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EDITORIAL 
 We are happy to bring out Volume 9 of the Biannual Journal of our college, CVR Journal of 

Science & Technology, with a wide spectrum of papers from different branches of Engineering, Science 

and Management. Out of the large number of papers received, 20 papers were selected for inclusion in 

the current volume, based on the recommendations made by the members of the Editorial Committee. 

 

 The breakup of the papers among the various disciplines is as follows: 

 

        Civil – 3, CSE -1; ECE - 12; EEE - 1; EIE – 1, Mech – 1, H&S -1 

 

 The authors include staff members of our college and some from external institutions as 

coauthors.  

 

             Topics selected for publication in ECE include research work in advanced areas like design of 

filters using FPGA, DOA Estimation, Digital ICs using cadence tools and ASIC implementation, etc. 

  

The papers that are selected from Civil Engineering  cover current trends and include topics such 

as ductility in reinforced concrete beam, magnetization of sulphate water in concrete, etc. 

 

Keeping in view the outcome based education (OBE), which is receiving importance in the 

present technical scenario, the journal includes a paper from CSE that describes a methodology for 

measuring the effectiveness of OBE through programme educational objectives (PEOs) and programme 

outcomes (POs). The methodology described was adopted for department of CSE. 

                

 We hope that the interest of staff members of all the departments of our college will grow 

further in contributing their research work in the journal. We have been including some papers from 

external organizations and it will be our attempt to attract more numbers from outside so as to broaden 

the scope of our journal.   

 

 I am grateful to all the members of the Editorial Board for their help in short listing papers for 

inclusion in the current volume of the journal. I wish to thank Sri S. Prashanth, DTP Operator in the 

Department of H&S for help in the preparation of the papers in camera ready form for final printing. 

 

 

K.V.Chalapati Rao 

Editor 
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Abstract – The purpose of this paper is to evaluate the 
reliability of reinforced concrete beam designed under the 
provisions of IS: 456- 2000 including the numerous sources of 
uncertainties in the load and resistance-related parameters, 
which are usually not included in the theoretical method of 
calculating the Ultimate Moment Capacity of a reinforced 
beam. Based upon the statistical results, the possible random 
variables are obtained from large experimental data. In this 
attempt,  the probability of failure of a reinforced concrete 
beam is obtained by calculating Ultimate Moment Resisting 
Capacity. These random variable distribution curves, 
incorporating various uncertainties are included, excluding 
the partial safety factors, using a high level computing 
language i.e., MATLAB is used for our work. 
 
Keywords: Reliability, Ultimate moment carrying capacity, 
Reinforced Concrete Beam, Partial Safety Factors. 

I. INTRODUCTION  

In this theoretical method of calculating the ultimate 
moment carrying capacity of a reinforced concrete (RC) 
beam, we include partial safety factors for materials and 
neglect the various uncertainties included during the 
construction like variation in material properties, geometric 
dimensions and other load and resistance parameters which 
are random in nature.  

Various studies have been conducted globally in order 
to obtain the probabilistic approach of variations in the 
design parameters. Based upon the large experimental data 
available the nature, distribution of random variables is 
attained. Using these possible random variables, a large 
mathematical and experimental data is generated using the 
various simulation techniques available and the reliability 
of a given structure is calculated for an array of inputs 
given.  

II. RESEARCH METHODOLOGY 

Ultimate Moment of Resistance (Mur) of an RC beam 
without considering the partial safety factor: 
The code has adopted the usage of partial safety factors as 
given below: 

Rd    Sd 

Rd  is the design resistance is computed using reduced 
material strengths, involving two separate partial safety 

factors c (for concrete) and s (for steel). Sd is the design 

load effect computed for enhanced loads involving 
separate partial safety factors. It may be noted that the 
partial safety factors of materials ( c, s) are greater than 
unity and are the dividing factors while the multiplication 
factor  is less than unity leading to overestimation of 
loads and underestimation of material strength resulting in 
improved safety. But in this case the partial safety factors 
are not taken into consideration. The nominal strength of 
concrete 0.67fck and nominal yield strength of steel (fy) on 
the side of resistance and nominal load effects are taken as 
such providing nominal results.  

 

Figure: 1 Characteristic and design stress- strain curves of concrete 

 

Figure: 2 Characteristic and design stress- strain curves for Fe 250 grade 

cold worked steel. 
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Figure: 3 Characteristic and design stress- strain curves for Fe 415 grade 

cold worked steel. 

The characteristic curve is taken into consideration 

rather than the usual design curve, for computing the 
ultimate moment of resistance of a beam. 

A) Analysis of Singly Reinforced Rectangular Sections 

Analysis of a given reinforced concrete section at 
ultimate limit state of flexure implies the determination of 
the ultimate moment of resistance Mur  of the section, 
which is given by the couple resulting from flexural 
stresses: 
     

Figure: 4 Behaviour of singly reinforced rectangular section in flexure 

Mur = C.Z = T.Z 

Z= Lever arm distance 

T= fst.Ast 

  fst= fy, for Xu  Xu,max and the line of action of T 
corresponds to the level of the centroid of the tension steel. 

In order to compute the magnitude of the resultant 
compressive forces, the concrete stress block in 
compression must be analysed such that nominal strength 
of concrete 0.67fck is taken into calculations rather than 
design strength of concrete 0.447fck. Therefore the 
resulting compressive force for a given beam with width 
‘b’, effective depth ‘d’ and neutral axis at a depth of Xu 
from the topmost compression fibre is given as: 

 
C = 0.542.fck.b.Xu 

 
The line of action of ‘C’ is the centroid of the stress 

block located at a distance X’ from the extreme fibre of 
concrete experiencing the maximum compressive strain. 

 
X’= 0.416 Xu 

(a) Depth of Neutral Axis: 

The depth of neutral axis is such that where C = T, 
satisfying the equilibrium of forces. 

 
When Xu  Xu, max, fst= fy, 

When Xu > Xu, max, < , implies that steel may 

not yield at the ultimate limit state in flexure. Therefore fst 

< fy, the true location of neutral axis is obtained by trial 
and error method, also called as strain compatibility 
method,  

(b) Ultimate Moment of Resistance Without Considering 

Partial Safety Factors 

The lever arm for a singly reinforced rectangular section is 
given by: 

Z = d – 0.416Xu 

 

Mur = 0.542. fck*b* Xu *(d – 0.416 Xu) 

Mur = fst.Ast (d – 0.416 Xu) 

(c) Limiting Depth of Neutral Axis 

Table 1. Limiting depth of neutral axis without considering 
partial safety factors 

(d) Percentage of steel 

Percentage of tension steel is given by:      

 
 
When Xu = Xu, max 

 

 

B) Analysis of Doubly Reinforced Rectangular Sections 

Steel Grade Fe 250 Fe 415 Fe 500 

Xu, max/d 0.518 0.462 0.4375 
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 In a doubly reinforced section the condition of force 
equilibrium applied is: 

Cc + Cs = T 

Where: 

Cc = 0.542*fck*b*Xu (Resultant compressive force in 

concrete) 

Cs = (fsc– 0.67fck).Asc 

T = Resultant tension force in steel = fst.Ast 

(a) Depth of neutral axis 

Case (i) Pt > Pc 

Considering the force equilibrium condition and 
without considering partial safety factors the neutral axis 
depth for a doubly reinforced beam in which percentage 
tension steel (Pt) is greater than the percentage 
compression steel (Pc) can be calculated as that of a singly 
reinforced beam.  Assuming both the tension and 
compression steel yielded and hence fst = fy = fsc, the 
neutral axis depth is given by 

 

The conditions are applicable as discussed earlier in 

singly reinforced beam for & fsc, when necessary strain 
compatibility method is to be employed. 

Case (ii) Pt < Pc 

When percentage of tension steel is much less than 
percentage of compression steel leading to an over 
compression reinforced beam section, the tension 

resistance of the beam becomes very less. When the Pc is 

much greater than Pt, there exists a tendency of the neutral 
axis depth to move much closer towards the compression 
steel and at times causes the reversal of stresses in the 
compression steel.  

Hence, the above furnished formula for calculating the 

Xu cannot be used directly. Hence trial and error approach 
for finding the depth of neutral axis can be applied. For a 
given beam the force equilibrium conditioned is verified 

by taking a continuous series of values for Xu with any 
required increment starting from zero. Corresponding 

strains and stresses are calculated and the value of Xu, 
where the condition of force equilibrium is satisfied is 
taken as the true location of neutral axis depth. This 
method is very flexible and is applicable for any type of 
beam given but when done manually, it is very tedious. 

(B) Ultimate Moment of Resistance Without Considering 

Partial Safety Factors 

The moments of Cc and Cs about the centroid of tension 
steel give the ultimate moment of resistance: 

Mur= 0.542. fck.b. Xu (d – 0.416 Xu) + (fsc - 0.67 fck) Asc 

(d-d’) 

Where: d’= Distance between the centroid of the 
compression steel and the extreme fibre in the concrete. 

fsc = Stress in the compression steel 
Other parameters remain the same as discussed earlier. 

III. EXPERIMENTAL PROCEDURE 

Algorithm for finding the Ultimate Moment of 
Resistance of RC beams without considering partial safety 
factors: 

The furnished algorithm given below is applicable for 
both singly reinforced and doubly reinforced beam 
(including case (i) & case (ii)). Based on this algorithm, a 
MATLAB code is generated to find the ultimate moment 
of resistance of any beam for any percentage of tension 
and compression steel provided, without considering the 
factor of safety of materials. 

In the following algorithm, the true neutral axis depth 
is obtained by trial and error approach by equating the 
force equilibrium condition for values from 0.001 to 1 for 
the ratio of neutral axis to effective depth of beam and the 
program terminates when the condition is satisfied. Then 
the ultimate moment of resistance is calculated 
corresponding to the true neutral axis depth. 
1) Given beam of width (b), effective depth (d), distance 
between the centroid of compression steel and the topmost 

compression fibre (d’), percentage of tension steel (Pt), 

percentage of compression steel (Pc), grade of steel (fy)  

and grade of concrete(fck) 

2) For Xu /d value starting from 0.001 to 1, strains in 
tension and compression steel are calculated using 
respective formulae. 
3) Using the strain values obtained the stresses in the 
tension and compression steel are calculated from the 
respective nominal stress strain curve of the steel (as per 
grade of steel provided). For Fe 415 & Fe 500, co-ordinate 
points for nominal stress and their respective strains in the 
parabolic path of nominal stress-strain curve, as shown in 
the figure 5, are given below in table 2. 
4) Assuming the parabolic path to be continuous 
fragmented straight line, stress values are calculated using 
piece-wise linear interpolation. The stress points in the 
curve chosen are given, along with their respective proof 
strain values, in table 2 

TABLE 2  

SALIENT POINTS ON THE STRESS-STRAIN CURVE FOR COLD-WORKED 
STEEL 

Nominal 

stress
0.8fy 0.85fy 0.9fy 0.95fy 0.975fy fy

Proof 

strain 0 0.0001 0.0003 0.0007 0.001 0.002
 



ISSN 2277 – 3916                       CVR Journal of Science and Technology, Volume 9, December 2015 
 
 

4 CVR College of Engineering      

 

  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

      

Figure 5 Algorithm for calculating the moment carrying capacity of a 
Reinforced Concrete beam. 

 

 

 

 

 

   TABLE 3 

 CHARACTERISTIC STRESS-STRAIN VALUES 

Fe 415 Fe 500 

Stress Strain Stress Strain 

0.00166 332.005 0.002 399.97 

0.00186 352.705 0.002225 425.385 

0.002167 373.52 0.00255 449.995 

0.00267 394.22 0.003075 474.95 

0.00302 404.57 0.0034375 487.485 

0.004075 415.036 0.0045 500.02 

                                

5) The tension and compression forces for the 
corresponding stresses are calculated and force equilibrium 
condition is checked. If not satisfied, iterations continue 

for the next value for Xu /d. If force equilibrium is satisfied, 
then calculate the ultimate moment of resistance of the 

beam using the formula for Mur aforementioned. 
Note: While considering the ratio of neutral axis to the 
effective depth of the beam, one must be very cautious 
about the strain compatibility equation for computing the 
strains in compression steel. The reason is that there will 
be a change in similar triangles and accordingly their 
formulae for calculating the strains. 

(i) When Xu /d lies between 0.001 and 0.1 (neutral axis is 
considered to be above compression steel), then the 
compression steel will be in tension. Hence, as per similar 
triangles, the formula for finding the strain in compression 
steel is obtained as given below:    

 
 (ii) When Xu /d is greater than 0.1(i.e., neutral axis is 
below the compression steel), then the compression steel 
will always be in compression and applying the strain 
compatibility (similar triangles), the formula for finding 
strain in compression steel is  

=0.0035[1-d’/ Xu] 
Using the above algorithm, a MATLAB code is generated 
to calculate the ultimate moment of resistance without 
considering the partial safety factors for materials for any 
beam, given all its input. The generated code is provided in 
the appendix for further review. 

A) Uncertainties in Construction 

     In analysis and design calculations, the major variables 
subjected to high degree of uncertainty considered in our 
study are: 

b, d, d’, Pt, 
Pc, fck, fy 

Xu/d=0.001 to 1 

 Xu/d=0.001 to 1 Xu/d=0.001 to 1 

 

Compute  
and  

corresponding 
to  &  

T/b.d=fst.Pt /100 
C/b.d= 0.542. fck.b.Xu/d + (fsc-0.67 

fck) Pc /100 

Mur  = (b.d.d) [0.542* Xu *fck/d (1– 0.416 Xu /d) + (fsc -0.67 fck) (Pc 

/100)(1-d’/d) 

T/b.d & 
C/b.d 
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1. Loads 
2. Material Properties 
3. Dimensions 
There are many other unforeseen variable factors which 
affects the strength and serviceability of structures which 
we have not taken into account in our investigation. For 
practical and quantitative representation of reliability, 
statistical and probabilistic analysis is quite rational.  
Recent attempts include the application of fuzzy logics 
also. 

B) Deterministic and Probabilistic Approaches  

In the presence of uncertainty, it is not simple to satisfy the 
basic design requirements. The design depends upon the 
following two parameters: 
1. Load on the structure ‘S’ (lifetime maximum)  
2. Ultimate resistance ‘R’ (capacity of structure) 
Both S & R are expressed in terms of stress resultant such 
as bending moment at critical section, and are treated as 
statistically independent random variables; their 

randomness is characterized by their means ( , ), 

standard deviations ( , ) and corresponding 
probability density functions. 
If S<R, the structure is expected to be safe, and if S>R, the 
structure is expected to fail. The probability of failure can 
be calculated as follows: 

Pf= Probability [{R < S}  {0<S< }] 
Reliability Analysis: 
A rational and quantitative solution to the problem of 
‘adequate safety’ can be obtained by quantifying the 
acceptable risk in terms of target probability of failure or 
target reliability. 
Reliability is expressed as the complement of the 
probability of failure, i.e. 
Reliability = (1- Pf) 
Evaluating the probability of failure (Pf) (or the reliability) 
underlying a given structure is termed as reliability 
analysis, whereas designing a structure to meet the target 
reliability is termed as reliability design. 
Reliability analysis of moment capacity of RC beam: 
Theoretically we do not consider the deviation of Mur of a 
given RC beam, but practical cases include many 
uncertainties. Thus ultimate moment of resistance for the 
beam can never be a fixed (calculated) value. The possible 
cases of uncertainties which have been taken into 
consideration are: 
1.) Dimensions of beam (b, d) 
2.) Grade of concrete (fck) 

3.) Grade of steel (fy) 

4.) Percentage of tension steel provided (Pt) 

5.) Percentage of compression steel provided (Pc) 
6.) Load acting on the beam (Q) 
All these factors vary accordingly from their nominal 
values over a range of deviation, and their respective type 
of probability distribution patterns. As per results of 
statistical analysis of variation of these parameters, mean, 
coefficient of variation (C.O.V) and probability 
distributions are obtained by various established studies  

and a series of random variables can be generated which 
represent the most probable values of these parameters 
with in which they lie. Table 4 gives the results of 
statistical analysis of variation of parameters taken into 
consideration for the generation of random variables. 

TABLE  4  

RESULTS OF STATISTICAL ANALYSIS TAKEN INTO CONSIDERATION 

Variable Mean C.O.V 
Probability 
distribution 

Compressive 
strength of 
concrete (Nominal 
mix- M20) 

19.54 0.21 Normal 

Yield Strength of 
steel 

Fe 250 – 320 

0.1 Normal 
Fe 415 – 469 

Dead load (D) 1.05D 0.1 Normal 

Flexural 
reinforcement 

Mean of 
Provided/ 

required= 1.01 
0.04 Lognormal 

TABLE 5  

RESULTS OF STATISTICAL ANALYSIS OF VARIATION IN DIMENSIONS 

Beam 
Mean 

Deviation 

Standard 

Deviation 
Size range(mm) 

Breadth +10.29 9.47 200-350 

Effective depth +6.25 3.79 250-370 

Overall depth +14.37 9.38 250-700 

For this range of parameters a certain range of ultimate 
moment of resistance of a beam is calculated. This can be 
checked with external moment on the beam due to load 
(self - weight) acting on the beam and the possible number 
of failure cases can be verified. Thus reliability, which is 
nothing but the complement of probability of failure, is 
obtained. 
In the present research work, we have assumed a set of 

inputs such as b=275mm, d=320mm, fck =20 MPa, 

fy=415 MPa for which ten thousand random variables are 
generated and the corresponding values obtained in Excel 
files are called in MATLAB code by ‘dlmread’ command. 

For any given Pc, Pt and span of the beam the reliability 

analysis of beam is calculated. If  <  the beam is 
expected to fail. Thus counting the probable cases of 
failure we can evaluate the reliability of the reinforced 
beam.   

