficiently.
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Nephele is the first data processing
framework used for dynamic resource allocation
offered by todays Infrastructure-as-a-Service (IaaS)
clouds for both, task scheduling and task execution.
Some tasks of a particular processing job can be
assigned to different types of virtual machines
(VMs) which are automatically started and
terminated during the job execution [1].
We proposed a new Generic Framework
which dynamically allocates resources to the data
processing Framework. The objective of our
proposed approach is to reduce the execution time,
migration time for resources and network latency.
II.

RESOURCE ALLOCATION AND ITS
TYPES

Resource allocation is process of assigning
the available resources in an economic way and
efficient way. Resource allocation is the scheduling
of the available resources and available activities
required by those activities while taking into
consideration both the resource availability and the
project time.
o Static Resource Allocation
Static Resource Allocation is to
mapping the tasks with resources in an off-line
planning phase. Static Resource Allocation
techniques take a fixed set of applications, a
fixed set of machines, and a fixed set of
application and machines attributes as inputs
and generate a single, fixed mapping. Static
Resource Allocation is used to scheduling the
execution of a set of tasks for a future time
period.
o Dynamic Resource Allocation
Dynamic Resource Allocation is to
mapping the tasks with resources in execution
phase of program. The major drawback of
static Resource Allocation algorithms is that
they do not respond to fluctuations of the
work-load. Dynamic Resource Allocation
algorithms attempt to correct this draw back
but are more difficult to implement and may
introduce additional overhead. Dynamic
Resource allocation schemes are hard to
analyze.
III. RELATED WORK
Dynamic resource allocation is one of the
most challenging problems in the resource
scheduling problems. The dynamic resource
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allocation in cloud infrastructure has capture
attention of the number of research community in
the last decade. Many researchers around the world
have given number of solution for this challenging
problem i.e. dynamic resource allocation in cloud
infrastructure.
Now a day’s number of growing
companies has popularized an architectural
paradigm based on a huge number of commodity
servers. Problems like regenerating a web index or
processing crawled documents are split into several
independent subtasks, distributed among the
available nodes, and computed in parallel. Simplify
the development of such number of distributed
applications on top of these architectures; some of
the cloud provider companies have also built
customized data processing frameworks. Examples
are Googles MapReduce[7], Yahoo!s Map-ReduceMerge [6] or Microsofts Dryad [8]. They can be
classified by terms like or many-task computing
(MTC) or high throughput computing (HTC)
depending on the available amount of data and the
number of tasks of a number of jobs involved in
the computation [9]. These systems are not same in
design but their execution models share similar
objectives, fault tolerance, and execution
optimizations from the number of developer.
Software Developers can continue to write number
of sequential programs and processing framework
then distribute these programs among the available
resources and executes each instance of these
programs on the appropriate and available fragment
of data.
For companies that only have to process
huge amounts of datasets running their own data
center is obviously not an option every time but
now Cloud computing has emerged as a promising
approach to rent a large IT infrastructure on a
short-term pay-per-consume basis. Operators of socalled Infrastructure-as-a-Service (IaaS) clouds,
like Amazon EC2 [3], let their customers control,
allocate and access a set of virtual machines (VMs)
which run inside their data centers and only charge
them for the period of time the machines are
allocated dynamic. The VMs are typically
expressed in different types, each type with its own
characteristics such as amount of main memory,
number of CPU cores, etc.
VM abstraction of Infrastructure as a
Service (IaaS) clouds fits the architectural
paradigm assumed by the data processing
frameworks like Hadoop [10],a popular open
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source implementation of Google’s MapReduce
framework, already have begun to promote using
their frameworks in the cloud [11]. Amazon EC2
cloud has integrated Hadoop as one of its core
infrastructure services in its infrastructure [4].
However, instead of embracing its dynamic
resource allocation, now available data processing
frameworks can expect the cloud to use the static
nature of the cluster environments they were
originally designed for. E.g., at the moment the
number and types of VMs allocated at the starting
of a processing job cannot be changed in the time
of processing, although the job consists of might
have completely different demands on the
environment.
For on-demand resource provisioning
several approaches has been arose recently: Author
has presented an approach to handle peak-load
situations in BPEL workflows using Amazon
EC2[11] and Author has given a solution how to
provide a resource abstraction over grid computing
and cloud resources for scientific workflows[21].
Both approaches rather point at batch-driven
workflows than the pipelined, data-intensive
workflows which Nephele focuses on. The FOS
project [22] recently presented an operating system
for multicore and clouds which is also capable of
on-demand VM allocation.
Nephele is the first data processing
framework used for dynamic resource allocation
offered by todays Infrastructure-as-a-Service (IaaS)
clouds for both, task scheduling and task execution.
Some tasks of a particular processing job can be
assigned to different types of virtual machines
(VMs) which are automatically started and
terminated during the job execution [1].
IV. IMPLEMENTATION DETAILS

Proposed generic framework is a parallel and
distributed programming framework written in core
Java. Traditionally such frameworks are heavy as
well as complex in nature. We started with the
concept that, we wanted to have been a simple
model, very light weight and programmer intuitive.
We also wanted to make sure that we should have a
extremely scalable and very high performance
framework in place.
Features of Generic Framework

1.

48

Proposed Generic framework is very
simple to use, very simple to deploy (one

single jar file), and very simple to
understand.
2.

No
needs
to
understand
thread
programming to use this generic
framework. This framework provides
thread-less concurrency by way of codecontext-switching. Programmers only
write functions in Java.

3.

In one line Proposed Generic framework
is a set of functions calling each other
asynchronously and passing messages to
each other. Simply break the your
problem in a set of
functions
and
code it to the Framework’s specifications.

4. One process is one Java function in terms
of coding. Process of job is not interfere
with operating system process of any job.
They are
simply Java functions, but
since they act as a independent function
from each other we decided to call them
"processes".
5. Proposed Generic framework is based on
Actor Design Pattern. One of first “pure”
actor pattern frameworks in Java.
A.

BASIC BUILDING BLOCKS OF THE
SYSTEM

As you can see in the diagram you will find five
different components. Below listed component are
the basic building blocks of the system.
1. Client who want to consume the services
2. End Point Server + Request / Response Broker
3. Job Scheduler + Repository
4. Cloud Infrastructure
5. Services which are running on cloud server.
Below are the details of each building block of the
system.


Client:

Client job is sending the request to the application.
Client application consumes cloud services.


Services or Application:

These services or applications which need to
access by the client or client intension want to use
the services. In our case we will target the
application which will retrieve the data from
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database. This will be an J2EE based application
which will consume storage web services through
soap protocol. This J2EE application is hosted on
apache tomcat web server. All the web services
used custom SOA Server.

B.

DESIGN

Proposed system architecture follows a
classic master-worker pattern is illustrated in
following figure 2. The Job Manager receives the
client’s jobs, is responsible allocation them to
available task manager, and coordinates their
execution by communicating with task manager.
Job Manager (JM) is capable of communicating
with the interface the cloud operator provides to
control the instantiation of VMs i.e. Cloud
Controller. So both Job manager and Cloud
Controller is responsible for allocate or deallocate
VMs according to the current job execution phase.

Figure 1: Basic Building Blocks of the System



Cloud Infrastructure:

To install develop service we need to install a
cloud server. On cloud server we will install apache
tomcat server on which we are going to host the
application as well as services. In our project we
need to have min 6 cloud sever among them on 5
server we need to install service as well as
application.


Endpoint Service:

On These cloud server you will install a
common end point which will directly interact with
the client and responsible for the response for
request. The main job of the endpoint server to
communicate with the task scheduler and pass on
the request to the respective server.


Job Scheduler

The main job of the job scheduler is accepting
the request from the endpoint server and returns the
response with the cloud server location. The job
scheduler will talk with the cloud servers to take
required parameter as well as repository. Our job is
the develop the job scheduler which will effectively
use the underline hardware.
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Figure 2: Structural overview of Proposed Framework
running in an Infrastructure-as-a-Service (IaaS) cloud.

The actual execution of tasks is carried out
by a Task Manager. A Task Manager receives one
or more tasks from the JM at a time, process them,
and after that inform the JM about their completion
or possible errors. Whenever jobs are received by
JM then JM decides, depending on the particular

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

tasks, what type and how many of instances the job
should be executed on so according to that the
respective instances must be allocated/deallocated
to ensure a continuous but cost-efficient
processing.
Here a Sample Scenario has been shown
in figure 2 of how proposed generic framework
works in cloud environment. Processes are
Replicated and Deployed on three task managers
which are managed by a Job Manager. Thus,
whenever a request is received by a Cloud
controller it passes it to the job manager. The job
manager chooses the best available task manager
for processing the request. The request is either
processed entirely on a task manager or partially in
parts by different task manager and response is sent
back to the cloud controller.
C.

PREDICTING
NEEDS

FUTURE

RESOURCE

We are predicting the future resource
needs of Virtual Machines. Simplest solution
among all available solutions is to look inside a
Virtual Machine (VM) for application level
statistics, for example we can analyze logs of
number of pending requests which requires
modification of the VM that may not always be
possible. Thus by using the past external behaviors
of Virtual Machines we may consider prediction of
resources. Exponentially weighted moving average
is can be used to calculate the needs of resources
which may require in the future, which can be
express as follows.
El(t) = α * El( t – 1 ) + ( 1 – α ) * Ob(t), 0 ≤ α ≤ 1
Where El(t) is estimated load at time t and the
Ob(t) observed load at time t. α reflects a tradeoff
between stability and responsiveness. The
“median” error is can be calculated as:
|El(t) - Ob(t)| / Ob(t).
The “higher” and “lower” error percentages are the
percentages of predicted values that are higher or
lower than the observed values, respectively.
This formula does not capture the
suddenly rising trends of usage of resources. Let’s
consider an example, Consider a sequence of
Ob(t) = 10; 15; 20, and 25, it is reasonable to
predict the next value to be 30. Whenever value of
α is considered in between 0 and 1, the predicted
value is always between the observed one and the
historic value. To reflect the “acceleration,” we
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take an innovative approach by setting α to a
negative value. When -1 ≤ α < 0, the above formula
can be written into the following form:
El(t) = –| α | * El(t – 1) + (1 + |α| ) * Ob(t)
= Ob(t) + |α| * (Ob(t) – El( t – 1 ))
This prediction algorithm plays an important role in
improving the stability and performance of our
resource allocation decisions.
Skewness :

We introduce the concept of skewness to
quantify the unevenness in the utilization of
multiple resources on a server. Let n be the number
of resources we consider and be the utilization of
the ith resource. We define the resource skewness
of a server p as
Skewness(p) = √∑

̅

where r is the average utilization of all resources
for
server p. In practice, not all types of resources are
performance critical and hence we only need to
consider bottleneck resources in the above
calculation. By minimizing the skewness, we can
combine different types of workloads nicely and
improve the overall utilization of server resources.
Hot Spot and Cold Spot:

Future resource demands of VMs need to
predict periodically by executing algorithm
periodically. We define a server as a hot spot if the
utilization of any of its resources is above a hot
threshold then which indicates that the server is
overloaded with number of processes those running
on VMs and hence some VMs running on it should
be migrated away. We define the temperature of a
hot spot p as the square sum of its resource
utilization beyond the hot threshold:
Temperature (p) = ∑
Where R is the set of overloaded resources
in server p and is the hot threshold for resource r.
(Note that only overloaded resources are
considered in the calculation.) The temperature of a
hot spot reflects its degree of overload. If a server
is not a hot spot, its temperature is zero.
We define a server as a cold spot if the
utilizations of all its resources are below a cold
threshold then which indicates that the server is can
be in idle state and a potential candidate to turn off
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to save energy. However, we do so only when the
average resource utilization of all actively used
servers (i.e., APMs) in the system is below a green
computing threshold. A server is actively used if it
has at least one VM running. Finally, we define the
warm threshold to be a level of resource utilization
that is sufficiently high to justify having the server
running but not so high as to risk becoming a hot
spot in the face of temporary fluctuation of
application resource demands.
Different types of resources can have
different thresholds. For example, we can define
the hot thresholds for CPU and memory resources
to be 90 and 80 percent, respectively. Thus a server
is a hot spot if either its CPU usage is above 90
percent or its memory usage is above 80 percent.
Algorithm:
1] Start Client
2] Request Set = { R1, R2, R3,……..Ri }
3] Process Pi = { P1,P2,P3,………Pn }
4] VMi is Virtual Machine allocated for request Ri
5] VM(Pi) will serve Ri
6] Calculate hot and cold Spot for Ri
7[ Calculate Skewness of Ri for VMi
8] Generate report
9] Send Back Response
10] End
D.

GENERAL HARDWARE SETUP

All experiments will be conducted on
local IaaS cloud of commodity servers. Each server
is equipped with two Xeon 2 which having 66 GHz
CPUs (8 CPU cores) and a total main memory of
32 GB. All servers will be connected through
regular 1 GBit/s Ethernet links. The host operating
system will be Linux (kernel version 2.6.30) with
KVM [15] (version 88-r1) using virtio [23] to
provide virtual I/O access.
To manage the cloud and provision VMs
on request of Generic proposed framework, we set
up Eucalyptus [16] which is much similar to
Amazon EC2, Eucalyptus offers a predefined set of
instance types a user can choose from. During our
experiments we will consider two different instance
types: The first type of instance will be x1.small
which corresponds to an instance with one GB of
RAM, one CPU core, and a 128 GB disk. The
second type of instance will be y1.xlarge,
represents an instance which will having 18 GB
RAM, 8 CPU cores and a 512 GB disk. Amazon
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EC2 defines same like those comparable instance
types and offers them at a price of about 7.5 Rs, or
56 Rs per hour respectively.
V. CONCLUSION

We proposed a new Generic Framework,
the data processing framework to exploit the
dynamic resource provisioning offered by todays
IaaS clouds. We have described proposed
framework’s basic architecture. The performance
evaluation gives a first impression on how the
ability to assign specific virtual machine types to
specific tasks of a allocated job, as well as the
possibility to automatically allocate/deallocate
virtual machines in the course of a job execution
which may help to improve the overall resource
utilization and, consequently, reduce the processing
cost. In particular, we are interested in improving
Framework’s ability to adapt to resource overload
or underutilization during the job execution
automatically.
Proposed approach helps to reduce the
execution time, migration time for resources and
network latency than previously available
frameworks.
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Abstract- In Orthogonal frequency
division multiplexing, one of the
techniques to minimize the peak-toaverage power ratio (PAPR) is Iterative
clipping and filtering (ICF) [1]. Recently
modified algorithm called Adaptive ICF
(AICF) has been proposed to reduce inband distortion [4] which clips the
signal
with
adaptively
modified
threshold. This paper focuses on an
adaptive algorithm as it can achieve the
required
PAPR
reduction
with
minimum peak-re-growth and far less
iteration. In this paper the relationship
between the number of iteration and
resulting Error Vector Magnitude has
been observed. Simulation results show
that just after two iterations, the AICF
algorithm can achieve the desired Error
Vector Magnitude.
KeywordsOrthogonal
Frequency
Division Multiplexing (OFDM), Adaptive
Clipping and Filtering (AICF), Peak-toAverage Power Ratio (PAPR) and
Clipping Ratio (CR).
I. INTRODUCTION
Main principle of OFDM is to split the
data stream to be transmitted onto a high
number of narrowband orthogonal
subcarriers by means of an inverse fast
Fourier transform (IFFT) operation, which
allows for an increased symbol period.
High peak to-average power ratio (PAPR)
of OFDM is one of the major drawbacks

which make it sensitive to nonlinear
effects of power amplifiers. In particular,
in order to preserve a low PAPR,
bandwidth configurations with a low
number of subcarriers are preferable.
Many Researchers have suggested
techniques to reduce PAPR over the years.
In all these existing techniques, the
iterative clipping and filtering (ICF)
technique is the simplest one to approach a
specified PAPR threshold in the processed
OFDM symbols [1]. This scheme directly
clips OFDM signals to a predefined
threshold. A threshold value is set to limit
the peak envelope of the input signal in
this case [2].
Iterative clipping and filtering (ICF) is
usually needed to suppress the peak regrowth [11]. However, the convergence
rate of ICF becomes very slow after the
first several iterations, and the in-band
distortion cannot be eliminated at all when
using ICF. So, Adaptive Clipping and
Filtering technique is used to mitigate inband distortion. Since peak-re-growth is
reduced by modified clipping threshold,
the proposed scheme reduces the number
of iteration also. EVM performance has
been seen with number of iteration to
analysis in-band distortion.
The paper is organized as follows. Section
II gives basic introduction of PAPR and
CCDF, while Section III characterizes the
performance of clipping and filtering in
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terms of PAPR-reduction and distortion
generated due to clipping which is
eliminated by filtering. Section IV is about
Adaptive Clipping and Filtering and
Section V is EVM performance of AICF
which shows desired EVM .Section VI
concludes the paper.
II. PEAK-TO-AVERAGE POWER
RATIO (PAPR)
The PAPR is used to quantify the envelope
fluctuations of multicarrier signals. PAPR
can be defined as the ratio between the
maximum power and the average power of
the complex baseband signal Y(t) ,that is,
PAPR =

| ( )|

(1)

{| ( )| }

T is the interval over which the PAPR is
computed.
For any discrete time signal x(n), the
PAPR is defined as the ratio of the
maximum power to the average power
[16], i.e.,
PAPR =

{| ( )| }
{| ( )| }

[| ( )|] is the average power of the
signal Y(n).
complementary cumulative distribution
(CCDF) is the parameter to characterize
the peak power statistics of a digitally
modulated OFDM signal. The CCDF of
PAPR
gives information about the
percentage of OFDM signals that have
PAPR above a particular level. For better
approximation of the PAPR of a
continuous time OFDM signal, the discrete
time OFDM signal should be obtained by
L times oversampling. An oversampled
discrete time OFDM signal can be
obtained by performing L N point IFFT on
the data block with (L-1)N zero padding as
follows[4]:
For a system with N subcarriers, N data
symbols form an OFDM block Y =

[Y(0),...,Y(N− 1)]. The discrete-time
OFDM symbol Y (n) can be obtained by
( )=

∑

(2)

Where Yk represents the data symbol
carried by the kth subcarrier, and L is the
oversampling
factor.
Oversampling
operation is implemented by zero padding,
i.e., appending (L−1)N zeros to the end of
Y to yield [Y(0),Y(1),...,Y(N−1),0,0,...,0
(L−1)N]. For this case, the interval T in (1)
is [0, LN−1].
Assuming that the average power of Y(t)
is equal to one, that is, E{|Y(t)|2}=1, and
{Zn} are the Rayleigh random variables
normalized with average power, which
probability density function is written as:
ʄzn(z) =
= 2Z
,
Where, E{Zn }=2
=1.Note that the
maximum of Zn is equivalent to the crest
factor (CF) . Let Zmax denote the crest
factor. Now, the cumulative distribution
function (CDF) of Zmax is given as
ʄz max (z) = Pr(Zmax <Z0)
=∫ ʄz (z)dz
dz

= ∫ 2Z

= (1 −
)
(3)
Where N= 0, 1, 2, 3,….N-1. In order to
find the probability that the crest factor
(CF)
exceeds
z,
we
consider
complementary CDF (CCDF):
F zmax(Z) = P(Zmax > Z0)
= 1- P(Zmax < Z0)
=1 − (1 −
)
Sampled signal does not necessarily
contain the maximum point of the original
continuous-time signal. However, it is
difficult to derive the exact CDF for the
oversampled signals and therefore, the
following simplified CDF will be used:
= (1 −
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√

)

(4)
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Where α is determined by fitting the
theoretical CDF into the actual one .By
simulation results, α =2.8 is appropriate
for sufficiently large N.
III. CLIPPING AND FILTERING
TECHNIQUE
In the ICF method, Y(n) is clipped to a
predefined threshold by using a soft
limiter. The clipped signal y(n)is given by
| |≤
Y( ),
y( ) =
(5)
( )
| |>
,
Where, y( ) is the amplitude value after
clipping ( ) is the initial signal value.
is the threshold set by the user for clipping
the signal
Equation (5) can be applied to both
Baseband complex-valued signals and pass
band real-valued signals. Let us define the
clipping ratio (CR) as the clipping level
normalized by the RMS values of OFDM
signal, such that
CR =

(6)

Where, P
is the average power of the
signals before clipping. Another way to
defined clipping ratio is clipping ratio
(CR) as the clipping level normalized by
the RMS values of OFDM signal, such
that
CR =

(7)

CR of 0.9 means the clipping level is about
1dB lower than the rms level and a CR of
1.6 means the clipping level is about 4 dB
higher than the rms level. Amplitude
clipping leads to in-band distortion and out
of-band radiation.
In order to satisfy the spectral constraint, a
filter is required to eliminate the out-ofband radiation. Filtering is applied to the
baseband signals in the frequency domain,
and the filter design is based on a
rectangular window with frequency
response.
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Table: 1 Clipping and Filtering with
different clipping ratio
Descripti
on

Before
clipping

After
clippin
g

After
filterin
g

PAPR
(dB)

CR=0.8

0.1073

0.0704

0.1029

8.56

CR=1.0

0.1199

0.0880

0.1173

9.71

CR=1.2

0.1535

0.1057

0.1353

9.86

CR=1.4

0.1644

0.1233

0.1579

9.90

CR=1.6

0.1779

0.1409

0.1706

9.96

Fig.1 Clipping and filtering
From the figure 1 it can seen that PAPR of
OFDM signal decreases in significant
amount after clipping but increases a little
after filtering The table above showing
smaller the CR is, the greater the PAPR
reduction effect. Filtering is used to deal
with the out-of-band radiation. Filtering
can be implemented either in the
frequency-domain [9] or in the time
domain [10].
From ICAF some point can be concluded:
1) With Armstrong’s method, nothing
is done to control the in-band
EVM.
2) Although the effect of PAPR
reduction is gradually decreasing,
the ICAF technique needs the some
complexity and delay for each
iteration.
3) Maximum PAPR reductions occur
at the first iteration.
So Adaptive clipping and filtering is
applied to overcome these parameter.
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IV. ADAPTIVE CLIPPING AND
FILTERING TECHNIQUE (AICF)
In adaptive ICAF scheme, signal is clipped
with the adaptively modified CT to
mitigate the peak re- growth of the signal
in every clipping operation, the PAPR
reduction performance can be enhanced
with the same number of iterations [4].
That is the key point of the proposed
adaptive scheme.
CR =

=

(8)

Where
and
represent the
average amplitude and the maximum
amplitude, respectively. Given the fixed
value of CR, and the average amplitude
(
), the maximum amplitude (
),
is recalculated by using formula above.
Thus, the A is updated at every iteration
process. For example, when the signal
amplitude is clipped in the first iteration,
the average signal power for the next
iteration,
, is reduced. Then, given the
fixed CR and
,
is recalculated
for the second iteration. This induces a
high PAPR reduction performance. This
will be clearer by flow chart.
Flow chartRandom signals
Mapping
N.L point

IFFT

fc digital up conversion

C
L
I
P
P
F
I
L
T
E
R
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Calculate Aavg of signal

Fig:2 Analysis and Simulation of CCDF
of AICF with CR=1.4
Performance of AICAF technique is
analyzed through simulations. For
simulations Quadrature phase shift keying
(QPSK)-modulated OFDM with N=128
subcarrier, oversampling factor L=4.
Frequency domain filtering is used which
was proposed in [1] after Clipping.
V. ERROR VECTOR MAGNITUDE
(EVM)
In a communication system a figure of
merit, error vector magnitude (EVM) , can
be used to evaluate in-band distortions.
EVM usually evaluated the signal quality
of clipped signal.EVM is more useful than
BER when performing troubleshooting
and real-world RF design .EVM quantifies
the distortions as well as attributes the
source of distortion to phase noise, power
amplifier
nonlinearities,
modulator
imbalances and so on [7,14].EVM
thresholds are specified in many standards
for reliable transmissions. For the dB
scale, E[Z ] should not exceed −24.4dB for
16QAM or −18.4dB for QPSK..

Calculate Amax = Aavg.CR
Clip signal with Amax
N.L point

FFT

BPF
N.L point

IFFT

Calculate PAPR

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

E[EVM] for several OFDM symbols. An
approximation of the average EVM is
[ ] , where Z is given in (10). It is

Quadrature

Error signal
Dk
Recevied signal Yk

Refernce Signal Xk
Inphase

Fig:3 Vector representation of the
EVM .
EVM performed in OFDM systems to
calculate error values for various distortion
mechanisms. For any distortion, it has
expected to derive the concrete threshold
for the allowable distortion. From the
figure 3, EVM can be defined as ratio of
power of error vector to the rms power of
reference. The in-band distortion is
constrained in terms of the RMS EVM
constraint in communication standards
EVM =
=

∑ |
∑ |

−
|

|
(9)

Where, S max is maximum amplitude of the
constellation points which define Xk, Dk is
distortion due to clipping and N is the
number of points in measurement. Xk is a
random variable. Max value of Smax is
2 .
Z= ∑

|

|

(10)

According to (9), the EVM calculated is
only for one symbol period. EVM should
be calculated as the average EVM, i.e.,
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simple to derive
[ ] theoretically than
E[EVM][14].
During transmission, the OFDM signal Xn
may experience various distortions. The
specified EVM thresholds in which if the
dB scale is concerned, E[Z ] should not
exceed −18.4dB for QPSK.
Figure 4 shows result of EVM when CR=
1.4 or 3 dB. As shown in figure EVM is
gradually decreased as number of iteration
is increased. Most of the distortions occur
in the first iteration. If we are to select the
number of iteration to meet 802.16 EVM
requirements [4], we find that 2 nd iteration
for QPSK is necessary.

Fig.4 Theoretical EVM with number of
iteration
VI. CONCLUSION
In this paper, it has been observed that
PAPR of OFDM signal reduces after
clipping but increases a bit after filtering.
PAPR reduction effect is shown
significantly when CR is very small. AICF
method performance is better than simple
clipping and filtering as in-band distortion
is reduced in this method. This paper also
shows that Error performance of the
OFDM system subject to AICF is
minimal. EVM parameter signified the
amount of error. Desired EVM is obtained
after two iterations when it is plotted with
increased number of iteration.
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Abstract; Digital piracy is a major challenge
faced by content publishers and software
vendors today. This paper presents a Digital
Rights Management (DRM) framework to
secure digital content and software applications.
Digital Rights Management (DRM) aims at
protecting digital contents from being abused
through regulating their usage. Android is one of
the popular OSs and application platforms for
mobile devices. Unfortunately, to the best of our
knowledge, fewer of these DRM schemes are
concerned with the cost of the servers in a DRM
system when the number of users scales up, and
consider benefits of content providers who can
be seen as tenants of a content server added
services .. To accommodate value-added services
such
as
selling
wallpapers
,ringtones,
applications, and games on Android mobile
phone, it is essential to ensure copyright
protection on these products.
This paper studies how the Android
source code to implement the Open Mobile
Alliance (OMA) Digital Right Management
(DRM). This DRM systems can be used for any
content in a wide variety of environments,
services, and devices. In our project we would be
adding DRM based on cloud, thus each mobile
node would act as a DRM provider, and DRM
consumer. In addition, the cloud computing is
introduced in the scheme to provide more
efficient and higher quality services. Compared
with the conventional DRM system, this system
can solve the copyright issues . A new digital
copyright authentication system based on cloud

59

structure for
introduced.

android

mobile

phones

is

Index Terms-Component ;Android; Digital
rights management; open source; content
protection ;cloud; software security;
I. INTRODUCTION
The objective of the OMA DRM systems is
to provide standardized DRM solutions for content
services across mobile networks, but in a network
and content-agnostic manner. These DRM systems
can be used for any content in a wide variety of
environments, services, and devices. With the fast
development and growth in the mobile industry, the
acceptable amount of mobile applications and
services are offered, which engage Internet scale data
collections. Meanwhile, it has a remarkable impact on
digital content providers as well as the mobile
engineering that a huge number of digital content
have been pirated and unlawfully distributed.
Android is an open mobile phone platform to
accommodate value-added services such as selling
wallpapers, ringtones, applications, and games on
android mobile phones. It is essential to ensure
copyright protection on these products, which
studies how the Android source code to implement
the Open Mobile Alliance (OMA) Digital Right
Management (DRM), for software installation and
protection.
Digital content can be in the form of
documents, e-books, audio, video and games.
Digital rights management controls the access to
sensitive content by including information about the
user rights of the content in the form of a
authorization (license). Such rights include
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information on the duration of the file to be
accessed and permissions to read or print the
content. A user license to that effect is issued to the
client for consumption of the content.
II. BACKGROUND
In this digital era, information sharing and
unauthorized distribution of high value content has
grown multifold. The new wave of social
networking sites augmented by handheld gadgets
like smart mobile phones, have added to the
complexity. Content publishers and software
vendors find it increasingly difficult to protect their
work and copyrights. E-books and multimedia files
are freely distributed over internet and software
cracks are created to bypass vendor’s restrictions.
Software vendors are forced to adapt strong antipiracy enforcement strategies and technologies to
prevent such risks and check intellectual property
(IP) infringements
A survey on DRM technologies is presented
in [1]. Moreover, a range of DRM solutions are
available in the market such as Microsoft Active
Directory Rights Management Services (ADRMS)
[2], ADOBE Content server [3] and IBM’s Web
Guard [4] and DRM-JVM [5]. AD RMS primarily
protects Microsoft Office documents using DRM
licenses and certificates combined with encryption
techniques. The encrypted content is decrypted by
the end user and consumed. For consumption, the
end user should have connectivity to ADRMS
server to obtain a DRM license. Adobe’s Content
Server is designed to protect PDF documents and ebooks on a wide variety of platforms and handheld
devices. IBM’s Web Guard is primarily designed to
protect web content like html, image and audio
content. DRM-JVM is a DRM enabled Java virtual
machine. DRMJVM implementation is based on
two components: the DRM Security Manager and
the DRM Protocol Handler. These components
working together are responsible for enforcing the
rights acquired by the user. If the JVM refuses the
installation of the DRM Security Manager, access to
protected content is denied. Typically, DRM
solutions, with some exceptions such as DRM-
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JVM, do not offer any default protection to software
applications.
Fig 1. DRM Architecture
III. DOWNLOAD AND OMA DRM PROTECTION
On Android mobile mobile phones, the “Home”
is a desktop application where a user can click on an
icon to launch an application such as contacts,
dialer, camera, music, settings or browser.
Furthermore, the user can also click on an icon in
the status bar at the top of screen to read some
notifications, such as download completion, miss
call, text message arrival or Wi-Fi connection
activation.
Digital rights management (DRM), as a
collection of access control technologies can be
used by copyright holders, publishers and hardware
manufacturers to limit the usage of digital content
and devices. Digital content can be in the form of
documents, e-books, audio, video and games.
Digital rights management controls the access to
sensitive content by including information about the
user rights of the content in the form of a
authorization(license).
Such
rights
include
information on the duration of the file to be
accessed and permissions to read or print the
content. A user license to that effect is issued to the
client for consumption of the content.
On the other hand, software licensing solutions
are used
to control or dictate permissions related to software.
A software license may include a time limit for the
use of Software. Various control strategies are
instilled to hinder Unauthorized duplication and use
of software. One such approach is to provide a
hardware dongle for software interlock
A. Problem definition
 Digital Rights Management (DRM) is a
mechanism which protects digital content from
being abused through regulating its usage.
 In the framework of a DRM system, only an
certified user, who has
obtained a
authorization(license), can right of entry the
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digital contents according to the privileges
information defined in the license.
B. Objective
The objective of the OMA DRM systems is to
provide standardized DRM solutions for content
services across mobile networks, but in a network
and content-agnostic manner
IV. THE RELEVANT CONCEPT

Fig 2.Cloud Architecture

In the traditional DRM's authentication still is
C/S mode, media files. It uses digital media server to
provide media files have copyright encryption
processing and uses authentication server distributed
authorization
documents.
The
traditional
combination of DRM and P2P networks just used
P2P way to quickly distribute encrypted data and the
authentication phase is still C/S mode.
The cloud computing offers services,
computation, and storage from a isolated and
centralized facility or contractor [10]. In a cloud,
data can be easily and all over the place accessed.
One of the most essential characteristics of cloud
computing is its give as you go manner. It means
that users only need to rent corresponding services
provided by cloud computing and pay for the
actual utilization of services, rather than buy
software and physical hardware which users may
consider too expensive.

