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Editorial ……..
Provoking fresh thinking is certainly becoming the prime purpose of International
Journal of Multidisciplinary Educational Research (IJMER). The new world era we have
entered with enormous contradictions is demanding a unique understanding to face
challenges. IJMER’s contents are overwhelmingly contributor, distinctive and are creating
the right balance for its readers with its varied knowledge.
We are happy to inform you that IJMER got the high Impact Factor 2.735,
Index Copernicus Value 5.16 and IJMER is listed and indexed in 34 popular
indexed organizations in the world. This academic achievement of IJMER is only
author’s contribution in the past issues. I hope this journey of IJMER more benefit to
future academic world.
In the present issue, we have taken up details of multidisciplinary issues discussed
in academic circles. There are well written articles covering a wide range of issues that are
thought provoking as well as significant in the contemporary research world.
My thanks to the Members of the Editorial Board, to the readers, and in particular
I sincerely recognize the efforts of the subscribers of articles. The journal thus receives its
recognition from the rich contribution of assorted research papers presented by the
experienced scholars and the implied commitment is generating the vision envisaged and
that is spreading knowledge. I am happy to note that the readers are benefited.
My personal thanks to one and all.

(Dr.Victor Babu Koppula)
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Compact Circularly Polarized Microstrip Antenna
Ms. Shinde V.S.1,
1

vaishalishinde.396@gmail.com,

Abstract—In this paper compact microstrip antennas are
studied for circular polarization. By cutting slits in diagonal
directions onto the rectangular microstrip patch, the single
coaxial-feed microstrip patch antenna is realized for circularly
polarized radiation with compact antenna size. Performance of
the antenna with symmetric slit having the four different circle
slot shape onto the patch radiators are studied for circular
polarization.. The simulated results of the proposed antenna for
return loss below -10-dB and 3-dB axial-ratio bandwidths are
studied. The proposed slit configurations are useful for
compact circularly polarized microstrip patch antennas.
Key Words— Circular Polarization, Circularly Polarized
Antenna, Microstrip Antenna, Patch Antenna, Slit,Slot.

I. INTRODUCTION
In a typical wireless communication system increasing the
bandwidth & efficiency of antennas used for transmission of
antenna, increases the wireless coverage range, decreases
errors, increases achievable bit rates and decreases the
battery consumption of wireless communication devices.
One of the main factors in increasing this bandwidth &
efficiency are matching the polarization of the transmitting
and receiving antenna[1]. To achieve this polarization
matching the transmitter and the receiver should have the
same axial ratio, spatial orientation and the same sense of
polarization. In mobile and portable wireless application
where wireless devices frequently change their location and
orientation it is nearly impossible to constantly match the
spatial orientation of the devices. Circularly polarized
antennas could be matched in wide range of orientations
because the radiated waves oscillate in a circle that is
perpendicular to the direction of propagation Many
applications also need compact CPMAs; where the overall
antenna size is a major consideration such as GPS, RFID
reader etc.
The single-feed and dual-feed structures are commonly
used in CPMAs [2]. The single-feed & dual-feed structures
are compared with microstrip antennas. The dual-feed
structure [3][4] provides a larger circularly polarized
bandwidth [5][6] but it requires a larger ground plane size
for feeding network. The single-feed configuration involves
slightly perturbing the antenna structure at appropriate
locations with respect to the feed to excite orthogonal modes
with 90° phase-shift for CP radiation. The presented CP
antenna can be operated in 2.4 GHz frequency. The
perturbation techniques for the miniaturization of the
CPMAs are very popular. Several types of the perturbation
methods such as truncated corners, stubs, slits, notches,
embedded slot onto the patch have been reported to generate
CP radiation of the single-feed CPMAs [6][7]. The wellknown method of producing CP radiation of a square micro-
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strip antenna by symmetrically truncating a pair of a square
patch corners is widely used for single-feed CPMA [7].
The size reduction by using several types of the
perturbation methods such as symmetric-slits microstrip
patches have proposed by Chen et al. [8]. However, they
have achieved the CP radiation using the conventional
symmetrically corner truncating technique. A slotted
ground-plane compact CPMA with truncated corners was
reported [9]. However, CP radiation with truncated corners
method has not offered any size reduction. The symmetricslit along diagonal directions and adding tails with diagonal
directions on a patch radiator can also be used for small
CPMA design [10].However, the study of the compact
CPMAs with the slit on radiating patch for size reduction
has not been published in open literatures.
In this communication, several types of the compact
microstrip antennas are proposed and studied for CP
radiation. By cutting slits onto the radiating patch properly,
the compact CPMAs can be realized. The performances of
the compact CPMAs are compared with two slit shapes. The
antenna design and optimization were conducted with aid of
commercial EM software, HFSS.

II. GEOMETRY OF PROPOSED PATCH
Fig. 1 exhibits the configuration of the proposed antenna.
A rectangular patch with dimension of L is etched onto a
substrate with a thickness of H. The coaxial-feed location
(F) is along the orthogonal axis (y-or x-axis) from the patch
centre. The proposed CP antenna can be operated in 2.4 GHz
frequency.

Fig. 1 Cross-sectional view of proposed slit compact CPMA

Fig. 2(a) shows the asymmetric-slit rectangular patch for
CP radiation with compact antenna size. By introducing
asymmetry in diagonal directions of a patch radiator, CP
radiation can be obtained. With add of some asymmetry in
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diagonal directions of a single-feed rectangular patch
antenna, it is possible to excite two orthogonal modes with
90°out of phase for CP radiation requirements. The
orthogonal modes are typically excited by asymmetries
along the axis of a rectangular patch at 45° to the feed
location.

(a)

TABLE I
SIMULATED RESULTS OF CP MICRO STRIP ANTENNAS

Sr.
No.

Parameter

Patch 1

Patch 2

Return loss
VSWR
Bandwidth
Directivity
Axial Ratio
Axial Ratio
BW

-30.84 dB
1.11
60 MHz
5.08dB
0.18 dB

-15 dB
1.5
27 MHz
5.05dB
3.07dB

52 MHz

24MHz

(b)
Fig.2 (a) Patch 1, (b) Patch 2.

A group of four symmetric V-shaped slits are embedded
symmetrically on a patch radiator along the diagonal
directions from the center of a rectangular patch for antenna
size reduction and CP radiation. If slits are with same areas,
the structure is called symmetric-slit microstrip patch. If the
slits are with different areas, the structure is called
asymmetric-slit microstrip patch.

III. DESIGN AND SIMULATED RESULTS
There are many ways to introduce the asymmetries in
diagonal directions of a rectangular patch. The presented CP
antenna can be operated in 2.4 GHz frequency. The
symmetric-slit rectangular patch examples are illustrated in
Fig. 2 (a) & (b),where in all the dimensions are in mm. The
size of the symmetric-slit patch is fixed (27.8 mm Х 39 mm)
and the ground-plane size is also fixed (60 mm Х 70 mm)
for two examples. The symmetric-slit microstrip patches are
designed on a FR4 substrate (thickness H=1.59mm, £r = 4.4
and tan ߜ =0.02). The coaxial-feed location (F), (y0 = 6.5
mm) is selected for good impedance matching and it is fixed
for two examples. As illustrated in Fig. 2(a), the symmetries
can also be realized by adding symmetrical V-shaped slits.
The size of the four-slit is fixed (5 mm Х 5 mm Х 1.59 mm).
Also the asymmetry is added along one diagonal direction
from the square to the patch center. The length of the square
slit (L=1.2 mm) is optimized for good CP radiation. As
illustrated in Fig. 2(b), the symmetries can also be realized
by adding symmetrical V-shaped slits. The size of the fourslit is fixed (5 mm Х 5 mm Х 1.59 mm). Also the
asymmetry is added along four diagonal directions from the
circles to the patch center. The radius of the circles (r1=1.1
mm, r2=0.4 mm, r3=0.7 mm, r4=0.9 mm) are optimized for
good CP radiation. Two above mentioned slit microstrip
patch antennas are simulated for return loss better than 20
dB and good CP radiation. The antenna prototype and the
current distribution on patch radiator are shown in Fig.3 (a)
and (b).
The simulated performances of the antennas are
summarized in Table I.

2

(a)

(b)

Fig.3 The current distribution on the patch radiator of (a) Patch 1 and (b)
Patch 2.

Fig.4 Return loss for patch1
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antenna is shown in Fig. 6 The simulated VSWR 1.11 at
2.41 GHz frequency.

Fig.5 Axial-ratio for patch1

XY Plot 11

Ansoft Corporation
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Fig.9 Axial-ratio for patch2

Fig.6 VSWR for patch 1

Fig.10 VSWR for patch 2

Fig.7 Radiation Pattern for patch1
XY Plot 1
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Fig.11 Radiation Pattern for patch2
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Fig.8 Return loss for patch2

The simulated results for patch 1 are shown in Fig. 4.
Return loss was found to be 10 dB & the bandwidth
calculated from it is 60 MHz (2.4150-2.3850GHz). Fig. 5
shows the simulated AR of the antenna. The simulated AR
was found to be 3-db & bandwidth calculated from it is 52
MHz (2.4760-2.4670 GHz). The simulated VSWR of the

3

The simulated results for patch 2 are shown in Fig 8 to Fig
11. Return loss was found to be 10 dB & the bandwidth
calculated from it is 27 MHz (2.4140-2.3870 GHz as shown
in Fig 8. Fig 9 shows the simulated AR of the antenna. The
simulated AR was found to be 3-dB & bandwidth calculated
for it is 24 MHz (2.5040-2.4800 GHz). The simulated
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Trans. Antennas Propag., vol. 29, no. 6, pp. 949–955, Jun.
VSWR of the antenna is shown in Fig 10. The simulated
1983.
VSWR is 1.5 at 2.4140 GHz frequency.
[8]
R. R. Ramirez, F. D. Flaviis, and N. G. Alexopoulos, “SingleThe CPMA using Patch 2 shows the lowest resonance
feed circularly polarized microstrip ring antenna and arrays,”
frequency. However, it has narrow 10- dB return loss
IEEE Trans. Antennas Propag., vol. 48, pp. 1040–1047, Jul.
bandwidth as compared to patch 1. The 3-dB axial-ratio
2000.
(AR) bandwidth of a Patch 2 is also narrow. The VSWR is 1 [9] W. S. Chen, K. L. Wong, and C. K. Wu, “Inset microstrip linefor all CPMAs over the 3-dB AR bandwidth except Patch 1.
fed circularly polarized microstrip antennas,” IEEE Trans.
The gain of Patch 2 is little bit lower due to the fact that
Antennas Propag., vol. 48, no. 8, pp. 1253–1254, 2000.
the antenna is electrically small as compared to the other [10] W. S. Chen, C. K. Wu, and K. L. Wong, “Novel compact
circularly polarized square microstrip antenna,” IEEE Trans.
patch antennas. It is found that the return loss, AR and
Antennas Propag., vol. 49, no. 3, pp. 340–342, 2001.
VSWR of the antennas do not depend on the slit shape. All
antennas are optimized for good CP radiation (minimum
AR) and good impedance matching. The simulated results of
return loss, axial-ratio and VSWR are obtained by using
HFSS software. The overall size of a proposed antenna is 39
mm Х 27.8 mm Х 1.529 mm.

IV. CONCLUSION
Microstrip patch antennas have been simulated for CP
radiation. Various slit microstrip patch antenna designs with
two types of the slit shapes have also been studied and
compared for CP radiation with compact antenna size. The
proposed CP antenna can be operated in 2.4 GHz frequency.
It has been found that the return loss, AR and VSWR of the
antennas do not depend on slit shape. When we introduce
slot in patch, it helps to reduce size of patch & increasing
axial ratio bandwidth. From TABLE I we can conclude that
patch 1 with single square slit offers better results as
compared to patch 2 with asymmetric circle slit. A circularly
polarized microstrip antenna was simulated to validate the
proposed CP technique experimentally. The overall size of
the antenna is 39 mm Х 27.8 mm Х 1.529mm.
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DESIGNING LOW COST WIDEBAND MICROSTRIP BAND PASS FILTER
Prof. Kalindi D. Mahajan ,IEEE Member
MET’s Bhujbal Knowledge City, Nasik, M.S., India
E-mail Address : shindekalindi@gmail.com

Abstract-Microstrip filters are always preferred over
the lumped filters at higher frequencies for
designing of a band pass filter with minimum ripples
in the pass band and with sharp rejections the most
widely used filters are coupled line, hairpin, end
coupled and cascaded quadruplet (CQ) filters[1,2]
.For the requirements at around 820 MHz.the end
coupled may be avoided because of size constraint
and CQ filters have two attenuation poles which is
difficult to design to have these poles at the desired
frequencies.
This paper presents the design and
development of 770-870 MHz micro strip band pass
filter. It is simulated using Eagle wave GENESYS
and Agilent ADS and measured results of compact
novel filter giving insertion loss of better than 5 db
and return loss of better than 15 db with
Symmetrical
attenuation rates. This Filter has
been compared with the other Structures. This fitter
eliminated the undesired coupling inherent in
hairpin as well as having small size compared to
edge coupled filter. Both input and output of the
designed structure is aligned in the same plane. The
structures along with measured and simulated
results are detailed in the paper.
I. INTRODUCTION
A. Micro strip line
Microstrip line is an unsymmetrical strip line
that is nothing but a parallel plate transmission line
having dielectric substrate, the one face of which is
metallic ground and the other i.e. top face has a thin
conducting strip of certain width ‘w’ & thickness ‘t’.

9

This is shown in Fig.1.Top ground plate is not present
in a microstrip as compared to a strip line. Sometimes
a cover plate is used for shielding purposes but it is
kept farther away than the ground plane so as to affect
the microstrip field lines as shown in Fig.2.

Fig.1. Electric Field

Fig.2. Quasi TEM Field

B. Advantages of Micro strip lines
1) Better interconnection features because it provides
free accessible surface on which solid-state devices
can be placed.
2) Easier Fabrications: -the entire pattern can be
deposited on a single dielectric substrate.
Micro strip circuits are fabricated using
printed circuit techniques. Three commonly used
dielectric materials are Alumina, Quartz & Duroid.
When semiconductor devices are to be fabricated on
microstrip structure, oftenly used dielectric material is
Silica (εr =11.8) .The use of high εr materials reduces
the amount of fringing fields in the air region above
the conductor.
Since the upper plane does not exist the
electric field lines remain partially in the air &
partially in dielectric substrate. Hence microstrip line
does not support pure TEM mode for propagation but
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a quasi TEM as shown in Fig.2.Most of the electric
field lines are concentrated in the region below the
strip in the dielectric hence most of the energy is
concentrated. Therefore pause TEM mode can not
propagated in a micro- strip. Because of open
structure the microstrip line radiates electromagnetic
energy. The losses due to radiation are proportional to
the square of the frequency[2].

II. MICROSTRIP FILTERS

tuned circuits are realized from open or shortcircuited microstrip transmission line sections of one
quarter or half wavelength long. The resonators are
coupled by mean of gap capacitances between the
resonator sections. The resonator length ‘l’& the
coupling space is ‘S’.
The gaps in the structure are made very small
compared with substrate height to ensure tight
coupling & low insertion loss in pass band. The
resonator lengths depend on the coupling reactance,
the gap capacitance & guide wavelength. This
structure is large, hence is non-preferred[5].

Ideal filter is a network that provides perfect
transmission for all frequencies in a certain pass band
region & infinite attenuation in stop band region.
There are various types of filters
1) Low- pass filter.
2) High- pass filter.
3) Band- pass filter.
4) Band- stop filter.
Realization of microwave filters is different
from the traditional technique because microwave
circuit uses distributed elements not a lumped
element. Microwave filters are two port reciprocal
passive devices.
In microwaves filter elements are realized by
sections of waveguides, cavities, irises, Co-axial
lines, strip or microstrip lines etc.
A.

Fig.3. End coupled Band pass Filter
Micro strip parallel coupled filter
The parallel coupled filter is shown in Fig.4. is
more compact than the end coupled filter. The
coupling between resonators occurs over a quarter
wave-long side of each resonator hence the slot width
is larger & the tolerance on the slot width is not very
critical. The ends of each resonator section may be
open circuited or short-circuited.
B.

Microstrip Band pass Filter

Band pass filter can be constructed in
microstrip configuration using
i) End Coupled.
ii) Parallel coupled.
iii) Integrated digital form
As shown in Fig. below (3 & 4). End Coupled
microstrip band pass filter is shown in Fig.3.The
Fig.4. Parallel Coupled band pass filter.

10
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The use of strip line and /or Microwave
Integrated Circuit (MIC) designs in microwave
systems is often preferred to other manufacturing
methods because of advantages with respect to size,
weight, costs & usually reproducibility. MIC is
particularly useful in hybrid integrated circuit.
Circuits & Systems constructed in strip line or MIC
would preferably utilize geometries not requiring
connections to ground, since realization of such
connections is awkward in most cases. Among the
numerous transmission-line filter designs available,
the half-wave parallel coupled line filter satisfies the
above condition. Hairpin line filters also satisfy the
above conditions[4,5].
The purpose of the present paper is:1) To present an approximate design theory for
hairpin-line filters that is satisfactory for filter
bandwidths of very narrow to approximately 20 to 25
%.
2) To present experimental data for several hairpinline & hybrid hair pin- line / half – wave parallelcoupled
–line
filters
using
Eagle
ware
GENESYS,Shown below.
III.
A.

DESIGN PROCEDURES

Hair Pin-Line-Filter Equations

The equivalent Circuit for the Type A hairpin
line filter, shown in fig.2 (a) is topologically dual to
the well-known interdigital filter. Hence, the existing
design tables and approximate design procedures may
be utilized after suitable modifications for hairpin line
filter designs. Space does not allow for the detailed
development of the design equation, however the
essential design procedures are summarized below.
We first present approximate design equations that
were developed by modifying those given in below.
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The parameter ‘cp’ is the coupling between
line pairs constituting a single hairpin resonator and
not
between
adjacent
hairpin
resonators.
Mathematically
cp has been defined as
cp = -10 log

Lij
Lii.Ljj

For j = i +1
Where the Lij parameters are defined. Once
the cp factor is chosen, the initial synthesized design
will consist of hairpin resonators all having the same
cp value.
B.

Designing filters efficiently using simulation
tools

Filter is an integral part of any RF/Microwave
system. Designing one efficiently and accurately can
be a challenge, even when sophisticated simulation
tools are available.
Electromagnetic simulation, which is more or
less an integral part of any commercial
RF/Microwave simulation software can help
designers meet this challenge.
The desired band pass filter were Simulated
using Eagle wave GENESYS and Agilent ADS
(Advanced Design System) Simulators and compares
the Simulated and measured results.
GENESYS is integrated Electronic Design
Automation (EDA) software suite for radio frequency
(RF) and microwave design. It is a power tool that
helps you designs better products in less time.
GENESYS provides state-of-the art performance in a
single easy-to-use design environment that is fast,
powerful and accurate. It improves the way you
design teams work together and the way you work
within a manufacturing environment
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Specifications: Center Frequency :- 820MHz
Bandwidth :- 100MHz.
Return Loss:- Min. 15db.
Insertion Loss:- Max.4.5db
Response :-Chebyshev.
Structure : Hair-pin[Type-A].
i] Simulated Layout of Microstrip Band Pass
Filter:- 770MHz-870MHz.

iv] Measured Result of Return Loss & Insertion
Loss Using Network Analyzer.

ii] Simulated Result of Return Loss & Insertion
Loss Using GENESYS S/W:-

IV. CONCLUSION
iii] Simulated PCB Layout of Filter:-
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The proposed Micro strip Band Pass Filter
has been used for the range selection of the newly
designed Antenna i.e. for the frequency range of
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‘200MHz-800MHz’of the Giant Metrewave Radio
Telescope [GMRT] Observatory Center.
Due to high attenuation provided by this filter
it takes major part in the Front End System of the
GMRT and also provides less complexity while
implementing in the Front End Box Unit of the Feed
System.
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Abstract— The QRS complex detection is the
main
objective
behind
most
of
the
Electrocardiogram (ECG) signal processing
studies. It provides crucial information about
functional conditions of the heart. Detection of
QRS complex is the first step, when working
with ECG signals for feature extraction or
monitoring of heart. QRS complex detection
algorithm must be able to detect QRS complex
accurately which enhances the results of overall
system. In this paper, five QRS detection
algorithms are analyzed on the basics of their
performance and working. Algorithms based on
amplitude and first derivative (AF), algorithm
based on first derivative only (FD), algorithm
based on first and second derivative (FS), Pan
& Tompkins (PT) algorithm based on slope and
amplitude of signal and Empirical Mode
Decomposition (EMD) based algorithm are
implemented for QRS detection. Specificity and
sensitivity as a performance index of algorithms
has been calculated and compared.
Index Terms— ECG, QRS detection, EMD,
first and second derivative algorithm, Pan &
Tompkins algorithm.
I. INTRODUCTION
D ETECTION of QRS complex in ECG signal has
been identified as a research topic for more than
three decades [1]. Traditionally, QRS complex acts
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as the fundamental period for ECG cycles, includes
negative and positive peaks labeled by letters P, Q,
R, S and T. In the clinical diagnosis, analysis of
ECG to identify various diseases is done by
analyzing intervals between PR, QT, ST peaks and
their corresponding amplitude levels. Analysis of
QRS is performed after detection of QRS.
Therefore, as the first stage of ECG signal
processing intended for QRS analysis, prime
objective is the detection of QRS complex.
There are many techniques that have been
developed to detect QRS complex of the ECG
signal. Power spectrum based methods which
compute relative power spectra of QRS complex, P
and T wave, muscle and motion artifacts to identify
corresponding frequency bands [2]. Digital filtering
techniques consist of band-pass, low-pass and highpass filters are designed to separate different
components of ECG, based on their power spectrum
[1]. Differentiation techniques have been developed
based on derivatives (difference equations) of signal
[3-5]. Now a day, principle of multi-resolution
analysis also has been applied to detect QRS
complex. Empirical mode decomposition (EMD)
and wavelet analysis are the most famous multiresolution methods that are employed for QRS
detection [6-9]. Template matching techniques are
useful for detection of specified condition like
critical arrhythmic ECG through the signature of
Ventricular Tachycardia (VT) and Ventricular
Fibrillation (VF) waveforms characteristics [10].
Most of the methods of QRS detection are
implemented through programming on different
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platform for QRS analysis purpose, while some of
them are also implemented on hardware for real
time QRS detection [1,4,11].
Software QRS detection basically includes
combination of three typical types of processing
steps: (i) Linear digital filtering, (ii) Transformation
techniques, and (iii) Decision rule based algorithms.
Linear processes include band-pass filter, derivative
calculation, and moving window integrators. The
transformation techniques uses transform like
wavelet and empirical mode decomposition etc.
Decision rule are constructed in the form of
thresholds and automatically adjusted threshold to
detect QRS complex. Based on different techniques
categorization of QRS detection algorithms can be
done as derivative based, adaptive rule based and
multi-resolution based techniques.
Therefore in this paper, five QRS detection
algorithms are compared on the basis of their
performance tested over MIT/BIH arrhythmia
database [12]. AF, FD and FS algorithms are
selected from the class of derivative based
techniques. PT method is chosen from the class of
techniques based on automatically adjusted
threshold. EMD based algorithm is selected to
analyze multi-resolution approaches of QRS
detection.
II. METHODS AND MATERIAL
First of all, a quick introduction and history of all
algorithm used in this paper is presented, after that
basic implementation step and blocks of each
algorithm are described.
Algorithm based on amplitude and first derivative
(AF) for QRS detection was the concept developed
by P.M. Mahoueaux et al., in 1981. Algorithm
based on first derivative (FD) was developed from
the idea given by A. Menard et al., in 1981. Before
development of AF and FD, R.A. Balda et al.
presented a scheme in 1977, which in its simpler
from named as first and second derivative (FS)
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based algorithm from QRS detection [3]. In 1985,
J. Pan and W.J. Tompkins, proposed a highly
efficient QRS detection methods based on
adjustable threshold technique [4]. EMD based
QRS detection used in this paper was proposed by
Z.E. Hadj Slimane and A. Naït-Ali recently in 2010
[6].
Algorithm 1: (AF)
ECG signal is simply represented by a onedimensional array of n sample points. Fraction of
largest positive valued element of the array acts as
amplitude threshold (AT). If three consecutive
points in the first derivative array exceed a positive
slope threshold, then a QRS candidate is detected
[3].
Let, X(n) = [ x(0), x(1),…x(Length)] represents a
one-dimensional array of sample points of the
synthesized digitized ECG. An amplitude threshold
is calculated through the eq. (1).
AT  0.30  max  X (n) , for 0  n  Length.

(1)

The first derivative is calculated at each point of
X(n), as eq. (2),
Y  n   X  n  1 – X  n  1 , for 1  n  Length  1. (2)

A QRS candidate occurs when three consecutive
points in the first derivative array exceed a positive
Slope threshold, QRS   [Y (n),Y (n  1),Y (n  2)]  AT  .
Algorithm 2: (FD)
The first derivative is calculated for each point of
the ECG signal, through formula specified in eq.
(3),
Y (n)  2 X (n  2)  X (n  1)  X (n  1)  2 X (n  2),
for 2  n  Length  2.

(3)

The slope threshold (ST) is calculated as a
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fraction of maximum slope from the first derivative
array using eq. (4),
ST = 0.70  max Y  n   , for 2  n  Length  2.

(4)

First derivative array was searched for point
which exceed the slope threshold in similar manner
as above algorithm for QRS detection
[3], QRS   [Y (n ),Y (n  1),Y (n  2)]  ST  .
Algorithm 3: (FS)
The absolute values of the first (Y0) and second
(Y1) derivate are calculated from the ECG signal
represented as X(n), through eq. (5a-b),

squaring, integration and adjustable threshold based
searching are the basic blocks that are combined
under this algorithm [4].
Filtering block consists of low pass and high pass
filters for reduction of muscle noise, power-line
interference, baseline wander, and T wave
interference. The desired pass band to maximize the
QRS energy is approximately 5-15 Hz. The
difference equations of the low pass and high pass
filters used is given in eq. (7) and (8),
Y (n)  2Y (n  1)  Y (n  2)  X (n)  2 X (n  6)  X (n  12), (7)
Y (n)  32 X (n  16 )  [Y (n  1)  X (n)  X (n  32)],

(8)
where, the cutoff frequency of low pass and high

Y 0(n)  ABS[ X (n  1)  X (n  1)], for 1  n  Length  1,

(5a)

1

ECG signal

(a)

0

Y 1(n)  ABS[ X (n  2)  2 X (n)  X (n  2)],
-1

These derivatives arrays are scaled and added to
get resultant final array as eq. (6),

Amplitude (mV)

(5b)

for 2  n  Length  2.

0
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Y 2  1.3Y 0  1.1Y1.

(6)

Final array is scanned for condition, if six or more
of these eight points meet or exceed the threshold
( Y 2( n)  1.0 ), the condition for detection of a QRS
becomes true [3].
Derivative based output of each algorithm is
illustrated in Fig. 1. Changes in amplitude levels are
clearly observed in each derivate based output of
ECG signal. Initial 3600 data samples of record no.
100 is plotted.
Algorithm 4: (PT)
The algorithm can be divided into five basic
working blocks. A series of filters that perform lowpass, high-pass filtering, derivative calculation,
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0
-5

5
0

0

Fig. 1. Illustration of ECG signal with its derivative outputs based on
different algorithm. (a) ECG signal and (b) AF derivative output (c) FD
derivative output and (d) FS derivative output.

pass filters are 11 Hz and 5 Hz..
Low frequency components of P and T waves are
suppressed to gain high components of the QRS
complex through derivative calculation process. The
difference equation is given in eq. (9),
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Y n 

1
  X  n  2   2 X  n  1  2 X  n  1  X  n  2   ,
8

(9)
The squaring block converts the result in positive
and emphasizes large differences resulting from
QRS complexes. The high- frequency components
in the signal related to the QRS complex are further
enhanced. Squaring is simply done through eq. (10),
Y  n    X  n  

2

(10)

decomposed into three IMFs (imf1(n), imf2(n) and
imf3(n)), which have sufficient information slope of
QRS complex [6].
The EMD algorithm is defined by the process,
which decomposes signal (X(n)) into set of AM-FM
components, known as IMF. Therefore, K modes
dk(n) and a residual term r(n) are obtained by eq.
(12),
K

X ( n) 

 d (n)  r (n),
k

for k  1, 2,...K .

(12)

k 1

In integration block a moving window integration
filter was employed for smoothing of output
produced by derivative based operation. Moving
window for N number of samples in the width is
represented by eq. (11),
1
Y  n      X  n   N -1   X  n   N - 2    ..  X  n   ,
N

(11)
Adaptive threshold based searching use two
thresholds. The first threshold detects peaks of the
signal, while the second is used when no peak has
been detected by the first one within certain time
period. A search back technique is used to change
the thresholds according to ECG characteristics [4].
Fig.2, shows the filtered ECG signal after low pass
and high pass filters. Derivative based output of
filtered ECG is also illustrated.
Algorithm 5: (EMD)
The algorithm starts with high-pass filtering after
which signal is decomposed into a collection of
AM–FM components (called Intrinsic Mode
Functions (IMF)). A nonlinear transform and
integration process are applied; finally first-order
low-pass Butterworth filter is used to obtain a
unique maximum for each QRS complex. To reduce
the influence baseline wander as preprocessing of
ECG signal, a fifth-order high-pass Butterworth
filter has been employed. Filtered ECG signal then
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The procedure followed by EMD algorithm is
summarized by the following steps, as provided in
[6]:
Step1. Initiate with signal dk(n)=X(n), k=1. Sifting
process hj(n)=dk(n), j=0.
Step2. Find all local extrema of hj(n).
Step3. Calculate upper (EnvMax) and lower
envelopes (EnvMin) by cubic spline lines
interpolation of the maxima and the minima.
Step4. Compute mean of the lower and upper
envelopes,
m(n) 

1
( EnvMin(n)  EnvMax (n))
2

Step5. Extract the detail hj+1(n)=hj(n)-m(n).
Step6. If hj+1(n) is an IMF, go to step7, else, iterate
steps 2 to 5 upon the signal hj+1(n), j=j+1.
Step7. Extract the mode dk(n)=hj+1(n).
Step8. Compute residual rk(n)=X(n)-dk(n).
Step9. If rk(n) has less than 2 minima or 2 extrema,
the extraction is finished r(n) = rk(n).
Otherwise, iterate the algorithm from step1
upon the residual rk(n), k=k+1.
In Fig. 3, illustration of ECG signal with its three
IMFs is provided.
After IMF estimation a nonlinear transform has
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been applied, given in eq. (13),
1 (a)
0

(13)

where, X(n)=imfk(n) and y(n)=sntk(n).
A moving window integrator is used that
produce a signal containing information about the
slope and the QRS. Integrator with M number of
samples is represented as eq. (14),
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0.5
Amplitude (m V)

 abs ( X ( n)  X ( n  1)  X (n  2)),
if X ( n ), X ( n  1), X (n  2) have same sign,

y ( n)  
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Fig. 3. Illustration of ECG with its decomposed IMFs. (a) ECG signal, (b)
IMF1, (b) IM2 and (c) IMF3
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Fig. 2. Illustration of filtered ECG from low pass and high pass filter. (a)
ECG signal, (b) output of low pass filter, (c) output of high pass filter
and (d) derivative based output of filtered ECG.

1
)( sntk ( n  ( M  1))  snt k ( n  ( M  2))  .......
M
...  sntk ( n )),

(14)
Window width should be approximately the same
as the widest possible QRS, calculate y(n), by eq.
(15),
3

y ( n) 

 si (n).
k

(15)

k 1

At the end, to obtain a unique maximum of QRS
complex, a first-order low-pass Butterworth filter is
employed.
Data set:
In this study, MIT/BIH arrhythmia database [12]
is used, to evaluate all algorithms for QRS
detection. 20 records were taken from the database,
30 sec interval of each record (10800 samples with
360 Hz) having average of 38 beats per signal is
used for the performance analysis of algorithms.
III. RESULTS AND DISCUSSION
All algorithms are quantitatively analyzed by two
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Table.1. Results of evaluation of QRS detection algorithms using MIT/BIH database.
ECG signal Info.