IV. RESULTS 

Using the MATLAB generated code, the ultimate moment 
of resistance of any doubly reinforced beam can be 
calculated for the given percentage of compression and 
tension steel and span of the beam.  The code written is 
flexible for any given reinforced beam, the ‘dlmread’ 
command takes the set of random variables generated by 
various mathematical simulations for the given 
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corresponding input data. The quantification of number of 
cases of probabilistic failure and the complementary 
reliability analysis is done. This verifies the reliability of 
the beam. 
As mentioned earlier, we have assumed a beam of width 
b=275mm, effective depth d=320, grade of concrete fck 
=20 MPa and grade of steel  fy =415 and generated a set of 
10,000 random variables by using MATLAB inbuilt 
command and considering the distribution and mean and 
co-efficient of variations as mentioned above in the Tables 
4 & 5 and tested the code for various cases of Pc and Pt 
and performed the reliability analysis of the beam with the 
given input data and, we have mentioned two such results. 
Likewise the probabilistic study can be carried for various 
other combinations of input data and reliability of the beam 
can be verified.  Two examples have been cited for each of 
the cases, when the beam is singly reinforced and doubly 
reinforced.  
Test result 1: 
Input data: Pc =0.5, Pt =1.0, span of beam=6000mm; 
d'=40mm; 
Probability of failure (Pf) = 0; Reliability=1 
Hence for this combination of given input the beam is very 
reliable. 
Test result 2: 
Input data: Pc =0.0, Pt=0.9, span of beam=6000mm; 
d'=50mm; 
Probability of failure (Pf) = 0.0263; Reliability=0.9737 
For the given input data the beam is reliable for 97 beams 
out of 100, hence this combination can be discarded. 

V. CONCLUSIONS 

According to the study, the probability of failure is 
computed for the various possible cases of input, where in 
10,000 possible values for each of the random variables are 
considered including uncertainties and neglecting partial 
safety factors for the materials. The computation of the 
Ultimate Moment resistant capacity of the beams is in 

order to obtain the true strength and failure possibility of a 
beam. The results can be concluded as: 
1) For any given doubly reinforced beam the probability of 
failure has been obtained as zero. 
2) Whereas for a singly reinforced beam the probability of 
failure depends upon the percentage of steel. 
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Abstract---Concrete structures are designed by satisfying two 
criteria namely, safety and serviceability. Safety criterion 
checks whether the structure is safe in carrying the designed 
load or not. Serviceability criterion checks whether the 
developed deflections and crack widths are within the 
permissible limits or not. The evaluation of adequate margin 
of safety of concrete structures against failure can be assured 
by the accurate prediction of ultimate load and the complete 
Moment-curvature response. If the moment-curvature 
relationship is available, then the strength, stiffness and the 
ductility characteristics of the cross-section can be predicted. 
In this paper, an attempt has been made to study the 
variation of the strength, stiffness and the ductility of the 
singly reinforced concrete beams of M25 and M35 grades, 
using Moment-Curvature diagrams. Working Stress Method 
and Limit State Method are used for designing the reinforced 
concrete beams. Force equilibrium equations, Strain 
compatibility equations and Material models are used in 
developing the Moment-curvature diagrams. The Concrete 
strain and the percentage of tension steel are the input 
parameters. It is observed that for a given percentage of 
Tension Steel, the Moment and the Curvature are increasing 
with respect to the increase in the Concrete strain. But the 
decrease in Curvature value with the increase in percentage 
of Tension Steel reduced the energy absorption capacity 
(ductility). 
 
Index Terms---Force Equilibrium, Strain Compatibility, 
Moment-Curvature, Strength, Stiffness, Ductility. 

I. INTRODUCTION 

 Curvature is defined as the rotation of the member per 
unit length. In a reinforced concrete beam under bending, 
the moment-curvature relationship is assumed to fully 
represent the structural response of the beam cross section 
[1]. The moment-curvature relationship for reinforced 
concrete sections can be generated using the Equilibrium 
equations, the Compatibility equations and the Material 
models [2].  

Ductility is defined as the ability of the member to 
undergo inelastic deformation beyond initial yield 
deformation with no increase in the load resistance. 
Ductility depends on the (i) Strength and (ii) Stiffness of 
the member. Strength is the ability of the member to resist 
the loads [3]. Stiffness is the ability of the member to resist 
the deformation.  Ductility is defined with respect to the 
strains (Strain ductility), curvatures (Curvature ductility) 
and deflections (Deflection ductility) [4]. Strain ductility 
depends on the type of material. It is defined as the ratio of 

ultimate strain to yield strain. Strain ductility is studied 
using stress-strain diagrams. Curvature ductility depends 
on the size and the shape of the cross section of the 
member. Curvature ductility is defined as the ratio of 
curvature at ultimate load to curvature at yield load. 
Curvature ductility is studied using Moment-curvature 
diagrams. Deflection ductility depends on the entire 
configuration of the member and the entire loading acting 
on the member. Deflection ductility is defined as the ratio 
of ultimate deflection to yield deflection. Deflection 
ductility can be studied using load-deflection diagrams 
[5][6][7]. 

II. SIGNIFICANCE OF DUCTILITY 

Ductility is very important criterion in the design of 
structures in earthquake prone regions. Increase in the 
ductility of the structure reduces the induced seismic forces 
and hence reduces the probability of the collapse of the 
structure. The possible distribution of bending moment, 
shear force and axial load used in the design of statically 
indeterminate structures depend on the ductility of the 
members at the critical sections. Moment-curvature 
relationship predicts the strength, stiffness and the ductility 
characteristics of the cross-section. The evaluation of 
adequate margin of safety of concrete structures against 
failure can be assured by the accurate prediction of the 
ultimate load and the complete moment-curvature 
response.  

III. ALGORITHM FOR MOMENT- CURVATURE DIAGRAM IN 

WORKING STRESS METHOD 

A. Assumptions 

Assumptions made in the Working Stress Method are 1. 
Plane sections before bending remain plane after bending. 
2. Steel resists all the tensile stresses. 3. Stress distribution 
across the concrete section is linear. 4. Material model for 
the steel is elastic-plastic. 5. Bond between the steel and 
the concrete is perfect. 6. Maximum strain in the concrete 
under bending compression is 0.0035. 7. Modular ratio (m) 
is assumed as m = (280/3 cbc).

 
 
The variation of stress and strain across the beam 

section is presented in Fig.1.
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Fig. 1 Variation of Stress and Strain across the beam section 

B. Material Model For The Concrete In Compression 
 

The material model for the Concrete in compression is 
assumed as shown in Fig.2.  

 
    Fig. 2 Material Model for the Concrete in Compression 

C.  Material Model for the Steel in Tension 

      The material model for the Steel in tension is taken as 
presented in Fig.3.  

 
             

          Fig. 3 Material Model for the Steel in Tension 

D. Algorithm 

Step-wise procedure for developing the Moment-
curvature relationship of singly reinforced Concrete beams 
is detailed below: 
(i) Compressive strength of the concrete (fck) is  
 assumed.  

(Range: fck=20MPa to 50MPa) 
(ii) Concrete modulus (Ec) is determined using  

Equation (1)   

      
5000 ckc

E f
                                                 (1)

 

(iii) Concrete strain ( ) is assumed from 0.0001 to  
        0.0035. 

(iv) Concrete stress ( ) is determined using the  
        Equation (2)   

          = E  x                                                                                           (2) 

 (v)   Steel modulus of elasticity (E ) is assumed as   
 E =2x10� Mpa. 
 (vi)  Percentage of tension steel ( ) is assumed from  0.2% 
 to 1.4%. 
 (vii) Neutral axis depth ( ) is calculated using the Force  
         Equilibrium Equation (3), 
        Total Compressive force (C ) = Total Tensile     
                                                           force(T ) 

1
2 c st stbx A

                                                (3)
 

(viii) Yield strain ( y) of steel is calculated using     
          Equation (4)      

 

y

y

sE                                                                (4)

 

 (ix)  If  the strain in the steel ( ) is less than the yield  
        strain, y, then  is calculated using the 
 Equation(5)  
        and used in the neutral axis depth calculation. 

s c

d x

x

                                                (5) 

 (x)  If  > y , then the strain in the steel ( ) is  
        calculated using the Equation (6)and used  
        in the calculation of modified neutral axis depth.. 

y

s

s

f

E

                                                    (6) 

      The modified neutral axis depth is calculated using 
the Equation (7). 

0.5

y

c

fx

d                                                    (7)

 

(xi)  Moment of resistance (M) of the beam section is  
        calculated using the Equation (8). 

1 1
1

2 3
c

x x
M

d d
                          (8)

 

(xii) Curvature ( d ) of the beam section is calculated  
        using the Equation (9)                                                                     

( )

cd
x

d                                                       (9) 

                            

 
Moment-curvature diagrams for M25 and M35 

grades of singly reinforced concrete beam are 
developed using the force equilibrium equations, strain 
compatibility equations and the material models. The 
concrete strain and the percentage of tension steel are 
the input parameters. The variation of Moment and 
Curvature is presented in Fig. 4, Fig. 5 and   Fig. 6 
respectively. 
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Fig. 4 Moment-Curvature diagram for M25 Grade R.C.Bean (Working 

Stress Method) 

 

 
    Fig. 5 Moment-Curvature diagram for M35 Grade R.C.Bean (Working 

Stress Method) 

               

 

Fig. 6 Moment-Curvature diagram for M25 and M35 M35 Grade 
R.C.Bean (Working Stress Method)                  

IV. ALGORITHM FOR MOMENT- CURVATURE DIAGRAM IN LIMIT 

STATE METHOD 

A.  Assumptions 

      Assumptions made in the Limit State Method are 
1. Plane sections before bending remain plane after 
bending. 2. Steel resists all the tensile stresses. 3. Material 
model for the steel is Elastic-plastic. 4. Material model for 
the concrete is rectangular parabola. 5. Bond between the 
concrete and the steel is perfect. 6. Maximum strain in the 
concrete under bending compression is 0.0035. 7. 

Maximum strain in the tension reinforcement at failure 
shall not be less than                     [(0.85/fy) + (0.002)]. 
The variation of stress and strain across the beam section is 
presented in Fig. 7. 

 

Fig. 7 Variation of Stress and Strain across the beam section 

 

B. Material Model for the Concrete in Compression 

 
The material model for the Concrete in compression  

is assumed as shown in Fig. 8.  

 
Fig. 8  Material model for the Concrete in Compression 

C. Material Model for the Steel in Tension 

The material model for the Steel in tension is taken 
as shown in Fig. 9.  

 
 
 
            
 
 
 

 

 

 

Fig. 9 Material model for the Steel in Tension 

D. Algorithm 

Step-wise procedure for developing the Moment-
curvature relationship of singly reinforced Concrete beams 
is detailed below: 
(i)  Compressive strength of the concrete (fck) is  
        assumed. (Range: fck=20MPa to 50MPa) 
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(ii)   Concrete modulus (Ec) is determined using the  
        Equation (10).   

5000 ckc
E f

                                         (10)
 

(iii)  Concrete strain ( ) is assumed from 0.0001 to  
        0.0035. 
(iv)  Concrete stress ( ) is determined using the  
        Equation (11).  

= E  x                                                                              
(11)

 

 (v)  Steel modulus of elasticity (E ) is assumed as   
 E =2x10� Mpa. 
(vi) Percentage of tension steel ( ) is assumed from    
       0.2%  to 1.4%. 
 (vii) Neutral axis depth ( ) is calculated using the Force  
        Equilibrium Equation (12), 
        Total Compressive force (C ) = Total Tensile  
 force (T )       

2
0.57 0.446 0.43 0.446

3 100
u ck u ck s c

d x bd
b x f b x f E

x  
                                                                          (12)  
(viii) Yield strain ( y) of steel is calculated using the  
        Equation (13) or (14).  
        For Mild Steel  

0.87 y

y

s

f

E                                             (13)

 

        For HYSD steel 
0.87

0.002y

y

s

f

E                                  (14)

 

(ix) If  the strain in the steel ( ) is less than the yield  
       strain, y, then  is calculated using the Equation 
       (15)  and used in the neutral axis depth  
       calculation. 

s c

d x

x

                                         (15) 

(x) If   > y , then  is taken as equal to y.
 

      y is calculated using the Equation (16). 

0.87

100

y

y s

s

f bd
E

E      

                     (16) 

     If  > y,   then the modified neutral axis depth  
     is calculated using the Equation (17). 

0.87

0.36

y

ck

fx

d f                                          (17) 
(xi): Moment of resistance (M) of the beam section is  
       calculated using the Equation (18). 

2
0.36 1 0.42

ck

M x x
f

bd d d       (18) 

(xii): Curvature ( d ) of the beam section is calculated  
        using the Equation (19).  

( )

cd
x

d                                            (19) 
Moment-curvature diagrams for singly reinforced concrete 
beam of M25 and M35 grades are developed using the 

force equilibrium equations, strain compatibility equations 
and the material models. The concrete strain and the 
percentage of tension steel are the input parameters. The 
variation of Moment and Curvature is presented in Fig. 10, 
Fig. 11 and   Fig. 12 respectively. 

 

     
Fig. 10  Moment-Curvature diagram for M25 Grade R.C.Beam (Limit 

State  Method) 

  
Fig. 11 Moment-Curvature diagram for M35 Grade R.C.Beam (Limit 

State Method) 

 

 
Fig. 12 Moment-Curvature diagram for M25 and M35 Grade R.C.Beam 

(Limit State Method) 

IV. DISCUSSIONS AND CONCLUSIONS 

Moment-Curvature diagrams are developed for singly 
reinforced concrete beams in Working Stress method and 
Limit State method. The beams are made with the M25 
grade concrete and the M35 grade concrete. Programming 
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is done in Spreadsheets for the development of Moment-
curvature diagrams. Input parameters used in the 
programming are Grade of Concrete (fck), Grade of Steel 
(fy), Concrete strain ( ) and percentage of Tension steel 
( ). According to the Indian Standard Code of Practice for 
Plain and Reinforced Concrete Structures [8], the 
minimum percentage of tension steel ( ) is taken as 0.2%. 
The maximum percentage of tension steel used is 1.4%. 
The percentage increment of tension steel is 0.4%. 

A. Moment-Curvature Diagrams- Working Stress 

Method and Limit State Method 

M25 Grade Concrete 

Keeping fck constant, Moment-Curvature diagrams are 
developed by varying the concrete strain from 0.0001 to 
0.0035. For a particular percentage of tension steel, the 
curvature is found to be increasing with the increase in the 
concrete strain. But the curvature is observed as decreasing 
with the increase in the percentage of Tension Steel. 
Moment resisting capacity is found to be increasing in this 
case. The decrease in the curvature with the increase in the 
percentage of Tension Steel presented in Fig. 4, Fig. 5, Fig. 
10 and Fig. 11 indicates that the energy absorption 
capacity (Ductility) of  reinforced concrete beams is 
reduced. It is because the concrete first reaches its 
permissible stress before the steel reaches its permissible 
stress thereby giving brittle failure.  
M35 Grade Concrete 

 Moment-Curvature diagrams are developed for the 
singly reinforced concrete beams of M35 grade and the 
similar trend is observed for the Moment resisting capacity 
and the Curvature as observed in the M25 grade singly 
reinforced concrete beams. 

Comparison of Moment-Curvature variation for M25 

Grade and M35 Grade Singly Reinforced Concrete Beams 

Keeping percentage of the tension steel constant and 
varying the concrete grade from M25 to M35, the moment 

resisting capacity and the curvature are found to be 
increasing as presented in Fig. 6 and Fig. 12. This variation 

is observed when the concrete strain is increased from 
0.0001 to 0.0035. It is because when the strain in the 

concrete increases, stress in the concrete also increases. 
Increase in the concrete stress decreases the neutral axis 

depth factor (x/d), thereby increasing the curvature of the 
member. 

B. Comparison of Moment-Curvature variation-Working 

Stress Method and Limit State Method 

M25  Grade and M35 Grade Singly Reinforced Concrete 

Beams 

For a particular percentage of Tension Steel, when the 
design method is changed from the Limit State Method to 
the Working Stress Method, Moment and Curvature are 
found to be decreasing with the increase in the concrete 
strain from 0.0001 to 0.0035. Similar trend is  observed 
when the percentage of Tension steel is increased from 
0.2% to 1.4% in increments of 0.4%. This is because of the 
smaller partial safety factors of the concrete and the steel 
in the Limit State Method compared to the factors of safety 
of the concrete and the steel in the Working Stress Method. 
Due to this difference in safety factors of the concrete and 

the steel, the materials utilization capacities will be more in 
the Limit State Method for the concrete and the steel. 
Therefore, the members designed based on Limit State 
design are slender when compared to the members 
designed based on the Working Stress Method. Due to the 
slenderness of the members in the Limit State Method, the 
moment carrying capacity and the curvature are smaller  
compared to the moment carrying capacity and the 
curvature in the Working Stress Method. The Moment 
resisting capacities and the curvatures are presented in the 
Table.1 and the Table.2 respectively. Based on the 
curvature at the first yield and the curvature at the ultimate, 
the ductility index is calculated and presented in the 
Table.1 and the Table.2 respectively. Ductility Index is the 
ratio of the curvature at the first yield point to the curvature 
at the ultimate point. More the value of the ductility index, 
more will be the energy absorption capacity for the 
member. Member with higher ductility index will have 
gradual failure giving warning signs through fine cracks 
with more curvature before its complete collapse. Same 
trend has been observed for M35 grade reinforced concrete 
beams. 