A cloud system is a system implementing
cloud computing. Without ambiguity, a cloud
system is abbreviated as a cloud in the rest of the
paper.
A
cloud
refers
to
not
only function services delivered in excess of the
Internet, but also the hardware and system software
in the system. As shown in Figure 1, the typical
structural design of a cloud consists of three layers.
The infrastructure layers take account of the
substantial infrastructure and the essential
infrastructure. The former is composed of tens of
thousands of commercial machines

Fig 3. Android front view
In the cloud, the infrastructure can also be
seen as a service provided to customers. Some
businesses are based on infrastructure services such
as Amazon. The DRM architecture supports
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protection of multiple content formats through
customization of content rendering software. The
supported types include the following:
 Text
 Image
 Audio
 Video
 Mobile applications and games
To solve the problem of unauthorized copying
and limiting the access to the rightful individuals,
the digital content will be initially encrypted by the
publisher, with a secret key. The publisher who
owns the distribution rights (or the content itself)
sets the user’s rights. These rights include
permissions such as print, view, execute, play and
constraints like time limit or number of views. The
encrypted content is distributed to users for
consumption
V. RESEARCH METHODOLOGY TO BE EMPLOYED
 How to protect the copyright of digital works
have become an important hot issue and difficult
problem in the field of the legal profession and
the IT industry in recent years. DRM (Digital
Rights Management, DRM) is a technique to
solve this problem, and has become the key
technologies to promote digital content released
on the Internet.
 Digital rights management is the primary means
of supervision and management in the Internet to
protect digital intellectual property.
 But the traditional digital rights management is
still based on C / S structure.
 In the interim, it has a incredible impact on
digital content contributors as well the mobile
industry that a great number of digital content
have been plagiarized and unlawfully distributed
 All existing DRM system based on C/S mode
architecture the encrypted resource only by the
C/S mode or P2P mode distribution.
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 In a cloud, the content server provides rich and
powerful services for handling contents.
 The virtualization technology used above the
infrastructure of the cloud guarantees the data
security, sharing, and isolation.
 This system combined the principle of the third
generation of network structure characteristics
with the P2P system, advanced a new digital
rights management system and described the
structure and working mechanism of the
system.[1]
VI. PROPOSED PLAN OF WORK
 We are mounting a prototype based on the
Android jellybeens4.0 source code and analyzed
the OMA DRM Forward-Lock protection for any
digital contents. eg: Image or audio files etc.
 In this project we would be integrating the
concept of user based DRM, Where a user would
login and add DRM to his/her content.
 When a few other user logs in and checks for
DRM checks, then the details of the user who
added the DRM would be displayed so that the
users can know which party added the DRM

Fig 4..Proposed Methodology
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Fig 5. Admin Login Page





Fig 6. File Upload Sequence

DRM consumer. This would be done using P2P
protocol.The huge capability of computation and
storage of the cloud environment makes the
cloud one of the best solutions for satisfying
performance requirements of the entire DRM
system, when the number of user visits grows
to infinity.
The above situations call for a new DRM scheme
which is low-cost, flexible, secure, efficient,
and practicable.
This system not only rapidly through the P2P
network to distribute resources, and certification
work completed by the cloud server, to ensure
the quality of network transmission.
This DRM system is designed to provide
copyright protection for all digital contents
available on internet.
In addition, the cloud computing is introduced in
the scheme to provide more efficient and higher
quality services.
CONCLUSION

In this paper, we presented a DRM framework to
protect digital content and software applications.
The framework can be extended to support multiple
content formats. We are developing a prototype
based on the Android jellybeens4.0 source code and
analyzed the OMA DRM Forward-Lock protection
for any digital contents.
In our project we would be adding DRM based
on cloud, thus each mobile node would act as a
DRM provider, and DRM consumer. In addition, the
cloud computing is introduced in the scheme to
provide more efficient and higher quality services.
The huge capability of computation and storage
of the cloud environment makes the cloud one of
the best solutions for satisfying performance
requirements of the entire DRM system, when the
number of user visits grows to infinity.
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Abstract: Ordinary images, as well as most
natural
and
manmade
signals,
are
compressible and can, therefore, be well
represented in a domain in which the signal is
sparse. Sparse signal representations have
found use in a large number of applications
including image compression. Inspired by
recent theoretical advances in sparse
representation, we propose an image
compression
using
wavelet,
sparse
representation and vector quantization.
Keyword: image compression, wavelet, sparse
representation, vector quantization.
I. Introduction
The image is actually a kind of redundant data. It is
a 2-D signal processed by the human visual system.
The uncompressed multimedia data requires
considerable amount of storage capacity and
transmission bandwidth. So, there comes a serious
issue of storing and transferring the huge volume of
data representing the images with increasing the use
of digital images. Image compression minimizes the
size in bytes of a graphics file without degrading
the quality of the image to an unacceptable level. It
reduces the time necessary for images to be sent
over the Internet or downloaded from web pages.
Hence, it provides a potential cost savings
associated with sending less data over switched
telephone network where cost of call is usually
based on its duration. It also reduces the probability
of transmission errors since fewer bits are
transferred and provides a level of security against
illicit monitoring.
The image compression techniques are broadly
classified into two categories namely lossless
compression technique and Lossy compression
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technique. There are two main common compressed
graphic image formats namely Joint Photographic
Experts Group (JPEG, usually pronounced as JAYpehg) [1] which is more often used for photographs
and Graphic Interchange Format (GIF) which is
commonly used for line art and other images in
which geometric shapes are relatively simple. There
are various image compression algorithms namely
JPEG: DCT-Based Image Coding Standard, VQ
Compression, Fractal Compression, and Waveletbased Compression. In DCT-based Image coding
standard,A discrete Cosine transform (DCT) [2, 3]
is applied to each block to convert the gray levels of
pixels in the spatial domain into coefficients in the
frequency domain. According to the quantization
table provided by the JPEG standard, the
coefficients are normalized by different scales.
Quantized coefficients rearranged in a zigzag scan
order are further compressed by an efficient lossless
coding strategy such as run length coding,
arithmetic coding, or Huffman coding. Decoding is
simply done inversely. So, it takes same time for
both encoding and decoding.
A DCT-based scheme uses the DCT information to
compute locations of significant noiseless
coefficients providing the improvement over the
standard JPEG coding proposed in [4]. The
information loss occurs in the process of coefficient
quantization. Major drawbacks of the block-based
DCT compression methods are that they may result
in visible artifacts at block boundaries due to coarse
quantization of the coefficients [5]. When image
files are converted to the JPEG format, significant
amounts of information about the image are lost. In
essence, JPEG images are having a lower quality
than other formats. JPEG does not handle line
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drawings well, nor does it support animation. JPEG
is not suited for images that will be radically
modified, since detail is lost each time the image is
saved. A problem for those who want to touch up or
alter images, JPEG does not support layers. JPEG
files cannot have transparent backgrounds, though
the background of the photo may be light in colour.
The JPEG format only uses 8-bits for colour data,
yielding 16.7 million colours. In contrast, many
modern digital cameras can capture colour using 10
and even 14 bits of data.
In VQ-compression algorithm, a vector quantize is
composed of two operations encoder and decoder.
The encoder takes an input vector and outputs the
index of the codeword which offers the lowest
distortion. By evaluating the Euclidean distance
between the input vector and each codeword in the
codebook, the lowest distortion is found. Once the
closest codeword is found, the index of that
codeword is sent through a channel which can be
computer storage, communications channel, and so
on. When the encoder receives the index of the
codeword, it replaces the index with the associated
codeword. However limitation is, traditional VQ
methods require huge computing time to
accomplish the encoding process. The drawback is
VQ approach is not appropriate for a low bit rate
compression although it is simple. Fractal image
coding is used for encoding/ decoding images. A
fractal compression algorithm first partitions an
image into non overlapping 8×8 blocks, called
range blocks and forms a domain pool containing
all of possibly overlapped 16×16 blocks, associated
with 8 isometries from reflections and rotations,
called domain blocks. The most attractive property
is the resolution-independent decoding property.
Two serious problems that occur in fractal encoding
are the computational demands and the existence
problem of best range-domain matches [6].
The advantages and disadvantages Of above
Compression Algorithms are as follows.
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TABLE I
Method

Advantage

Disadvantage

JPEG

Current
standard

Coefficient(DCT)
Quantization Bit
allocation
Slow codebook
generation small
bpp

VQ

Simple
decoder
No-coefficient
quantization
Good
mathematical
Encodingframe

Fractal

Slow encoding

Performance of coding algorithms on 256×256
images.
The decoded images of Lenna based on the three
approaches(B) JPEG (C) Vector Quantization (D) Fractal are
shown in Fig. 1.

(A)

(B)

Fig 1:(A)Original image Lenna (B) Decoding
image by DCT
(C) VQ [7]
(D) Fractal
The image compression algorithm we are using in
our paper is wavelet-based compression algorithm.
The reasons why we are selecting this algorithm out
of above algorithms are given below.
II . Wavelet Transform
Wavelets are a mathematical tool for hierarchically
decomposing functions [8]. Wavelets are functions
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defined over a finite interval and having an average
value of zero. These basis functions or baby
wavelets are obtained from a single prototype
wavelet called the mother wavelet, by dilations or
contractions (scaling) and translations (shifts). The
basic idea of the wavelet transform is to represent
any arbitrary function (t) as a superposition of a set
of such wavelets or basis functions. The Discrete
Wavelet Transform of a finite length signal x(n)
having N components, for example, is expressed by
an N x N matrix[3]. Wavelet transform can
decompose a signal into localized contributions
labelled by so-called dilation and translation
parameters. These parameters represent the
information of different frequency component
contained in the analyzed signals [9].
[A] Why Wavelet-based compression?
Wavelet coding schemes at higher compression
avoid blocking artifacts. Despite all the advantages
of JPEG compression schemes based on DCT
namely simplicity, satisfactory performance, and
availability of special purpose hardware for
implementation; these are not without their
shortcomings. Since the input image needs to be
``blocked,'' correlation across the block boundaries
is not eliminated. This results in noticeable and
annoying ``blocking artifacts'' particularly at low bit
rates as shown in Fig.2.

Fig 2: (a) Original image (b) Reconstructed image
with DCT component only, showing ‘blocking
artifacts’.
 One of the main advantages of wavelets is
that they offer a simultaneous localization in
time and frequency domain.
 They are better matched to the HVS
(Human Visual System) characteristics.
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Compression with wavelets is scalable as
the transform process can be applied to an
image as many times as wanted and hence
very high compression ratios can be
achieved.
 Wavelet compression is very efficient at low
bit rates.
 Wavelets
provide
an
efficient
decomposition of signals prior to
compression.Wavelet-based coding [10]
provides substantial improvements in
picture quality at higher compression ratios.
Wavelet transform divides the information of an
image into approximation and detail subsignals
shown in fig 3. The approximation subsignal shows
the general trend of pixel values and other three
detail subsignals show the vertical, horizontal and
diagonal details or changes in the images. If these
details are very small (threshold) then they can be
set to zero without significantly changing the
image. The greater the number of zeros the greater
the compression ratio. If the energy retained
(amount of information retained by an image after
compression and decompression) is 100% then the
compression is lossless as the image can be
reconstructed exactly shown in Fig 4.

Fig 3: (a) Original image (b) Wavelet transform
divides image into approximation and detail sub
signals showing three detail sub signals vertical,
horizontal, diagonal details or changes in image.
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Fig 4:(a) Original image(b) Decoding image of
Lenna using Wavelet Transform
[B]Reasons for selecting the wavelet compression
Technique for proposed work
In Table, the performance of Wavelet compression
technique is shown in which there is PSNR value
and CPU Time (Encoding and Decoding),
compression ratio is shown. In which we find that
on the basis of performance wavelet compression
technique is better than other image compression
algorithm. So, we select wavelet compression
technique for our proposed work.
TABLE II
PSNR Values in db
CPU Time
Compression Ratio

34.66
Encoding
0.35 sec
>>32

Decoding
0.27 sec

III. Sparse representation
Sparse representation theory has states that sparse
signals can be exactly reconstructed from a small
number of elementary signals. As compared to
direct time domain and transform domain signal
processing methods, sparse representation become
an invaluable tool. A natural signal is said to be
sparse signal if that can be compactly expressed as
a linear combination of a few small number of basis
vectors. A signal which has few non-zero entries
relative to its dimension called sparse signal. A
large number of real world signals are either sparse
in their original form or can be represented as a
sparse signal in a transform domain. Sparse signal
representations have found use in a large number of
applications like image compression and
restoration, echo cancellation, channel equalization,
source separation, and so on.Signal which is
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composed of spikes and low frequency components
may not exhibits an sparsity in time domain or
frequency domain. So, to improve sparsity of such
signals, One has to construct an large dictionary
matrix.It can be classified into overcomplete,
undercomplete and complete dictionary. Depending
upon coherent values, there are different
dictionaries like random Gaussian matrix, random
Bernoulli matrix, random DFT matrix and so on.
IV. Our proposed wavelet-based Image
compression Algorithm
The algorithm proposed in this paper first
decomposes the original image using 2-dimensional
discrete wavelet transform (2D-DWT) which
produces
multi-scale
image
decomposition
revealing data redundancy in several scales given in
fig 5. The purpose served by DWT is that it
produces a large number of values having zero, or
near zero, magnitudes. Therefore, with proper
thresholding, we can have a sparse representation of
the image with only a few non-zero values in the
threshold transform domain. In order to form sparse
vectors, we pick coefficients across various
resolution levels following the parent-childoffspring relationship mentioned in the SPIHT (Set
Partitioning in Hierarchical Trees) algorithm [11].
As a consequence of 2-dimensional DWT applied
to an image, four sub bands arise from every level
of the transform, one low-pass sub band containing
the coarse approximation of the source image called
the LL sub band, and three highpass sub bands that
exploit image details across different directions—
HL for horizontal, LH for vertical and HH for
diagonal details. In the next level of the transform,
we use the LL band for further decomposition and
replace it with the respective four sub bands.
Thus, the image is decomposed into different
resolution levels. In SPIHT, every coefficient in a
coarse resolution level, except those in the LL band
of the coarsest level and the ones in the finest level,
acts as parent to a block of 2 × 2 coefficients in the
next finer resolution. In our sparse vector formation
process, every parent in the coarsest level with its
entire offspring forms a vector. The coarsest LL

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

band coefficients are inserted in the first place of
the vectors formed by the corresponding LH band
parents. To maintain symmetry in the vector
dimension, zeros are inserted in the first place of the
vectors formed by the HL and HH band parents.
The process of vector formation using parentoffspring relationship for 3-level decomposition of
an image is depicted in Fig.6. Vector Quantization
(VQ) [12] is one of high performance and popular
methods for data compression. It has been widely
used to various applications, i.e., image
compression, watermarking, and image filtering etc.
The most important work is to design a versatile
codebook. Nasrabadi and King [13] give a good
review of VQ. With increase in the resolution level
the sparsity of the vectors increases but at the cost
of increased vector dimension.

Fig.6. Sparse vector formation by picking wavelet
coefficients in a quadtree fashion using parentoffspring relationship.
Summarizing, the main features of our proposed
image
compression algorithm are as follows.
• The image forms a sparse representation in the
wavelet
Domain. we use Haar wavelet here in this
paper[14].
• Sparse vectors are formed using the parent-child
relationship in quadtree fashion as used in SPIHT.
• Create dictionary matrix. With the help of VQencoding embed the dictionary into sparse matrix.
• Compute the compression ratio and time needed
for image compression using MATLAB software.
V. Result
In this paper, we calculate a processing time,
compression ratio and time needed for compression
for image of Lenna shown in Table III.

Fig. 5. Block diagram depicting our proposed
image compression scheme.
Fig 7: Lenna image
TABLE III
Processing Time

100 %

Time needed

47.04 s

Compression ratio
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65.63 %
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Abstract—In this paper a novel dynamic resource allocation
algorithm for OFDM based cognitive radio networks in the
presence of multiple primary users (PUs) and multiple secondary
users (SUs) is presented. The proposed algorithm aims to
maximize the sum data rate of a group of secondary users
(cognitive radio users) in presence of multiple primary users
under the constraints on total transmit power for SUs and a
maximum interference level which can be tolerated by each of
the PUs. The subcarrier, bit and power allocation is carried out
simultaneously resulting into performance gain close to optimal.
The proposed algorithm is also proportionally fair in the sense
that radio resources are allocated to various SUs as per their data
rate requirements. Through simulations we have studied how the
sum data rate of SUs is affected by changing the values of
different system parameters and number of PUs in the cognitive
radio network.
Index Terms—Cognitive radio, OFDM, resource allocation,
mapping.

I. INTRODUCTION
The electromagnetic radio spectrum is one of the most
precious and scarce natural radio resource. According to
Federal Communications Commission report most of the
portion of the licensed frequency bands is underutilized due to
various conventional regulatory policies [1]. Due to increase in
the wireless devices and technologies, the precious radio
spectrum is becoming more and more congested. This may
result in the high level of interference among the frequency
bands which are being operated adjacent to each other. If trend
continues, in the future all the remaining frequency bands will
be utilized and the devices need to face heavy interference thus
restricting the performance. Therefore efficient resource
allocation algorithms are required to dynamically allocate the
radio resources in order to utilize the radio spectrum
efficiently.
Cognitive radio (CR) is an efficient technology [2] [3] that
can be used to enhance the efficiency of radio spectrum
utilization by using dynamic spectrum access techniques.
A CR device is an intelligent device that is aware of its
surrounding and it allows opportunistic communication among
unlicensed or SUs over temporarily unused spectral bands that
are licensed to the PUs as long as interference to the PUs is
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kept below a preset threshold such as interference temperature
level [4]. Since the physical layer of a CR network should be
very flexible to meet the requirements of opportunistic access,
it necessitates multicarrier methods to operate in CR networks
[5]. Orthogonal Frequency Division Multiplexing (OFDM) is
an attractive air interface for CR networks due to its flexibility
in allocating radio resources among SUs [6].
The dynamic resource allocation problem for multiuser
OFDM system has been widely studied in the literature. In [7],
a multiuser OFDM subcarrier, bit and power allocation is given
to minimize the total transmit power assuming knowledge of
the instantaneous channel gain for all users. In CR technology
generally adjacent frequency bands will be used by the primary
and secondary users. Therefore, it will create the problem of
mutual interference between the primary and secondary users.
This mutual interference depends on transmitted power as well
as spectral distance among primary and secondary users. In
most of the existing resource allocation algorithms for OFDM,
this mutual interference is not considered. In [8] the mutual
interference between primary and secondary users is studied
and it is suggested that this interference can be mitigated by
windowing the OFDM signal in the time domain or by the
adaptive deactivation of adjacent subcarriers providing flexible
guard bands between licensed users and unlicensed users. In
[9], the resource allocation problem is studied considering
mutual interference, but it considers the presence of only one
PU and multiple SUs. The mutual interference phenomenon is
also discussed in [10], for allocating the radio resources in
OFDM based cognitive radio system but it mainly focuses on
presence of multiple PUs and single SU.
In this paper an effective novel dynamic resource allocation
algorithm for OFDM based CR networks is proposed
considering the mutual interference between multiple primary
and secondary users. The proposed algorithm allocates
simultaneously the subcarrier, bit and power to a group of SUs
in such a way that it maximizes the sum data rate of all SUs.
The algorithm also ensures the proportional fairness by
allocating the radio resources to SUs as per their data rate
requirements.
The remaining part of this paper is organized as follows. In
Section II, the system model is described along with
mathematical formulation of the optimization problem. In
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Section III, a novel resource allocation algorithm is proposed.
Section IV describes the simulation results of the proposed
algorithm. Finally the conclusion is drawn in section V.

Active Primary users’ frequency band

II. SYSTEM MODEL
We consider the resource allocation problem on the
downlink of an OFDM based CR network. The base station
(BS) serves S secondary users and P primary users. Assuming
that PUs are not active all the times at all locations in their
licensed frequency bands, there may exist some spectrum holes
(as shown in Fig. 1), which could be used by unlicensed or
secondary users, also called as cognitive radio users. Therefore
in a given spectrum, some of the frequency bands are used by
PUs and the adjacent spectrum holes can be utilized by SUs
simultaneously. Wp is the bandwidth of each of the active PU
and Ws is bandwidth of each of the subcarrier that is occupying
the spectrum holes. These subcarriers are used for transmission
to multiple SUs using OFDM. The power spectral density
(PSD) of the kth subcarrier is given as

⎛ sin π fTs ⎞
φk ( f ) = PkTs ⎜
⎟
⎝ π fTs ⎠

d k , p +W p /2

d k , p −W p /2

2

sk , p φk ( f )df = Pk IFk , p

Fs ,k , p = ∫

d k , p −Ws /2

(2)

2

ts , k φRR (e jω )dω

Fig. 1. Active primary users’ frequency band each with bandwidth Wp and
secondary user sub-bands each with bandwidth Ws.

Our objective is to maximize the sum data rate of all SUs
subject to the constraints of interference thresholds to PUs,
total transmit power and proportional fairness. The
optimization problem can be formulated as
S

(5)

s =1 k =1

Subject to

cs ,k ∈ {0,1} , ∀s, k

(3)

S

∑c

(6)

≤ 1, ∀k

(7)

Ps , k ≥ 0, ∀s, k

(8)

s,k

s =1

Let Ps,k is the transmit power allocated to kth subcarrier of
s SU. Following [11], maximum number of bits in a symbol
transmitted on kth subcarrier can be written as
2
⎢
⎛
⎞⎥
t s ,k Ps ,k
⎢
⎜
⎟⎥
= log 2 1 +
⎢
⎜ Γ ( NoWs + Fs ,k ) ⎟ ⎥
⎝
⎠⎦
⎣

K

max Ws ∑∑ cs ,k bs ,k

th

S

K

∑∑ c

s ,k

Ps ,k ≤ Ptotal

(9)

s ,k

Ps ,k IFk ≤ I th

(10)

s =1 k =1

(4)

⎢⎣.⎥⎦ denotes the floor function, N 0 is the one sided
noise PSD and Γ is the SNR gap parameter which we assumed

S

to be unity for convenience. The parameter Fs,k denotes the
aggregate interference power into kth subcarrier band when all
PUs are active and it is derived in the next section.

K

∑∑ c
s =1 k =1

where
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Spectrum hole

Wp

Ws

where ts,k is the gain of kth subcarrier from the BS to sth SU and
φRR is the PSD of PU signal.

bs ,k

Spectrum hole

(1)

where sk,p is the channel gain from the BS to the pth primary
user for the kth subcarrier, dk,p is the spectral distance between
center frequency of kth subcarrier band and the center
frequency of the pth primary user band. IFk,p denotes the
interference factor of the kth subcarrier for pth primary user.
The interference power introduced by the signal of pth PU
into the kth subcarrier band of sth secondary user can be written
as
d k , p +Ws /2

Spectrum hole

2

where Pk is the transmit power allocated to the kth subcarrier,
and Ts is the symbol duration. The interference power
introduced by the signal transmitted on kth subcarrier into pth
primary user’s band can be written as

Ik , p = ∫

Spectrum hole

where

Ptotal is the total power available for SUs. I th is the

maximum interference power that can be tolerated by each of
the PUs. cs,k is the subcarrier allocation indicator. If kth
subcarrier is allocated to sth secondary user, then cs,k=1
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otherwise cs,k= 0. Constraint in (7) implies that a subcarrier is
not shared amongst SUs i.e. a subcarrier can be allocated to at
most single user. Inequalities (9) and (10) represent the power
and interference constraints respectively.
III. PROPOSED RESOURCE ALLOCATION ALGORITHM

Fs ,k , p into Fs , k

Interference power, Fs,k,p, introduced by pth primary user’s
signal into the kth subcarrier band of sth SU is given in (3). This
Fs,k,p can be effectively mapped to an aggregate interference
power, Fs,k, by the following mathematical expression
P

Fs , k = ∑ Fs ,k , p

(11)

p =1

As discussed in the previous section, Fs,k, represents the
aggregate interference power to the kth subcarrier band of the sth
SU when all PUs are active. It provides an efficient way to
allocate the radio resources optimally in the OFDM based CR
network.
B. Mapping of

IFk = max ( IFk , p ), ∀p

allocated to sth SU is denoted by B s =

N OWs + Fs , k
t s ,k

2

b

2 s ,k

(13)

of sth SU is Rs
is RT =

ΔI s ,k = ΔPs ,k IFk

S

s ,k

. Thus data rate

∑R

s

≡ Ws Bs . The sum data rate of all SUs

.

s =1

The proposed dynamic resource allocation algorithm is
described in three parts as follows.
a) In the first part we are determining the interference
power, I0, introduced to the primary user’s band, when we
assign the subcarrier to the selected SU so that it minimizes the
incremental power needed for each bit loading. The algorithm
to compute I0 is given in Table I.
b) In the second part we are determining the total power,
P0, required for transmission to the SUs, when we assign a
subcarrier to the selected SU so that it minimizes the
incremental interference to primary users’ band for each bit
loading. The algorithm to compute P0 is given in Table II.
c) In the third part we have used I0 and P0 in order to
efficiently allocate the radio resources i.e. subcarrier, bit and
power. The corresponding algorithm is given in Table III.
Table I

1.

Algorithm to calculate I0
Initialization: P = 0, I0 = 0, Bs = 0 for all s = 1, 2,…, S
bs,k = 0 for all s = 1, 2, ….., S and k = 1, 2, …., K.
Ω = {1, 2, ......, S} ; Ω is set of all SUs.

2.

Calculate ΔPs , k for all s = 1, 2, ..., S and k = 1, 2, ..., K

3.

using (13).
While ( Ω ≠ φ )
Find user

s1 = arg min s Bs / Ds

Find subcarrier
If

k1 = arg min k ΔPs1 ,k

( P + ΔPs1 ,k1 ≤ Ptotal )

bs1 ,k1 = bs1 ,k1 + 1 , Bs1 = Bs1 + 1 , P = P + ΔPs1 ,k1
I 0 = I 0 + ΔPs1 ,k1 IFk1 ; Calculate updated ΔPs1 ,k1
using (13) and set

Also, from (2), (12) and (13) the incremental interference
power generated by such transmission to any of the PU can be
given as

K

∑b
k =1

(12)

where max (.) represents the maximum value of interference
factor of kth subcarrier for any of the primary users’ band. To
be conservative, we are taking IFk as the maximum value of
IFk,p , ∀ p.
Now, from (4), the incremental power required for
transmitting one bit to sth SU on kth subcarrier can be written as
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the total secondary users’ data rate that need to be fairly
allocated to sth SU. The total number of bits per symbol period

IFk , p into IFk

The interference factor of kth subcarrier for pth primary
user’s band can also be mapped to the interference factor of kth
subcarrier for any of the primary users’ band by following
mathematical expression

ΔPs ,k =

S

(NDR) for sth SU as Ds such that D /
∑ Di is the fraction of
s
i =1

The optimization problem in (5) is a complex integer
programming problem. The optimal solution for this problem is
computationally complex which may not be suitable for mobile
wireless communication system where the channel
characteristics changes rapidly. In section II, we have used
Fs,k,p to denote the interference power introduced by the pth PU
signal into the kth subcarrier band of sth SU and IFk,p to denote
the interference factor of the kth subcarrier for pth PU. In our
proposed algorithm, for computations, we are using the
parameters Fs,k and IFk instead of Fs,k,p and IFk,p respectively.
Therefore, we need to map the parameters Fs,k,p and IFk,p into
Fs,k and IFk respectively. The procedure for this mapping
operation is proposed and discussed in following subsections.
A. Mapping of

C. Proposed algorithm
In this subsection we describe our proposed resource
allocation algorithm. We denote the normalized data rate

ΔPs ,k1 = ∞, ∀s ≠ s1

Else

Ω = Ω − {s1}
Endwhile

(14)
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TABLE II

TABLE III

Algorithm to calculate P0
1. Initialization: P0 = 0, I = 0, Bs = 0 for all s = 1, 2, ..., S
bs,k = 0 for all s = 1, 2, ....., S and k = 1, 2, …., K.
Ω = {1, 2, ......, S} ; Ω is set of all SUs.

ΔI s ,k for all s = 1, 2, ..., S and k = 1, 2, ..., K

2.

Calculate

3.

using (14).
While ( Ω ≠ φ )
Find user

s1 = arg min s Bs / Ds

Find subcarrier
If

k2 = arg min k ΔI s1 , k

Algorithm to allocate radio resources
1.

Calculate

x = ( P0 − Ptotal ) / Ptotal

and

y = ( I 0 − I th ) / I th

2.

Initialization: P = 0, I = 0, Bs = 0 for all s = 1,2, …., S
bs,k = 0 for all s = 1,2, …., S and k = 1,2, …., K.
Ω = {1, 2, ......, S} ; Ω is set of all SUs.

3.

Calculate

4.

respectively for all s = 1,2, …, S and k = 1,2, …., K.
While ( Ω ≠ φ )

ΔPs , k and ΔI s ,k using (13) and (14)

s1 = arg min s Bs / Ds

( I + ΔI s1 ,k2 ≤ I th )

Find user

bs1 ,k2 = bs1 ,k2 + 1 , Bs1 = Bs1 + 1 , I = I + ΔI s1 ,k2 ,

Find subcarrier

k1 = arg min k ΔPs1 ,k

P0 = P0 + ΔI s1 ,k2 / IFk2 ;

Find subcarrier

k2 = arg min k ΔI s1 , k

Calculate updated

ΔI s1 ,k 2 using (14) and set

ΔI s ,k2 = ∞, ∀s ≠ s1

a = y (ΔP s1 ,k1 IFk1 − ΔI s1 , k2 ) / ΔI s1 , k2

and

b = x(ΔI s1 ,k2 / IFk2 − ΔP s1 ,k1 ) / ΔP s1 , k1

If a ≥ b, set k3 = k2 ; otherwise set k3 = k1

Else

Ω = Ω − {s1}

If ( P + ΔPs1 ,k3 ≤ Ptotal ) and (I + ΔI s1 ,k3 ≤ I th )

Endwhile

bs1 ,k3 = bs1 ,k3 + 1 , Bs1 = Bs1 + 1 , P = P + ΔPs1 ,k3

When no specifications are given for NDRs of SUs, the
proposed algorithm can still be used with slight changes in the
procedures mentioned in Tables I, II, III. In such cases
subcarriers are assigned to SUs based on the best user - best
subcarrier combination.
We have performed simulations to evaluate the
performance of our proposed algorithm. For the simulation
purpose, we consider an OFDM-based CR network with three
primary and four secondary users where all users are located
within 3x3 km area. Let the total bandwidth available for all
SUs is 5 MHz and it consists of total 16 subcarriers, each with
a bandwidth of Ws = 0.3125 MHz. Let the bandwidth of each
of the PU is Wp. For simplicity of the analysis, we have
considered Wp= Ws. Let symbol duration is Ts = 4 µs. Channel
gains sk,p and ts,k are assumed to be statistically independent,
Rayleigh distributed random variable with mean equal to 1.
The additive white Gaussian noise (AWGN) PSD, N0, is set to
10-8 W/Hz. The PSD of each of the primary user, φRR (e

I = I + ΔI s1 ,k3 and Calculate updated ΔPs1 ,k3 and
ΔI s1 ,k 3 using (13) and (14) respectively and set
ΔPs ,k3 = ∞, ΔI s ,k3 = ∞, ∀s ≠ s1
Else

IV. SIMULATION RESULTS

jω

) , is

assumed to be that of an elliptically filtered white noise
process. The results for sum data rate of all SUs, presented in
this section, are obtained by averaging 1,000 different channel
realizations.
Fig. 2 shows the sum data rate, RT, of all SUs as a function
of the maximum tolerable interference power level, Ith, of each
of three PU for different values of normalized data rate (NDR)
with Ptotal = 1 Watt and the transmit power, Pp, of each PU set
to 5 Watt. From the figure it is clear that the value of sum data
rate, RT, increase with Ith. This is because as the limit of
maximum tolerable interference threshold, Ith, of each of the
PU increases, the SUs can be allocated more power for their
data transmission and therefore, the sum data rate of all SUs
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Calculate

Ω = Ω − {s1}
Endwhile
would increase. The highest sum data rate is obtained when
there is no NDR requirement. This is due to the fact that when
there is no NDR requirement specified, our proposed algorithm
assigns the best subcarrier to the best user.
Fig. 3 shows the variation of sum data rate, RT, of the SUs
as a function of maximum tolerable interference power, Ith, of
each of the PU for different values of Ptotal. Considering the
transmit power of each PU, Pp = 5 Watt and identical
normalized data rate for each SU, this figure shows that RT
increases with Ptotal, as expected. It is also clear from this figure
that for low values of maximum tolerable interference power,
Ith, the curves for different Ptotal values tend to merge. This is
because the system becomes interference limited and the power
available for transmission to SUs is no longer a limiting factor.
It can also be seen from the curves in fig. 3 that RT gets
saturated as Ith increases beyond a certain point. This is due to
the fact that beyond certain Ith value system is no longer limited
by interference power that PUs can tolerate.
Fig. 4 shows the sum data rate, RT, of all SUs as a function
of the maximum tolerable interference power, Ith, of each of the
primary user for different values of the PU transmit power, Pp.
Here, we have considered identical NDR for all SUs and the
total power available for SUs, Ptotal = 1 Watt. It can be
observed from the figure that RT decreases on increasing Pp.