AF

Records and No. of Beats

FD

PT

EMD

FN

TP

FP

FN

TP

FP

FN

TP

FP

FN

TP

FP

FN

TP

100

37

0

0

37

0

0

37

0

0

37

0

0

37

0

0

37

101

34

0

1

33

0

22

12

0

34

0

0

0

34

0

0

34

106

35

0

0

35

0

1

34

0

35

0

0

0

35

1

1

33

111

35

0

35

0

0

1

34

0

35

0

0

0

35

1

3

31

113

29

0

1

28

0

1

28

0

29

0

0

0

29

0

0

29

115

31

0

0

31

0

0

31

5

0

26

0

0

31

2

1

28

116

40

0

12

28

0

4

40

0

3

37

0

0

40

2

0

38

122

45

0

0

45

0

0

45

0

0

45

0

0

45

3

14

28

123

24

0

0

24

0

0

24

0

0

24

0

0

24

2

0

22

124

25

0

7

18

0

8

17

0

0

25

0

0

25

2

0

23

205

44

0

0

44

0

1

43

0

0

44

0

0

44

1

0

43

209

46

0

5

41

0

10

36

0

46

0

0

0

46

0

0

46

212

45

0

29

16

0

3

42

0

45

0

0

0

45

1

0

44

215

56

0

56

0

1

41

14

0

56

0

0

0

56

0

1

55

220

36

0

0

36

0

4

32

0

0

36

0

0

36

0

0

36

222

38

0

23

15

0

28

10

0

38

0

2

0

36

1

0

37

228

38

0

38

0

0

28

10

0

38

0

1

0

37

4

1

33

230

41

0

41

0

0

27

14

0

41

0

0

0

41

0

0

41

231

31

0

0

31

0

0

31

0

31

0

0

0

31

0

0

31

234

46

0

46

0

0

0

46

0

0

46

0

0

46

0

0

46

Total

756

0

294

462

1

179

580

5

431

320

3

0

753

20

21

715

statistical parameters known as sensitivity (Se) and
specificity (Sp), which are defined as eq. (16) and
(17), respectively,
Se 

TP
 100%
TP  FN

(16)

Sp 

TP
100%
TP  FP

(17)

where, TP represents true positive that indicates the
accurate detection of QRS complex, FP represents
false positive indicating a detection of QRS where it
is not present and FN indicates false negative failure
of algorithm to detect a correct beat.
Table 1 is listed with the detection performance
over each record of all algorithms. Summarized
results in the form of sensitivity and specificity are
provided in Table 2.
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FSD

FP

Table. 2. Results as Sensitivity and Specificity of
algorithms
Algorithms
Se %
Sp %
AF
61.11
100
FD
76.42
99.83
FS
42.61
98.64
TP
100
99.6
EMD
97.15
97.28
Discussion:
As it is very clear after understanding the working
of all algorithms that approaches based on
derivative calculation are simplest, while approach
based on multi-resolution technique is more
complicated but their performance is higher than
derivative based approaches. One more approach
based on combination of derivative, filters and
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adjustable thresholds lies between simplest and
complicated approaches. Through the study and
results obtained from methods it is suggested that
main reason behind failure of derivative based
methods is that they are unable to trace the changes
occurs in ECG signal characteristics. On the other
hand, highly efficient PT method takes advantages
of adjustable threshold. As extension of this study
and based on findings, the derivative based methods
can be easily modified by the integration of
adjustable threshold based on signal ECG signal
characteristics.
IV. CONCLUSION:
Overall study is concluded as the comparison of
three different approaches based QRS detection
algorithm. First approach based on derivatives,
second approach based on combination of
derivatives, filters and adjustable thresholds, and
third approach based on principle of multiresolution technique. Among the derivate based
QRS detection algorithms FD based algorithm
performs better (76% Sensitive) than AF and FS.
PT and EMD based algorithm both have high QRS
detection performance, sensitivity of 100% and
97.15% respectively. Conceptual outcome of this
study is lack adaptive thresholds in derivative based
methods, which can be fulfill by modification of
derivative based approaches implemented in this
paper through adjustable threshold techniques.
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Abstract- A micro strip patch antenna consists of
a dielectric substrate, with a ground plane on
the other side. The Micro strip antenna has
advantages such as low cost, light weight and
portability. To overcome its main disadvantage
of narrow bandwidth, there are various
techniques for increasing the bandwidth BW of
(MSA)’s. The main techniques used to increase
the bandwidths is to cut slots of different shapes
– such as a U-shaped slot, a V-shaped slot, an Lshaped slot, or a pair of rectangular or
toothbrush shaped slots – at an appropriate
position inside the patch. This project aims
design and simulate Psi (Ψ)-shaped Micro strip
Antenna.
In this project, proposed Ψ -shaped
micro strip antenna is increased the bandwidth
of the E-shaped micro strip antenna by cutting
an additional pair of slots on the other radiating
edge of the E-shaped patch. Then compared the
results obtained after simulation with the
rectangular shape, E-shaped micro strip
antenna. Simulation process is carried out by
using HFSS software.
Index Terms- Rectangular Micro strip Antenna,
E-shaped Micro strip Antenna, Psi (Ψ)-shaped
Micro strip Antenna.
I. INTRODUCTION
There is an extensive research on micro strip
antennas which exploiting their disadvantage such
as narrow bandwidth which can limit their use in
some modern wireless applications.[1] So there is
an increasing demand for low-profile, easy to
manufacture, and multiband/wideband antennas

22

which can be easily integrated within
communication systems.
A micro strip antenna has several advantages
such as low weight, low profile planar
configuration, low fabrication costs and capability
to integrate with microwave integrated circuit
technology, the micro strip antenna is very well
suited for application such as wireless
communication system, cellular phones, pagers,
radar system, and satellite communication system.
Narrow bandwidth in micro strip patch antenna is a
disadvantage. To increase the bandwidth of micro
strip antenna by increasing patch height over
ground plane, using a lower substrate permittivity,
multilayer structure consisting of several parasitic
radiating elements with different size resulting in a
thicker antenna structure, printed antennas in
different shapes.
Recent trends have seen the development of
broadband antennas, multi-band antennas or
reconfigurable antennas receiving much attention
to fulfils different applications in just one single
terminal. Single terminals or devices could have
many applications such as, GPS, GSM, WLAN,
Bluetooth, etc. To suit such applications Wideband,
multi-band or reconfigurable antennas have been
developed.
A variety of studies have come up with different
techniques to achieve broadband operation for
printed antennas. Some of the techniques employed
are changing the physical size of the antenna,
modifying the radiator shape to allow current paths
to travel at longer distances (which sometime
increases the antenna size), and adding additional
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parts such as multi layers or gaps which again
makes the antenna larger and of a higher profile.
II. OVERVIEW OF MICROSTRIP PATCH
ANTENNA
An MSA in simplest form consist of a radiating
patch on one side of a dielectric substrate and
ground plane on other side. The MSA has proved
to be an excellent radiator for many applications
because of its several advantages such as low
weight, low volume, low cost, conformal
configuration, compatibility with integrated circuits
and so on. [1]
But it also has several disadvantages such as
Narrow bandwidth, Lower gain, and Low powerhandling capability. Increasing the BW of MSAs
has been the major thrust of research in this field.
[1]
The rectangular and circular patches are the basic
and most commonly used micro strip antennas.
Rectangular geometries are separable in nature and
their analysis is also simple. The enhancement of
the bandwidth and the achievement of multi
frequency operation are major challenges for the
antenna designer and many techniques have been
proposed for this purpose. There are several ways
to achieve broad band such as slots, suspended
ground, changing feeding techniques, by changing
radiator shapes which are explained in literature.
III. LITERATURE REVIEW
Kin-Lu Wong and Wen-Hsiu Hsu, ``A Broadband Rectangular Patch Antenna with pair of Wide
Slits'', in which design of a probe-fed rectangular
patch antenna with pair of slits with an air substrate
due to this good impendence match over bandwidth.
S.K.Sharma, L.Shafai proposed, ``Performance
of a Novel Ψ-shape micro strip patch Antenna with
wide Bandwidth'', micro strip Antenna suffer from
narrow impedance BW ,which can improved by
employing coupled resonator structures such as
stacked MA.
A.A.Deshmukh, K.P.Ray proposed, ``Compact
Broadband Slotted Rectangular Micro strip
Antenna'', in this both half –U-slot cut RMSA and
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rectangular slot cut RMSA combined together in
same patch due to two resonant slotted antenna
gives more bandwidth as compared to only a
rectangular slot cut or half-U-slot-cut rectangular
micro strip antenna. Antenna has broadside
radiation pattern over the entire bandwidth.
H. Wang, X. B. Huang, and D. G. Fang proposed,
``A single layer wideband U-slot microstrip patch
antenna array'', in which they achieve wide
impedance bandwidth by using microstrip line fed
U-slot array.
F.Yang, X. Zhang, X.Ye, and Y. Rahmat-Samii,
proposed, ``Wide-band E-shaped patch antennas
for wireless communications'', Two parallel slots
are incorporated into the patch of a microstrip
antenna to expand its bandwidth.
Y. Lee and J. Sun proposed, ``A new printed
antenna for multiband wireless applications'', with
a slot form on a printed circuit board the antenna
can used for multiband operations.
Ricky Chair, K.F.Lee, C.Mak
proposed,
``Miniature Wide-Band Half U-Slot and Half EShaped patch Antennas'', in this shorting
Pin(reduce size of patch) technique is applied to
half U-slot and half E-shaped patch antenna, due to
resonant slots the antenna gives more bandwidth as
compared to only a rectangular-full-cut or Full-Ecut rectangular micro strip antenna. Impedance BW,
Gain, Radiation pattern, efficiency is same as Full
U slot antenna.
A.
A.Deshmukh,
K.P.Ray
proposed,
``Broadband proximity fed modified Rectangular
Micro strip Antennas'', with use Proximity feeding
technique and thicker substrate which increase the
bandwidth.
Yikai Chen,shiwen Yang, Zaiping Nie proposed,
``Bandwidth Enhancement Method for Low profile
E-Shaped Microstrip Patch Antennas'', by
introducing distributed LC circuit to E-shaped
antenna which increase the bandwidth.
Ahmed Khidre,Kai Fong Lee,Fan Yang, Atef
Elsherbeni proposed, ``Wideband Circularly
Polarized E-shaped Patch antenna for Wireless
Application'', in which two parallel slots of E patch
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be unequal ,asymmetry is placed ,it increase the
bandwidth.

(X, Y) from the origin. The feed point must be
located at that point on the patch, where the input
impedance is 50 ohms for the resonant frequency.
IV. PROCEDURE FOR ANTENNA DESIGN
A trial and error method is used to locate the feed
A. Design Equations
point. The return loss is compared for different
The geometry of the proposed Psi (Ψ)-shaped locations of the feed point and the feed point is
Micro strip Antenna is shown in Fig1. Before selected where the return loss is most negative and
design the Psi (Ψ) micro strip antenna first design impedance match of 50ohms is obtained
rectangular patches antenna and E-shaped patch
antenna for same dimension. Rectangular patch
V. RESULTS OBTAINED
with dimensions (L * W) is separated from ground
A. Rectangular Patch Antenna
plane with a FR4 substrate (ε =4.4) of thickness
The rectangular micro strip patch antenna
h=1.56 mm.
designed on HFSS simulator software shown in
below fig.1.
B. Design Parameters and simulation
A substrate of thickness 1.56mm, width and
length of the patch as 38mm and 29mm
respectively were considered based on the design
dimensions. The operating frequency of the
proposed antenna is 2.4GHz. In this work, co-axial
or probe feed technique is used as its main
advantage is that, the feed can be placed at any
place in the patch to match its input impedance
(usually 50ohms). The patch for three different
design with a single coaxial feed was resonating
Figure 1: Rectangular patch antenna with probe
from 2.3GHz to 2.6 GHz with moderate return
feed.
loss; HFSS software is used to model antenna and
We have design operating frequency for antenna as
plot return loss, VSWR, Directivity, bandwidth.
2.4GHz, but after simulation resonance frequency
shifted at 2.39GHz to 2.46GHz, with return loss of
16dB. Return loss is a parameter which indicates
the amount of power that is “lost” to the load and
does not return as a reflection. Hence the return
loss is a transmitter and antenna has taken place,
indicated as S11 of a parameter to indicate how
well the matching between the antenna.
For optimum working return loss graph must
show a dip at the operating frequency and have a
minimum dB value at this frequency. Fig 2 shows
Figure 2: Proposed Psi (Ψ) micro-strip Antenna.
the return loss versus frequency graph.
C. Feed Point Location
A coaxial probe type feed is used in this design.
The center of the patch is taken as the origin and
the feed point location is given by the co-ordinates
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Figure 2: Return Loss versus frequency graph.

Figure 1: E-shaped Micro-strip Antenna.
After the simulation we got the return loss up to The one more antenna parameter is its radiation 30 dB at the 2.42 GHz to 2.51GHz frequency
pattern, which is a graphical representation of range.
radiation properties of the antenna as the function
of space co-ordinates. Fig.3. shows the radiation
pattern of antenna at 2.23GHz.

Figure 2: Return loss Vs Frequency Graph.
Below Fig.3 Shows the radiation pattern of the
E-shaped Micro strip antenna which is more
directional but there presents the one back lobe.
Figure 3: Radiation Pattern of Rectangular Patch
Antenna.
B. E-Shape Micro strip Patch Antenna
Inside this rectangular micro strip antenna, a pair
of slots was first cut to realize the E-shaped micro
strip antenna shown in Figure 1.

Figure 3: Radiation pattern of E-shaped Micro-strip
antenna.
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C. Psi (Ψ)-shaped Micro strip Antenna
Psi (Ψ) -shaped micro strip antenna, which
increased the bandwidth of the E-shaped micro
strip antenna by cutting an additional pair of slots
on the other radiating edge of the E-shaped patch.
Below fig.1 shows the Psi (Ψ) -shaped micro strip
antenna.

Figure 3: Radiation pattern of Psi (Ψ) -shaped
Micro-strip antenna.
VI. CONCLUSION
The Ψ -shaped micro strip antenna was realized
by cutting an additional pair of slots on the other
radiating edges of the E-shaped micro strip
antenna. Bandwidth, VSWR, directivity for the
Figure 1: Psi (Ψ) -shaped Micro-strip Antenna
equivalent rectangular micro strip antenna, the EAfter the simulation we got the return loss up to - shaped micro strip antenna, and the Psi (Ψ) -shaped
20 dB at the 2.48 GHz to 2.60GHz frequency micro strip antenna were compared which shown in
below comparison table.
range.
Sr.N
o

Shape of
Antenna

Frequenc
y
(GHZ)

VSW
R

BW
(MHz
)

Directivit
y
(dB)

1.

Rectangul
ar MSA

2.392.46

1.38

70

5.0

2.

E shape
MSA

2.422.51

1.07

90

4.9

3.

Psi shape
MSA

2.482.60

1.20

120

4.5

Figure 2: Return loss Vs Frequency Graph.
Below Fig.3 Shows the radiation pattern of the Psi
(Ψ) shaped Micro strip antenna which is more
directional but there is not present the back lobe.

Table 1. Shows the comparison of different shapes
of MSA.
Above results shows the Psi (Ψ) -shaped micro
strip antenna gives more bandwidth that is 120
MHz.
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Abstract: —Resolution of an image has been
always an important issue in many image- and
video-processing applications, such as video
resolution enhancement, feature extraction and
Interpolation in image processing is a method to
increase the number of pixels in a digital image.
Interpolation has been widely used in many
image processing applications, such as facial
reconstruction, multiple description coding, and
image
resolution
enhancement.
The
interpolation-based
image
resolution
enhancement has been used for a long time and
many interpolation techniques have been
developed to increase the quality of this task.
There are three well-known interpolation
techniques, namely, nearest neighbor, bilinear,
and bicubic. Bicubic interpolation is more
sophisticated than the other two techniques and
produces smoother edges. Wavelets are also
playing a significant role in many image
processing applications. The 2-D wavelet
decomposition of an image is performed by
applying the 1-D discrete wavelet transform
(DWT) &
Continues Wavelet Transform
(CWT) then, the high-frequency subband
images by decomposing images by wavelet
transform and the input low-resolution image
have been interpolated, followed by combining

all these images to generate a new resolutionenhanced image by using inverse DWT
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Keywords: Interpolation, DWT (Discrete Wavelet
Transform), IDWT (Inverse Discrete Wavelet
Transform).
1. INTRODUCTION
Satellite images are being used in many
fields of research. One of the major issues of these
types of images is their resolution. In this paper, we
propose a new satellite image resolution
enhancement technique based on the interpolation
of the high-frequency subbands obtained by discrete
wavelet transform (DWT) and the input image. The
proposed resolution enhancement technique uses
DWT to decompose the input image into different
subbands. Then, the high-frequency subband
images and the input low-resolution image have
been interpolated, followed by combining all these
images to generate a new resolution-enhanced
image by using inverse DWT. In order to achieve a
sharper image, an intermediate stage for estimating
the high-frequency subbands has been proposed.
The proposed technique has been tested on satellite
benchmark images. The quantitative (peak signalto-noise ratio and root mean square error) and visual
results
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II. PROPOSED IMAGE ENHANCEMENT
SCHEME

2.1 Low Resolution Image

Low
resolution
image

SWT

LL

LH

HL

DWT

HH

LL

Estimated
LH

LH

HL

Estimated
HL

HH

Estimated
HH

IDWT

High
resolution
image

Fig.1 Block diagram of proposed system.
show the superiority of the proposed technique over
the conventional and state-of-art image resolution
enhancement techniques.
Fig. 1 shows block diagram of the proposed
image resolution enhancement scheme. It is
composed of six main blocks; input satellite image,
for subband coding achived using discrete wavelet
transform .Subband coding gives different bands
after low pass and high pass filtering like Low and
high bands. Next section includes processing of
interpolation
technique
for
scaling
after
interpolating different subbandsInverse discrte
wavelet transform is applied on that bands to get
high resolution of an image.
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Fig .2 Low resolution Image [1]
Figure 2 shows the details of low resolution image
which we are going to process to get enhamcement
of an image. We can select any satellite image for
processing here we are taking example of ballons
image.
2.2 DWT (Discrete Wavelet Transform)
A DWT is a wavelet transform for which the
wavelets are discretely sampled. The DWT of a
signal is calculated by passing it through a series of
low and high pass filters to obtain four sub bands
viz., one approximation band and three detailed
bands belonging to low frequency and high
frequency components respectively. The four sub
bands of DWT such as approximation band,
horizontal band, vertical band and diagonal bands.
The significant information of lip is present in the
approximation band compared to other three high
frequency component bands. The Discrete Wavelet
Transform (DWT), which is based on sub-band
coding, is found to yield a fast computation of
Wavelet Transform. It is easy to implement and
reduces the computation time and resources
required. Wavelet transform decomposes signal into
set of basic functions. These basic functions are
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called as wavelets. Wavelets are obtained by single filtering the columns is referred to as the LH
prototype wavelet y(t) called mother wavelet.
images.
The one obtained by high-pass filtering
the rows and low-pass filtering the columns is
(1) called the HL image. The sub image obtained by
high-pass filtering the rows and columns is referred
Where a is scaling parameter and b is shifting to as the HH image. Each of the sub images
parameter. The variable ‘a’ (inverse of frequency) obtained in this fashion can then be filtered and
reflects the scale (width) of a particular basis subsample to obtain four more sub images. This
function such that its large value gives low process can be continued until the desired sub band
frequencies and small valuegives high frequencies. structure is obtained. The symbols L and H refer to
The variable ‘b’ specifies its translation along x- low-pass and high-pass filter respectively. LL
axis in time. The term 1/ is used for normalization. represents the approximation sub-band & LH, HL
The wavelet transform concentrates the energy of and HH are the detail sub-bands. LL is the low
the image signals into a small number of wavelet frequency sub-band gives global description of an
coefficients. It has good time-frequency localization image with directional features. Horizontal
property. The fundamental idea behind wavelets is coefficients (LH) correspond to the low-frequency
to analyze signal according to scale. It was component in the horizontal direction and highdeveloped as an alternative to the short time Fourier frequency component in the vertical direction
to overcome problems related to its frequency and
time resolution properties. The advantage of DWT
over DFT and DCT is that DWT performs a multiresolution analysis of signal with localization in
both time and frequency. Also, functions with
discontinuities and with sharp spikes require fewer
wavelet basis vectors in the wavelet domain than
sine-cosine basis vectors to achieve a comparable
approximation. The properties of Wavelet
Transform allow it to be successfully applied to
non-stationary signals for analysis and processing,
e.g., speech and image processing, data
compression, communications.
2.3 Sub band coding
In wavelet decomposing of an image, the
decomposition is done row by row and then column
by column. For instance, here is the procedure for
an N x M image. You filter each row and then
down-sample to obtain two N x (M/2) images. Then
filter each column and subsample the filter output to
obtain four (N/2) x (M/2) images. The one obtained
by low-pass filtering the rows and high-pass
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Fig3.Subband Coding [13]

2.4 Interpolation Techniques
i. Nearest Neighbor Interpolation
ii. Bilinear Interpolation
iii. Bicubic Interpolation
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2.5 IDWT
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Abstract—This paper reports a new method for
improving the alignment accuracy and
convergence speed of strap down inertial
navigation system. The Strapdown Inertial
Navigation System (SINS) error model is derived
from the dynamic model for a small
misalignment angle. Many algorithms are
proposed in the literature for the proper
estimation of alignment accuracy for INS. For
the estimation of accurate azimuth alignment
error two algorithms viz. Volterra Recursive
Least Square (VRLS) and Bilinear Recursive
Least Square (BRLS) based on nonlinear
adaptive filter are being proposed. The
comparative performances of the aforesaid
algorithms are presented to show the
effectiveness of the proposed (BRLS) algorithm.
The effective performance of proposed BRLS
algorithm is obtained in presence of three
different white Gaussian noise in MATLAB
simulating environment. The comparative
analysis is precisely presented to appreciate the
validation of proposed BRLS algorithm. The
proposed BRLS algorithm also enhances the
convergence rate of azimuth attitude error and
alignment accuracy effectively.
Keywords— SINS, Initial alignment, VRLS, BRLS
.
I. INTRODUCTION
Today, the strapdown inertial navigation system
(SINS) [1] is widely being adopted for the accurate
positioning and navigation of missiles, unmanned
arial vehicles, aeroplanes, ships, and railway
vehicles etc. Unlike (Global Positioning System)
GPS, INS is independent of any third party
applications, and thus it is unaffected by the
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external sources. However during long durations the
INS output is subjective to the errors in the data
which is supplied to the system and also can be due
to inaccurate design and construction of the system
components. There are mainly three types of errors
which are responsible for the rate at which
navigation error grow over long distances of time
and these are the initial alignment errors, sensor
errors and computational errors. The initial
alignment [2]-[5] is the key technology in SINS and
it is required to provide accurate result depending
upon the sensors configuration. The main purpose
of initial alignment is to get the initial coordinate
transformation matrix from the body frame to
computer coordinates frame and the misalignment
angle is considered to be zero during the
mathematical modeling. During the initial
alignment, in inertial navigation system alignment
accuracy and alignment time are the two major
technical factors that need to be considered. The
performance of inertial navigation system is
affected by the alignment accuracy directly as well
as initial alignment time which is mainly
responsible for the rapid response capability.
Therefore there is a requirement of shorter
alignment time with a high precision in initial
alignment.
Today Kalman filtering [2] Techniques are
basically used to achieve the initial alignment of
inertial navigation system as it is simple and also an
effective method. But in conventional Kalman
filtering technique one must have the future
knowledge of the mathematical models and the
noise statistics must also be studied and considered.
For unknown noise characteristics the conventional
Kalman filter would not be able to provide a better
and effective result. This paper presents a study on
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initial alignment using two nonlinear adaptive
algorithms.
The simulation work is done in MATLAB and a
comparison between these two algorithms are also
presented.
After Introduction in Section I, Section II
briefly describes initial SINS alignment. The two
different type of estimation algorithms are given in
section III and also described. Section IV deals with
the dynamic modeling used for the simulation.
Section V deals with the dynamic simulation of fine
alignment. Section VI presents the results and
discussions and the comparison between the
proposed algorithms. Finally, we conclude the paper
in Section VII.

it is required for the estimation of the measured
value of b .

C

n

The basic of alignment in SINS is discussed
which plays an important role to improve the initial
alignment. A theoretical background of the
proposed algorithms are discussed in the next
section.
III. THEORETICAL BACKGROUND [22]:
The general set up of an adaptive-filtering
environment is illustrated in Fig.1.

II. SINS INITIAL ALIGNMENT
Coarse Alignment
An INS determines the position of the body frame
by the integration of measured acceleration and
rotation rate. Since the position is always relative to
the starting position and for this reason the INS
must know the position, attitude and heading before
the navigation begins. The position is assumed to be
known but the attitude and heading needs to be
determined and is the process of alignment.
In the coarse alignment stage the measured
acceleration and rotation rate in body frame is
compared with the gravity vector G along with the
Earth’s rotation rate and it directly estimates
transformation matrix of carrier coordinates to
geographical coordinates. It estimates the attitude
and heading accurately enough to justify the small
angle approximations made in the error model, and
hence allow fine alignment to use an adaptive filter
using the error model to obtain a more precise
alignment which helps to determine the direction
b
cosine matrix or attitude matrix
relating the

C

n

navigation frame and body frame. For determining
the the orientation of the body frame INS makes the
use of the accelerometers and gyroscopes for
measurement with respect to a reference frame and
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Fig-1: Adaptive Filtering Structure
Where k is the iteration number, x(k ) denotes the
input signal, y(k ) is the adaptive-filter output
signal, and d (k ) defines the desired signal. The
error signal e(k ) is calculated as d (k )  y (k ) . The
error signal is then used to form a performance (or
objective) function that is required by the adaptation
algorithm in order to determine the appropriate
updating of the filter coefficients. The minimization
of the objective function implies that the adaptivefilter output signal is matching the desired signal in
some sense. The algorithm is the procedure used to
adjust the adaptive filter coefficients in order to
minimize a prescribed criterion. The algorithm is
determined by defining the search method (or
minimization algorithm), the objective function, and
the error signal nature. The choice of the algorithm
determines several crucial aspects of the overall
adaptive process, such as existence of Sub-optimal
solutions,
biased
optimal
solution,
and
computational complexity. The basic objective of
the adaptive filter is to set its parameter e(k ) , in
such a way that its output tries to minimize a
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meaningful objective function involving the
reference signal.
Adaptive Non linear Filter : The general
structure of adaptive non linear filter is given in
Fig-2.

Fig-3: Adaptive Volterra Filter Structure
a)
Volterra RLS Algorithm (VRLS)
Fig-2: Non Linear Adaptive Filtering Structure
ESTIMATION ALGORITHMS
A. THE VOLTERRA SERIES ALGORITHM
The Volterra series model is the most widely used
model for nonlinear systems for several reasons. In
particular, this model is useful for nonlinear
adaptive filtering because the classical formulation
of linear adaptive filters can be easily extended to
fit this model. The Volterra series expansion of a
nonlinear system consists of a non recursive series
in which the output signal is related to the input
signal as follows:






d '( k )   w0 (l1 ) x ( k  l1 )    (l1 , l2 ) x ( k  l1 )x ( k  l2 )
l1  0 l 20
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w (k ) = w (k -1 ) + e ( k ) S D (k )x (
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m o d e l
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 1 .

k )

C o e f fic ie n ts o f th e n o n -lin e a r filte r
b a s e d o n th e s e c o n d o r d e r o f
a s e rie s e x p a n s io n .
If n e c e s s a r y c o m p u te
y ( k ) m a tr ix

d (k )-y (k )
M e a n -s q u a r e

e rro r.

(1)

li 0

Where woi(l1, l2.....,li), for i = 0, 1, . . . ,∞, are the
coefficients of the nonlinear filter model based on
the Volterra series, and d ' ( k ) represents, in the
context of system identification application, the
unknown system output when no measurement
noise exists. The term woi(l1, l2, . . . , li) is also
known as the Volterra kernel of the system. Please
note that the input signals in this case are assumed
to consist of a tapped-delay line. The general
structure of adaptive Volterra filter is given in Fig3.
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    w03 (l1 , l2 , l3 ) x ( k  l1 )x (k  l2 ) x ( k  l3 )


S te p

b)

Bilinear RLS Algorithm (BRLS)

As it is widely known that the reduction in the
computational complexity is the main advantage the
adaptive IIR filters present when compared with the
adaptive FIR filters. Motivated by this observation,
we can consider implementing nonlinear adaptive
filters via a nonlinear difference equation, in order
to reduce the computational burden related to the
Volterra series expansion. Bilinear RLS Filtering
Structure is given in Fig-4. The most widely
accepted nonlinear difference equation model used
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for adaptive filtering is the so-called bilinear
equation given by
M

y(k ) 

bm (k ) x (k  m ) 

m0

I



i 0



a j (k ) y (k  j)

j 1

L



C i , lx ( k  i) y ( k  l )

(2 )

l1

Where y(k) is the adaptive-filter output.
In this case, the signal information vector is defined
by
 x(k
 x(k
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)
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Where N,M, I and L are the orders of the adaptivefilter difference equations. The coefficient vector
can then be described as
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The two nonlinear adaptive algorithms i.e VRLS
and BRLS are explained in this section and that are
used in the estimation of initial alignment angles
error in SINS. The next section presents the
dynamic model of SINS.
IV. DYNAMIC MODELING
The model of a local ENU (East-North-UP) [2]
frame is used in this paper as the navigation frame.
From the alignment point of view the East and
North axes are referred to as leveling axes and “Up”
axis are called the azimuth axis. The state equations
can be represented as [2]
P2   P2
 P

X  AX  FW   1
(5)
 X 
W
05X 5 05X5   05X5 
Where X  [ VN  VE N EU  x y  x y  z ]
 VN , VE are the east and north velocity error respectively.
N ,  E are the two level milianment angles.
U for the misalignment angle.
 x , y for accelerometer error.
 x , y , z are the gyro error.
ie for the Earth rotation rate.

Fig-4: Adaptive Bilinear RLS Filtering Structure
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The observation equation for Initial alignment of
SINS is given by,
Y  TX  V
(6)
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C11 = cos(N )cos(U ) - sin(E )sin( N )sin(U ),

T

V 
I

Where, Y   E  , T =  2 X 2 
  VN 
 02 X 8 
and V is the assumed to be the white noise.

C12 = sin(E )sin( N )cos(U ) + cos(N )sin(U ),
C13 = -sin( N )cos(E ),
C21 = -cos( E )sin(U ),
C22 = cos(E )cos(U ),

The system noise as follows,
T

C23 = sin(E ),

W  [ wax way wgx wgy wgz ]

Where x,y,z correspond
coordinates (ENU).

to

the

Northeast

C31 = sin(N )cos(U ) + cos( N )sin(E )sin(U ),
C32 = sin(N )sin(U ) - cos( N )sin(E )cos(U ),
C33 = cos(N )cos(E ),
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1
0
-ie Sin( L) 0

R
 tanL
0
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0
0
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and,
 C11

 C 21
P2 =  0

0
0


C12

0

0

0



C 22
0
0
0 
0
C11
C12
C13 

C23 
0
C21
C22
0
C31
C32
C33 
P2 matrix for the posture matrix and with the help

of this transformation matrix the ENU coordinate
system can be transformed into body coordinate
system and is given by,
 C11

P2 =  C 21
C
 31

C12
C22
C32

C13 

C23 
C33 

The systems observation equation by considering
level velocity error as an external observation value
is
1 0 0 0 0 0 0 0 0 0 
Y =
(7)
 X+V
0 1 0 0 0 0 0 0 0 0
The continuous system in equation (5) and (6) must
be converted into discrete system before the
MATLAB simulation.
After modeling of the SINS the next stage is
the simulation of the model and is presented in the
next section.
V. DYNAMIC SIMULATION OF FINE
ALIGNMENT
In order to evaluate the performance of the
proposed nonlinear adaptive algorithms i.e. Volterra
RLS and Bilinear RLS algorithm, an example of a
static self aligned stationary-base filtering program
is considered, and use the ENU coordinate frame.
The initial parameters used for the simulation are as
follows:
Inertial
navigation
system
location
of


longitude125 , north latitude 45 , the initial value
X0 of the state variable X are assigned to zero; P0, Q
and R are taken as the corresponding value of the
middle-precision gyroscopes and accelerometers;
and
the
initial
misalignment
 VN  VEN EU  x y  x y  z
angles N E U are taken as 1 ; gyro drift are often
taken as 0.02 /h , random drift taken as 0.01 /h ; and

37

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(6), March 2014

accelerometers taken as 100 g , velocity errors
taken as 0.1m/s, then:
X

0

 d ia g { 0 , 0 , 0 , 0 , 0 , 0 , 0 , 0 , 0 , 0 }

P0 = d ia g [(0 .1 m /s ) 2 , (0 .1 m /s ) 2 , (1 ) 2 ,
(1 ) 2 , (1 ) 2 , (1 0 0  g ) 2 ,(1 0 0  g ) 2 ,
(0 .0 2  /h ) 2 , ( 0 .0 2  /h ) 2 , ( 0 .0 2  /h ) 2 ]
Q = d ia g [( 5 0  g ) 2 ,(5 0  g ) 2 ,
( 0 . 0 1  / h ) 2 , ( 0 .0 1  / h ) 2 , ( 0 .0 1  / h ) 2 , 0 ,0 , 0 , 0 , 0 ]
R = d ia g [ (0 .1 m /s ) 2 , ( 0 .1m /s ) 2 ]

Fig. 8 Azimuth MSE plot Vs time samples using
BRLS and VRLS

Fig. 5 Azimuth MSE plot Vs time samples using
BRLS and VRLS
Fig. 9 Azimuth error plot Vs time samples using
BRLS and VRLS

Fig. 6 Azimuth error plot Vs time samples using
BRLS and VRLS

Fig. 10 Azimuth estimation plot Vs time samples
using BRLS and VRLS

Fig. 7 Azimuth estimation plot Vs time samples
using BRLS and VRLS
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Fig. 11 Azimuth MSE plot Vs time samples using
BRLS and VRLS

VI. RESULTS AND DISCUSSIONS
To improve the performance of the initial
alignment, here two algorithms are proposed BRLS
and VRLS. The two algorithms are compared to
each other by considering three different values of
noises i.e. for 0.05 randn, 0.03 randn and 0.005
randn. The performance of two algorithms for
estimating Azimuth angle error is shown in
fig.6,9,12, Azimuth error estimation is shown in
fig.7,10,13, and the MSE Azimuth angle error is
shown in fig.5,8,11. The comparison performance is
given in table no.1.
Table 1 Performance of The Proposed Algorithm
Algorith
ms

VRLS
BRLS

When
Noise
Covarianc
e is 0.005
0.521
0.401

When
Noise
Covarianc
e is 0.03
0.630
0.372

When
Noise
Covarianc
e is 0.05
0.810
0.451

Computa
tional
Time
0.60624
0.26374

for Estimating Azimuth angle Error
Fig. 12 Azimuth error plot Vs time samples using
BRLS and VRLS

VII. CONCLUSIONS
To improve the estimation of SIN’S azimuth angle
error a new BRLS algorithm for the initial
alignment of INS system has been proposed. A
MATLAB simulation is done for the evaluation of
the proposed algorithm. From the simulation result
it is observed that the BRLS algorithm is one of the
better and also an effective algorithm for the initial
alignment accuracy and convergence speed of strap
down inertial navigation system that can be verified
from table1.

Fig. 13 Azimuth estimation plot Vs time samples
using BRLS and VRLS
In this section the various outputs obtained from the
MATLAB simulations are shown and their
performances characteristic are discussed in the
next section.
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Abstract— Spirometric measurements are
valuable in diagnosing diseases such as
pulmonary fibrosis, asthma, cystic fibrosis and
COPD. As pulmonary diseases are one of the
primary diseases, portable spirometers are
gaining popularity in general practitioners. This
paper presents the design, implementation,
characterization and measurements of a handheld spirometer based on strain gauge based
sensor. The designed sensor uses the target flow
meter principle in which force exerted is
converted into an electronic signal with the help
of strain gauge. The designed sensor is portable,
low cost, and easy to disinfect.
The characterization of the developed sensor
shows linear relationship between air flow and
voltage. This paper presents characterization
setup developed for the developed strain gauge
type sensor for spirometer application.
Index Terms— Spirometer, Target sensor,
strain gauge.
I. INTRODUCTION
Spirometry is a medical screening test that
measures various aspects of breathing and lung
function. It is performed by using a spirometer, a
special device that registers the amount of air a
subject inhales or exhales and the rate at which the
air is moved into or out of the lungs. The most
common spirometric tests require that the subject
exhale as forcefully as possible after taking in a full,
deep breath. The subject's effort is called the forced
expiratory volume in one second (FEV1).
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Many spirometers were developed in past with
many functions and capabilities, still face with the
problems like:
 Bulkiness
 Temperature sensitivity
 High cost
 Difficult calibration
 Cleaning issues
This paper gives an altogether different but
simple idea of developing a hand-held sensor which
will avoid all the above problems faced by other
spirometers.
Spirometry is the measurement changes in flow
or volume over time. The basic idea is to use bonded
type strain gauges for the measurement of flow for
the application of spirometry. The developed
spirometer is designed to meet the medical needs by
having the following criteria:






Low cost design and portability
No temperature compensation needed
Home monitoring functionality
Sterilizable mouth piece
Usage in the home, emergency room,
clinic, hospital wards & in occupational
medicine
II. PROPOSED SYSTEM

The block diagram of the proposed system is
given below;

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(6), March 2014

Figure1. Block diagram of the proposed system
The proposed system has a target flow transducer
which converts force generated by exhaled air into
electrical voltage. The target type sensor is chosen
for this application because making of such a sensor
is very cheap and effects of temperature can be
nullified by using a full Wheatstone bridge circuit in
which two strain gauges can be applied. Another
reason for using target type sensor is that this sensor
was not used before for spirometric application.
The signal conditioning circuit consists of a
Wheatstones bridge which acquires the voltage from
strain gauge and an instrumentation amplifier
(AD620) which amplifies the obtained signal.
AD620 is selected as a differential amplifier because
it can work on low power supply and has high
CMRR which means very low noise.
III. SENSOR DEVELOPMENT
The maximum lung capacity of normal humans is
around 6 to 6.5 litres per second. Normal human can
forcefully exhale 3.8 to 4.3 litres per second. This
force exerted by the exhaled air must be capable of
displacing the target plate. Hence the target plate
used for such purpose must be very sensitive so that
it can sense a small amount of ﬂow input for proper
measurement.

Figure2. Development of target sensor using strain
gauges
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For this purpose the target plate material must be
flexible and sturdy. These requirements were
fulfilled by a very thin copper plate. The ﬂexibility
of the plate provides maximum deﬂection for small
changes of applied flow in terms of force and back
to its original place after removal of force.
Sturdiness makes the sensor unbreakable and gives
long life to the sensor.
To start with, a strip of copper (7cm x 2cm) was
cut and fixed to a bolt extender for proper fitments.
Strain gauges were attached at one end of the strip
back to back.
The strain gauge used is of 350ohm. The whole
assembly is attached to a PVC cap for proper fitment
and safety purpose. The sensor is then placed in a
PVC T -joint, so as to concentrate the force exerted
by the exhaled air on the tip of the target plate.
IV. SIGNAL CONDITIONING CIRCUIT
The strain gauge, in this spirometer converts the
applied exhaled air force into equivalent change in
resistance. The strain gauge used in this system is
bonded type strain gauge because it is,




Very small in size.
Can be ﬁxed to the target.
Available from 30 ohms to 3 kilo ohms.

In order to use the strain gauge as a practical
instrument, we must measure extremely small
changes in resistance with high accuracy. Such
demanding precision calls for a bridge measurement
circuit. The Wheatstone bridge indicates the
measured strain by the degree of imbalance created
by the applied exhaled air force. To avoid
temperature effects, two strain gauges are applied at
opposite arms of the Wheatstone bridge.
AD620 is used for amplification. The purpose of
selecting AD620 is that it has high CMRR, low cost
and can work at low power supply. Gain of 100 is
chosen for effective working of the spirometer.
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Figure3. Signal Conditioning Circuit
In the above figure 3, the Wheatstone bridge
indicates imbalance generated by the force applied
by the exhaled air in terms of voltage in milli volts.
This voltage change is very low. To make the
voltage change readable, an instrumentation
amplifier AD620 is used to amplify the voltage.
For further processing of the voltage for
spirometric application, linearity of the developed
system must be known. If the developed sensor is
linear, we can use the output voltage directly
otherwise curve fitting is needed. To check with the
linearity we need a characterization setup which is
explained below.
V. CHARACTERIZATION SETUP
The characterization of any sensor is important so
as to know the linearity of the sensor. For the
developed sensor as it was made for spirometry
purpose, it was necessary to give air input to develop
force at the tip of the target plate. This air input was
given by AFR (Air Filter Regulator). To get good
resolution two AFR’s were used serially. The output
of the AFR is given to one end of the sensor via a 2
meter long half inch PVC pipe and a PVC cap for
proper fitment and to avoid turbulence in the air
flow.