 
TABLE. 1  

CURVATURE AT FIRST YIELD, CURVATURE AT ULTIMATE AND 
DUCTILITY INDEX VALUES 

Percentage 

of          

Tension 

Steel 

Curvature 

at         

Yield 

( /mm)

Curvature   

at          

Ultimate 

( /mm)

Ductility 

Index

Curvature  

at          

Yield 

( /mm)

Curvature 

at 

Ultimate 

( /mm)

Ductility 

Index

0.2 0.01822 0.18449 10.12569 0.02156 0.21829 10.12477

0.6 0.00607 0.06149 10.13015 0.00719 0.07276 10.11961

1.0 0.00364 0.03689 10.13462 0.00432 0.04366 10.10648

1.4 0.0029 0.02636 9.08966 0.00314 0.0281 8.94904

M25 Grade concrete M35 Grade concrete

Working Stress Method

 
TABLE. 2 

CURVATURE AT FIRST YIELD, CURVATURE AT ULTIMATE AND 
DUCTILITY INDEX VALUES 

Percentage 

of          

Tension     

Steel 

Curvature 

at         

Yield 

( /mm)

Curvature  

at         

Ultimate 

( /mm)

Ductility 

Index

Curvature  

at         

Yield 

( /mm)

Curvature 

at 

Ultimate 

( /mm)

Ductility 

Index

0.2 0.00732 0.04271 5.83470 0.01025 0.0598 5.83415

0.6 0.00248 0.01447 5.83468 0.00347 0.02022 5.82709

1.0 0.00159 0.00871 5.47799 0.00226 0.01219 5.39381

1.4 0.00172 0.00623 3.62209 0.00284 0.00872 3.07042

M25 Grade concrete M35 Grade concrete

Limit State Method
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Abstract—This paper presents a technique which can 

make water containing salts beyond limits prescribed 
by IS-456:2000 suitable for a concrete mix called 
Magnetisation of water. The prominent salts present in 
sea water that effect concrete are Chlorides and 
Sulphates. Magnetisation effect on water rich in 
sulphates which was used in concrete has been studied. 
The magnetisation of salt water changes the 
nanostructure of water molecule which helps in 
increase of strength of concrete. The compressive 
strength test results conducted on concrete cubes shown 
a definite increase in compressive strength of concrete 
by using magnetised water in concrete mix. This 
method is helpful in making unfit water fit for concrete 
mix.  There by, this method can be adopted when there 
is a crisis of potable water. 
 

Index Terms—Magnetisation, Sulphate water, 
Compressive Strength, Workability, Magnetic water, 
Normal water. 

I. INTRODUCTION 

Scarcity of water is one of the major problems going to 
be faced by the mankind in the near future. Lack of 
sufficient quantity of water resources within a region is 
defined as “Water scarcity”. The day-to-day need for water 
has been increasing tremendously all over the world and 
India, being a country with such a huge population, is 
already facing problems regarding the availability of fresh 
water for drinking and household purposes. As water is 
becoming scarce to meet the daily domestic needs of the 
living beings, use of potable water for concrete mix should 
be substituted by an alternate source of water. Hence water 
which is rich in sulphates has been thought of as an 
alternative. 

Sea water is about 97% of the total water present on the 
earth surface. Using sea water (rich in salts) directly for 
mixing in concrete is not suggested as the deterioration of 
the strength of concrete takes place when we go for a long 
term basis. The loss of strength is about 10-15%. Also, the 
sea water has a pH range of 7.4-8.4. If the pH is less than 
11, corrosion of reinforcing steel becomes a major 
problem. Therefore in such cases, alkalinity inside the 
concrete has to be maintained by the hydration of the 
cement. One of the main chemical constituents of seawater 
is sulphate ions. 

Permissible Limit as per IS - 456:2000, Sulphates – 
400 mg/l 

Setting time of cement is adversely affected by adding 
water with sulphate content above the permissible limit as 
the rate of hydration of cement compounds is highly 
influenced. Certain inherent properties of water would be 
changed when it is exposed to a magnetic field. This 
process is called Magnetisation of water and the output 
product is called Magnetised water. These anomalous 
properties of water are unique for water and may result in 
many variations of macroscopic properties [2], [3]. 

II. REASEARCH METHODOLOGY 

C3A and C4AF contribute to the setting characteristics 
of cement paste. When water with high sulphate content is 
added, during hydration, aluminates react with sulphates 
much quicker than the other compounds and form either 
calcium sulphoaluminate (high sulphate form, ettringite) or 
calcium aluminate mono sulphate (low sulphate form). As 
calcium aluminate compounds are being converted to 
calcium sulphoaluminate compounds, rapid setting of 
cement paste is prevented and hence the setting time of 
cement is considerably increased [8]. 

The chemical reactions between sulphate and the 
various cement hydrates are as follows – 

(a) Crystalline Calcium Hydroxide (Ca(OH)2) present 
in the hydrated cement is found to react with sodium and 
ammonium sulphates which results in the formation of 
gypsum (CaSO4.2H2O) 

Na2SO4+Ca(OH)2+2H2O 2 NaOH+CaSO4.2H2O 

(NH4)2SO4+Ca(OH)2+ 2H2O 2NH4OH+CaSO4.2H2O 
Sodium ions form soluble hydroxides while 

Ammonium ions produce volatile hydroxides. 
(b) Sulphates further react with the calcium 

aluminate/calcium aluminate monosulphate hydrates 
present in the hardened cement and form ettringite. 
3CaO.Al2O3.CaSO4.12H2O+2Na2SO4+2Ca(OH)2+20H2O

3CaO.Al2O3.3CaSO4.32H2O + 4NaOH (Ettringite) 
(c) Ca(OH)2of cement paste reacts with MgSO4to form 

gypsum.  

MgSO4 + Ca(OH)2+ 2H2O  CaSO4.2H2O + Mg(OH)2 
Calcium silicate hydrates are decomposed by MgSO4 

resulting in the formation of high amount of gypsum. 

3MgSO4+3CaO.2SiO2.3H2O+8H2O 3(CaSO4.2H2O)+3
Mg(OH)2 + 2SiO2.H2O 

The quantity of Ca(OH)2is getting reduced and the 
product formed, Mg(OH)2has very low solubility resulting 
in the decrease of pH value. Alkalinity as well as stability 
of C-S-H gel is reduced and decomposition continues 
progressively. Ettringite and gypsum are highly 
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voluminous compounds which result in expansion and 
cracking of concrete with subsequent loss in strength [8]. 

III. EXPERIMENTAL PROCEDURE 

A. Materials  

Magnets 

In the present investigation work, the Magnets were 
obtained from scientific store. The shapes of magnets are 
rounded. We found the strength of magnet by Gauss meter. 
Three types of strength magnets we used. The average 
magnetic strength of four magnets is 985 gauss. 

 

 

Figure 1: Magnets Used For Magnetising Water 

B.Water 

Water with SULPHATE content of 250ppm was taken 
for mixing of concrete only. Beakers of 1 liter capacity 
filled with water are place above the magnets shown in 
fig.1 for one day (24 hours) to obtain magnetised water [2]. 

C. Aggregates  

Coarse aggregate used in the investigations was of two 
sizes viz. 20mm and 12mm. The coarse aggregate was 
procured from the local available plants. Fine sand was 
obtained from a local purveyor. IS 2386 specifications 
have been followed for testing physical properties of 
aggregates which are presented in Table 1. 
 

TABLE 1 

PHYSICAL PROPERTIES OF AGGREGATES 

Properties 

Coarse 

Aggregate 

(20mm) 

Coarse 

Aggregate 

(12mm) 

Fine Aggregate 

Fineness 

modulus 
7.228 5.314 2.88 

Specific 

gravity 
2.6 2.58 2.6 

Bulk density 

in loose state 
1361 kg/m3 1332 kg/m3 1550 kg/m3 

D. Cement 

Locally available 53 grade Ordinary Portland Cement 
(OPC) of Ultratech brand is used in the present 
investigation for all concrete mixes. The cement procured 
is tested for physical and chemical requirements in 
accordance with IS 12269-1987 and the results are shown 
in Table 2. 

TABLE 2 

PHYSICAL PROPERTIES OF CEMENT USED IN THE MIX 

Properties Test Result 

Normal consistency 30% 

Specific gravity 3.02 

Initial setting time (minutes) 55 min 

Final setting time (minutes) 560 min 

Fineness 3% 

Soundness (Le-chatelier’s method) 2 mm 

Compressive strength (28 days) 54.7 N/mm2 

E. Mix Composition 

M20 mix has been designed as per the procedure given 
in IS: 10262-2009.The quantities of materials required per 
one cubic meter of concrete obtained are given in Table 3 
as per mix proportion 1: 2.32: 3.77: 0.55. 

 

TABLE 3  
TRIAL MIX PROPORTIONS FOR 1M3 OF CONCRETE 

Grade 

Materials (kg/m3) 

Water/cement 
Cement F.A. C.A. Water 

M 20 310 718 1167 170.5 0.55 

IV. PREPARATION OF TEST SPECIMEN 

In the present investigation, machine mixing was 
adopted. Various ingredients of concrete namely cement, 
fine aggregate, coarse aggregate and water are added as per 
the weights obtained from mix design. The required 
quantity of cement content is thoroughly blended with 
hand and then all the ingredients are poured into the pan 
mixer. The materials are thoroughly mixed in their dry 
condition before water is added. Then calculated amount of 
water is gradually added and wet mixing is done until a 
mixture of uniform colour is achieved. Generally the 
mixers are designed to run at a speed of 15 to 20 
revolutions per minute. For proper mixing, it is seen that 
about 25 to 30 revolutions are required. Mixing was done 
in batches. In each batch the amount of materials required 
to prepare six test specimens are weighed, based on the 
designed mix proportions of each concrete mix used. 
Before casting the specimens, workability of the mixes 
were found out by slump test. For casting the test 
specimen, standard size of 150 × 150 × 150mm cast iron 
metal moulds are used. The moulds have been cleaned to 
remove the dust particles and mineral oil is applied on all 
the internal sides of the moulds. Then thoroughly mixed 
concrete is placed in the moulds and vibrated by pin 
vibrator. Finally the top surface is troweled and made 
smooth. 

After 24 hours, the specimens are demoulded and 
placed in clean water for curing. Cubes are allowed for 
curing in the curing tank until the day of testing. Before the 
cubes are tested for compressive strength, they are made 
surface dry after removing from the curing tank. Tests are 
done for determining the 7, 14, 21 and 28 days 
compressive strength. A 3000 kN capacity CTM was used 
to determine the compressive strength of concrete. 
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V. RESULTS 

Workability test is conducted for different concrete 
mixes with Normal water and Magnetic water and the 
slump values are listed in Table 4. 

 
TABLE 3 

WORKABILITY OF NWC, NSW AND MSW 

GRADE Type of concrete Workability 

M20 

Normal water concrete 50 

Normal Sulphate water Concrete  50 

Magnetised Sulphate water 
Concrete 

55 

From Table 4, it is clear that there is very less change in 

consistency of concrete for all the concrete mixes but 

however magnetised water is showing more workability 

compared to normal water. 

Table 5 gives compressive strengths of NWC, NSWC 
and MSWC. Fig 2 shows the variation of compressive 
strengths of NWC, NSWC concrete and MSWC concrete 
with age (in days) up to 28 days. 
 

TABLE 5 
COMPRESSIVE STRENGTH OF DIFFERENT CONCRETE 

Age of sample 
(Days) 

NWC NSWC MSWC 

7 18.76 15.62 22.82 

14 24.41 18.79 26.97 

21 27.25 20.82 30.13 

28 28.29 23.81 33.96 

 

Figure 2: Compressive Strength of Different Concrete 

There is a significant increase in compressive strength 
of MSWC concrete when compared with NSWC. The 
reason is in the case of MSWC , the rate of hydration is 
more i.e.,  the number of cement particles hydrated 
increases due to the increase in the specific surface area of 
water, (caused by forming smaller size and higher number 
of water clusters due to magnetisation) . Sulphate reaction 
is slow when compared to the rate of hydration. As a 
result, the number of cement compounds reacting with 
sulphate will be less when compared with NSWC and 
hence fewer amounts of gypsum, magnesium hydroxide 
and ettringite is formed. Ettringite and gypsum are 
expansive in nature leading to the loss of strength of 

concrete. The quantity of Ca(OH)2 is getting reduced and 
the product formed, Mg(OH)2 has very low solubility 
resulting in the decrease of pH value. Alkalinity as well as 
stability of C-S-H gel is reduced and decomposition 
continues progressively. Ettringite and gypsum are highly 
voluminous compounds which result in expansion and 
cracking of concrete with subsequent loss in strength. 
MgSO4 + Ca(OH)2+ 2H2O   CaSO4.2H2O + Mg(OH)2 
3MgSO4+3CaO.2SiO2.3H2O+8H2O 3(CaSO4.2H2O)+ 
3Mg(OH)2 + 2SiO2.H2O 

VI. CONCLUSION 

Magnetisation results in higher workability than that of 
normal water. 

At 28 days, the compressive strength test results show 
that there is a decrease in strength of about 15.82% in 
NSWC concrete when compared with NWC. The strength 
of the cubes made with MSWC concrete is 45.29% higher 
than those made with NSWC concrete. Comparing with 
NWC, the strength of MSWC increased by about 20.03%. 

VII. FUTURE SCOPE 

The same investigation of the influence of magnetic 
salt(Sulphates) water on compressive strength of concrete 
can be extended by varying the magnetic strength. The 
present investigation can be extended to make concrete of 
higher grades. Effects of magnetic saltwater on durability 
of concrete can be carried out. Nanostudies on the structure 
of water can be carried out. 
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Abstract -- The concept of cost effective and best quality 
service became a mantra for success of unaided Education 
Institutions in general and Technical Institutions in 
particular. Hence the processes that are being followed by 
these institutions are to be evaluated for the benefit of both 
the institutions and the Society. The Evaluation enables the 
institutions to rectify the lapses identified and adjust the 
process for continuously improving the quality of services. In 
this paper, a methodology for measuring the effectiveness of 
Technical Education through Program Educational 
Objectives and Program Outcomes is described. The 
formulated methodology is applied to graduate program in 
Computer Science and Engineering. The results so obtained 
are also described. 
 

Index Terms—Program Outcomes Evaluation, Program 
Educational Objectives Evaluation 

I.INTRODUCTION 

Since the last few years, there has been much hue and 
cry about quality of higher education in India.  The 
approach paper of the 12th Five Year Plan clearly argues 
that the focus should not only be on increased enrolment in 
higher education, but also on the improved quality of the 
expansion in higher education [1]. Accreditation and 
Ranking are two different forms of quality assurance or 
measurement [1]. Accreditation is to assure that quality of 
education, being offered by an institution, conforms to the 
well-defined standards set by the regulatory authority. 
National Board of Accreditation (NBA) [4] and National 
Assessment and Accreditation Council (NAAC) [5] are the 
two popular agencies in India for assessing the quality of 
education and accreditation of the institutions [1]. 
Accreditation is both a process and Status [3]. NBA, India 
has become the permanent signatory member of the 
Washington Accord on 13th June 2014 to get recognition 
for the quality of undergraduate engineering education 
offered in India [6]. 

The evaluation process by NBA involves Program 
educational objectives (PEOs) [2,8], Program outcomes 
(POs) [8], Course Outcomes [8] and mappings among 
them. PEOs   are broad statements that describe the career 
and professional accomplishments that the program is 
preparing graduates to achieve [2,8]. As an example, 
statements about Employable, Professionalism, 
Interdisciplinary, Continuous Learning and Adaptability 
are PEOs. Educational Institutions follow standard 
processes to establish PEOs. POs are narrower statements 
that describe what students are expected to know and be 

able to do by the time of graduation [8]. These relate to the 
skills, knowledge, and behaviors that students acquire in 
their graduation through the program. A well-defined 
process is generally adapted to identify POs. COs are 
narrower statements that describe what students are 
expected to know and be able to do at the end of each 
course [8]. NBA provides Format for Preparing Self-
Assessment Report [7] for Accreditation of UG 
Engineering Programs. It adapts well defined process [9] 
for Assessment and Accreditation of the Engineering 
Institutions based on the quality practices [10] followed by 
the Institution. A Methodology for Evaluation [2] of 
achievement of POs and PEO is described in this paper and 
it is applied to evaluate achievement levels of POs and 
PEOs for Graduate Computer Science and Engineering 
Program at CVR College of Engineering. 

This paper is organized as follows. Introduction is 
described in section 1. Section 2 briefs direct and indirect 
methods used in the evaluation. Computation methodology 
for evaluation of attainment level for POs is elaborated in 
Section 3. Methodology for PEOs achievement level 
computation is described in Section 4. The results of 
application of the methodology to Graduate Engineering 
Program in Computer Science and Engineering are 
provided as a case study in section 5. Section 6 describes 
Conclusions. 

II. METHODS FOR EVALUATION OF POS 

The program outcomes are assessed using direct and 
indirect methods of evaluation. The direct methods use 
marks and grades obtained in various courses, labs, 
seminars and projects that are done by the students in their 
graduate program. The indirect method is based on surveys 
conducted during and after their graduation. The weightage 
given to direct and indirect methods for calculating POs 
achievement levels is 70% and 30% respectively. 

A)  Direct Methods 

The direct methods of evaluation use following 
information 

 Course outcomes to Program outcomes mapping. 
 Results of following exams for each course 

o Mid -1 examination (M1) 
o Mid -2 examination (M2) 
o Mid -3 examination (M3) 
o External Examination 

 Results of Lab examinations for practical courses. 
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o Internal Lab examination 
o External Lab examination 

B)  Indirect Methods 

The indirect methods of evaluation use the following 
information 

 Course Level Surveys 
o Student Feedback (SF) survey 
o Course End (CS) survey 

 Program Outcome Level Surveys 
o Graduate Survey (GS) 
o Alumni Survey (AS) 
o Employer Survey (ES) 
o Parent Survey (PS) 

III. METHODOLOGY FOR PO ACHIEVEMENT LEVEL ASSESSMENT 

Each Program Outcome Achievement Level (POx) is 

assessed using the following formula 

Achievement Level (POx) =  

Course Level Direct Component + 

Course Level Indirect component + (1) 

POx Level Indirect Component 

The weightages given to Course level component, 
course level Indirect component and POx Level Indirect 
Component are 70%, 10% and 20% respectively. 

The course level direct component is computed using 
course weight and contribution of that course in achieving 
the program outcome. Each program outcome has a set of 
courses that contribute towards its achievement.  