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014
8

9

7

8

7

R T (in M b p s )

R T (in M bp s)

6

5

No NDR

5

Pp=2W
Pp=4W

NDR=[1 1 1 1]
NDR=[1 2 4 8 ]

4

6

4

Pp=6W

NDR=[1 1 1 8 ]
3

2

3

0

0.002

0.004

0.006

0.008

0.01

2
0

0.012

0.002

0.004

I (in Watt)

0.006

0.008

0.01

0.012

I (in Watt)

th

th

Fig. 2. Sum data rate, RT, of secondary users versus maximum tolerable
interference power level, Ith, of each of the primary user with Ptotal = 1 Watt
and Pp = 5 Watt.

Fig. 4. Sum data rate, RT, of secondary users versus maximum tolerable
interference power, Ith, of each of the primary user with Ptotal = 1 Watt and
identical normalized data rate for secondary users.
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Fig. 3. Sum data rate, RT, of secondary users versus maximum tolerable
interference power, Ith, of each of the primary user with Pp = 5 Watt and
identical normalized data rate for secondary users.

It happens because of the fact that as PU transmission power
increases; the interference to SUs would also increase, thereby
decreasing the data rate of SUs.
Fig. 5 shows how sum data rate, RT, of the SUs varies by
increasing the number of PUs for different values of Ith. It can
be seen that the sum data rate, RT, of SUs decreases on
increasing the number of PUs in the cognitive radio network. It
happens because of the fact that the interference to each of SU
increases on increasing the number of PUs in the network,
thereby reducing sum data rate, RT, of all SUs. Also, as
expected, this figure shows that sum data rate of SUs improves
on increasing the value of maximum tolerable interference
power, Ith, of each of the PU.
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Fig. 5. Sum data rate, RT, of secondary users versus total number of primary
users in the CR network with Ptotal = 1 Watt and Pp = 5 Watt, considering
identical normalized data rate for secondary users.

V. CONCLUSIONS
In this paper, a novel dynamic resource allocation
algorithm for allocating the radio resources on the downlink of
an OFDM based CR network in presence of multiple primary
and secondary users has been proposed. The proposed
algorithm maximizes the sum data rate, RT, of a group of SUs
by efficiently utilizing the spectrum holes under given
constraints on the maximum tolerable interference power to
each of the PU and total power available at the BS for data
transmission to SUs. The algorithm is also proportionally fair
in the sense that it tries to allocate the radio resources to the
SUs according to their data rate requirements.
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Abstract--The thyroid is a small, butterfly-shaped gland located
in the front of the neck below the larynx, or voice box. The
thyroid gland makes two thyroid hormones, triiodothyronine
(T3) and thyroxine (T4), which circulate in the blood-stream and
act on virtually every tissue and cell in the body. Thyroid
detection test is usually done by invasive and non-invasive
methods. Invasive methods are traumatic methods and noninvasive methods like ultrasound and x-rays should not be used
many time. Thyroid function tests (TFTs) is a collective term for
blood tests used to check the function of the thyroid. This is
invasive method to detect thyroid gland disorder. TFTs may be
requested if a patient is thought to suffer from hyperthyroidism
or hypothyroidism. This paper discusses the various techniques
presently used to detect thyroid disorder. This paper also
discusses novel technique of thermal imaging to detect the
thyroid gland disorder. A short description about working
principal of thermal camera image processing technique of
thermographs is also presented. Thermal Imaging is a technology
that creates analyzes images by detecting the heat radiating from
an object. We have proposed a system to detect the thyroid gland
disorder using thermograph. A hyperactive thyroid gland is a
center of increased blood flow and chemical activity, so it is a
center of heat production that can be detected by thermal
sensing. Basically the emissivity of human skin is high therefore
the measurement of IR radiation emitted by skin can be directly
converted to temperature. Temperature can be sensed using
thermal camera FLIR-E30 with thermal sensitivity of 0.1°C with
temperature range -20°C to +120°C. The colored images of neck
of 20-30 thyroid patients and normal persons can be compared to
classify the thyroid disorder in hyperactive, hypoactive or normal
range.

Infrared Thermography in medicine is a non-invasive and
non ionizing method for understanding the internal system,
especially a cancerous tumor, as it relates temperature to
physiological parameters such as metabolic rate. Such an
imaging technique provides physiological information.
Thermography maps heat patterns which may indicate cancer,
infection, inflammation, surface lesion and more. Thus thermal
imaging is physiological test and sensitive to physiological
changes. Thermographic cameras detect radiation in infrared
range of the electromagnetic spectrum and produce images of
that radiation. Since infrared radiation is emitted by all objects
based on their temperatures, according to the black body
radiation law, Thermography makes it possible to see one’s
environment with temperature: therefore Thermography allow
one to see variation in temperature.
Principle of Thermography is “all objects above zero kelvin
emit infrared radiation. The Stefan-Boltzmann law gives the
relationship between the infrared energy and temperature.
Emissitivity of human skin is high (within 1% of that of black
body) therefore measurements of infrared radiation emitted by
skin can be directly converted to temperature. This process is
known as Infrared Thermography”.

Keywords—Thermography, thermal imaging, thyroid gland.

I. INTRODUCTION
Thermal imaging has been applied in many fields in
medicine, including wound care, sport medicine, forensic
medicine, anesthesiology, peripheral vascular diseases, cancer
diagnosis, and breast diseases. Thermal images or
Thermograms are visual displays of the amount of infrared
energy emitted, transmitted, and reflected by an object.
Emitted Energy is generally what is intended to be
measured. Transmitted Energy is the energy that passes
through the subject from a remote thermal source. Reflected
Energy is the amount of energy that reflects off the surface of
the object from a remote thermal source.
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Fig 1. Thyroid anatomy
Figure.1 shows thyroid anatomy. Infrared Thermography is
the art of transforming an infrared image into a radiometric
one, which allows temperature values to be read from the
image. So every pixel in the radiometric image is in fact a
temperature measurement. In order to do this, complex
algorithms are incorporated into the thermal imaging camera.
This makes the thermal imaging camera a perfect tool for
industrial applications also. With a thermal imaging camera
you can identify problems early, allowing them to be
documented and corrected before becoming more serious and
more costly to repair. A thermal imaging camera records the
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intensity of radiation in the infrared part of the electromagnetic
spectrum and converts it to a visible image.
II. DIFFERENT DISORDERS IN THYROID
A. Hyperthyroidism
Hyperthyroidism occurs when thyroid gland produce too
much amount of thyroid hormones. The most common
underlying cause of hyperthyroidism is Graves’s disease.
Symptoms: Palpitations, Heat intolerance, Nervousness,
Insomnia, Breathlessness, Increased bowel movements, Light
or absent menstrual periods, Fatigue, Fast heart rate, Trembling
hands, Weight loss, Muscle weakness, Warm moist skin, Hair
loss etc.
The mean skin temperature of hyperthyroidism is 36.63 ±
0.56 °C.
B. Hypothyroidism
Hypothyroidism occurs when thyroid gland does not
produce enough amounts of thyroid hormones, hypothyroidism
is a condition characterized by abnormally low thyroid
hormone production. There are many disorders that result in
hypothyroidism. These disorders may directly or indirectly
involve the thyroid gland. Because thyroid hormone affects
growth, development, and many cellular processes, inadequate
thyroid hormone has widespread consequences for the body.
Symptoms: Fatigue, Increased sensitivity to cold,
Constipation, Dry skin, Unexplained weight gain, Puffy face,
Hoarseness, Muscle weakness, Elevated blood cholesterol
level, Muscle aches, tenderness and stiffness, Pain, stiffness or
swelling in you joints, Heavier than normal or irregular
menstrual periods, Thinning hair, Slowed heart rate,
Depression, Impaired memory etc.
The mean skin temperature of Hypothyroidism is 34.93 ±
0.32 °C.
III. DIFFERENT TESTING METHODS
A. Blood Test
Blood testing is now commonly available to determine the
levels of thyroid hormones. The blood test can define whether
the thyroid gland’s hormone production is normal over active
or under active. Usually the first blood test performed is the
TSH test. TSH is the key hormone for diagnosing
hyperthyroidism and hypothyroidism. If results of the TSH test
are abnormal, one or more additional tests are needed to help
determine the cause of the problem.
1. TSH Test: This blood test is the most sensitive test of
thyroid function available. Thyroid-stimulating hormone
(TSH) is the key hormone for diagnosing hyperthyroidism and
hypothyroidism. The TSH test can detect TSH blood levels as
low as 0.01 (mIU/L). The normal range for TSH is between 0.3
and 4 mIU/L, although the range varies from one laboratory to
another. The TSH test is based on the way TSH and thyroid
hormones work together. Normally, the pituitary boosts TSH
production when thyroid hormone levels in the blood are low.
The thyroid responds by making more hormones. Then, when
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the body has enough thyroid hormone circulating in the blood,
TSH output drops. The cycle repeats continuously to maintain
a healthy level of thyroid hormone in the body. The TSH test
measures the amount of TSH being secreted by the pituitary. In
people whose thyroid produces too much thyroid hormone, the
pituitary shuts down TSH production, leading to low or even
undetectable TSH levels in the blood. An abnormally low TSH
level suggests hyperthyroidism. In people whose thyroid is not
functioning normally and produces too little thyroid hormone,
the thyroid cannot respond normally to TSH by producing
thyroid hormone.
As a result, the pituitary keeps making TSH, trying to get
the thyroid to respond. An abnormally high TSH level suggests
hypothyroidism. Occasionally, however, a low TSH level can
indicate a type of hypothyroidism called secondary
hypothyroidism. Instead of a problem with the thyroid gland,
this type of hypothyroidism is caused by an abnormality in the
pituitary that prevents it from making enough TSH to stimulate
thyroid hormone production. Very rarely, hyperthyroidism can
result from a problem with the pituitary rather than the thyroid.
Non-cancerous, or benign, pituitary tumors may overproduce
TSH and cause thyroid hormone levels to rise. However, such
tumors are extremely rare. The usual cause of a high TSH level
is an under-functioning thyroid gland or inadequate dosage of
thyroid hormone medication in patients taking replacement
hormone.
2. T4 Tests: T4 is the principal thyroid hormone and exists
in two formsT4 that is bound to proteins in the blood and kept
in reserve until the body needs it, and a small amount of
unbound or free T4 (FT4), which is the active form of the
hormone and is available to body tissues. The normal range for
total T4bound and free together is usually about 4.5 to 12.6
micrograms per deciliter (g/dL), although the range varies from
one laboratory to another. The normal FT4 range is about 0.7
to 1.8 nanograms per deciliter (ng/dL). Elevated total T4 or
FT4 suggests hyperthyroidism, and low total T4 or FT4
suggests hypothyroidism. Sometimes total T4 levels are
abnormal because the protein-bound T4 is abnormally high or
low due to elevated or low concentrations of the protein that
binds T4. Therefore, FT4 must be calculated separately.
Measuring FT4 directly requires complicated laboratory
procedures, so FT4 is usually estimated based on the ratio of
binding protein to total T4. Normal FT4 levels, when the total
T4 is high or low, indicate the issue is the binding protein, not
the thyroid. For example, pregnancy or the use of oral
contraceptives increases levels of binding protein in the blood.
In this case, the total T4 will be high due to the binding protein
but the person does not have hyperthyroidism. Severe illness or
the use of corticosteroids a class of medications that treat
asthma, arthritis, and skin conditions, among other health
problems can decrease binding protein levels. The total T4
measurement will be low as a consequence, but the person does
not have hypothyroidism. In either case having high binding
protein or having low binding protein the FT4 will be normal
and the person has normal thyroid function also called
euthyroid.
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3. T3 Test: Only about 20 percent of the T3 circulating in
the blood comes from the thyroid gland, while all of the
circulating T4 comes from the thyroid. The remaining 80
percent of circulating T3 comes from various cells all over the
body where T4 is converted to T3. T3 is far more active than
T4 and, like T4, exists in both bound and free states. In some
cases of hyperthyroidism, FT4 is normal but free T3 (FT3) is
elevated, so measuring both forms is useful if hyperthyroidism
is suspected. The normal FT3 range is about 0.2 to 0.5 ng/dL.
The T3 test is not useful in diagnosing hypothyroidism because
levels are not reduced until the hypothyroidism is severe.
B. Radio Active Iodine & Uptake (RAIU) Test
The thyroid uses iodine from food to make thyroid
hormone. The RAIU test measures the amount of iodine the
thyroid collects from the bloodstream. The test helps doctors
evaluate how the thyroid is functioning and determine the
cause of hyperthyroidism. The RAIU is not used to assess
hypothyroidism. For this test, the patient swallows a small
amount of radioactive iodine in liquid or capsule form. After 4
to 6 hours and again at 24 hours, the patient returns to the
testing center, where the doctor measures the amount of
radioactive iodine taken up by the thyroid. The measurement is
taken with a small device called a gamma probe, which
resembles a microphone. The gamma probe is positioned near
the patients neck over the thyroid gland. Measurement takes
only a few minutes and is painless.
In the diagnosis of hyperthyroidism, a high RAIU reading
usually indicates an overactive thyroid that produces too much
thyroid hormone, as seen in Graves disease or toxic nodular
goiter, an enlargement of the thyroid gland. A low RAIU
reading suggests the thyroid is not overactive. Thyroiditis may
cause leakage of thyroid hormone and iodine out of the thyroid
gland into the bloodstream, which can lead to high T4 levels.
Because the thyroid is inflamed, it does not take up the
radioactive iodine given as part of the RAIU test.
Hyperthyroidism seen in Graves’s disease would be marked by
high blood T4 and a high RAIU. In thyroiditis, temporary
hyperthyroidism may exist because of the release of T4 into the
blood, but the RAIU is low because of the inflammation.
Temporary hyperthyroidism in thyroiditis is often followed by
a period of hypothyroidism before the thyroid heals.
The radioactive compound used in the RAIU test is safe to
ingest in the small amount given. Pregnant and nursing women
should not undergo this test, however, because the radioactive
material can travel across the placenta to the baby’s
bloodstream or be transmitted to the baby via breast milk.
C. Biopsy
The actual diagnosis of thyroid cancer is made with a
biopsy, in which cells from the suspicious area are removed
and looked at under a microscope. However, this might not be
the first test done if person have a suspicious lump in his neck.
The doctor might order other tests first, such as blood tests, an
ultrasound exam, or a radioiodine scan to get a better sense of
whether person might have thyroid cancer. This type of biopsy
can usually be done in clinic. Before the biopsy, local
anesthesia (numbing medicine) may be injected into the skin
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over the nodule, but in most cases an anesthetic is not needed.
Doctor will place a thin, hollow needle directly into the nodule
to aspirate (take out) some cells and a few drops of fluid into a
syringe. The doctor usually repeats this 2 or 3 more times,
taking samples from several areas of the nodule. The biopsy
samples are then sent to a lab, where they are looked at under a
microscope to see if the cells look cancerous or benign.
If the diagnosis is not clear after an FNA biopsy, person
might need a more involved biopsy to get a better sample,
particularly if the doctor has reason to think the nodule may be
cancerous. This might include a core biopsy using a larger
needle, a surgical open biopsy to remove the nodule, or a
lobectomy (removal of half of the thyroid gland). Surgical
biopsies and lobectomies are done in an operating room while
person is under general anesthesia (in a deep sleep). A
lobectomy can also be the main treatment for some early
cancers, although for many cancers the thyroid will need to be
removed as well (during an operation called a completion
thyroidectomy).
D. Ultrasound
Ultrasound uses sound waves to create images of parts of
person’s body. For this test, a small instrument called a
transducer is placed on the skin in front of his thyroid gland. It
gives off sound waves and picks up the echoes as they bounce
off the thyroid. The echoes are converted by a computer into a
black and white image on a computer screen. The radiation will
not be exposed to the person during this test. This test can help
determine if a thyroid nodule is solid or filled with fluid. (Solid
nodules are more likely to be cancerous.) It can also be used to
check the number and size of thyroid nodules. How a nodule
looks on ultrasound can sometimes suggest if it is likely to be a
cancer, but ultrasound can’t tell for sure. For thyroid nodules
that are too small to feel, this test can be used to guide a biopsy
needle into the nodule to obtain a sample. Even when a nodule
is large enough to feel, most doctors prefer to use ultrasound to
guide the needle. Ultrasound can also help determine if any
nearby lymph nodes are enlarged because the thyroid cancer
has spread. Many thyroid specialists recommend ultrasound for
all patients with thyroid nodules large enough to be felt.
E. Computed Tomography (CT) Scan
The CT scan is an x-ray test that produces detailed crosssectional images of person’s body. It can help determine the
location and size of thyroid cancers and whether they have
spread to nearby areas, although ultrasound is usually the test
of choice. A CT-scan can also be used to look for spread into
distant organs such as the lungs. A CT-scanner has been
described as a large donut, with a narrow table in the middle
opening. Person will need to lie still on the table while the scan
is being done. CT scans take longer than regular x-rays, and
person might feel a bit confined by the ring while the pictures
are being taken.
Instead of taking one picture, like a regular x-ray, a CT
scanner takes many pictures as it rotates around person while
he lie on the table. A computer then combines these pictures
into images of slices of the part of person’s body being studied.
A CT scan creates more detailed images of the soft tissues in
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the body than a standard x-ray. Before the test, person may be
asked to drink a contrast solution or receive an IV
(intravenous) line through which a different contrast dye is
injected. This helps better outline structures in person’s body.
The injection may cause some flushing (a feeling of warmth,
especially in the face). Some people are allergic and get hives.
Rarely, more serious reactions like trouble breathing or low
blood pressure can occur. In some cases, a CT scan can be used
to guide a biopsy needle precisely into a suspected area of
cancer spread. For a CT-guided needle biopsy, person remains
on the CT scanning table, while the doctor advances a biopsy
needle through the skin and toward the mass. CT scans are
repeated until the doctor can see that the needle is within the
mass. A biopsy sample is then removed and looked at under a
microscope. One problem with using CT scans for
differentiated thyroid cancer is that the CT contrast dye
contains iodine, which interferes with radioiodine scans. For
this reason, many doctors prefer MRI scans instead of CT
scans
F. Magnetic Resonance Imaging (MRI) Scan
Like CT scans, MRI scans can be used to look for cancer in
the thyroid, or cancer that has spread to nearby or distant parts
of the body. But ultrasound is usually the first choice for
looking at the thyroid. MRI can provide very detailed images
of soft tissues such as the thyroid gland. MRI scans are also
very helpful in looking at the brain and spinal cord. MRI scans
use radio waves and strong magnets instead of x-rays. The
energy from the radio waves is absorbed and then released in a
pattern formed by the type of body tissue and by certain
diseases. A computer translates the pattern into a very detailed
image of parts of the body. A contrast material called
gadolinium is often injected into a vein before the scan to
better show details. MRI scans take longer than CT scans often
up to an hour. Person may have to lie inside a narrow tube,
which can upset people with a fear of enclosed spaces. Newer,
more open MRI machines can sometimes be used instead. The
machine also makes buzzing and clicking noises that person
may find disturbing. Some centers provide earplugs to block
this noise out.
G. Thermography
Thermography is best technique to detect thyroid gland
disease. Thermography is a technology that creates and
analyzes images by detecting the heat radiating from an object.
A hyperactive thyroid gland is a center of increased blood flow
and chemical activity, so it a center of heat production that can
be detected by thermal sensing[1]. Temperature can be sensed
using thermo camera. It is non-invasive, non-traumatic method
to detect thyroid disorder.
Infrared thermography is the art of transforming an infrared
image into a radiometric one, which allows temperature values
to be read from the image. So every pixel in the radiometric
image is in fact a temperature measurement. In order to do this,
complex algorithms are incorporated into the thermal imaging
camera. FLIR Systems offers a wide range of thermal imaging
cameras. In this topic thermo-camera FLIR E-30 is use to
detect thyroid gland disease. FLIR thermal imaging cameras
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are easy to use as a camcorder or a digital camera, give a full
image of the situation, identify and locate the problem,
measure temperatures, store information, tell exactly what
needs to be fixed, help to find faults before real problems
occur, save valuable time and money. There are other
technologies available to measure the temperatures in a noncontact mode. Infrared thermometers for example, Infrared
(IR) thermometers are reliable and very useful for single-spot
temperature readings. A FLIR thermal imaging camera will
give you a total view of the situation and instant diagnostic
insights.
IV. PRE-THERMOGRAPHIC IMAGING INSTRUCTION AND
CONDITIONS

Skin surface temperature is greatly affected by numerous
conditions. In order to reduce the error due to thermal artifacts,
the all images are taken using a recommended set of instruction
to ensure the usefulness and consistency of thermal images.
Prior to the thermo thyroid scan, certain protocol must be
followed in order to ensure that the images reflect accurate
information.
1. No prolong sun exposure (especially sunburn) to the
neck area 5 days prior to the scan.
2. On the day of the exam, use of lotion, cream. Powder,
or make up on the neck should be avoided, and there
should be use of deodorants or antiperspirants.
3. No treatment like physical therapy, massage,
electrical muscle stimulation, ultrasound, hot or cold
pack used of the neck for 24 hrs before the scan.
4. No exercise 6 hrs prior to the scan.
5. If bathing, it must be no closer than 4 hrs before the
scan.
6. Eat light that day and don’t drink coffee, green or
black tea prior to scan.
7. No smoking and drinking alcohol a minimum of 24
hrs prior to the scan.
A. Thermographic conditions
1. Thyroid Thermography is a 15 min non-invasive test
of physiology. It is a valuable procedure for alerting
the doctor to the changes that can indicate early stage
thyroid disorder.
2. The neck area is cooled with an air conditioner for
approximately 10-15 min during the image capturing
process.
3. The room temperature is adjusted approximately 22°C
and darkened during the test to minimize infrared
source interferences.
V. BLOCK DIAGRAM OF SYSTEM
Fig.2. shows the block diagram of the system. First we take
the colored images of neck of thyroid patients by using thermo
camera FLIR E-30 then filtering of that images by using
different types of filters like, Median filter, Gaussian filter,
Unsharp filter, Wiener filter, Adaptive wiener filter etc. Then
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enhance those images by using different enhancement
techniques like, Contrast-limited adaptive histogram
equalisation, Histogram equalisation, Decorrelation stretch etc.
Then segmentation of the images by using image segmentation
techniques, Point, Line and Edge detection, Thresholding,
Region based segmentation, Segmentation using the watershed
transform. Then Feature Extraction(Morphological, Wavelet
Transform, Clustering) and classification of those images.

Fig.3 Thermal image of normal person and person having
thyroid disorder
Infrared energy coming from an object is focused by the
optics onto an infrared detector. The detector sends the
information to sensor electronic for image processing. The
electronics translate the data coming from the detector into an
image that can be viewed in the viewfinder or on a standard
video monitor or LCD screen.
Infrared (IR) thermometers are reliable and very useful for
single spot temperature readings, but, for scanning large areas
or components, it’s easy to miss critical components that may
be near failure and need repair. A FLIR thermal imaging
camera can scan entire area.

Fig.2. Block diagram of system
VI. THERMOGRAPHIC CAMERA SYSTEM
The FLIR E30 Infrared Camera is a sophisticated pointand-shoot infrared camera that combines the best performance
and value in compact thermal imaging cameras. Designed to fit
beautifully into your IR inspection program, budget, and the
palm of your hand, the E-30 quickly pays for itself by
identifying electrical, mechanical, or building envelope issues
before a failure occurs or an expensive tear-down is required.
The FLIR E30 is easy to use out of the box and offers a
temperature range of -20 to 250°C (-4 to 482°F) with an
accuracy of ±2% and a thermal sensitivity of < 0.10°C. The
160 x 120 pixel resolution provides impressive infrared image
quality while a laser pointer aids aiming. The manual focus
lens provides a 25° x 19° field of view.
The FLIR E30 thermal imager includes a bright, 3.5"
landscape touch screen which provides an intuitive interface
for the camera and takes full advantage of the display with no
image cropping. The touch screen can be used to control a box
area and moveable spot which allows users to gather more
detailed temperature information. Composite video and USBmini outputs make it easy to stream video. Radiometric JPEG
images are stored on an SD card.
In Fig.3 Right figure shows thermal image of normal
person left image shows thermal image of person having
thyroid disorder obtained from IR camera FLIR E-30.
Infrared energy coming from an object is focused by the
optics onto an infrared detector. The detector sends the
information to sensor electronic for image processing. The
electronics translate the data coming from the detector into an
image that can be viewed in the viewfinder or on a standard
video monitor or LCD screen.
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Fig.4. A schematic representation of the general
thermographic measurement situation. 1: Surroundings; 2:
Object; 3: Atmosphere; 4: Camera
When viewing an object, the camera receives radiation not
only from the object itself. It also collects radiation from the
surroundings reflected via the object surface. Both these
radiation contributions become attenuated to some extent by
the atmosphere in the measurement path. To this comes a third
radiation contribution from the atmosphere itself.
This description of the measurement situation, as illustrated
in the figure 4, is so far a fairly true description of the real
conditions. What has been neglected could for instance be sun
light scattering in the atmosphere or stray radiation from
intense radiation sources outside the field of view. Such
disturbances are difficult to quantify, however, in most cases
they are fortunately small enough to be neglected. In case they
are not negligible, the measurement configuration is likely to
be such that the risk for disturbance is obvious, at least to a
trained operator. It is then his responsibility to modify the
measurement situation to avoid the disturbance e.g. by
changing the viewing direction, shielding off intense radiation
sources etc. Accepting the description above, we can use the
figure below to derive a formula for the calculation of the
object temperature from the calibrated camera output.
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Assume that the received radiation power W from a
blackbody source of temperature Tsource on short distance
generates a camera output signal Usource that is proportional to
the power input (power linear camera). We can then write
(Equation 1):

Usource = CW(Tsource)
or, with simplified notation:

Usource = CWsource
Where, C is a constant.
Should the source be a gray body with emittance ε, the
received radiation would consequently be εWsource. We are
now ready to write the three collected radiation power terms:
1. Emission from the object = ετWobj ,
Where, ε is the emittance of the object,
τ is the transmittance of the atmosphere.
The object temperature is Tobj.
2. Reflected emission from ambient sources = (1-

ε)τWrefl,

Where, (1 – ε) is the reflectance of the object. The ambient
sources have the temperature Trefl. It has here been assumed
that the temperature Trefl is the same for all emitting surfaces
within the half sphere seen from a point on the object surface.
This is of course sometimes a simplification of the true
situation. It is however, a necessary simplification in order to
derive a workable formula, and Trefl can at least theoretically
be given a value that represents an efficient temperature of a
complex surrounding. Note also that we have assumed that the
emittance for the surroundings = 1. This is correct in
accordance with Kirchhoff’s law: All radiation impinging on
the surrounding surfaces will eventually be absorbed by the
same surfaces. Thus the emittance = 1.
3. Emission from the atmosphere = (1 – τ)τWatm,
where (1 – τ) is the emittance of the atmosphere. The
temperature of the atmosphere is T atm. The total received
radiation power can now be written,
(Equation 2):

Wtot = ε τ W obj + (1- ε) τ Wrefl + (1- τ) W atm

Uatm = Theoretical camera output voltage for blackbody of
temperature Tatm.
VII. CONCLUSION
Thermography is best technique to detect thyroid gland
disease. Thermography is a technology that creates and
analyzes images by detecting the heat radiating from an object.
Thermography can be used to detect thyroid gland disease as it
is non–contact, non–invasive, non–traumatic and simple
method of mapping the body skin temperatures.
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We multiply each term by the constant C of Equation
1 and replace the CW products by the corresponding U

according to the same equation, and get (Equation 3):
Utot = ε τ Uobj + (1-ε) τ U refl + (1- τ)Uatm
Solve Equation 3 for Uobj (Equation 4):

Uobj = Utot (1/ ε τ) – Urefl (1-ε/ε) – Uatm (1- τ /ε τ)
This is the general measurement formula used in all the FLIR
Systems thermographic equipment. The voltages of the
formula are: Uobj = calculated camera output voltage for a
blackbody of temperature T obj.
Utot= measured camera output voltage for the actual case.
Urefl = Theoretical camera output voltage for blackbody of
temperature Trefl.
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Abstract— Structure of an organic compound is
an important aspect for all pharmacists in drug
design. Various properties of structure such as
bond length, bond angle, etc. help a pharmacist in
drug modification. IUPAC Nomenclature is an
international standard for naming of organic
compounds. IUPAC Name of an organic
compound can be translated into Intermediate
Graphical Language which consists of various
graphical entities from which Two – Dimensional
Structure of an organic compound can be
generated. This translation can be achieved using
Syntax – Directed Translation Scheme. This paper
proposes a methodology for achieving this
translation.
Index Term- Syntax – Directed Translation,
IUPAC, Organic Compounds, Intermediate
Graphical Language, Two – Dimensional
Structure
I. INTRODUCTION
In 1957, the International Union of Pure and
Applied Chemistry (IUPAC) standardized a
nomenclature for organic compounds which has
been widely accepted among chemists. This
nomenclature provides the organic chemist with a
basis for identification of numerous compounds. A
strict nomenclature system is obviously required to
eliminate ambiguities in characterizing a chemical
formula. The IUPAC system satisfies this
requirement.
Syntax-directed
translation
can
be
advantageously used to transform formulas in the
IUPAC nomenclature into Intermediate Graphical
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Language that can be further used to transform it
into a standard two-dimensional representation.
Syntax – Directed Translation can be achieved by
generating the front – end of the compiler. Front –
end of the compiler consists of three phases:
Lexical Analysis Phase, Syntax – Analysis Phase
and Intermediate Code Generation Phase. These
three phases can be constructed using various
compiler construction tools. This paper describes
the tools using which these three phases can be
constructed.
II. TRANSLATION
According to IUPAC naming rules, one can
define compound names such as:
(1) 3-CHLORO-3-AMINO-2-PENT-4ENONE
(2) 2,4-DIBROMO-CYCLO HEXANE
(3) 3-HEPTYNE
The above strings (implicitly) contain the
following information necessary for the translation:
(a) the length of the carbon chain (e.g. PENT
indicating a carbon chain of length 5 in (1),
HEX meaning a chain length of 6 in (2));
(b) one or more unit prefixes, indicating the
number of the carbon to which any
functional group is attached, followed by
the functional group itself (e.g. a chlorine
atom and amino group are attached to
carbon 3 in (1));
(c) the carbon number and type of unsaturation,
which composes the primary suffix (e.g. a
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double bond at carbon 4 in (1); a triple bond
at carbon 3 in (3));
(d) a secondary suffix again providing points of
attachment of functional groups (e.g. carbon
2 is a carbonyl in (1));
(e) singular or multiple functionality (e.g. 2
bromine atoms are present in (2)).
The translation process involves the execution
of semantic actions once the elements of a rule are
recognized while parsing.