Figure4. Characterization Setup
The air flow is measured with the help of a handheld anemometer. To match with the diameter of the
anemometer an expander is attached. The voltage
output and the air flow given to the sensor are
recorded. The relationship between the voltage
output and the AFR input given to the sensor is
checked. In figure 4, it can be seen that the
relationship between AFR input and voltage output
of the sensor is linear.

Figure5. Graph of AFR input vs Voltage
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VI. RESULT
The developed sensor gives a linear relationship
between the input air flow from the AFR and
voltage output of the developed sensor.
VII.

CONCLUSION

As we have got linear relationship between the AFR input
and the voltage output of the developed sensor, there is no need
of any
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Image Resolution Enhancement using Non-subsampled Contourlet
Transform
Karishma Koladia and Parul Pithadia

Abstract—In this paper, we present a novel
learning based technique to enhance spatial
resolution of a low resolution observation using a
database containing low resolution (LR) images
and corresponding high resolution (HR)
versions. The evaluated technique generates HR
image by estimating the details from the given
training database. We exploit the fact that the
crucial information of an image is conveyed by
image features such as edges, corners and
curves. The geometry of these features in LR
image is similar to that of their HR counterparts.
We obtain high resolution version for the given
LR test image by learning non-subsampled
contourlet transform coefficients of HR images
given in the training database. The proposed
technique has been tested on various real world
natural images. The results show the superiority
of the proposed technique over existing
approaches.
Index Terms—Non-Subsampled Contourlet
Transform(NSCT),
Super-Resolution
(SR),
Structural Similarity Index (SSIM), Peak Signal
to Noise Ratio (PSNR)
I. INTRODUCTION
High Resolution (HR) images are desired and
often
required in most electronic imaging
applications. A high resolution (HR) image contains
high pixel density, and therefore it can offer more
details that may be critical in many imaging
applications. High resolution medical images can be
very helpful for a doctor to make a correct diagnosis
of various dieses and tumors. If HR image is
provided, the performance of pattern recognition in
computer vision can be improved and objects may
be easily distinguished from similar ones using HR
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satellite images. Now a day, charge-coupled device
(CCD)
and
complementary
metal
oxide
semiconductor (CMOS) image sensors are widely
used to capture digital images. In most imaging
applications, these sensors are more suitable but the
consumer price as well as current resolution level
will not be able to satisfy the future demands. An
HR image can be obtained from observed multiple
low resolution (LR) images using some image
processing techniques. Recently, such an approach
for image resolution enhancement has been one of
the most active research areas which is known as
super resolution (SR). The major advantage of this
approach is that it may cost less and it can still
utilize the existing LR imaging systems. The SR
image is useful in many practical cases including
satellite imaging, remote sensing, medical imaging,
forensic science, video surveillance, biometric and
computer vision. One of its applications is to
reconstruct a higher quality image from LR images
captured by an inexpensive LR camera/camcorder
for printing purpose.
II. BACKGROUND
Image resolution refers to the number of pixels in
an area used to represent an image. The physical
resolution of an image is known as the actual size of
the image that is stored on a disk. The effective
resolution of an image can be reduced than its
physical resolution if it has been blurred or resized
(without super resolution techniques) to a larger size
than its original size. Super resolution (SR) is a class
of techniques which is used to enhance the effective
resolution of an image (or set of images). Methods
for SR can be classified into two main types: (i)
Classical multi-frame super-resolution and (ii)
Learning based super-resolution. The first method
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can be achieved mainly by three approaches namely
[1],[3],[4], (a) Frequency domain based approach (b)
Interpolation based approach and (c) Regularization
based approach. All three approaches use a set of
LR images of the same scene to obtain
corresponding HR image. This approach obtains
only small increase in resolution. The limitation of
this approach has lead to the development of
“Learning Based Super-Resolution” which is also
known as “Example based Super-resolution”. The
learning based SR uses a low resolution test image
and a database containing low resolution training
images and their high resolution versions [2]. The
correspondences between low and high resolution
training image patches are learned from a database,
and then applied to a new low-resolution image to
reconstruct its most likely high-resolution version.
Higher SR factors can be obtained by applying this
process repeatedly. Gajjar and Pithadia’s
approach[6] uses a training database consisting of
LR images and their HR counterparts, all captured
from a real camera and obtain initial HR estimate
using the discrete wavelet transform (DWT) based
learning approach. DWT has its limitations, by the
one-dimensional wavelet of separable wavelet only
has three directions, it is suitable for describing
Isotropic point singularity, but is not best to describe
"line" or "face" of high-dimensional singular
functions, so cannot accurately express the direction
of the image edge information. The drawback of this
approach is also due the limitation of DWT to
capture geometrical regularities and the inability to
detect contours. Patel et al. [8] have proposed an
approach to reconstruct HR version of a LR image
using local ternary pattern(LTP) and discrete cosine
transform(DCT). The limitation of this approach is
that DCT gives shift variant representation of an
image and poor recovery of edge information.
Considering the limitations of the aforementioned
methods, we present a novel framework for image
super-resolution by learning details of each pixel of
an image individually from the training database.
We then search the best matching details from the
training images for each pixel of a test image. We
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use the non-subsampled contourlet transform and
learn the transform coefficients for the missing high
resolution details from the detailed sub-bands of
high resolution training images in the database.
The remainder of the paper is organized as
follows. We briefly describe the non-subsampled
contourlet transform (NSCT) in Section III as we
use NSCT to learn HR coefficients of an image. It is
followed by Section IV, where we introduce our
new learning based SR approach with three simple
steps: Image detail, searching matched LR training
images and learning HR coefficients. In Section V,
we describe our experimental setup, training
database and present our results on real world
images. We finally conclude the paper in Section VI
with a summary of the obtained results.
III. NON-SUBSAMPLED CONTOURLET TRANSFORM
The non-subsampled contourlet transform
(NSCT) is an efficient and flexible fully shift
invariant, directional and multiresolution image
representation that has a fast implementation. NSCT
is effective for images with smooth contours which
allow different angular resolution at different scale
and direction [12].

Fig. 1 Non-subsampled contourlet transform. (a)
NSFB structure used to implement NSCT (b)
Idealized frequency partitioning in the NSCT
Fig. 1(a) displays an overview of the NSCT. Fig.
1(b) illustrates the structure consists of a bank of
filters which splits the 2-D frequency plane in the
sub-bands. The NSCT is divided into two shiftinvariant parts: 1) a non-subsampled pyramid
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structure that gives the multiscale property and 2) a
non-subsampled DFB structure that ensures
directionality.
A. Non-subsampled Pyramid (NSP)
The multiscale property of the NSCT is obtained
by NSP that achieves sub-band decomposition
similar to that of the Laplacian pyramid. It uses
two-channel non-subsampled 2-D filter banks. Fig.
2 (a) illustrates the non-subsampled pyramid (NSP)
decomposition. For each subsequent stage, the
filters are obtained by upsampling the filters of the
first stage. The multiscale property is achieved
without using additional filter design. A similar
decomposition can be done by removing the
upsamplers and downsamplers from the Laplacian
pyramid and then upsampling the filters
accordingly. Thus, certain part of the noise
spectrum in the processed pyramid coefficients has
been filtered [14],[15].
B. Non-subsampled Directional Filter Bank
(NSDFB)
The critically-sampled two-channel fan filter
banks and resampling operations have been
combined to construct NSDFB. The 2-D frequency
plane is split into directional wedges by this
resulting tree-structured filter bank. A nonsubsampled DFB (NSDFB) obtains a shift-invariant
directional expansion. The NSDFB is constructed
by eliminating the upsamplers and downsamplers in
the DFB. This can be done by omitting the
upsamplers/downsamplers from each two-channel
filter bank of the DFB tree structure and upsampling
the filters accordingly. Thus, a tree containing twochannel non-subsampled filter banks (NSFBs) is
obtained. Fig. 2(b) illustrates the non-subsampled
DFB decomposition [16].
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Fig. 2 Non-subsampled contourlets and filter banks
(a) NSP: Pyramid NSFB (b) NSDFB: Directional
NSFB
NSCT is constructed by combining the NSP and
the NSDFB as shown in Fig. 1(a). The frame
elements are localized in space and oriented along a
discrete set of directions. The NSCT offers
flexibility because it allows any number of
directions in each scale. From the NSCT
decomposition, we observe that there are three
different classes of pixels in the transform
coefficients: strong edges, weak edges and noise.
The strong edges correspond to the pixels having
large magnitude coefficients in all sub-bands. The
weak edges correspond to the pixels having large
magnitude coefficients in some directional subbands but small magnitude coefficients in other
directional sub-bands within the same scale. The
noise corresponds to those pixels with small
magnitude coefficients in all sub-bands [12]. The
NSCT is shift-invariant so that each pixel of the
transform sub-bands corresponds to that of the
original image in the same spatial location. So, the
NSCT coefficients can be useful to gather the
geometrical information pixel by pixel from them.
IV. THE PROPOSED APPROACH
Image resolution enhancement problem requires
additional source of non-redundant information for
recovery of the missing details. We propose to
recover the missing details of the LR test image in
the form of detailed contourlet coefficients from the
HR training images given in the database.
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Fig. 3 Schematic representation of the proposed
approach for image resolution enhancement
The block diagram of the proposed approach is
shown in Fig.3. The training database consists of
low resolution training images and their high
resolution versions all captured using a real camera.
The images in the database cover a wide range of
scenes. Low resolution images are captured with 1 x
zoom setting and high resolution images are
captured with 2 x zoom setting of the camera.
The flow of the algorithm goes through three
steps. Initially, we upsample the test image with the
help of bicubic interpolation method by a factor of
2. We then take a non-subsampled contourlet
transform of the image obtained by upsizing the test
image and HR training images. We then learn the
geometrical details of an image pixel by pixel. Next
we search the training database for similar
geometrical details that match to the geometrical
details in the test image. We then learn the high
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frequency details in the form of NSCT coefficients
and finally we obtain the super resolved image by
applying inverse NSCT. The following subsections
give the detailed description of the proposed
approach.
A. Learning Image Details
In this step, a test image is upsized using bicubic
interpolation method with the factor of 2. We then
describe a technique to obtain level-3 nonsubsampled contourlet decomposition of the
upsized test image and al HR training images. The
NSCT expands an image in terms of the low
frequency and high frequency directional subbands
all consisting of the images of the size same as the
original image. We then use an approximation
subband and low frequency subbands to learn the
geometrical details of an image.
B. Searching Matched HR Training Images
In this section, our approach attempts to identify
the HR training images of similar structure for each
pixel in the upsized test image. Before we describe
our technique for searching it is important to
mention following points. For level-3 NSCT
decomposition, sub-band 0 represents an
approximation image, sub-band I represents
transform coefficients of level-1 in the form of 2
blocks. Similarly, sub-band II consists of transform
coefficients of level-2 in the form of 4 such blocks
and sub-band III consists of 16 such blocks
representing transform coefficients of level-3. Here,
we compare coefficients of sub-band 0,I and II of
the test image with that of HR training images.
The learning procedure is as follows. Let the size
of the upsized test image and HR training image be
MxM. Let X1(i , j) be the contourlet coefficient at a
location (i , j) in the approximation image, X2(i , j)
and X3(i , j) be the coefficients in the sub-band I at a
same location (i , j), X4(i , j), X5(i, j), X6(i, j) and
X7(i , j) be the coefficients in the sub-band {II} at a
location (i , j) and X8(i , j) to X23(i , j) be the
coefficients of sub-band III at a corresponding
location (i , j). For every location (i , j) in the test
image, we learn X1(i , j) to X7(i , j) coefficients of the
corresponding location. We then search for the HR
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training image that has the best match with the test
image by comparing coefficients in the sub-band 0, I
and II in the minimum absolute difference (MAD)
sense.. For a given location (i , j) the best matching
HR image is found by using the following equation
for MAD.
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Where, X1(i , j), X2(i , j).... X7(i , j) are nonsubsampled contourlet transform coefficients of the
test image for location (i , j) and X1(m)(i , j), X2(m)(i ,
j).... X7(m) (i , j) are non-subsampled contourlet
transform coefficients of the mth HR training image
(m=1,2,3.....250) for different sub-bands.
C. Replacing HR Coefficients
In this step, all 16 coefficients of sub-band III in
the test image corresponding to the location (i , j)
are replaced by the corresponding 16 coefficients
of sub-bandthe III of the best matching HR training
image. This completes the learning process. The
inverse wavelet transform of the learned HR image
then gives initial HR estimate. Fig.4 illustrates how
NSCT coefficients of the test image are being
replaced by the corresponding coefficients of the
best matching HR image from the training database
to reconstruct the super-resolved image.
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Fig. 4 Replacing HR coefficients (a) NSCT
coefficients of best matching HR training image (b)
NSCT coefficients of upsized test image
V. EXPERIMENTAL RESULTS
In this section, we evaluate the performance of
the proposed technique to super-resolve a low
resolution test image using a database consisting of
LR and HR images. The real world images are used
to conduct all the experiments. The test images are
of size 64x64 and the super-resolution is shown for
an upsampling factor of 2. The size of the superresolved image is 128x128. Our training database
consists of 250 sets of images. Each set consist of
an LR image and corresponding HR versions. All
the training images are of real world scenes. A few
of the LR training images from the database are
selected as test images. Thus their true high
resolutions are available for comparison of the
reconstructed images. LR and HR pairs of the test
images are removed from the database. The
quantitative comparison of the results is presented
using structural similarity (SSIM) and peak signal
to noise ratio (PSNR).The SSIM score of the entire
image is computed by averaging the SSIM values of
the patches across the image [9],[11]. Higher value
of SSIM indicates better performance respectively.
All the experiments were performed on computer
having Intel® Core™ i3 processor working at
2.20GHz and having 4GB RAM.
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contains sharp edges as well as corners and curves.
Image 3 is a scene consisting of various features.
Image 4 is a picture of natural scene containing
various features like junctions and curves.
TABLE I. RESULTS COMPARISION
Pithadia et
Ima
Patel et al.
al.
Proposed
ge
Approach
Approach
Approach
No.
[8]
[7]
SSIM
1
0.8903
0.8909
0.8916
2
0.8132
0.8185
0.8227
3
0.8547
0.8585
0.8684
4
0.7548
0.7556
0.7562
PSNR
1
66.8145
66.8647
66.9145
2
55.8971
55.8988
55.9091
3
58.0048
58.1575
58.2208
4
54.1772
54.1904
54.2051

Image-1

Image-2

Image-3

Image-4
(a)

(b)

(c)

(d)

Fig. 5 (a) LR test image of size 64x64 (b) Resultant
image of Pithadia et al. approach [7] (c) Resultant
image of Patel et al. approach [10] (d) Resultant
image of proposed approach
Results of the experiments conducted on the real
world images are shown in Fig.5. Fig. 5(a) shows
the observed low resolution test images. Fig. 5(b)
shows the images obtained using Pithadia et al.
approach. Fig.5(c) includes the images obtained
using Patel et al. approach. Fig. 5(d) shows the
super resolved images obtained using the proposed
approach.
The test images used for experiments contain
different image details. Image 1 contains horizontal
and vertical edges as well as smooth areas. Image 2

50

The quantitative performance using SSIM and
PSNR as measurement indices is shown in Table I.
It shows considerable improvement in the figures of
the proposed approach as compared to the Pitahdia
et al. approach and Patel et al. approach. Higher
value of PSNR implies that the super resolved
images are less noisy. Use of NSCT helps to extract
edges and contours and leads to better structure
preservation thus improving SSIM score of the
resultant images.
VI. CONCLUSION
In this paper, we have presented a novel
technique for image resolution enhancement. We
work directly on each pixel for image features for
better structure preservation while learning. The
missing high frequency information of the test
image is learned from high resolution training
images in the form of non-subsampled contourlet
transform. The experimental results show that
performance of the proposed algorithm is better
than the other resolution enhancement techniques.
The quantitative comparison shows a considerable
improvement in PSNR and fairly good SSIM
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scores. The super resolved images are better as the
directional edge details are well reconstructed and
well preserved.
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Abstract— With the ever-increasing demand of
information technology in various fields, it is
necessary to develop a security system, so that
many serious problems such as hacking,
duplications and malevolent usage of digital
information can be avoided. Steganography
finds its role in attempt to address these
growing concerns. Steganography means hiding
a secret message within a cover in such a way
that an observer cannot detect the presence of
contents of the hidden message. The method of
embedding secret message is usually based on
replacing bits of useless or unused data in the
cover image, the image formed after embedding
message in cover image is called Stego image.
At the transmitter side Steganography
algorithm is applied and at the receiver side
extraction algorithm, which is also known as
Steganalysis, is applied. In this paper Gaussian
noise with pre-defined mean and variance is
used, to manipulate the Stego image. At the
receiver side the quality of extracted message
image depends on the precedence order of
extraction algorithm and filter. This paper
statistically analyze the effect of different
number of least significant bits (LSB) on Image
Steganography in terms of Peak signal to noise
ratio (PSNR), Mean square error (MSE),
compression techniques and size of the Stego
image.
Keywords—Steganography, Steganalysis, Cover
image, Message Image, Stego image, Gaussian
Noise, Peak Signal to Noise Ratio, Mean Square
Error and Histogram.
I. INTRODUCTION
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Steganography is the art of hiding the existence of
the communication message before sending it to
the receiver. The word steganography is of Greek
origin and means "concealed writing" from the
Greek words steganos meaning "covered or
protected", and graphei meaning "writing". The
common security systems include Cryptography,
Steganography
and
Water-marking.
Cryptography is defined as the art and science of
secret writing. Cryptography hides the contents of
the message from an attacker, but not the existence
of the message. Steganography can even hide the
very existence of the message in the
communicating data. Water-marking is the process
of embedding a message on a host signal. The
information hidden by a Water-marking system is
always associated to the digital object to be
protected or to its owner while steganographic
systems just hide any information. Water-marking
provides robustness against possible attacks.
Steganographic communications are usually pointto-point (between sender and receiver) while
watermarking techniques are usually one-to-many.
When user requires only hiding information in
secure manner, Steganography is employed. This
paper provides a method to achieve “robustness”
while implementing Steganography.
To a computer, an image is an array of numbers
that represent light intensities at various points
(pixels). All color variations for the pixels are
derived from three primary colors: red, green, and
blue. Each primary color is represented by 1 byte;
24-bit images use 3 bytes per pixel to represent a
color value. Image Steganography deals with
embedding a message image into a cover image.
There are two common methods of embedding:
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Spatial embedding in which messages are inserted
into the LSBs of image pixels, and Transform
embedding in which a message is embedded by
modifying frequency coefficients of the cover
image (result is called the Stego-image).
Transform embedding methods are found to be in
general more robust than the Spatial embedding
methods which are susceptible to imageprocessing type of attacks. But this paper presents
an effective way in which Spatial embedding
method technique i.e. LSB Steganography can be
implemented in presence of Gaussian noise, which
al-together makes the Stego-image less susceptible
to various attacks. Also in Spatial embedding,
transformation is not required, which reduces both

processing elements and processing time. Gaussian
noise represents statistical noise having probability
density function (PDF) equal to that of the normal
distribution. The values that the noise can take on
are Gaussian-distributed. The probability density
function of a Gaussian random variable is
given by:

where represents the grey level,
value and the standard deviation.

the mean

Fig.1 Block Diagram

II. PROCEDURE
The first step is of selecting a cover image and a
message image. The message image must be of
same dimensions and format of that of the cover
image. Next step is selecting number of bits for
LSB substitution; these are the bits in cover image
that will be replaced by the corresponding bits of
the message image. This Stego image is then
manipulated with Gaussian Noise; the important

53

parameters of Gaussian noise are mean and
variance. Besides Steganalysis, there is no
alternative in most of the LSB Steganography
methods. Thus message embedded using
Steganography becomes susceptible.
The message which was hidden in the Stego image
must be extracted at the receiver side. The
important factor during extraction is the quality of
the extracted message image. An authorized
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recipient of the message is aware of the presence
of the Gaussian noise in the Stego image; hence
before filtering the image he/she will apply
Steganalysis. After extracting the message image
is filtered using either Median filter or Wiener
filter. The importance of using these filters is that
Median filter is a nonlinear digital filtering
technique; it preserves edges while removing
noise, whereas Wiener filter minimizes the mean
square error between the estimated random process
and the desired process. An unauthorized recipient
of the message is unaware of the presence of the
Gaussian noise in the Stego image; hence image
will be filtered before applying Steganalysis. Thus
extracted image will be completely distorted. Also
varying mean and variance of the Gaussian noise
will result in different combinations to hide
message image form the intruder.
The Stego image can be made more robust by
implementing compression techniques. Two kinds
of compression are lossless and lossy. Both
methods save storage space but have different
results, interfering with the hidden information,
when the information is uncompressed. Lossless
compression reconstructs the original message
exactly. Lossy compression, on the other hand,
saves space but may not maintain the original
image’s integrity. The Stego image becomes less
susceptible if its size is comparatively less than the
original cover image. Hence both cover and
message images are converted to JPEG format,
which is a lossy compression.
A. Algorithm for Hiding (Steganography):
1. Read the original image and the image
which is to be hidden in the original image.
2. Shift the message image which is required
to be hidden in the cover image by n bits.
3. Complement the maximum pixel value
represented.
4. And cover image with the result of step 3.
This sets the n bits of LSB to 0.
5. The shifted hidden image and the result of
step 4 are bitored. This makes changes only
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in the n LSB bits so that the image is
hidden in the original image. Convert it to
unit8 format. This image can be called as
the Stego- image.
B. Algorithm for Steganalysis:
1. The Stego image is bit shifted by n bits
since it was shifted by n bits to insert it
into the original image.
2. The image is the ANDED with 255 i.e.,
11111111, which gives the original image.
It is ANDED with 255 because initially all
the LSB’s were made 0. Now it is
recovered back.
3. To get it to Unit8 format, convert it back to
unit8 which is the extracted image.
.
III. EXPERIMENTAL RESULTS
The simulation of the algorithms is done by using
MATLAB. The paper shows the result only for
number of LSB for substitution equal to 4, because
for number of bits equal to 1; the Stego image will
be completely un-detectable but the extracted
message will be completely distorted. For number
of bits equal to 8, the Stego image will be
completely detectable because ultimately it will be
message image and the extracted message will be
completely recovered.
In statistics, Mean Square Error (MSE) represents
the difference between the actual observations and
the observation values predicted by the model.
Given a noise-free m × n monochrome image I and
its noisy approximation K, MSE is defined as:

Peak signal-to-noise ratio, often abbreviated
PSNR, is the ratio between the maximum possible
power of a signal and the power of corrupting
noise that affects the fidelity of its representation.
Because many signals have a very wide dynamic
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range, PSNR is usually expressed in terms of the
logarithmic decibel scale.

Fig. 6 Extracted Message Fig. 7 Distorted Message

B. Histogram of Stego Image.
MAXI is the maximum possible pixel value of the
image. When the pixels are represented using 8
bits per sample, this is 255. More generally, when
samples are represented using linear PCM with B
bits per sample, MAXI is 2 B−1.
A. Images obtained after applying Algorithms.

A histogram is a bar graph of raw data that creates
a picture of the data distribution. The bars
represent the frequency of occurrence by classes of
data. A histogram shows basic information about
the data set, such as central location, width of
spread and shape.
4

x 10

The following are the results obtained when
dimensions of cover image and message image is
1920x1080 pixels.
The size of cover image is 499 KB and the size of
message image is 1 MB. The Stego image is
obtained by embedding the 4 bits of message
image into 4 LSB bits of the cover image. The
message image is not detectable in the Stego
image.
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Fig. 8 Histogram of Stego Image
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Fig. 9 Histogram of Stego Image with Noise
C. Calculation of Parameters

Fig. 4 Stego Image
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Fig. 5 Stego Image with Noise

The following results are obtained when both
cover image and message image are compressed
using lossy compression. Here the size of the
message image is large as compared to the size of
the cover image. The following are the important
parameters:
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Dimensions of Image: 1920x1080
Size of Cover Image: 499KB
Size of Message Image: 1 MB
Quality of
Stego
Image

144

No. Of
Bits
Substitute
d
1

Size of
Stego
Image
(KB)
280

MSE
(db)

PSN
R
(db)

70.23

32.73 Very Good

2

288

68.99

32.95 Very Good

3

302

68.60

33.33 Good

Partially
Recovered

4

323

64.44

35.49 Good

Recovered

5

359

56.92

39.23 Partially
Detectable

Recovered

6

390

48.61

44.23

Good

7

444

34.00

8

438

6.69

51.40 Completely
Detectable
64.56 Message
Image

Partially
Detectable

Quality of
Extracted
Image
Message
Not
Recovered
Message
Not
Recovered

Very Good

3
4

148

5

160

6

181

7

8

71.7
2
70.9
9

28.1
29.10

69.8
9
67.9
4

30.77

177

61.2
2

35.89

62

5.5

60.86

32.27

Good
Good
Partially
Detectable
Partially
Detectable
Completel
y
Detectable
Message
Image

Partially
Recovered
Recovered
Recovered
Good

Very Good

Message
Image

Table 2. Calculation of important parameters of
Stego image, when size of the cover image is
smaller than the size of message image.
D. Comparison between the size of Stego image
with Lossy and Lossless compression
Dimensions of Image: 1920x1080
Size of Cover Image: 499KB
Size of Message Image: 1 MB

Message
Image

Table 1. Calculation of important parameters of
Stego image, when size of the cover image is
smaller than the size of message image.
The following results are obtained when both
cover image and message image are compressed
using lossy compression. Here the size of the
message image is smaller as compared to the size
of the cover image. . The following are the
important parameters:
Dimensions of Image: 1024x768
Size of Cover Image: 762KB
Size of Message Image: 757 KB
No. of
Bits
Substitut
ed
1

Size of
Stego
Image
(KB)
142

2

143

56

MS
E
(db)

PSNR
(db)

Quality of
Stego
Image

Quality of
Extracted
Image

68.5
9

29.21

Very
Good

70.9
3

28.39

Very
Good

Message
Not
Recovered
Message
Not
Recovered

Fig. 10 Effects of Lossy and Lossless
compression on size of Stego image with
respective to the number of bits of message image
substituted in cover image.
Dimensions of Image: 1024x768
Size of Cover Image: 762KB
Size of Message Image: 757 KB
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Fig. 11 Effects of Lossy and Lossless compression
on size of Stego image with respective to the
number of bits of message image substituted in
cover image.
IV. CONCLUSIONS
In this paper “Implementation and Analysis of
LSB Steganography in presence of Gaussian
Noise”, firstly a message image is embedded into a
cover image using LSB Steganography algorithm.
This Stego image is then transmitted to the
communication channel where the signal is
interfered by Gaussian noise. At the receiver this
Stego image is extracted using Steganalysis. It was
found that if 50% of the message bits are
embedded into cover image, then in Stego image
message image is not detectable; also message
image is extracted at the receiver with good
quality. It was found that if the image is extracted
first and then passed through the filter, the
message can be restored, but if the Stego image if
first filtered and then extracting algorithm is
applied, then message signal is completely
distorted. The size of the Stego image increases
linearly with the increase in the number of LSB
bits substituted. Further PSNR and MSE were
calculated; these calculations suggest that, if the
number of LSB bits substituted is increased then
PSNR also increases. However due to this the
Stego image becomes completely detectable. With
increase in LSB bits substituted the MSE
decreases because the message image which was
hidden in the cover image becomes almost same as
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the extracted image at the receiver side. The
histogram results shows that after applying
Gaussian noise to the Stego image, the data
distribution becomes even. After filtering at the
receiver side, when mean and variance of Gaussian
noise is increased, it was found that Median filter
was effective in removing noise as compared to
the Wiener filter. Also the difference in magnitude
of the pixel values between the message image and
the extracted image is very less. When both cover
and message image are compressed using lossy
compression (JPEG format), it was found that, the
Stego image size was very less as compared to the
size of the cover image and the quality of the
extracted image was not distorted. Whereas if the
images were compressed using lossless
compression (PNG format), the size of Stego
image was comparatively very high as that of
cover image and the extracted image was distorted.
This proves that even after applying lossy
compression, the integrity of the recovered
message is not altered by using this method.
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Abstract: Today data is an important
asset for companies and organizations.
Hence data leakage, especially caused by
insider threat is one of the important
issue in information security research.
This is because insider threats have
potential to inflict severe damage to the
organization’s resources, financial assets
and reputation. This paper reviews the
different methods used for mitigating
data leakage and misuse detection.
Misuseability weight concept is very
useful for data leakage and misuse
detection since it measures the harm or
the risk of damage that can be caused if
the important data falls into the wrong
hands. It assigns a score which estimates
the sensitivity level of damage so that
security measures can be applied in order
to avoid data leakage and misuse
detection. For this, user profile is created
using the local knowledge base so that
only required data can be given for
avoiding data leakage and misuse.
Keywords: data leakage, data misuse,
insiders, misuseability weight, user profile
I.INTRODUCTION
Organization’s data is extremely important
and proves as a main constituent in
embodying the core of the organization’s
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power. Organization undoubtedly wants to
preserve and retain this power. On the other
side, this data is necessary for daily work
processes. Users within the organization’s
perimeter (e.g., employees, subcontractors,
or partners) perform various actions on this
data (e.g., query, report, and search) and
may be exposed to sensitive information
embodied
within
the
data
they
access[1],[16]. This may lead to data
leakage and misuse.
Detecting data leakage and misuse poses a
great challenge for organizations. Whether
caused by the malicious intent or an
inadvertent mistake, data leakage and
misuse can diminish a company’s brand,
reduce shareholder value, and damage the
company’s goodwill and reputation. This
challenge is intensified when trying to detect
and/or prevent data leakage and misuse
performed by an insider with legitimate
permissions to access the organization’s
systems and its critical data. An insider is
someone who has authorized access,
privileges or knowledge of database and is
motivated to violate the security policy of
the system through authorized access[2].
While an insider attack or, as widely used in
the literature, insider threat can be defined as
a misuse of given privileges by a legitimate
member of an organization for malicious
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purposes. With the widespread of Internet,
the insider security threat is more serious.
However, in a long period, researchers have
different
understanding
of
insider.
According to latest 2010 Cybersecurity
Watch Survey[3], on average 26% of
cybersecurity events in the surveyed
organizations were known to be caused by
the insiders with another 24% coming from
unknown sources. These insiders were the
most damaging with 43% of the respondents
reporting that their organization suffered
data loss.
In short, the risk to data security from
insiders is becoming more and more crucial
because of the endless use of the computers
and
communication
systems.
Many
mechanisms have been proposed for
protecting data from outside attacks.
Unfortunately, those mechanisms fail to
protect data from authorized users who may
misuse their privileges in carrying out
malicious activities. So dealing with
mechanisms that protect sensitive data
against insiders has become a serious
demand due to the amount of harm that can
be caused by those malicious insiders.
Numerous attempts have been done to deal
with the malicious insider scenario and
many of these devised methods are generally
based on user behavioral profiles that define
normal user behavior and issue an alert
whenever a user’s behavior significantly
deviates from the normal profile. For this,
the most common approaches involves
analyzing the SQL statements submitted by
an
application
server
to
the
database[12],[15] and analyzing the actual
data exposed to the user[14].
But, still any of the approach does not prove
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to be effective and due to this fact the goal
of the research is to use misuseability weight
concept which will help in avoiding data
leakage and misuse.
II.RELATED WORK:
In the recent years, several methods have
been proposed to deal with the problem of
data leakage and misuse in database
systems, especially caused by the insider. A
typical data leakage pattern of common
software is shown in fig.1. It involves three
typical kinds of data leakage patterns.
(1) Data is leaked to other process by
process
having
accessed
sensitive
documents through inter-process data
channel, then is written to non-security
domain by other process. The channels
involves shared memory, messaging
channels and communication channels.
(2)Trusted process have to cross security
domain and non-secure domain to complete
its function. This leads to data leakage.
For example: In Microsoft WORD program,
even if the temporary files are deleted in the
end of process, they can also be recovered
from the residual traces by disk recovery
software, resulting in data leakage.
(3)Sensitive files and the network or
removable storage devices resulting in data
leakage are accessed by the processes.
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Fig1: Typical Data Leakage Patterns of
Common Software
Jiangjiang Wu, Jie Zhou, Jun Ma, Songzhu
Mei, Jiangchun Ren [3] presented an active
data leakage prevention model which adds
secure data container(SDC) to execute
security prevention mechanism. By using
SDC, the model can ensure that data is used
in a trusted and controllable environment. of
three dynamic isolation processes “read
isolation”,
“write
isolation”
and
“communication isolation”, model ensures
the availability of trusted process and
achieves data leakage protection.
Celikel et al.[4] proposed a novel risk
management system to provide enhanced
security
in
Role
Based
Access
Control(RBAC)
employed
distributed
databases. Within the design, it considers
risks imposed by illegitimate credentials,
role misuse/abuse and system failure to the
system. Another interesting work[5] given
by Q. Yaseen and B. Panda investigates the
problem of knowledge acquisition by an
unauthorized insider using dependencies
between objects in relational databases.
Also, they introduces an algorithm to
determine the knowledge base of an insider
and explains how insiders can broaden their

61

knowledge about various relational database
objects to which they lack appropriate
access privileges. To prevent insiders from
misusing their privileges, Bishop and
Gates[6] suggested the Group Based Access
Control(GBAC)
mechanism.
This
mechanism along with the user’s basic job
description(i.e
role)uses
the
user
characteristics and behavioral attributes such
as the time he/she normally comes to work
or the customers with whom he/she usually
interacts. A multi-perspective approach to
insider threat detection given by Majid
Raissi-Dehkordi and David Carr[7] focuses
on detection of insider threats in
organizational networks and provides a
logical framework for more accurate
identification of malicious actions by
legitimate users of the system. Combination
of usage profiles defined for entities in the
network beyond the traditional user profiles
allows this system to achieve higher
detection accuracies. To quantitatively limit
the information leak Ning zhang, Ming Li,
Wenjing Lou[8] introduced the model of
data mining with differential privacy. This
model proposes secure group differential
private query(SDC) which combines
techniques from differential privacy and
secure multiparty computation. Also various
issues related to private information leakage
in social networks[10],[11] are addressed by
different authors.
Although the existing work presented
different techniques to deal with problem of
data leakage and misuse detection, they do
not prove to be much effective and therefore
there is a need of the effective mechanism
that will provide solution to the problem of
data leakage and misuse detection.
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III.PROBLEM DEFINITION:
As organizations increase their adoption of
database systems as a key data management
technology for day-to-day operations and
decision making, the security of data
managed by these systems becomes crucial.
Damage and misuse of data affect not only a
single user or application, but may have
disastrous consequences on the entire
organization. Hence, there is a need of a
technique that will measure the risk of
damage and prevent data leakage and misuse
performed by an insider having legitimate
permissions to access organization’s systems
and its critical data.
IV.METHODOLOGY FOR DATA
LEAKAGE AND MISUSE
DETECTION:
A. USER PROFILE:
Detection of an insider threat which is which
mainly responsible for the data leakage and
misuse, typically construct the normal user
profile for each user by recording
appropriate usage metrics. As shown in
fig.2, user profile metrics can be typically
collected from one of the two categories:
 Host or
 Network
User Profile

Host

Network

Focuses
on: Daily
actions of
the user

Focuses on:
DB queries,
file system
access etc.