The following are the formulae to compute the course 
level direct component and course level indirect 
component for particular program outcome Pox 

 

Course level direct component =  

 (2)  

 
 

Course level indirect component =     
Student feedback survey component (5%) + 

Course end survey Component (5%) (3) 
 

The following is the formula to compute the PO level 
Indirect component for particular program outcome POx 

POx Level Indirect component =     
Graduate Survey Component (5%)+  

Alumni Survey component (5%) +  

Employer Survey component (5%) + 

Parent Survey Component (5%).        (4) 

The “course weight” indicates the capability of the 
course in achieving a particular program outcome. The 
course weight value can be different for various program 
outcomes. It can be calculated for each course as follows 

 

Using data in Course outcomes to Program outcomes 
mapping table generate data for the following table for 
each program outcome 

TABLE – 1 
 

COURSE OUTCOMES TO PROGRAM OUTCOMES MAPPING TABLE 
 

Course 

Impact of course on PO 
Weighted 
Average 

Course 
Weight No of 

H’s 
No of 
M’s 

No of 
L’s 

Course-1 a b c (8a+4b+2c)/(a+b+c)  
      

      
      

Weighted Average =  

(8* no of H’s + 4* no of M’s +2* no of 

L’s)/ (no of H’s + no of M’s + no of L’s) 

Weightage of H, M and L are given as 8, 4 and 2 
respectively to reflect the variation in the impact of the 
course outcomes on specific program outcome. 

 
Total Weighted Average (W) = Sum of the weighted 

averages 

 

Course Weight =  

Weighted Average of the course/ 

Total Weighted Average  (5) 

 

The Program outcome achievement Level by  Course i (Xi) 

on scale of 10 is computed as follows 
 

Xi =  {[0.1 * (S/P) for M1] +[0.1 * (S/P) for M2] +  

[0.1 * (S/P) for M3] + [0.4 * (S/P) for E]}*10     

                                                                      (6) 

 

S= Number of students Passed in the exam. 

P= Number of students Participated in the exam. 

M1, M2,M3, E are the mid-1, mid-2, mid-3 and end 

examinations respectively for course i. 
The Program outcome achievement Level by Lab i (Li) 

on scale of 10 is computed as follows 
 

Li = {[0.3 * (S/P) for I] +[0.4 * (S/P) for E]}*10      

(7) 

S= Number of students Passed in the lab examination. 

P= Number of students Participated in the lab examination. 

I, E are the internal and external examinations respectively 

for lab i. 

 
Using formulas 5,6 and 7, Course level direct 

component in formula 2 can be computed 

 
Student Feedback Survey Component can be computed 

for each program outcome using following methodology 
 

A) Create The Following Table for Each PO, Say Pox 
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TABLE – 2 
TABLE TO COMPUTE STUDENT FEEDBACK SURVEY 

 

Courses 
for POx 

 

Actual Values Normalized values 

H M1 M2 L H M1 M2 L 

Course 1 a  b c d a1 b1 c1 d1 

Course 2                 

                  

                  

                  

                  

Course k                 

     H M1 M2 L 
 

The actual values such as a, b, c, d for each course can 
be obtained from the feedback survey forms for that 
course. 

 

Normalized value =  (Actual Value /  

sum of Actual Values)*100 
 

Example : a1= [a/(a+b+c+d)]*100 
b1= [b/(a+b+c+d)]*100 
c1= [c/(a+b+c+d)]*100 
d1= [d/(a+b+c+d)]*100 

 

B) Perform following Computations for POx 

 

T = H + M1+ M2+ L    

= k*100.   

Where k is the number of courses for POx 

 

Contribution of  H in achieving  POx = ( H/T)*5  f1 
Contribution of  M1 in achieving  POx = ( M1/T)*4 f2 
Contribution of  M2 in achieving  POx = ( M2/T)*2 f3 
Contribution of  L in achieving  POx = ( L/T)*1  f4 

 
Feedback survey component for POx = f1+f2+f3+f4      

(8) 

Similarly, Course End Survey Component can be 
computed for each program outcome. 

 
C) Create the following table for each PO, say Pox 

TABLE – 3 
TABLE TO COMPUTE COURSE END SURVEY 

 

Courses 
for POx 

 

Actual Values Normalized values 

H M1 M2 L H M1 M2 L 

Course 1 a  b c d a1 b1 c1 d1 

Course 2                 

                  

                  

                  

                  

Course k                 

     H M1 M2 L 

The actual values such as a, b, c, d for each course can 
be obtained from the course end surveyforms for that 
course. 

 

Normalized value =  (Actual Value /  

sum of Actual Values)*100 
 

Example : a1= [a/(a+b+c+d)]*100 
b1= [b/(a+b+c+d)]*100 
c1= [c/(a+b+c+d)]*100 
d1= [d/(a+b+c+d)]*100 

 

D) Perform following Computations for POx 

 

T = H + M1+ M2+ L    

= k*100.   

Where k is the number of courses for POx 

 

Contribution of  H in achieving  POx = ( H/T)*5  f1 
Contribution of  M1 in achieving  POx = ( M1/T)*4 f2 
Contribution of  M2 in achieving  POx = ( M2/T)*2 f3 
Contribution of  L in achieving  POx = ( L/T)*1  f4  

 
Course end survey component for POx = f1+f2+f3+f4    

(9) 

 
Using formulas 8 and 9 course level indirect component in 
formula 3 can be computed 

 
Indirect Level Component for each PO can be computed 
using the following procedure 

 

E) Create The Following Table For Each  PO, Say POx 
 

TABLE – 4 
TABLE TO COMPUTE INDIRECT LEVEL COMPONENT 

 
Survey for 

POx 
 

Actual Values Normalized values 

H M1 M2 L H M1 M2 L 

Graduate 
Survey(GS) a  b c d a1 b1 c1 d1 

Alumni 
Survey (AS)                 

Employer 
Survey (ES)                  

 Parent 
Survey (PS)                 

     H M1 M2 L 

 
The actual values such as a, b, c, d for each survey can 

be obtained from the respective survey forms for that 
Program Outcome. 

 
Normalized value =  (Actual Value /  

sum of Actual Values)*100 

 
Example : a1= [a/(a+b+c+d)]*100 
  b1= [b/(a+b+c+d)]*100 
  c1= [c/(a+b+c+d)]*100 
  d1= [d/(a+b+c+d)]*100 
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F) Perform following Computations for POx 

 
T = H + M1+ M2+ L 

    = 4*100.   

 
Contribution of  H in achieving  POx = ( H/T)*20  f1 
Contribution of  M1 in achieving  POx = 
( M1/T)*15 f2 
Contribution of  M2 in achieving  POx = 
( M2/T)*10 f3 
Contribution of  L in achieving  POx = ( L/T)*5 f4 

 
POx Level Indirect Component (in formula 4)=  

f1+f2+f3+f4    

(10) 

 

 

Now POx Achievement Level in formula 1 can be 
computed using the results of formulas 2, 3 and 4. 

 
The above methodology for computing PO achievement 

level can be applied for all Program Outcomes. 

4. METHODOLOGY FOR PEO ACHIEVEMENT LEVEL ASSESSMENT 

The Program Educational Objectives are assessed using the 

information from the following tables. 
 

 PEO’s Vs PO’s mapping table. 

 PEO’s Vs Courses mapping table. 

 PO’s Vs Courses mapping table. 

 

Using information from the above tables, create following 

table for each PEO say PEOx 

PO's Subjects 

Impact 
of 

Subject 
on PEOx 

Total 
Count Weighted 

Average 
PO 

Weight 
H M L 

PO-1 

Subject-1 H a b c 

W1=(8a+4b
+2c)/(a+b+c

) 
W1/G 

Subject-2 M    
.      
.      
.      

Subject-k L    

PO-2 

Subject-1 H p q r 

W2=(8p+4q
+2r)/(p+q+r) 

W2/G 

Subject-2 M    
.      
.      
.      

Subject-n L    

. . . . . . . . 

. . . . . . . . 

. . . . . . . . 

PO-12 

Subject-1 H x y z 

W12=(8x+4
y+2z)/(x+y+

z) 
W12/G 

Subject-2 M    
.      
.      
.      

Subject-m L    

      G=W1+W2+…+W12 
 

Using PO weight column from the above table and PO 
achievement level for all PO’s, the PEOx Achievement 
level can be computed  using the following formula 

 

 

V. CASE STUDY 

As a case study, the methodology described is applied to 
evaluate achievement levels of POs and PEOs for graduate 
Computer science and engineering program at CVR 
College of Engineering. Five PEOs, Twelve POs, 79 
Courses and Outcomes for each Corse were identified 
through well defined process [11]. Mappings among PEOs, 
POs, Courses and COs were done [11]. The data required 
to compute direct and indirect level components are 
collected [11]for three batches of Computer Science and 
Engineering graduates, 2009-2013, 2010-2014, 2011-2015. 
Summarized Results [11] obtained after evaluation of POs, 
PEOs for the three batches of the graduates are given 
above. The achievement level of PEOs are the indicators to 
show potential of the graduates to succeed in their career. 
These values need to be validated through collection and 
processing of the relevant data from concerned alumni for 
few years after three years of their graduation. 
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VI. CONCLUSION 

In view of expansion of engineering education 
institutions, it is desirable to have a methodology to assess 
the quality parameters for sustaining and continuously 
improving the quality of education. The methodology 
proposed in this paper is a step towards assessing quality 
parameters such as program outcomes and program 
educational objectives. The methodology has incorporated 
both direct and indirect tools of evaluation. The marks 
obtained in a course are considered as achievement level of 
the course outcome. The methodology is well elaborated 
and applied to graduate program in computer science and 
engineering. The results shows that there is continues 
improvement in both program outcomes and program 
educational objectives for three batches of graduate 
computer science and engineering students. This 
methodology has assumed that mapping of course 
outcomes to program outcomes, courses to program 
educational objectives and program outcomes to program 
educational objectives are done correctly. This 
methodology can be enhanced to include evaluation of 
course outcomes by establishing mapping of course 
learning objectives to course outcomes and assessing the 
level of achievement of course outcomes based on 
performance of the students in relevant experiments done 
and questions answered during regular evaluation when the 
course is offered to them. 
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Abstract: As our use of computer continues to grow, need for 
storing large amount of data efficiently increases day by day. 
Image compression has become a necessary step for making 
better use of available storage and transmission bandwidth. 
This paper presents image compression using discrete wavelet 
transform(DWT) implementation using VERILOG. 
Decompression algorithm is implemented using inverse 
wavelet transform (IDWT). Here we used sub-band coding to 
implement wavelet transform. By using DWT we get high 
compression ratios. The results of VERILOG arediscussed in 
this paper. 

  
Keywords: Image compression, Discrete Wavelet Transform 

(DWT),Inverse Discrete Wavelet Transform (IDWT), 
Compression Ratio(CR) and sub-band coding 

I. INTRODUCTION 

Data compression is the process of converting data 
files into smaller files for efficiency of storage and 
transmission. As one of the enabling technologies of the 
multimedia revolution, data compression is a key to rapid 
progress being made in information technology. It would 
not be practical to put images, audio and video alone on 
websites without compression. Data compression 
algorithms are used in those standards to reduce the 
number of bits required to represent an image or video 
sequence. Compression is necessary and essential method 
for creating image files with manageable and transmittable 
sizes. In order to be useful, a compression algorithm has a 
corresponding decompression algorithm that, given the 
compressed file, reproduces the original file. There are 
many types of compression algorithms developed. These 
algorithms fall into two broad types: lossless algorithms 
and lossy algorithms. A lossless algorithm reproduces the 
original exactly. A lossy algorithm loses some data. Text 
compression must be lossless because a very small 
difference can result in statements with totally different 
meanings. There are also many situations where loss may 
be either unnoticeable or acceptable. In image 
compression, for example the exact reconstruction of each 
sample of the image is not necessary. Depending on the 
quality required of each sample of the image, varying 
amounts of loss of information can be accepted.  

Since the input signal (e.g., a digital image) is 
processed by a digital computing machine, it is prudent to 
define the discrete version of the wavelet transform. To 
define the wavelet in terms of discrete values of the 
dilation and translation parameters ‘a’ and ‘b’ instead of 
being continuous, make a and b discrete. 

(1) 

Where m and n are integers. Substituting a and b in Eq. 
3.1 by Eq. 4.1  the discrete wavelets can be represented by 
Eq.( 4.2).  
 

  
   )nbt(a a(t) 0

m

0
-m/2

0nm,                 
(2) 

In general, the wavelet coefficients for function f (t) are 
given by  

nb0)dt t(af(t)a(f)C
m

0

m/2

0nm,             (3)
 

II. ONE DIMENSIONAL DWT ARCHITECTURE 

The discrete wavelets transform (DWT), which 
transforms a discrete time signal to a discrete wavelet 
representation.The 1-D DWT is given as the inner product 
of the signal f (t) being transformed with each of the 
discrete basis functions. [2], [7] 
 

          (t) f(t)C nm,nm,                          (4) 

 
Figure 1: One Dimensional DWT 

The generic form of 1 D DWT is shown in above 
figure1. Here the discrete signal is passed through low pass 
and high pass filters H and G then down sampled by factor 
2 completes forward wavelet transform [6], [7] . Here the 
low pass filtering and down sampling means averaging 
operation. Low pass signal contains approximation 
coefficients which contain important information of 
original signal. High pass filtering and down sampling 
means differencing operation. High pass signal consists of 
detail coefficients which contain very less information of 
original signal.  
The low pass filter (H) and high pass filter (G) in one 
dimensional forward dwt combined and it called as analyze 
filter bank [6], [7]. 
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III. ONE DIMENSIONAL IDWT ARCHITECTURE 

The 1-D Inverse DWT given as 
 

  )t()f(C  )t(f n,mn,m

m

 

n                    (5) 

 
 

Figure 2 : One Dimensional IDWT 

The generic form of 1 D IDWT is shown in  figure 2. 
The low pass filter (H1) and high pass filter (G1) in one 
dimensional Inverse DWT combined and it is called as 
decomposition filter bank [2], [7]. 

Here input is output of one dimensional DWT. The low 
pass signal and high pass signal passe’s through up 
sampler first followed by decomposition filter bank next. 
By combining the outputs of low pass filter (H1) and high 
pass filter (G1) ,we can get original signal back. [8] 

IV.DWT FOR TWO – DIMENSIONAL SIGNAL 

The two-dimensional extension of DWT is essential for 
transformation of two-dimensional signals, such as a 
digital image. A two-dimensional digital signal can be 
represented by a two-dimensional array x (m, n) with m 
rows and n columns, where m and n are nonnegative 
integers. The simple approach for two dimensional 
implementation of the DWT is to perform the one-
dimensional DWT row-wise to produce an intermediate 
result and then perform the same one-dimensional DWT 
column-wise on this intermediate result to produce the 
final result [11]. This is shown in Figure4. 3. [2],[3],[4]. 
 

 
Figure 3: Level One DWT for Image 

 

The above diagram shows forward wavelet transform 
of level 1 [8]. In this diagram ‘H’ represents low pass 
filter, ‘G’ represents high pass filter. The both filters are 
combined  called as analyze filter bank. Here input is 
image which is 2 dimensional signals denoted by x (m, n). 
Then apply one dimensional DWT row wise and down 
sampling divides input image into two bands. Low pass 
filtering band contains very important information which 
looks like image and high pass filtering part contain very 
less information which look like noise. Then similarly 
applying one dimensional DWT column wise completes 
the level 1 DWT for image. [3]Here input is original image 
and output is compressed image. 

V. IDWT FOR TWO – DIMENSIONAL SIGNAL 

The below figure.4 shows Inverse wavelet transform of 
level 1. In this diagram ‘H1’ represents low pass filter, 
‘G1’ represents high pass filter. Both filters are combined 
called as synthesize filter bank. First we have to apply 1 D 
DWT column wise to compressed image then apply 
followed by row wise .This completes the level 1 
IDWT.Input to this block is output of level 1 DWT image 
means compressed image. This compressed image then 
apply to up sampler first then followed by synthesize filter 
bank in column wise. This output is again given to up 
sampler followed by synthesis filter bank in row wise. We 
can interchange the order of columns and rows. The output 
is reconstructed image. Reconstructed image size is same 
as original image size. 

 
 

Figure 4: Level One IDWT for Image 

VI. HAAR WAVELET TRANSFORM 

Consider a, b are pixel values of image. Then forward 
HAAR wavelet transform contain two parts which are 
smoothing coefficients and detail coefficients, denoted by 
S and D respectively[9],[10] 

b)/2(aD

b)/2(aS
                 (6) 

We have to apply above algorithm to all pixel values of 
the image; it completes image compression using forward 
DWT. Smoothing coefficients obtained by low pass 
filtering and down sampling by factor of ‘2’. Low pass 
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filtering coefficients contain very important information of 
image. We can  reconstruct whole image with only low 
pass filtering coefficients. Detail coefficients obtained by 
high pass filtering and down sampling by factor of ‘2’. 
High pass filtering coefficients contain very less 
information of image. We neglect these coefficients if want 
high compression. 

The image reconstruction is obtained by Inverse 
Discrete Wavelet Transform (IDWT). 

D)(Sb

D)(Sa
                (7) 

VII. VERILOG IMPLEMENTATION OF DWT 

 
Figure 5: Block diagram for image Compression 

Fig. 5 shows Block diagram of image compression 
using Discrete Wavelet Transform (DWT) in 
VERILOG.Here memory 1 is input memory where we 
store input image in text format. Generally image is two 
dimensional signal of size (m x n), where ‘m’ is number of 
rows and ‘n’ is number of columns. But VERILOG HDL 
language does not support two dimensional memories, but 
supports only one dimensional memory. So we need to 
convert two dimensional memories to one dimensional 
memory. By using MATLAB, input image is converted to 
binary text file. If input image is of size  (8x8) which is 
two dimensional then by using MATLAB we convert it to 
(64x1) binary text file which is one dimensional, used for 
DWT operations in VERILOG. Each pixel value of the 
image is represented by 9 bits. 

We apply above HAAR wavelet transform DWT & 
IDWT algorithm in between two pixels of entire image 
row wise followed by column wise completes compression 
of image using Discrete Wavelet Transform (DWT).  