UserCode
%%
Options and declarations
%%
Lexical rules
In all parts of the specification comments of the
form /* comment text */ and the Java style end of
line comments starting with // are permitted. JFlex
comments do nest - so the number of /* and */
should be balanced.

III. PROPOSED METHODOLOGY
A. Syntax – Directed Translation
The process of Syntax-Directed Translation is a
context-free grammar in which attributes are
associated with the grammar symbols, and
semantic actions, enclosed within braces ({}), are
inserted in the right sides of the productions.

User Code:
The first part contains user code that is copied
verbatim into the beginning of the source file of the
generated lexer before the scanner class is declared.
This is the place to put package declarations and
import statements. It is possible, but not
considered as good Java programming style to put
own helper class (such as token classes) in this
section. They should get their own .java file
instead.

Syntax – Directed Translation can be achieved by
generating the front end of the compiler. The front
end of the compiler consists of three phases which
are described below:
B. Lexical Analysis Phase
In Lexical Analysis Phase, the Lexical Analyzer or
Scanner, separates characters of the source
language into groups that logically belong together;
these groups are called tokens.
The compiler construction tool JFlex is used to
generate the Lexical Analyzer.
The main design goals of JFlex are:
 Full unicode support
 Fast generated scanners
 Fast scanner generation
 Convenient specification syntax
 Platform independence
 JLex compatibility
LEXICAL SPECIFICATIONS:
A Lexical Specification File for JFlex consists of
three parts divided by a single line starting with
%%:
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Options and Declarations:
The second part of the lexical specification contains
options to customize your generated lexer (JFlex
directives and Java code to include in different parts
of the lexer), declarations of lexical states and
macro definitions for use in the third section
“Lexical rules” of the lexical specification file.
Each JFlex directive must be situated at the
beginning of a line and starts with the % character.
Directives that have one or more parameters are
described as follows:
%class "classname"
means that you start a line with %class followed by
a space followed by the name of the class for the
generated scanner (the double quotes are not to be
entered).
Lexical rules:
The “lexical rules” section of an JFlex speciﬁcation
contains a set of regular expressions and actions
(Java code) that are executed when the scanner
matches the associated regular expression.
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C.Syntax Analysis Phase
The output of the Lexical Analyzer is a stream of
tokens, which is passed to the next phase, the
Syntax Analysis Phase. In Syntax Analysis Phase,
the Syntax Analyzer groups tokens together into
syntactic structures.
Syntax – Analyzer can be constructed using CUP
Parser Generator. CUP is a system for generating
LALR Parsers from simple specifications.
The specification for CUP consists of:
 package and import specifications,
 user code components,
 symbol (terminal and non-terminal) lists,
 precedence declarations, and
 the grammar.
To produce a parser from this specification CUP
generator is used. If this specification is stored in a
file parser.cup, then CUP is invoked using a
command like:
java java_cup.Main < parser.cup
In this case, the system will produce two Java
source files containing parts of the generated parser:
sym.java and parser.java. These two files contain
declarations for the classes sym and parser. The
sym class contains a series of constant declarations,
one for each terminal symbol. This is typically used
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by the scanner to refer to symbols. The parser class
implements the parser itself.
The specification above, while constructing a full
parser, does not perform any semantic actionS; it
will only indicate success or failure of a parse. To
calculate and print values of each expression, Java
code must be embedded within the parser to carry
out actions at various points. In CUP, actions are
contained in code strings which are surrounded by
delimiters of the form {: and :}.
Semantic Action is associated with each grammar
rule in CUP Specification to achieve Syntax –
Directed Translation.
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Abstract—Electrical distribution systems bearing
large losses as the loads are wide spread,
reactive power compensation facilities and
improper
control of
the
same.
The
comprehensive
static
VAR
compensator
consisting of capacitor bank in four binary
sequential steps in conjunction with a thyristor
(SCR) controlled reactor of smallest step size is
employed in the investigative work. Same work
deals with the performance evaluation through
analytical studies and practical implementation
on an existing system consisting of a distribution
transformer of 1 PH phase 50 Hz, 1KV/230V
capacity. This paper describes the design and
development of a single phase SCR based Static
VAR Compensator (SVC) for reactive power
compensation and power factor correction using
ARM microcontroller. The ARM microcontroller
determines the firing pulses for the SCR to
compensate excessive reactive components, thus
withdraw PF near to unity. The switching
operations obtained are transients free and
practically there is no need to provide inrush
current limiting reactors, the TCR size is
minimum to providing small percentages of
harmonics, facilitates step less variation of
reactive power depending on load requirement
so as maintain power factor near unity always.
Keywords—ARM Microcontroller, Power factor
correction,
reactive power, Static VAR
Compensator (SVC) control, dynamic control of
reactive power. Thyrister Controlled Reactor
(TCR).
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I. INTRODUCTION
Power factor correction (PFC) circuits were
added in power systems to sinusoidally shape the
AC line current and to put it in phase with the ac
line voltage. It is necessary to deals with the
generation and transmission of electrical power and
consumption of electrical power have an interest in
the power factor of loads because of the dynamic
behavior of industrial loads. It is well documented
in literature and through public discussions at
various levels that a substantial power loss is taking
place in our low voltage distribution systems on
account of poor power factor, due to limited
reactive power compensation facilities and their
improper control. Power factors affect cost and
efficiencies for both the electrical power industry
and the consumers in addition to the increased
operating costs. Therefore, power companies force
their customers, especially those which are with the
large loads, to maintain power factors of the supply
above a specified amount (usually 0.90 or higher) or
be subject to pay additional charges called low
power factor penalty. Electricity utilities thus
measure reactive power used by large industrial
customers and charge higher rates as per utilized
power factor. Some consumers install power factor
correction schemes at their industry to avoid these
higher costs or penalty. Power factor correction
used to adjust the power factor of an AC load or an
AC power transmission system to unity (1.00)
through various methods. Table 1 list a number of
common loads appears in general industrial systems
and their typical power factor.
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TABLE I— TYPICAL PF OF END USE
EQUIPMENT
Load
Resistive Load

Power factor
(cos φ)
1

Fluorescent Lamp
Compensated
Uncompensated
Motor

0.9
0.4 - 0.8
0.7-0.85

Metal Working Apparatus
Resistance Welding
Arc Melting furnace
Arc Welding
Arc Welding

0.4 - 0.6
0.75 -0.9
0.35 - 0.6
0.7 - 0.8

There are various methods invented for power
factor correction. Simplest methods includes
switching in or out banks of capacitors. This
method for improvement of power factor using
switching in or out capacitor banks is also called as
dynamic VAR compensator or dynamic power
factor control. In this method reactive power
generation is carried out through switching in or out
the capacitors to obtain a desired power factor at
various load conditions hence called as Dynamic
VAR Compensator. In this system switching action
is performed by relays, which are unreliable,
sluggish, require frequent maintenance and also
introduce switching transients. Another method
power factor correction can be implemented using
unloaded synchronous motor connected across the
supply. In this method power factor of the motor is
varied by adjusting the field winding excitation and
can be made to behave like a capacitor when over
excited. When we compare between these two
method, we can conclude that capacitor bank
provides power factor control in discrete steps
whereas synchronous motor provides a smooth
control of power factor but they are not fast enough
to compensate VAR for rapid load changes due to
large time constant of their field circuit and they
have much higher losses. The above mentioned
techniques for power factor correction are very
simple but these techniques having some
disadvantages like dynamic VAR compensation,
use of mechanical switches and relays, not fast
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enough for rapid load changes and higher losses, so
more so more reliable technique must be used to
correct for non-linear loads. In this paper an active
power factor corrector is used for reactive power
compensation. One of the new technique for active
power factor correction is SCR based active power
factor corrector to regulate the reactive power.
Same method of active power factor correction can
be addressed by continuous and static VAR control,
low losses, and flexibility and provides the smooth
control of flow of reactive power.
The target of this paper is to improve power
factor of the supply by using static VAR
compensator. This paper introduces the design,
development and implementation is more efficient
and the cost effective Active Power Factor
Corrector comprising microcontroller based
hardware and compatible software which will be
able to control the power factor of both linear and
nonlinear load. In this paper, Power factor
correction scheme is implemented by arranging the
thyristor switched capacitor units in four binary
sequential steps. This helps to introduce the reactive
power variation with the least possible resolution. In
addition a thyristor controlled reactor of the
minimum step size is operated is conjunction with
capacitor bank, so as to achieve continuously
variable reactive power (VAR). The enhancement
transformer loading capability the shunt capacitor
also improves the feeder performance Hence
reduces voltage drop in the feeder & transformer,
better voltage at load end, improves power factor,
improves system security with enhanced utilization
of transformer capacity, gives scope for
the
additional loading and also increases overall
efficiency, saves energy due to reduced system
losses, avoids low power factor penalty and reduces
maximum demand charges.
II. DESIGN OF STATIC VAR
COMPENSATOR
There are various techniques to control reactive
power but the static VAR compensators are the
most reliable ones, since they introduces high
flexibility in design methodology and reasonable

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

response amongst fast varying environments. Static
VAR compensators are may series or shunt
compensators. Series compensators deal with
modification of transmission parameters of the ac
system and shunt compensators decide the load
equivalent impedance. Both series & parallel type
of compensators are used to control the reactive
power for power factor correction purposes in ac
power systems.
Manually switched capacitors or inductors &
Synchronous condensers can be used for power
factor correction purposes, but static VAR
compensators using thyristor switched- capacitors
and thyristor controlled reactors are superior, as
they are characterized by fast response and high
design flexibility. Now a day, Fixed capacitorthyristor controlled reactor (FC-TCR) compensators
are widely used for power factor correction. They
offer the capability of continuous reactive power
control.The TCR is operating at its full capacity in
order to absorb the reactive power generated by the
fixed capacitor. In addition they draw large
amounts of harmonic current components which
increase transmission losses and disturb the power
system network voltage profile. Static VAR
compensators using switched-capacitor banks offer
stepping responses in reactive power generation
mode and their losses are proportional to the
reactive power demands. FC-TCR and switched
capacitor banks static VAR compensators are
usually referred to as conventional static VAR
compensators which are basically characterized by
the employment of naturally commutated solid-state
switching devices having high voltage and current
ratings. Implementation of this static VAR
compensators using Thyrister capable of generating
or absorbing reactive power with fast time response.
The recent developments offers high amount of
flexibility in static VAR compensators design for
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power factor correction and voltage control
purposes.
The Static VAR Compensator regulates
voltage at its terminals by controlling the amount of
reactive power injected into or absorbed from the
power system. When system voltage is low then
SVC generates reactive power (SVC capacitive) and
when system voltage is high, it absorbs reactive
power (SVC inductive). Here SVC is used to
supplying a varying amount of leading or lagging
VAR to the lagging or leading system. The flow of
current through the reactor is varied using phase
angle control of Thyrister. Hence the conduction
interval is reduced from maximum to zero by
varying the firing angle alpha (α) from 900 to 180 0.

Fig.1 Power Triangle
Capacitor is the main component supplies
capacitive reactance also called negative reactive
power. The power factor is the ratio of real power
and apparent power. The relation between the
power triangles in Fig.1. Normally power system
has inductive loads, therefore only lagging power
factor occurs hence capacitors are used to
compensate by producing leading current to the
load to reduce the
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Fig.2 Proposed scheme of TCR Based SVC

lagging current, thereby shrink the phase angle
distance between the real power and apparent
power. The function of shunt power capacitor is to
provide leading (capacitive) kVARs to an electrical
system when and where needed.
III. CONTROL SCHEME FOR TCR
The aim of this system to control phase angle
continuously and in the event of phase angle
deviation, a correction action is initialized for
compensating the difference by continuous
changing the firing angle of TCR through isolator
SCR driver circuit. The overall system requires the
Sensors, Zero crossing detector, SCR, isolator &
driving circuit for SCR and a fixed capacitor.
A. Sensors: Potential transformer and Current
transformer are the sensors which are used to sense
load voltage and current signals and stepped down
using respectively to the respective levels, the
current is converted into an equivalent voltage
representation.
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B. Zero Crossing Detectors: This unit will
produce a pulse at each Zero-crossing of the
supplied sine wave voltage. The output pulses
obtained from the same unit will be applied to the
input of microcontroller as a reference in order to
obtain a required firing pulse to control the SCR
firing angles. Hence output pulses obtained from the
zero crossing detectors will also be used to measure
the phase displacement between voltage and current
C. Algorithm and Programming of Control
Scheme: An algorithm is developed in ARM to
read the inputs and respond accordingly. There are
two parts of programming in ARM microcontroller,
one is related to counter, which is initialized
through
The timer 0 interrupt. Second is the important part
of the program in which signal is taken by the ARM
and gives the appropriate response to the controlling
schemes. Main program is divided intoInitialization of External Interrupt (INT),
Initialization of TIMER1,
Calculation of Power Factor,
Initialization of ADC module,
Calculation of Voltage and Current,
Calculation of Reactive Power,
Initialization of LCD,
Calculating the desired firing angle &
Generating the switching signals for triggering the
SCR
D. SCR Firing Circuit and Static VAR
Compensator: The Fig.5 shows the circuit diagram
of SCR firing and static VAR compensator. The
output pulses obtained from ARM microcontroller
are applied to the pin no. 3 of IC MOC3042, a SCR
driver optocoupler IC. The pulse signal obtained
from the MOC 3042 drives the gate of the SCR so
as to control the reactor current. The displacement
factor i.e. the phase displacement between voltage
and current actually determines the number that is
loaded into the programmable interval timer in
order to change the firing angle of the SCR in the
static compensator circuit.
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Fig 3. Block Diagram of ARM Based SVC For Power Factor Correction System

Fig. 5 SCR firing circuit and static VAR
compensator scheme

Fig.4 Zero crossing detector
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IV. RESULTS & CONCLUSION
The fabricated active power factor corrector has
been tested on variable resistor in series with fixed
inductive coil. Investigations were carried out at
five load conditions by varying the values of load
resistance. It is clear that the system is able to adjust
the power factor from its low initial value to an
almost unity power factor. Analysis of the
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waveforms for different values of load power
factors showed that the correction of the power
factor did not take any observable time. It was also
observed that the ARM microcontroller based
switching did not introduce any distortions in the
output waveform while correcting the power factor.
In conclusion, the proposed system is able to adjust
the power factor to a desirable value of
approximately 1 and hence the system may be very
useful for power control application where the load
power factor changes abruptly. It can be observed
from the waveforms there is no phase angle
displacement between main input voltage and
current with SVC. As the values of the impedance is
decreased i.e. variation in the value of inductance
from Henry (H) to mH, the uncorrected power
factor value rises giving minimum and maximum
values of 0.35 and 0.99 respectively. The value of
corrected power factor is almost near to unity. The
system is able to adjust the power factor from its
low initial value to an almost unity power factor.
Analysis of the waveforms for different values of
impedance power factors showed that the correction
of the power factor did not take any observable
time. It was also observed that the ARM
microcontroller based switching did not introduce
any distortions in the output waveform.
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Abstract—In this paper, wavelet de-noising method has
been examined to eliminate noise from the ECG signal.
Different thresholding algorithms are analyzed both
theoretically and empirically. Ideal ECG signal and noise
corrupted ECG signal are evaluated using MATLAB.
Removal of noise because of muscle activity is difficult to
handle because of the substantial spectral overlap between
the ECG and muscle noise. Averaging techniques have
been successfully applied to ECG signal for reduction of
baseline wander noise. DWT has good ability to
decompose the signal and wavelet thresholding is good in
removing noise from decomposed signal. We applied
wavelet transform on the input vector, thresholded it,
inverse transformed it to finally achieve a signal with very
low EMG noise. The analyses of thresholding techniques
have been compared based on signal to noise ratio. It is
observed that “rigrsure” method gives optimum
performance.
Keywords—Wavelet
transform,
discrete
wavelet
transform, thresholding, ECG signal denoising, SNR.

I. INTRODUCTION
ECG signals are produced from human heart activities.
Potential difference between two points on the body surface,
versus time is represented graphically with the help of ECG.
While recording ECG in a clinical environment it is usually
contaminated by baseline wandering due to respiration, power
line interference and electromyography (EMG) noise. So
removal of these noises is necessary in ECG analysis for
correct diagnosis.
Various solutions have been proposed for reduction of
noise and are currently being employed in a number of
systems. Wavelet thresholding de-noising method based on
discrete wavelet transform (DWT) proposed by Donoho and
Johnstone is often used in de-noising of ECG signal [1, 2].
Sayadi O and Brittain J.S. have proposed Wiener filtering and
Kalman filtering methods to remove the additive noises [3, 4].
Harishchandra T. Patil gave a new method of threshold
estimation for ECG signal denoising using wavelet
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decomposition, where, threshold is computed using maximum
and minimum wavelet coefficients at each level [5].
II. WAVELETS
Wavelets are mathematical functions with oscillatory
nature similar to sinusoidal waves with the difference being
that they are of “finite oscillatory nature”. Essentially a finite
length, decaying waveform, when scaled and translated results
in what is called a “daughter wavelet” of the original “mother
wavelet”. Hence different scaling and translation variables
result in a different daughter wavelet from a single mother
wavelet [6].
A wavelet transform decomposes a signal into basis
functions which are known as wavelets. Wavelet transform is
calculated separately for different segments of the time-domain
signal at different frequencies resulting in Multi-resolution
analysis or MRA. It is designed in such a way that the product
of time resolution and frequency resolution is constant.
Wavelet transforms [7] are classified as Continuous wavelet
transforms (CWT) and Discrete wavelet transforms (DWT).
The finite oscillatory nature of the wavelets makes them
extremely useful in real life situations in which signals are not
stationary. While Fourier transform of a signal only offers
frequency resolution, wavelet transforms offer “variable time
frequency” resolution which is the hallmark of wavelet
transforms.
III. WAVELET BASED DENOISING
Wavelet thresholding de-noising methods deals with
wavelet coefficients using a suitable chosen threshold value in
advance. The wavelet coefficients at different scales could be
obtained by taking DWT of the noisy signal. Normally, those
wavelet coefficients with smaller magnitudes than the preset
threshold are caused by the noise and are replaced by zero, and
the others with larger magnitudes than the preset threshold are
caused by original signal mainly and kept (hard-thresholding
case) or shrunk (the soft-thresholding case). Then the denoised
signal could be reconstructed from the resulting wavelet
coefficients. These methods are simple and easy to be used in
de-noising of ECG signal.
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A. Discrete Wavelet Transform
The DWT of a signal “x” is calculated by passing it
through a series of filters i.e low pass and high pass filters [8,
9]. The inner product of the signal x(t) and the wavelet
function ψm,k provides a set of coefficients XDWT(m,k) for m
and k by applying DWT on signal x(t). DWT can be
considered as one of the multi-rate signal processing systems
that use multiple sampling rates in the processing of discrete
time signals. The DWT of a signal x(t) is given by:
(1)
where, ψm,k is the wavelet function.
The discrete wavelet transform of a signal x(t) is calculated
by passing it through a series of filters namely low pass filter
(ld) and high pass filter (hd). The coefficients associated with
low pass filter is called approximation coefficients and high
pass filtered coefficients are called detailed coefficients. This
decomposition process is carried out until the required
frequency response is achieved from the given input signal.
Fig.1 represents the multilevel decomposition.

Fig. 1. DWT multilevel decomposition

B. Soft and Hard Thresholding
A kind of signal estimation technique called wavelet
thresholding have signal denoising capabilities. Wavelet
shrinkage operation is categorized in to two thresholding
methods Hard and soft. Performance of thresholding purely
depends on the type of thresholding method and the
thresholding rule used for the given application. In hard
thresholding, the coefficients that are smaller than the
threshold are vanished and the others are kept unchanged.
However, the soft thresholding makes a continuous
distribution of the remaining coefficients centered on zero by
scaling them.
Soft thresholding [10] is given as follows:
(2)
Hard thresholding is given as following:
(3)
C. Threshold Calculating Rules
The Donoho has initially proposed denoising of signals and
images based on fixed thresholding [10]. Here, the value of
threshold (t) is computed as:

where, σ=ΜΑD/0.6745
MAD represents the median of wavelet coefficients and n is
the total number of wavelet coefficients.
There are four types of thresholding rules mostly used by
different researchers on denoising applications [11].
1) Global Thresholding: This can be considered a type of
fixed threshold or global thresholding method and it is
computed as:
(5)
2) Minimax Thresholding: Minimax threshold yields
minimax performance for Mean Square Error (MSE) against
ideal procedures. Minimax threshold also behaves as fixed
threshold. This method does the job of obtaining a minimum
error between original signal and wavelet coefficients of noise
signal and depending on it selects a threshold value.
1) Rigrsure Thresholding: It depends on the Stein’s
unbiased estimate of risk. In this rulee risk estimation for a
particular threshold value is done. It is an adaptive thresholding
method which is proposed by Donoho and Jonstone and it is
based on Stein’s unbiased likelihood estimation principle [1].
2) Heursure Thresholding: When SURE AND global
thresholding methods are combined together, a new rule is
formed named as Heursure threshold rule. SURE estimation
method becomes worthless if the signal-to noise ratio of the
signal is very poor, then it will show more noises. In this kind
of situation, the fixed form threshold is selected by means of
global thresholding method.
D. Inverse Discrete Wavelet Transform
The IDWT of a signal “x” is calculated by passing the
thresholded DWT coefficients through a series of filters i.e low
pass and high pass filters and thus, reconstructing the signal
“x” from thresholded DWT coefficients. The IDWT is given
by:

(6)
IV. PERFORMANCE EVALUATION
1) Percent Root Mean Square Difference (PRD): One of the
most difficult problems in ECG compression applications and
reconstruction is defining the error criterion. The purpose of
the compression system is to remove redundancy and
irrelevant information. Consequently the error criterion has to
be defined so that it will measure the ability of the
reconstructed signal to preserve the relevant information.
Since ECG signals generally are compressed with lossy
compression algorithms, a way of quantifying the difference
between the original and the reconstructed signal, often called
distortion. The most prominently used distortion measure is
the Percent Root mean square Difference (PRD) [12] that is
given as follows:

(4)
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where, x[n] and [n] are the original and reconstructed
signals of length N, respectively. The PRD indicates
reconstruction fidelity by point wise comparison with the
original data.
2) Root Mean Square (RMS):The root mean square [13] is
calculated as follows :
(8)
3) Signal to Noise Ratio (SNR): Basically signal to noise
ratio (SNR) is an engineering term for the power ratio between
a signal and noise [12, 13]. It is expressed in terms of the
logarithmic decibel scale.

Fig.1. ECG Signal from MITBIH arrhythmia database

(9)
(10)
where Esignal: Root mean square amplitude of the signal
Enoise: Root mean square amplitude of the noise
V. EXPERIMENTS AND RESULTS
Wavelet Denoising using universal soft thresolding was
performed on the ECG signals (100,102,103,112,115) taken
from MIT-BIH database. The MIT-BIH Arrhythmia Database
contains 48 half-hour excerpts of two-channel ambulatory ECG
recordings. These are obtained from 47 subjects collected by
from a mixed population of inpatients (about 60%) and
outpatients (about 40%) studied by the BIH Arrhythmia
Laboratory. The subjects were taken from, 25 men aged 32 to
89 years and 22 women aged 23 to 89 years. About half (25 of
48 complete records and reference annotation files for all 48
records) of this database has been freely available in
PhysioNet’s inception in September 1999. The 23 remaining
signal files, which had been available only on the MIT-BIH
Arrhythmia Database CD-ROM, were posted in February
2005. The recordings were digitized at 360 samples per second
per channel with 11-bit resolution over a 10 mV range. The
original ECG signal is shown in Fig. 2. To this input ECG
signal muscle artifact is added. The fig. 3 shows the signal
corrupted with muscle artifact. To remove the baseline wander
moving average filter was used.
The ECG signal was decomposed at level 4 using
Daubechies wavelet. Hard and soft thresholding was performed
on the wavelet coefficients. It can be observed from the table 1
that the optimum wavelet is Db5. The performance was
evaluated using SNR. We also find that though hard
thresholding gives an optimum performance, we get best
results using “Rigursure” soft thresholding technique. We have
evaluated the results both by calculating SNR and visual
inspection.

Fig.3. ECG signal corrupted with motion artifact noise

Fig. 4. ECG signal after removing the baseline wander using moving average
filter

Fig.5. Soft thresholding applied to ECG 103(MIT-BIH) using Db5 at level 4
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Fig. 5. Soft thresholding applied to ECG 103(MIT-BIH) using Db5 at level 4
TABLE I
VALUES OF SNR USING WAVELET THRESHOLDING

Wavelet
Name

Thres
hold

Universal

Minimax

Huersure

Rigrsure

Db2

Hard
14.7288
15.5410
15.4933
15.4933
Soft
10.4749
12.9113
15.6740
15.6740
Db3
Hard
14.4667
15.0519
15.3901
15.3901
Soft
9.0817
11.8218
15.7104
15.7104
Db4
Hard
13.9872
15.9381
15.6069
15.6069
Soft
9.5625
12.1253
16.5380
16.5380
Db5
Hard
13.9045
16.1861
15.2335
15.6238
Soft
9.1199
11.9423
15.8242
16.5676
Db6
Hard
12.5661
14.5574
15.5318
15.5318
Soft
7.9132
10.7060
14.5697
14.5697
Db7
Hard
11.7525
14.0691
15.5791
15.5791
Soft
8.3412
10.7739
14.2621
14.2621
Db8
Hard
11.9658
15.0005
15.4375
15.7446
Soft
7.5572
10.4357
14.7052
15.1813
Db9
Hard
12.3005
15.0129
14.8854
14.8854
Soft
7.6156
10.4795
14.2219
14.2219
Db10
Hard
12.4013
14.1261
15.0395
15.3587
Soft
7.9252
10.4436
15.2021
15.7120
Values of SNR (dB) of Wavelet Thresholding performed on ECG data
103(MIT-BIH)

VI. CONCLUSION
After experimentation it can be concluded that hard
threshold not always gives better denoising performance; it
depends on which wavelet thresholding algorithm was
choosen. The best results were obtained using Db5 wavelet at
level 4. Soft thresholding using “rigrsure” rule gave better
denoising results as compared to the other rules.

95

[1] D.L. Donoho and I.M. Johnstone, “Ideal spatial adaptation via
wavelet shrinkage”, Biometrika, 1994, Vol.81, pp. 425- 455.
[2] Donoho, “De-noising by soft thresholding”, IEEE Trans. Trans.
Inform. Theory, vol. 41, pp. 613-627, 1995.
[3] Sayadi O., Shamsollahi M.B., ECG denoising and compression
using a modified extended kalman filter structure, IEEE Trans.
on Biomedical Engineering, (2008) vol.55, no.9, pp. 2240-2248.
[4] Lu G., Brittain J.S., Holland P., Yianni J., Green A.L., Stein
J.F.,Aziz T.Z., Wang S., Removing ECG noise from surface
EMG signals using adaptive filtering, Neuroscience Letters,
(2009), vol.462, no.1, pp. 14-19.
[5] R. Harishchandra T. Patil, R.S. Holambe, New approach of
threshold estimation for denoising ECG signal using wavelet
transform, India Conference (INDICON), 2013 Annual IEEE
Conference, Mumbai, India, 13-15 Dec. 2013.
[6] K.P. Soman & K. I. Ramachandran “Insight Into Wavelets
-From Theory to Practice”, Prentice Hall, India, 2004.
[7] Raghuveer M. Rao & Ajit S. Bopadiker, “Wavelet Transforms –
Introduction to Theory and Applications", Pearson Education
Asia,1998.
[8] S. Mallat. A Wavelet Tour of Signal Processing. Academic
Press, San Diego, USA, 1998.
[9] K. Borries R.V., Pierluissi J. H., and Nazeran H., Redundant
Discrete Wavelet Transform for ECG Signal Processing,
Biomedical Soft Computing and Human Sciences,
(2009),Vol.14,No.2,pp.69-80.
[10] Soman & K. I. Ramachandran “Insight Into Wavelets -From
Theory to Practice”, Prentice H Donoho, D.L. (1995), "Denoising by soft-thresholding," IEEE Trans. on Inf. Theory, 41, 3,
pp. 613-627.
[11] E.-S. El-Dahshan, "Genetic algorithm and wavelet hybrid
scheme for ECG signal denoising," Telecommunication
Systems,, Vol. 46, pp. 209-215, 2010.
[12] Ruqaiya Khanam, Syed Naseem Ahmad, Selection of Wavelets
for Evaluating SNR, PRD and CR of ECG Signal, International
Journal of Engineering Science and Innovative Technology
(IJESIT) Volume 2,Issue 1, Volume 2, January 2013.
[13] Jaffery, Z.A, Performance Comparision of Wavelet Threshold
Estimators for ECG Signal Denoising, 2010 International
Conference on Advances in Recent Technologies in
Communication and Computing (ARTCom), Kottayam, 16-17,
Oct’10.