Fig.2 User Profile
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In pure host monitoring, daily actions of the
user on his/her machine are logged and the
user behavior is modeled by using metrics
such as the sequences of the OS commands
,applications used by the user. Another way
that is network monitoring focuses more on
network aspect of user actions, such as
database queries, file system access, printer
access etc.
Despite the differences among the above
methods, some form of profile is constructed
for each user and that profile is used as the
baseline for monitoring data leakage and
misuse.
B. OVERVIEW OF MISUSEABILITY
WEIGHT CONCEPT:
In data leakage and misuse detection
mechanism, misuseability weight concept
determines the extent or risk of damage that
the user can cause using the information
he/she has obtained[1].
Assigning a misuseability to the given
dataset is closely related to the way of
presentation of data(e.g.,tabular data,
structured or free text).So, one measure of
misuseability weight cannot fit all types of
data. Therefore four general dimensions of
misuseability are given, which serves as
guidelines when defining a misuseability
weight measure. These dimensions are:
(1)Number of entities: This refers to the
data size with respect to the different entities
that appear in the data. Data about more
entities obviously increases the potential
damage.
(2)Anonymity level: It is defined as the
effort that is required to fully identify the
specific entity in the data. Anonymity level
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of data can decrease the misuseability
weight.
(3)Number of properties: Data can include
a variety of different properties(e.g.,
employee income). As each additional
property can increase the damage, number
of different properties can affect the
misuseability weight.
(4)Values
of
properties:
Different
properties of an entity can have different
importance. Therefore property value of an
entity can strongly affect misuseability level
of data.
V.PROPOSED PLAN OF WORK:
From the previous discussion, it is observed
that though many of the suggested methods
contributed a lot towards the data leakage
and misuse detection, there is a need of the
system which will give more efficient and
improved result. Thus proposed plan of
work involves following steps which will try
to resolve the problems occurred in the
previous system. These steps can be given as
follows:
 Making user profile using local
knowledge base
 Analyze database for different
dimensions of misuseability
 Calculate sensitivity level or risk of
damage of the tabular data
 Apply security measures to avoid
data leakage and misuse
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Fig.3 Steps of proposed work
As shown in fig.3, the very first step of the
system is making a user profile which is
based on the information submitted by the
employee as well as the kind of work done
by him. On the admin login, administrator is
able to see the list as well as the complete
information of all these employees. In the
next step, tabular data or the database is
analyzed for different dimensions of
misuseability. This proves very helpful for
calculating sensitivity level of the damage
which is done in the next step. Measuring
the sensitivity level of damage involves
collection of information from the domain
expert. Based on this, sensitive attributes are
selected which help in calculating the
sensitivity score as well as the misuseability
score. For this, it mainly considers three
factors which can be given as:
 Quality of data
 Quantity of data
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 The distinguishing factor
Finally in the last step, security measures are
applied to avoid data leakage and misuse.
That is, here only the required or altered
data will be sent to the user according to his
profile in such a way that the data will be
useful for the further work and at the same
time data leakage will not happen.

where he can see the list of all the
employees and after clicking on their names
he can see all the details of respective
employee.
C.Calculating
sensitivity
misuseability score

and

VI. IMPLEMENTED WORK OF THE
SYSTEM:
A.Collecting
information

employee’s

personal

This screenshot shows the registration page
where user needs to fill all his details. This
information is required to make the user
profile.
B.Creating list of employees on admin
login

The screenshot above shows the actual
calculation of sensitivity score as well as
misuseability score which will be helpful for
measuring the risk of damage of whole data.
VII.CONCLUSION:
This paper reviews the various techniques
for data leakage and misuse detection. But
still none of the techniques gives the
sensitivity level of the damage caused to
data while providing the data to the insider.
Thus, this paper introduces a system which
not only measures the risk of damage that
can be caused when data is exposed to the
insider but also apply security measures to
avoid data leakage and misuse of important
data. This requires making a user profile
which will be generated using the
information from local knowledge base of
the user. And in further steps this can be
used for reducing data leakage and misuse
incidents.
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Abstract
Speech processing have various fields
for research like speech recognition
,speaker recognition, speech synthesis etc.
So speaker recognition is a process of
authenticating true identity of a speaker,
i.e. it is the process of automatically
recognizing the person who is speaking on
the basis of information included in
individual speech waves .Features
extraction is first step of speaker
recognition. In this work, the Mel
Frequency Cepstrum Coefficient (MFCC)
feature has been used for designing a text
independent speaker recognition system.
Feature matching is the second step so
this paper proposes an articulatory
feature-based conditional pronunciation
modeling (AFCPM) technique for speaker
verification .The technique models the
pronunciation behaviors of speakers by
creating a link between the actual phones
produced by the speakers and the state of
articulations
during
speech
production.Verification is done by using
the score of background model and
speaker model.
Keywords:-speaker recognition ,MFCC
,AFCPM,
I. INTRODUCTION
The human speech contains numerous
discriminative features that can be used to
identify
speakers.
Speech
contains
significant energy from zero frequency up to

around 5 kHz. The objective of automatic
speaker recognition is to extract, characterize
and recognize the information about speaker
identity.
In this work, for feature extraction the Mel
frequency Cepstrum Coefficient (MFCC)[1]
feature has been used .And for speaker
verification AFCPM has been used. Speaker
models
consisting
of
conditional
probabilities of two articulatory classes are
adapted from a set of universal background
models (UBMs) using MAP adaptation
technique. This adaptation approach aims to
prevent over-fitting the speaker models when
the amount of speaker data is insufficient for
a direct estimation.
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Test-independend
speaker
recognition
typically use GMM[2] to represent the shortterm spectral characteristics of speakers
.because the spectral based system requires
small amount of data .but the spectral based
system ignore the articulatory features of
speech, which is most important features for
speaker recognition ,So For robust speaker
recognition recently researchers have strarted
to investigate on high level features[3] of
speech
.eg
:duration
of
words,
pronounciation behavior of the speaker.so
for this they adopted the CPM conditional
pronunciation modeling [4]technique CPM
requires long utterances for speaker
enrollment and verification.
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To avoid the requirement of long utterance
of data researches proposed the CPM with
AF(articulatory features )streams. AFs are
abstract classes describing the movements or
positions of different articulators during
speech production [5]. Compared to phonebased CPM in [3], AF-based CPM provides
a more direct coupling between the
pronunciation variations and the speech
production process. AFs with CPM is better
than the CPM ,because CPM requires
multilingual speech data for training the
phone models of different languages and
long utterances for speaker enrollment and
verification .and Articulatory features are
same with different languages,, therefore
monolingual speech data are sufficient for
determining their values. So AFCPM
requires shorter utterance to enroll and verify
the data.
II. METHEDOLOGY
A. MEL FREQUENCY CEPSTRAL
COEFFICIENT (MFCC)
MFCC is based on the human peripheral
auditory system. The human perception of
the frequency contents of sounds for speech
signals does not follow a linear scale. Thus
for each tone with an actual frequency t
measured in Hz, a subjective pitch is
measured on a scale called the ‗Mel Scale‘
.The mel frequency scale is a linear
frequency spacing below 1000 Hz and
logarithmic spacing above 1kHz.In sound
processing, the Mel-frequency cepstrum
(MFC) is a representation of the short-term
power spectrum of a sound, based on a linear
cosine transform of a log power spectrum on
a nonlinear Mel scale of frequency.
MFCC = DCT[LOG[ABS[FFT(SPEECH)]]]
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MFCCs are commonly derived as follows

Fig.1 Pipeling of extraction the MFCC
of speech
Triangular filters are used to compute a
weighted sum of filter spectral components
so that the output of process approximates to
a Mel scale. Each filter’s magnitude
frequency response is triangular in shape and
equal to unity at the centre frequency and
decrease linearly to zero at centre frequency
of two adjacent filters [7, 8]. Then, each
filter output is the sum of its filtered spectral
components. After that the following
equation is used to compute the Mel for
given frequency f in HZ:
F(mel)
=
[2595*log10{1+f/700}]
(1)
So the MFCC Algorithm:
1] Take the FFT of a windowed signal.
Compute its squared magnitude .e. power
spectrum
2] Pre-emphasize the spectrum to
approximate the unequal sensitivity of
human hearing at different frequencies.
3] Integrate the power spectrum within
the overlapping critical band filter response.
The integration is done using tmel filters).
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The higher frequencies are emphasized
because of the wider band.
4] Compress the spectral amplitudes by
taking log. Optionally, the integration of log
power spectrum may be done.
5] Take the IDFT. This gives the cepstral
coefficients.
6] Perform spectral smoothing. This is
achieved by truncating the cepstrum.
Typically the lower 12 or 14 coefficients are
used out of 20 or more coefficients

PLACE

Silence,
10
High, Middle,
Low,
Labial,
Dental,
Coronal,
Palatal,
Velar, Glottal
Table 1: Articulatory properties and their
associated classes.
2) Extraction of Articulatory Features
from Speech :

B. CPM WITH ARTICULATORY
FEATURES
This section gives the details of articulatory
features of speech.& how to extarct them &
how they can apply for modeling with CPM
1) Articulatory features :-

For extracting the AFs from speech data To
extract AFs from speech, classifiers were
trained to learn the mapping between the
articulatory states and the spectral features
derived from acoustic signals. In this work,
AFs were extracted from spectral features
AFs are abstract classes describing the
based on an approach similar to Kirchhoff
movements or positions of different
[4].Specifically, to obtain the AFs of an
articulators during speech production[4] .By
utterance, a sequence of spectral vectors was
the case study researchers found some
fed to two multilayer perceptrons (MLPs)
articulation properties:-.
with outputs representing the posterior
A) Manners:- , Manners of articulation
probabilities of different classes in the
describes how the tongue ,lips, jaw & other
manner and place articulatory properties
organs are involved in making a sound.
(see Table 1).
B ) Place:-Place or point of articularion of a
The inputs to the two AF-MLPs are identical
consonant is the point of contact where an
and their numbers of outputs are equal to the
abstruction occurs in the vocal track.
numbers of AF classes listed in the last
Table 1shows the classes of manner &
column of Table 1. To improve the accuracy
places
of AFs, nine consecutive frames of
normalized MFCCs centered at frame t are
ARTICULATORY
CLASSES
NO OF
served as the inputs to the AF-MLPs. More
PROPERTIES
CLASSES specifically, the AFs at frame t are obtained
MANNER
Silence,
6
by presenting a vector sequence Xt= f(xt-4; :
Vowel, Stop,
: : ; xt+4) to the two MLPs. Rather than
Fricative, 6
feeding the MFCCs directly to the AFNasal,
MLPs, they were normalized to zero mean
Approximantand unit variance.
Lateral
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The normalization aims to remove the
variations of different MLP inputs so that
the training of MLP weights will not be
dominated by those large magnitude inputs.
The two AF streams (one from the manner
MLP and another from the place MLP) for
creating the conditional pronunciation
models are formed by concatenating lm t ’s
and l p t ’s from t = 1; : : : ; T, where T is the
total number of frames in the utterance.
Table 2shows an example of an 11-frame
segment extracted from an utterance.

Fig.2 MLP for the place of
articulation
III.

SPEAKER MODELING AND
VERIFICATION

AF-based CPM (hereafter, referred to as
AFCPM) aims to establish a relationship
between the articulatory properties and the
actual phonemes obtained from a phonemebased
recognizer .Because different
speakers
have
different
ways
of
pronunciation, their articulatory properties
of the same phoneme can be varied. This
subsection explains the procedures of
training and testing the speaker and
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background models in an AFCPM-based
speaker verification system.
a. Universal background models
For each phoneme, a set of universal
background models (UBMs) is trained from
the speech of a large number of speakers to
represent
the
speaker
independent
pronunciation characteristics corresponding
to that phoneme. Each UBM comprises the
joint probabilities of the manner and place
classes conditioned on a phoneme. The
training procedure begins with aligning two
AF streams obtained from the AF-MLPs and
a phoneme sequence obtained from a nullgrammar phoneme recognizer. For a
particular phoneme q, the joint probabilities
of the corresponding UBM are determined
by,
P(Manner=m,place=p|Phoneme=q,
background=bkg)
#((m,p,q) in the utterance of all bkg speaker)
=
#((*,*,q) in the utterance of all bkg speaker)

where m/M,& p /P, (m,p,q) denotes the
condition for which Manner = m, Place = p,
and Phoneme= q, * represents all possible
members inthat class, and #( ) represents the
total number offrames with phoneme labels
and AF labels that fulfill the description
inside the parentheses. Forexample, using
the data in Table 2 and assumingonly one
background speaker, P(Manner=Vowel,
Place = _Low _jPhoneme = /aa/) = 5/5 =
1and manner =_Vowel _,Place=_Low _j
Phoneme =/t/) = 1/6 = 0.167. The
probabilities of unseen AFcombinations are
set to zero or a small value (flooring). For
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each phoneme, a total of 60 probabilities can
be obtained. These probabilities are
theproducts of 6 manner classes and 10
place classes. Therefore, a system with N
phonemes has 60Nprobabilities in the UBM.
Frame Phoneme AF class label and its probability
t
qt
lM
P(manner lP (Xt) P(Place
= l M)
= l P)
1
aa
vowel
0.75
Low
0.25
2
aa
vowel
0.79
Low
0.30
3
aa
vowel
0.92
Low
0.49
4
aa
vowel
0.88
Low
0.38
5
aa
vowel
0.79
Low
0.54
6
t
vowel
0.63
Low
0.38
7
t
silence
0.52 Silence 0.54
8
t
silence
0.89 Silence 0.44
9
t
Silence
0.47 Silence 0.28
10
t
silence
0.48 Silence 0.36
11
t
stop
0.65 coronal 0.47
12
v
Nasal
0.33 Coronal 0.71
13
v
Nasal
0.68 coronal 0.50
14
v
Nasal
0.56 coronal 0.45
15
v
Nasal
0.41
Labial 0.45
16
v
Fricative 0.47 Coronal 0.34
17
eh
Stop
0.43
Labial 0.32
18
eh
stop
0.45
Labial 0.43
19
eh
vowel
0.66
Labial 0.27
20
eh
vowel
0.81
Middle 0.40

# ( ( m,p,q ) in the utterences of speaker s )
=
# ( ( *,*,q ) in the utterences of speaker s )
c. Verification
The verification score SAFCPM of a test
utterance is defined as the difference
between the
speaker score Ss and background score Sb:

SAFCPM is then compared with a threshold for
decision making. IfSAFCPMof an utterance
isgreater than or equal to a threshold, it is
classified as speaker’s speech, otherwise, it
is classified as impostor’s speech. For ease
of comparison among different systems, the
threshold is typically varied to obtain a
speaker-independent equal error rate (EER),
i.e., the point at which the false rejection
rate (FRR) is equal to the false acceptance
rate (FAR).
IV.

Table 2 probabilities of manner and place
for different phoneme.
b. Speaker models
Similar to the UBMs, each speaker model
consists of the joint probabilities of the
manner andplace classes. For a particular
speaker s, the joint probabilities
corresponding to phoneme q are given by
P (manner = m, place = p | Phoneme = q,
speaker = s)
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COMPARISON AND
CONCLUSION

Because of MFCC system does not require
any phoneme alignments. The results of the
MFCC system is the baseline for
comparison. MFCC gives the score of
spectral based system but by using AFCPM
for speaker verification the error rate can be
reduced .in comparison with GMM the
AFCPM gives more speaker dependent
information the .GMM only gives short-term
spectral characteristics of speakers. So the
speaker recognition system which use the
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method MFCC for feature extraction and
theAFCPM for speaker verification gives
more accuracy with low error rate.In future
the score of MFCC will fused with score of
AFCPM for better results.
Because of difference in educational
background different people have different
way of pronunciation so This paper exploits
the pronunciation characteristics of speakers
and proposesa newarticulatory-feature based
conditional
pronunciation
modeling
(AFCPM)
technique
for
speaker
V.
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Abstract: — In this letter, a new image
resolution enhancement technique based on the
discrete wavelet transform (DWT) and
stationary wavelet transform (SWT) has been
proposed. This enhancement technique based
on interpolation of the high frequency sub
band images obtained by discrete wavelet
transform (DWT) and the input image. The
edges are enhanced by introducing an
intermediate stage by using stationary wavelet
transform (SWT). The technique decomposes
the input image into the four frequency
subbands by using DWT. Then the high
frequency sub bands and the input image are
interpolated,followed by combining all these
images to generate a new resolution-enhanced
image by using inverse DWT. The main
purpose of this image resolution enhancement
is to produce a high resolution image with high
PSNR from a low resolution image. If we use
this method of resolution enhancement this
helps in viewing a low resolution image with
high clarity i.e in case of seeing satellite images.

for
image
resolution
enhancement
is
Interpolation.Interpolation means adding more
pixel in image.Interpolation has been widely used
in many image processing applications such as
multiple
description
coding
and
facial
reconstruction. There are three well known
interpolation techniques, namely nearest neighbor
interpolation,
bilinear
interpolation,
and
bicubicinterpolation.
Discrete wavelet transform (DWT) is one
of the recent wavelet transforms used in image
processing. DWT decomposes an image into
different subband images, namely low-low (LL),
low-high (LH), high-low (HL), and high-high
(HH). Second recent wavelet transform which has
been used in several image processing
applications is stationary wavelet
transform (SWT). In short, SWT is similar to
DWT but it does not use down-sampling, hence
the subbands will have the same size as the input
image.
In this work, we are proposing an image
resolution
enhancement
technique
which
generates high resolution image. The pro-posed
technique uses DWT to decompose a low
resolutionimage into different subbands. The high
frequency sub-bands obtained by SWT of the
input image are being incremented into the
interpolated high frequency subbands in order to
correct the estimated coefficients. In p
arallel, the input image is also interpolated
separately. Finally, corrected interpolated high
frequency Subbands and interpolated input image
are combined by using inverse DWT (IDWT) to

Keywords:
DWT
(Discrete
Wavelet
Transform),
SWT (Stationary Wavelet
Transform), IDWT (Inverse Discrete Wavelet
Transform).
I. INTRODUCTION
Resolution has been frequently referred
as an important aspect of an image. Images are
being processed in order to get more enhanced
resolution. One of the commonly used techniques
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achieve a high resolution output image. The
proposed technique has been compared with
conventional and state-of-art image resolution
enhancement techniques.
The conventional techniques used are the
following:
i) interpolation techniques: bilinear interpolation
and bicubic interpolation.
ii) Wavelet zero padding (WZP)
II.WZP & INTERPOLATION
A.WZP
Wavelet Zero padding is the simplest
methods for image resolution enhancement. It
suppose that the signal is zero outside the original
support. The most common form of zero padding
is to append a string of zero-valued samples to the
end of sometimedomain sequence Zero padding is
used in spectral analysis with transforms to
improve the accuracy of the reported amplitudes,
not to increase frequency resolution.Without zeropadding, input frequencies will be attenuated in
the output. Zero padding in the time domain is
equivalent to optimal interpolation in the
frequency domain, which restores the correct
amplitudes. Since the wavelet transform is defined
for infinite length signals, finite length signals are
extended before they can be transformed. One of
the common extension methods is zero padding.
The Drawbacks of WZP are
i) The discontinuities are artificially created at the
border.
ii) The shift can cause problems if it alters the
array positions relative to the frequency of
interest.
B.Interpolation
Interpolation is the process of using known
data to estimate values at unknown locations.
Interpolation method select new pixel from
surrounding pixels. Mainly there are two types of
interpolation algorithms
1) Adaptive algorithms
This algorithm changes depending on what they
are Interpolating. It involves lot of calculations
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2) Non adaptive algorithms
This algorithm interpolate by fixed pattern for all
pixels. It has the advantage of easy performance
and low calculation cost.Non adaptive algorithm
includes linear interpolation algorithms. Linear
interpolation includes nearest neighbour,bilinear,
Bicubic interpolation.
C. Nearest neighbor interpolation
It is the most basic interpolation technique
and requires the least processing time of all the
interpolation algorithms because it only considers
one pixel the closest one to the interpolated point.
This has the effect of simply making each pixel
bigger. Nearest neighbour interpolation is a simple
method of multivibrate interpolation in one or two
dimensions. The nearest neighbour algorithm
selects the value of the nearest point and does not
consider the values of neighbouring points at all,
yielding a piecewiseconstant interpolant. The
algorithm is very simple to implement and is
commonly used in real-time 3D rendering to
select colour values for a textured surface.The
drawback is it results in jagdged edge distortion,
where some information at the edges is lost.
D Bilinear interpolation
It considers the closest 2x2 neighborhood of
known pixel values surrounding the unknown
pixel.It then takes a weighted average of these 4
pixels to arrive at its final interpolated value. This
results in much smoother looking images than
nearest neighbor. When all known pixel distances
are equal, then the interpolated value is simply
their sum. divided by four.One of the drawback of
this technique is it results in more blurred images.
E Bicubic interpolation
It works one step beyond bilinear by
considering the closest 4x4 neighborhood of
known pixels for a total of 16 pixels. When these
are at various distances from the unknown pixel,
closer pixels are given a higher weighting in the
calculation. Bicubic produces noticeably sharper
images than the previous two methods, and is
perhaps the ideal combination of processing time
and output quality. For this reason it is a standard
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in many image editing programs, printer drivers
and in-camera interpolation.
III. PROPOSED IMAGE ENHANCEMENT
SCHEME
In this paper, we are proposing an image
resolution
enhancement
technique
which
generates sharper high resolution image. The
proposed technique uses DWT to decompose a
low resolution image into different sub bands.
Then the three high frequency sub band images
have been interpolated using bicubic interpolation.
The high frequency sub bands obtained by SWT
of the input image are being incremented into the
interpolated high frequency sub bands in order to
correct the estimated coefficients. In parallel, the
input image is also interpolated separately .
Finally, corrected interpolated high frequency sub
bands and interpolated input image are combined
using inverse DWT (IDWT) to achieve a high
resolution output image.
Low
resolution
image

SWT

LL

LH

HL

DWT

HH

LL

LH

HL

HH

interpolation with factor A/ 2
Estimated
LH

Estimated
HL

Estimated
HH

IDWT

High
resolution
image

3.2 DWT (Discrete Wavelet Transform)
In DWT the wavelets are discretely sampled.
The DWT of a signal is calculated by passing it
through a series of low and high pass filters to
obtain four sub bands viz., one approximation
band and three detailed bands belonging to low
frequency and high frequency components
respectively. The four sub bands of DWT such as
approximation band, horizontal band, vertical
band and diagonal bands. The significant
information of lip is present in the approximation
band compared to other three high frequency
component bands. The Discrete Wavelet
Transform (DWT), which is based on sub-band
coding, is found to yield a fast computation of
Wavelet Transform. It is easy to implement and
reduces the computation time and resources
required. Wavelet transform decomposes signal
into set of basic functions. These basic functions
are called as wavelets. Wavelets are obtained by
single prototype wavelet y(t) called mother
wavelet.

interpolation with
factor A/2

Fig.1 Block diagram of proposed system.
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Fig .2 Low resolution Image
3.1 Low Resolution Image
Figure 2 show the low resolution image
which we are going to process to get enhancement
of an image. We can select any satellite image for
processing here we are taking example of ballons
image.

φa, b(t) = 1/√a φ((t-b)/a

(1)

Where a is scaling parameter and b is shifting
parameter. The variable ‘a’ (inverse of frequency)
reflects the scale (width) of a particular basis
function such that its large value gives low
frequencies
and
small
valuegives
high
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frequencies. The variable ‘b’ specifies its
translation along x-axis in time. The term 1/ is
used for normalization. The wavelet transform
concentrates the energy of the image signals into a
small number of wavelet coefficients. It has good
time-frequency localization property. The
fundamental idea behind wavelets is to analyze
signal according to scale. It was developed as an
alternative to the short time Fourier to overcome
problems related to its frequency and time
N
resolution properties. The advantage of DWT over
DFT and DCT is that DWT performs a multiresolution analysis of signal with localization in
both time and frequency. Also, functions with
discontinuities and with sharp spikes require
fewer wavelet basis vectors in the wavelet domain
than sine-cosine basis vectors to achieve a
comparable approximation.
3.3 Wavelet Decomposition of Images
In wavelet decomposing of an image, the
decomposition is done row by row and then
column by column. For instance, here is the
procedure for an N x M image. You filter each
row and then down-sample to obtain two N x
(M/2) images. Then filter each column and
subsample the filter output to obtain four (N/2) x
(M/2) images. The one obtained by low-pass
filtering the rows and high-pass filtering the
columns is referred to as the LH images.
The
one obtained by high-pass filtering the rows and
low-pass filtering the columns is called the HL
image. The sub image obtained by high-pass
filtering the rows and columns is referred to as the
HH image. Each of the sub images obtained in
this fashion can then be filtered and subsample to
obtain four more sub images. This process can be
continued until the desired sub band structure is
obtained. The symbols L and H refer to low-pass
and high-pass filter respectively. LL represents the
approximation sub-band & LH, HL and HH are
the detail sub-bands. LL is the low frequency subband gives global description of an image with
directional features. Horizontal coefficients (LH)
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correspond to the low-frequency component in the
horizontal direction and high frequency
component in the vertical direction.
M/2

M

N/2

LL

LH

HL

HH

Fig.3 Original Image One Level 2-D
Composition
The 1-D discrete wavelets transform (DWT),
which transforms a discrete time signal to a
discrete wavelet representation. The first step is to
discretize the wavelet parameters, which reduce
the previously continuous basis set of wavelets to
a discrete and orthogonal / orthonormal set of
basis wavelets.The 1-D DWT can be extended to
2-D transform using separable wavelet filters.
With separable filters, applying a 1-D transform to
all the rows of the input and then repeating on all
of the columns can compute the 2-D transform.
When one-level 2-D DWT is applied to an image,
four transform coefficient sets are created. The
four sets are LL, HL, LH, and HH, where the first
letter corresponds to applying either a low pass or
high pass filter to the rows, and the second letter
refers to the filter applied to the columns.
3.4 Interpolation Techniques
i. Nearest Neighbor Interpolation
ii. Bilinear Interpolation
iii. Bicubic Interpolation
3.5 IDWT
IDWT can be applied to low resolution
image and estimated LH, HL, HH band of low
resolution image and we can obtain High
resolution image.
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3.6 Quantative Comparison
visual comparison as well as
quantitative
comparisons are confirming the superiority of the
proposed method. Peak signal-to-noise ratio
(PSNR) and root mean square error (RMSE) have
been implemented in order to obtain some
quantitativeresults for comparison. PSNR can be
obtained by using the following formula
PSNR = 10log10(R2/MSE)

(2)

where R is the maximum fluctuation in the input
image (255 in here as the images are represented
by 8 bit, i.e., 8-bit grayscale representation have
been used radiometric resolution is 8 bit) and MSE
is representing the MSE between the given input
image.

V.CONCLUSION
This work proposed an image resolution
enhancement technique based on the interpolation
of the high frequency subbands obtained by DWT,
correcting the high frequency subband estimation
by using SWT high frequency subbands, and the
input image. The proposed technique uses DWT
to decompose an image into different subbands,
and then the high frequency subband images have
been interpolated. The interpolated high frequency
subband coefficients have been corrected by using
the high frequency subbands achieved by SWT of
the input image. An original image is interpolated
with half of the interpolation factor used for
interpolation of the high frequency subbands.
Afterwards all these images have been combined
using IDWT to generate a super resolved image.
The proposed technique has been tested on wellknown benchmark images, where their PSNR and
visual results show the superiority of proposed
technique over the conventional and state-of-art
image resolution enhancement techniques.

IV.APPLICATIONS
1. This work finds applications in many fields
mainly where the satellite images are used.such as
agriculture,
geology,
forestry,
education,
intelligence and warfare.
2. Surveillance cameras cannot take accurate
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Abstract— 3D images are mostly used in virtual
reality, video games, medical imaging and
computer aided design. Recently different kinds
of 3D applications and the amount of 3D content
are booming up, as is a low cost 3D display
device. Watermarking is major technology to
achieve copyright protection. Effective digital
watermarking systems will play a very important
role for promoting and developing the 3D
entertainment industry. Here, we present the
efficient and robust watermarking scheme for
Depth Map Based 3D images using depth-imagebased rendering (DIBR) process. This paper
highlights the advantages of this new approach
on 3D images. In this paper, we propose a robust
watermarking scheme for DIBR 3D images
based on Discrete Wavelet Transform-Discrete
Cosine transform. Robustness is achieved by
taking DCT of the DWT coefficients. HL band of
DWT is used for embedding data which resists
most of the attacks. Watermarking scheme is
proposed for the content protection problem of
DIBR 3D images.

like the image extends into the background and
towards the viewer. Different display technologies
also encourage the applications into different
aspects. For example, in a 3D cinema theatre, the
viewer is supposed to wear Polaroid glasses without
much possibility to move around. All viewers
sitting at different seats have the same 3D
impression. 3D cinema with display technology
based on glasses is therefore expected to grow
further and this will also increase the acceptance
and create demand for 3D applications at home.
However, the user’s expectation is quite different in
a living home environment. When the user moves
through a scene, he or she should have different 3D
impression like looking from different viewpoints in
a real 3D scene, which is referred to as motion
parallax. [13]
In an auto stereoscopic display system, nowadays
several images are displayed at the same time and
the technology make sure that users only see a
stereo pair from a specific view point without the
wearing the glasses. A natural motion parallax
impression can be supported, when moving around,
if consecutive views are arranged properly as stereo
pairs.

Keywords—DIBR
(depth
image
based
rendering), 3D images, blind watermarking,
wavelet transform method (DWT-DCT).
I. INTRODUCTION
3D images are the two overlapping images to
provide an impression of depth. One image is for
right eye and other is for the left eye. Using special
3D glasses, each eye sees a slightly different image
increasing the sense of depth and making it look

In a nutshell, individualized depth configuration is
provided by the DIBR system. [11,12] Secondly, it
has a lower transmission bit rate per scene, third,
because the depth image consists of gray level
pixels and many smooth areas that lead to a higher
compression ratio. Lastly, the DIBR system has
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backwards-compatibility to 2D digital TVs because
the centre image itself can be utilized as 2D content.
In this paper, we developed a watermarking
algorithm where the embedded watermarks are
blindly extracted for 3D images in a DIBR system.
The original data is not needed during watermark
detection hence it is very well known that a blind
watermarking system is more preferable, which
coincides with the requirement of most 3D
application scenarios.
II. DEPTH-IMAGE
BASED
RENDERING
(DIBR) PROCESS
The depth-image-based data format consists of
one texture color image and its corresponding per
pixel dense depth map.

(2D-to-3D) and subsequent projection (3D-to-2D) is
called 3D image warping. [4, 5]
A. 3D-Warping
The input image and its depth map are warped by
3D warping to obtain the image and it’s depth map
from the novel viewpoint. In this step, there are
some holes caused by the difference of the
resolution and occlusion because our method has no
pre-processing. Note that the holes caused by
occlusion will be relatively large.
B. Hole- filling
In this step, the holes which are generated in 3D
warping step are filled in this step. First, the holes
cased by the difference of the resolution are filled
by interpolation. And then, the holes cased by the
occlusion are filled based on the depth planes.

Fig. 1 3D data representation using video-plusdepth format (the center and depth image of 3D
image).
Depth-image-based rendering (DIBR) is the
process of synthesizing “virtual” views of a scene
from moving or still images and associated perpixel depth information. Conceptually, this novel
view generation can be understood as the following
two-step process: At first, the original image points
are reprojected into the 3D world, utilizing the
respective depth data. Thereafter, these 3D space
points are projected into the image plane of a
“virtual” camera, which is located at the required
viewing position. The concatenation of reprojection
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Fig.2 Flow Chart of DIBR Process.
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Fig.3 Shift-Sensor stereo camera setup
The following equation specifies the intrinsic
parameters of either the left or right virtual camera

The translation of the two virtual cameras with
respect to the reference camera, i. e. R= I, where I is
3*3 matrix.
So general 3D warping equation is

For
& tx is non zero translation component.
So now the above equation is

tx is the half of the chosen inter axial distance
tc²,with the direction of the movement given by

III. WATERMARKING METHOD
Basically there are two types of watermarking
spatial domain & Transform domain. The transform
domain methods hide messages in significant areas
of the cover image which makes them more robust
against all kinds of DSP attacks, such as
compression, cropping and filtering. Many
transform domain techniques exist; such as Discrete

81

wavelet Transformation (DWT) or Discrete cosine
transformation (DCT). [1, 3, 4]
A. Discrete Wavelet Transforms (DWT)
A signal is split into two parts, usually high
frequencies and low frequencies. The edge
components of the signal are largely to the high
frequency part. The low frequency part is split again
into two parts of high and low frequencies. This
process is continued an arbitrary number of times,
which is usually determined by the application at
hand.
The first step is to decompose the image into four
frequency bands using first resolutions at first level.
In
second level, decompose image into seven
frequency bands using second resolutions. At three
levels, decompose image into ten frequency bands
using third resolutions and so on.
B. Discrete cosine transforms (DCT)
Discrete cosine transform (DCT) expresses a
finite sequence of data points in terms of a sum of
cosine functions oscillating at different frequencies.
DCTs are important to numerous applications in
science and engineering, from lossy compression of
audio e.g. MP3 and images e.g. JPEG where small
high-frequency components can be discarded, to
spectral methods for the numerical solution of
partial differential equations. The use of cosine
rather than sine functions is critical in these
applications: for compression, it turns out that
cosine functions are much more efficient fewer
functions are needed to approximate a typical
signal, whereas for differential equations the
cosines express a particular choice of boundary
conditions.
The discrete cosine transform (DCT) helps
separate the image into parts or spectral sub-bands
of differing importance with respect to the image's
visual quality. The DCT is similar to the discrete
Fourier transform: it transforms a signal or image
from the spatial domain to the frequency domain
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3. Then apply DCT to the second level DWT HL
coefficients.
4. Map the DCT coefficients into four quadrants.
5. Implement the two-level DWT to the
watermark image.
6. Modify the singular values in each quadrant
Bk, K=1,2, 3, 4 with the singular values of the
DCT transformed visual watermark.
7. Obtain the 4 sets of modified DCT
coefficients.
8. Map the modified DCT coefficients back to
their original positions.
9. Perform inverse DCT.
10. And finally, inverse DWT to produce original
cover image.
Fig. 4 Block Diagram of Proposed Embedding
Watermark System
The fig.4 shows the block diagram, which shows
the process of embedding the watermark in depth
map based images using DIBR (Depth Image Based
Rendering) method by wavelet transform.
Accept the centre view and depth map image as
input Images/cover images.
Separates left eye view image, right eye view
image planes by depth image based rendering
method.
Accept the 2D Image which wants to be hiding is
called watermark image.
Apply wavelet transform to watermark image.
Embed element of watermark image into left eye
view Image.
Combines left eye view image, right eye view
image to get watermarked 3D image.
C. Algorithm for Embedding Watermark
1. Let ‘A’ be the cover image of size N X N and
‘W’ be the watermark image of size N/2 X
N/2.
2. Apply a two level DWT to the cover image.
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D. Algorithm for Extracting Watermark
Extraction procedure is the inverse of embedding.
1. Implement the two-level DWT to the
watermarked image.
2. Apply DCT to the second level DWT
coefficients.
3. Now map DCT coefficients into four quadrants.
4. Extract the singular values from each quadrant
Bk, K = 1, 2, 3, 4.
5. Apply the inverse DCT to each set to construct
the four visual watermarks.
6. Finally, implement the inverse DWT to each set
to construct the four visual watermarks.
VI.
EXPERIMENTAL RESULTS
The center view image and depth map image are
obtained from Middlebury Stereo Datasets. The
various resolutions for the center view images and
depth map images are available. The depth image is
a 8-bit gray level image. For embedding secret
image a binary pattern representation is used.
The hole-filling will be use during watermark
detection.
Fig.5 shows the left view and right view images,
result after DIBR process.
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Fig.5 Left view and Right view images after DIBR.
Fig. 8 DWT to watermark image.

Fig.6 Watermark image
Fig.9 Result of applying DCT to HL coefficients of
watermark image.

Fig. 7 DWT to cover image.
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Fig. 10 Watermarked and Original Image.