The outer view of DWT Block which is implemented 
in VERILOG is shown in fig 6. Here ‘clk’ is clock signal 
which is common for all inner blocks of DWT, ‘memrd’ is 
used for reading pixel values from memory to perform 
operations according to equations  and ‘memwr’ is used for 
writing the resultant pixel values  in memory. Here mem2 
is output memory to display output pixel values. 

 
Figure 6: DWT block 

DWT Block consists two sub blocks,Pixel Averaging 
Unit and Pixel Subtraction Unit. 

A)  Pixel Averaging Unit 

 

 

Figure 7: Pixel Averaging Unit 

Pixel averaging unit is to perform average of two 
pixels. In above figure, p1 and p2 are input pixel values, 
clk is clock signal and pout is output pixel value after 
performing averaging operation. Here input pixel values in 
form of binary and ‘9’ bits are required to represent each 
pixel value. 
 

 
Figure 8: Inner view of Pixel Averaging Unit 

Pixel average unit consists two blocks in it as shown in 
figure 8. The first block is ‘Right shifter’ which helps to 
perform dividing operation. Andthe second block is ‘9 bit 
binary’ adder which helps to add two right shifted versions 
of pixel values. These two blocks implement 

(
22

21 pp
), same as smoothing coefficient calculation 

given in equation 6. 

B)  Pixel Subtraction Unit 

 

Figure 9: Pixel Subtraction Unit 

Pixel subtraction unit is to perform subtraction of two 
pixels. In above figure, p1 and p2 are input pixel values, 
‘clk’ is clock signal and pout is output pixel value after 
performing averaging operation and ‘psub’ is output of 
pixel subtraction unit. Here input pixel values in the form 
of binary and ‘9’ bits are required to represent each pixel 
value. 
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Figure 10: Inner view of Pixel Subtraction Unit 

Pixel subtraction unit contain two blocks in it. Right shifter 
is followed by 9 bit sub tractor. The output of pixel 

subtractor unit is (
22

21 pp
) where p1 and p2 are pixel 

values of image, same as equation 6. 
 

 
 

Figure 11: Connections inside the DWT block 

This pixel averaging and subtraction units are connected in 
DWT block to complete the Forward DWT for two 
dimensional signals (image) for rows and columns 
separately. The figure.11 shows the connections of Pixel 
averaging and subtraction units in DWT block. 
 

 
 

Figure 12: Simulation results of DWT block 

C) IDWT Implementation In VERILOG 

 
Figure 13: Block diagram for image Reconstruction 

IDWT block includes one binary adder and binary sub 
tractor to perform operations on the output of DWT block 
(smoothing and detail coefficients) pixel values as given in 
equation 3 and 4. 

The pixel values of reconstructed image are stored in 
binary text file in memory as one dimensional. We see the 
results using MATLAB by converting one dimensional 
memory to two dimensional memory.  Have been taken 
(64X64) Lena image as shown fig 14(a) After applying 
DWT algorithm, the compressed DWT image is as shown 
in fig 14 (b). Then has been taken only LL part of image to 
reconstruct the original image it is shown in fig 14 (c). The 
error between original and reconstructed is as shown in fig 
14 (d). Here compression ratio of 4 was obtained. 

 

 
(a) (b) 

 
©                                             (d) 

Figure 14: image compression results 

Taking total parts of fig 14 (b), then the reconstructed 
image is shown in fig 15. Here image quality increases but 
compression ratio is decreased to 1. 

 
Figure 15: recontructed image using all parts of DWT 

Simlarly, The same (64 X64) DWT and IDWT 
algorithms to (128 X 128) image with 4 iterations has been 
taken. The results are shown in fig 16.Figure 16(a) shows 
the original image and figure 16(b) shows the 
reconstructed image with compression ratio of 4.   The 
figure 16 (c) shows the error between orginal and 
reconstructed image 
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                          (a)       (b) 

 
© 

Figure 16: results for Lena (128X128) 

VII CONCLUSIONS 

The need for efficient ways of storing large amount of 
data is increasing day by day. For example, if we want to 
have a web page or online catalog having hundreds of 
images, we essentially look for some kind of image 
compression to have those images stored. This is because 
the amount of space required holding uncompressed image 
costs more. In this paper we discussed how image 
compression is done in VERILOG HDL language. Image 
compression and reconstruction are displayed in this paper. 

We observe that as the size of image is increasing, we 
get better reconstructed image quality. 

REFERENCES 

[1.]  RatchakitSakuldee and SomkaitUdomhunsakul, “Objective 
Performance of Compressed Image Quality Assessments”, 
World Academy of Science, Engineering and Technology 
35 2007 

[2.] http://en.wikipedia.org/wiki/Discrete_wavelet_transform. 
[3.] Jyotishman Das, “Lossless performance of image 

compression using 2D DWT” 
[4.] Amir Averbuch, “wavelet Compression”, School of 

Computer Science Tel-  Aviv University 
[5.] Kamrul Hasan Talukder and Koichi Harada, “Discrete 

Wavelet Transform for Image Compression and A Model 
of Parallel Image Compression Schemefor 
FormalVerification”, WCE 2007, July 2 - 4, 2007, London, 
U.K. 

[6.]  Chao-Tsung Huang, Po- Chih Tseng, and Liang-Gee 
Chen,” Analysis and VLSIArchitecture for 1-D and 2-D 
Discrete Wavelet Transform”. IEEETransactions onSignal 
Processing, vol. 53, No. 4, April 2005 

[7.] Sanjay kumarMitra, “Digital Signal Processing”, Fourth 
edition, pp 15-56,2010 

[8.]  Bryan E. Usevitch, “A Tutorial on Modern Lossy Wavelet 
Image Compression:Foundations of JPEG 2000”. 

[9.]  P. Raviraj and M.Y. Sanavullah,” The Modified 2D-Haar 
Wavelet Transformation in Image Compression”, Middle-
East Journal of Scientific Research 2 (2): 73-78, 2007. 

[10.] Nidhi Sethi, Ram Krishna and Prof R.P. Arora , “Image 
Compression Using  HaarWavelet Transform”, Computer 
Engineering and Intelligent Systems,   ISSN 2222-171 



ISSN 2277 – 3916                       CVR Journal of Science and Technology, Volume 9, December 2015 
 
 

26 CVR College of Engineering      

 

Design of Digital Filters in FPGA using High Level 
Synthesis  

G Ravi Kumar Reddy, Assistant Professor. 
CVR College of Engineering College, ECE, Hyderabad, India. 

Email: ravigrkr@gmail.com 
 

Abstract—This work is aimed at the high level synthesis of 
FPGA based IIR digital filters using Vivado HLS produced 
by Xilinx and HDL coder produced by Math works. The 
higher layer model of the filter was designed in Vivado HLS, 
MATLAB and simulink. Simulations, verification and 
synthesis of the RTL code were done for both the tools. 
Further optimizations were done so that the final design 
could meet the area, timing and throughput requirements. 
The resulting designs were later evaluated to see which of 
them satisfies the design objectives specified. The present     
work has revealed that Vivado HLS is able to generate more 
efficient designs than the HDL coder. Vivado provides the 
designer with more granularity to control scheduling and 
binding, the two processes at the heart of HLS. In addition, 
both tools provide the designer with transparency from 
modeling up to verification of the RTL code. HDL coder did 
not meet timing. Vivado HLS on the other hand met the 
timing requirements.  

 

Index Terms— FPGA, HDL, HLS, Synthesis, RTL, MATLAB, 
IIR. 

I.Introduction 

Electronic products currently are composed of highly 
complex designs in such areas as; communication, control, 
medical, defense and consumer electronics. They feature in 
applications such as digital signal processing (DSP), 
communication protocols, soft processors etc. Many DSP 
algorithms such as FFTs, FIR or IIR, which were 
previously built using application specific integrated 
circuits (ASICs) can be built on FPGAs with very high 
flexibility. In addition, these devices offer better economic 
prospects as compared to the ASICs. Consequently designs 
that were previously implemented on ASICs have 
experienced a move to the reconfigurable technology. 
These designs have become increasingly complex and are 
stretching the boundaries of device density, design 
performance and device power consumption. It is always 
the objective of designers to minimize costs by utilizing 
device resources appropriately to meet design objectives. 
In addition, given the shortened windows of design 
development time, it is very important to hit the target for 
the design objectives within the allocated time and 
schedule. Many downstream problems can be avoided with 
an appropriate methodology during the design flow. By 
taking appropriate steps early in the design phase, 
significant design productivity and minimized iterations 
can be achieved. It is therefore important to utilize tools 
that offer a good design methodology and provide proper 

estimates of project viability, cost and design closure early 
in the design phase [8].  

In the applications of ABB HVDC (High Voltage 
Direct Current), voltage and current measuring IO-units in 
the Modular Advanced Control for HVDC system 
(MACH) [9] perform digital filtering of analog signals 
after analog to digital conversion. The filtering in the 
digital domain is done by Digital Signal Processors (DSP) 
and / or Field Programmable Gate Arrays (FPGA). An 
efficient way for filter designing is using VHDL (Very-
high-speed integrated- circuits Hardware Description 
Language). When filters are implemented in FPGAs, the 
corresponding VHDL-code is usually written at Register 
Transfer Level (RTL) which is thereafter synthesized into 
logic gates. This means that the filter architecture and 
characteristics need to be determined before the 
implementation is done. Also, once the implementation is 
done, an architectural change on the filters may cause a 
large impact on the implementation, and may result in a 
change of most of the RTL-code. 

There is plenty of High Level Synthesis (HLS) tools 
available for FPGA design on the market today e.g. HDL 
coder tool, Vivado HLS tool, Catapult e.tc. An HLS tool 
usually takes in a higher level language description, for 
example in C, C++, MATLAB /Simulink or System-C and 
then based on directives, translates the high level code into 
RTL-code which can then be synthesized into logic gates. 
With this methodology, one can easily make changes in an 
algorithm and/or directives, and have the tool 
automatically regenerate the RTL-code. 

II. FPGA design Overview 

The Field-Programmable Gate Array (FPGA) is a 
Prototype device that can be programmed after 
manufacturing. Instead of being restricted to any 
predetermined hardware function like an application 
specific integrated circuit (ASIC), an FPGA allows a 
designer to program functions and product features, adapt 
it to new standards, and reconfigure the hardware 
technology for specific applications even after the product 
has been installed in the field-hence the name "field-
programmable". The FPGA configuration is generally 
specified using a hardware description language (HDL). 
FPGAs can be used to implement any logical functions that 
ASICs perform. In addition, the ability to update the 
functionality after shipping offers advantages for many 
applications as compared to the ASICs. Specifically 
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FPGAs offer the following advantages as compared to the 
ASICs. 

FPGAs contain programmable logic components called 
"logic blocks or Logic elements", and a hierarchy of 
reconfigurable interconnects that allow the blocks to be 
"wired together" - somewhat like many changeable logic 
gates that can be inter-wired in many different 
configurations. Logic blocks can be configured to perform 
complex combinational functions, or merely simple logic 
gates like AND and XOR. In most FPGAs, the logic 
blocks also include memory elements, which may be 
simple flip-flops or more complete blocks of memory as 
shown in figure 1. Unlike previous generation FPGAs 
using I/Os with programmable logic and interconnects, 
today's FPGAs consist of various mixes of configurable 
embedded SRAM, high-speed transceivers, high-speed 
I/Os, logic blocks, and routing [5] . 

 

 
 

Figure 1: Modern FPGA Architecture 

III.Filter Realization 

As a general rule, linear time-Invariant (LTI) systems 
can be classified into either finite impulse response (FIR) 
or infinite impulse response (IIR) depending on whether 
their operations have finite or infinite response duration. 
Additionally, depending on the application and hardware, 
the filtering operation can be organized to operate either as 
a single block or as a sample by sample process. With 
block processing, the input signal is considered to be a 
block of many samples. Essentially the block is filtered by 
convolving it with the filter input, and the output is also 
obtained as a block of samples. In cases where the input is 
very large, it can be broken down into multiple blocks, 
filtered and then the output blocks pieced together again. 
This can be implemented by ordinary convolution or fast 
convolution algorithms. 

In the sample processing case, the input samples are 
processed one at a time as they arrive at the input. In this 
scenario the filter operates like a state machine by utilizing 
the current sample together with current internal state of 
the filter to compute the current output sample. It also 
updates the current internal state in preparation for 
processing of the next sample. This paper expounds on the 
concepts of the sample by sample processing technique to 

develop a high level language (HLL) for a filter used in an 
instrumentation application on the MACH 2 platform. 

In general FIR filters have an impulse response ( ) 
that extends over a finite duration interval say 0    , 
and is identically equal to zero elsewhere i.e. { 0, 1, 2, 
… , 0, 0, 0, 0, … }.  M is referred to as the order of the 
filter and the impulse response coefficients [ 0, 1, 2] are 
referred to as filter coefficients. In general the filter 
equation for the FIR filters is given by 

M

mnxmhny
0

)()()(  

or, explicitly as 
 

)()2()1()()( 210 Mnxhnxhnxhnxhny M  

     Thus the I/O equation is obtained as a weighed sum of 
the present input sample and the past M samples. IIR filters 
on the other hand have the impulse response ( ) that 
extends over an infinite duration defined over the infinite 
interval 0    . In general the equation for IIR filters is 
given by 

0

)()()( mnxmhny  

Or, explicitly as 

)2()1()()( 210 nxhnxhnxhny  

This I/O equation is not computationally feasible since 
practical systems cannot deal with an infinite number of 
terms. Therefore, practical implementations normally 
restrict their attention to a subclass of IIR filters in which 
the infinite number of filter coefficients { 0, 1, 2, … } 
are not chosen arbitrarily, but rather they are coupled to 
each other through constant coefficient linear difference 
equations. With this subclass of IIR filters, their I/O 
equation can be rearranged as a difference equation 
allowing the efficient recursive computation of the output 

( ). Practical implementations are normally concerned 
with filters that have impulse responses ( ) that satisfy 
the constant-coefficient difference equations of general 
type: 
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The convolution equation can be written as: 
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Or, explicitly as 
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And in general one can think of FIR filters as a special 
case of IIR filters whose recursive terms are absent i.e. 

0,,, 21 Maaa . 
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This paper is concerned with IIR filters since the current 
design implementation is an IIR filter. The equivalent 
transfer function of the IIR filter can be represented as; 
 

M
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For a second order filter, the general form of the transfer 
function is  
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In addition, filters can be realized in different ways 
such as:1) Direct form, 2) Canonical form and 3) Cascade 
form. The IIR filter for which this investigation is 
performed is a cascade of seven second order sections, 
realized in direct form II (canonical form). The design is 
targeted for the 45nm low power process technology 
FPGAs which are optimized for cost, power, performance 
and most efficient utilization of low-power copper process 
technology [1]. The filter is targeted for use in the voltage 
and current measuring IO-units in the MACH control 
system that performs digital filtering of signals after analog 
to digital conversion. The system of equations (difference) 
for the second order section of the filter are shown as  
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The cascade realization form of a general second order 
function assumes that the transfer function is the product of 
such second order transfer functions as shown above. In 
general any transfer function that can be factored into 
second order filters with real valued coefficients. 
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The current design is of order 14 and therefore, since the 
cascade is of second order sections, then  = 7.  
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The design upon which the first evaluation of the tools 

is made is the second order section of the filter as shown in 
the diagram in figure 2. This filter is an anti-aliasing filter 
that is placed between the DSP and the ADC. The ADCs 
sample at approximately 500 kHz whereas the filter 
outputs to the DSP run at a configurable rate depending on 
the measuring board. Typical values could be 50, 100 or 

125 kHz. This is the fundamental reason why the anti-
aliasing filter is needed between the DSP and the ADCs. 
The design of the filter is such that all the coefficients and 
internal states (delay registers), are stored in RAM. The 
coefficients and decimation parameter of the filter (g0, a1, 
a2, b0, b1, b2, ds) are configurable externally by the DSP 
and it is therefore possible to change the characteristics of 
the filter depending on which measuring board the 
communication board is piggybacked on. The filter block 
performs data filtering (anti-aliasing) as well as storage of 
filtered values and internal states into the DRAM. 

The current implementation of the design utilizes one 
multiplier, one adder and one subtractor in a pipelined 
fashion in order to save the FPGA resources. It is the goal 
of this investigation to be able to achieve these resource 
restrictions while satisfying the timing of 100MHZ. 
 

 
Figure 2. Second Order Section (SOS) of the IIR filter 

IV. Vivado High Level Synthesis 

Vivado High Level Synthesis is Xilinx’s HLS tool for 
transforming a C, C++ or SystemC specification into an 
RTL implementation which can then be packaged as an 
Intellectual Property (IP) core or exported as RTL source 
code for synthesis. This adds an extra layer of abstraction 
above the traditional RTL coding approach. The 
fundamental reason why the FPGA community has moved 
from one abstraction level to the next is to manage the 
complexity of the designs. The move is such that each 
added abstraction layer hides some complexity of the 
corresponding implementation step. The RTL description 
captures the desired functionality by defining data path and 
logic between boundaries of registers. RTL synthesis 
creates a netlist of Boolean functions to implement the 
design. The focus of the RTL abstraction layer is to define 
a functional model for the hardware [7]. A functional 
specification would therefore remove the need to define 
the register boundaries in order to implement a desired 
algorithm.  

The designer’s goal is now focused on only specifying 
the desired functionality. In Vivado HLS, moving up the 
design hierarchy to use the functional specification for 
creating RTL descriptions provides productivity in both 
verification and design optimization [2].  High-Level 
Synthesis shortens the manual RTL creation process and 
avoids translation errors by automating the creation of 
RTL from a functional specification. High-Level Synthesis 
automates RTL architecture optimization, allowing 
multiple architectures to quickly be evaluated before 
committing to an optimum solution. C based entry is the 
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most popular mechanism to create functional specifications 
and Vivado HLS currently supports to a synthesizable 
level all three C input standards(C, C++ and SystemC). 
This enables it to simulate C code with minimal 
modifications.  