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

Efficient Algorithm for Finding User Intention with the Help of
Feedback Sessions
Kumbhar S.V.*1, Dhaigude T.A. *2
*1Student of DGOI,FOE,Daund
University of Pune, A/P Swami chincholi Tal Daund Dist Pune Maharashtra India
2
* Assistant Professor of DGOI,FOE,Daund, University of Pune , A/P SwamiChincholi Tal Daund Dist Pune
Maharashtra India
*1
swapnali.limkar@gmail.com *2tanajidhaigude@gmail.com


Abstract— In today’s world most of the
search engines works on the following
principles like search query, query list,
impressions, clicks, average positioning, etc.
Nowadays process of searching a query
involves calculating similarities between
documents and categories by using the
information extracted from them. And many
more involves the concept of ontology. In this
paper we are going to introduce a concept of
identifying user search goals by using the
concept of clicked-un-clicked event’s pseudo
documents and feedback sessions from the
user.
Index Terms—searching goal,
pseudo
documents, classified average precision
I. INTRODUCTION
IN most web search applications to represent the
users search needs queries are used. Queries are
given to the web search engines like Google,
Yahoo, etc. Then web search engine provides the
results for the query entered by the user. But
sometime queries are unable to express the exact
needs of the user because different queries may
represent the different aspects. For example, when
we search “eclipse” in the web search engine we
will find the results related to eclipse as the
natural eclipse’s information sites, eclipse as
software from the Eclipse foundation open source
community websites, the twilight saga: Eclipse as
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a movie’s sites. Hence it is necessary to identify
the user search goals or intensions.
Here search goals of the user are nothing but the
information on different aspects of a query that
particular groups want to search. Also user goals
can be stated as clusters of the information needs
for a particular query. We can improve the search
engine relevance and can make search engine user
friendly by analyzing the user search goals.
Some advantages of this above approach are as
follows: First, according to the user search goals,
we can group the results in the same group and
then we can rearrange the search results. Second,
by using the keywords user goals can be
represented and utilized to form new queries more
efficiently.
From this we classify the user search goals in
three parts: classification of query, search result
rearrangement and session boundary detection. In
first part, people try to infer goals by predefining
some classes and then according to that
classification are performed. For example, Li et al.
[14] considers user goals as “Navigational” and
“Informational” and categorize queries in two
classes as product intent and job intent. User goals
always differ by their need so it becomes difficult
and impractical to classify queries every time. In
second part, by analyzing the clicked URL’s, we
have to reorganize the web search results.
However this method has limitations since
number of different clicked URL,s of a query may
be small, some noisy results may be analyzed that
are not clicked by any users. And in last one,
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people aim at detecting boundaries of session.
In this paper, we will find the number of
different search goals for a particular query and
providing each goal with some keywords.
Firstly here we are going to observe feedback
sessions rather than cluster of the clicked URL’s.
Secondly we will provide optimization method for
developing an algorithm based on the URL’s in
the feedback sessions. And lastly we are going to
provide CAP to evaluate the more search goals
and to recognize the web search results.
II. LITERATURE SURVEY
Query Recommendation Using Query Logs in
Search Engines (Baeza-Yates, C. Hurtado, and
M. Mendoza)
This paper suggests the list of related queries for
a given query submitted to web search engine.
Related queries are depend on the previously
provided queries and are given to web search
engine by the user to redirect the overall searching
process. This method depends on query clustering
process in which users of similar queries are
pointed out. The process of clustering is as
follows: Query log contains the historical
preferences of the search users. This method also
ranks the queries according to their relevance.
2.2.2 Varying Approaches to Topical Web
Query Classification
Topical classification of web queries has drawn
recent interest because of the promise it offers in
improving retrieval effectiveness and efficiency.
However, much of this promise depends on
whether classification is performed before or after
the query is used to retrieve documents. We
examine two previously unaddressed issues in
query classification: pre vs. post-retrieval
classification effectiveness and the effect of
training explicitly from classified queries vs.
bridging a classifier trained using document
taxonomy. Bridging classifiers map the categories
of document taxonomy onto those of a query
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classification problem to provide sufficient
training data. We find that training classifiers
explicitly from manually classified queries
outperforms the bridged classifier by 48 % in F1
score. Also, a pre-retrieval classifier using only
the query terms performs merely 11 % worse than
the bridged classifier which requires snippets from
retrieved documents.
2.2.3 Context-Aware Query Suggestion by
Mining Click-Through
Query suggestion plays an important role in
improving the usability of search engines.
Although some recently proposed methods can
make meaningful query suggestions by mining
query patterns from search logs, none of them are
context-aware -- they do not take into account the
immediately preceding queries as context in query
suggestion.
In this project, we propose a novel context-aware
query suggestion approach which is in two steps.
In the offline model-learning step, to address data
sparseness, queries are summarized into concepts
by clustering a click-through bipartite. Then, from
session data a concept sequence suffix tree is
constructed as the query suggestion model. In the
online query suggestion step, a user's search
context is captured by mapping the query
sequence submitted by the user to a sequence of
concepts. By looking up the context in the concept
sequence suffix tree, our approach suggests
queries to the user in a context-aware manner.
2.2.4 Bringing Order to the Web:
Automatically Categorizing Search Results
We developed a user interface that organizes
Web search results into hierarchical categories.
Text classification algorithms were used to
automatically classify arbitrary search results into
an existing category structure on-the-fly. A user
study compared our new category interface with
the typical ranked list interface of search results.
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The study showed that the category interface is
superior both in objective and subjective
measures. Subjects liked the category interface
much better than the list interface, and they were
50% faster at finding information that was
organized into categories. Organizing search
results allows users to focus on items in categories
of interest rather than having to browse through
all the results sequentially.
2.2.5 Relevant Term Suggestion in Interactive
Web Search Based on Contextual Information
in Query Session Logs
Proposes an effective term suggestion approach
to interactive Web search. Conventional
approaches to making term suggestions involve
extracting co-occurring key terms from highly
ranked retrieved documents. Such approaches
must deal with term extraction difficulties and
interference from irrelevant documents, and, more
importantly, have difficulty extracting terms that
are conceptually related but do not frequently cooccur in documents. In this paper, we present a
new, effective log-based approach to relevant term
extraction and term suggestion. Using this
approach, the relevant terms suggested for a user
query is those that co occurs in similar query
sessions from search engine logs, rather than in
the retrieved documents. In addition, the
suggested terms in each interactive search step can
be organized according to its relevance to the
entire query session, rather than to the most recent
single query as in conventional approaches. The
proposed approach was tested using a proxy
server log containing about two million query
transactions submitted to search engines in
Taiwan. The obtained experimental results show
that the proposed approach can provide organized
and highly relevant terms, and can exploit the
contextual information in a user’s query session to
make more effective suggestions.
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III. METHODOLOGY
3.1. Algorithm
1. Start
2. Take input as an ambiguous query from user.
3. Create log book of user clicked URL’s.
4. Create feedback sessions by using step 3.
5. The binary vector representation of a feedback
session.
6. Map step 4 to pseudo documents.
7. Feature representation of step 3.
8. Reconstruct web search results.
9. Stop
3.2. Flowchart
Start

Input Query

Create Logbook

Feedback sessions

Pseudo documents

Reconstruction of
results using CAP

Stop

Fig.1 Flowchart
The following diagram shows the details about the
suggested system in detail. We can well
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understand the concept of ranking the web pages
from the following diagram.

the feedback sessions. The second step is forming
pseudo-document based on URL representations.
3.5 Clustering of feedback sessions

Fig.4. Feedback Sessions
The above diagram shows the clustering process
of the clicked and non clicked URL’s.
IV RESULTS
Following fig.5 shows the user search results
when user enters the query in the web browser
according to the ranking criteria used.

Fig. 2 Framework Diagram
3.3. Creation of feedback sessions
In this, session contains one query. Feedback
session is nothing but the session containing both
clicked and un-clicked URL’s and ends with the
last URL clicked.
3.4 Pseudo document formation
Building of pseudo-document involves 2 steps:
First, Representing the URLs in the feedback
session: In this step, first enrich the URLs with the
help of some additional contents by extracting the
titles and snippets of the returned URLs present in

99

Fig.5 User search results
III. CONCLUSION
In this paper, a new approach is proposed for
inferring user goals by clustering all feedback
sessions with the help of clicked and non-clicked
URL’s log book, classified average precision and
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pseudo-documents. In this user’s implicit
feedbacks are used for the formation of the
feedback sessions. Then the user goals from the
pseudo-documents are provided with some
keywords. Finally the precision formula is used
for the evaluation of the performance of the user
search goals. The total complexity is reduced in
this approach; therefore user can find their goals
efficiently.
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Abstract- In the today’s world there is mainly people
are concentrate on the security and privacy of the
data. As there is some change in security system
behavior it not as per user intension. In the network
some people make unintentional expose of personal
information, or relationships and other things in front
of people. Technology gives us solution for these types
of exposures that is encryption and decryption for data
i.e. change view and appearance of data for other or
unknown persons. In networking there are mainly two
types of attacks Passive and Active attack. Passive i.e.
only monitoring the system network and data which is
send. But the active attack is focus about the only
change in data send by client. Attackers interested in
the changing of data and to get detail about the
communication happen in the sender and receiver. In
TOR, attack happen at the exit onion router. While
searching basically this attack is based on active
attacks. But main problem in this type is degrading
attacks and hidden services. In this attack attacker
select particular IP packet at exit onion router and
changes that packet. So our aim is to detect attacker
and degrade anonymous services.
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more than a collection of interconnected devices. In
different areas the computer network is the resource that
enables to collect and spread information that is essential
to the probability. The rise of intra-nets and extra-nets
business networks based on Internet technology is an
indication of the critical importance of computer
networking to various domains. They established intranets simply to remain strong urge to win. Company
network to the Internet is the next technological
transformation of the traditional business.
II.

LITERATURE SURVEY

A) Basic Concept
In onion routing [9], [10] anonymous email can be
traced. In network MIX nodes are there and role of that by
accepting data, encrypting, decrypt by public key and
transfer to all node present in network. Mix node performs
certain timing change of the data packet to make it
complicated in a network analyzer or observer to check
and trace the path that emails take. In Onion Routing has
two phases that way for two parties - a connection
originator and responder for anonymous communication
with other. Onion Routing gives protection in anticipation
of traffic analysis attacks or passive attack. Packets are
kept hide from eavesdropper also initiator and responder
is hide. Encryption technique is handling by using any of
algorithms for sending packet. Onion routers are present
they are machines available in network. There are some
entry points consist, that accepts connection request from
client also called entry router and some are exit routers.
Such services can be WWW, electronic mail, node-tonode applications, etc. When a client application wishes to

Keywords- Mix network, Onion routing network,
Hidden services.
I.
INTRODUCTION
A network is simply defined as something that
connects things together for a specific purpose.
Eventually, networked devices everywhere will provide
two-way access to a vast array of resources on a global
computer network through the largest network of all, the
Internet. In today's business world a computer network is

1

102

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014
establish an anonymous connection to a server (such all
proxy are firstly connected who wishes to communicate.
Data is transferred to next node or router. The OR proxy
design data structure an onion. Packet is passed to an
entry node. When an entry node receives packet, it
decrypts it, which reveals a layer containing information
about the next hop in the route constructed. This packet is
forwarded on to this next node. Onion packet is reaches an
exit node. Decryption is held by the application proxy at
the beginning of the connection establishment. Packet is
forwarded to receiver. Onion Routing relies on using
Public Key encryption and decryption provide it to
encrypt layers of packet such that only intended recipients
of each layer can decrypt it with private key. All nodes
through path only know about the previous hop (that it
received the onion from) and the next hop (that it was
instructed to forward the packets). Whole packet is
decrypted at each router present in the path. Means other
analyzer sees the onion for a specific message enters a
node does not know which of the onions leaving that node
corresponds to that same data. If an attacker compromises
a host in the network of OR, an attacker see from which
node this packet is came and to which is destination. The
absolute source and destination of the onion are hidden.

C) Existing Cell Based Attack Against TOR
Firstly discuss about components present in network and
role and which process the cell and provide
communication.
 Alice is the client called onion proxy (OP) to
anonymize the client data into TOR.
 Bob is TCP applications such as a Web service.
 Onion routers are special proxies that relay the
application data between Alice and Bob. In TOR,
transport-layer security (TLS) connections are
used for the overlay link encryption between two
onion routers. Data is encapsulates into samesized cells (512 B) carried through TLS
connections.
 Directory servers hold onion router information
such as public keys. Directory server authorizes
hold information on onion routers and directory
caches download directory information of onion.
Traffic analysis attack i.e. passive attack studied to
degrade anonymity service provided in the
communication. There is happened existing traffic
analysis attack can be categorized into two groups:
passive traffic analysis and active watermarking
techniques. On the basis of sender’s outbound traffic
and receiver’s inbound traffic based on statistical
measures will passive traffic analysis. Based on the
active watermarking technique, for example, proposed a
flow-marking scheme direct sequence spread spectrum
(DSSS) technique [3]. Attacker includes secret signal
into target traffic by interfering rate of suspect sender’s
traffic and changing rate. By get determining relay or
control cell by attacker in TOR. Suspect flushes all cells
in queue and manipulates the control cell. In this way,
the attacker can embed a series of 1/0 bits into the
variation of the cells during a small amount of time
period in the network target traffic.

B) Mix Networks And TOR Network:
Mixes get their security from the mixing done by
their component mixes, and may or may not use route that
cannot be predicted to enhance security [8]. It is very
difficult to detect and observe path for any packet or route
from which path data is send, which for designs deployed
to date has meant choosing unpredictable routes. OR (i.e.
onion routers) typically no use of mixing. This gets at the
fundamental nature of two even if it is a bit too quick to
each side. A Mix network also intends to resist an
adversary that can observe all traffic everywhere. Onion
routing assumes that an adversary who observes both ends
of a communication path will completely break the
anonymity of its traffic. To resist local attacker OR
networks are designed, one that can only see network and
the traffic on it.

D) Idea Of Cell Base Attack
There is intends to confirm that Alice
communicates with known server Bob in the rest of the
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paper; we assume that the attack initiates at an exit
onion router. During the attack he selects traffic flow
between Alice and Bob at the exit onion router. Attacker
then selects a random signal chooses an exact time, and
changes the count of cell from target traffic based on the
selected random signal. Due to network delay and
congestion signal will be distorted while transmitted
through TOR. When the chunks of three cells for
encrypting bit "1" arrive at the mid onion router, if there
is no data in the output buffer the first cell will be
flushed to the output buffer. The subsequent two cells
are in the circuit queue. First cell is sent to network
when write event called, while the two cells are flushed
into the output buffer. Therefore, the piece of the three
cells for carrying bit "1" maybe split into two portions.
The first portion having the first cell and the second
portion having the second and third cell together.
Due to the network congestion and delay,
attention must be paid to take these into account to
recognize a signal bit the cells may be combined or
separated at the middle OR, or the network link between
the OR i.e. onion routers. The write event is added to
the queue, and the cell waits to be written to the network
by the write event. Since the interval is small, the three
cells for the second bit 1 and the cell for the third bit 0
also arrive at the middle onion router and stay in the
queue. When the write event is called, the first cell for
carrying the first bit 0 will be written on network, while
next three cells for carrying the second bit of the signal
and one cell for carrying the third bit of the signal will
be written to the output buffer together. After this
original signal will get distort. Therefore, the attacker
needs to choose the proper delay interval for
transmitting cells [4], [7].

Fig 1Cell-counting-based attack.

III.

SYSTEM IMPLEMENTATION

In this project, we focus on the active watermarking
technique, in which as per attacker point of view that
changing of data. By interfering with the rate of a
suspect sender’s traffic and marginally changing the
traffic rate, the attacker can embed a signal into the
target traffic i.e. make changes in the packet arriving at
exit router. The embedded signal is carried along with
the target traffic from the sender to the receiver, traffic
analyzer recognizes communication relationship.
Tracing the messages in spite of the use of anonymous
networks. Our motive behind this project is to detect
that particular attacker and as overall analysis it can be
concluded that for knowing the services and
communication between the users. So while at exit node
attacker changes packet data at that time it be get detect
by using IP address provided to his computer.
A) Parameters









Sender.
Receiver.
OR Node.
Attacker.
Encryption.
Decryption.
Port No.
IP Address.
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B) Mathematical Model
Problem DescriptionS =Secure communication channel.
X = Sender.
Y =Receiver.
T =Tor Node.
A =Attacker.
E =Encryption Algorithm.
\
D=Decryption Algorithm

Fig.2 Block diagram of Anonymous network

A) Algorithm Used
S ={X, Y, T, A, E}
RSA (which stands for Rivest, Shamir and Adleman
who first publically described), an algorithm for
cryptography involves three steps key generation,
encryption and decryption. RSA is a block cipher with
each block having a binary value less than some number
n. Size of block need to less than or equal to log 2 (n).
Encryption and decryption is of the following form, for
some plaintext as M and cipher text as C:

X ={x0}
Y ={y0}
T ={t0,t1,t2}
A ={a0,…………,an}
E ={e0}

C
M

D={ d0 }

Both sender and receiver must know the value of n. e is
value known to sender and d value knows only to the
receiver. This is a public-key encryption algorithm with
a public key of PU = e, n and a private key of PR = d, n.
For this algorithm to be satisfactory for public key
encryption, the following requirements must meet:
 It is possible to and values of e, d, n such that
mod n for all M<n.
 It is easy to calculate
and
for all values
M<n.
 It is not possible to determine d given e and n.

Activityf(x)

T
{t0,t1,t2} € T

i.e.f(x0)
f(x)

Y
{y0} € Y

i.e.f(x0)
f(A)

T

f (E)

X
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{x0} € X

i.e.f (e0)
f(D)

Observation table-

R

f(n)

Send Data

f0

N
S(n)

{r0 } € R

i.e f(d0 )

Function
Sender.

1 Time
S0

Tor
Node.
Encryptio
n.
Attacker.

Venn DiagramX

Y

Tor

f1

n Time

Encrypt
Data
Attack

f2

1 Time

f3

n Time

Decryptio Decrypt
n.
Data
Receiver. Receive
Data

f4

1 Time

f5

1 Time

S1
S2
S3

X0
Y0

S4
S5

FindingE

Y

Data from Sender = d1
Data from Receiver = d2

X0

t0

If d1 = d2 then Tor network established successfully else
failure in communication. If Receiver does not receive
data d2 then connection failure.
State Diagram-

A

T

a0
.

t
0

an

S0

S1

(Sender- TOR network)

S1

S2

(TOR network- Encryption)
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S2S2

cells from a target stream and embeds a data stream and
sends to receiver. At receiver we can detect the attacker
and achieve goal by using IP address.

(For Multiple Files)

S2

S3

(Encryption-Attacker)

S4

S5

(Decryption-Receiver)

S4S4
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Functional Dependency chart:-
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1
0
0
0

f3
0
0
1
0
0
0

f4
0
0
1
0
1
0

f5
0
0
0
0
1
0

In TOR network while attacker get the file at exit
onion router. He makes changes in that file. Attacker
may attack at any point but we consider as mentioned in
previous system that attacker present at exit onion route.
While attacker get enters in network communication and
send file to receiver. For this we give solution that IP
addresses of router present in network are stored at
receiver side while attacker is from outside of network
and his IP address is not stored at receiver his IP address
get matched with all address stored in it, if match not
found then attacker get detected and acknowledgement
sent to the sender that attack happen in this way we can
detect attacker.
IV.

CONCLUSION

In this project we introduced attack on TOR which
is difficult to detect and is able to quickly and accurately
confirm the anonymous communication relationship
among users on Tor. An attacker at the malicious exit
onion router slightly manipulates the transmission of
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Abstract—
The paper represent for the patient abnormality
or patient dieses. For the structural constraints
is body temperature , ECG, HIV parameters by
using the following temperature sensor sense the
body temperature and send the signal to the
LPC 2148 that sense the signal to LCD and the
same is displayed on PC. The heart rate sensor
sense the heart bits produces analog output
voltage for the external circuit processing or
display. The entire system can be easily used
track the various constraints of the patients. The
low cost of the device, lowers the cost system for
revolving patient problem.
A LPC 2148 is used for analyzing the inputs
from the patient and any abnormality felt by the
patient causes the monitoring system to give an
alarm. Also all the process parameters within an
interval selectable by the user are recorded
online. This is very useful for future analysis and
review of patient’s health condition. For more
versatile medical applications, this project can
be improvised, by incorporating blood pressure
monitoring systems, dental sensors and
annunciation systems, thereby making it useful
in hospitals as a very efficient and dedicated
patient care system.
Keywords—
I. INTRODUCTION

ZigBee technology will play an important role in
the adoption of Assistive Technology by enabling
wireless low-power communication between
devices and services that foster safe, healthy and
independent living conditions for the disabled or
elderly. In addition ZigBee applications in the
health and fitness domains can address several other
market segments and needs. The following analysis
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focuses on applications of ZigBee technology for
chronic disease monitoring, personal wellness and
personal fitness monitoring.
LM 35

Respiration
rate Sensor

LPC2148

Heart Rate
Sensor

BP
Sensor

LPC
2148

Line
Driver

Line
Driver

Zigbee
Module

Zigbee
MODULE

Block Diagram
This paper is a working model which
incorporates sensors to measure parameters like
body temperature, heart beat rate, respiratory rate
and ECG;. A LPC 2148 is used for analyzing the
inputs from the patient and any abnormality felt by
the patient causes the monitoring system to give an
alarm. Also all the process parameters within an
interval selectable by the user are recorded online.
This is very useful for future analysis and review of
patient’s health condition. For more versatile
medical applications, this project can be improvised,
by incorporating blood pressure monitoring systems,
dental sensors and annunciation systems, thereby
making it useful in hospitals as a very efficient and
dedicated patient care system.
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MEASUREMENT OF RESPIRATORY RATE:
LM34 is used for the measurement of body
temperature and respiratory temperature. This
LM34 is a passive transducer and it’s resistance
depends on the beat being applied on it. We have
arranged the sensor in the potential divider circuit.
This sensor exhibits a large change in resistance
with a change in body temperature. The respiratory
rate is determined by holding the sensor near the
nose. The temperature sensor part is attached to the
patient whose temperature has to be measured,
which changes the values and thus the
corresponding change in the temperature is
displayed on the monitor graphically. Also all
temperature measurements are updated in the
patients database. Here in our project we use bead
temperature sensor.
HEART BEAT MONITOR:
The patient’s heart beat rate is monitored using
photoelectric sensor which can sense the patient’s
pulse rate. This method of tracking the heart rate is
more efficient than the traditional method which
derives the same from ecg graph.

Features
Intelligent automatic compression and
decompression
1. Easy to operate, switching button to start
measuring
2. 60 store groups memory measurements
3. Can read single or all measures
4. 3 minutes automatic power saving device
5. Intelligent device debugging, automatic power to
detect
6. Local tests for : wrist circumference as 135195mm
7. Large-scale digital liquid crystal display screen,
Easy to Read Display
8. Fully Automatic, Clinical Accuracy, Highaccuracy
9. Power by 2 x 1.5V AAA batteries ( NOT
included )
Analog output voltage for external circuit
processing or display.

CIRCUIT DIAGRAM

Reference images of analog output as seen on
oscilloscope
Heart Beat Rate Sensor Cirtuit:
Monitoring the heart beat rate of the
patient can be easily accomplished by analyzing the
ECG pulse . Here, the ECG pulse is amplified and
the average time interval or the instantaneous time
interval between two successive R peaks is
Blood Pressure & Pulse reading are shown on
measured, from which the heart beat rate is derived.
display with analog out for external projects of
But this method fails to indicate heart blocks
embedded circuit processing and display. Shows
immediately and so photo electric pulse transducers
Systolic, Diastolic and Pulse Readings. Compact
are used.
design fits over your wrist like a watch. Easy to use
The pulse rate monitoring method indicates a heart
wrist style eliminates pumping.
block immediately by sensing the cessation of
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blood circulation in the limb terminals. This
technique uses photoelectric transducers which are
easy to apply then the 3 ECG electrodes. Also the
output signal amplitude is large with better signal to
noise ratio.
The finger probe used for pulse pick up consists
of a Ga As infrared LED and a silicon NPN
phototransistor mounted in an enclosure that fits
over the tip of the patients’ finger. The peak
spectral emission of the LED is at 0.94 mm with a
0.707 peak bandwidth of 0.04mm. The silicon
phototransistor is sensitive to radiation between 0.4
and 1.1.mm. Due to the narrow bond of the
spectrum involved the radiation heat output is
minimized. The photo transistor is used as an
emitter follower configuration. The IR signal from
the LED is transmitted through the finger tip of the
patient’s finger and the conductivity of the
phototransistor depends on the amount of radiation
reaching it with each contraction of the heart, blood
is forced to the extremities and amount of blood in
finger increases. This alters the optical density and
so the IR signal transmission through the finger
reduces, causing a correspondence variation in
phototransistor output. The phototransistor is
connected as part of a voltage divider circuit, with
10KΩ and 22 KΩ carbon resistors and produces a
voltage pulse that closely follows the heart beat
rate . This pulse output is given to the bit 4 of the
port D of the microcontroller for signal processing.

emulation and embedded trace support, that
combines the microcontroller with 64 kB and 512
kB of embedded high-speed flash memory. A 128bit wide memory interface and a unique accelerator
architecture enable 32-bit code execution at the
maximum clock rate. For critical code size
applications, the alternative 16-bit Thumb mode
reduces code by more than 30 % with minimal
performance penalty.
Due to their tiny size and low power consumption,
LPC2142/2148 are ideal for applications where
miniaturization is a key requirement, such as access
control and point-of-sale. A blend of serial
communications interfaces ranging from a USB 2.0
Full-speed device, multiple UARTs, SPI, SSP to
I2C-bus and on-chip SRAM of 16 kB/40 kB, make
these devices very well suited for communication
gateways and protocol converters, soft modems,
voice recognition and low end imaging, providing
both large buffer size and high processing power.
Various 32-bit timers, single or dual 10-bit ADC(s),
10-bit DAC, PWM channels and 45 fast GPIO lines
with up to nine edge or level sensitive external
interrupt pins make these microcontrollers
particularly suitable for industrial control and
medical systems.
Features
1. 16/32-bit ARM7TDMI-S microcontroller in a
tiny LQFP64 package.
2. 16 kB/40 kB of on-chip static RAM and 64
kB/512 kB of on-chip flash program memory. 128bit wide interface/accelerator enables high-speed
60 MHz operation.
3. In-System Programming/In-Application
Programming (ISP/IAP) via on-chip boot-loader
software. Single flash sector or full chip erase in
400 ms and programming of 256 bytes in 1 ms.
4. EmbeddedICE RT and Embedded Trace
interfaces offer real-time debugging with the onchip Real Monitor software and high-speed tracing
of
instruction execution.
LPC2148
The LPC2142/2148 microcontrollers are based on a 5. USB 2.0 Full-speed compliant device controller
32/16-bit ARM7TDMI-S CPU with real-time with 2 kB of endpoint RAM.
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In addition, the LPC2148 provides 8 kB of on-chip
RAM accessible to USB by DMA.
6. One or two (LPC2142/48) 10-bit ADCs provide a
total of 6/14 analog inputs, with conversion times as
low as 2.44 μs per channel.
7. Single 10-bit DAC provides variable analog
output.
8. Two 32-bit timers/external event counters (with
four capture and four compare channels each),
PWM unit (six outputs) and watchdog.
Low power Real-Time Clock (RTC) with
independent power and dedicated 32 kHz clock
input.
9. Multiple serial interfaces including two UARTs
(16C550), two Fast I2C-bus (400 kbit/s), SPI and
SSP with buffering and variable data length
capabilities.
10. Vectored Interrupt Controller (VIC) with
configurable priorities and vector addresses.
11. Up to 45 of 5 V tolerant fast general purpose
I/O pins in a tiny LQFP64 package.
12. Up to nine edge or level sensitive external
interrupt pins available.
13. 60 MHz maximum CPU clock available from
programmable on-chip PLL with settling
time of 100 μs.
14. On-chip integrated oscillator operates with an
external crystal in range from 1 MHz to 30 MHz
and with an external oscillator up to 50 MHz.
15. Power saving modes include Idle and Powerdown.
16. Individual enable/disable of peripheral functions
as well as peripheral clock scaling for additional
power optimization.
17. Processor wake-up from Power-down mode via
external interrupt or BOD.
18. Single power supply chip with POR and BOD
circuits:
19. CPU operating voltage range of 3.0 V to 3.6 V
(3.3 V ± 10 %) with 5 V tolerant I/O pads.
TEMPERATURE SENSOR-LM35D
The LM35 series are precision integrated-circuit
temperature sensors, whose output voltage is
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linearly proportional to the Celsius (Centigrade)
temperature. The LM35 thus has an advantage over
linear temperature sensors calibrated in ° Kelvin, as
the user is not required to subtract a large constant
voltage from its output to obtain convenient
Centigrade scaling. The LM35 does not require any
external calibration or trimming to provide typical
accuracies of ± 1/4°C at room temperature and ±
3/4°C over a full -55 to +150°C temperature range.
Low cost is assured by trimming and calibration at
the wafer level. The LM35's low output impedance,
linear output, and precise inherent calibration make
interfacing to readout or control circuitry especially
easy. It can be used with single power supplies, or
with plus and minus supplies. As it draws only 60
μA from its supply, it has very low self-heating, less
than 0.1°C in still air. The LM35 is rated to operate
over a -55° to +150°C temperature range, while the
LM35C is rated for a -40° to +110°C range (-10°
with improved accuracy). The LM35 series is
available packaged in hermetic TO-46 transistor
packages, while the LM35C, LM35CA, and
LM35D are also available in the plastic TO-92
transistor package. The LM35D is also available in
an 8-lead surface mount small outline package and
a plastic TO-220 package.
Features
1. Calibrated directly in ° Celsius (Centigrade)
2. Linear + 10.0 mV/°C scale factor
3. 0.5°C accuracy guaranteeable (at +25°C)
4. Rated for full −55° to +150°C range
5. Suitable for remote applications
6. Low cost due to wafer-level trimming
7. Operates from 4 to 30 volts
8. Less than 60 μA current drain
9. Low self-heating, 0.08°C in still air
10.Nonlinearity only ±1⁄4°C typical
11. Low impedance output, 0.1 W for 1 mA load
Applications
The LM35 can be applied easily in the same way as
other integrated-circuit temperature sensors. It can
be glued or cemented to a surface and its
temperature will be within about 0.01°C of the
surface temperature. This presumes that the ambient
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air temperature is almost the same as the surface
temperature; if the air temperature were much
higher or lower than the surface temperature, the
actual temperature of the LM35 die would be at an
intermediate temperature between the surface
temperature and the air temperature. This is
especially true for the TO-92 plastic package, where
the copper leads are the principal thermal path to
carry heat into the device, so its temperature might
be closer to the air temperature than to the surface
temperature.
To minimize this problem, be sure that the wiring to
the LM35, as it leaves the device, is held at the
same temperature as the surface of interest. The
easiest way to do this is to cover up these wires
with a bead of epoxy which will insure that the
leads and wires are all at the same temperature as
the surface, and that the LM35 die’s temperature
will not be affected by the air temperature.
The TO-46 metal package can also be soldered to a
metal surface or pipe without damage. Of course, in
that case the V− terminal of the circuit will be
grounded to that metal.
Alternatively, the LM35 can be mounted inside a
sealed-end metal tube, and can then be dipped into a
bath or screwed into a threaded hole in a tank. As
with any IC, the LM35 and accompanying wiring
and circuits must be kept insulated and dry, to avoid
leakage and corrosion. This is especially true if the
circuit may operate at cold temperatures where
condensation can occur. Printed-circuit coatings and
varnishes such as Humiseal and epoxy paints or
dips are often used to insure that moisture cannot
corrode the LM35 or its connections.
These devices are sometimes soldered to a small
light-weight heat fin, to decrease the thermal time
constant and speed up the response in slowlymoving air. On the other hand, a small thermal
mass may be added to the sensor, to give the
steadiest reading despite small deviations in the air
temperature.
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LCD DISPLAY

A liquid crystal display (LCD) is a thin, flat
electronic visual display that uses the light
modulating properties of liquid crystals (LCs). LCs
do not emit light directly. They are used in a wide
range of applications including: computer monitors,
television, instrument panels, aircraft cockpit
displays, signage, etc. They are common in
consumer devices such as video players, gaming
devices, clocks, watches, calculators, and
telephones. LCDs have displaced cathode ray
tube(CRT) displays in most applications. They are
usually more compact, lightweight, portable, less
expensive, more reliable, and easier on the eyes.
They are available in a wider range of screen sizes
than CRT and plasma displays, and since they do
not use phosphors, they cannot suffer image burnin. LCDs are more energy efficient and offer safer
disposal than CRTs. Its low electrical power
consumption enables it to be used in batterypowered electronic equipment. It is an
electronically-modulated optical device made up of
any number of pixels filled with liquid crystals and
arrayed in front of a light source (backlight) or
reflector to produce images in colour or
monochrome. The earliest discovery leading to the
development of LCD technology, the discovery of
liquid crystals, dates from 1888.[1] By 2008,
worldwide sales of televisions with LCD screens
had surpassed the sale of CRT units. Each pixel of
an LCD typically consists of a layer of molecules
aligned between two transparent electrodes, and
two polarizing filters, the axes of transmission of
which are (in most of the cases) perpendicular to
each other. With no actual liquid crystal between
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the polarizing filters, light passing through the first
filter would be blocked by the second (crossed)
polarizer. In most of the cases the liquid crystal has
double refraction.[citation needed] The surface of
the electrodes that are in contact with the liquid
crystal material are treated so as to align the liquid
crystal molecules in a particular direction. This
treatment typically consists of a thin polymer layer
that is unidirectionally rubbed using, for example, a
cloth. The direction of the liquid crystal alignment
is then defined by the direction of rubbing.
Electrodes are made of a transparent conductor
called Indium Tin Oxide (ITO).
LED(LIGHT EMITTING DIODE): A lightemitting diode (LED) (pronounced /
l iː
ˈ diː /[1]) is a semiconductor light source. LEDs
are used as indicator lamps in many devices, and
are increasingly used for lighting. Introduced as a
practical electronic component in 1962,[2] early
LEDs emitted low-intensity red light, but modern
versions are available across the visible, ultraviolet
and infrared wavelengths, with very high
brightness.When a light-emitting diode is forward
biased (switched on), electrons are able to
recombine with holes within the device, releasing
energy in the form of photons. This effect is called
electroluminescence and the color of the light
(corresponding to the energy of the photon) is
determined by the energy gap of the semiconductor.
An LED is usually small in area (less than 1 mm2),
and integrated optical components are used to shape
its radiation pattern and assist in reflection.[3]
LEDs present many advantages over incandescent
light sources including lower energy consumption,
longer lifetime, improved robustness, smaller size,
faster switching, and greater durability and
reliability. LEDs powerful enough for room lighting
are relatively expensive and require more precise
current and heat management than compact
fluorescent lamp sources of comparable output.
Light-emitting diodes are used in applications as
diverse as replacements for aviation lighting,
automotive lighting (particularly indicators) and in
traffic signals. The compact size of LEDs has
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allowed new text and video displays and sensors to
be developed, while their high switching rates are
useful in advanced communications technology.
Infrared LEDs are also used in the remote control
units of many commercial products including
televisions, DVD players, and other domestic
appliances.