Fig. 11 Extracted watermark.
V. CONCLUSION
In current 3D world, it produces copyright issues
of the 3D content. In this work, a blind
watermarking scheme for DIBR 3D images deals
with content protection. As it does not need the
original data during watermark detection so we
prefer blind watermarking scheme. The proposed
system uses multiple watermarking schemes to
reduce noise attacks and gives robust watermarking
to DIBR. It is the first step to explore 3D images
used for digital watermarking, there are much more
different issues will be taken for further
investigation.
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Abstract— In this paper, parallel inset feed
microstrip patch array antenna is designed and
analyzed for Wireless Application. The
presented approach is based on applying
Fractal geometry to rectangular patch antenna
which is used to achieve wider Bandwidth and
the Array elements are used to achieve higher
gain of an antenna. In this paper, feeding
element and power divider is used to design the
4x1 microstrip patch antenna array. The
proposed Patch array antenna is designed and
simulated using High Frequency Structure
Simulator (HFSS) simulation software and it is
designed to operate in S- band frequency range
2.4GHz. These antennas are designed using
FR4 epoxy as a dielectric substrate with
permittivity r=4.4 and height of substrate
1.6mm. The performance of designed 4x1
patch array antenna was then compared with
Single Rectangular patch antenna in terms of
Return Loss, Voltage Standing Wave Ratio,
Bandwidth, Gain, Directivity and Radiation
Pattern and performance of inset feed
techniques are discussed. The array antenna
has been designed for the range of 2.4 GHz;
hence it is highly suitable for S- band
Applications such as Radar Communication,
WLAN, Wi-Fi and other Wireless systems.
Keywords— Single patch antenna, 2x1 patch
array antenna, 4x1 patch array antenna,
Return
Loss,
VSWR,
Gain,
Directivity,Radiation pattern
I.
INTRODUCTION
Now the world is coming closer to 3G Network
& entering into the Networks of 4th Generation.
There is a very large demand by the end user for

integrated wireless digital application because of
its mobility. Wireless technology is one of the
main areas of research in the world of
communication systems today and a study of
communication systems is incomplete without an
understanding of the operation of antennas [10].
As advanced technology increases, the wireless
communication systems such as Wi-Fi (Wireless
Fidelity)
and
Wi-MAX
(Worldwide
Interoperability Mobile Access) as well as their
services applications are very popular in everyday
life with a variety of advantages, such as to
provide communication services at anytime and
anywhere for the users. Antennas which are used
in these applications should be low profile, light
weight, low volume and broad bandwidth. To
meet these requirements, microstrip antenna is
preferred [13].
For bandwidth enhancement, slotted patch
antennas such as tapered slot [3], U-/V-slot [7],[9]
and Modified patch shapes [5] are used. A
modified rectangular patch antenna design has
been proposed in paper [3], the bandwidth of this
antenna is enhanced using tapered slot in the order
of 13.1% at frequency band (2.2921GHz – 2.6063
GHz). As described in paper [12], Microstrip
patch antennas on electrically thick substrate using
thick foam or air substrate bandwidth can be
achieved up to 15% (VSWR<2). But for thicker
substrates, it is difficult to design antenna arrays in
the curved surfaces (of aircraft, space craft,
missiles, etc.). In the paper [13], author describes a
technique which can enhance the bandwidth of
microstrip antenna without increasing lateral size
and complexity using Identical Dual Patch
Microstrip Antenna with air-gap (IDMA)
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technique. In the papers [8][11][12], authors have
been proposed various impedance matching and
feeding techniques such as quarter wave
transformer, hybrid coupler for array configuration
to improve the bandwidth. In the paper [12], a
pair-element technique was employed for a 4x4
array of spiral slot antennas to widen the
impedance and AR bandwidths.
Micro strip patch antenna is popular for low
profile applications at frequencies above 100
MHz. The major disadvantage of microstrip
antennas are their low gain and very narrow
frequency bandwidth which is typically only a
fraction of percent or few percent, limited power
capacity and tolerance problem. To overcome the
bandwidth limitation, number of antenna elements
or feeding matching networks may be employed
in order to satisfy the bandwidth requirement for
the particular application. In the paper [4], it
presents an overview of how antenna array
technology can be used to improve digital cellular
systems. It describe the potential improvement in
coverage and system capacity, and discuss tradeoffs involved for each system.
The popular application of WLAN in mobile
phones, laptops and Personal Digital Assistants
(PDAs) has made mobile WLAN systems a
research topic. Fractal geometry is a very good
solution to fabricate these antennas. This cause
wide spread researches on fractal antennas
recently. Fractal antennas are a fairly new
research area and are likely to have a promising
future in many applications. Many variations of
fractal geometries such as the Koch dipole, Koch
monopole, Koch loop can be used to achieve
multiple bandwidth or increase bandwidth of each
single band due to the self-similarity in the
geometry, such as the Sierpinski dipole, Cantor
slot patch, and fractal tree dipole [15]. The
combination of the infinite complexity and detail
and the self-similarity makes it possible to design
antennas with very wideband performance. In this
paper, a fractal microstrip patch array antenna
provided with loaded cantor slots with inset feed
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at the centre and choosing appropriate size and
location for feeding fractal antenna is designed.
Fractals are highly convoluted and jagged shapes
in which these discontinuities increase bandwidth
and effective radiation of antennas [13].
In this paper, the design of single, two by one
(2x1) and four by one (4x1) patch array microstrip
rectangular antennas with inset feed as feeding
method is presented. Quarter-wave transformer is
used to match the feeding line to the antennas.
The center frequency is determined to operate at
2.4 GHz which is suitable for Wireless
application. The 4x1 patch array antenna was then
designed on the substrate type FR-4 with
dielectric constant of 4.4 and thickness of 1.6mm.
More significantly, as per the rigorous simulation
study using HFSSv13, the 4x1 patch array
antenna outperform the single patch antenna in
terms of radiation gain, directivity and bandwidth.
This work is organized as follows. Section II
describes the antenna design, synthesis and
measurements. Section III discussed on the
results and finally, section IV concludes the work.
II. ANTENNA DESIGN
The microstrip antenna consists of conducting
patch on a ground plane separated by dielectric
substrate. The dielectric constants are usually in
the range of 2.2 ≤ r ≤ 12. Printed circuit
techniques can be used to etch the antennas on
soft substrates to produce low-cost and repeatable
antennas in a low profile. In order to simplify
analysis and performance prediction, the patch is
generally square, rectangular, circular, triangular
and elliptical or some other common shape [10].
As per our requirement is to design an antenna
with integrated feed network for greater than 100
MHz bandwidth in S- band, in this paper , we
have chosen an inset feed microstrip line antenna
with power division network printed on same
layer which avoids spurious radiation from feed
otherwise increase side lobe levels and cross
polarization.
Microstrip antennas are used not only as single
elements but are very popular in arrays, arrays are
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very versatile and are used, among other things, to
synthesize a required pattern that cannot be
achieved with a single element. Existing methods
to feed Micro strip arrays can be categorized into
parallel and series feed as shown in Fig.1(a) and
Fig. 1(b), respectively [4], [13]. The parallel or
corporate feed has a single input port and multiple
feed lines in parallel the output port. Each of these
feed lines is terminated at an individual radiating
element. The series feed usually consists of a
continuous transmission line from which small
proportion of energy are progressively coupled
into the individual element disposed along the
line. Here the difference between the series feed
and corporate feed. In corporate feed, because of
uniform distribution of elements, the power is
equally split at each junction. Therefore, the
corporate feed with inset feed is being discussed
for the array antenna design [10].

(a) Corporate Feed

(b) Series feed
Fig. 1 Feed arrangements for microstrip patch
arrays
In this paper, Rectangular patch is designed by
loading the cantor slots which improves the
performance of an antenna in terms of bandwidth.
Performance evaluation on the array antenna is
consequently conducted once the single patch
antenna has been established. The specifications
of the rectangle antenna are listed:
TABLE I. DESIGN SPECIFICATION FOR
RECTANGULAR PATCH ANTENNATABLE STYLES
Center Frquency, f0
2.4GHz
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Substrate
FR4-epoxy
Dielectric Constant
4.4
Substrate Height
1.6mm
Loss Tangent
0.001
Copper Thickness
0.1mm
A. Single Microstrip Patch Antenna Design
The first step is to design single microstrip
patch antenna. The design of rectangular patch
antenna is initiated by determining its basic patch
dimensions such as the width, W and Length, L of
the microstrip patch. Basic Parameters of
Rectangular Patch Antenna Using Transmission
Line Model are given as follow [10]:
1) Width of the Patch :
W= c / (2f0 √ (( r + 1) / 2))
… (1)
2) Length of the patch :
L=[c / (2f0 ( reff)-1/2)] - 2ΔL
… (2)
Where,
reff = (( r +1) / 2) + (( r - 1) / 2)[(1+12h) /
W]-1/2 …(3)
and
ΔL = 0.412h [( reff+0.3)(W/h+0.264)] /
[( reff- 0.256)
(W/h+0.8)]
… (4)
The impedance of Quarter Wave Transformer
is given by:
Z1=√ (Z0* Rin)
… (5)
Where, Z1 is the transformer characteristic
impedance and Z0 characteristic impedance of
input transmission line (50 Ω). According to [4]
[13], Rin is the edge resistance at resonance. Rin
can be calculated by using,
Rin = 1 / (2Ge)
…(6)
Where,
Ge = 0.00836*W/λ0
… (7)
Ge represents edge conductance.
For the Width and Length of Quarter wave
Transformer and 50 Ω feed-line are determined as
below [6]:
1) Length of feed-line:
Lf =Length of Quarter-wave (λ0/4) + Inset Feed
Length (y0) …(8)
2) Width of Patch calculated from:
Z50Ω = 377 / [((Wf / h)+2) √ r]
…(9)
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As shown in Fig. 2, we designed rectangular
patch by loading the cantor slots for wideband
application. The optimized length of patch is 28
mm and width of patch 32mm from the formulae
given in equation (1) & (2), respectively. A 50 Ω
SMA connector is going to be used to connect
feed-line to coaxial cable. The Edge impedance of
the patch is 233 Ω from equation (6), (7). And the
inset is made at point with impedance 106 Ω from
equation (5). The total length of inset is 6mm and
width 1.1mm.

Fig. 2 Single rectangular Patch antenna with
cantor slot
B. Microstrip Patch Array Antenna Design
Patch array antennas are very versatile and are
used, among other things, to synthesize a required
pattern that cannot be achieved with a single
element [6]. In addition, they are used to scan the
beam of an antenna system, increase the
directivity and bandwidth. The elements can be
fed by a single line or by multiple lines in a feed
network arrangement, power dividers used to give
best impedance matching of an antenna [10].
1) Design of 2x1 Patch Array Antenna
As shown in Fig. 3, the design Specifications
for the 2 elements of the patch and the inset feed
are as specified for single patch antenna the
remaining Connections based on impedance
Matching using equation (5).
The inset is connected to 100Ω line by a
Quarter wavelengths and the width of feed-line is
calculated by equation (9).
The spacing between the two patches is taken
as 0.5λ. A port is placed at 50 Ω vertical line
which is equivalent of two parallel 100 Ω lines
using equation (10)
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Req = (R1 * R2) / (R1 + R2)
Where, R1 = R2 =100 Ω

… (10)

Fig 3 Design of 2x1 Patch Array Antenna
2) Design of 4x1 Patch Array Antenna
The corporate feed network is chosen for
designing four elements of patch antenna. The
array antenna consists of a branching network of
two way power dividers. Quarter wave
transformers 70Ω are used to match 100Ω line to
the 50Ω lines. Fig. 4 below shows the design of
4x1 patch array antenna.

Fig. 4 Design of 4x1 Patch Array Antenna
Table 2 shows, all impedance dimensions for
50 Ω feed-line, 70 Ω quarter wave transformer
and 100 Ω impedance line are obtained by
equation (8), (9).
TABLE II. MICROSTRIP LINE IMPEDANCE
DIMENSIONS
Impeda Width(m Length
nce
m)
(mm)
50 Ω
3.2
15
70 Ω
2
17
100 Ω
1.1
18
HFSS SIMULATION
The High Frequency Structure Simulator
(Ansoft HFSS) Software is based on the finite
III.
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element method (FEM) which is used to model
and simulate the single patch antenna and Patch
array antenna. It also used for calculating and
plotting Return Loss, VSWR, Radiation Pattern
[15].
Table 3 & 4 shows, the optimization of the
design and comparisons were made in order to
choose the best design. Since, the desired design
is the array configuration, thus the simulations for
single antenna were not very extensive. The single
patch antenna design is needed for performance
comparison with the patch array antenna. Thus,
the extent of effectiveness of array configuration
can be observed when comparing both types of
configuration. By varying the ground plane
dimensions, inset feed width, length and other
parameter such as length of microstrip line of 100
Ω in order to optimize the performance of
antenna.
DESIGN SPECIFICATIONS (CONTINUIED)

TABLE III.

Design
Itrn
Lg
(mm)
Wg
(mm)
Lif
(mm)
Wif
(mm)
R.L.
(dB)
Fr
(GHz)
BW
(MHz)
VSWR
Input
Imped.
(Ω)
Gain
(dB)
Direct.
(dB)

Single Patch

2x1 Array

1

2

3

1

2

3

55

55

55

70

70

70

60

60

60

120

120

100

6

5

8

6

5

8

1.1

1.1

1.4

1.1

1.1

1.4

-35.87

-27.65

-28.73

-45.66

-20.02

15.36

2.412
1

2.415

2.43

2.403
8

2.418
8

2.38

55

54

57

103

102

95

0.3

1.01

1.26

1.01

1.22

1.41

48.77

54.32

56.51

49.59

53.89

58.02

2.644

2.03

1.86

2.98

2.58

2.95

6.054

5.93

4.94

7.06

6.93

7.03

TABLE IV.

DESIGN SPECIFICATIONS

Design
Itrn

1

2

3

Lg (mm)
Wg (mm)
Lif (mm)

85
240
6

220
5

240
8
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4x1 Patch Array

Design
Wif (mm)
R.L. (dB)
Fr (GHz)
BW (MHz)
VSWR
Input
Imped. (Ω)
Gain (dB)
Direct. (dB)

1.1
-47.60
2.4188
110
1.00

4x1 Patch Array
1.1
1.4
-34.75
-29.75
2.426
2.445
120
99
1.03
1.06

50.01

51

51.6

6.05

5.66

6.33

10.05

9.31

10.22

RESULT AND DISCUSSION
As shown in Fig. 5 the best result of return loss
can be found for the value below -10dB among
single element, 2x1 array and 4x1 array of patch
antenna. For the single element of patch, the
Return Loss is observed -35.87 dB at resonant
frequency 2.4121GHz and bandwidth observed is
55MHz. For the 2x1 array, the Return Loss is
observed -45.66 dB at resonant frequency
2.4038GHz and bandwidth observed is 103MHz.
For the 4x1 array, the Return Loss is observed 47.60 dB at resonant frequency 2.4188GHz and
bandwidth observed is 110MHz.
IV.

Fig 5 Return loss Versus Frequency
Fig. 6 & 7 show the bandwidth for both single
and 4x1 array antenna. The bandwidth of single
antenna estimated is about 2.28%. Meanwhile, the
bandwidth of 4x1 patch array antenna, the
percentage is increase to 4.6%. This shows that
the array antenna had increase the bandwidth of
the antenna as compared to the single rectangle
antenna.
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Fig. 6 Bandwidth of Single Rectangular Patch
Antenna

Fig. 7 Bandwidth of 4x1 Patch Array Antenna
Fig. 8 shows the voltage standing wave ratio of
the rectangle Patch array antenna. For single
rectangular patch antenna, at center frequency of
2.4121GHz, the VSWR value is 0.3. For 2x1
patch array antenna, at center frequency of
2.4038GHz, the VSWR value is 1.01. For 4x1
Patch array antenna, The VSWR is 1.0084 at
center frequency of 2.4188GHz.

Fig. 8 Voltage Standing Wave Ratio Versus
Frequency
Fig. 9 shows, the simulated 3D radiation
pattern of single Rectangular patch antenna with
directivity of 6.054 dB and gain of 2.644dB. The
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major lobe directed the signal at 0° with
beamwidth (HPBW) of 95°. Fig. 10 shows, the
simulated radiation pattern of 4x1 patch array
antenna with directivity of 10.05 dB and gain of
6.05dB. The major lobe directed the signal at 10°
with beamwidth (HPBW) of 90°. As both
radiation patterns were compared, it can be
concluded that the array design antenna
distributes intensity which covers more area
hence, used for wideband application.

Fig. 9 3D Radiation Pattern for Single Element
Rectangular Patch Antenna

Fig. 10 3D Radiation Pattern for 4x1 Patch Array
Antenna
V. CONCLUSION
In this paper, the Inset feed Microstrip patch
antenna array has been designed and simulated
using high frequency simulation software HFSS.
The simulation results show that the Inset feed
excitation technique provides more gain and
perfect impedance matching as compared to the
other feed excitation technique. The return loss,
VSWR and power gain have been observed for
single patch, 1x2, 2x2, 2x4 patches antenna array.
It can be concluded that the responses improved
with an increase in number of patch elements in
the array. Overall, the performance of the array
antenna meets the desired requirement in terms of
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return loss and VSWR. The simulation return loss
is equal to -46.60 dB and VSWR is 1.0084 at the
center frequency of 2.4188GHz. Also, the 4x1
array improves estimated bandwidth from 2.28%
to 4.6 % with respect to the single element of
patch antenna. Therefore, such type of antennas
can be useful for wireless/WLAN/PCS type of
applications in Wireless communication.
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Abstract: In this research paper, we have
shown the correlation between electrical
properties (relative permittivity-εr and
conductivity-σ) of blood plasma and plasma
glucose concentration. In order to do so, we
have measured electrical property of blood
samples collected from 10 adults between
the ages of 19 and 40 at care plus
pathological laboratory. The measurements
are conducted between 100 Hz and 1 KHz.
In order to perform the experiment, we
designed a parallel plate capacitor which is
used to measure the glucose concentration
within a given sample of blood plasma.
Capacitance of a living cell is the actual
amount of energy stored in the body due to
intact cellular membranes. A large amount
of capacitance of living cell is differentiated
by the thickness of the cellular membranes,
whereas in contrast a low capacitance of
living cell has lower energy stored in
cellular membrane. The cell capacitance
varies with the size of the body cell, its mass
or number of cells and to the integrity of
cellular membranes. In this paper the
authors tried to highlight the relation
between dielectric properties of blood cell
with glucose concentration in the blood.
Keywords: Capacitance of cell, diseases,
cellular membrane, diabetes mellitus,
dielectric property of blood.
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1. Introduction and background:
Human blood has different characteristics
which is dynamic in nature. The most
important and interesting is the relation
between its microstructure and the electrical
properties. The glucose affects drastically
the chemical and physical characteristic of
the viable ﬂuid [1]. The electrical properties
of human blood have been given lot of
attention some decades ago for many
reasons because they determine the
pathways of ﬂow of current through the
body. This makes the electrical property of
blood very important in wide range of
biomedical applications, like functional
electrical stimulation, the diagnosis and
treatment
of
various
physiological
conditions. On a more fundamental level,
the electrical properties of blood can lead to
an understanding of the basic biological
processes. Also the study of biological
impedance has long been important in
biomedical field [2].
Diabetes mellitus, which is also known as
diabetes is a group of metabolic diseases in
which a person suffers from high blood
sugar. The symptoms of high blood sugar
are frequent urination, increased thirst and
increased hunger. The two types of diabetes
are known as Type 1 and Type 2 diabetes.
Type 1 diabetes (often known as juvenile
diabetes) is a condition in which cell
destruction usually leads to absolute insulin
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deficiency. This results in the inability to
maintain
glucose
homoeostasis.
Susceptibility to Type 1 diabetes is largely
inherited, but there are also environmental
triggers that are not fully understood. Of
those with Type 1 diabetes, 50 -60% of
patients are under 18 years of age [3]. Type
2 diabetes is featured by a resistance to
insulin, and in some cases absolute insulin
deficiency. Lifestyles are significant factors
in acquiring Type 2 diabetes. Insulin is used
to digest blood glucose and lowering it.
Because an increase in blood glucose
trigger+ insulin secretion, a decrease in
blood glucose caused by insulin results in
further insulin secretion. The cycle is shown
in fig1. The safe and appropriate range of
glucose concentration is from 70 mg/dL to
110 mg/dL or 3.9 to 6.0 mM/L. But soon
after meal, the concentration of glucose of a
person may rise to a level as high as 140
mg/dL. Blood glucose should come to a
normal level two hours after eating, and in
failing to do so will result in diabetic
symptoms [4].

Fig1: The normalization of blood glucose in
our body
2. Effect of dielectric properties of
blood with glucose concentration
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The dielectric property of tissues is gaining
interest since few decades. The affect of the
dielectric property of blood and tissues are
being reviewed number of times. The
dielectric properties of a human blood result
from the interference of electromagnetic
radiation with its constituents at the cellular
and molecular level.
The relation between frequency and
permittivity is shown in fig2. In this fig the
spectrum of dielectric property of a
biological tissue are shown. The important
points to be noticed are as below:
•The dielectric constant or relative
permittivity of a human blood is 106 or 107
at frequencies below 100 Hz.
• With increase in frequencies it decreases
in three main steps known as the α, β and γ
dispersions.

Fig 2: relation between frequency and
permittivity
Dispersion regions of an ideal biological
tissue [5]
The γ dispersion is associated with the
polarization of water molecules. The
polarization of cellular membranes which
act as obstacle to the ﬂow of ions between
the extra and intra cellular media results in
the β dispersion. The low frequency α
dispersion is due to the ionic diffusion
processes in cellular membrane.
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A popular model to estimate properties of
dielectrics is Debye model as given by
equation (1).
(1)
The Cole-Cole model is the most wellknown for its success to compute
permittivity of different cells over a broad
frequency range [6-8].

(2)
The values of the parameters in equation (2)
were collected by extensive investigation of
literature to find dielectric properties of
different biological tissues [9].

(3)
From equation (3) it is clear that the
permittivity of the specific tissue is
proportional to glucose concentration (g).
3. MATERIALS AND METHODS
As from equation (3) it is clear that the
glucose concentration affects the dielectric
property of blood plasma. The capacitance
of a capacitor will change if the blood with
different glucose level is treated as the
dielectric of a capacitor [10-11].
Samples: Around 15ml of blood was taken
from 10 people. Out of which 7 were
diabetic and 3 were normal blood samples.
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Step1: We measured the glucose level of
each sample using glucose meter (touch one
select).

Fig3: Measurement of Blood Glucose using
Glucose meter
Step2: Then a parallel plate capacitor was
made to measure the dielectric property of
the diabetic cell and normal cell. One plate
of the capacitor was fixed while the other
plate is movable. The movable plate was
fixed by fixing the slide between the two
plates. The capacitance was measured
keeping the slide as the dielectric medium.
A fix amount of blood was injected using a
syringe to the slide and the capacitance is
measured.

Fig 4: Measurement of Capacitance using
LCR meter
The capacitance of the capacitor is
proportional to the dielectric which is given
by equation (4)
(4)
Where,
C is the Capacitance,
A is the area of the plates of the capacitor
d is the distance between the two plates
is the dielectric of the medium.
In our experiment C, A and d is kept
constant while is changing with the blood
samples and glucose content.
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4. RESULT:

Capacitance in nF

Capacitance at 120
Hz Frequency
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20
0

0

100
200
Blood Glucose Concentration

Capacitance in nF

capacitance at 100 Hz
100
80
60
40
20
0
0

50

100

150

200

Blood Glucose Concentration

capacitance at 1Khz
Capacitance in nF

40
30
20
10
0
0

100
200
Blood Glucose Concentration

4. Conclusion:
It was found that with the increase in the
glucose content in the blood the dielectric of
the blood decreases. As a result the
capacitance of the blood decreases. Also it
was observed that the capacitance was
increasing with decreasing frequency.
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Abstract— The application of airbags into
automobiles has improved the safety of
occupants. But unfortunately sometimes the
airbags itself can cause fatal injuries, if the
occupant is a child (approximate below 6 years
old). In response to this, The National Highway
Transportation and Safety Administration
(NHTSA) has instructed that from the year
2006, all the models of automobiles should be
assembled with an automatic suppression
system so as to detect the presence of a child or
infant and suppress the airbag correspondingly.
Here the classification problem we are
addressing is a four-class problem. The classes
are child, adult, rear facing infant seat and
empty seat. We represent a vision-based
occupant classification system including a
single greyscale camera with a digital signal
processor that can achieve this classification
before 5 seconds in real time. The system has
been broadly tested on a database of over
21,000 real-world images that have been
collected over a period of 4 months in balanced
lighting conditions having a wide variety of
passengers in eight different vehicles. We have
reached up to ~95% of classification accuracy.
We believe this system fulfils the demand of a
low-cost, high reliability embedded airbag
suppression system. In addition to this, further
testing and improvements of the system are
currently in progress.
Keywords— Airbag Suppression Problem;
System Description; Rear Facing Infant Seat
(RFIS); National Highway Transportation and
Safety Administration
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I.
INTRODUCTION
Recently, the smart airbags are being
developed that can determine not only if they
should be deployed when crash event occurs but
also how much force is required to be deployed.
The force used to deploy the airbag should be the
safe level depends upon the size and type of the
occupant. In the year 2001, National Highway
Transportation and
Safety Administration
(NHTSA) of United States described the Federal
Motor Vehicle Safety Standard (FMVSS) 208 that
mandates automatic airbag suppression if there is a
child in the passenger seat. The standard is also
called the airbag suppression for Rear Facing
Infant Seat (RFIS) and Forward Facing child seats
and booster seats and enables the airbag for the
occupant i.e. adult female or for larger with 5th
percentile by weight. Between 1986 and 2001, a
number of small children and infants have been
killed by airbags. The effect of an airbag on a
RFIS during deployment is shown in figure. The
recognition of the occupant type according to
RFIS, child, adult or empty seat is referred in the
NHTSA standard as static suppression. The
NHTSA specification is written about the use of a
seat weight sensor, which measures the weight of
the occupant and derive whether it is of sufficient
weight to be an adult. A wide variety of systems
have been proposed for solving this problem. The
aim of this paper is to show the appropriateness of
vision sensing system using a single camera to
solve the airbag static suppression problem. In this
paper we focus some of the difficulties of the
airbag suppression problem and recommend a
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novel processing framework accordingly and show
the result performed.
II. AIRBAG SUPPRESSION PROBLEM
Airbag Suppression problem can be described
in as a 4-class problem: (i) RFIS, (ii) Child (<
25.6kg in weight & < 124.5 cm tall), (iii) Adult (>
46.7 kg in weight & > 139.7 cm tall), and (iv)
Empty. Figure 2, shows the development of airbag
in all the 4 classes. According to the NHTSA
specification, the system must classify the
occupant within 10 seconds of a change of
occupant state.
The use of cameras in the vehicle is a tedious job
as variations in lighting from bright daylight to
dark night are very large as shown in Figure 3. In
addition to this in the bright sunlight the may have
considerable dynamic range due to the
simultaneous existence of shadows near the
occupant’s legs and bright patches due to direct
sunlight on the head. As the vehicle is moving
there can be both moving and stationary shadows
because of the sunlight which may complicate the
problem.

(a)

(b)

Figure 1. RFIS during airbag deployment
(a) RFIS before deployment (b) RFIS after Deployment

Figure 2. Examples of the four classes;
(a) RFIS(b) child (c) adult (d) empty
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Figure 3. Demonstration of lighting variability
There are many other complications which include
large intra-class variability for the three different
classes mentioned above (intra-class variability for
the empty seat classis very little from lighting
changes).While for the child and the RFIS classes,
there are number of seating positions as well as
seat types which must be recognized and the
similarity between these two classes is not very
same as show in fig 4. Another complication can
be when the RFIS may be covered with blankets in
order to protect the children from cold (fig 5).In
the third class i.e. adult class there is a large
amount of intra-class variability ,as shown in fig 7.
Due to the following three factors:
1) The amount of variability for the 5 th
percentile female to the 95th percentile
male is of about 10 inches and 75 pounds.
2) Variability due to hair and clothing in
adult.
3) Variability due to season, changes from
shirts to parkas and hats. These changes are
not from person-to-person but for same
person according to seasons.
To recapitulate, vision-based system for airbag
suppression it must be strong enough to handle the
following conditions:
1) Large intra-class variability of the four
classes
2) Disguised classes(e.g. blanketed child)
3) Variation in levels of lights(day to night)
4) Light variation within an image
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5) Low cost
6) High reliability and performance
III.
SYSTEM DESCRIPTION
Blocked diagram of airbag suppression system
is shown in fig 6. The process of classification is
executed in every 3 to 5 seconds to meet the
NHTSA specification. This system physically
comprises of a single monochrome digital CMOS
camera, a bunch of LED illuminators, and a
control micro-processor. A commercial camera
has 400x320 pixels camera without having the
standard IR filter to allow the camera to use the
supplemental IR illumination in dark conditions.
The illuminators consist of a bank of infra-red
LEDs and a diffuser in order to ensure the safety
of eye and uniformity in the light levels.

Figure 4. Intra-class variability for RFIS and child
classes.

(a)
(b)
Figure 5. RFIS (a) RFIS under blanket (b).

The Digital Signal Processor performs image
processing. The micro-processor is responsible for
communications with the other subsystem in the
vehicle via the vehicle bus and for providing the
suppression signal to the vehicle airbag control
module and diagnostics.
The system is located along the central-line of
the vehicle and near the edge of windshield. a near
profile view of the occupant in the passenger seat,
is the location which provides aids in the
classification of the occupant. Due to this location
the probability of the occupant blocking the sensor
and styling of the sensor in vehicle easier.
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Figure 6. Diagram for the Airbag Suppression
System
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Figure 7. Intra-class variability for the adult class.
Due to severe lighting conditions where a part
of the image is very dark and very bright, A
simple adaptive threshold detector will often miss
the edges of the image contrast is even an entire
region Due to saturation or low light level or
lower. The edges are heavily clustered in areas of
high contrast, a simple adaptive threshold
technique used.

and Y directional gradient magnitude at each
pixel. Edge magnitude is then calculated and
processed with a constant false alarm rate (CFAR)
detector based. Figure 8 shows the resulting
traditional edge detection and edge detection Map
CFAR. We used cell-average CFAR window edge
where the average background amplitude is
calculated and compared to the current edge image
is shown in Figure 9. The only non-zero average
window in the background pixels are used. Guard
zone that separates the pixel of interest from the
background window. In this paper, a 5x5 CFAR
kernel is used for the results (see Figure 9).

Figure 9. CFAR edge detector
CFAR processing to generate a relatively uniform
distribution across the image edges.
(a)

(b)

(c)

(d)
Figure 8. Edge detection
(a) input image (b)segmented image (c) adaptive
threshold edge detection results (d) CFAR
detection.
We found however that the adaptive threshold
edges tend to be more sensitive in distinguishing
RFIS class if it is used for this purpose. To
maintain sensitivity to other sections, we explore
the other end of the calculation process based on
the edges. The first phase processes the image
with a simple gradient calculator, generating X
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In order for the system to classify resident,
small, cut edge pixels are removed. This leaves
you to sit with the leading edge boundary elements
which are effective for native type discrimination
seat.
Mechanism to remove small edges to discard
edges below a certain spatial extent. Edge image
processing feature extraction is done after receipt.
There are many candidate features that can be
used. We have chosen the image edge feature set
representation of the Legendre moments. Both
Legendre and Chebyshev moments of their
efficient cause was considered to represent a finite
set of values based on image moment. Legendre
moments have been selected on Chebyshev
moments and the reconstruction of a simple
function to create only a modest gain in accuracy.
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In a dimensional Legendre polynomials the
recurrence relation
p(0)= 1; p (1)=x ; p(n ) 1/n *((2* 1)*x *p ( n-1)(n- 1)*p ( n-2).
One dimension of the relationship, the twodimensional representation is simply a product of
two dimensions.
We have experimented with the effect of the
order on classification accuracy. Second order
multiplier effect can be seen in Figures 10. shows
a RFIS and an adult division and edge images.
Since there are often some common features
between the classes, the final number of features is
roughly 150. The feature selection algorithm is a
filter method where we discriminate the ability of
each feature and give its relative position. The
measure of discrimination is based on the MannWhitney test statistic. In addition to feature
selection, the features are also scaled to be
between [0, 1] to reduce the effects of large
amplitude features skewing the distance metrics of
the classifier.
There are two parts of k-NN classifier:
traditional classifier and a distance based
classifier. For these two classifier the value of k
must be k=9 which is best suitable. The distance
based k-NN classifier gives the average distance
for the test sample to the k-nearest training
samples in each class. The final decision is to
choose the class with the lowest average distance
to its k-nearest neighbours.
IV. EXPERIMENTAL RESULTS
The airbag suppression technique has been
developed for automobiles for both the training
and test data collection. The RFIS and the child
facing forward images were collected using
realistic type of dolls and results were observed.
These current results are the output of an ongoing
research and development project, and we will
continue to release additional results as they
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become available. An example of an image that
was mis-classified can be found in Figure 10. This
image was a child but was misclassified as an
empty seat due to the poor segmentation.

Figure 10. Classification error example
(a) original image of adult (b) segmented
image thought to be a RFIS.
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Abstract - Cancer is the uncontrolled growth of
cells in the body. It can be developed in almost
any organ or tissue. Brain cancer is one of the
most threatening diseases. Tumour when
detected in early stage can be cured, but in latter
stages, it becomes life threatening. Segmentation
is an important aspect in medical image
processing where, identification of abnormalities
in brain is difficult. MRI (Magnetic Resonance
Image) Scan analyses the soft tissues in human
body. Magnetic Resonance Image provides
detailed information about brain tumour
anatomy, cell structure and vascular supply,
making it an important tool for the effective
diagnosis, treatment and monitoring of the
disease. This project deals with Enhancement
and
Segmentation of the MR Brain
Image. The algorithm proposed here is fuzzy
inference system and fuzzy c means clustering
algorithm. FIS is used for preprocessing and
FCM is used for segmentation purpose.
Keywords- Magnetic Resonance Imaging (MRI),
Preprocessing, FIS technique, Brain Tumour
Detection, Segmentation, fuzzy C means,
I.

INTRODUCTION

A brain tumour is an abnormal growth of cells
within the brain; it can be cancerous or noncancerous. It can be defined as any intracranial
tumour created by abnormal and uncontrolled cell
division. It happens normally either in the brain
itself or in the cranial nerves or in the brain
envelopes, skull, pituitary and pineal gland, or
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spread from cancers primarily located in other
organs.
Tumours can be benign or malignant and may or
may not be primary tumours. Benign tumours are
non-cancerous tumours and are restricted to the part
of the body where it is originated, whereas, the
malignant tumours are the cancerous tumour and
can spread from one part of body to another and can
cause tumour at that part also. They can occur in
different parts of the brain. A primary tumour is one
that has started in the brain, as opposed to a
metastatic tumour, which is that has spread to the
brain from another part of the body. Tumours may
or may not be symptomatic, some tumours are
discovered because the patient has symptoms,
others are detected incidentally on an imaging scan,
or at an autopsy. Early detection of the brain tumour
is an important aspect. In case of brain images, MRI
(Magnetic Resonance Image) scan is preferred than
CT (Computed Tomography) scan, the reason is as
follows:
A. CT Scan
A CT scan is also known as a CAT (Computer
Axial Tomography) scans. It is the process of
generating a two-dimensional image of a slice or
section through a 3-dimensional object (a
tomogram). Patient undergoing a CT scan lies on a
platform and is passed through a cylindrical
machine. The process lasts for 30 minutes, or is
sometimes as short as 5 minutes, and is totally
painless.
B. MRI Scan
A CT scan is more beneficial for observing bone
structure than the soft tissues in body. So to scan
soft tissues more effectively, an MRI scan is
preferred over CT scan. This process does not use
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radiation technique but exposes the body to a strong
magnetic field, which affects the molecules in the
body in such a way that a detailed picture can then
be produced. This method is superior for collecting
images for areas of the body apart from bone.

Fig. 1 An image showing the difference between
CT scanned image and MRI scanned image.
Medical images play vital role to access patients for
diagnosis and treatment. Artificial Intelligence
methods such as digital image processing when
combined with others like machine learning, fuzzy
logic and pattern recognition are so valuable in
image techniques. Image segmentation is the first
step and the most critical tasks of image analysis.
Its objective is that of extracting from an image via
image segmentation. The computerization of
medical image segmentation has found wide
application in different areas such as diagnosis,
treatment planning, and computer-integrated
surgery. Even if computer aided tumour detection
is been studied for last two decades, interpretation
of MRI image is still a difficult task. Interpretation
of this image is very sensitive and multiple
radiologists review is needed for reducing
probability of misdiagnosis. In this paper, clustering
algorithm such as Fuzzy C Mean (FCM) is
implemented to extract the suspicious region in
MRI image.
II.