As described in [3], the Vivado HLS tool performs two 
distinct kinds of synthesis on the design; Algorithm 
synthesis takes the content of the functions and synthesizes 
the functional statements into RTL statements over several 
clock cycles. This type of synthesis typically builds the 
algorithm and is significantly affected by the interface 
level synthesis described below[4]. Interface synthesis 
transforms the function arguments (or parameters) into 
RTL ports with specific timing protocols, allowing the 
design to communicate with other designs in the system. 
The types of interfaces that can be synthesized are wire, 
Register one way and two way handshakes, Bus, FIFO and 
RAM. In addition, functional level protocols that dictate 
when a function can start or end can be synthesized. 

A) Area Optimization in Vivado HLS 

The design objective of this exercise in terms of area 
optimization is to be able to utilize one multiplier, one 
adder and one subtractor in a pipelined fashion in order to 
save the FPGA resources. This measure comes as a design 
specification set in the current solution to minimize 
resource usage on the FPGA. It suffices to say therefore 
that the tool chosen for use ultimately should be able to 
meet at least these basic requirements for this simple 
design. Vivado HLS comes with a set of directives that a 
designer can use to control the operators,resources, the 
binding process and the binding effort level [3]. The first 
activity is to limit the number of operators used in the 
design. In order to do this, Vivado uses the command 
set_directive_allocation [OPTIONS] <location> 
<instances>. This command specifies the instance 
restrictions for resource allocation. It defines, and can 
limit, the number of RTL instances that are used to 
implement specific functions or operations.  The 
set_directive_allocation command can either be embedded 
in the source code as #pragma or placed in the directives 
tcl file. Both options are configurable using the HLS 
command line interface or the HLS GUI. In this exercise, 
the first option is preferred so that the directives are carried 
over across different solutions. Table 1 shows a 
comparison between the generated design and the hand 
coded design. 
 

TABLE .1  
RESOURCE USAGE STATICS FOR THE CURRENT DESIGN AND THE 

GENERATED DESIGN 
. 

Resource Current Design Generated Design 

Slices 150 160 
LUTS 277 398 

FF 486 417 
DSP 4 4 

BRAM 0 0 
SRL 18 19 

Overall the Vivado HLS tool achieves almost the same 
resource utilization as the handwritten code. In the table 
above, there are a rise in the used slices by 10, a rise in the 

used LUTS by 121, a reduction in the number of FF by 69 
and a rise of SRLs by 1. In percentages of available 
resources on the device, as calculated by ISE, the device 
utilization of the two designs is the same. In conclusion, it 
is reasonable to say that one can achieve very good area 
optimization with appropriate directives in the C/C++ 
design. 

B) Timing Optimizations 

Both designs exceed the timing requirement by a very 
good margin; however the current handwritten design 
achieves a higher operation frequency of 129.467MHZ as 
compared to 114.338MHZ in the generated design. It is 
however important to note that the timing requirements of 
the generated code can be altered as quickly as the design 
can be regenerated which is comparably difficult when it 
comes to adjusting timing requirements for handwritten 
RTL designs in general. For more details about the timing 
results see following timing reports shown in figure 3. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 3: Static Timing Reports for the generated design and current 

design 
 

C) Latency and Throughput Optimizations 

Overall the latency and the iteration interval for the 
current design and the generated design are equal, however 
the value for the delay register zero of the filter gets ready 
after 14 clock cycles in the generated design as compared 
to 8 clock cycles in the handwritten RTL code. 
This value cannot be improved since latency and 
throughput constraints cannot be specified for this single 
output value. The tables 2 and 3 illustrate the Latency and 
throughput values.  

 
 
 

Static Timing Report for the generated design: 
Timing summary: 

--------------- 

Timing errors: 0 Score: 0 (Setup/Max: 

0, Hold: 0) 

Constraints cover 19793 paths, 0 nets, 

and 2299 connections 

Design statistics: 

Minimum period: 8.746ns{1} (Maximum

frequency: 114.338MHz) 

 

Static Timing Report for the current design:
Timing summary: 

--------------- 

Timing errors: 0 Score: 0 

(Setup/Max: 0, Hold: 0) 

Constraints cover 17411 paths, 0 

nets, and 1826 connections 

Design statistics: 

Minimum period: 7.724ns {1} (Maximum

frequency: 129.467MHz) 
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TABLE 2 

LATENCY AND ITERATION INTERVAL VALUES FOR THE CURRENT 

DESIGN. 

latency Interval 
min max min max 
19 19 6 6 

 
TABLE 3 

LATENCY AND ITERATION INTERVAL VALUES FOR THE GENERATED 

DESIGN. 

latency Interval 
min max min max 
19 19 6 6 

V. HDL Coder 

The HDL coder tool embedded in the 
MATLAB/Simulink environment lets a designer generate 
synthesizable HDL code for FPGA and ASIC 
implementations in the following steps:  

 Build a model of the design using a combination 
of MATLAB code, Simulink and State flow 
charts.  

 Optimize the design to meet area-speed 
objectives. 

 Generate the design using the integrated HDL 
workflow advisor for MATLAB and Simulink  

 Verify the generated code using HDL verifier. 
 

HDL coder also features a Workflow advisor for 
automating the FPGA design process from MATLAB 
algorithms and Simulink models into Xilinx and Altera 
FPGAs. The HDL Workflow Advisor integrates all steps 
for traditional FPGA design process, and also includes the 
following features [6]: 

 Checking the Simulink model for HDL code 
generation compatibility. Generating HDL code, 
an HDL test bench, and a co-simulation model 

 Performing synthesis and timing analysis through 
integration with Xilinx ISE and Altera Quartus II 

 Estimating resources used in the design 
 Back annotating the Simulink model with critical 

path timing 
The HDL tool in MATLAB leverages on the HDL 

Workflow to guide the designer during the process of 
generating HDL code. The HDL Workflow Advisor 
automatically converts MATLAB code from floating-point 
to fixed-point and generates synthesizable VHDL and 
Verilog code. Similarly the Workflow Advisor can 
generate VHDL and Verilog code from Simulink and State 
flow. The power of the tool lies in its ability to generate 
code from algorithms built using a library of more than 
200 blocks, including State flow charts. In addition, the 
MATLAB language gives designers the capability to 
model their algorithm at a high level using abstract 
MATLAB constructs. This, together with the huge library 
provides complex functions, such as the Viterbi decoder, 
FFT, CIC filters, and FIR filters, for modeling signal 

processing and communications systems, and generating 
HDL code [6].  

A) Area Optimization in HDL coder 

     HDL coder fundamentally uses the sharing optimization 
to ensure resource re-use in the generated RTL code. In 
addition, MathWorks advises designers to follow the 
following guidelines when implementing designs in 
MATLAB/Simulink [5]: Input and output data should be 
serialized since parallel data processing structures require 
more hardware resources and a higher pin count. Designers 
should use add and subtract algorithms instead of 
algorithms that use functions like sine, divide and modulo. 
This is because add and subtract operations use fewer 
hardware resources. Designers should avoid large arrays 
and matrices since they require more registers and RAM 
for storage. Code should be converted from floating-point 
to fixed-point since floating-point data types are inefficient 
for hardware realization.  

HDL coder provides an automated workflow for 
floating-point to fixed-point conversion as discussed 
earlier. In addition unrolling loops increases speed at the 
cost of higher area; unrolling fewer loops and enabling the 
loop streaming optimization conserves area at the cost of 
throughput. By default, HDL implements hardware that is 
a 1-to-1 mapping of Simulink blocks to hardware module 
implementations. The resource sharing optimization 
enables users to share hardware resources by enabling an 
N-to-1 mapping of 'N' functionally-equivalent Simulink 
blocks to a single hardware module. The user specifies 'N' 
using the 'Sharing Factor' implementation parameter. 

Without the sharing factor, the design is able to achieve 
the following hardware resource usage as viewed from the 
code generation report. 

TABLE 4 

RESOURCE USAGE BEFORE SHARING 

multipliers 6 
Adders/Subtractors 6 

Registers 21 
RAMs 0 

Multiplexers 0 
Table 4 above clearly shows that the number of 

multipliers (corresponding to DSP48As since the signal 
processing parameter is turned to on in the model) used is 
very high, approximately 41% of the entire available 
DSP48A resources available on chip, which is not 
acceptable in this design. One can deduce therefore from 
looking at the instances that the increased number of 
DSP48A usage is due to the number of multiplication 
blocks in the model. Each multiplier block corresponds to 
4 DSP48As. There are approximately 6 multiplication 
blocks and these will result in 24 DSP48As. The objective 
at hand therefore is to reduce this number to just 4 
DSP48As instances which correspond to only one 
multiplier implementation in the design. By setting the 
sharing factor to 6, the number of multiplier blocks in the 
design could be reduced to 1. The synthesis and mapping 
results clearly demonstrate the EDA tool results. Important 
to note at this point is that HDL coder does not give actual 



ISSN 2277 – 3916                     CVR Journal of Science and Technology, Volume 9, December 2015 

  CVR College of Engineering   31 

resource usage estimates in a summarized form as Vivado 
HLS. The designer has therefore to invoke the required 
EDA tool and examine the reports generated by the tool for 
thorough conclusions on resource usage. Table 5 below 
shows resource utilization after resource sharing. The case 
for the multipliers is fairly trivial. Since the multipliers are 
6, a sharing factor of 6 results in one multiplier being 
shared in the design. The design however uses more 
registers as can be seen by the increase in the number of 
the registers and flip-flops used by the design. However 
this is expected, and the end result is conserving more 
multipliers which are in less numbers as compared to flip-
flops. Tthe tool is able to reduce the overall area usage. 

TABLE 5 

RESOURCE USAGE AFTER SHARING. 

Multipliers 1 
Adders/Subtractors 6 

Registers 28 
RAMs 0 

Multiplexers 18 
 
Table 6 shows the results after design synthesis using ISE 
by HDL coder. 

TABLE 6 

RESOURCE USAGE AFTER DESIGN SYNTHESIS 

Resource Number 
Slices 340 
LUTS 679 

FF 1132 
DSP 4 

BRAM 0 
SRL 28 

In conclusion, synthesis and mapping results from ISE 
reveal considerable reduction in the area used by the 
design after sharing, which is a significant advantage of the 
tool. Significant to these reductions and increases in these 
designs however is but one important design achievement; 
the number of DSP48A1s used for the design has been 
reduced. Without a sharing factor, up to 41% of the 
DSP48A1s on the FPGA are used. With a sharing factor, 
this percentage reduces to just 6%, which is a considerable 
reduction in the resources. Correspondingly there is an 
increase in the number of LUTS, SRLs, FF and Slices in 
the design by a factor of approximately 2 overall. If 
ignored this could result in increasingly large designs. 

B) Comparison of Area Statistics with the Current 

Implementation 

Overall the HDL coder generates VHDL code with a 
high resource usage. In table 7, there is a rise in the used 
slices by a factor of 2.3, a rise in the used LUTS by a 
factor of 2.5, a rise in the number of used flip-flops by a 
factor of 2.3 and a rise of SRLs by a factor of 1.6. The 
DSP481As are however the same. In conclusion, it is 
reasonable to say that code generation with HDL coder 
results in increased resource usage. 

 
 
 

TABLE 7 

HDL CODER RESOURCE USAGE COMPARISON WITH THE CURRENT 
DESIGN 

Resource 
Current 
Design 

Generated 
Design 

Slices 150 340 
LUTS 277 679 

FF 486 1132 
DSP 4 4 

BRAM 0 0 
SRL 18 28 

C) Timing Optimization in HDL Coder 

HDL coder utilizes the concept of distributed 
pipelining which is a subsystem-wide optimization to 
achieve high clock speed hardware. By turning on 
'Distributed Pipelining', the coder redistributes the input 
pipeline registers, output pipeline registers of the 
subsystem and the registers in the subsystem to appropriate 
positions to minimize the combinatorial logic between 
registers and maximize the clock speed of the chip 
synthesized from the generated HDL code [5]. To increase 
the clock speed for any given design, the designer can set a 
number of pipeline stages for any subsystem. Without 
turning on distributed pipelining, the specified number of 
registers will be added to each of the output ports of the 
subsystem. Once distributed pipelining is turned on, the 
registers in the subsystem, including output pipeline 
registers and input pipeline registers, will be repositioned 
to achieve best clock speed. It is equivalent to retiming at 
subsystem level [5]  as shown in figure 4. 
 
 

and Testing 

As mentioned in the previous section, IIR filter design, the 
cascade is combination of seven second order sections, 
with the ability of being singly configured by the DSP. In 
addition, the filter application provides a mechanism for 
filter data storage to the dual port RAMs. The output 
values stored are decimated accordingly to the rates 
supported by the DSP or eTDM core on the FPGA. 
 
 
 

Figure 6.1 Cascade of the SOS IIR filter 
 

Figure 4: Timing report using HDL Coder 

D) Latency and Throughput in HDL Coder 

In order to increase throughput, HDL coder gives the 
option of pipelining. This option is handled together with 
improving timing in the section below. In addition the 
coder specifies a maximum computation latency parameter 
which enables designers to specify a time budget for the 
HDL coder when performing a single computation. Within 
this time budget, the coder does its best to optimize the 
design without exceeding the maximum oversampling 
ratio. When the designer sets a maximum computation 

Timing summary: 

--------------- 

Timing errors: 0 Score: 0 (Setup/Max: 

0, Hold: 0) 

Constraints cover 31148965 paths, 0 

nets, and 5500 connections 

Design statistics: 

Minimum period: 14.880ns{1} (Maximum 

frequency: 67.204MHz) 

Minimum input required time before 

clock: 17.503ns 

Maximum output delay after clock: 

13.200ns 
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latency, N, each Simulink time step takes N time steps in 
the implemented design. In essence what this means is that 
the coder implements a design which captures the DUT 
inputs once every N clock cycles, starting with the first 
cycle after reset. The DUT outputs are held stable for N 
cycles. The requirement of this filter is that the design 
should be able to have at least an iteration interval of 6, so 
the maximum computational latency was set to 6. 

VI.    Conclusion 

This work has shown that using high level synthesis in 
FPGA, application development significantly achieves 
accelerated product development cycles. This work has 
established that the Vivado HLS tool provides the designer 
with a mechanism for influencing the HLS process 
(scheduling and binding) with significant granularity as 
compared to the HDL coder. A designer can explicitly 
specify the number of operations, specific cores, function 
instances, RAM cores, communication interfaces etc. quite 
easily in Vivado HLS as compared to the HDL coder. In 
addition the tool provides the designer with a detailed 
analysis of the design with clock level granularity i.e. the 
designer is able to establish quite easily which operations 
are performed in which clock cycle and which variables, 
either in the source code or the generated code, are 
affected.  

This work has also shown that the designer may be 
able to achieve the design objectives of area, throughput, 
latency and timing in an easier way in Vivado HLS as 
compared to HDL coder. This may be fundamentally 
because the aspects of pipelining, resource usage etc., are  
handled in a much better way in Vivado HLS compared to 
HDL coder. The HDL coder workflow also supports both 
Altera and Xilinx FPGAs and seamlessly integrates into 
their respective synthesis tools. This gives developers a 
wider coverage of hardware technology. In addition, the 
tool supports addition of legacy code for final design 
synthesis. 
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Abstract- This paper presents step by step procedure for 
designing analog modulation techniques such as Amplitude 
Modulation (AM) and Frequency Modulation (FM).These 
techniques are simulated in Simulink environment.  AM and 
FM broadcasting range is of  550-1650 KHz and 88-108 MHz 
respectively. Tuning of these frequencies is difficult in 
implementation. To implement these modulation techniques, 
MATLAB and Simulink tool has been used. These tools will 
help the engineers for simulating a complete system before 
embarking on actual prototype. Simulation results show the 
capability of adequate system performance. In this paper AM 
and FM systems are simulated using MATLAB and Simulink  
and their performance is presented. 
 

Index Terms: AM, FM and Demodulators. 

I. INTRODUCTION 

Dynamic system can be simulated, modeled and 
analyzed by simulation software. Simulink software is 
used in this paper. It provides graphical user interface 
(GUI) and block diagram model design just by click and 
drag it, also  simulates both  the linear and non-linear 
system performance modeled in continuous, discrete and 
hybrid. It supports multirate simulation model. It 
supports not only the library blocks but also provides 
customize and create the user defined blocks. These 
models are simulated either in Simulink or MATLAB 
command prompt. Interactive work is convenient by 
using menus in Simulink, where as Batch simulations are 
running and useful in command-line approach. In 
Simulink results of simulation will seen even when 
simulation is running and parameters are change 
immediately. These results not only seen on display 
blocks and scopes but also can be used for visualization 
and post processing for MATLAB workspace. Simulink 
and MATLAB’s are integrated. In integrated 
environment the models can be analyzed, simulated and 
revised at any point in Communication Radio 
environment. Conveying the information over varying 
the carrier wave frequency then it is called Frequency 
Modulation (FM). Similarly conveying the information 
over varying the carrier wave amplitude then it is called 
Amplitude Modulation (AM).In radio communication 
environment transmit the data /voice without disturbance, 
but communication system suffers from disturbances like 
interference and noise. In FM, [1] the instantaneous 
carrier frequency is proportional to the amplitude of 
input signal, where as in digital the carrier frequency is 
varied among set of discrete values is known as FSK 
(Frequency Shift Keying). In today’s, world the most 
prevalent form  of communication media is the FM radio. 

FM radio products and capability increases by portable 
devices like mobile phones and MP3 players because 
listeners in the entire world can continue to buy a 
portable FM radio. It is a challenging task to the design 
engineers to design, understanding and creating the high 
performance standalone radio products in next generation 
for multi use devices. The CCITT (Consultative 
Committee for International Telephony and Telegraphy) 
has  allocated the  FM station frequencies from 88 to 
108MHz, each station is designed to 200KHz to transmit 
the voice signal similarly AM stations are designed  550 
to 1650KHz ,each station has 10KHz 
bandwidth[6].These  modulations  schemes are used for 
transmission of television signal. It is quite demand task 
for building the channels in communication radio 
environment, because it contains both audio and picture 
signal. 