Conclusion
There are several trends in the healthcare and
wellness areas that may potentially reshape the
medical, and fitness industries. The shift from
reactive to proactive healthcare and wellness is
fueling an increased vigilance and service
applications in targeted fitness and chronic disease
management.
The low power wireless component preserves
mobility while the low-power component ensures
that sensing and monitoring devices preserve our
independent lifestyle. The ZigBee Health Care
public application profile is designed from the start
with the use cases taking these current trends into
account. ZigBee Health Care can be implemented to
create a scalable network of low-power wireless
nodes specifically designed to sense and monitor
the health and well being of individuals in
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applications that include chronic disease
management, fitness, and aging independently.
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Abstract — This paper puts forward a methodology for
designing 1 bit full adder using a newly proposed 4T xor
gate. The 4T xor gate is formed of 2 pMOS and 2 nMOS
transistors. The sum is formed using 2 xor gate and the
carry is formed using a 2T mux. The resulting 1 bit full
adder is made up of 10 transistors. The simulation is
done using Cadence Virtuoso Simulator using 180nm
technology and 1.8V power supply. The results show the
efficiency of the design.
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I.

INTRODUCTION

Addition is one of the fundamental arithmetic operations
in the field of design. It is used extensively in many VLSI
systems such as microprocessors and application specific
DSP architecture. In addition to its main task which is
adding two numbers, it is the nucleus of many other useful
operations such as, subtraction, multiplication etc. In most
of these systems the adder lies in the critical path that
determines the overall performance of the system.

the expense of the performance of other designs. The logic
style used in logic gates basically influences the size, speed,
wiring complexity and power dissipation of a circuit.
There are basically two types of full adders in case of
logic structure: static style and the other is dynamic style.
The static full adders are generally more reliable, consume
less power and simpler than the dynamic full adders. By
literature survey of the research papers I have found
different low voltage approaches with full swing realizing of
static adders using CMOS technology. The static CMOS
logic styles that have been used to implement the low-power
1-bit adder cells are basically complementary CMOS and
the Pass-Transistor logic circuits. There are varieties of
designed full adder using various different number of
transistors and different logic styles.
Starting from 28T conventional 1 bit full adder, researchers
have designed adders using only 6T transistors. All the
different logic styles have different speed and power
performances. Some techniques give better speed efficiency
whereas others give better power.

III. THEORETICAL BACKGROUND
The XOR gate is the basic building block of the full
adder circuit basically. So, the performance of the full adder
can be improved by enhancing the performance of the XOR
gate. The main intention of reducing this transistor count is
to reduce the size of XOR gate so that large number of
devices can be configured on a single silicon chip thereby
reducing the area and delay.

II.

RELATED WORK IN FULL ADDER DESIGN

In recent years, several varieties of different logic styles
have been proposed to design 1-bit adder cells [1-15]. There
are standard implementations with various logic styles that
have been used in the past to design full-adder designs and the
same can be used for comparison. Although, they all have
similar functionality, but the way of producing the
intermediate nodes and the transistor count is varied. The
different logic styles tend to favor one performance aspect at

Full Adder is a logic circuit that adds a pair of
corresponding bits of two numbers expressed in binary form
and also any carry from a previous stage producing a sum with
a new carry. Hence, it is also called a three input adder.
Basically adder topologies are based on two XOR circuits
(Module I and Module II) generating the sum and Module 3
made up of different topologies to generate the carry out as
shown in figure 1. The Carry signal can obtained by using one
MUX and one XOR output.
Mathematically,
Sum = A ⊕B ⊕C
Carry = AB + C (A⊕B)
Assuming, H = A⊕B, we get,
Sum = H⊕C
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Carry = A· H' + C·H

(iv)

nmos are connected in multiplexer form to get the carry output
of the full adder.
The truth table for 1 bit full adder is shown in table 2. The
transient response is shown in fig. 5. It can be compared with
the truth table. This shows the efficiency of the design of 1 bit
full adder using 10 transistors.

Fig.1: Structure of Full Adder

IV.

EXPERIMENTS AND RESULTS

It is seen that the 1 bit full adder is formed using xor gate.
The xor gate given in fig.2 is designed on the basis of the truth
table given in table 1. From the table we can see that,
When A=0; Y=B and
When A=1; Y=B'
Y=A'.B+A.B'

(v)

Fig.2: 4T XOR schematic diagram

Using this concept the 4T xor is formed. Firstly, B' is
formed by using an inverter with one pMOS and one nMOS
transistor. Then, by using another one pMOS and one nMOS
transistor the with the multiplexer concept the 4T xor is
designed. Here, A acts as the select terminal.
Table 1. XOR gate truth table

A
0
0
1
1

B
0
1
0
1

Y
0
1
1
0

Fig. 3 shows the transient response of the designed 4T xor
gate. The voltage input given is 1.8 V. In the output waveform
the voltage level above 1V is considered as logic 1 and that
below 1 V is considered as logic 0. The transient response
resembles the output of xor gate.
Using this 4T xor gate the sum of the 1 bit full adder is
formed as shown in the schematic diagram of fig. 4. Two xor
gate together forms the sum output. Again, a pmos and an
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Fig.3: 4T XOR transient response
Table 2. 1 bit full adder truth table

A
0
0
0
0
1
1
1
1

B
0
0
1
1
0
0
1
1

C
0
1
0
1
0
1
0
1

SUM
0
1
1
0
1
0
0
1

Fig.5: 1 bit full adder transient response

V. CONCLUSION
CARRY
0
0
0
1
0
1
1
1

Fig.4: 1 bit full adder using 4T XOR and 2Tmux schematic diagram
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The 4T design of xor gate gives a new design which can be
used for other applications. The full adder designed using this
xor gate is found to be efficient from both speed and power
perspective. Reduced number of transistors also helped in
reducing the power dissipation and increasing the speed of the
design.
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universities. From that understanding focusing on British
education system, the research question under pinning this
research is what is the past, present and future of ICT in higher
education?

Abstract
Based on a survey of twenty UK institutions of higher
education this paper presents a critical discussion on the past,
present and future of Information Communication Technology
(ICT ) in higher education. From the survey of specifically
selected higher education institutions in last three months 2013 it
was established that all higher education institutions from
conventional lecture theatre approaches are utilising virtual
learning environments and are moving towards third generation
virtual education. The most popular Virtual Learning
Environment (VLE) are Blackboard and Moodle.

2. The Past
The past of information communication technology in
education is dotted with success and failures. The debate is
well captured in three different researches considered in this
research. First is Bates (1990) who was very critical
responding to a presentation by Joseph Pelton at the 15th
World Congress on Distance Education (Caracas, Venezuela).
By then according to Bates (1990), Pelton (1990) was a good
example of breathless style of futurism in that the paper
presented a tele-education which is sometimes referred to as
distance education. The paper argued that tele-education was
to provide three opportunities in solving many of the major
educational problems facing the world; ‘global networking,
increased interactivity and more control for learners in a
highly cost-effective manner,’ (Bates, 1990:3).
The big concerned which forced Bates (1990) to respond to
Pelton (1990) was that in his own words Bates wanted
educators rather than technological idealists to be in the
driving seat of ICT in education. He went on to mention that
his response was to make sure that learners are not run-over by
technology. Therefore he focused his research on how relevant
was tele-education for developing countries and what teleeducation would do for the quality of learning.
From both the background leading to Bates (1990) and the
research aims and questions it clearly indicated to this writer
that it has not been smooth sailing for ICT in higher education.
In explain his position Bates categorised tele-education
sometimes referring it to distance education into three phases;
correspondence teaching – single media, distance education –
multi media and tele-education and third generation distance
education.
The single media system is a pre 1969 system which was
characterised by little or no production of material. Bates
(1990) explained that students were given a reading list and a
set of sample questions which correspondence tutors marked.
Later radio and television came along, however broadcast
based courses were rarely linked to acquisition of formal
qualification. From Bates (1990) explanation of single media
education system there were two main problems. First there
was no production of study material leading to high drop-outs.
The second problem was the courses were rarely linked to
acquisition of formal qualification.

Keywords : Information Communicatio Technology,Virtual
Learning Enveronment,Higher Education

I.

INTRODUCTION

The 21st century has witnessed tremendous advancements in
technology which has led to far-reaching developments in the
higher education. Cost-effective technology combined with
the flexibility in learning is essential to enhance efficiency.
In all institutions there is a high appetite for utilising ICT. This
is evidenced by huge financial resources being invested in ICT
as well as high and complex operational skills being used. For
example Oxford University for the period 2005 to 2010
committed £11 million a year in its ICT budget and priority
plan (Oxford, 2010). Essex University summed up their 2010
information system strategy writing that ‘ICT underpins all of
the university’s principal activities. In many areas it
contributes directly to the efficiency of University operations
and in others it is vital for the existence of the activity. ICT
has direct and indirect roles in supporting and enabling the
University’s vision and strategic objectives.’
This researcher realised that the prominence and importance
of ICT in higher education has been growing year in year out
since Lehmann (1971) first asserted that use of ICT would be
the defining feature of higher education. As a result visions of
virtual universities and cyber-classrooms continue
proliferating the literature. This paper discusses the past,
present and future of ICT in higher education based on the
model based on technology based delivery system.
If current proponents of the information revolution are to be
believed, then university education is inevitably following the
lead set by business and industry into computerisation. It was
also realised that new technologies are continuously
prompting the managerial and commercial reshaping of the
global business of higher education as well as reshaping and
recommodifying teaching, learning and administration in
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The present state of both developed and developing economies
are demanding more and more people to learn new knowledge
and skills in timely and effective manner. Therefore the
advancement of computers and networking technologies are
providing a diverse means to support learning in more
personalised, flexible, portable and on-demand manner,
(Zhang et al, 2004). Therefore one aspect which assists in
understanding how UK is prepared for virtualisation of higher
education is checking its internet readiness ranking and
network readiness index.
The most recent surveys EIU (2010) and WEF (2012) as
shown on tables below showed that UK is competently
positioned in the top fifteen.

Later the system was improved to multi-media which came
onto the educational system in 1969 with the birth of the
British Open University. ‘For the first time, a deliberately
integrated multi-media approach was adopted to produce fully
qualified graduates ...’ (Bates, 1990: 4). Although this
approach solved problems identified in single media such as
fear of students being over-run by technology and high
dropout, it brought in a new type of a problem;
industrialisation of education and high fixed costs associated
with developing courses. Although variable costs were lower
there was a need of high enrolments to offset fixed costs. The
industrialisation of higher education according to Bates (1990)
eroded the quality of education and as a result higher teleeducation institutions switched to become dual-mode
institutions. Dual-model institutions as well as teaching on
campus also offered courses at a distance.
The third type was the third generation tele-education
institutions which were based on the use of electronic
information technologies. The third generation tele-education
institutions used tele-communication and computers and
provided far much greater facilities for two-way
communication. This level is very close to the modern day
virtual institutions where there is more online interaction
between learners and tutors.
Throughout the development of tele-education Bates (1990)
agreed with Pelton (1990) that regardless of its failures and
shortcomings it was helping to tackle the huge demand and
need of education and training both in developed and
developing countries. The same writer further explained that
the low-cost use of media extends the teacher beyond the
classroom walls to a very large number of students. This
argument to this writer indicates that the more efficient and
effective use of technology can allow for more interaction
between tutors and students regardless of distance between
them.
In summary this section presented three points. First is that the
past of involving ICT technology in education included fear
that learners could be over-run by technology and hence no
much formal qualification acquired through tele-education.
Secondly the distance education created a background and
need of involving ICT in education, hence it there was a
trajectory from single media system through multi-media to
third generation. The third point was industrialisation of
education, though had some negatives it managed to tackle
huge demands for education and training in both developed
and developing countries at a cost lower than conversional
system.
3.

Table 1 Digital Economy Ranking and Network Readiness Index

Then from a competitive position in world rankings the second
task is to check what other researcher had found and what
higher education institutions are doing in terms of
virtualisation.
Nicholson (2007: 1) concurring with Zhang et al (2004)
explained that ‘e-learning is now regarded as a form of
learning that uses the affordances of the internet to deliver
customised, often interactive, learning materials and programs
to diverse local and distant communities of practice.’
Zhang et al (2004) earlier explored the advances in e-learning
technology and practice and presented results comparing the
effectiveness of e-learning and conventional classroom
learning. The results of the experiment which this writer
prescribes to and which are consistent with other research
results showed that the internet and multimedia technologies

The Present

The present of ICT in higher education from different
researches is indicating that use of technology in education
delivery is moving to become a prime motivator and a driver
for change and major economies. These sentiments are backed
by the views of Zhang et al (2004: 75) who explained that ‘the
knowledge based economy has exhibited a pervasive demand
for innovative ways of delivering education, which has led to
dramatic changes in learning technology and organisations.’
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This researcher concurred with above mentioned strategies
that the ever emerging technologies are revolutionising
learning methods. Therefore there is a need to further
undertake continual research into the effectiveness of adapting
the emerging technologies to enhance and utilise them for use
within the learning environment. Therefore it is reasonable at
this point to conclude that universities in UK are taking
serious the existence of e-learning and are strategically
positioning themselves to utilise the technology into a long
future.
In addition to having specific and well defined e-learning
strategies, universities are investing huge amount of money to
realise the set e-learning strategic goals. For example Oxford
University for the period 2005 to 2010 committed £11 million
a year in its ICT budget and priority plan (Oxford, 2010). This
means that the university in a five a period invested fifty-five
million British pounds.
Another good example is Essex University which in 2010
published that the university’s information system strategy
underpinned all of the university’s principal activities and
contributed directly to the efficiency of the university
operations. This was concurred by an IT Manager at one
university who said ‘the internet is dominating our
information and knowledge delivery strategy because of its
low cost and real-time distribution.’
Another important point to consider at this junction is that the
present in terms of e-learning is a solution for past problems
but still a problem for the future. This researcher found out
that in order for the present e-learning framework to be what it
is because of two basic reasons; pedagogy trajectory, internet
readiness and the virtual mentor.
Pedagogy Trajectory
Following the above analysis, this writer is observing that
major universities in pursuit of excellence, effectiveness,
efficiency and innovation there are creating and following
pedagogy trajectory. Furthermore this writer had also
observed the pedagogy trajectory had significant demonstrable
effects on academic and economic issues at large. This is
evidenced by the easy of accessibility to learning material,
improved pass rates and delivery services as confirmed by
Oxford (2012) who confirmed that they were providing a
high-quality cost-effective services, support, and training to
Oxford University staff and students, enabling excellence,
innovation and best practice in teaching, learning and
research.
Another example is the virtual mentor which according to
Zhang et al (2004: 76) is ‘a multimedia-based e-learning
environment that enables well structured, synchronised and
instructive multimedia instructions... is influenced by
constructivist learning theory which describes how learning
take place through proactive interactions and reinforcements.’
The concept of virtual mentor is underpinned by six
principles; multimedia-integration, just-in-time knowledge
acquisition, interactivity, self-directivity, flexibility and
intelligence. However a survey by Kim and Bonk (2006)
established that institutions that a embracing e-learning as
much as they may realise some academic, economic and social

are reshaping the way knowledge is delivered and that elearning is becoming a real alternative to traditional learning.
This view is also supported by strategic positions being taken
by leading institutions of higher education such as De
Montfort University (DMU), Oxford University (Oxford) and
University of Leicester (UoL). For the purpose of its strategy
DMU defined learning facilitated and supported through the
use of information and communication technologies as
Technology-Enhanced Learning.
According to DMU, their strategy sits within the framework of
the DMU Learning Teaching and Assessment Strategy, and it
aims to build capability and to optimize the pedagogic benefits
to the University by focusing upon good practice, in light of
both user needs and preferences, and their corporate, academic
objectives (DMU, 2014).
The UoL (2013) claims that the University of Leicester’s elearning strategy promotes the building of pedagogical
innovation, increasing the deployment of learning
technologies and enabling research in a way that directly
addresses business opportunities and imperatives. UoL (2013)
further claimed that the strategy provides for equivalent and
enhanced learning and support experiences for all its students
as well as offering a framework that not only develops and
extends the range of services and approaches already in place
but also looks to deepen understanding and deployment of
learning technologies.
UoM (2014) explained similar sentiments with UoL (2013) in
explaining that their e-learning strategy has the objectives of
facilitating the continued integration of eLearning within the
curriculum. The same source emphasised that the University
will explore ways to promote and encourage innovation in elearning and facilitate the dissemination of good practice
where these enhance current practice.
As a result of promoting and encouraging innovation in elearning University of Manchester (UoM) is expecting to
realise an increased integration of e-learning into the
curriculum, new learning approaches and pedagogy where
possible. UoM is recognising opportunities that technology
provides for assisting students' independent learning while
working both on and away from the campus (UoM, 2014).
After synthesising and critically analysing the three e-learning
strategies of three different universities it is reasonable to
conclude that at present e-learning is important to institutes of
higher education because they are all indicating that e-learning
is promoting the building of pedagogical innovation,
increasing the deployment of learning technologies and
recognising opportunities internet technology is providing in
assisting students’ independent learning while working both
and away from campus.
Further analysis of other leading universities in UK like
Oxford, Liverpool John Moore University and University of
East London, they are all indicating that for the period 2000 to
2010 they are promoting the building of pedagogical
innovation, increasing the deployment of learning
technologies and transforming the way in which their staff and
students work, learn and communicate with each other.
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For easy of understanding and as explained in the above
paragraph the diagrams display the survey response rate and
success rate. The questionnaire comprised of nine questions
forming three themes; network types, devices which could be
connected to a network and system functionality.
The results from 16 valid responses indicated that different
ICT network topologies are being used and the responses are;
bus topology (9), star topology (5), ring topology (2) and any
other (0). Responding to the question if they are using any
virtual learning environment (VLE) all 16 valid responses
indicated ‘yes’. For the type of the VLE being used eleven
indicated that they are using blackboard and five are using
Moodle which translate to the diagram shown below;

gains there are challenges. The researcher presented the
present challenges as student boredom leading to high dropout
rate and the alternating pervasive sense of e-learning gloom.
In addition to working with literature this researcher worked
with a questionnaire which was communicated to different
institutions of higher education. The results are as presented in
the following section.
4. Questionnaire Results
This researcher collected data by means of a questionnaire
from twenty higher learning institutions that are providing
close to virtual education in the form of e-learning. The
questionnaire was administered once to a group of institution
randomly selected. This approach was deemed not only
reasonable but also appropriate because ‘this approach can be
very informative,’ (Murray and Beglar, 2009: 43). However
the researcher was also aware as reported by the same authors
that ‘it’s not a good way to establish causality as cause and
effect relationships can only be convincingly through
experience.

Figure . 3. Types of VLE

On the aspect of how long it takes for a prospective new
system user to learn the system, all responses indicated that it
takes less than one week, which in this researcher’s opinion is
a reasonable time. Then on the aspect of functionality and
benefits the responses are as presented and discussed below.
Analysing the collected data and synthesising it with informal
academic discussions and other academic sources such as
journals articles this researcher presents and concludes that
there are basically benefits and challenges of virtualising
university education. In brief three benefits with highest
frequencies are; on-time educational resources availability and
delivery, equitability of all students regardless of their
geographical location as long as there is internet connection,
financial and technology cost reduction and standardisation
and flexibility.
The above benefits are consistent with Ondari-Okemwa (2002:
322) who found that ‘institutions of higher education can
provide more cost effective mass education in disciplines that
are critically needed in sub-Saharan Africa, by using
technology to share quality academic facilities, information
resources and laboratory experiences available anywhere in
the world.’
The mentioned benefits are also in tandem with Fulford (2013)
citing Grabski (2000), in his extensive evaluation of
information communication technology projects categorised
them into tangible and intangible. Among the tangible benefits
he mentioned and explained financial and technology cost
reduction only if the ICT project originates from a strategic
initiatives. The same author anchoring ICT on organisational
strategic objectives increases revenue and profits, on-time
delivery of services, integration of departments,
standardisation of operations and flexibility. All these are

Figure.1. Sample Composition

The sample size of twenty as shown on the diagram above
consisted of ten universities of which one is in America and
Africa, three in Kingdom of Saudi Arabia and five in United
Kingdom, six colleges of further education and four private
post compulsory education colleges all in UK. The responses
received at close of the survey consisted of seven universities,
translating to 70% success rate, five colleges of further
education translating to 83% and all four private post
compulsory education colleges. Therefore the overall success
rate is 80% as shown on the diagram below.

Figure 2: Response and Success Rate
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On the other hand are operational challenges which are
isolation and detachment and resistance to change.
First operational challenge that emerged from analysed data
from the questionnaire results is that engaging service
consumer through a virtual world does not as much create
value as much as personal interaction would do. Therefore
there is a strong element of isolation and detachment which
concurred with Kirkman et al (2002: 72) whose research found
that ‘the major disadvantage of virtual teams is the lack of
physical interaction with its associated verbal and nonverbal
cues... virtual teams struggle with creating synergy... building
trust in virtual teams is extremely difficult, given the limited
face-to-face interaction.’ The same author then concluded that
physical interaction brings in some level of social interaction
which is essential in almost all jobs. Without it, workers feel
isolated and out of the loop.
The second operational challenge was resistance to change.
One respondent wrote that even in UK some high profile
experienced lecturers are not that much willing to use virtual
learning environments. The same respondent concluded that
they preferred the traditional approach of physically
interacting with their students. This comment is consistent
with Ondari-Okemwa (2002), in reference to African Virtual
University, who established that virtualising university
education is moving very slowly due to tough competition
from traditional teaching methods; chalkboards. The same
author concluded by writing that ‘the chalkboard is still a very
common and popular feature in lecture halls in many
universities across Africa,’ (Ondari-Okemwa 2002: 326).
All the challenges mentioned above are consistent with
Ondari-Okemwa (2002) whose research established that all
virtual organisations’ heavy reliance on information
technology and communication technology exposes them to
technical challenges. Such organisations in developing
countries including African Virtual University operates in
technological deserts, peripheral to the global knowledge
revolution suffers from unreliable, erratic and fragile
telecommunication and electricity supply.

found to be also the needs and benefits of virtualising
university education.
However, also from analysing collected data, three challenges
emerged which are surprising closely linked to identified
benefits; standardisation, restricting knowledge flow and
negatively affecting interaction between students and their
institutions. This researcher classified them into technical and
operational.
Technical challenges identified are standardisation, scalability
and distributed architecture which link very well with the core
of this research; service oriented architecture.
First, standardisation is a technical challenge in that to
virtualise higher education there are preset format and
procedures which have to be followed and may be restrictive.
The systems are set in predefined standard that it is not easy to
accommodate new applications due to compatibility issues.
This result concurred with Fulford (2013) citing Johnson et al
(2004) that some organisations end-up being unable to adapt
to ever changing business environment due to the difficulties
of reconfiguring systems. From this observation this
researcher then is of the opinion that some organisations are
stake with old versions of software. This is evidenced by the
fact that one top class university is still using an old operating
system, Windows XP which is more than three generations
behind compared to what is on the market such as Windows 8.
On the aspect of restricting knowledge flow, one comment
from the questionnaire reads ‘structured and procedural
communication suits more machines than people.’ In my
opinion this comment is very valid in the sense that it echoes
Fulford (2013: 91) citing Morton and Hu (2004) who
explained that ‘... applications were most appropriate for
machines bureaucracies and are a poor match with
professional bureaucracies and divisionalised organisations.’
The second challenge is scalability which has been realised
from the questionnaires that the requirement to support realtime interaction between large numbers of simultaneous
participants distributed over a wide area network. Scalability
as it refers to graphical and behavioral complexity of
virtualizing education.
One respondent wrote that ‘there are many system bottlenecks.
Large numbers of active participants generate high volume of
network traffic, updates and audio packets which is too much
for our server.’ On a similar challenge on scalability another
respondent wrote ‘hardware and software updates do not come
at the same time, therefore there is a problem with the ‘lastmile’ network connection to each participant. Student
computers may not be compatible with our servers.’
The third technical challenge is distributed architecture.
Learning virtual environments supports huge numbers of
geographically distributed users. Therefore supporting a huge
number of simultaneous system users is a challenge. This is
confirmed by one comment from the questionnaire which read
‘inappropriate and incompatible software and hardware
compromises data storage and sharing resulting in
uncontrolled costs.’ This challenge, links well with the generic
security challenges of any web-based system; thus providing
safe and secure system.

5. The Future
As for the future from different pieces of literature and
discussions with people managing e-learning it indicated that
e-learning technologies such as webinars and webcasts are
reshaping the way lectures are delivered. Therefore e-learning
is following the inclination in other sectors of the economy in
becoming a real alternative to traditional way of conducting
business.
According to Kim and Bonk (2006: 22) which this
researcher’s survey confirmed ‘institutions of higher education
have embraced online education and the numbers of students
enrolled in distance programs are rapidly rising in colleges and
universities.’ Although Kim and Bonk were referring to
universities and colleges in USA, the trend is identical in UK
and other developed countries evidenced by the existence of
strong and well resourced e-learning strategies as mentioned
in earlier sections of this paper.
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being a ‘killer application ... or a new way of learning,’
(Nicholson, 2007).
It was presented and critically argued that the trend in the
provision of e-learning is indicating that it utilises the
capabilities of the internet to deliver customised, interactive
learning environment to diverse local and distance clientele.
This is only possible with the availability and readability of
the necessary internet infrastructure. As researched and
concluded by Nicholson (2007) this writer also conclude that
e-learning is a concept that is and will promote one-to-one,
one-to-many and many-to-many learning environments
without compromising on quantity and quality of learning.
This is evidenced by well resourced e-learning strategies
which are tapping from the past and drilling well into the
future.
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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 multichannel modulation system employing Frequency
Division Multiplexing (FDM) of orthogonal subcarriers, 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
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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 remarkable
ability to store and process information which is
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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.
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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:

Fig.2 Block diagram of Digital Video Broadcast
Terrestrial Transmitter

=
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)
}
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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.

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+
where
and ci.

III. STRUCTURAL MODELING

,

j=1, 2, M

is the the Euclidean distance between u

RBF (Radial Bsis Function)Network
IV. SIMULATION RESULTS

Fig.4
Network

Structure of standard

RBF

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
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Fig.5 DVBT system with phase noise for AWGN
channel
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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 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
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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
error signal.MSE (Mean Square Error) of an
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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

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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Efficient Joint Estimation of I/Q Imbalance & CFO With Channel Residual
Energy &Using One Or Two OFDM Block For Training .
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Abstract—Challenging
task
for
future
wirelesscommunication system is Channelestimationto
reduce biterror rate& increase SNR in presence of inphase and quadrature-phase (I/Q) imbalance & carrier
frequency offset (CFO) .So in this paper we study the
efficient joint estimation of (I/Q) imbalance, (CFO) by
using channel residual energy (CRE)for multiple-input
multiple output (MIMO) orthogonal frequency division
multiplexing (OFDM) .We define concept channel
residual energy (CRE) . The amount of energy present in
a Channel at aparticular time is called channel residual
energy. when the channel is engaged in a transmission or
reception this energy is reduced.. We show that by
minimizing the CRE i.e while channel is engaged in
transmission&reception, we can jointly estimate the I/Q
imbalance and CFO without knowing the channel
response. Also we will show our proposed method gives
efficient joint estimation of (I/Q) imbalance, (CFO) ,
channel response .
Key Words –MIMO, OFDM ,I/Q imbalance, CFO,
Channel estimation.
I.
INTRODUCTION
we will studied the effect of IQ imbalances on OFDM
receivers also design system-level algorithms to minimize
distortions . .The I/Q imbalance takes place due to the
amplitude and phase mismatches
between the I and Qbranch of the local oscillator. CFO is due to the mismatch of
carrier frequency at the transmitter and receiver. I/Q
imbalance and CFO can
causea serious intercarrierinterference (ICI) in orthogonal frequency division
multiplexing (OFDM) systems & the bit error rate (BER) has
Increased.residual energy with OFDM block for training by
minimizing the CRE. I/Q mismatch1When An ideal
sinusoidal I/Q signal pair with no amplitude or phase
mismatch
( )=

Prof:Vaibhav S. Hendre.
MTech ,PHD (appeared)
Vaibhavhendre@reddiffmail.com

( )=

(

+ ⏀) +

(

+ ⏀ + €) ))

Here, A and φ are the amplitude and phase of the I signal, α
is the amplitude mismatch (the ratio of Q amplitude to I
amplitude), and ε is the phase mismatch (the Q phase plus 90
degrees minus the I phase). For α=0 dB (α=1) and ε=0
degrees there is no mismatch.
Carrier Frequency Offset Estimation :OFDM is to reduce
multipath propagation. But the drift in reference carrier is
drawback of the OFDM .so due offset received carrier will
lose orthogonality of carriers Hence CFO reduce desired
signal amplitude in the output and introduces ICI. Due to
this BER increase.& it degrades system performance. Hence
OFDM systems need the CFO to be compensated with
accuracy, hence lot of research going on CFO estimation
algorithms.
Block Diagram:

OFDM
design

OFDM in
MIMO

Calculation
of I and Q
CRE
estimation
MSE
analysis

((

+ ⏀))
( + ⏀) +
=
( + ⏀)
A, and φ are the angular frequency, amplitude and phase,
respectively If an amplitude and phase mismatch
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II.

SYSTEM DESCRIPTION

Add
CP

IDFT

,

,

ℎ

Add
CP

IDFT

=

Remove
CP

… … ..

, ,

( )ℎ

,

+

,

……………………………………………...(1)
whereNt :-numbers of transmit
antennas ,Nr:-receive
antennas , Sj:-Input vector with modulation symbols. Take
IDFT of sj&obtain the x1 vector x.& insert CP of length L−
1, then signal is transmitted .ℎ( n) is channel impulse
response . If channel length greater or equal to cpthen there
is no inter block interference between adjacent OFDM blocks
after CP removal.where , is an × circulant matrix , qknoise signal& is pass through M-DFT & FEQ use to recover
transmitted signal If CFO present then normalize CFO is
=

∆

= ∆

………(2)

is DFT sizeand - samplespacing. Suppose
Ifboth CFO& I/Q mismatch at the receiver. so received
vector becomes
=

+

∗

. ………..(3)

where and are I/Q parameters &receiver.related to the
amplitude mismatch and phase mismatch as
≜

and

≜

…..(4)

,

Remove
CP

( )

DFT

DFT

F
E
Q

From (4) received vector z contains desired vector & its
complex conjugate ∗ . destroy the subcarrier
orthogonality.
Now by using training sequences .we will show how to
jointly estimate the I/Q imbalance, CFO and MIMO channel
response.at the receiver recover the desired baseband vector
from . Here
that is related to the I/Q imbalance
parameters as
≜
If

∗

……. . . . .(5)

is known at the receiver, fromwe can get [3]
=

∗

|

|

……….(6)

If
is also known at the receiver, from equation (4) we can
recover a scaled version of the desired baseband vector by
System Model:1)OFDM Design: Generation of input signal,
Modulate the signal find its IFFT, add
Cyclic
prefix(cp)&Transmit the signal, Receive signal with noise
OFDM .In MIMO .Nt =No of Transmitted antenna, Nr =No
of Received antenna, M =No of channels, L =channel
length.Advantages:Bit error rate is maximizedInter carrier
interference is minimizedOnly two training blocks
requiredfor estimation of CFO and I/QEliminates ISI and IFI
through use of a cyclic prefix. Here efficient use of spectrum
take place by allowing the overlapbutThe OFDM signal has a
amplitude noise hence requirement of RF power amplifiers
with a high peak to average power ratio. due to leakage of the
DFT It is more sensitive to carrier frequency offset and drift
than single carrier systems .