LITERATURE SURVEY

Martial Heber et al (2005), presented an evaluation
of two popular segmentation algorithms, the mean
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shift-based segmentation algorithm and a graphbased segmentation scheme.
Hui Zhang et al (2008), compared subjective and
supervised evaluation methodology for image
segmentation. Subjective evaluation and supervised
evaluation, are infeasible in many vision
applications, so unsupervised methods are
necessary. Unsupervised evaluation enables the
objective
comparison
of
both
different
segmentation
methods
and
different
parameterizations of a single method.
Ivana Despotovi (2013), presented a new FCMbased method for spatially coherent and noiserobust image segmentation. The contribution was 1)
the spatial information of local image features is
integrated into both the similarity measure and the
membership function to compensate for the effect
of noise and an anisotropic neighborhood, based on
phase congruency features, is introduced to allow
more accurate segmentation without image
smoothing. The segmentation results, for both
synthetic and real images, demonstrate that our
method efficiently preserves the homogeneity of the
regions and is more robust to noise than related
FCM-based methods.
Maoguo Gong (2013), presented an improved fuzzy
C-means (FCM) algorithm for image segmentation
by introducing a tradeoff weighted fuzzy factor and
a kernel metric. The tradeoff weighted fuzzy factor
depends on the space distance of all neighboring
pixels
and
their
gray-level
difference
simultaneously. The new algorithm adaptively
determined the kernel parameter by using a fast
bandwidth selection rule based on the distance
variance of all data points in the collection.
Furthermore, the tradeoff weighted fuzzy factor and
the kernel distance measure are both parameter free.
Experimental results on synthetic and real images
show that the new algorithm is effective and
efficient, and is relatively independent of this type
of noise.
Salem Saleh Lamari et al (2010), present methods
for edge detection techniques for satellite images.
They used seven techniques for this category; Sobel
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operator technique, Prewitt
technique, Kiresh
technique, Laplacian technique, Canny technique,
Roberts technique and Edge Maximization
Technique (EMT). They found that Kiresh, EMT
and Prewitt are the edge detection technique best
techniques for satellite image.
Charbel Fares et al (2011), compared and evaluated
image segmentation algorithms. It consists of
comparing the performance of segmentation
algorithms based on three important characteristics:
correctness, stability with respect to parameter
choice, and stability with respect to image choice.

extraction, clustering and thresholding. In this
paper, segmentation using clustering method will be
considered.
IV.

PROPOSED METHOD

Segmentation is partitioning process of image into
different parts having similar features. Image preprocessing is done initially, followed by
segmentation using clustering technique for
extraction of tumour which is region of interest.
A. Pre-processing

III. SEGMENTATION AND ITS MEDICAL
APPLICATIONS
Image segmentation is the first and important step
in image analysis and pattern reorganization. It is
the hardest operation in high level image
interpretation.
Image
segmentation
means
extracting the ‘region of intrest’ from image having
similar attributes of pixels. Segmentation has many
purposes in image processing and medical machine
vision. Image segmentation partition an image into
group of disjoint and homogeneous regions with
uniform attributes such as intensity, tone, colour,
texture etc.
Automatic segmentation of MR images is a
complex task. The classification of brain tissue is
difficult due to overlapping of brain tissues with
different intensities and tissues at different places.
Segmentation of brain tumour images is
complicated than segmentation of natural images
because of its functional complexity. For diagnosis
and treatment of brain tumour, segmentation is
essential and vital step in MR images.
Brain tumours are different in size, shape and
location. As brain tumours are overlapped with
brain tissues, growth of brain tumour can cause
damage to adjacent part in brain. Many different
image segmentation techniques have been
developed
till
now.
Accordingly
image
segmentation approaches can be divided into four
categories; they are, edge detection, region
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Image enhancement is the process of adjusting
digital images so that the results are more suitable
for display or further analysis. The aim of image
enhancement is to improve the interpretability or
perception of information in images for human
viewers, or to provide `better' input for other
automated image processing techniques. Image
enhancement consists of collection of techniques
that improve the visual appearance of an image.
Whenever an image is converted from one form to
another, some degradation occurs at output. Hence,
the output image has to undergo image
enhancement process. Contrast enhancement is a
common operation in image processing. It is also
useful to improve detail in photographs that are
over or under-exposed. Hence, here the contrast
enhancement is done using the fuzzy inference
system. Fuzzy inference system is the process of
formulating the mapping from a given input to an
output using fuzzy logic. The mapping provides the
basis from which decisions can be made. The
process of fuzzy inference involves membership
function, fuzzy logic operators and the if-then
rules. There are two types of fuzzy inference system
in fuzzy logic toolbox: Mamdani-type and Sugenotype. These two types of inference system varies in
the way of output is determined. Fuzzy inference
systems are associated with fuzzy-rule-based
system and fuzzy-expert system.
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The step by step methodology to be followed for
image enhancement:
Step 1: Morphological Processing
Step 2: Conversion of image data into fuzzy domain
data
Step 3: Membership Modifications
Step 4: Defuzzification
Step 5: Displaying the enhanced image
The fuzzy inference system was compared with
other existing techniques based on PSNR values.
The following table and figures explains the process
of preprocessing stage.

Original image

Enhanced image

Fig. 2 Pre-processing
Image Enhancement
Techniques

PSNR Values

Median Filtering

17.5904

Histogram
Equalization

5.6362

Fuzzy
System

Inference

CLAHE Algorithm

20.1790
14.9021

Table. 1 Comparison of Image Segmentation
Technique on the basis of PSNR values
B. Segmentation
Clustering is the process of classifying objects or
patterns in such a way that samples belonging to
same group are more similar than that of belonging
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to different group. There are many clustering
strategies, such as hard clustering and fuzzy
clustering, each having own special characteristics.
In hard clustering, approach to segmentation result
is crisp i.e. each pixel of image belongs to exactly
one cluster. Therefore issues like poor contrast,
overlapping
intensities,
noise
make
this
segmentation a difficult task. Fuzzy clustering
technique is a soft segmentation method, which has
been widely studied and successfully applied in
image segmentation. Among fuzzy clustering
methods, fuzzy C means (FCM) has robust
characteristics and retain more information than
hard clustering and hence is widely used in image
segmentation.
Fuzzy C Means algorithm was developed in 1973
by Dunn and it was enhanced latter by Bezdek in
1981. However the Fuzzy logic was proposed in
1965 by Lofti A Zadak a professor of Computer
Science at University of California, Berkeley.
Fuzzy logic is a form of many-valued logic simply
called as probabilistic logic. It by definition clears
that it consider approximate values rather than fixed
and exact. In contrast with traditional logic, having
binary values 0 or 1, true or false, fuzzy logic
variables have a truth value that ranges in degree
between 0 and 1. Fuzzy logic is also extended to
handle the concept of partial truth, where the truth
value may range between completely true and
completely false.
Let X is a sample space of points, with a generic
elements of X are denoted by x. Thus, X= { }. A
Fuzzy set A in X is characterized by a membership
function
( ) which is associated with each point
in X and is a real number in the interval [0,1], the
value
( ) at x represents the grade of
membership of x in A. Thus, nearer the value of ( )
to unity, higher is the grade of membership of x in
A. In the hard clustering process, each data sample
is assigned to only one cluster and all clusters are
regarded as disjoint collection of the data set but in
practice there are many cases, in which the clusters
are not completely disjoint and the data could be
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classified as belonging to one cluster almost as well
to another.
This algorithm works by assigning membership to
each data point corresponding to each cluster
centre, on the basis of distance between the cluster
centre and the data point. More the data is near to
the cluster centre more is its membership towards
the particular cluster centre. Clearly, summation of
membership of each data point should be equal to
one. After every iteration, the up-gradation of the
membership and cluster centres is done.
Parameters:
n : is the number of data points.
vj: represents the cluster centre.
m : is the fuzziness index m ∈[1, ∞].
c : represents the number of cluster centre.
: represents the membership of data to cluster
centre.
: represents the Euclidean distance between ℎ
and ℎ data and cluster centre.
Main objective of FCM is to minimize:

U = ( )+ is the fuzzy membership matrix.
J: is the objective function.
V.

The proposed method was implemented using
MATLAB programming language on a computer.
The MRI brain image containing tumour was given
as input to the fuzzy C means clustering algorithm.
Initially four cluster centers were selected and the
algorithm was applied to the image. After
completion of the algorithm, the region of interest
i.e. tumour part was separated from the image. The
process of separation after each iteration and the
different clusters in image are as shown in figures
below.

J (U,V) = ∑ ∑ (µij) | − |
Where || – ||, is the Euclidean distance between
ℎ data and ℎ cluster centre.
Algorithmic steps for FCM:
Let X ={ 1, x2, x3 ..., }be the set of data points
and V = { 1, v2, v3 ..., }be the set of centres.
Step 1: Randomly select c cluster centers.
Step 2: Calculate the fuzzy membership function
using:
µij =

RESULT

Input image

First iteration

Second iteration

∑

Step 3: Compute the fuzzy centers

using:

) ÷ (∑ ( ) )
vj = (∑ ( )
∀ =1,2,.. .
Step 4: Repeat Step 2&3 until the minimum ’J’
value is achieved or || +1− || < β where,
k: is the iteration step.
β : is the termination criterion between [0, 1].
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Third iteration
Forth iteration
Fig. 3 MRI Segmentation with FCM
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VI.

CONCLUSION

Using fuzzy inference system algorithm in the first
level of implementation, gives efficient image
enhancement. The proposed method was compared
to other enhancement methods on the basis of
PSNR values. It is found that the proposed method
have greater PSNR values than other methods,
hence, fuzzy inference system was preferred over
others.
For segmentation purpose Fuzzy C means method
was used. The input is the MRI brain tumour image
and the output obtained is the tumour part separated
from the image. As shown in figure, the tumour part
obtained is clear, distinct and without any extra
margin, generally caused by inflammation.
Future work can be carried out in the 3D
assessment of the brain using 3D slicer and also on
colour images.
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Abstract— Grid computing is being
viewed as the upcoming phase of
distributed computing. Grid focuses on
maximizing the resource utilization of an
organization by making them shareable
across applications. In grid computing,
job scheduling is an important task. Load
balancing and proper resource allocation
are critical issues that must be considered
in managing a grid computing
environment. Load Balancing is the
technique which distributes the workload
across multiple computers to reduce the
latency of process execution with proper
resource utilization. To resolve these
issues, we are proposing hierarchical
scheduling
algorithm
for
grid
environment and implementing it on
the real time grid set up on LAN. The
given algorithm will show the result of
proper load balancing when three
servers are used.
Keywords- Grid Computing, Hierarchical
Environment, Job Scheduling, Load
Balancing, Resource Utilization.
I. INTRODUCTION
Grid computing combines together
unexploited number of processing cycles
of many computers in a network for
solving problems that is too intensive for
any stand-alone machine [11]. It is same as
that of networking unlike conventional
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networks that focus on communication
among devices. It sets aside unused CPU
capacity in all participating machines to be
allocated to one application that is
extremely computation intensive and
programmed for parallel processing. Grid
computing focuses on the virtualization of
distributed computing and data resources
such as processing, network bandwidth
and storage capacity to create a single
system image, granting users and
applications seamless access to emerge IT
capabilities. An internet/end user can view
a unified instance of content via the
internet; a grid user essentially sees a
single, large virtual computer [1].
Grid computing suggests a model
for solving massive computational
problems by making use of the idle
resources of large numbers of distributed
computers, often desktops as well. Grid
computing has unique ability to support
computation
across
administrative
domains sets it apart from traditional
computer clusters. Grid computing aims
on solving problems that are too big for
any single supercomputer, whilst retaining
the flexibility to work on multiple smaller
problems. Therefore Grid computing
provides a multi-user environment. Its
secondary aims are better exploitation of
available computing power and catering
for the intermittent demands of large
computational exercises [2].

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(6), March 2014

A grid is homogeneous or
heterogeneous resources to deal with large
scale scientific problems. There are
different issues in grid computing.
Appropriate and efficient allocation of the
tasks to the available resources is called as
job scheduling. Aim of job scheduling is to
provide proper load balancing at higher
level of nodes and reduce the response
time by proper allocation of jobs. In grid
computing, resources and tasks are
changing constantly. So, no traditional
scheduling algorithm works properly for
dynamic grid system. The vital thing is to
allocate the tasks to proper resources by
using good scheduling algorithm to
enhance throughput and avoid unnecessary
delays.
Although
many
proposed
scheduling algorithms proved that they are
suitable for a homogeneous environment,
but there are only few algorithms that
works for heterogeneous environment.
Load balancing is an important
issue that is recently studied very much
because of need of high performance
computing. The computation grid involves
high
performance
platforms
to
heterogeneous dynamic and shared
environment. Thus how to adapt load
balancing schemes for Grid becomes the
focus of this research area. For parallel
applications, load balancing attempts to
distribute the computation load across
multiple processors or machines as evenly
as possible with objective to improve
performance.
A
load
balancing
scheme
consisting of three phases: information
collection, decision making and data
migration. During the information
collection phase, load balancer gathers the
information of workload distribution and
the state of computing environment and
detects whether there is a load imbalance.
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The decision making phase focuses on
calculating an optimal data distribution,
while the data migration phase transfers
the excess amount of workload from
overloaded processors to under loaded
ones[3].
The rest of paper is organized as
follows: Section 2 focuses on related
work; Section 3 discusses the proposed
algorithm with results; Section 4 we are
coming up with future scope.
II.

LITRETURE SURVEY

Resource manager or Scheduler is
central authority of the system and its main
task is to accept requests from users,
match user requests to available resources
for which the user has access and schedule
the matched resources. Such resource
requests are considered as jobs by the
Grid. A proper scheduling and efficient
load-balancing algorithm is required for
improving the performance of the system.
It is very difficult to handle load
balancing in grid systems than in
traditional
distributed
computing
environment because of the heterogeneous
and dynamic nature of the grid. Most of
the research has been done only on
centralized approaches. All of them suffer
from significant deficiencies, such as
scalability problems when we talk about
the centralized approaches. In [4], the
authors consider a hierarchical tree
structure for grid computing services
similar to ours.
The grid environment collects,
integrates, and uses heterogeneous or
homogeneous resources which are
distributed across the network. A grid
environment can be classified into two
types: computing and data grids. In
computing grid, job scheduling is a very
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important task [5]. A good scheduling
algorithm can assign jobs to resources
efficiently and can balance the system
load. A job scheduling algorithm called
Hierarchical Load Balanced Algorithm for
Grid environment is used to balance the
system load in determining a balance
threshold.
When a job is assigned to a cluster
with the highest Computing Power, the
load of the selected cluster will be checked
first whether it is already overloaded or
not. If the cluster’s average load is larger
than the balance threshold, the cluster is
marked as overloaded and the job will seek
the cluster with the next highest ACP. This
is called a local update. Local update is
necessary because it reflects the situation
changes in the local cluster. The average
computing power and average load of
other clusters are not affected. When a job
is completed, the job had to release all
resources and a global update will
recalculate all parameters again.
Load balancing technique in grid
computing environment is used to
optimize the scalability of the entire
system. Numbers of works have been
proposed on the issues of process
migration and load balancing [6]. An effort
has been made in the present work to cite a
reliable and comprehensive load balancing
approach is based on the priority of the
processes. This approach introduces a
Process Migration Server that also acts as
future cluster management server ensuring
that the latency time in migrated process
execution is reduced along with no
starvation policy for any process.
Static and dynamic load balancing
techniques are the mostly used techniques
for task allocation in grid environment [7].
Several works have been done on dynamic
load balancing approach. Some are already
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implemented and some are still under
research. No universal algorithm exists for
load balancing. It can vary according to
problem size depending on different types
of parameters. Little has been done in case
of multiple parameters [8]. In these areas
hierarchical load balancing algorithm
works successfully.
III. PROPOSED SYSTEM AND
RESULTS
In order to fulfill the user
expectations in terms of performance and
efficiency, the Grid system needs efficient
load balancing algorithms for the
distribution of tasks. A load balancing
algorithm attempts to improve the
response time of user’s submitted
applications by ensuring maximal
utilization of available resources. Here we
are focusing on hierarchical organizational
structure.
Hierarchal
organization
machines in same level can directly
communicate with the machines directly
above them or below them, or peer to them
in the hierarchy called second level cluster
node [7]. Most current Grid systems use
this organization since it is scalable to
some extent. So, the main objective is to
improve the performance by reducing the
process execution time. To show the
efficiency of our proposed load balancing
algorithm, several parameters have been
considered [4], which the following are:Avg. CPU Utilization: Percentage of CPU
utilization involved at the time of job
execution.
Available Heap Memory: Available heap
memory used to execute the particular job.
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Maximum Heap memory: Maximum
heap memory availability in the main
memory.
CPU Idle time: The current CPU idle time
of during execution.
Available Processor: For particular job
execution, list of processors available at
that instance.
Node id: Indicates the unique
identification of each local and remote
node.

3.1 HIERARCHICAL SET UP
In grid computing environment, a
number of machines are connected to each
other as workstations as shown in fig1. It
is a hierarchical structure which is grouped
together with the help of LAN. From the
topology this system is divided into three
levels: L1 – Grid or Scheduler Node, L2 –
Master Nodes, L3 – Workstations or
Computing Nodes. Each managerial node
owns a set of worker nodes with the same
LAN / WAN domain.

N: {n1, n2…} is the total number of local
and remote nodes.
J: {j1, j2…..}
∑
jobs.

: Total execution time of all

The Portal provides an interface for
users to submit jobs. The Scheduler node
discovers resource nodes registered with
the system, and records the information of
the resource, such as CPU speed, idle CPU
percentage, memory utilization, average
load of each cluster, etc. The job scheduler
accepts the job from the portal and uses
the HLBA with the information from
Information Service to choose the
appropriate cluster and compare its load
with the system. Then, it selects the
resource with the strongest computing
power in the cluster to execute the
submitted job. After the job is finished, the
result and the new status of the resource
will be sent back to the Information
Service for another scheduling.
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Fig1: Hierarchical grid computing
environment
The Hierarchical structure shown
in the fig1 is completely dependent on
LAN as they are connected. A Hierarchy
of 3-level or more can also be formed by
joining many numbers of workers or
computing
nodes.
This
can
be
implemented in two possible ways. One is,
to create the hierarchy logically on one
machine by using Grid Simulator or any
middleware [12]. Second is, to implement
it physically on LAN by using as many
nodes as possible. In this paper, we prefer
the second option to implement our
algorithm on physical real time hierarchy
i.e. LAN. In the above discussed fig1
server node is called primary load
distributor node is only static for entire
hierarchical structure and rest of level
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coordinator nodes and worker nodes are
formed dynamically available at the
moment. Second level distributor cluster
node are formed by the primary distributor
based on the need of distribution on a
property of most available resource form
the available list and set best nodes as
second-level-cluster node. The second role
of primary node is to distribute the
available grid-nodes among the secondlevel-cluster node on the basis of total
resources available on at that moment and
total number of second-level cluster node.
The number of second-level-cluster node
depends on the total number of nodes
available in grid factory and total number
of jobs available to distribute; this is a
simple approach to reduce the overhead
communication cost on primary as well as
second-level-cluster node.
3.2
CYCLE

PROCESS EXECUTION

levels 1, 2 or 3 respectively.
Working of Cluster Level Nodes:
During job distribution process,
Grid node distributes the job on the basis
of hierarchical structure and number of
second level cluster nodes. With the
available resources map the group of jobs
to the next level. At second level cluster
node the job is get distributed to their
worker node. This job distribution is based
on multiple parameters based approach for
effective load distribution. The key feature
of our distribution approach is on the basis
of amount of resource available like CPU
load, heap memory and CPU idle time on
dynamic approach [4].
3.3

ALGORITHM

1.At Grid level –
Step-1: Get id’s of all the nodes (information
about total no. of nodes in the environment)
Step-2: Select the best node from master level
node based on multiple parameters.
Step-3: Divide the job list into sub jobs based
on existing parameters.
Step-4: Map or allocate job to cluster level
node.
Step-13: Receive the result from previous level
and return to end user.

2. At Cluster Level –
Fig2: Job Execution Cycle in Grid
Environment

Step-5: Receive jobs from grid node and divide
the job list at 2nd level cluster on parameter.
Step-6: Split the jobs.

Figure 2 depicts the life cycle of
job execution process in a hierarchical grid
environment and the sequence of
operations shows the life span of
hierarchical grid. In the figure L1, L2 and
L3 depicts the operations that take place in

115

Step-7: Map the job best suited available
resource.
Step-8: Map or allocate job to cluster level
node.
OUR APPROACH
Step-12: Receive the result from worker nodes
and return to grid level node.
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3. At Compute node Level –
Step-9: Receive the job from cluster nodes.
Step-10: Execute the jobs.
Step-11: Return the result.

The given algorithm depicts the
task distribution amongst the hierarchy.
The request is submitted to the grid node
by the end user through the user interface.
For this we created the url for the end user
which is accessed on the remote desktop.
For this we have created a simple
application of login form which is
accessed on the remote desktop by
entering url. Once this url is accessed. This
login form appears as follows-

Fig4: Snapshot of Load balancing servers
This shows that server 3 is selected
for quick request response that means load
or jobs will get submitted to server 3 to
balance the load. Server 3 is selected
because it is least loaded amongst them all.

Fig5: Snapshot of Scheduler’s Database
Fig3: Snapshot of Interface to the End user
This login page is accessed on a
remote desktop by the end user. Through
this user will do the login i.e. job
submission to the grid node and based on
the available resources it will allocate the
task amongst the servers and do the proper
load balancing. After login new page
appears which tells the status of servers
and current load on each of the server with
best selected server for to allocate the job
or load. This window appears as follows-
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This is the scheduler’s database
that will be accessed through that login
interface. Once the query executed
successfully it will return the result. The
result is shown on the scheduler’s database
that is displayed in above fig in the yellow
patch. Result is query took 0.0003sec to
execute.
This complete server set up is
based on the LAMP server i.e. Linux
Apache MySql PHP and the platform we
are using for implementation is Ubuntu
12.04.
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IV.

CONCLUSION

In this paper, we proposed a
hierarchical scheduling algorithm for grid
environment which allocates the job
amongst the hierarchy with the help of
scheduler
node.
The
complete
implementation is based on real time set
up. From the above results we conclude
that we implemented scheduling algorithm
successfully with proper load balancing
mechanism and minimal process execution
time.
VII. REFERENCES
1. M. Irving, G. Taylor, Peter Hobson,
“Plug in to Grid Computing,” IEEE power
and energy magazine, 2004.
2. N. Malarvizhi and V.R.Uthariaraj,
Hierarchical Load Balancing Scheme for
Computational Intensive Jobs in Grid
Computing Environment, ICAC, IEEE,
2009.
3. J. Watts, S. Taylor, A Practical
Approach to Dynamic Load Balancing,
IEEE transactions on parallel and
distributed systems, 1998, vol. 9, no. 3, pp.
235-248.

117

6. Leyli Mohammad Khanil, Shiva
Razzaghzadehb and Sadegh vahabzadeh
Zargaric, A new step towards load
balancing based on competency rank and
transitional phases in grid networks,
Future Generation Computer systems,
2012, vol.28.pp.682-688.
7. E. Ajaltouni, A. Boukerche and M.
Zhang, An Efficient Dynamic Load
Balancing Scheme for Distributed
Simulations on a Grid Infrastructure, 12th
IEEE/ACM International Symposium on
Distributed Simulation and Real-Time
Applications, 2008, pp. 61-68.
8. A.Touzene, S. Al-Yahai, Hussien,
AlMuqbali, A. Bouabdallah and Y.
Challal., Performance Evaluation of Load
Balancing in Hierarchical Architecture for
Grid Computing Service Middleware,
International Journal of Computer
Sciences, 2011, pp. 1694-1702.
9. K. Hemant Kumar Reddy and Shina
Diptendu Roy, A Hierarchical Load
Balancing Algorithm for Efficient Job
Scheduling in a Computational Grid Test
bed, 1st Int’l Conf. on Recent Advances in
Information Technology, RAIT-2012.

4. B.Pradhan, A. Nayak and D.S. Roy, An
Elegant Load Balancing Scheme in Grid
Computing Using Grid Gain, International
Journal of Computer Science and Its
Applications, 2011, Vol. 1, Issue 1,
pp.254-257.

10. R. Manimala and P.Suresh, Load
Balanced Job Scheduling Approach for
Grid Environment, IEEE, 2012.

5. Yun-han Lee, Seiven Len and RuayShiung Chang, Improving job scheduling
algorithms in a grid environment, Future
Generation computer systems, 2011,
vol.27, pp.991-998

12. Grid Gain: www.gridgain.com

11.
http://www.wolfram.com/gridmathematica

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(6), March 2014

AREA and POWER EFFICIENT NINE TRANSISTOR CAM with PARITY BIT and
INVERTER BASED SENSE AMPLIFIER
Nisi K1, M Saravanan2
ECE Department, Anna university Chennai
SNS College of technology, India
1
nisi13290@gmail.com
saranecedgl@gmail.com

2

Abstract— Content addressable memory
(CAM) is a type of solid-state memory in which
data are accessed by their contents rather than
physical locations. It receives input search data,
i.e., a search word, and returns the address of a
similar word that is stored in its data-bank .
Since all available words in the CAMs are
compared in parallel, result can be obtained in a
single clock cycle. Hence, CAMs are faster than
other hardware- and software-based search
systems . They are therefore preferred in highthroughput applications such as network routers
and data compressors. However, the full parallel
search operation leads to critical challenges in
designing a low-power system for high-speed
high-capacity CAMs .Content addressable
memory (CAM) offers high-speed search
function in a single clock cycle. Due to its parallel
match-line (ML) comparison, CAM is powerhungry. Thus, robust, high-speed and low-power
sense amplifiers are highly sought-after in CAM
designs.
In this paper, we introduce a Nine
Transistor (9T) CAM cell which reduces the area
of occupancy and also the power consumption. A
parity bit that leads to sensing delay reduction
with negligible area and power overhead is also
proposed. Furthermore, we propose an inverter
based sense amplifier with effective gated-power
technique to reduce the peak and average power
consumption and enhance the robustness of the
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design against process variations. A feedback
loop is employed to auto-turn off the power
supply to the comparison elements and hence a
significant reduction in the average power
consumption is achieved. The proposed design
can work at supply voltages below 0.8V.
Index Terms—CMOS, content addressable
memory
(CAM),
match-line(ML),Search
line(SL),nine transistor(9T).
I. INTRODUCTION
A content addressable memory (CAM)
compares input search data against a table of stored
data and returns the address of the matching data
CAMs have a single clock cycle throughput making
them faster than other hardware and software-based
search systems. CAMs can be used in a wide variety
of applications requiring high search speeds. These
applications include parametric curve extraction,
Hough transformation, Huffman coding/decoding,
Lempel–Ziv compression, and image coding. The
primary commercial application of CAMs today is
to classify and forward Internet protocol (IP)
packets in network routers. In networks like the
Internet a message such an as e-mail or a Web page
is transferred by first breaking up the message into
small data packets of a few hundred bytes and then
sending each data packet individually through the
network. These packets are routed from the source
through the intermediate nodes of the network
(called routers) and reassembled at the destination
to reproduce the original message. The function of a
router is to compare the destination address of a
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packet to all possible routes in order to choose the
appropriate one. A CAM is a good choice for
implementing this lookup operation due to its fast
search capability.
In general, a CAM has three operation
modes: READ, WRITE, and COMPARE, among
which “COMPARE” is the main operation as CAM
rarely reads or writes . Fig. 1 shows a simplified
block diagram of a CAM core with an incorporated
search data register and an output encoder. It starts a
compare operation by loading an n-bit input search
word into the search data register. The search data
are then broadcast into the memory banks through n
pairs of complementary search-lines (SL) and
directly compared with every bit of the stored words
using comparison circuits.

Fig. 1. Block diagram of a conventional
CAM.
Each stored word has a ML that is shared
between its bits to convey the comparison result.
Location of the matched word will be identified by
an output encoder, as shown in Fig. 1. During a precharge stage, the MLs are held at ground voltage
level while both SLs and ~SLs are at VDD.
During evaluation stage, complementary search data
is broadcast to the SLs and ~SLs. When mismatch
occurs in any CAM cell (for example at the first cell
of the row D=“1”; ~D=“0”; SL= “1”;~SL= “0”),
transistor P3 and P4 will be turned on, charging up
the ML to a higher voltage level. A sense amplifier
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(MLSA) is used to detect the voltage change on the
ML and amplifies it to a full CMOS voltage output.
If mismatch happens to none of the cells on a row,
no charge up path will be formed and the voltage on
the ML will remain unchanged, indicating a match.
Since all available words in the CAMs are
compared in parallel, result can be obtained in a
single clock cycle. Hence, CAMs are faster than
other hardware- and software-based search systems
.They are therefore preferred in high-throughput
applications such as network routers and data
compressors. However, the full parallel search
operation leads to critical challenges in designing a
low-power system for high-speed high-capacity
CAMs : 1) the power hungry nature due to the high
switching activity of the MLs and the SLs and 2) a
huge surge-on current (i.e., peak current) occurs at
the beginning of the search operation due to the
concurrent evaluation of the MLs which may cause
a serious IR drop on the power grid, thus affecting
the operational reliability of the chip . As a result,
numerous efforts have been put forth to reduce both
the peak and the total dynamic power consumption
of the CAMs.
In this work, a 9T CAM cell is proposed to
reduce the area of occupancy and the power
requirement. A parity-bit is introduced to boost the
search speed of the parallel CAM with negligible
power and area overhead. Concurrently, a powergated ML sense amplifier is proposed to improve
the performance of the CAM ML comparison in
terms of power and robustness. It also reduces the
peak turn-on current at the beginning of each search
cycle. The rest of paper is organized as follows.
Section II introduces parity-bit based CAM
architecture. In Section III, the gated power
technique is proposed. Performance analysis is
presented in Section IV. Section V concludes this
paper.
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II. 10T CAM MEMORY CELL AND THE
PROPOSED 9T CAM MEMORY CELL

The 9T CAM cell operation is exactly
similar to that of the 10T cell. Reduction of 1
transistor in a single memory cell results in a
corresponding reduction of n transistors in an n cell
memory array. Hence a significant reduction in
power as well as area is achieved in the operation of
an n cell CAM memory array. The block diagram of
the 9T CAM memory cell is as shown below.

Fig. 2. Block diagram of a 10T basic CAM
memory cell.
The memory cell has two modes of operation:
1)Precharge phase :MLs are held at ground voltage
level while both SLs and ~SLs are at VDD
2)Evaluation phase : Complementary search data
are broadcast into SLs and ~SLs.
Fig. 3. Block diagram of proposed 9T CAM cell.
It is powered by two separate power rails
VDDML and VDD inorder to protect the SRAM
circuit from the possibility of any power
disturbances that may occur during the comparison
cycle. The table given below gives a brief
description regarding the operation of the 10T CAM
cell.
TABLE I
OPERATION OF 10T CAM CELL.
MATCHING CASE

MISMATCHING
CASE
D=1,~D=0,SL=1,~SL=0 D=1,~D=0,SL=0,~SL=1
M2(ON),M4(OFF)-No
M1(ON),M3(ON)-A lift
lift in voltage level in in in voltage obtained in
ML
ML as VDDML value is
moved to ML
D=0,~D=1,SL=0,~SL=1 D=0,~D=1,SL=1,~SL=0
M4(ON),M2(OFF)-No
M2(ON),M4(ON)-Lift
lift in voltage level in in
voltage
level
ML
observed in ML
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Table below explains the operation of the
9T CAM cell. ML suffers a lift in voltage level in
the case if a mismatch. A sense amplifier (MLSA)
is used to detect the voltage change on the ML and
amplifies it to a full CMOS voltage output. If
mismatch happens to none of the cells on a row, no
charge up path will be formed and the voltage on
the ML will remain unchanged, indicating a match.
TABLE II
OPERATION OF 9T CAM CELL.
MATCHING CASE
D=1,~D=0,SL=1,~SL=
0,M1=ON,M3=OFF,M
L=LOW VALUE
D=0,~D=1,SL=0,~SL=
1,M2=ON,,M3=OFF,
ML=LOW VALUE

MISMATCHING
CASE
D=1,~D=0,SL=0,~SL
=1,M1=ON,M3=ON,
ML=HIGH VALUE
D=0,~D=1,SL=1,~SL
=0,M2=ON.M3=ON,
ML=HIGH VALUE
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The 9T CAM operation is exactly similar to
that of the 10T CAM except the 1T reduction in the
9T cell.

Fig. 4. Simulation result for the 10T CAM
cell(mismatching case). A lift in voltage level is
observed in ML.

Fig. 5. Simulation result for the 9T CAM
cell(matching case).So and S0b stands for the
search lines SLs and ~SLs. No lift in voltage level
is observed in the match line(ML)
The ML value has to be initialized to the
zero state, inorder to correctly observe the lift in
voltage levels.
III. SEARCH SPEED BOOST USING A PARITY
BIT
We introduce a versatile auxiliary bit to boost
the search speed of the CAM at the cost of
negligible area overhead and power consumption.
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This newly introduced auxiliary bit at a glance is
similar to the existing Pre-computation schemes but
in fact has a different operating principle. We first
briefly discuss the Pre-computation schemes before
presenting our proposed auxiliary bit scheme.

Fig. 6. Conceptual view of (a) conventional precomputation CAM and (b) proposed parity-bit
based CAM.
1) Pre-Computation CAM Design: The precomputation CAM uses additional bits to filter
some mismatched CAM words before the actual
comparison. These extra bits are derived from the
data bits and are used as the first comparison stage.
For example, in Fig. 6(a) number of “1” in the
stored words are counted and kept in the Counting
bits segment. When a search operation starts,
number of “1”s in the search word is counted and
stored to the segment on the left of Fig. 6(a). These
extra information are compared first and only those
that have the same number of “1”s (e.g., the second
and the fourth) are turned on in the second sensing
stage for further comparison. This scheme reduces a
significant amount of power required for data
comparison, statistically. The main design idea is to
use additional silicon area and search delay to
reduce energy consumption.
The previously mentioned pre-computation
and all other existing designs shares one similar
property. The ML sense amplifier essentially has to
distinguish between the matched ML and the 1-
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mismatch ML. This makes CAM designs sooner or
latter face challenges since the driving strength of
the single turned-on path is getting weaker after
each process generation while the leakage is getting
stronger. This problem is usually referred to as
Ion/Ioff . Thus, we propose a new auxiliary bit that
can concurrently boost the sensing speed of the ML
and at the same time improve the Ion/Ioff of the
CAM by two times.
2) Parity Bit Based CAM: The parity bit based
CAM design is shown in Fig. 6(b) consisting of the
original data segment and an extra one-bit segment,
derived from the actual data bits. We only obtain
the parity bit, i.e., odd or even number of “1”s. The
obtained parity bit is placed directly to the
corresponding word and ML. Thus the new
architecture has the same interface as the
conventional CAM with one extra bit. During the
search operation, there is only one single stage as in
conventional CAM. Hence, the use of this parity
bits does not improve the power performance
However, this additional parity bit, in theory,
reduces the sensing delay and boosts the driving
strength of the 1-mismatch case (which is the worst
case) by half, as discussed below.
In the case of a matched in the data segment ,
the parity bits of the search and the stored word is
the same, thus the overall word returns a match.
When 1 mismatch occurs in the data segment ,
numbers of “1”s in the stored and search word must
be different by 1. As a result, the corresponding
parity bits are different. Therefore now we have two
mismatches (one from the parity bit and one from
the data bits). If there are two mismatches in the
data segment, the parity bits are the same and
overall we have two mismatches. With more
mismatches, we can ignore these cases as they are
not crucial cases. The sense amplifier now only
have to identify between the 2-mismatch cases and
the matched cases. Since the driving capability of
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the 2-mismatch word is twice as strong as that of
the 1-mismatch word, the proposed design greatly
improves the search speed and the Ion/Ioff ratio of
the design. In Section IV, we are going to propose a
new sense amplifier that reduces the power
consumption of the CAM.
IV. INVERTER BASED SENSE AMPLIFIER WITH
EFFECTIVE GATED POWER TECHNIQUE

Fig. 7. Existing ML gated CAM architecture
A. Operating Principle of existing ML gated
CAM architecture
The existing CAM architecture is depicted in
Fig. 7. The CAM cells are organized into rows
(word) and columns (bit). Each cell has the same
number of transistors as the conventional P-type
NOR CAM and uses a similar ML structure.
However, the “COMPARISON” unit, and the
“SRAM” unit, i.e., the cross-coupled inverters, are
separately powered by two metal rails, namely
VDDML and the VDD, respectively. The VDDML
is independently controlled by a power transistor Px
and a feedback loop that can auto turn-off the ML
current to save power. The purpose of having two
separate power rails of (VDDML and VDD) is to
completely isolate the SRAM cell from any
possibility of power disturbances that may occur
during the COMPARE cycle. As shown in Fig. 6,
the gated-power transistor Px, is controlled by a
feedback loop, denoted as “Power Control” which
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will automatically turn off Px once the voltage on
the ML reaches a certain threshold.
At the beginning of each cycle, the ML is
first initialized by a global control signal EN .At
this time, signal EN is set to low and the power
transistor Px is turned OFF. This will make the
signal ML and C1 initialized to ground and VDD,
respectively. After that, signal EN turns HIGH and
initiates the COMPARE phase. If one or more
mismatches happen in the CAM cells, the ML will
be charged up.
B. PROPOSED INVERTER BASED SENSE
AMPLIFIER
We can replace the NAND gate in the
existing sense amplifier with that of an inverter as
shown in fig 8. By replacing the NAND gate with
an inverter ,the number of transistors in the design
is reduced and thereby reduces the area overhead.