 Buying this real network devices and system 
development is very costly. An alternative and better 
choice has become computer simulation package. These 
simulations are not only building the model. These 
models are designed from physical layer to network layer 
establishment. System simulators enable researchers, 
network administrators, and other interested users to test 
new network technologies and protocols before using 
them on real networks. The real models consist of set    
mathematical formulae for building the real phenomenon 
by using the software simulation. It is frequently used in 
equipment design and close to the design specifications 
without any expensive modification process [7]. 
Software simulation has proven to be a powerful tool in 
modeling a complete communication channel before 
embarking on the real prototype. In recent years 
simulations can be done for even complex systems like 
FDMA (Frequency Division Multiple Access), CDMA 
(Code Division Multiple Access) and OFDMA 
(Orthogonal Frequency Division Multiple Access) .These 
models can be used for not only understanding the basic 
structure but also evolution of variety design principles 
and computer (system) simulations are involved. Based 
on this, computer simulation sub-fields have been 
proposed, as well as a large number of tools and 
applications having been designed and developed. The 
benefits of computer simulation are becoming more 
generally recognized in several domains and areas. Some 
of the computer software packages usually used by 
Engineers for analysis and simulation of physical 
systems such as MATLAB/SIMULINK, 
RMxprt/Maxwell2D/3D, SIMPLORER, HFSSV10, 
FDTD/ Varipose/XGTD, COMSOL,5SPICE, ANSYS, 
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Electronic Workbench etc. Using these tools researchers 
are more intense in problem solving experience[8],but 
today’s the availability of the software packages is now 
reshaping the role  and applications of computer 
laboratory projects. User programs also provide an 
opportunity to easily conduct numerical experiments and 
to tackle realistic and more complicated problems. In this 
paper the amplitude and frequency Modulated radio 
station, modeled and simulated it using MATLAB and 
SIMULINK tools to predict adequately its performance 
and behavior. 

II. MODELING AND SIMULATION CONCEPTS 

The mathematical models, graphical, conceptual and 
abstract generation using modeling process. The collection 
of methods, theory and techniques about modeling 
specialization is grown by science every day. Based on this 
assumption simulation can be  defined as model can be 
created by using  abstract representation  of an existing or 
proposed  system and what  are the factors effecting the 
system performance  and predict the performance of the 
system by using future behavior of the system  by 
quantitatively described using equations and/or rules can 
be simulated[6]. As CSG (Computer Simulation Gaines) is 
[9] stated the number of good reasons for using computer 
simulation as a problem-solving tool. The main reasons are 
shown in the following list. 

1. The physical system is not available 
2. The experiment may be dangerous under danger of 

injury/damage or death/destruction  
3. The cost of experimentation is too high  
4. The experimenter does not compatible with the time 

constants  
5. Control variables, and/or system parameters may be 

inaccessible. 

Different Stages in simulation process is shown in fig1. 

 It consists of following stages  

 Model conceptualization 
 Model design  
 Model construction or build 
 Verification 
 Validation /Analysis 
 Publication of results  

Replication 

 

Fig. 1: A generic stages in the simulation 

 

 

III. SIMULATION MODELS & RESULTS 

A. Amplitude Modulation:  Amplitude Modulation is defined 

as the  Carrier wave amplitude is varied in accordance with 
the amplitude of modulating wave keeping as frequency 
and phase is constant. The standard form of amplitude 

modulated (AM) wave is defined equation (1) 

----(1) 

Where Ka is a constant called amplitude sensitivity of the 
modulator.  fc  is the  carrier frequency , fm is a 
modulating or message  frequency ,(fc+fm) is  upper 
side band  frequency,(fc-fm) is a lower side band 
frequency and µ  is called modulation index. 

 
Depending on the modulation index AM is classified into  

(i).Under Modulation (µ<1) 
(ii). Exact Modulation (µ=1) 
(iii). Over Modulation (µ>1) 

 The Simulink model of DSB-SC (Double Side Band -
Superseded Carrier) Modulation is shown in fig.2. one of 
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the form of AM is DSB-SC .In this modulation µ value is 
greater than 1 .the main advantage of AM over DSB-SC is 

saving of transmission power .It also transmits only two 
side band frequencies and carrier frequency is suppressed. 

DSB-SC modulated wave can be generated by using  
product modulator. The principle in this modulator is 

multiplication modulating and carrier signal. All these 
blocks are selected form the Simulink Library .The 
block properties are changed by right clicking on that 
block. This model is simulated with a modulating 
frequency of 1Hz and carrier frequency of 10Hz the 
modulated signal is shown in fig.3.these modulated 
signal is demodulated by using the synchronous 
detector. The principle in this detector is same carrier 
is multiplied in the receiver sections shown in fig.2. 
Resulting demodulated signal is passed through low 
pass filter signal shown in Fig.3. In this paper the filter 
used as analog butter worth filter order of 2. 

 
Fig.2. Simulink Model of Amplitude Modulation and demodulation 
 

 
Fig.3. Simulation results of modulated signal. 
 

 
 
Fig.4. De-modulating Signal 
 

B. Frequency Modulation: Frequency Modulation can be 

defined as Instantaneous carrier wave frequency is varied in 
accordance with the amplitude of the modulating or 

message signal. Keeping phase and amplitude is constant. 
The FM signal is expressed as Equation (2). 

                       ----(2) 

Where Ac is the  amplitude of the carrier signal, fc is the 
carrier frequency fm is the modulation index of the 

FM wave. Depending on the value of , FM can be 
either narrowband or wideband. For a small value of  
(  < 1) FM is known as NBFM (Narrow Band 
Frequency Modulation)and for a large value of  (  > 
1), it is known as WBFM(Wide Band Frequency 
Modulation). The Simulink model of Frequency 
modulation is shown below Fig.5.This model is 
designed for using the mathematical expression 
similar to Mat lab. Detector in this model is the slope 
detection principle. In this detector all the frequency 
variations are converted into the amplitude variations 
applied to the envelope detector. The simulation 
model of modulated signal is shown in Fig.6 

 
Fig.5. Simulink Model of Frequency Modulation 

 

 
 
Fig.6. Simulation results of frequency modulated signal 

IV. CONCLUSION 

 

MATLAB/Simulink is a very powerful tool that can be 

used for simulation in communication, control, DSP, etc. 

This paper builds a simple simulation model to illustrate 

the AM and FM techniques, how the communication block 

set of the Simulink allow you to implement it. AM and FM 

can be used not only for analog modulation but also for a 

platform to design other modulation system. 

The advantage of Simulink model is not only for 

designing the communication system but also supports the 

hardware platform. 
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Abstract— Nowadays mobile users require increased 

coverage, quality of service and capacity in wireless 
communications. By using adaptive antennas at both 
transmitter and receiver  in wireless communication, we can 
easily reach the required improvement. In this paper 
Adaptive Antenna plays a major role to improve the 
performance of wireless  communication  systems. This 
antenna uses  advanced signal processor that modifies self 
generated beam pattern to strengthen the desired signal and 
reduce the  unwanted signal. This type of antenna is called as 
smart antenna. This paper presents the adaptive array 
antenna fundamentals, direction of arrival and several  
digital beamforming algorithms. Performance analysis  of  
the MUSIC algorithm with LMS is  studied because these 
results are useful for the smart antenna system design. All the 
simulations are carried out using MATLAB. 

 
IndexTerms:ArrayAntenna, Beamforming, DOA, LMS, 
MUSIC.  

I.INTRODUCTION 

Smart antenna can be used for finding angle of arrivals 
accurately by accurate direction finding technique. The 
best spectral estimation isolates the angles of arrivals and 
gives  better resolution. This estimation is used for tracking 
moving object accurately. Smart antenna is classified into 
two systems, switch beam and adaptive beam formed 
system. Switch beam system has several fixed beam 
patterns, whereas in second system, beam is  guided by the 
antenna  towards desired direction. To find the exact 
location of the desired  user adaptive antenna direction 
finding capabilities are used. Previously this  adaptive 
array antenna technology was used in military 
communication, which needs narrow beams to avoid noise 
signals. Nowadays this  technology is used for the personal 
communication. This paper  presents  direction of  beam 
towards desired target  and rejecting all other targets 
towards an unwanted direction by using Multiple Signal 
Classification (MUSIC) algorithm[1] with the digital 
beamforming algorithm LMS. 

A  Adaptive  Array  Systems 

This system  reduces  the interference that occurs from 
different users by introducing nulls in the same direction 
and at the same time follows the user with its movement. 
Adaptive array antenna system working is  truly smart in 
the real time applications. In this system, digital signal 
processing element provides the intelligence. 
 

 
 

Fig.1: Adaptive Array Antenna 

The Adaptive Array Antenna system is shown in Figure 1. 
Here  individual  signals are combined  to get  single 
desired digital beamforming output. Baseband frequencies 
are brought down by using down converter  and then  
weighted by adaptive antenna array systems. Down-
converted signal is  processed by  A to D converter. The 
digital signal processor is the key element of a system. 
This processor changes   incoming information  by 
updating the weights to reduce the noise. Adaptive 
technology reduces co-channel interference and handoff, 
increases capacity and  range of communication, and 
reduces transmitting power etc. 
 

 
Fig.2: Beam Pattern In Adaptive Array [4] 

Adaptive Array Beam pattern is shown in figure 2.This 
antenna is truly smart so  it updates the information with 
the varying situation. This system uses signal processing 
element with antenna array. It switches the radiation in the 
direction of wanted user. It too reduces the interference 
that occurs from different users [4].  
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II. DIRECTION OF ARRIVAL ESTIMATION 

Direction finding (DF) is a process for determining the 
transmitting source by observing the direction of arrival 
along with  signal properties. Figure 3 shows the Direction 
Finding system. 

 
Fig.3: DF System 

Direction  of Arrival estimation using  a single antenna 
has many disadvantages such as its resolution is very 
poor. To improve the resolution, an array of antenna 
system with  signal processing can be used [4]. DOA 
estimation  depends on  number of  users, spacing and  
number of signals. In this paper, we concentrate on 
estimation of DOA using MUSIC (Multiple signal 
classification) algorithm[1]. To explain the behaviour of 
larger array linear array can be used and it has  maximum  
two elements. This fundamental array helps to study the 
phase relation of nearby array elements and the electric 
field of two elements. Pattern multiplication is the product  
of array factor and antenna pattern. If we know  an array 
factor, pattern multiplication is derived from antenna 
pattern. Array factor plot shows number of side lobes 
along with main lobe.  We need to suppress  side lobes to 
reduce the interference by weighting the array components. 
This is very important in signal processing. 

 
   For any array, the array factor is given by 

)1()cossinsincossin(

1

ZnYnXnjk
N

n

newAF  

   Where N is  number of elements 

             nw is  complex weight for element n 

               wavelengthk /2  
),,( ZnYnXn is  location of element n 

                ),(  is direction in space 
 

 
Fig.4: Geometry Of Linear Array 

Figure 4 shows the construction of linear array. It contains 
number of array elements. The array radiation pattern is 
the multiplication of  the radiation patterns of the entity 

constituents and array factor in the adaptive array  and is 
given by 

)(e)a,a(W,e)a,r(W,=e)a,R(W, 2   

  The array factor  depends upon array amplitude level and 
the overall pattern  adopted by updating current at each 
element. The  limited RF spectrum can be efficiently used 
with the help of an adaptive array antenna in mobile 
communication. Antenna pattern is directed by updating 
the  array weights using signal processing element. This 
process is known  as adaptive array antenna system. Signal 
processing along with mobile communication improves 
capacity and quality of service, and it gives narrow beam 
towards desired user and null in the direction of 
interference. 
 

 
Fig.5: Adaptive Array Antenna [19] 

Fig.5 shows that N number of elements are equally spaced 
by a distance S. The desired user signal arrives from 

desired angle a with interference signal. These N 
no of signals feed to the direction of arrival estimation  
technique and process with the error signal e. These signals are 

generated by comparing the array outputs with the  desired 
signal d. This paper describes  the adaptive array antenna  
with uniformly placed linear array elements along with 
LMS algorithm[2][4]. In this beamforming  technique, 
weights are updated to attain 

the desire signal with an angle a and optimizing the 
signal to noise ratio through the above algorithms [3]. 
 
The array factor for N  elements is given by  

)3()(
))cos

2
((1

0

B
Y

imN

m

ma

a

eAa  

where  B indicates  the phase shift among the internal 
elements of the array and it is given by the  following  
equation 

)4(cos
2

0

a
Y

S
B  

where a  gives the angle between the desired user 
direction and array broadside. 
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III. BEAM FORMING ALGORITHMS 

A. LMS Algorithm 

In this algorithm, the gradient vector uses number of 
iteration on the available data and it updates  the weight 
vectors to reduce the minimum square error. The optimum 
weight vector depends on the input covariance matrix C  
and l input filter matrix Cc. By using this technique, the 
array output is given by  

)(S(n)W=O T 5  

Od=e  

)(Se+w(m)=)+w(m 61  

Equation (6) gives the updated weight vector for m 

iterations, where  is known as  the rate of adaptation 
limited by array antenna processing gain [5]. Convergence 
condition is given by equation (7). 
 

)(
Y

<< 7
1

0
max

 

 where, 

maxY is  Largest value of eigen in autocorrelation 

matrixCa. Convergence becomes slow when   is kept 

very small, so that the rate of adaptation is selected 
within the limits. The autocorrelation matrix of input 
vector  is given by  

)(SS=Ca T 8  

The cross correlation matrix is given by  

)(d]E[S=Cc 9  

while, 
d is the desired reference signal.Optimum weight vector is 
obtained by using the following equation 

)(CcCa=w
1 100  

The computations to be carried out at various parameters  
like the number of elements  and spacing . The required 
signal which is to be used phase modulated and the SNR is 
assumed to be 20dB. It is given by an equation[5]  

 )(e=S(t) t)isin(W 11  

where, 
 
W is the signal frequency in radian. 

   B. Music Algorithm 

MUSIC stands for Multiple Signal Classification  and 
it is used to  separate the signal from noise using eigen 
decomposition of the correlation matrix of the received 
signal based on orthogonality property. It gives the  
information about number of incident signals, direction of 
arrival (DOA) of each signal strength[5]. The input signal  
correlation matrix is given by 

)(I+ACA=C n2

H

sc 12  

where  
A is  N x P array steering matrix equal to 

))](...........)3()2()1([ aDaaaaaaa   

and Cs is  P x P source correlation matrix equal to 
T

Dssss ]............[ 321 .The Pseudospectrum of  

MUSIC  is given by an equation  
 

)SSa( (abs((a( bs=P HvNvN

H

MUSIC( US 13(/1

 
The resolution of MUSIC diminishes when noise variances 
varies or signal sources are coherent. The correlation 
matrix is estimated by time averaging given by an equation 
as follows: 

)(SS
m

=C
m

H

c 14
1

1
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Now high angular resolution is achieved by the  
above expression. 

IV. RESULTS AND PERFORMANCE ANALYSIS 

This paper describes the simulation results of LMS 
algorithm and the effects of number of elements, spacing 
between them on  array factor. Similarly, subsequent 
sections give the effect of elements and spacing distance 
on the mean square error (MSE). The simulations are 
carried by changing various parameters like N number 
elements used in array, each element spaced by distance S 
and several number of iterations used for computations. 
These are used  to analyze the  features of digital 
beamforming.  
In this system all the elements are equally spaced to form a  linear 

array and the distance between the array element S = / 2, 
the optimal weight vector is calculated for the number of 
elements N=4,8 and 12. The normalized array factor is 
found by considering the angle of arrival in degree. 
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Fig.6: Plot between AOA and AF for N=4 
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D.S. @20 DEG, I. S. @ -10 DEG

 
Fig. 7: Plot between AOA and AF for N=4  
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D.S. @20 DEG, I. S. @ -40 DEG

 
        Fig. 8: Plot between AOA and AF for N=4 

Figure  6,7 and 8 gives the plot between  Angle of  Arrival 
and Array Factor for different users 0 and 20 degrees on  -
30,-10 and -40 degrees interferer for number of elements 
N=4. Beam width becomes  broader due to the decrease of  
number of antenna elements. 
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D.S. @ 0 DEG, I. S. @ -30 DEG

 
 

Fig 9: Plot between AOA and AF for N=8  
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D.S. @ 20 DEG, I. S. @ -10 DEG

 
Fig.10: Plot between AOA and AF for N=8  
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D.S. @ 20 DEG, I. S. @ -40 DEG

 
Fig.11: Plot between AOA and AF for N=8  

Figure  9,10 and 11 gives the plot between  Angle of  Arrival and 
Array Factor for different users  and interferer for number of 
elements N=8. 
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D.S. @ 0 DEG, I. S. @ -30 DEG

 
Fig.12: Plot between AoA and AF for N=12 

Figure 12  shows the plot between the AOA and AF for  
00 degrees  desired user for  -300  degrees interferer and 
give deep nulls on the -30 degrees . 
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D.S. @ 20 DEG, I. S. @ -10 DEG

 
Fig.13: Plot between AoA and AF for N=12 

Figure 13 shows  that deep null is achieved at -10 degrees 
interferer and  20 degrees desired user . Here the  
interference signal is blocked and the desired signal is 
produced respectively.  
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D.S. @ 20 DEG, I. S. @ -40 DEG

 
Fig.14: Plot between AoA and AF for N=12 

Figure14 clearly shows that the beamwidth of the signal 
becomes more broadened   by changing  number of array 
elements. Here the no of elements are N=12.  
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Fig.15: Plot between AOA and AF at spacing /2 , /4 and /8 
(N = 8 and N=12) 

Figure 15  shows that the spacing between the array 
element for different values  / 2, / 4 and / 8  for  N = 12 
and N = 8. We can clearly observe that  the false echoes 
and beam spread out are caused due to  change in 
separation gap. Hence the spacing  is a critical   issue. 
Narrow beamwidth is achieved due to the decrease of no of 
elements. 
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Fig.16: Plot of Mean square error at  S =  / 2 

Figure 16 shows that how the mean square error get 
reduced  by changing the no of elements N=8 and N=12 
for constant spacing  S= /2. MSE is minimum at N = 12 
compared to the N = 8.The gradient vector is an estimation 
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technique in LMS algorithm and it uses  no of iteration on 
the available data for beamforming. MSE is reduced by 
changing the  weight vectors  in the gradient with a 
negative direction. 
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Fig.17: Plot of Mean square error at  S =  / 4 

Figure 17 shows that the  MSE is minimum at N = 12 
compared to the N = 8 with constant spacing S= / 4. MSE 
is minimum at N = 12 compared to the N = 8. We conclude 
that MSE is minimum when the array elements and 
spacing distance is more. 