III.MIMOCHANNEL ESTIMATION:If no CFO and I/Q
imbalancethen received signal as
R = HX + q…………(7)
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WhereH=complexchannel gainX = transmission signal, q=
channel noise
R = received signal.
If there is no CFO. Hence we have
related to the received vector z as
∗

=

| |

But

∗

=

= 0 andE = I. ris

∗

(

( )

)

( )
(

arg min

∗

)

……….(17)

CRE(θ)…… (18)

… … … (8)
V. JOINT ESTIMATION USING TWO REPEATED TRAINING
SEQUENCES

Alpha = I/Q mismatch parameter
=

∗

=

| |

………(9)

The energy of these entries should be smallfor high SNR,.
channel residual energy (CRE) as where [ ˆd ]denotes the th
entry of ˆd .

If tworepeated training sequences with the training block is a
( + −1)×1 vector in the form of[CP x x ] & the training
sequence x is an
2×1 vector, and the CP length is
−1.Suppose that there are CFO and I/Q mismatch. The two
received 2 × 1 vectors are in the form of
z = y + y∗ + q ,……………..(19)

=

∑

…….(10)

∑

z = y + ( y)∗ + q ,…………….(20)

Any error in the estimation of will increase.by minimizing
the CRE we are able to estimate the I/Q parameter without
knowing the channel response.firstly define the

0
P=0
⋮

0…
0 −1
00 …

−1

0
…

0
0
0

…
0
−1 …

where and are the OFDM block indexes and y is an
2
×1 vector. We can find jointly estimate CFO, I/Q and
channel response from z and z . Now we show how to
solve the two sub problems: given , estimate

∗

=

…

| |

(11)

∗

∗

=

| |

Our goal is to find that minimizes the CRE
=‖

∗

( −
∗ )((

(

∗

=

∗

| |

)}..(21)

)‖ ………(12)

and h( ).

……………(22)

∗

=

……….(13)

∗

| |

……(23)

From the above two equations, we define the CRE as

IV. PROPOSED JOINT ESTIMATION METHOD
If receiver suffers from both CFO and I/Q mismatch, the
received vector z .If and are known, Desired baseband
vector recover from z
=

∗

)
∗)

(

)( −

(A) given , estimate

Multiplying ˆd by P
=

∗

{( −

=

…………….(14)

=

′

=

.. …. (24)

Our goal is to find by minimizing the CRE and CRE .
Substituting (22) and (23) into the CRE and CRE b we
obtain two independent estimates of as
(

∗

(

∗

)

(

)
∗

(

)

;…….(25)

WhereE = diagonal matrix MIMO channel response as
=

∗

∗

=

| |

……(15). and

are

CRE(α, θ) =

∗

| |

(

perfectly

estimated, the last − entries of ˆd are again solely due to
the channel noise.

)
∗

…….(26)

)

Take average of both
= (

+

)……(27)

…………….(16)
= (
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Then the joint estimation of ,
by a two-step approach.

and h( ) will be solved

VI.SIMULATIONRESULTS.

Fig (c) MSE of CHANNEL

VII. CONCLUSION

Fig(a)MSEofI/Q

From fig (a),(b),(c) it conclude that the proposed methods
gives best result than other two methods . MSEs of the
proposed methods are close to the CRB.Future Work: extend
paper &Calculate CRE Values for Rayleigh channel and
Richien channel Compare them select best channel for
transmission.
REFERENCES
*all equations from 1 to 28 arereferred from reference (1)
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Abstract-Steganography is the art of
hiding
information,
means
communication is taking place by hiding
information in other information. Many
different file formats can be used for a
carrier file, but digital images are the
most popular because of their frequency
on the Internet. There are large variety of
steganographic techniques exists for
hiding secret message behind image.
Some are more complex than others and
all of them have respective strong and
weak points. This paper is mainly
prepared for the beginners who have no
any idea about steganography and who
wants to know about steganography. It
includes that, “What is mean by
steganography?”, “Why there is need of
Steganography?”. This paper intends to
give an overview of image steganography
using MATLAB in real time, its uses and
techniques. It also attempts to identify the
good steganographic technique by
compairing different parameters.
Keywords-Steganography, LSB, DCT,
DFT, DWT, MSE, PSNR, Histogram, Bar
graph.
Tools-MATLAB
I.

INTRODUCTION

Steganography plays an important role
insecrete communication. The Internet is
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one of the most important factors of
information
and
communication.
Steganography is the art and science of
invisible
communication.
This
is
accomplished through hidinginformation in
other information, thus hiding the existence
of the communicated information.Today,
terrorist organizations such as Hamas,
Hezbollah, al Qaeda, and others are
implementing advanced steganographic
techniques to send sensitive communications
across the Internet, undetected.
When a message is encrypted, it has no
meaning, and it’s easy to understand that it
contains sensitive information so that
someone might try to break it.
Steganographysolves this problem by hiding
the sensitive information in a harmless file
called carrier file. By using steganography
we can hide the data inside the normal
picture without changing its appearance. We
can implement different steganographic
technique with different coding languages.
But steganography using MATLAB
software is quite easy than other.
Cryptography was created as a technique
for securing the secrecy ofcommunication
and many different methods have been
developed to encrypt
And decrypt data in order to keepthe
message secret. Unfortunately it is
sometimes not enough to keep the contents
of a message secret. To keep the existence
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of the message secrete, steganographic
techniques are implemented. The word
steganography is derived from the Greek
words “stegos” meaning “cover” and
“grafia” meaning “writing” defining it as
“covered writing”. In image steganography
the information is hidden exclusively in
images.
This paper is organized as follows.
Section I gives the introduction. Section II
reviews
some
previous
work
of
steganography. Section III introduces the
software system overview used for
steganography. Section IV gives results of
proposed system. Section V concludes this
paper with future works.
II.

LITERATURE SURVEY
In
Historiesthe
Greek
historian
Herodotus writes of a nobleman, Histaeus,
who needed to communicate with his son-inlaw in Greece. He shaved the head of one of
his most trusted slaves and tattooed the
message onto the slave’s scalp. When the
slave’s hair grew back the slave was
dispatched with the hidden message
[1].Later on Germans developed microdot
technology which FBI Director J. Edgar
Hoover. Microdots are photographs the size
of a printed period having the clearity of
standard-sized typewritten pages. The first
microdots were discovered masquerading as
a period on typed envelope carried by a
German agent in 1941[3]. The message was
neither hiddennor encrypted. It was just so
small as to not draw attention to itself.
Besides being so small, microdots permitted
the transmission of large amounts of data
including
drawings
and
photographs.Romans used invisible inks,
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which were based on natural substances
such as fruit juices and milk. This was
accomplished by heating the hidden text
hence revealing its contents. Invisible inks
have become much more advanced and are
still in limited use today. During 15th and
16th centuries, many writers including
Johannes Trithemius (Steganographia’s
author)
and
Gaspari
Schotti
(Steganographica's author) wrote on
Steganagraphic techniques such as coding
techniques for text, invisible inks, and
incorporating hidden messages in music.
Between
1883
and
1907,
further
development can be attributed to the
publications of Auguste Kerckhoff who was
author of Cryptographic Militaire and
Charles Briquet who was author of Les
Filigranes. These books were mostly about
Cryptography, but both can be attributed to
the foundation of some steganographic
systems and more significantly to
watermarking techniques. During the times
of World War I and World War II,
significant advances in Steganography took
place[2].In cryptography, when message
isencrypted it has no meaning and it’s easy
to understand that it contains sensitive
information secret and someone might try to
break it.Steganography solves this problem
by hiding the sensitive information behind
one cover image.
In this paper, we are hiding the
information using
LSB and
LSB
combination with DCT, DFT, DWT
techniques respectively using MATLAB
software.
III.
IV.
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V.
SYSTEM OVERVIEW
Steganography is used to overcome the
problem occur in cryptography. Here in the
steganography we implement four different
techniques as LSB, DCT with LSB, DFT
with LSB and DWT with LSB.
SECRET MESSAGE
COVER
IMAGE

ENCODER

SECRET
MESSAG

DECODER

STEGO
IMAGE

ORGINAL COVER

Figure 1: Image Steganography Model
The basic model of steganography is as
shown in the figure [1].The cover image act
as a carrier for the secret data. The secret
data is embedded into the cover image by
means of a steganographic algorithm. The
result obtained is the stego-image is
transferred from the sender’s end to the
receiver’s end over the communication
channel. At the receivere’s end, the same
steganographic algorithm works to extract
the original secret data from the cover
image. These algorithms are as follows:
A) Least Significant Bit (LSB) Based
Steganography:
The LSB based Steganography is
one of the steganographic methods, used to
embed the secret data into the least
significant bits of the pixel values in a cover
image. In this technique, data is hidden in
the least significant bit of each byte in the
image. The size of each pixel depends on the
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format of the image and normally ranges
from 1bytes to 3 bytes. An 8 bit pixel is
capable of displaying 256 different colors
given two identical images, if the least
significant bits of pixels in one image are
changed the two images still looks identical
to the human eye [6].24-Bit Image to hide
an image in the LSBs of each byte of a 24bit image, we can store 3 bits in each pixel.
1,024 × 768 image has the potential to hide
a total of 2,359,296 bit(294,912) bytes of
information.
e.g. 240 can be hidden in the first eight
bytes of three pixels in a 24 bit image.
PIXELS: (00100111 11101001 11001000)
(00100111 11001000 11101001)
(11001000 00100111 11101001)
240 : 011110000
RESULT: (00100110 11101001 11001001)
(00100111 11001001 11101000)
(11001000 00100110 11101000)
Here number 240 is embedded into first
eight bytes of the grid and only 6 bits are
changed. Algorithmused for LSB to hide the
dataand to retrievethe data:
Algorithm to embed message image:i.
Read the cover image and
messageimage whichis to be hidden
in the cover image.
ii.
Convert message image in binary.
iii.
Calculate LSB of each pixels of
coverimage.
iv.
Replace LSB of cover image with
eachbit of secretmessage one by one.
v.
Write stego image.
Algorithm to retrieve text message:i.
Read the stego image.
ii.
Calculate LSB of each pixels of
stego image.
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iii.

Retrieve bits and convert each 8 bit
intopixels.
B) Discrete Cosine Transform (DCT) Based
Steganography:
The DCT works by separating
images into parts of differing frequency.
During a step called quantization, where part
of compression actually occurs, the less
important frequencies are discard. InDCT
based technique insertion of secret
information in carrier depends on DCT
coefficients. Any DCT coefficient value
above proper threshold is potential secret
information. It separates the image into
spectral sub-bands with respect to its visual
quality i. e high, middle & low frequency
components.
Algorithm to embed text message:i.
Read cover image.
ii.
Read secret message and convert it
in binary.
iii.
The cover image is broken into 8×8
block of pixels.
iv.
Working from left to right, top to
bottomsubtract 128 in each block of
pixels.
v.
DCT is applied to each block.
vi.
Each block is compressed through
quantization table.
vii.
Calculate LSB of each DC
coefficient andreplace with each bit
of secret message.
viii.
Write stego image.
Algorithm to retrieve text message:i.
Read stego image.
ii.
Stego image is broken into 8-by-8
block of pixels.
iii.
Working from left to right, top to
bottom, add 128 in each block of
pixels.

iv.

Idct is applied to decompressed the
image at step 3.
v.
Subtract image at step 4 from stego
image.
vi.
Decompressed image at step 5 using
LSBtechniques.
vii.
Get original image.
C) Discrete Fourier Transform (DFT) Based
Steganography:
Here devide the image into different
frequency domain compress the image by
applying fast Fourier transform on it and
retrieve image by using inverse FFT on it.
Here 2D-FFT is used. Then apply LSB and
DFT combination and hide the message and
by applying inverse DFT retrieve the
message from stego image.
Algorithm to embed text message:i.
Read cover image.
ii.
Read hidden image.
iii.
Compressed hidden image using
LSBtechniques.
iv.
Apply 2-D FFT which compute the
fast Fourier transform of two
dimensional M-by-N input matrix in
two steps:
I. First it compute 1-D FFT along
one dimension (row or column)
II. Then it compute FFT of output of
first
step
along
other
dimension(column or row)
v.
Add cover image and compressed
image from step 4.
vi.
Apply IDFT at step 5.
vii.
Get stego image.
Algorithm to retrieve text message:i.
Read stego image.
ii.
Apply 2-D IFFT which compute the
inverse
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Fast fourier transform of two
dimentional M-by-N matrix of stego
image.
iii.
IFFT is applied todecompressed the
image at step 2.
iv.
Subtract image at step 3 from stego
image.
v.
Decompressed image at step 4 using
LSB techniques.
vi.
Get original image.
D) Discrete Wavelet Transform (DWT)
Based steganography:
It is similar to the DFT are used as basal
functions for representing signals.A wavelet
is defined as a small wave. It has oscillating
wave like properties and also has ability to
allow simultaneous time and frequency
analysis. We applied here is Haar-DWT, the
simplest DWT. In Haar-DWT the low
frequency wavelet coefficient are generated
by averaging the two pixel values and high
frequency coefficients are generated by
taking half of the difference of the same two
pixels [8]. For 2-D images, applying DWT
separates the image into a lower resolution
approximation image or band (LL) as well
as horizontal (HL), vertical (LH) and
diagonal (HH)[7]. Here apply 2D-DWT on
image such as devide the message image
into four non-overlapping, multi-resolution
sub-bands LL1, LH1, HL1, HH1. Here LL1
represents coarse-scale and LH1, HL1,
HH1represent
fine-scale
of
DWT
coefficients[5]. Then apply LSB and DWT
combination and hide the message and by
applying inverse DWT retrieve the message
from stego image.
Algorithm to embed text message:i.
Read cover image.
ii.
Read hidden image.
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iii.

Compressed hiddenimage using LSB
techniques.
iv.
Apply 2-D DWT which compute the
approximation coefficient matrix CA
and coefficient matrix CH,CV,and
CD
obtained
by
wavelet
decomposition of theinput matrix.
v.
Add cover image and compressed
image from step 4.
vi.
Apply IDWT at step 5.
vii.
Get stego image.
Algorithm to retrieve text message:i.
Read stego image.
ii.
Apply 2-D IDWT which compute
the
inverse
discrete
wavelet
transform of twodimensional M-byN matrix of stego image.
iii.
IDWT is applied to decompressedthe
image at step 2.
iv.
Subtract image at step 3 from stego
image.
v. Decompressed image at step 4 using
LSB techniques.
vi.
Get original image.
MATLAB
Matrix laboratory is a numerical
computing
environment
and
fourth
generation
programming
language.
MATLAB allows matrix manipulations,
plotting
of
functions
and
data,
implementation of algorithms creation of
user interfaces, and interfacing with
programs written in other languages,
including C, C++, Java and Fortran.
MATLAB is intended primarily for
numerical computing. An additional
package, Simulink adds graphical multidomain simulation and Model-Based Design
for dynamic andembedded systems.It is
now also used in education, in particular the
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teaching of linear algebra and numerical
analysis, and is popular amongst scientists
involved in image processing.We implement
real time steganography by using MATLAB
software.
Steganoanalysis
by using
following
parameter:Mean Squared Error:The MSE of an estimator is one of
many ways to quantify the difference
between values implied by an estimator and
the true values of the quantity being
estimated [4].

Figure 2: Graphical User Interface
For hiding the information click on
cover image. By using techniques and
compressing message image, it will add with
( , )−
( , ) cover image which is nothing but secret
=
message called it as stego image which is
×
send over a channel for secrete message
Here, N is the size of image
communication. At the receiver side it will
Peak Signal-to-Noise Ratio:be recovered by subtracting cover image
The PSNRis an engineering term for the
from stego image and decompress it. For
ratio between the maximum possible power
checking that how much data will secure
of a signal and the power of corrupting noise
here some parameters are calculated such as
that affects the fidelity of its representation
MSE,PSNR. PSNR and quality of image are
[4].
directly proportional to each other hence
255
security of image is depend on PSNR. Also
= 20
√
histogram is calculated which is the gray
IV. DISCUSSION AND RESULTS
level graph. It’s the graph of No. of pixels
The results and analysis step is the
verses frequency. It is used for view the
final step in which outcome of the project is
quality of stego image, for that it is
being
displayed.Herefirst
up
all
necessary to calculate histogram of cover
choosethetechniques which is discuss in
image and stego image and by comparing
system overview. Select message image
the both graph, quality of stego image is
from camera or browser, which is to be used
being displayed as shown in figure [3].
for secret message communication and for
displaying this message click on message
image shown in figure[2].
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Figure 3: Histogram of cover image and
stego image
And finally one most important point is that
compare all these techniques for reach to
conclusion the bargraph is plotted as shown
in figure[4]. Bargraph compare all the
techniques with respect to PSNR.

Figure 4: Bar Graph of PSNR VS different
steganographic techniques
Table 1: Results for different techniques
with comparing parameters
Technique
LSB

MSE
PSNR
2673137.2512 41.6978 dB

DCT

2315310.6895 41.0917 dB

DFT

22712.0731

DWT

2718325.2573 41.67 dB
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63.8007 dB

V. CONCLUSION AND FUTURE
WORK
The proposed system presents new
different techniques for hiding secret image
behind one cover image by using camera for
capturing real time present image. Because
of graphical user interface, it get easy for
anyone to operate it. Now we are
implemented combination of only LSB with
DCT, DFT, DWT techniques LSB with DFT
technique having more PSNR thus this
technique is most secure method among all
steganographic techniques were used. In
future we are going to implement same
techniques for audio,video&text as a secret
message to improve this project for defense
purpose, secure data transformation without
any distrosion, military purpose. In future,
we will also
implement
different
combination of all techniques for more
strong communication by using DTCT,
DTWT, DTFT technique.
VI. REFERENCES
[1]
D.
Kahn,
The
Codebreakers,
Macmillan,New York, 1967.
[2] B. Norman, Secret Warfare, Acropolis
Books, Washington, D.C., 1973.
[3] H. S. Zim, Codes and Secret Writing,
William Morrow, New York, 1948.
[4]
High
Capacity
And
Security
Steganography Using Discrete Wavelet
Transform, H S Majunatha Reddy, & K B
Raja.
[5] A Novel Technique For Image
Steganography Based On DWT And
Huffman Encoding, Amitava Nag, Sushanta
Biswas, Debasree Sarkar & Partha Pratim
Sarkar.

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

[6] Mamta Juneja & Parvinder Singh
Sandhu, “Designing of Roboust Image
Steganography Technique Based on LSB
Insertion and Encryption”, 2009 ICARTCC.
[7]Amitava Nag, Sushanta Biswas, “A
Novel Techniques for image steganography
based on DWT and Huffman Encoading”,
IJCSS, Vol (4): Issue (6).
[8] Prof. S. V. Kamble, Prof. B. G.
Warvante, “A Review on Novel Image
Steganography Techniques” IOSR Journal
of
Computer
Engineering
Second
International Conference on Emerging
Trends in Engineering (SICETE).

144

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

Pentagonal Planar Monopole Antenna for
Ultra-wide Bandwidth (UWB)
Mrs. Kalindi D. Mahajan , IEEE Member; Mrs. M.R.Vargantwar ,(Associate Professor)IEEE Member
MET, Bhujbal Knowledge City , Nasik and MIT Aurangabad ,M.S., India
e-mail Address : shindekalindi@gmail.com , manasi73@yahoo.com

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).
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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.
=

(1 +

)

(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
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States adopted the First Report and Order that
permitted the commercial operation of ultrawideband (UWB) technology. Since then, UWB
technology has been regarded as one of the most
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
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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
Europe

Single band : 3.1 GHz – 10.6 GHz
Low band : 3.1 GHz – 4.8 GHz
High band : 6 GHz – 8.5 GHz
Low band : 3.4 GHz – 4.8 GHz
High band : 7.25 GHz – 10.25 GHz

Japan

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
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
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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.

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
.
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,
1
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Where
is the quality factor when the
antenna is assumed to be lossless, i.e. RL=0;
is
the antenna radiation efficiency.
Since monopole originates from dipole by
removing one element and driving the remaining
one against a ground plane.

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.
Fig. 2 . Types of Shapes in PMA
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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.

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 Efield distribution in different frequency over the
entire frequency range, the Far-field distribution and
the SAR.
A. Reason of using PMA

Fig. 3. UWB Dipole Antenna
TABLE 2. CATEGORY OF UWB ANTENNAS

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.

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
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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.
Experimental methods could be expensive, timeconsuming 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
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physics. Before we start to study these techniques
we need to review the electromagnetic theory.

be more easily approximately covered by a set of
triangular as shown in above Fig. 4.

TABLE 3. NUMERICAL METHODS

B. Selection of Software: HFSS: [High Frequency
Structure Simulator]

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.

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:

Fig . 5. Applications of HFSS

Fig . 4. FEM Discretization
One of the advantages of divided the domain
in to triangular elements is that irregular regions can
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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
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innovations such as Modes to Nodes and Full wave
Spice.

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
Directivity is remarkable towards +Z-axis
direction as shown in Fig. 9.
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 . 9. Radiation Pattern (3D)

Fig . 7. Geometry of PMA
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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.
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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— Data security on cloud is most challenging area
where researches are in progress. Dealing with the standard
encryption scheme can not ensures data confidentiality, when
computation is performing on ciphertext on server. The
Homomorphic Encryption is one that performs computation on
encrypted data to ensure the secrecy of data. Our research
focuses on how one can ensure the security of data when it is
stored on cloud. We implemented our own methods for
Homomorphic Encryption algorithms rather to use existing
methods available in Application language. In this paper, we
described RSA Encryption for multiplicative homomorphism
and ElGamal Encryption for additive homomorphism to meet
security of data.
Keywords—Homomorphic Encryption, Homomorphic property,
RSA Encryption Scheme, ElGamal Encryption Scheme

I. INTRODUCTION
The most challenging area in the cloud system is data
security. The sensitive data on cloud must be protected in the
sense no one can read it easily. Even though, use of cloud
computing has economical benefits over resource sharing. But,
it faces problems in the areas - network security, interfaces,
data security, virtualization, governance, compliance and legal
[1]. The cloud is widely preferred to store company’s large
data to reduce storage cost. But storing confidential data on
cloud is not safe [2] due to untrusted Cloud Service Provider
or may be side channel attacks. So the need of preserving
privacy of data when it is stored on cloud forces to implement
the system that helps to provide privacy of confidential data
on cloud. We need to protect data in transit to and from cloud
as well as data stored on cloud.
We can make cloud computing environment secure
using Homomorphic encryption schemes. The standard
encryption can protect data in transit to and from cloud but
Homomorphic Encryption can also protect data stored on
cloud. Homomorphic encryption allows operations on
encrypted data; thus cloud servers store only encrypted data
without knowing plaintext [3].We implemented RSA
cryptosystem which has the property of multiplicative
homomorphism and ElGamal cryptosystem with the property
of additive homomorphism. Our proposed cryptosystem is
based on Client-Server architecture where data owner act as
client and cloud as a server.
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II.

HOMOMORPHIC ENCRYPTION SCHEME

Suppose a client wants to store set of data on server and sends
it in the encrypted form. To ensure the secrecy of set of data,
first need of retrieving each one and decrypt it which is time
consuming process. Instead of that the client can ask the server
to perform the computation on encrypted data without letting
it to see the original plaintext and store it. Whenever, data is
required, the server sends computed data that only client is
able to decrypt with the private key it holds [4].
Homomorphic encryption allows performing computation on
encrypted data without knowing private key; hence no need to
decrypt data. The client is the only holder of the private key.
When we decrypt the result, it is the same as if we had carried
out the calculation on the plaintext data.
We can say, the scheme is Somewhat Homomorphic
if it allows limited number of additions or multiplications on
encrypted data. The scheme is Fully Homomorphic if it allows
performing all operations (the sequence of both additions and
multiplications) on encrypted data. The Partially
Homomorphic Encryption scheme performs either addition or
multiplication on encrypted data. An encryption scheme is
additively homomorphic if we perform the addition operation
and multiplicatively homomorphic if we perform the
multiplication operation.
A homomorphic encryption can be defined by three
algorithms (KeyGen, Enc, Dec), with at least computable
binary operation (addition or multiplication) on the plaintext
set M and the ciphertext set C respectively.
Let M and C be integer set, with M describes plaintext space
and C describes ciphertext space. Enc is Encryption algorithm,
Dec is decryption algorithm and there is an additional an
algorithm Eval that performs multiplication operation on
Ciphertexts. The Eval algorithm consists of a binary circuit
that performs bitwise multiplication on ciphertext. It receives
set of ciphertext and converts it into binary, then performs
multiplication and the converts the product into decimal.
III.

OUR IMPLEMENTATION

The focus of this research project is on preserving
privacy of data and its related processing in a cloud computing
environment. Users don’t have any control of the cloud where
data is stored in remote storage and retrieved and processed by
cloud-based applications. This makes encryption of data using
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standard encryption algorithms impractical if the applications
cannot deal with the encrypted data. Therefore, the aim of this
project is to develop a cryptographic framework that can
ensure the privacy of data.
The key objective of this research is to propose a
cryptographic system that can ensure the privacy of data using
multiplicative homomorphism and additive homomorphism in
the cloud applications. Such a scheme should be suitable for
implementation in cloud computing environments, since data
stored in cloud storage always needs to be retrieved and
processed by the application. The proposed framework is
developed to enable encrypted data to be computed without
the need for decrypting it first and will be deployed on cloud
environment. This scheme will enhance the performance and
efficiency of the operations involved.
A. Implementation
We implemented aforementioned cryptographic
algorithms KeyGen, Enc, Dec and additionally Eval algorithm
to perform binary operation on ciphertext. We chose RSA and
ElGamal as our asymmetric encryption algorithm and also
implemented a binary circuit to compute ciphertext. Our
implementation is based on client-server architecture. We
implemented a framework of Homomorphic encryption that
can be deploying on cloud like Windows Azure etc. The
system is divided into two modules:
 Client Module
The key pair (public key, secret key) is generated. It
encrypts the data and sends it to server (cloud). Whenever
require data, we get back computed ciphertext from server and
decrypt it.
 Server Module
It accepts Ciphertexts from client
computations on it and stores computed data.

and

performs

B. Framework of Homomorphic Encryption
Steps involved:
 Generating Public and Secret Keys
 Generating Encrypted Message (Cipher Text)
 Computation (multiplication) on Encrypted data
 Decrypting Cipher Text by the Client.
When decryption process is performed, the private key
corrupts [6] rarely, hence instead of using built in encoding
methods of .NET framework; we have created our own
method for each algorithm in encryption scheme. The circuit
is designed to perform computation (multiplication) on
encrypted data. First this data is converted into binary and then
multiplication is performed by appropriately bitwise leftshifting and then adding up.
In order to accommodate the needs of large integer computing,
ASP.net provides the BigInteger class. The BigInteger class
has ability to not only handle large integers, but also its
facility for modular arithmetic and prime generation which
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Figure 1: Framework of Homomorphic Encryption on Client –Server
architecture

make this class useful for cryptographic applications of large
integer computing.

IV

RELEVANT NUMBER THEORY

 Euler’s totient function (phi function):
The totient of a positive integer n is defined to be the
number of positive integers less than or equal to n that are coprime to n.
 Modular multiplicative inverse:
Modular multiplicative inverse of an integer a
modulo m is an integer x such that
−1
= x mod m. This is equivalent to x =1 od m .The
multiplicative inverse of a modulo m exists if and only if a
and m are co prime (i.e., if gcd ( ,) = 1).
To compute multiplicative inverses e−1 mod x with
gcd(e, x) = 1, minimizing memory use.
 Use of Set Theory
Suppose M = < m1, m2. . . ,mn> is a sequence of n
elements as the original unprotected data, also called plaintext.
An operation f can be performed on M to obtain result r = f
(M) =< r1, r2,. . . ,rm >.Let C = f (Enc (m1), Enc (m2), . . . ,
Enc(mn )) and Enc is the encryption operation. We can obtain
M through decryption M = Dec(C). We call the encryption and
the operation homomorphic if Dec(f(C)) = r. In other words,
the same operation can be applied to encrypted data and the
result can be obtained after decryption [4].
 Basic arithmetic


Multiplication: Multiplying two numbers x and y is
to create an array of intermediate sums, each
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representing the product of x by a single digit of y.
These values are appropriately left-shifted and then
added up.

Ckt
M= {m1,
m2}

 Modular exponentiation:
It computes, raising a number with a power modulo
some other number. i.e. me mod n
It is one of the examples of One -Way Function which is
easy to compute but hard to reverse.

Discrete logarithms behave like traditional logarithms.
Given a multiplicative group (G, *), and a primitive root g in
G and an element y, find the unique integer x such that
x

g mod n = y
i.e., x is the discrete logarithm loggy

V. RSA ALGORITHM
The widely used homomorphic encryption scheme
RSA (invented by Rivest, Shamir and Adleman ‘78) is
multiplicative homomorphism. RSA is a public key encryption
algorithm whose security is believed to be based on the
problem of factoring large numbers.
A. KeyGen Algorithm
Choose two prime numbers p and q.
Calculate n= p * q
Calculate Φ = (p-1)(q-1)
Choose a prime number ‘e’ which is co prime to Φ.
i.e . 1 <e < Φ.

So, (n, e) becomes public key.
 The given formula d = e–1 mod Φ
i.e. d is the multiplicative inverse of e mod Φ. This
is stated as (d*e) mod Φ = 1
It is often computed using the Extended Euclidean algorithm.
Extended Euclidean Algorithm (for finding d)
 ax + by = gcd(a,b)
 In our case a is Φ and b is e
 Φ x + ey = gcd(Φ ,e)
 By finding component value of y we will get value of
d. There can be two possibilities of finding “d”.
1. If d is greater than Φ ,then calculate
d = d mod Φ
2. If d is negative, then calculate d = d + Φ
Here d is our secret key.
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Figure 2: Multiplicative Homomorphism

B. Encryption Algorithm
Here m is the plaintext; C is the ciphertext that we are
willing to create by:
 C =me mod n
(4)
It can be solved by using Modular exponentiation Method.
C. Decryption Algorithm:
It calculates:
 M = Cd mod n
Where M is the product of the plaintexts.

(5)

 Multiplicative Homomorphic Property of RSA
The Multiplicative property of Homomorphic
Encryption performing operation on ciphertext results in
product of the plaintext. Multiplicative homomorphic property
states:
1. Let m1 and m2 be two plaintexts.
2. The multiplicative homomorphic property is:
Enc (m1) * Enc (m2) = Enc (m1 * m2)
3. The decryption of both side returns the same result.
Dec (Enc (m1) * Enc (m2)) = m1 * m2
= Dec (Enc (m1* m2)).
The Figure 2 describes multiplicative homomorphic
For Example, m1=3, m2=4, M= m1 × m2 should be calculated
Let p=7, q=11, n= (7 × 11) =77, Φ= (6 × 10) =60
e=7 (which is co prime to n) and d=43
Public key is (77, 7) and secrete key is d.
To plaintext m1, Enc (m1) = C1=37mod 77= 31 and
for plaintext m2, Enc (m2) = C2=47 mod 77=60
Now 31 and 60 encrypted data is send to server where they are
first converted into binary and then binary multiplication is
performed. The resulted binary number is converted into
decimal and then stored on server (cloud). i.e.
Enc (m1) × Enc (m2) = C3=31*60= 1860.
Decrypt 1860 as M=186043 mod 77 = 12.
We get the product of plaintext. It means using RSA
multiplicatively homomorphism we can ensure the security of
our data.
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VI.