TABLE III
OPERATION OF INVERTER BASED
SENSE AMPLIFIER
Matching case(ML=0)
Mismatching
case(ML=1)
EN=1,M9=OFF,M8=OFF, EN=1,M9=OFF,M8=
C1 will not be discharged ON,
C1 will be discharged
MLOUT=1,EN=1,M=0,Px MLOUT=0,M=1,Px=
=ON
OFF

Fig. 9. Schematic of Proposed Inverter based sense
amplifier
Fig. 8. Proposed inverter based sense amplifier
The inverter acts as a switch and turns on the
pmos transistor connected to VDDML depending
on the values of the enable and MLOUT. Rest of
the operation is similar to that of the NAND gate
based sense amplifier.
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Fig. 10. Simulation result for ML=0(matching
case). A corresponding MLOUT value of “1” is
obtained
Interestingly, all the cells of a row will
share the limited current offered by the transistor
M8(Vth8 ), despite whatever number of
mismatches. When the voltage of the ML reaches
the threshold voltage of transistor M8(Vth8
),voltage at node C1 will be pulled down. After a
certain but very minor delay, the NAND2 gate will
be toggled and thus the power transistor Px is
turned off again. As a result, the ML is not fully
charged to VDD, but limited to some voltage
slightly above the threshold voltage of M8,(Vth8).

power consumption. Reduction in transistor count
also accounts for the reduction in area. A sensing
delay reduction is achieved with the help of the
parity bit generator.
A. 9T CAM memory array design and simulation

Fig. 12. 9T CAM memory array

Fig. 11. Simulation result for ML=1(mismatching
case). A corresponding MLOUT value of “0” is
obtained
Fig. 10 and Fig.11 shows the simulation result
of the proposed inverter based sense amplifier. The
voltage on the ML is finally charged to only around
0.5 V which is far below VDD and hence the power
consumption is reduced.
V. PERFORMANCE COMPARISONS
In this section, performance of the proposed
design will be evaluated using the conventional
CAM and [1] in the references. The implementation
of the 9T CAM in the memory array and the
inverter based sense amplifier reduces the number
of transistors in the design and thereby reduced the
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Fig. 13. 9T CAM memory array simulation result
Location of the searched word is given by
the priority encoder. In other words the address of
the location where our searched word is present is
given by the priority encoder.
B. Area and Power Analysis
The area and power analysis results of the
existing and the proposed design are shown in the
table below.
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TABLE IV
AREA AND POWER ANALYSIS RESULTS
DESIGN

TRANSISTOR
COUNT

AVERAGE
POWER
CONSUMED

SIMULATION
TIME

EXISTING
DESIGN

1028

1.367868e+000
watts

25.20 s

PROPOSED
DESIGN

831

4.260521e-006
watts

15.29s

From the table we can see that the existing
design required about 1.36 watts for operating an
11*6 memory array while the proposed design
consumed only 4.26 micro watts for the same
design. And also the transistor count is reduced
from 1028 to 831 in the proposed design thereby
resulting in area reduction. A significant reduction
in simulation time is also observed.
VI. CONCLUSION
An effective inverter based sense amplifier with
effective gated-power technique and a parity-bit
based architecture on 9T CAM memory cell was
designed. This offer several advantages, namely
reduced area or reduced transistor count, reduced
average power consumption, boosted search speed
and improved process variation tolerance. It is much
more stable than recently published designs while
maintaining their low power consumption property.
The proposed design works effectively below 0.8
volts.
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Abstract— Ultrasonic level measurement technique is a well
established field having wide areas for industrial application.
Leaving behind other application this method works well with
various types of liquids irrespective of changes in density
temperature etc. A standalone ultrasonic transducer configured
with a microcontroller is used for continuous measurement of
liquids. Time is measured from sending ultrasonic waves to
receiving them, with the known speed of propagation of light.
Microcontroller sends a pulse to the ultrasonic module, after
receiving pulse module sends ultrasonic waves for short period of
time and wait for the reflected wave, a pulse is sent to the
microcontroller after receiving the reflected wave which
measures the time between two pulses.

frequency of audible sound waves. The speed of sound in air
is well known at (1096 feet per second (334 meters/second)
through air at 68°F). In order for ultrasonic waves to be
reflected, they need a media with a certain mass (density). In
level measuring applications, there must be enough mass in
the liquid (density) to reflect the sound waves.

Keywords— Ultrasonic sensor, Microcontroller, Liquid level

I. INTRODUCTION
Ultrasonic level measurement technique is based on the
transmission of sonic pulses to the target surface and
measuring the time duration between the received pulses, time
duration between the sending pulse and received pulse is
proportional to the level of the particular medium.
This method gives advantage over other methods, that
measuring transducer doesn’t come in contact with the target
surface, reflected signal may contain unwanted multiple
echoes which can cause errors in the measurement, care must
be taken to eliminate these echoes, in different situation such
as in foam forming liquid it is difficult to differentiate the true
echo signal from original, there it requires continuous
intervention & calibration [2].
For calibration purpose empty distance of tank is entered
through keypad, which is used to calculate liquid level by
subtracting measured value from total empty distance .
II. TIME OF FLIGHT TECHNOLOGY
Time of flight devices are much newer technology than
hydrostatic devices and consist of ultrasonic and radar devices
(non-contact and guided wave). Ultrasonic waves are not
electromagnetic waves, they are mechanical sound waves. The
liquid level can be determined by measuring the amount of
time it takes for the ultrasonic wave to travel to the liquid,
reflect and travel back to the device as shown in the fig 1.
Ultrasonic waves are similar to audible sound waves in that
they are mechanical waves. Most ultrasonic transmitters and
receivers operate from 10 KHz to 70 KHz, well above the
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Fig no. 1 Time of flight principle.
Equation 1: L = E – D
L = liquid level.
E = distance from measuring device to zero level.
D = distance from measuring device to liquid.
Equation 2: D = C x T/2
D = distance from measuring device to liquid.
C = speed of sound or speed of light.
T = amount of time for sound or light to travel from
device to liquid and back.
Based on Diagram 1 and Equations 1 and 2, the level of liquid
can be determined from the time it takes for sound waves to
travel from the measuring device to the liquid and back to the
measuring device. One also needs to calculate E based on the
size of the tank.
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A. Practical system design problems of Ultrasonic Level
Transmitter
The above principle of measurement looks quite straight
forward and true only in theory. In practice, there are some
technical difficulties which are to be taken care to get correct
level reading. Velocity of sound changes due to the variation
of air temperature. An integrated temperature sensor can be
used to compensate for changes in velocity of sound due to
temperature variations.
There are some interference echoes developed by the edges,
welded joints etc. This is taken care by the software of the
transmitter and called interference echo suppression.
Calibration of the transmitter is crucial. Accuracy of
measurement depends on the accuracy of calibration. The
Empty distance “E” and measurement span “B” is to be
ascertained correctly for inclusion in calibration of the
transmitter.
III. TYPES OF LEVEL MEASUREMENT
There are two types of level measurement viz. Continuous
level measurement and point level measurement, in
continuous level monitoring transducer sends ultrasonic pulses
repeatedly after certain time period which can give real time
monitoring of the target surface.
Point level measurement sensors are used to mark a single
discrete liquid height–a preset level condition. Generally, this
type of sensor functions as a high alarm, signaling an overfill
condition, or as a marker for a low alarm condition.
Continuous level sensors are more sophisticated and can
provide level monitoring of an entire system. They measure
fluid level within a range, rather than at a one point, producing
an analog output that directly correlates to the level in the
vessel. To create a level management system, the output
signal is linked to a process control loop and to a visual
indicator
IV.SYSTEM DESIGN
Transducer converts one form of energy to another and
vice-versa, selection of proper transducer plays an important
role in the accuracy and reliability of measurement beam
width is dependent on the frequency of the transducer, lower
frequency transducer have longer beam width, having less
attenuation and greater depth measurement, high frequency
transducer provide more precise measurement with more
attenuation and narrow beam width [6].
Proposed system uses MSP 430 ultra low power
microcontroller, an ultrasonic sensor HC-SR04. System can
give continuous liquid level measurement and show it on the
small display mounted on it, readings can be transmitted to the
remote location by through RS232 Communication,
microcontroller continuously sends a trigger pulse to the
sensor which activates the sensor, after receiving the trigger
pulse sensor starts transmitting the ultrasonic pulses of short
duration towards the object, which gets reflected back after
short duration for first time mounting of sensor on site
calibration is necessary in which total empty distance of tank
bin or vessel should be measured manually and saved in the
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controller memory through keypad, this process is followed
only at time of installation afterward it doesn’t require any
calibration.

Fig. 2 system architecture.
A. Ultrasonic transducer HC-SR 04.
Ultrasonic sensor has a transmitter and receiver, an
ultrasonic pulse is sent by the transmitter and the reflected
pulse is then received. When they fall on the object gets
reflected back to the receiver. The time taken by the wave
from transmission to the reception of wave is used to calculate
the distance of the object.

Fig. 3 ultrasonic working principle [13].
The ultrasonic sensor is configured accurately to work with
the microcontroller, sensor used here HC-SR 04 has four pins
namely Vcc, gnd, echo and trigger[14]Sensor’s echo and
trigger pins are connected to the microcontroller according to
the sensor’s data sheet and timing diagram shown in fig. 4

Fig. 4 HC-SR04 timing diagram [14].
After the ultrasonic waves are transmitted, sensor’s ECHO pin
will generate a HIGH pulse equal to the ultrasonic waves
travel time from transmitter to the detected object and
reflected back to the sensor’s receiver. This HIGH pulse’s
width is equal to the distance of the object from sensor.

International Journal of Multidisciplinary Educational Research

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(6), March 2014
B. MSP 430 Microcontroller.
In any embedded system microcontroller plays an
important role of controlling all the activities of the system. In
the proposed system MSP430 G2553 is used as main
controller. It can be programmed to measure the level of
liquid continuously and display the data on the lcd. Pin
configuration of microcontroller is shown in the fig. 5.

VI. CONCLUSION
Proposed system can be implemented as a low cost liquid
level measurement equipment for process automation.
Microcontroller used here is designed for ultra low power
consumption and can work on remote sites with the help of
battery or solar power for long duration without need for
replacement, system can be used for measuring level up to
maximum of 432 cm
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Abstract — The proposed paper is based on the system which
is designed in both- Analog as well as Digital domains providing
audio processing and gain tuning on the applied multiple music
inputs of different frequencies. The design uses and reflects the
fundamental concepts of Very Large Scale Integration (VLSI),
Embedded Systems and Digital Signal Processing (DSP). The
Simulation and Realization of the design of the proposed system
is carried out using MATLAB-Simulink. It provides the highly
precised, fully analog as well as improved digitalized processed,
fully amplified and real time audio music output with user
specified audio parameters controls like Bass, vocal and treble.
Analog system also supports the additional functionality of
amplifying and playing the FM Radio. The Audio synthesizer is
used for tuning the music on different band of frequencies. Multichannel mixers are used for mixing different songs with different
frequencies. 6 bands equalizer is used for balancing gain of the
tones in analog system, while in digital the 13 band equalizer
configured with Direct Form-II Structure of Butterworth Infinite
Impulse Response (IIR) Band-pass Filter using the concepts of
DSP is used to achieve user friendly filtering and balancing of the
gain of tones like vocal, Bass and Treble of audio input. Separate
Master Bass and Treble Control unit is provided for the user
friendly control of desired Bass and Treble of audio input in
analog system, while in digital system user can control master
volume by controlling the gain of loudness level of the song with
the help of user friendly sliding bar control. In analog system
there is a pre-amplifier before the equalizer input and at the final
stage there is 3000W high power amplifier for the stereo speaker
output, while in digital system the final amplified output is fed to
various output analyzing devices such as Speaker, Vector Scope,
Time Scope, Matrix Viewer and spectrum scope in MATLABSimulink. In analog system, a sound level indicator and VU
meter units are present for the indication of sound loudness and
dB gain of the particular frequency, respectively. The whole
analog system is based on just a single 230V and 4A of the power
source. The proposed system proves to be more economical kit
useful for professionals especially for the DJ Systems as well as
for academic and analysis purposes. The proposed design offers
the scope of future expansions.

designed model of a multi input Audio synthesizer of analog
with a 6-bands equalizer and digital with a 13-bands equalizer,
based on the audio processing and gain tuning of the applied
multiple music inputs on different frequencies. It is about
processing of the music signal on analog as well as digital
devices and changing the tone levels and frequency response
of the different filters of the system. Analog system also
supports the tuning, amplifying and playing of an FM Radio
stations in the FM Radio Receiver section provided in this
design. This design also provides the user-friendly control of
the audio parameters like volume level of bass, vocal as well
as treble on the master output. It provides the highly precised,
analog as well as digitized processed, fully amplified and real
time audio music output. Four analog channel mixers are used
for mixing different songs and 6 bands equalizer is used for
balancing gain of the tones, while in digital system multichannel mixers are used for mixing different songs and 13
bands graphical equalizer is used for balancing gain of the
tones as per there frequency response in frequency domain. In
analog there is a pre-amplifier before the equalizer input and
at the final stage there is 3000W high power amplifier for the
stereo speaker output, while in digital simulation of designed
system, it also provides user the ease of flexibility to analyze
the audio signal in different analysis tools like to see the time
scope of the applied audio signal, vector scope representation
of both the different channels (Right + Left) on one graph,
matrix viewer for viewing changes in the matrix form and also
shows the main spectrum scope of the fast Fourier transform
of the applied input audio signal. There is also a Sound level
indicator and VU meter present for the indication of sound
loudness and dB gain of the particular frequency in analog
system.

Keywords — Audio Equqlizer, Frequency tunner, Audio
Processing, Audio Analysis.

The whole system is based on just a single 230-250V and
1-4A of the power source. The entire initial power ratings of
230V and 4A are provided to the 4 step down transformers
used. The 3 different DC power supplies are used of ratings
+/-5v, +/-9vand +/-15v. The last fourth transformer is a power
step down transformer of 12V-3A. This all power rails runs
through entire system to provide an efficient and proper power
supply to various modules of the system as per their
requirements.

I.

INTRODUCTION

This proposed paper is based on the system which is
designed in both Analog as well as Digital domains providing
audio processing and gain tuning on the applied multiple
music inputs of different frequencies. The paper reflects the
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II.

SYSTEM MODEL

A. Power supply Unit (For Analog System)
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Fig. 1 Block Diagram of Analog

Power given by the source depends on the type of load
connected in output of the system. Hence when the system is
ideal it uses almost null power providing the best feature of
power saving. This designed system provides highest
efficiency with maximum of 4000W of power readings.
If any supply fails, the designed system provides an
alternative way to recover the system. We have designed the
dual power supply so that if any one supply fails then we can
easily switch to another one providing the ease and flexibility
of system utility.

Audio Equalizer System

TABLE 1: Frequency Response of each and every band
according to their gain adjusted by user
Frequency Band – Tunable Gain Table

Serial
No.

Frequency Range

Minimum
Gain

Maximum
Gain

1

30 – 70 Hz

-20 Db

20 dB

2

70 – 110 Hz

-20 Db

20 dB

3

170 – 230 Hz

-20 dB

20 dB

Lower
Instruments

4

750 – 850 Hz

-20 Db

20 dB

Higher
Instruments

5

3000 – 3400 Hz

-20 dB

20 dB

6

12000 – 14000 Hz

-20 dB

20 dB

B. Multi-channel audio mixer Unit
This is the basic input module from which we can able to
input multi-channel audio signals (songs). This module
combines all the different songs into one stereo output signal
with the help of summing block combined with manual gain
adjustment. Here we also pre-amplify and digitalize the audio
song for further processing stages in digital system.
This module also gives facility to the user to control each
and every channel individually. So user can manually turn ON
and turn OFF with the ease of controlling different volume
levels for each and every channel of input as per user’s choice.
This module also provides the input channel noise reduction
for proper mixing of different channels.
C. 6 Bands Analog as well as 13 Bands Digital Equalizer
Unit
This is the heart module of the system and it plays a vital role
for the system. All the main analog and digital filter
processing is done by these modules only. Initially an unequalized inputted audio signal is allowed to pass through
different band pass filters having frequency responses as
shown in the Table 1.
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Music
Pitch

Lower
Bass
Higher
Bass

Vocal
Sound
Lower
Treble

For analog system signal is provided to the Butterworth
band pass filter with the user specified gain control. There are
6 different second order Butterworth band pass filters for the
selective gain tuning of individual frequency band. User can
manually change the gain of each frequency band from -20 dB
to +20 dB with user friendly gain control knob as shown in the
Table 2 below:

TABLE 2: Frequency Response of each and every band
according to their gain adjusted by user
Frequency Band – Tunable Gain Table
Serial No.
Frequency Range

Minimum
Gain

Maximum
Gain

1

0 – 150 Hz

0 dB

30 dB

2

150 – 300 Hz

0 dB

30 dB

3

300 – 600 Hz

0 dB

30 dB

4

600 – 1000 Hz

0 dB

30 dB

5

1000 – 3000 Hz

0 dB

30 dB
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Frequency Band – Tunable Gain Table
Serial No.
Frequency Range

Minimum
Gain

Maximum
Gain

6

3000 – 5000 Hz

0 dB

30 dB

7

5000 – 7000 Hz

0 dB

30 dB

8

7000 – 9000 Hz

0 dB

30 dB

9

9000 – 11000 Hz

0 dB

30 dB

10

11000 – 13000 Hz

0 dB

30 dB

11

13000 – 15000 Hz

0 dB

30 dB

12

15000 – 17500 Hz

0 dB

30 dB

13

17500 – 20000 Hz

0 dB

30 dB

For digital system signal is provided to the Direct Form-II
Structure of Butterworth Infinite Impulse Response (IIR)
Band-pass Filter with the user specified gain control. There
are 13 different tenth (10th) order Butterworth band pass
filters for the selective gain tuning of individual frequency
band. User can manually change the gain of each frequency
band from 0 dB to +30 dB with user friendly gain control
slider.
At the final stage of this module, again the different
frequencies of the audio signals are joined back to make a
single stereo output audio signal with some specific preamplified operation. In this, a user can control the gain of
pitch of audio bass, musical instruments, vocal sounds and
audio treble.
D. Master Bass and Treble Control Unit (For Analog System)
The formatted output from the equalizer is provided to the
input port of the master Bass and Treble control circuit for
applying gain on audio parameters like bass and treble of the
input audio signal. User can manually change the gain of
master bass and treble control using user friendly gain control
knob which provides easy interaction of the system with user.
User can change gain of master control unit from 0 dB to +50
dB as shown in the Table 3 below:

TABLE 3: Frequency Response of each and every band
according to their gain adjusted by user
Serial
No.

Frequency Band – Tunable Gain Table
Frequency Range

Minimum
Gain

Maximum
Gain

Music
Pitch

1

50 – 250 Hz

0 dB

30 dB

Bass

2

6000 – 9000 Hz

0 dB

30 dB

Treble

In this module analog input is divided into 2 different parts
for Bass and Treble, according to their frequency range as
shown in the table. The user can then control the gain of
individual frequency band as per user’s choice. At last stage of
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the module, again these two different signals is combined into
one stereo channel audio output.
E. Volume Control Unit
At this stage the analog system changes its mode from
electronics level to power electronics level. From this stage,
now the system deals with higher 3000 Watts of power from
the power level of just about 5-10 Watts, for amplifying the
audio signal for high power speakers. User can control the
volume of the pre-packed analog audio signal using quad
control combining the rotary control as well as sliding control
also.
First stage is used to amplify the audio signal for
multiplying power factor control using rotary control. In
second stage user can actually control the power gain factor of
power amplifier for amplifying the audio signal up to the level
of speaker desired output. Last stage of this module is about
matching the internal impedance of system to the speaker
impedance for maximum power transformation.
While in digital system user can control the volume of the
pre-packed digital audio signal using sliding bar control. In
this stage user amplify the audio signal for multiplying power
factor control and to increase volume level of the audio signal
by multiplying the constant integers to the signal.
F. FM Receiver (For Analog System)
The proposed analog system also facilitates the FM Radio
Stations reception. An interconnected ON/OFF switch is
provided to switch ON/OFF the FM radio by the user. When
that switch is ON, the FM Signal from the Antenna is captured
and this intercepted FM signal’s volume can be controlled by
the user with audio volume control unit. The FM signal is then
provided as the input to the 3000 Watts power amplifier. The
amplified high power output is then fed as the input to
speaker.
G. Sound level indicator (For Analog and Digital System) and
Volume Unit (VU) meter (For Analog System)
The equalized audio output from equalizer along with the
adjusted bass and treble parameters is provided to the sound
level indicator block combining the three blocks that is: 1)
constant gain multiplier 2) comparator 3) display for
indication. The sound level indicator shows the loudness of
the sound. While the VU meter shows the dB level of the
sound, as per the deflection of the needle.
III.

IMPLEMENTATION AND RESULTS

System’s frequency response of filtering process on
different frequencies band is shown in the below graphs from
Figs 1 to 13. There is also a graph of time scope response,
vector scope response, Matrix viewer and spectrum response
taken from Matlab – Simulink of the real time implementation
of an audio song given to system as shown in Figs 14 to 17.
Results are as per the requirements and reflect the expected
designed concepts only, we got only 0.2% deviations from our
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Fig. 1 Frequency response of the band: 0 – 150 Hz

Fig. 6 Frequency response of the band: 3000 – 5000 Hz

Fig. 2 Frequency response of the band: 150 – 300 Hz

Fig. 7 Frequency response of the band: 5000 – 7000 Hz

Fig. 3 Frequency response of the band: 300 – 600 Hz

Fig. 8 Frequency response of the band: 7000 – 9000 Hz

Fig. 4 Frequency response of the band: 600 – 1000 Hz

Fig. 9 Frequency response of the band: 9000 – 11000 Hz

Fig. 5 Frequency response of the band: 1000 – 3000 Hz

Fig. 10 Frequency response of the band: 11000 – 13000 Hz
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Fig. 11 Frequency response of the band: 13000 – 15000 Hz

Fig. 15 Vector Scope response of the designed system

Fig. 12 Frequency response of the band: 15000 – 17500 Hz

Fig. 13 Frequency response of the band: 17500 – 20000 Hz

Fig. 14 Time Scope response of the designed system
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Fig. 16 Matrix Viewer response of the designed system

Fig. 17 Spectrum response of FFT of the applied input signal
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theoretical response and real time practical response. Hence
we can conclude here the correctness of our systems response
in all the checked conditions from different system analyzing
graphs displayed above.
IV.

academic purposes as the audio processing system in audio
manipulation and for understanding the core concepts of the
analog audio processing subjects. It can prove as more
economical kit useful for professionals as well as academic
and analysis purposes.

SYSTEM FEATURES
REFERENCES

The designed system provides the multiple audio-input
intakes (all intake simultaneously). The system contains auto
noise cancellation mixers and amplifiers. All the controls of
this system are provided to user end. User can easily interface
and control this system as per there configuration and needs.
In analog system user also allows switching between inbuilt 2
treble speaker as well as 1 bass speaker and 2 stereo output
ports for external power speakers. The system also offers the
3000W high power amplifier to amplify the stereo speaker
output. The system also supports the FM Radio Stations
reception, its audio signal amplification and regeneration.
There is a sound level indicator and VU meter for the
indication of sound loudness and dB gain of the particular
frequency, respectively. The last but big feature of this
designed system is user can not only boost the gain of selected
frequencies band but also allows attenuating the frequency
response also.
V.

CONCLUSION

From the designing and analyzing of our proposed system
we would like to conclude here that the results of the above
system is correct and contains only 0.2 % of deviation from
the theoretical concepts response and real time practical
response. Hence this system can be implemented in any audio
processing device and can also be used as the D.J. system for
entertainment purposes. This system can also be served for the
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Abstract — The proposed paper reveals the hidden features
of Biomedical Science via the use of latest engineering
technologies and advanced concepts of scientific researches such
as Global Positioning Systems (GPS), Radio Frequency
Identification (RFID) and Nanotechnology. A Biomedical chip is
a “miniaturized computer chip” which is a silicon based
substrate offering Nano sized electronic circuits. Biomedical chip
implant is a small rice-sized electronic circuit that is designed to
be implemented into any living-being such as humans and animal
bodies. It is usually covered in a membrane glass housing that
will not react with the body or break down with use. It is an
RFID and GPS-enabled tracking microchip based on
nanotechnology. The Nano biomedical chip responds with a
unique 16 digit identifier number which could be broadcasted via
radio waves to scanner with information about the user held on a
database for identity verification, medical records access and
person tracking. As it is directly connected with the nerve cells, it
allows the patients to communicate via computer or to monitor
himself. It can also be used for infant protection and for
monitoring human biometric functions. Unlike other forms of the
identification, this implant cannot be lost, stolen, misplaced or
counterfeited. The best feature of it is that it can power itself
from the thermal heat of the body itself replacing the need of
batteries. It can be injected into the body at any time and also can
be safely removed if and when desired.
Keywords — Biomedical Chip, Nanochip, Human Tracking
Chip, Miniature Computer Chip, Brain-Chip.

I.

INTRODUCTION

―Biochips‖-The most exciting future technology is an
outcome of the fields of Computer science, Electronics &
Biology. The term "biochip" comes from the word "computer
chip", which is a silicon-based substrate used in the fabrication
of miniaturized electronic integrated circuits. An implantable
biochip purpose was to develop a micro-fabricated device
devoid of moving parts, but with the ability to store and
release multiple chemical substances. The biochip technology
was originally developed in 1983 for monitoring fisheries, it’s
use now includes, over 300 zoos, over 80 government
agencies in at least 20 countries, pets (everything from lizards
to dogs), electronic "branding" of horses, monitoring lab
animals, endangered wildlife, automobiles, garment tracking,
hazardous waste, and humans. These chips are very small,
about the size of a grain of rice and are currently implanted in
animals to lost match or locate lost animal with their owners.
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Due to recent technological breakthroughs the size of
microchips has more than significantly decreased while
performance and uses have skyrocketed. Biochips can be now
being implanted in animals as well as in humans. Biochips are
now implanted in humans- not only is identification possible
with it but there are also many medical uses for microchips in
humans. These include cochlear and Parkinson as disease
tremors internal drug release and even possible nerve centers
for paralyzed persons. Some of these chips also have tracking
capabilities, which could be used to find lost children,
kidnapped victims, escaped convicts, and any other persons
needing to be found. Nanochip - A simple ID chip were first
tested in animals such as dogs and mice. The animal implants
were used to identify a lost animal even if the collars were
missing, and microchips can also be used to identify and
manage livestock as well as racehorses. Companies such as
AVID (Norco, Calif.), Electronic ID, Inc. (Cleburne, TX.),
and Electronic Identification Devices, Ltd. (Santa Barbara,
Calif.) sell both the chips and the detectors. The chips are of
the size of an uncooked grain of rice, small enough to be
injected under the skin using a hypodermic syringe needle.
They respond to a signal from the detector, held just a few feet
away, by transmitting out an identification number. This
number is then compared to database listings of registered
pets. The Biochip tagging for humans has already started. In
the recent world, Biochips are "silently" inching into humans.
For instance, at least 6 million medical devices, such as
artificial body parts (prosthetic devices), breast implants, chin
implants, etc. are implanted in people each year. And most of
these medical devices are carrying a "surprise" guest — a
biochip. In 1993, the Food and Drug Administration passed
the Safe Medical Devices Registration Act of 1993, requiring
all artificial body implants to have "implanted" identification
— the biochip. So, the yearly, 6 million recipients of
prosthetic devices and breast implants are "bio chipped". To
date, over 7 million animals have been "chipped". The major
biochip companies are A.V.I.D. (American Veterinary
Identification Devices), Trovan Identification Systems, and
Destron-Fearing Corporation. The Nanochip, an implantable
computer chip can also be used to monitor human biometric
functions and can transmit the data with GPS technology. The
Nanochip has now been approved by the Food and Drug
Administration (FDA) of America, opening up the age of
implantable technology.
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II.

SYSTEM MODEL

A. The Biochip Technology
The current, in use, biochip implant system is actually a
fairly simple device. Today’s, biochip implant is basically a
small (micro) computer chip, inserted under the skin, for
identification purposes. The biochip system is radio frequency
identification (RFID) system, using low-frequency radio
signals to communicate between the biochip and reader.
Unlike other forms of identification, a biomedical chip implant
cannot be lost, stolen, misplaced, or counterfeited. It can also
be safely removed if and when desired. The chip got FDA
approval in October 2004. Biomedical chip implant is a small
rice-sized electronic circuit that is designed to be implanted
into the body. It is usually covered in a housing that will not
react with the body or break down with use. This covering
protects the chip inside for the lifetime of the wearer. The chip
itself only stores a 16 digit identifier which broadcasts radio
waves to a scanner. The chip can then be scanned to access
different types of data from information concerning allergies
to data that holds identification information. People worldwide
are using them for medical or security purposes. About the
size of a grain of rice, Nanochip is a subdermal radio
frequency microchip. Once inserted under the skin in a brief
outpatient procedure, the bio-Nanochip cannot be seen by the
human eye. Each Nanochip contains a unique 16-digit
verification number that is captured by briefly passing a
proprietary scanner over the insertion site. The captured 16
digit number links to the database via encrypted Internet
access. The previously stored information is then conveyed via
the internet to the registered requesting healthcare provider.
With the Nanochip invisible to the naked eye, health care
workers may soon have to scan unconscious patients as part of
the normal hospital routine. The Nanochip will be utilized by
patients suffering from ailments like Alzheimer's and diabetes
or who undergo intensive treatments like chemotherapy and
need constantly updated medical data. Implantation of the
Nanochip is expected to cost between US $150 to $200 and
takes less than twenty minutes. If popular, the success of the
medical applications of the Biochip may herald further uses
for security, identification and e-commerce.
B. Two Components Of The Biochip Implant System

Fig 1 & 2. Miniaturized Rice-sized Nano-Biomedical Chip
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Fig 3. Biochip Components

There are main two components of the biochip that are:
1) The Transponder
The transponder is the actual biochip implant. It is a
passive transponder, meaning it contains no battery or energy
of its own. In comparison, an active transponder would
provide its own energy source, normally a small battery.
Because the passive biochip contains no battery, or nothing to
wear out, it has a very long life, up to 99 years, and no
maintenance. Being passive, it's inactive until the reader
activates it by sending it a low-power electrical charge. The
reader "reads" or "scans" the implanted biochip and receives
back data (in this case an identification number) from the
biochip. The communication between biochip and reader is via
low-frequency radio waves. The biochip transponder consists
of four parts:
a) Computer Microchip
The microchip stores a unique identification number from
10 to 15 digits long. The storage capacity of the current
microchips is limited, capable of storing only a single ID
number. AVID (American Veterinary Identification Devices),
claims their chips, using an nnn-nnn-nnn format, has the
capability of over 70 trillion unique numbers. The unique ID
number is "etched" or encoded via a laser onto the surface of
the microchip before assembly. Once the number is encoded it
is impossible to alter. The microchip also contains the
electronic circuitry necessary to transmit the ID number to the
"reader".

Fig 4. Injected Biochip Implant in Human Hand and its ID code
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b) Antenna Coil
This is normally a simple, coil of copper wire around a
ferrite or iron core. This is tiny primitive radio antenna
"receives and sends‖ signals from the reader or scanner.
c) Tuning Capacitor
The capacitor stores the small electrical charge (less
than 1/1000 of a watt) sent by the reader or scanner, which
activates the transponder. This "activation" allows the
transponder to send back the ID number encoded in the
computer chip. Because "radio waves" are utilized to
communicate between the transponder and reader, the
capacitor is "tuned" to the same frequency as the reader.
d) Glass Capsule
The glass capsule "houses" the microchip, antenna coil and
capacitor. It is a small capsule, the smallest measuring 11 mm
in length and 2 mm in diameter, about the size of an uncooked
grain of rice. The capsule is made of biocompatible material
such as soda lime glass. After assembly, the capsule is
hermetically (air-tight) sealed, so no bodily fluids can touch
the electronics inside. Because the glass is very smooth and
susceptible to movement, a material such as a polypropylene
polymer sheath is attached to one end of the capsule. This
sheath provides a compatible surface which the bodily tissue
fibers bond or interconnect, resulting in a permanent
placement of the biochip.
2) The Transponder
The reader consists of an "exciter" coil which creates an
electromagnetic field that, via radio signals, provides the
necessary energy (less than 1/1000 of a watt) to "excite" or
"activate" the implanted biochip. The reader also carries a
receiving coil that receives the transmitted code or ID number
sent back from the "activated" implanted biochip. This all
takes place very fast, in milliseconds. The reader also contains
the software and components to decode the received code and
display the result in an LCD display. The reader can include a
RS-232 port to attach a computer.
C. Biochip Injection Into The Body

Fig 5, 6 & 7. Biochip Injection into the Human Hand
Scientists in America started implanting microchips
containing medical records under the skin of human guinea
pigs. A doctor using a scanner could then read the records.
The chips are implanted with a large-bored needle. If using
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Fig 8. Biochip hypodermic syringe

other chips it may take surgery to implant. The chip is injected
just under the skin and the procedure is as fast and painless as
getting a shot. In the body the chip runs off of the body and it
just requires the thermal body heat to power itself, also known
as Thermo Life, instead of having to replace batteries. Once
inside the body, the chip admits a radio frequency signal that
can be detected for medical records, password protected
database, or enter security-protected areas (like using our key
cards to get into our dorms). The biochip is inserted into the
subject with a hypodermic syringe. Injection is safe and
simple, comparable to common vaccines. Anesthesia is not
required nor recommended. In dogs and cats, the biochip is
usually injected behind the neck between the shoulder blades.
Trovan, Ltd., markets an implant, featuring a patented "zip
quill", which you simply press in, no syringe is needed.
According to AVID "Once implanted, the identity tag is
virtually impossible to retrieve. . . The number can never be
altered."
D. Working Of Biochip
The reader generates a low-power, electromagnetic field,
in this case via radio signals, which "activates" the implanted
biochip. This "activation" enables the biochip to send the ID
code back to the reader via radio signals. The reader amplifies
the received code, converts it to digital format, decodes and
displays the ID number on the reader's LCD display. The
reader must normally be between 20 and 50 metres near the
biochip to communicate. The reader and biochip can
communicate through most materials, except metal.
III.