ELGAMAL ALGORITHM

The ElGamal Encryption, which was developed by
Taher Elgamal in 1985. It was based on discrete logarithm and
can be used for data encryption and digital signature. This
algorithm uses only simple modular arithmetic.
.
 Choose a prime number, say p.
 The primitive root (generator) of modulo p, say g ,is
chosen which guarantees that if p is a prime number, then
there is some integer g ∈ {1, 2, . . . , p − 1} such that all of
the remainders gi (mod p), for i = 1, . . . , p − 1, are distinct.

Selects an integer x by random and with the
constraint 1 ≤ x ≤ p − 1. This will be the secrete exponent.

Compute the public key part as z= gx mod p. (6)
Here (p,g,z) is our public key and x is our secrete key.
B. Encryption Algorithm
Enter data M as integer i.e. M < p.
Select random integer K such that 1 <K <p-1.
Compute c1= gK mod p.
Compute c2= (M * zK mod p)

C. Decryption Algorithm
We can retrieve the data by calculating
 M = c2 * c1-x mod p
 Additive Homomorphic Property of ElGamal
Encryption:
Basically ElGamal is a multiplicative encryption
algorithm, but we can modify it and make it additively by
putting plaintext in the exponent. The additive property of
Homomorphic Encryption performing operation on ciphertext
results in sum of the plaintext. Additively homomorphic
property states:
1. Let m1 and m2 be two plaintexts.
2. The additively homomorphic property is:
Enc (m1) * Enc (m2)= Enc (m1 + m2 )
3. The decryption of both side returns the same result.
Dec (Enc (m1) * Enc (m2)) = m1 + m2
= Dec (Enc (m1+ m2)) .
The additive encryption homomorphism states that the product
of two encrypted messages is an encryption of the sum of two
messages. With this technique, we can ask cloud to perform
computation on encrypted data without letting to see the
original data. The Figure 3 describes additive homomorphic
property.
D. Modified Encryption Algorithm:

Enter M as set of integers (m1 , m2 , . . .) in the range
of {1, . . . , p − 1}. These integers will be encoded
one by one.

Select a random exponent k such that 1 < k < p − 1.
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Compute c1= gk mod p.
Compute c2=g m zk mod p.

E. Modified Decryption Algorithm:
We can retrieve the message by calculating
 m= c2 * c1-x mod p
We can replace –x with p-1-x. After computation we get
gm1+m2 mod p. Now we recover m by computing discrete
logarithm by exhaustive search. The Discrete Logarithm
Problem is stated as:
Let p be a prime and g and m be nonzero integers in Zp and
suppose m = gj mod p.
The problem of finding j is called discrete logarithm.
There are three types of currently mathematical
problems which are widely used in practical cryptographic
schemes. They are the Integer Factorization Problem, the
Discrete Logarithm Problem, and the Elliptic Curve Discrete
Logarithm Problem. These are mathematical problems for
which no polynomial time solution is known to exist [8].
The discrete logarithm problem is commonly used in
public-key cryptosystems to provide security. There are a
number of algorithms which have been developed to calculate
the discrete logarithm. These include exhaustive search, also
known as brute force, Baby-step Giant step, Pollard’s rho
algorithm, Pollard’s lambda algorithm, index calculus and the
Polhig-Hellman algorithm.
For Example, m1=3, m2=4, M=m1 × m2
Let p=13, g=11 (primitive root of modulo p),
If x= 8 is randomly selected then z=118 mod 13= 9.
Public key is (13, 11, 9) and secrete key is 8.
The random exponents are selected as K1=1 and K2=10.

Table1. Exhaustive search for m

j

0

1

2

3

4

5

6

7

8

9

10

11

gj

1

11

4

5

3

7

12

2

9

8

10

6

mod p
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The ciphertext for m1 are c1= 111 mod 13= 11 and
c2= 113 × 91 mod 13= 1331 × 9 mod 13= 6.
The ciphertext for m2 are c3=1110 mod 13= 10 and
c4= 114 × 910 mod 11= 1.
Now c1=11, c2=6, c3=10 and c4=1 are send to server where
they are first converted into binary and then binary
multiplication is performed as C1=c1*c3 and C2= c2*c4. The
resulted binary number is converted into decimal and then
stored on server (cloud) as a pair (110, 6)
Decrypt the data as m= 6 * (110-8) mod 13 = 2.
Recover M by computing discrete logarithm. We get the
product of plaintext. It means using ElGamal additively
homomorphism we can also ensure the security of our data.
As shown in Table1, we get M=7, which is the sum
of m1 and m2.The ElGamal cryptosystem is as secure as it is
hard to solve the Discrete Logarithm problem, given no weak
random exponents or primes are chosen. It further prevents a
chosen plaintext attack by using a randomized encryption
exponent k. As this k is chosen uniformly before encryption,
the same plaintext can result in p – 1. One shortcoming of
ElGamal is the Message Expansion. The size of the encrypted
message increases with twice. This comes from choosing a
new random k for each message. When p is small, it is easy to
compute discrete Logarithms by exhaustive search.
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Abstract— A MANET comprises of nodes
with wireless radio interface is multi-hop
network environment in which packets are
transmitted from one to another node via
intermediate nodes within range. To find an
effective and an efficient routing protocol,
which is used to transmit information from
source to destination across whole network
topology, is a major issue in networking
research. Flexible and distributed MANETs
are
robust
and
rapidly
deployable/
reconfigurable, so they are highly appealing for
a lot critical applications, like deep space
communication, disaster relief, battlefield
communication, outdoor mining, etc. This
paper presents different broadcasting schemes
that are analyzed on the basis of certain
parameters such as end-to-end delay, MAC
retransmission rate, data transmission energy
and packet delivery ratio. As these techniques
are not yet close to achieve optimal
performance, a Multi-hop relay algorithm is
suggested to get better performance. Highly
mobile network has been considered to show
efficient broadcasting in terms of data
transmission energy, delay & PDR.
Index
Terms—MANETs,
Broadcasting,
Multi-hop, Relay, Network Coding, etc.
I. INTRODUCTION
In mobile ad hoc networks (MANETs), a one
of the fundamental issue is to handle the behaviors
of large-scale networks, specifically, the
behaviors of broadcasting the packets consistently
with minimum delay and maximum throughput.
If point to point communication is there between
the nodes, then surely MANETs gives better

throughput. But in multi-hop relay networks, the
end-to-end throughput is influenced by the
number of hops and the raw transmission rate.
Efforts have been made to maximize broadcasting
capacity and optimize end-to-end delay by finding
the optimal routing strategy. As a consequence,
the traditional route-based routing schemes like
DSR [1], AODV [2], etc., fail to function
satisfactorily since they require the simultaneous
availability of a number of links. The dynamic
and distributed MANETs are vigorous and rapidly
deployable /reconfigurable, so they are highly
appealing for a lot critical applications, like deep
space communication, disaster relief, battlefield
communication, outdoor mining, etc. To impede
the applications of MANETs in providing
guaranteed
Quality of Services (QoS),
understanding delay performance and energy
minimization is of fundamental importance.
A lot of primary work has been done to analyze
the packet delivery delay, which includes only a
part of end-to-end delay. The end-to-end delay is
the time duration from the time a packet starts to
be distributed by its source node to the time the
packet is delivered to its destination [3].
Regardless of much research activity on the delay
performance study of multi –hop relay MANETs
in last several decades, the important issue of endto-end delay modeling in multi-hop relay
MANETs remains a technical challenge. In multihop relay MANETs it is also mandatory to
delivery the packet reliably without any loss of
data. In multi-hop relay network system, it is very
difficult to choose optimal path to deliver the data
to destination node. Hence sending node will try
for all possible paths, hence it will consume a lot

157

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735;IC V:5.16; Vol 3, Issue 3(12), March 2014

of energy. To balance the energy constraint is one
of the major challenge in multi-hop relay
MANETs.
In this paper, research conducted to address
issues in multi-hop relay selection, delay
minimization, energy management and reliable
packet delivery during broadcasting is described.
For end-to-end delay they have suggested a 2HR
Routing algorithm [3], but they have considered
two hop relay system only. In next technique,
broadcasting based network coding technique is
explained to deliver packets reliably [4]. Also a
cross session broadcast protocol is described to
reduce packet delay and the number of packet
transmissions at the MAC layer [5]. In section III,
comparative analysis between these three
techniques is given on the basis of parameters as
mentioned. In section IV, Multi hop Relay
Algorithm is explained in detail. The last section
is about the implementation part done up till now.
II. EXISTING BROADCAST TECHNIQUES
Broadcasting is the act of moving information
from source to all other nodes in the network with
the help of at least one intermediate node in the
network. As we are considering multi-hop relay
network, more than one intermediate node are
considered.
A. Broadcasting Based Network Coding
For this technique static network scenario has
been considered. The objective of this technique is
to improve throughput, reliability and packet
delay. According to [4], the number of packet
transmissions per node, expose to the requirement
that all nodes receive at least N packets by
overhearing transmissions from all their
neighbors. The intuition is that if the Network
Coding (NC) protocol is optimal, working on
generations of size N, then all packet
transmissions will be novel for all neighbors. So if
it is insured that each node receives at least N
packets, with all of them being novel they can
then decode and therefore receive all native
packets in a generation. In this, the first set of
limitations ensures that each node i receives at
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least N packets by summing up all the packet
transmissions of its neighbors, and the second
limitation models the fact that in all experiments
node 0 is the source node.As given in [4], we have
to find a minimal number of nodes that
collectively cover all nodes. Considering 6 nodes
in ring topology, the lower bound is achieved so
that nodes 0, 2, and 4 in the network broadcasting
a packet to their respective neighbors. Then the
flow from the sender to each receiver subject to
the typical flow balance constraints. NC protocol
has introduced flow variables Fi,j(d) that capture
the data flow from source 0 over link i, j destined
to node d. In a broadcast scenario, all nodes were
receivers, but to simplify the formulation, it was
assumed that node 0, the implied source, trivially
received all packets and therefore d ≠ 0. Then
revised the first linear program as follows: The
first constraint enforces that the flow over existing
links i, j does not exceed the number of packets
physically transmitted by the head of the link. The
second set of constraints captures the usual flow
balance constraints: for source node 0, it had to
generate N more packets destined for d flowing
out of it then it (potentially) received from its own
neighbors. The destination node consumed N
packets and other nodes passed on all received
packets over its outgoing links.
This
methodology
still
had
certain
shortcomings as the flow balance constraint is
applied on flows. Ensuring that the sum of
outgoing flows to a specific destination equals N
for the source node undercounts the physical
transmissions required to achieve this in a
broadcast channel. Also this protocol is not yet
close to achieving their optimal performance.
B. A Cross Session Broadcast Protocol
A lower bound for the required number of
packet transmissions using Network Coding (NC)
is obtained based on an extension of the linear
program, presented in [4]. [5] included a linear
program to determine the number of packet
transmissions by assuming a single source. In this
algorithm, 25 static scenarios with N nodes, N
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ranging from 10 to 100 in steps of 10 are
considered. These nodes were randomly deployed
in a square area, based on a uniform distribution.
In this algorithm (refer [5]), packets were grouped
into generations, with coding and decoding
restricted to packets belonging to the same
generation. Each generation had 16 bit Id and a
Generation Distance field. Initially generation was
0. As coded packets traveled through the network,
the generation distance was incremented by each
retransmitting node. Nodes used this field to keep
track of the shortest hop distance to the generation
originator. Coded packets carried a protocol
header that identified the constituent native
packets as well as the coding coefficients. To
identify source packets generated by different
sources, the protocol used a tuple of source node
ID and local sequence number. If a node received
an innovative packet for a given generation, it
added the information to the decoding matrix. If
the matrix (or a sub matrix) had full rank, the
receiver decoded the packet(s) and passed them to
the application layer. The protocol keeps track of
early decoded packets to prevent passing the same
source packets multiple times to the application
layer. Coded packets were transmitted when either
a generation has become full, or a generation
timeout occurs. In addition, if a node receives
innovative packets for a generation that it already
transmitted, it will generate a new coded packet
and retransmit that as well.
An adaptive mechanism has been proposed to
reduce the number of packet broadcasts based on
network density, and the capability to support
cross-source coding called as ARLNCCF [9]. To
adapt the number of retransmissions, ARLNCCF
maintains neighborhood information. Each node
sends Hello messages periodically with its own
neighborhood information stored in the Hello
packet. In this way each node obtains the 2- hop
neighborhood information. Let the set of
neighbors of node m be N(m) and the neighbors of
neighbors of m be Ni(m), where Ni(m) is the set
of neighbors of the ith neighbor of m. Based on
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this information, the node will compute the
neighboring node with the minimum number of
neighbors. After this, it will compute NT(g), the
number of transmission required for a generation
g.
This protocol is useful for broadcasting the data
MAC layer only. Also it is not considered the
reliable data delivery and energy constraint, only
focus is given on efficient broadcasting.
C.2HR Routing Protocol
In this technique, A torus network of unit area
which is evenly divided into m * m cells, is
considered as like i.i.d. mobility model [10]. In
this protocol, each node is equipped with three
types of First In First Out (FIFO) queues: one
source queue , one broadcast queue and (n-2)
relay queues.
Source queue stores packets
generated from Source node S and destined to
destination node D. Broadcast queue stores
packets from source queue that have already been
distributed out by S but have not been
acknowledged yet by D the reception of them.
Relay queue is allocated to store redundant copies
of packet distributed out by the source of that
destination node. The steps of above routing
protocol have been taken from [9]:
Every time S is selected as the transmitter in an
active cell. Firstly the source node select packet to
broadcast, then it will distribute this packet in
wireless broadcast fashion to all nodes in coverage
cells of S. Any node in coverage of S reserves a
copy of this packet along with destination address.
When D requests for this packet, the intermediate
relay node R send this to D. S delete this packet
from Source queue and Broadcast queue.
The above protocol is implemented by
considering only two-hop relay MANETs, but the
same algorithm as above will not applicable for
the multi-hop relay MANETs. Also there no
mechanism provided here for reliable packet
delivery. Hence improvement in above algorithm
is needed when it is used for multi-hop relay
MANETs. To use this 2HR routing algorithm in
multi-hop relay network, it would be better if
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every relay node will send acknowledgment to
sender node after receiving the data. Also if data
has been lost it the receiver node will refer the
relay queue of previous node. Hence reliable data
delivery will be achieved. And also the slot
allotted to each S-D node will be divided into two
parts: one tenth part of slot will be used for
sending the data by sender node and for remaining
slot of time sender node will wait for
acknowledgment. With this energy of a node can
be conserved as it goes in waiting state and delay
will be minimized.
III. COMPARATIVE ANALYSIS OF ABOVE
TECHNIQUES
We have studied three broadcasting techniques
for multi-hop relay MANETs. As shown in
TABLE I, Broadcasting Based Network Coding
Technique is not much efficient than other two
techniques as its delay improvement is low as
compared to others, also MAC retransmission rate
is also high. The second technique is A Cross
Session Broadcast Protocol which has given better
performance than previous technique. The third
technique has given best performance but it
haven’t considered energy conservation and MAC
retransmission Rate parameters. Hence, the third
technique can be best to study further as compared
to other two techniques.

IV. PROPOSED TECHNIQUE
In this section, the proposed methodology will
be implemented to get an efficient broadcasting in
terms of delay, PDR and data transmission energy.
This section includes definitions, flow of
technique, network model and a Multi hope relay
Algorithm.
A. Definitions
Throughput: As defined in usual way, the
average number of bits that can be transmitted by
each node to its destination per unit time is called
as per node throughput. The sum of all per node
throughput over all the nodes in a network is
called as the throughput of the network.
Average Packet Delay: It is the time taken by
packet to reach its destination after it leaves the
source. The average packet delay of a network is
obtained by averaging over all transmitted packets
in the network.
Packet Delivery Ratio (PDR): It is the ratio of
number of packets reached successfully at
destination to the number of packets delivered by
source node.
Data Transmission Energy: It is the energy of
node required to carry data from source to its
destination. The average data transmission energy
of a network is obtained by averaging over all
energy in the network.

TABLE I. COMPARATIVE ANALYSIS OF
BROADCASTING TECHNIQUES

B. Flow of Technique
This section explains the overall flow of
implementation of this technique as shown in fig
1.

Sr
.
N
o

1.

2.

3.

Techniqu
e Name

Broadcast
ing Based
Network
Coding
A Cross
Session
Broadcast
Protocol
2HR
Routing
Protocol
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Delay
Optimizat
ion

PDR

Energy
Optimizati
on

MAC
Retransmi
ssion Rate

Low

Not
Conside
red

Node
energy
conserved

33%

Medium

80%

Not
Considered

30-40%

High

85%

Not
Considered

Not
Considered
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Fig 1. Flow of Multi-hop Relay Technique in MANETs

C.Network Model
We have considered a unit torus MANETs
where all nodes are moving independently. Total
nodes considered here are 50. Every node is set
with parameters. AOMDV protocol is used for
routing the packets from one node to other. The
packet size is 1000 kB and packet interval is
0.0001 sec. Every transmitting node employs the
same radio power to transmit data through the
common wireless channel. Also the permutation
traffic pattern is considered in which each node
acts as the source of a traffic pattern and at the
same time the destination of another traffic flow.
D. Multi-hop Relay Algorithm
As per considered in above network, there are
total n distinct flows and each node can be a
potential relay for other n-2 flows (excluding the
two flows originated from and destined for itself).
It is assumed that each node maintains in its buffer
n individual FIFO queues:
Source Queue: It is a local queue storing the
locally generated packets.
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Broadcast Queue: It is storing the packets whose
f copies have been distributed but the reception
status, are not confirmed yet.
Relay Queue: There are n-2 relay queues storing
packets from other n-2 flows (one for each flow).
We denote source node as S and destination node
as D. We consider a scenario where the source S
and destination D use the push type of service for
data transmission. S periodically sends locally
generated packets to D via multiple intermediate
nodes. While designing Multi-hop Relay
algorithm, one problem is that D will receive
multiple copies of packets. Hence to reduce this
redundancy, every receiving intermediate relay
node and D node is sending an acknowledgement
ACK to the sending node immediately. Also to
reduce data transmission energy, time allotted to
send packet is 10% of slot and 90% of time is used
to wait to receive ACK. Hence reliable packet
delivery is also achieved.

Fig 2. Multi-hop Relay Technique in MANETs

Every time all queues, Source queue, Broadcast
queue and Relay queues are updated. If packet is
lost in between transmission process, then it is
recovered from Relay queue of sender relay node
so as increase the throughput.
Every time S is selected as broadcasting node, it
executes the following Algorithm 1.
Algorithm 1: Multi-hop Relay Algorithm
1. S checks whether its destination D is in the
one-hop neighborhood;
2. if D is within the one-hop neighborhood of S
then
3. S executes Procedure 1;
4. else
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5. S
randomly
selects
source-to-relay
transmission
or
relay-to-destination
transmission;
6. if S selects source-to-relay transmission then
7.
S executes Procedure 2;
8. else
9.
S executes Procedure 3;
10. end if
11. end if
Procedure 1: Source to Destination Transmission
1. S directly sends packet to D within 10% of
time slot;
2. S waits for ACK within 90% of time slot;
3. if ACK not received then
4. S resends the packet to D;
5. end if
6. S deletes packet from its source queue;
7. D updates the Broadcast queue;
Procedure 2: Source to Relay Transmission
1. S randomly search for nearby relay node R
out of one hop neighbors;
2. S directly sends packet to R within 10% of
time slot;
3. S waits for ACK within 90% of time slot;
4. if ACK not received then
5. S resends the packet to R;
6. end if
7. S deletes packet from its source queue;
8. R updates the Relay queue;
Procedure 3: Relay to Destination Transmission
1. R search for destination node D;
2. R directly sends packet to D within 10% of
time slot;
3. R waits for ACK within 90% of time slot;
4. if ACK not received then
5. S resends the packet to D;
6. end if
7. R deletes packet from its source queue;
This Multi-hop Relay algorithm will optimize
delay performance, packet delivery ratio and data
transmission energy in highly mobile multi-hop
relay MANET. The implementation process of
this algorithm is in progress.
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V. IMPLEMENTATION
A. Formation of Network
First step of proposed plan has been implement
that is formation of network. In this step, 50 nodes
are considered. These nodes are randomly moving
and data is routed using Adhoc On Demand
Multiple Distance Vector Protocol(AOMDV).
Nodes are numbered from 1 to 50. Node 0 is
considered as broadcasting node. It is
broadcasting its data to all other nodes within its
range. As it is simple broadcasting technique,
percentage of packet drop is very high here.

Fig 3. Formation of highly dynamic MANET

VI. CONCLUSIONS
The three broadcasting techniques explained,
have been compared and analyzed on the basis of
four parameters that are delay, packet delivery
ratio, MAC retransmission rate and energy
conservation.
To overcome the drawbacks of
these three techniques a multi-hop relay algorithm
is suggested to improve broadcasting capacity of
Multi-hop relay MANET. The proposed scheme
has added a concept that simultaneously
minimizes delay as well as data transmission
energy in highly dynamic network. It is believed
that the proposed scheme will work efficiently.
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ELECTRO MAGNETIC RADITION EFFECTS ON SOILs
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ABSTRACT
Electro Magnetic Radiation is becoming a
big threat to mankind. In these modern days
the EMR is becoming higher and higher and
become a major factor of polluting the
environment. In this aspect the present work
leads to present the effect of Radiation on
soil. These soil samples are tested by
MICROBIAL TEST to differentiate the
radiated and non-radiated soil samples
Key words: microwave, radiation, biological
estimation and data analysis
1. INTRODUCTION
The effects of EMR upon biological systems
depend both upon the radiation's power and
frequency [1, 2]. For lower frequencies of
EMR up to those of visible light (i.e., radio,
microwave, infrared) [3], the damage done to
cells and also too many ordinary materials
under such conditions is determined mainly by
heating effects, and thus by the radiation
power [4]. By contrast, for higher frequency
radiations at ultraviolet frequencies[5,6] and
above (i.e., X-rays and gamma rays) the
damage to chemical materials and living cells
by EMR is far larger than that done by simple
heating[7,8], due to the ability of single
photons in such high frequency EMR to
damage
individual
molecules
chemically[9,10].
2. METHODOLOGY
2.1 COLLECTION OF SAMPLES
The soil can be collected from various places.
These soils are both radiated and non-radiated
ones. Soils can be radiated by x-band and kuband
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Microwave bench setup for radiating a soil in
which soil by using x-band frequency with
255v beam voltage and 400mA for sample1
Band
Beam
current
specification voltage
Ku –band
255v
4ma
Table 1 represents the ku- band Readings
Microwave bench setup for radiating a soil in
which soil by using x-band frequency with
255v beam voltage and 400mA and Ku-band
with 4mA and 255mv and soils samples are
collected from different places for sample 2
Band specification
Beam
Current
voltage
X-band
255v
400mA
Table 2 Represents x-band and ku-band
The rest of soils are non-radiated which are
tested directly and are collected from different
areas and one of soil which is collected from
deep forest which is purely non-radiated where
the area doesn’t obtain single network
2.2 MICROWAVE INDUCTION:
Molecular rotation occurs in materials
containing polar
molecules having
an electrical dipole moment, with the
consequence that they will align themselves in
an electromagnetic field. If the field is
oscillating, as it is in an electromagnetic wave
or in a rapidly oscillating electric field,
these molecules rotate continuously aligning
with it. This is called dipole rotation, or
Dipolar Polarisation. As the field alternates,
the molecules reverse direction. Rotating
molecules push, pull, and collide with other
molecules
(through
electrical
forces),
distributing the energy to adjacent molecules
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and atoms in the material. Once distributed,
this energy appears as heat.
Temperature is
the
average kinetic
energy (energy of motion) of the atoms or
molecules in a material, so agitating the
molecules in this way increases the
temperature of the material. Thus, dipole
rotation is a mechanism by which energy in
the form of electromagnetic radiation can raise
the temperature of an object. There are also
many other mechanisms by which this
conversion occurs.
Dipole rotation is the mechanism normally
referred to as dielectric heating, and is most
widely
observable
in
the microwave
oven where it operates most efficiently on
liquid water,
and
much
less
so
on fats and sugars. This is because fats and
sugar molecules are far less polar than water
molecules, and thus less affected by the forces
generated by the alternating electromagnetic
fields. Outside of cooking, the effect can be
used generally to heat solids, liquids, or gases,
provided they contain some electric dipoles.
Dielectric heating involves the heating of
electrically insulating materials by dielectric
loss. A changing electric field across the
material causes energy to be dissipated as the
molecules attempt to line up with the
continuously changing electric field. This
changing electric field may be caused by an
electromagnetic wave propagating in free
space (as in a microwave oven), or it may be
caused by a rapidly alternating electric field
inside a capacitor. In the latter case there is no
freely propagating electromagnetic wave, and
the changing electric field may be seen as
analogous to the electric component of an
antenna near field. In this case, although the
heating is accomplished by changing the
electric field inside the capacitive cavity at
radio-frequency
(RF)
frequencies,
no
actual radio waves are either generated or
absorbed. In this sense, the effect is the direct
electrical
analog
of magnetic
induction heating, which is also near-field
effect (and also does not involve classical
radio waves).
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Frequencies in the range of 10–100 MHz are
necessary to cause efficient dielectric heating,
although higher frequencies work equally well
or better, and in some materials (especially
liquids) lower frequencies also have
significant heating effects, often due to more
unusual mechanisms. For example, in
conductive liquids such as salt water, "iondrag" causes heating, as charged ions are
"dragged" more slowly back and forth in the
liquid under influence of the electric field,
striking liquid molecules in the process and
transferring kinetic energy to them, which is
eventually translated into molecular vibrations
and thus into thermal energy.
Dielectric heating at low frequencies, as a
near-field effect, requires a distance from
electromagnetic radiator to absorber of less
than about 1/6th of a wavelength (λ/2π) of the
source frequency. It is thus a contact process
or near-contact process, since it usually
sandwiches the material to be heated (usually
a non-metal) between metal plates that set up
to form what is effectively a very
large capacitor, with the material to be heated
acting as the dielectric inside the capacitor.
However, actual electrical contact is not
necessary for heating a dielectric inside a
capacitor, as the electric fields that form inside
a capacitor subjected to a voltage do not
require electrical contact of the capacitor
plates with the dielectric (non-conducting)
material between the plates. Because lower
frequency
electrical
fields
penetrate
nonconductive materials far more deeply than
do microwaves, heating pockets of water and
organisms deep inside dry materials like
wood, it can be used to rapidly heat and
prepare many non-electrically conducting food
and agricultural items, so long as they fit
between the capacitor plates.
At very high frequencies, the wavelength of
the electromagnetic field changes begins to be
shorter than the distance between the metal
walls of the heating cavity, or than the
dimensions of the walls themselves. This is
the case inside a microwave oven. In such
cases, conventional far-field electromagnetic
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waves form (the cavity no longer acts as a
pure capacitor, but rather as an antenna), and
are absorbed to cause heating, but the dipolerotation mechanism of heat deposition remains
the same. However, microwaves are not
efficient at causing the heating effects of low
frequency fields that depend on slower
molecular motion, such as those caused by
ion-drag
2.3 MICRO-BIAL BACTERIA TEST:
Kirby-Bauer
antibiotic
testing (KB
testing or disk diffusion antibiotic sensitivity
testing) is a test which uses antibioticimpregnated wafers to test whether
particular bacteria are susceptible to specific
antibiotics. A known quantity of bacteria is
grown on agar plates in the presence of thin
wafers containing relevant antibiotics. If the
bacteria are susceptible to a particular
antibiotic, an area of clearing surrounds the
wafer where bacteria are not capable of
growing (called a zone of inhibition).
The bacteria in question are swabbed
uniformly across a culture plate. A filter-paper
disk, impregnated with the compound to be
tested, is then placed on the surface of the
agar. The compound diffuses from the filter
paper into the agar. The concentration of the
compound will be highest next to the disk, and
will decrease as distance from the disk
increases. If the compound is effective against
bacteria at a certain concentration, no colonies
will grow where the concentration in the agar
is greater than or equal to the effective
concentration. This is the zone of inhibition.
This along with the rate of antibiotic diffusion
is used to estimate the bacteria's sensitivity to
that particular antibiotic. In general, larger
zones correlate with smaller minimum
inhibitory concentration (MIC) of antibiotic
for those bacteria. Inhibition produced by the
test is compared with that produced by known
concentration of a reference compound. This
information can be used to choose appropriate
antibiotics to combat a particular infection If
the bacteria are susceptible to a particular
antibiotic, an area of clearing surrounds the
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wafer where bacteria are not capable of
growing (called a zone of inhibition).

Fig1 micro-bail count
2.4 XRD ANALYSIS:
X-ray crystallography is a tool used for
determining the atomic and molecular
structure of a crystal, in which the
crystalline atoms cause
a
beam
of Xrays to diffract into many specific directions.
By measuring the angles and intensities of
these diffracted beams, a crystallographer can
produce a three-dimensional picture of the
density of electrons within the crystal. From
this electron density, the mean positions of the
atoms in the crystal can be determined, as well
as their chemical bonds, their disorder and
various other information.
Since many materials can form crystals—such
as salts, metals, minerals, semiconductors, as
well as various inorganic, organic and
biological molecules—X-ray crystallography
has been fundamental in the development of
many scientific fields. In its first decades of
use, this method determined the size of atoms,
the lengths and types of chemical bonds, and
the atomic-scale differences among various
materials, especially minerals and alloys. The
method also revealed the structure and
function of many biological molecules,
including vitamins, drugs, proteins and nucleic
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Specification Bacteria Bacteria Bacteria
at 1st
at 5th
at Final
Stage
Stage
Stage
1 Non
4890
72
43
Radiated
1 Radiated
1781
48
15
2 Non
5921
107
49
Radiated
2 Radiated
1960
52
20
X Band
4172
66
19
Radiation
KU Band
5006
84
32
Radiation
Non
6190
112
48
Radiated
Soil
acids such as DNA. X-ray crystallography is
still the chief method for characterizing the
atomic structure of new materials and in
discerning materials that appear similar by
other experiments. X-ray crystal structures can
also
account
for
unusual electronic or elastic properties of a
material, shed light on chemical interactions
and processes, or serve as the basis
for designing
pharmaceuticals
against
diseases.
In an X-ray diffraction measurement,
a crystal is mounted on a goniometer and
gradually rotated while being bombarded with
X-rays, producing adiffraction pattern of
regularly spaced spots known as reflections.
The two-dimensional images taken at different
rotations are converted into a threedimensional model of the density of electrons
within the crystal using the mathematical
method of Fourier transforms, combined with
chemical data known for the sample. Poor
resolution (fuzziness) or even errors may
result if the crystals are too small, or not
uniform enough in their internal makeup.

Fig 2 Xrd result for radiated soil
3. RESULT
Bacteria identifying test by using agar solvent
for radiated and non radiated samples which
can be radiated by using microwave bench
setup with x-band and ku-band frequencies
setup can be tabulated as below
Table 3. Bacterial count

Fig 2 . .Xrd graph for non-radiated soil

Fig 3. Xrd graph for radiated soil(x-band)
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Fig4. Xrd graph for radiated soil (ku-band)
S.NO

1
2
3
4
5
6
7

COPPER
COUNT
AT DEG
200
300
400
500
600
700
800

For
radiated
soil
20.967
26.745
39.594
50.242
60.010
68.216
81.569

Non
radiated
soil
20.806
26.851
40.463
50.265
60.113
68.244
75.802
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5. DISCUSSION
In these modern days the EMR is becoming
higher and higher and become a major factor
of polluting the environment [11, 12]. In this
aspect the present work leads to present the
effect of Radiation on soil [13, 14, 15]. These
soil samples are tested by MICROBIAL TEST
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[16, 17] to differentiate the radiated and nonradiated soil samples.
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