THE APPLICATIONS

A. With a biochip tracing of a person/animal, anywhere in the
world is possible
Once the reader is connected to the internet, satellite and a
centralized database is maintained about the bio chipped
creatures, it is always possible to trace out the personality
intended. It’s a new type of bio-security device to accurately
track information regarding what a person is doing, and who is
actually doing it. The power of biochips exists in capability of
locating lost children, downed soldiers. The Nanochip system
is already being used in a variety of innovative solutions,
including farm animal management systems, locating stolen
property, managing commodity supply chains and monitoring
the location of parolees.
B. A biochip can store and update financial, medical,
demographic data, basically everything about a person
An implanted biochip can be scanned to pay for groceries,
obtain medical procedures, and conduct financial transactions.
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Currently, the in use, implanted biochips only store one 10 to
15 digits. If biochips are designed to accommodate with more
ROM & RAM there is definitely an opportunity.
C. A biochip leads to a secured E-Commerce systems
It’s a fact; the world is very quickly going to a digital or Eeconomy, through the Internet. It is expected that by 2020,
almost 95 to 100% of the Business transactions will be
performed through the Internet. The E-money future, however,
isn't necessarily secure. The Internet wasn't built to be Fort
Knox. In the wrong hands, this powerful tool can turn
dangerous. Hackers have already broken into bank files that
were 100% secure. A biochip is the possible solution to the
"identification and security" dilemma faced by the digital
economy. This type of new bio-security device is capable of
accurately tracking information regarding what users are
doing, and who is actually doing it. Biochip has a variety
technique for secured E-money transactions on the net. It
provides a tamper-proof means of identification for enhanced
e-commerce security.
D. Biochips really are potent in replacing passports, cash,
medical records, etc
The really powered biochip systems can replace cash,
passports, medical & other records! It’s no more required to
carry wallet full cash, credit/ATM cards, passports & medical
records to the market place. Payment system, authentication
procedures may all be done by the means Biochips. It’s no
more required with biochips-the good old idea of
remembering pesky PINs, Passwords, & Social security
numbers .No more matters of carrying medical records to a
hospital, No more cash/credit card carrying to the market
place; everything goes embedded in the chip, Everything goes
digitalized.

containing the patient approved healthcare information. The
FDA's green light of the Nanochip will help doctors access
stored medical information about their patients and speed
delivery during medical emergencies. The chip itself does not
contain medical records but an access code that can be
scanned and revealed by a hand held scanner. It can give vital
states of at-risk patients, monitoring the wandering Alzheimer
patients.
G. The chip is used for infant protection
It also offers hospitals a means to prevent infant
abductions and accidental mother-baby switching.
IV.

A NEW ERA PROPOSED

Our contributions have been discussed in detail with the
proposed principles for implementation of the new concepts
into Biochip Technology. So here is a New Era Proposed by
us:
A. Biochip as Glucose Detector
The Biochip can be integrated with a glucose detector. The
chip will allow diabetics to easily monitor the level of the
sugar glucose in their blood. Diabetics currently use a skin
prick and a hand-held blood test, and then medicate
themselves with insulin depending on the result. The system is
simple and works well, but the need to draw blood means that
most diabetics don't test themselves as often as they should.
Although they may get away with this in the short term, in
later life those who monitored infrequently suffer from
blindness, loss of circulation, and other complications. The
solution is more frequent testing, using a less invasive method.
The biochip will sit underneath the skin, sense the glucose
level, and send the result back out by radio-frequency
communication.

E. Chip implants allow paralysed patients to communicate
via the computer
The computer chip is directly connected with nerve cells
and permits the patient to "talk" by moving a cursor on the
computer screen with his thoughts. The neural signals are
transmitted to a receiver and connected to the computer in
order to drive the cursor. Human chips are theorized to interact
with the environment, such as communicating with computers
or something as simple as turning off the lights.

Proposed principle of Glucose detection:

F. The chip is used to monitor patients
The computer in your body can take away anxiety and
allow medics to take control of your care from miles away.
The sensor, which includes a Pentium microprocessor just
2mm square, will initially be implanted in diabetics. The
implant will be programmed to send an emergency text
message via a mobile phone, alerting medical staff to changes
in blood-sugar levels. If the problem is serious, the patient will
be given immediate medical advice. Data can be stored on a
patient’s record and accessed by healthcare staff nationwide.
The Nanochip Health Information Micro transponder System
consists of an implantable RFID micro transponder, an
inserter, a proprietary hand-held scanner, and secure database

B. Biochip as Oxygen sensor
The biochip can also be integrated with an oxygen sensor.
The oxygen sensor will be useful not only to monitor
breathing in intensive care units, but also to check that
packages of food, or containers of semiconductors stored
under nitrogen gas, remain airtight.
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A light-emitting diode (LED) in the biochip starts off the
detection process. The light that it produces hits a fluorescent
chemical: one that absorbs incoming light and re-emits it at a
longer wavelength. The longer wavelength of light is then
detected, and the result is sent to a control panel outside the
body. Glucose is detected because the sugar reduces the
amount of light that the fluorescent chemical re-emits. The
more glucose there is the less light that is detected.

Proposed principal of Oxygen sensor in Biochip:
The oxygen-sensing chip sends light pulses out into the
body. The light is absorbed to varying extents, depending on
how much oxygen is being carried in the blood, and the chip
detects the light that is left. The rushes of blood pumped by
the heart are also detected, so the same chip is a pulse monitor.
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C. Biochip as a Blood Pressure sensor
In normal situations, The Blood Pressure of a healthy
Human being is 120/80 mm of Hg. A Pressure ratio lower than
this is said to be ―Low BP ― condition & A Pressure ratio more
than this is ―High BP‖ condition. Serious Effects will be
reflected in humans during Low & High BP conditions; it may
sometimes cause the death of a Person. Blood Pressure is
checked with BP Apparatus in Hospitals and this is done only
when the patient is abnormal. However, a continuous
monitoring of BP is required in the aged people & Patients.
Proposed principal of Blood Pressure detection:
A huge variety of hardware circuitry (sensors) is available
in electronics to detect the flow of fluid. It’s always possible
to embed this type of sensors into a biochip. An integration of
Pressure (Blood Flow) detecting circuits with the Biochip can
make the chip to continuously monitor the blood flow rate &
when the pressure is in its low or high extremes it can be
immediately informed through the reader hence to take up
remedial measures.
D. Super memories
However difficult the practicalities, there are no reason in
principle why a future generation of neural prostheticists could
not pick up where nature left off, incorporating Google-like
master maps into neural implants. This in turn would allow us
to search our own memories that are not just those on the Web
but with something like the efficiency and reliability of a
computer search engine.
E. Super human soliders
Many biomedical engineers see potential commercial and
military applications for the brain chip, which is partially
funded by the Defense Advanced Research Projects Agency.
They say that learning how to build sophisticated electronics
and integrate them into human brains could one day lead to
cyborg soldiers and robotic servants.
F. Control of population
Cataloguing a person's memories on an external source
invariably means that an entity external to that particular
person, be it a company, corporation or government, could
conceivably gain access to those memories. The more that
entity knows about the population, the more it can and
inevitably will use that information to control it for their own
benefit and profit.
V. TYPICAL PROBLEMS OF BIOCHIP AND
POSSIBLE SOLUTIONS PROPOSED

THE

A. Cancer
AP reports have discovered studies that suggest that some
chips have caused cancer in test animals. It has been
discovered that lab mice and rats injected with microchips
sometimes developed malignant tumors that encased the
implants. In several cases the tumors also spread to other parts
of the animals.
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Proposed Solution:
In the present Bio-chip technology, the whole nano bio-chip
unit is embedded into and is usually covered in a membrane
glass housing that reacts directly with the Red Blood Cells
(RBCs) components of the Blood present in our body. This
may lead to the chances of the cause of diseases like Cancertumor. So, a membrane of biomedical proteins and enzymes
can be coated on the already present glass-housing membrane
can now directly came into the contact with the RBCs of our
body. This membrane can protect the biochip enclosed in the
glass housing along with providing the prevention from the
formation or growth of the diseases like cancer in the body of
a human-being or the animal into which this chip is inserted.
B. Breakage of Chip
From a biological standpoint, one of the major problems of
having a chip in a body is worrying that the chip will break or
wear down from being in the body, especially for a long
amount of time. Sometimes the chips are rejected by the body
or corroded. Glass-encased implants are inert, but the glass
could break and cause health risks while still inside of the
body. Meanwhile biomedical researchers are working on ways
to solve these obvious problems.
Proposed Solution:
As described in the earlier case, in the present Bio-chip
technology, the whole nano bio-chip unit is embedded into
and is usually covered in a membrane glass housing that reacts
directly with the Blood present in our body. There may be the
chances that due to some reasons like the collision between
the chip and the internal body parts likes bones or with the
external things to the body like any hard substances or due to
an any accidental events, this chip inside our body may get
break, So, a membrane of biomedical proteins and enzymes
can be coated on the already present glass-housing membrane.
This newly coated membrane can flexibly adjust or twist itself
inside the body as per the movement of the body part where it
is implanted. Thus with the help of this coating of the
biomedical proteins and enzymes membrane, we can protect
the biochip enclosed in the glass housing and can also prevent
the breakage of the chip placed internally inside the body.
C. The Lock Problem
Some concerns revolve around the insecurity of RFID
(Radio Frequency Identification) technology used in the
biomedical chip implant, with the potential stealing of
personal information with a device that can read the RFID
radio transmissions. The chip which could set the stage for
government monitoring or other potentially sinister units to a
threat of their confidential information may get exposed. A
chip implant would contain a person’s financial world,
medical history, health care — it would contain his electronic
life. If cash no longer existed and if the world’s economy was
totally chip oriented; there would be a huge "black-market" for
chips! Since there is no cash and no other bartering system,
criminals would cut off hands and heads, stealing "rich-folks"
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chips. It is very dangerous because once kidnappers get to
know about these chips, they will skin people to find them.
This technique is unsuitable for identification of dead bodies
(murdered by the kidnappers) as it loses the data about the
social security number. This technique seems unsuitable as
transplantation of biochip from genuine to the fraud in
darkness (by means of infrared light) or in the vacuum (by
means of oxygen cylinders).

the past 24 hour’s status data from its memory and starts
capturing the new data for the next 24 hours into its memory.

Proposed Solution:
A generic & existing model of Biochips consists of only
ROM component in it and is capable of accommodating the
data such as social security number, Passport number,
bankcard number etc., which are normally permanent in
nature. The Biochip must retain data only if it is placed in a
fluid medium like blood & not in any other medium and
should be erased if it is exposed to sunlight/air. The induction
of RAM component in addition to ROM & storing the
Bankcard, Financial details which causes the problem is a
mere solution. As RAM needs to be continuously charged in
order to retain the data, Current can be supplied to the chip
either from the electrical energy produced in the cells or by
converting the heat energy in our body to electrical energy.
Once if the chip is taken out from the human body RAM
immediately loses the Power supply from the human body;
thus information in the RAM is lost and therefore is useless
for the kidnappers. However this technique will not affect the
data in ROM i.e. Social security number that can be used to
detect the address of the dead bodies that were unidentified.

So from this concept, the reader can know the proper
functioning of the chip inside the body. It can also detect the
fault inside or the breakage of the chip within time so that
proper preventory actions can be taken in time to avoid the
damage of chip and the person’s health.

D. Status detection of the chip
In the case if the chip gets broken or it gets damaged. There
may arise the problem questioning about how to detect this
breakage or the fault arising in the chip. If these problems are
not detected on time then it may prove hazardous to the health
of the person into which this chip is implanted.
Proposed Solution:
To detect the breakage or fault arising in the chip, knowing
of the status of the chip regularly within some specified time
duration is necessary. So to know this status, we can apply the
concept of feedback and acknowledgement between the
transponder of the chip and the reader. A logic can be
developed within the chip in which, after every specified time
duration viz. 24 hours, a signal should be transmitted from the
chip to the reader located anywhere within the specified range.
This signal can specify the status of the chip which includes
the parameters like- the no. of times the activation of the chip,
proper functioning details of every nano-sized parts present
inside the chip, individual parts properties status to detect the
fault in it if any and the information of the chip holder within
that 24 hours. This status signal is then can be transmitted
towards the reader for creating awareness of the chip status to
it. After receiving this status-signal, the reader acknowledges
back the chip indicating the successful reception of the status.
After getting this acknowledgement only, the chip now clears
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In the case, if the transmitted status signal does not reach to
the reader, then the chip will not get any acknowledgement.
So, it will store that status into its memory and will again
retransmit it when the detection of the presence of the reader
will be known to it.

VI.

CONCLUSION

GPS, RFID and Nanotechnology Based Biomedical Chip
reveals the hidden features of Biomedical Science via the use
of latest engineering technologies and advanced concepts of
scientific researches such as Global Positioning Systems
(GPS), Radio Frequency Identification (RFID) and
Nanotechnology. A Biomedical chip is a ―miniaturized
computer chip‖ which is silicon based small rice-sized
substrate offering Nano sized electronic circuits. It is designed
to be implemented into any living-being such as humans and
animal bodies. With the advent and implementation of it- The
Cyber Future and an InfoTech will be implanted in our bodies.
A chip implanted somewhere in human bodies might serve as
a combination of credit card, passport, driver's license,
personal diary and many other very important and crucial
data’s providing a life on just a single chip. It would be no
longer needed to worry about remembering and losing that
important data stuffs stuffed into our own body in that nanochip which can be easily and authentically accessible
wherever and whenever needed. A chip inserted into human
bodies might also give us extra mental power. ―This is science
fiction stuff." Which is a true example to prove- science really
starts with fiction‖. With a biochip tracing of a person/animal,
anywhere in the world is possible. A biomedical chip can store
and update financial, medical, demographic data, basically
everything about a person. It leads to secured E-Commerce
systems. They are really potent in replacing the carrying of
important documents along with the person externally into a
nano-storage bag used to save that all stuff’s internally within
the body. It allows paralyzed patients to communicate via the
computer. It is used to monitor patients and for infant
protection. New Era concepts which can be proposed to be
implemented along with the chip in upcoming future are:
Biochip as Glucose Detector, as Oxygen sensor, as a Blood
Pressure sensor, as Super memories, as super human soldiers
and for the Control of population. Thus A single electronic
card may replace everything in our wallet including our cash,
our credit cards, our ATM card, our ID cards, our insurance,
our life and our FUTURE. So One card, or one chip, will have
our life on it.
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Abstract— Hierarchical Fuzzy Relational
Eigenvector
Centrality-based
Clustering
Algorithm (HFRECCA) is extension of Fuzzy
Relational
Eigenvector
Centrality-based
Clustering Algorithm (FRECCA) which is used
for the clustering of text data. Travel guides
articles are pre-processed and then Page Rank
algorithm is applied for calculating similarity
measure. HFRECCA has features of hierarchical
clustering as well as fuzzy clustering such as it
has a provision in which an object can belong to
multiple clusters. Concepts present in natural
language documents are in the form of
hierarchical structure and there are many terms
present in the documents which are related to
more than one theme hence HFRECCA is a
useful algorithm for natural language
documents. The results will be compared with
other clustering algorithms on the basis of
various parameters like execution time, memory
required to find efficient algorithm.
Keywords— Similarity Measure, Hierarchical
clustering, Fuzzy clustering, Text Mining
I.
INTRODUCTION
Nowadays, huge amount of data is stored
digitally in electronic devices, hence improvement
in various techniques like automatic data analysis,
classification, and retrieval techniques become
necessary. Many of these data streams are
unstructured hence it is difficult to analyze them.
This increases volume as well as variety of the data
which requires advances in methodology to
understand process and summarize the data
automatically.
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Natural Language Processing (NLP) is a modern
computational technology which is a method of
inquiring and evaluating claims about human
language itself. [1]. The previously unknown
information is discovered using text mining by
applying techniques from natural language
processing and data mining. Sometimes Text mining
is also alternatively named as text data mining,
approximately equivalent to text analytics, refers to
the process of extracting high quality information
from text.
Cluster analysis or clustering is the process of
assigning a set of objects into groups also known as
clusters where as the objects present in the same
cluster are more similar (in some sense or another)
to each other than to those in other clusters and It is
a task of analyzing and dividing data into various
groups which are called as clusters [2]. The aim
of cluster analysis is to partition objects into
clusters. This partition should have the following
properties:
 Homogeneity within the clusters: data which
belong to the same cluster should be as
similar as possible.
 Heterogeneity between the clusters: data
which belong to different clusters should be
as dissimilar as possible.
Clustering algorithm can automatically identify
clusters. There are two classes of clustering
algorithms: 1] Hierarchical Clustering, 2] Partitional
Clustering. In Hierarchical clustering algorithms,
data is broken into hierarchy of clusters. On the
other hand in partitional algorithms, data is divided
into mutually disjoining partitions.
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In the repetition cycle of Hierarchical clustering,
either smaller clusters are merged into the larger
clusters or larger clusters are divided into smaller
clusters. It forms a hierarchy of clusters which is
called dendogram. In bottom up approach, small
clusters are merged into the larger ones which are
called as agglomerative clustering and in top down
approach, the larger clusters are divided into smaller
ones, it is called as divisive clustering. Greedy
approach is used for deciding which larger clusters
are used for dividing into smaller ones or which
smaller clusters are merged to make a larger cluster.
For numeric data, the most used metrics are the
Euclidean distance, cosine similarity and Manhattan
distance. The clusters are visually represented by
Dendogram which displays the hierarchy clearly. [3,
17]
In fuzzy clustering, the data points can belong to
more than one cluster, and each point associated
with membership grade. This membership grade
indicates the degree to which the data objects belong
to the different clusters. These show the strength of
the association between a particular cluster and that
data element. Fuzzy clustering is a task of assigning
membership levels, and then using them to allocate
data elements to one or more clusters. [4, 5, 6]
II. RELATED WORK
In document clustering, a new fuzzy hierarchical
clustering method which is based on the dynamic
cluster centers where the terms in the documents are
used to construct dynamic cluster centers. The
cluster centers are changed whenever different
document clusters are merged [3].
Various steps in clustering are examined Bhanu
Prakash Battula and Dr. R. Satya Prasad:
(1) Pattern representation,
(2) Similarity computation,
(3) Grouping process, and
(4) Cluster representation.
They had discussed statistical, fuzzy, neural,
evolutionary, and knowledge-based approaches for
clustering and some applications. [10]
In sentence level text clustering, most of the
common techniques are based on the statistical
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analysis of a term, either word or phrase [11].
Sentence may be related to more than one theme in
a given document hence relational fuzzy clustering
algorithm is used in text clustering. Relational fuzzy
algorithm allows patterns to belong to more than
one cluster. Page Rank algorithm is used as general
graph centrality measure. Data is used within an
expectation-maximization framework to contract a
complete relational fuzzy clustering algorithm. This
algorithm is able to identify overlapping clusters of
semantically related sentences therefore it is widely
used in variety of text mining tasks.
Guangyuan Huang and Jianqiang Sheng [12]
proposed a novel measuring method applicable for
sentence fragments as well as for short sentences.
Instead of traditional vector space model, this
method calculates the similarity based on the edit
distance model.
To specify the dissimilarity in the cluster as a
function of the pair-wise distances of observations
in that clusters, hierarchical clustering use different
metrics which measures the distance between two
tuples and the linkage criteria. There are three
linkage criteria single linkage, average linkage and
complete linkage. Both hierarchical clustering
algorithms (agglomerative and divisive) with three
linkages are tested against Tsunami Victim
database. This database contains different types of
fields such as numeric, string, and binary [13].
Pawan Lingras and Manish Joshi [6] show the
experimental comparison of iterative versus
evolutionary crisp and rough clustering. Output of
clustering techniques(k-means, GA k-means, rough
k-means, GA rough k-means and GA rough kmedoid) are compared on the basis of various
parameters such as execution time, cluster variation
etc. These algorithms are experimented with the
synthetic data set, real world data set and standard
data set which have a numerical data. Conventional
clustering techniques can place object in precisely
one cluster. Fuzzy clustering can overcome this
restriction but in some cases, the fuzzy degree of
membership may be too descriptive for interpreting
clustering results.
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Rough K-means algorithm is given by Lingras et
al. with respect to its objective function, numerical
stability, clusters stability and other factors. On the
Basis of this analysis a refined rough cluster
algorithm is given. This algorithm is applied to
synthetic data, forest data as well as microarray
gene expression data. To tackle the problem of
initial parameter selection in rough k-means
clustering author suggests two solutions. First, an
expert interprets the results and selects the
parameters subjectively. In the given example of the
microarray data, the degree of trust in the results
could be expressed by an expert by selecting the
width of the boundary area. Second, the degrees of
freedom given by the selection of the initial
parameters are utilized to tune the cluster algorithm
with respect to an optimization criterion. [7]
A Fuzzy Similarity based Concept Mining Model
Using Feature Clustering is proposed which capably
categorizes given text documents into various
predefined and mutually exclusive categories
groups by keeping the data (or feature set
dimension) very low. It shows how exactly stage by
stage processing of the English text is done then
reduced into smaller and smaller data chunks and
finally categorized by the classifier. [18]
Evolving Tree forms a hierarchical tree structure
in which nodes (i.e., trunks) are allowed to grow
and split into child nodes (i.e., leaves), and each
node represents a cluster of documents. However,
Evolving Tree adopts a relatively simple approach
to split its nodes. Thus, FCM is adopted as an
alternative to perform node splitting in Evolving
Tree. [19]
III. PROPOSED WORK
The main objectives of proposed system are as
follows:
 Cluster the high volume and high
dimensional text data using HFRECCA.
 Compare HFRECCA with other clustering
algorithm.
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A. HFRECCA

FRECCA will be extended as HFRECCA using
the concept of hierarchical fuzzy clustering. This
algorithm is used for the clustering of the text data
which is present in the form of xml files. HFRECCA
will give the output as clusters which are formed
from text data present in a given documents. Prior to
the HFRECCA, Page Rank algorithm is used as
similarity measure as shown in fig. 1. Basic idea
behind the Page Rank algorithm is to find out
importance of a node within a graph by considering
global information recursively which is computed
by using the entire graph. A connection to highscoring nodes helps in enhancing the score of a node
than connections to low-scoring nodes. Importance
of node is used as a measure of centrality. This
algorithm assigns numerical score (from 0 to 1) to
every node in graph. This score is known as Page
Rank Score. Sentence is represented by node on a
graph and edges are weighted with value
representing similarity between sentences [12, 15].
Hierarchical clustering is used to partition the
data into number of groups. Each group has a data
that is similar in some sense [16]. An expectation–
maximization (EM) algorithm is an iterative process,
in which the model depends on unobserved
latent/hidden variables. The EM iteration alternates
between performing an expectation (E) step, which
creates a function to compute the cluster
membership probabilities and maximization (M)
step, in which these probabilities are then used to reestimate the parameters. These parameter-estimates
are then used to figure out the distribution of the
latent variables in the next E step.
Divisive algorithms begin with just only one
cluster. Then, the single cluster splits into two or
more clusters that have higher dissimilarity between
them until the number of clusters becomes number
of samples or as specified by the user.
B. Comparison of Two Algorithms
To find the efficient algorithm for text mining,
results of HFRECCA will be compared with other
clustering algorithms on the basis of parameters
such as execution time and memory required. In
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some situation user has importance of time or
whenever large volume of data present at that time
cost of memory may matters. In such situations,
result obtained in this module will be useful. [6]

System Architecture
IV. IMPLEMENTATION
A. XML Creator
Input for the given system is a text data in the
form of xml files. Initially, xml creator is
implemented which is used to convert given text
files into xml files. In the output xml file each
sentence is stored as a one tag.
B. PageRank Algorithm
• XML Reader
XML reader is implemented to read the data from
xml files and split the words present in a given
document. Splitting of words present in a given
document is useful for the further processing.
• Stemming and Stop Word Removal
In text mining, the process for removing deviated
or derived words to their stem, base or root form is
called as stemming. In the proposed system
WorldNet is used, using its lookup table a simple
stemmer looks up the inflected form. The
advantages of this approach are that it is simple, fast,
and easily handles exceptions. Stop words are words
which are removed prior to, or after, processing of
text data. Problems can cause due to stop words
during searching of phrases such as 'The Who',
'Those are', or 'Take that'.
• Sentence Comparison
Figure 1.
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Sentences present in the given document are
compared on the basis of similarity between them.
According to similarity measured in sentences, score
is assigned to the edge between them. This is useful
for computation of PageRank Score. Sentences are
made up of words, so it is useful to compute the
similarity between sentences using the words in it.
Different words contribute for the meaning of a
sentence to different degrees. Hence, it is important
to weight each word. Let us consider a pair of
sentences, S1 and S2 that contain exactly the same
words in the same order having exception of two
words from S1 which present in the reverse order in
S2. For example:
1] S1: A dog jumps over the cute cat.
2] S2: A cat jumps over the cute dog.
Due to these two sentences contain the same
words, any methods using bag of words will give a
decision that S1 and S2 are exactly the same. But,
human interpreter can find that S1 and S2 are not
exactly similar. The dissimilarity between S1 and S2
is because of the different word order. Therefore, it
is necessary to consider word order which will be
useful to improve accuracy of the system. [12, 15]
TABLE I.
EXPERIMENTAL RESULTS
Sr.No.
P1

S11
S12

S21

P2
S22

P3

S31
S32

P4

S41
S42

Sentence
The oldest Stone Age settlements
to be discovered.
A quick brown dog jumps over the
lazy fox.
France remains, however, a
splendid and individualist country
that has much to offer to the
foreign visitor.
The French people a despite
occasional rumors to the contrary
a welcome tourists and are eager
to show off their country, their
way of life, their traditions, and
their beliefs; in short, their
essential joie de vivre.
A quick brown fox jumps over the
lazy dog.
Ireland is first documented
invasion.
A dog jumps over the cute cat.
A dog jumps over the cute cat.

Weight
0.46059084

0.34481463

0.75344956

0.0
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D. Biology

Weight vs Similarity
In Above experimental results, sentence
dissimilarity is determined. Further implementation
of HFRECCA is in progress, in which Page Rank
Score will be calculated and then expectationmaximization phases will be implemented.
V. APPLICATIONS
The proposed system is useful for different
applications; few of them are listed below.
A. News Extraction
To extract news related to the domain in which
user is interested or want to know more about
specific topic or location, this clustering algorithms
can be used. E.g. Person A want to know news
related to sports at Kolhapur. To extract the data for
the given example, proposed algorithms will be very
useful.
B. Social network analysis
In analysis of social networks, clustering can be
used to identify the communities within huge groups
of people, people having similar designation, people
who worked together in past or working together at
present.
C. Recommender systems
Recommender systems are designed to
recommend new items on the basis of a user’s tasks.
Sometimes clustering algorithms are used to predict
a user’s preferences based on the preferences based
on the user’s in the user’s cluster.
Figure 2.
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In biology clustering has many applications. In
the area of plant and animal ecology, clustering is
used to define and to make spatial and temporal
comparisons of organisms communities in
heterogeneous environments; it is also used in plant
systematic to create clusters of organisms at the
species, genus or higher level that share number of
parameters.
E. Medicine
In medical imaging, such as PET scans,
clustering can be used in a three dimensional image
to differentiate between different types of tissue and
blood cells.
VI. CONCLUSION
Websites most often uses text-based searches on
the basis of specific user-defined words or phrases,
which gives documents as a result having those
words. But, it is more useful to find documents with
the help of meaning or concept of a phrase. Usually,
concepts present in natural language documents
contain hierarchical structure hence extension of
FRECCA i.e. Hierarchical Fuzzy Relational
Eigenvector Centrality-based Clustering Algorithm
(HFRECCA) will be useful for natural language
documents. As FRECCA can identify only flat
clusters, HFRECCA is used for analyzing
hierarchical structure of documents. The algorithm
has property that it can place the single object into
more than one cluster. The algorithm is
implemented on structured documents and results
are compared with other clustering algorithms.
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Abstract— This paper is for transmission of
video data using optical code division multiple
access(OCDMA) system over WDM. OCDMA
system is proposed for supporting large numbers
of subscriber in optical access network. This
system is used to carry different types of data in
one system. In this paper we analyzed the system
performance using Modified Double Weight
(MDW) code as signature address because this
code has flexible cross-correlation property and
it reduces Multiple Access Interference (MAI) in
significant amount at transmitter side. The
NAND subtraction technique is used to detect
the signal at receiver. Using network simulation
we conclude that this system gives better results
compare to OCDMA system. We also
ascertained
by simulation that NAND
subtraction technique highly improves BER
performance of the system compare to other
detection techniques.

To suppress the effect of MAI spectral amplitude
coding(SAC) technique was introduced by
employing codes with fixed in-phase crosscorrelation. Hence to overcome the MAI many
codes have been proposed[3]. In OCDMA the data
is encoded into optical codes(OCs) by the encoder
at transmitter side and then many users share the
same transmission by power splitter/combiner[4].
By using match filtering at the receiver side the
system
decoder
recognizes
the
optical
codes(OCs)[5].
However, in OCDMA system network capacity is
and spectral efficiency is low[6]. The network
capacity will be increased by developing a hybrid
SAC-OCDMA over WDM system. As WDM
technology offers an enormous bandwidth to optical
fibre and provides multiple parallel channels at
reasonable data rate[10]. This system can support
more number of users. Recently many researchers
proposed various codes in hybrid system. But due
to some complex codes, the system performance is
Keywords— OCDMA, WDM, Modified Double always degraded. So it is necessary to design a
flexible code to design hybrid system. We designed
Weighted Code(MDW code), MAI
a hybrid OCDMA over WDM using Modified
Double Weight(MDW) code for our study to fulfil
I. INTRODUCTION
Optical code division multiplexing access system the subscribers demands of transmitting high data
is en bhave renewed interest for broadband access traffic for long transmission. MDW code can
network. Optical code division multiple access successfully suppress the MAI effect using NAND
(OCDMA) is one of the cost effective network[1]. subtraction technique.
The main advantage of OCDMA system is that this
The SAC-OCDMA network having advantages it
can
support asynchronous operation, high speed
allows number of users to transmit information over
same channel having same wavelength. But in this connectivity, simplified network control, flexible
technique multiple access interference(MAI) is a bandwidth management, improved security and
main source which degrade the performance of the service differtition. Therefore this system is
system[2]. This is the big limitation of this system. proposed a low cost system for long distance
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transmission. Our system has good performance as
conventional OCDMA system. Therefore this
proposed system would be used for future optical
access network.
II. MODIFIED DOUBLE WEIGHT CODE PROPERTIES
DW and MDW codes are from same family. But
in double weight(DW) code family it has a fixed
weight of two. In modified double Code(MDW)
code it has variation of weight which is greater than
two. The MDW code has ability to support
simultaneous transmission at different bit rate.
MDW code can be used to transmit the signal at 2.5
Gbps and 10 Gbps. MDW codes shows better
performance as compare to Hadamard and modified
frequency hopping(MHF) codes.
These codes are simply represented by K x N
matrix where K is rows, it represents no. Of users
and N represents columns, it represents minimum
code length. The DW code basically given by 2 X 3
matrix and MDW codes is given by 3 X 9 matrix.
The MDW codes are shown bellow.
TABLE I
MATRIX CONSTRUCTION FOR MDW
CODE(w=4)
C
K
1
2
3

C9

C8

C7

C6

C5

C4

C3

C2

C1

0
0
1

0
1
1

0
1
0

0
0
1

1
0
1

1
0
0

0
1
0

1
1
0

1
0
0

By increasing the code weight signal power of
the system is increase and hence signal to noise
ratio(SNR) for MDW code is also high[10]. The
basic matrix shown in table1 for MDW code with
weight 4 consists of a (3 X 9) matrix. An example
of basic matrix construction for MDW code with
chip sequence is shown in table 1, in that k is the
number of users and C indicates column number of
codes and it also represents spectral position of
chips. C1, k is the first user weight and C9, k is the
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last user. The advantages of MDW code are it have
easy code construction, high efficient, simple
encoder/decoder design and optimized code length.
MDW code is used as SAC code for each user
group in this system. The comparison of different
codes is shown in Table II.
TABLE III
COMPARISON BETWWEN DIFFERENT
CODES FOR SAME NO. OF USER K=30
No

Codes

1
2

OOC
Prime
code
MDW
code
Hadamard
MFH

3
4
5

No.Of Weight
usres(K)
30
4
30
31

Code
lenght
364
961

30

4

90

30
30

16
7

32
42

III. NAND SUBTRACTION TECHNIQUE
NAND gate has three times higher mobility of
digital electronics than AND/NOR gates. In this
system idea of NAND is used as an operation not as
an digital gate. In NAND subtraction detection
technique the cross-correlation is given by θ(xy)
where θ(xy) is NAND operation between X and Y
sequence. E.g. X = 1100 and Y= 0110 therefore
(XY) = 1011. Fig. 2 shows NAND subtraction
detection technique and Table 2 shows comparison
between complementary and NAND subtraction
detection technique using MDW code. λi is (where
i= 1, 2, ........N) is column number of codes and
represents spectral position of chip.
NAND subtraction detection technique can
generate extra weight compare to other technique.
This is due to fact that when code weight increases
the signal power is increased and hence SNR is
improved. So overall SAC-OCDMA performance is
improved using NAND subtraction detection
technique.
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TABLE IIIII
COMPARISON OF COMPLEMENTARY AND
NAND SUBTRACTION DETECTION
TECHNIQUE

There is no more cross-correlation at the output
of the subtractor when Zcomp = 0 also channel
interference is totally minimized.

Fig. 2 Implementation of NAND subtraction
detection technique
IV. PROPOSED BLOCK DIAGRAM OF SYSTEM
The proposed hybrid system is implemented with
MDW code. One WDM wavelength will be used to
transmit for three OCDMA active users. The block
diagram of proposed system is shown in Fig. 2.
While designing this system some parameters are to
be consider. i.e. spacing between two channels is
0.8 nm. At the transmitter side we use the LED
(Light Emitting Diode) as broadband source to
transfer the data in the form of light. When the
signal is transmitted through source after that the
Fig. 1 BER versus number of simultaneous user signal sliced by demultiplexer into two signals.
One is used as OCDMA signal to transmit for three
user and second is used as WDM signal. Three
The cross correlation is defined as,
OCDMA signals are then splitted using splitter.
N 1
θ(XY)(K)= i 0 XiYi  k
(1)
These two signals are then modulated and combine
Where X and Y both are two OCDMA code at MUX. The simple single mode fiber cable is used
sequences. The NAND of sequence X is given by X between transmitter and receiver. At transmitter
and Y is given by Y. Let X =0011 and Y = 0110. side EDFA(Erbium Drop Amplifier) is used extra
The periodic cross-correlation sequences between power.
X and Y is similar to Eq. (1) and it is expressed as:
In Fig. 1 shows the graph between no. Of active
user vs. BER for different detection system. BER of
NAND technique is less as compare to others.

θ( XY ) (K)=



N 1

i 0

XiYi  k

(2)

The code cross-correlation sequences are as
follows
θ(XY) (K)= θ( XY ) (K)
The photodetector detects two NAND inputs at
receiver. The cross-correlation output as:
Zcomp= θ(XY) (K) - θ( XY ) (K) = 0
Fig. 3 Block Diagram
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At receiver side transmitted signal is sliced by
DEMUX. FBG(Fiber Bragg Grating) is used for
decoding the data into sub matrix. In the decoding
section NAND subtraction technique is used to
detect the signal. That signal is then decoded using
APD which is then applied to low pass filter having
frequency 0.75GHz. Dark current for photodiode is
6nA and thermal noise is 1.8 x 10 -12 W/Hz. At the
end we observe the performance of the system bit
error rate.
V. NETWORK SIMULLATION PARAMETERS
The simulation is carried out using software
Optisystem Version 9.0. We run the simulation as
per the ITU-T G.652 standard signal mode fiber
using NRZ format at 622 mbps data rate.
TABLE IIIV
SYSTEM PARAMETERS
Data Rate Of the system
622 Mb/s
Channel spacing
0.8nm
Insertion Loss
0.25dBm
MUX/DEMUX insertion loss
2 dBm
Fiber attenuation
0.25 dB/km
EDFA Gain
11 dB
EDFA noise figure
3.75 dB
VI. RESULTS AND DISCUSSION
While doing the simulation the performance of
the system is evaluated using BER. We are going to
compare the result of BER of Hybrid system with
normal OCDMA system. By comparing both results
we observe that BER is minimized in hybrid system
than conventional OCDMA. Power for the first and
last user of hybrid system is -26 dBm to -29 dBm
and average received power in simple OCDMA is 28 dBm to -31dBm. We also observe form the eye
diagram that the signal produced in the hybrid
system have better quality as compare to OCDMA
system.
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(a)OCDMA-WDM system channel bit error rate
(1-18)

(b)OCDMA channel bit error rate (1-11)
Fig. 4. Eye diagrams measured at 622 Mb/s
VII. CONCLUSIONS
We proposed the hybrid OCDMA over WDM
scheme using MDW code for long distance
transmission upto 60 km. The performance of the
system is carried out in various parameters such as
SNR, BER and eye diagram. We detect the data
using NAND subtraction technique. We have get
better performance of this system as compare to
conventional OCDMA. Also we conclude that by
observing all the parameter this system is also used
to carry different types of data e. g. voice,
multimedia etc.
Overall this system gives flexibility, cost
effective and ensured security system.
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