PERFORMANCE ANALYSIS oF LMS ALGORITHM 
TABLE-1 

EVALUATION OF BEAMWIDTH AND NO OF  SIDE LOBES FOR LMS 

(Ds=0(or) 20 degrees ,IS=-30 (or) -10 degrees, S= / 2) 

No.Array No of sidelobes Beamwidth 
N=4 less Broad 
N=8 Medium Medium 

N=12 More Narrow 
(Ds=0(or) 20 degrees ,IS=-30 (or) -10 degrees, N=12) 

Spacing No of sidelobes Beamwidth 
/ 2 Optimum Narrow 
/ 4 Medium Medium 
/ 8 Less Broad 

From Table1 we can clearly observe that  LMS algorithm 
provides narrow beamwidth with more number of side 
lobes and it increases resolution with more number of array 
elements. 

TABLE-2 

EVALUATION OF MSE FOR LMS 

(Iteration = 100, D. S. = 20 Deg., I. S. = -10 Deg.)  
 

No.Array Spacing MSE 

N=12 
/ 2 Less 
/ 4 More 

N=8 / 2 More 
/ 4 Less 

 
Table 2 clearly shows that the mean square error is reduced 
due to the increase of number of elements. 

SIMULATION RESULTS OF LMS & MUSIC ALGORITHMS  

All the simulation carried out through MATLAB .Here 
the required signal used is phase modulated with SNR 20 
dB. Linear array is used for  N number of elements and 
results are obtained by studying and changing various 
parameters  like  no of  elements and Spacing  that is 
clearly observed in Figure.18 
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Fig.18: LMS, Plot Between DOA And AF At S= / 2 And / 4 For 

Different Elements 
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Fig. 19: MUSIC, Plot between DOA and AF at different Elements. 
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The Figure 19 shows  that  the spectrum   MUSIC in dB 
for  array spacing  S= / 2  for no of elements N=5,16 and 
SNR = 20 dB for direction of arrivals -40, 20, 60 
degrees.In MUSIC spectrum sharper peaks are formed  and 
resolution is improved by increasing no of elements.  

V.CONCLUSION 
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In this paper Least Mean Square algorithm is used for 
adaptive beamforming. The performance of mobile 
communication is improved by using beamforming 
algorithm. This is proved with the help of simulation 
results. Simulation results of LMS show that the 
beamwidth of the signal becomes more broadened by 
changing number of array element. That is by decreasing 
the number of antenna elements, beam width becoming 
broader as compared to more number of elements with a 
reduced number of side lobes. By changing the spacing 
between the elements implies that at more number of 
antenna array element and the distance between them is 
decreasing, the beamwidth of the lobes increases. MSE is 
minimum at large number of elements compared to the 
fewer elements. LMS algorithm composed consecutive 
alteration in the weight vector within the path of the 
gradient vector that minimizes the mean square error |e2|. 
It is concluded that mean square error is minimum when 
the array elements and spacing distance is more. 
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Abstract— The main focus of this paper is data recording and 

processing. It provides a calibration method for pulses 
processed by ADCs. It uses some existing filters to achieve the 
accurate parameters of pulses, and existing concept to do the 
comparison among filters. This design method with a  finite 
state machine can be realized easily by FPGA. The high 
precision and the ability of real time application were 
validated. The FPGA implementation scheme is also 
discussed in the paper. 

 
Index Terms— Particle detector, EMC, FPGA, Pulse 
parameters. 

I. Introduction 
In this paper, some generators will be used to simulate 

the pulses from Electromagnetic Calorimeter (EMC) 
detector. The PANDA experiment requires a multi-purpose 
detector with an important component of a high resolution 
Electromagnetic Calorimeter (EMC) which is applied to 
measure the energy of particles. The PANDA detector 
consists of a target spectrometer (TS) and a forward 
spectrometer (FS). Those two spectrometers allow the 
detector to cover a 4  solid angle and each of them 
employs an EMC.  

The paper is based on the development of FPGAs for 
pulse detection and feature extraction.  During pulse signal 
transmission from the EMC to the FPGA, noise is added to 
the signal and the signal to noise (S/N) ratio is decreasing. 
It adversely affects the results of the experiment. One of 
the goals of this paper is the development of digital data 
filtration, to achieve a 13-bit amplitude dynamic range of 
the system (8000:1) for real physical signals, while the raw 
S/N ratio of an ADC/FPGA system is of the order of 11-
bit.      Additionally the aimed time resolution for the 
detected pulses should be of the order of 1 ns or less, while 
the signal rise-time after amplification and shaping 
amounts from 20 to 200 ns and the sampling frequency is 
80MHz. Therefore, the other goal is to achieve the 
robustness signal parameterization algorithms which are 
applicable for the whole range of signal amplitudes. 

II. Hardware and Software 

Two of the main hardware units used in this work, an 
Analog to Digital Converter (ADC) and an FPGA, are 
placed on the same board. The ADC system is used to 
detect the pulses from analog pulses. The hardware 
structure needs a high performance analog to digital 
converter. The requirements are as follows.  
 

A.Amplitude Resolution: Since the range of energy 
deposited in individual PbWO4 crystals is from 1 MeV up 
to 8 GeV, a 14-bit ADC is used. 

B.Time Resolution: The light pulses created by the crystals 
have about 20 ns signal rise-time, and hence the ADC 
should provide 160 MHz with 3 samples on leading edge. 
But for light pulses which have the 200 ns integrated signal 
rise-time, the ADC should provide 25 MHz with 5 samples 
on leading edge.  

C.Processing Power: Processing should be flexible and re-
programmable with a raw data buffer of 5-10us for each 
channel. It can also do feature extraction and have external 
configuration capability.  

D. Inside The PANDA Detector: The maximum power 
dissipation is not fully established but efforts to minimize 
power consumption have been taken. It is better to have 
lower sampling frequency and minimize processing power 
redundancy.  

According to the requirements above, a LTC-2175-14 
ADC by Linear Technology is used. It is a 4-channel and 
14-bit ADC with 125Msps sample rate and 127mW power 
consumption. There are two FPGAs designed by 
XILINX®   XC5VLX50T, XC3S4000. In this 
development, a XC5VLX50T FPGA is used. The most 
important reason for not choosing a XC3S4000 FPGA is 
that it needs additional components for data de-
serialization. 

The XILINX® design tools including the ISE® Design 
Suite and ChipScope Pro™ tools are used in this 
development. The ISE® Design Suite supports both VHDL 
(VHSIC Hardware Description Language) and Verilog 
HDL (Hardware Description Language) for code writing. 
VHDL is used here. 

III. System Implementation Structure 

Two main parts are needed here, which are the FPGA 
programming and the implementation of the ChipScope™ 
Pro tool. The FPGA is in the core of the work and is 
responsible for data de-serialization and analysis. The 
whole structure is shown in Figure 1. In the FPGA part, 
there are 5 modules. They are Digital Clock Manager, 
Calibration, De-serialization, Filtration and 
Parameterization, RAM and Histogram. 
The Digital Clock Manager module is in charge of clocks. It takes 

a 125MHz clock from an LMK0300 clock conditioner as 
input. Then, it will generate new clocks 
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with other frequencies such as 200 MHz and 500MHz 

to drive other modules by using internal phase-locked-loop 
(PLL) schemes.   

 
Figure 1: System Implementation Structure 

The Calibration module is used to delay the digital 
signals to get better sampling times in the FPGA. It is 
controlled by the de-serialized frame signal. The signals 
which are converted from ADCs are serial signals. The de-
serialization module is used to do de-serialization of those 
serialized signals. Originally, the signals from ADCs 
include frames and data are sent bit by bit which is 
synchronized by a transmission clock. This module will 
also gather bits into single frame and data. The Filtration 
and Parameterization module contains different filters, for 
instance, Moving Window De-convolution (MWD), Finite 
Impulse Response (FIR) or Moving Average (MA) which 
are used to reduce signal noise. This module is also 
responsible for calculating the basic parameters for the 
pulses including pulse width, rise and fall time, and 
amplitude and so on. Histogram is used to check the 
parameters such as amplitude and judge if the filters or 
algorithms suit these pulses. A RAM is implemented 
because it needs to store pulse data for statistical purposes. 

IV. Signal Pre-Process 

ADCs (Analog-to-Digital converters) convert analog 
signals to digital signals after sampling. In order to transfer 
the results to an FPGA, we use a serial protocol. The 
FPGA also does sampling in order to get the digital 
signals. However, the data received might be incorrect and 
they also need to be de-serialized. In order to receive the 
correct data, an IDELAY (Input Delay) primitive and a bit 
slip circuitry in ISERDES (Input Serializer or De-
serializer) is used. The LTC-2175-14 ADC made by 
LINEAR Technology [1] is used here. It has four channels 
sampling concurrently. The data are transferred using 
serial LVDS (Low Voltage Differential Signaling) in each 
ADC channel. The serial LVDS outputs can be 1 or 2 bits 
per line. Here a 2-Lane output mode is used. Figure 2 
shows that an analog signal is transferred to 2 of 8 bits 

digital signal (OUT#A and OUT#B) with a frame signal 
(FR). ENC (Encode Input) is the sampling clock which is 
125 MHz and DCO (Data Clock Output) is the output 
clock which is 500MHz. The sample rate is 125Msps 
(Million Samples per Second) and each sample implies 8 
bits per lane. Therefore, there are 1Gbit (125M×8 bit) 
transferred per second per lane. 

 
Figure 2: Transmissions In One Of The Channels In One ADC 

As shown in Figure 2, after a propagation delay ( ), a 
new measurement is made and one serial data bit period 
( ) is half of a DCO period. One serial data bit will be 
transferred in the middle of the rising and falling edge of 
DCO. It takes 8  and 4 DCO to transfer 8 bits per lane 
and 16 bits per channel of the measurement. Each 
transition of the DCO clock indicates a change in data, 
commonly called Double Data Rate (DDR) protocol.  

 A) Serial Data Received In The FPGA  

The FPGA will receive the frame (FR in Figure 2) and 
the output data (OUT#A and OUT#B in Figure 2) from the 
ADC. The receiving frequency is identical to the output 
clock of the ADC (DCO in Figure3) which is 500MHz. It 
is also shown in Figure 2, that data from an ADC is 16-bit 
serialized and the correct order is OUT#A: D13, D11… 
D1, 0; OUT#B: D12, D10 … D0, 0. Basically the FPGA 
should receive the same data in the correct order. However, 
the FPGA can receive the wrong data since the clock for 
FPGA to receive data does not synchronize with the clock 
for ADC to send data. 

 

 
Figure 3: Serial Data Received In The FPGA. 

As shown in Figure 3, the FPGA starts to receive the data at D9 
and D8 instead of D13 and D12, the FPGA receives the data in 
incorrect order. 
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Figure 4: Serial Data Received In The FPGA 

Moreover, within the FPGA, the clock does not 
synchronize with the frame and the receiving data either. 
The FPGA can start to receive the data on the boundary 
between two data as  show in Figure 4. 

B) IDELAY And IDELAYCTRL 

In order to solve the problem of the sampling time, the 
IDELAY (Input Delay element) and the IDELAYCTRL 
(IDELAY tap delay value Control) primitives from 
Virtex®-5 will be applied capturing the frame and bits 
from two-lanes correctly before de-serializing using 
ISERDES. The IDELAY primitive is a digitally controlled 
analog delay line as shown in Figure 5. 

 
Figure 5: IDELAY primitive [2] 

C) Data De-serialization 

The outputs of the ADCs are serialized data and 
the FPGA cannot directly use these data. Therefore, 
before analyzing the data, an input serial-to-parallel 
data converter should be employed in doing de-
serialization of the frame and the data that come from 
each ADC. 

D) Checksum & Aligning  

The FPGA can start to receive data at any time, and it 
causes two problems as shown in Figures 3 and 4. In order 
to solve the first problem, the de-serialized frame (FR in 
Figure 3 is serialized frame) is used as a checksum. The 
checksum function returns a value to determine if the bit 
slip function should be performed. If this frame which is 
still 8 bits after de-serialization is equal to “11110000”, the 
checksum function returns 0, and it means the bit slip 
function will not be enabled. Otherwise, the checksum 
function returns 1 and enables the bit slip function to align 
the bits. The frequency of the clock for the checksum 

function is 125 MHz, because the decision should be made 
for every 8-bits frame. But the checksum function checks 
the frame every 4 clocks, in order to give a time for the bit 
slip function in ISERDES to do the aligning. In Figure 3 as 
an example, the FR is “11000011”, but not “11110000”. In 
this case, the checksum function returns 1 in the first clock. 
Then, the bit slip function will be performed to do the 
aligning in the next three clock times. Checking and 
aligning one to be repeated until the checksum function 
returns 0.  

E)  Calibration  

Figure 4 only shows the received data from one of the 
channels of the ADC. Here each channel has two lanes, 
each ADC has 4 channels and there are 4 ADCs, totaling 
32 lanes. Therefore, all the data which are received from 
the ADCs should be as shown in Figure 6. If the FPGA 
starts to receive data at position 2 in Figure 6, the 
checksum function can return 0 and the aligning will be 
enabled, but the received data can still be incorrect since it 
is close to the noise. This is the second problem.  

 
Figure 6: Worst Case Of Sampling 

The theoretical maximum eye opening is 1ns per lane. 
All lines are sample-clocked with one clock signal and the 
goal is to sample all data lines in the middle of the eye 
(position 4 in Figure 6), where the signal has the highest 
distance from noise. In order to reach the goal, a state 
machine is introduced, since the checksum and aligning are 
not enough. 

F)  Filtering 

A pulse must be filtered in order to significantly reduce 
the noise. There are a lot of filters in the world applied in 
this field. But we would like to compare them in such a 
way that we know which one is better to use in our case. 
Finite Impulse Response (FIR) Filter, Moving Average 
(MA) and Moving Window Deconvolution (MWD) is used 
here for comparision. In order to measure the precision of 
amplitude estimations from different filters, a normal 
distribution table or a histogram of amplitudes will be 
created and analyzed. The histogram is a graphical 
representation of the distribution of data. It is an estimate 
of the probability distribution of a continuous variable. 
Histograms are used to plot the density of data and get the 
probability density function of the underlying variable. 
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F
igure 7: Examples of histogram [3] 

For example in Figure 7, after running for a number of 
times, a graph where the frequencies are located around 0 
is the one similar to a normal distribution. The more 
samples the testing has, the more precise the distribution 
will be.  Here the estimation precision of amplitudes from 
different filters will be measured. The goal is to create and 
analyze the normal distribution table or histogram of 
amplitudes from different filters.  

V. Parameterization 

The parameterization is implemented after filtering the 
pulse. The general parameters of the pulse include pulse 
amplitude, pulse width, pulse arrival time etc. The shape of 
the pulse is shown in Figure 8 with rise and fall time, The 
amplitude is not so stable due to the influence of noise. 
The pulse parameter definitions are provided as follows 
[4]. The Pulse Amplitude (PA in Figure 8) is the difference 
between the maximum value and the minimum value of the 
pulse. Pulse Rise Time (PRT in Figure 8) is the interval 
between the 10% and 90% amplitude points on the leading 
edge. The Pulse Fall Time (PFT in Figure 8) is the interval 
between the 10% and 90% amplitude points on the trailing 
edge. The Pulse Width (PW in Figure 8) is the interval 
between leading and trailing edge medians. The specified 
and displayed value is that obtained with fastest edges, 
essentially equal to the interval from the start of the 
leading edge to the start of the trailing edge. The Pulse 
Integral (PI in Figure 8) is the sum of the differences 
between the value of pulse and the minimum value of 
pulse during the sampling time. 

 
Figure 8: Pulse Waveform And General Parameter Definitions 

A) Baseline 

Baseline is an important element for calculating the 
pulse parameters. The baseline will shift over time, and 
therefore, in order to calculate the most accurate pulse 
parameters, the baseline should be calculated continuously. 
However, it is difficult to find the baseline for the pulse 
because there is too much noise around the baseline rather 
than a fixed value. Moreover, as each sample is read into 
the FPGA, the first step is to determine if the sample is part 

of an event or a sample of the baseline. If the sample is 
part of an event pulse, it should not be included in the 
baseline calculation. To exclude samples of an event pulse, 
a baseline window [5] giving a range of the baseline with 
upper and lower limits will be calculated instead of a 
single baseline.  
 

 
Figure 9: Baseline Window 

If a sample is inside the baseline window, it is 
determined to be part of the baseline; otherwise it is 
assumed to be part of an event pulse. The baseline window 
keeps track of how many samples have been inside and 
how many have been outside the window. Initially, the 
value of the upper baseline is 2 ADC least significant bits 
(LSB) and the lower baseline is 0 ACD LSB. If the 
following 64 samples are larger than the value of the upper 
baseline, both the upper and lower limits of baseline 
window will be increased by one ADC LSB. If the 
following 64 samples are smaller than the value of the 
lower baseline, both the upper and lower limits of the 
baseline window will be decreased by one ACD LSB. Or if 
512 samples have been inside, the window is contracted by 
one ADC LSB. Likewise, if there are 64 samples outside, 
the baseline window is expanded by one ADC LSB. The 
upper and lower limits of the baseline window will be 
increased or decreased a lot in the beginning, because the 
baseline window is far away from the pulse. Once the 
samples get inside the baseline window, contraction or 
expansion will happen a lot. In order to simplify the 
control, the three counters (above, below or inside the 
baseline window) only reset when 64 or 512 are reached 
respectively. The window expands faster than it contracts 
because there are more baseline values than pulse values. 
In this data set, the ratio is about 4:1. Figure 9 illustrates an 
example of a baseline window (the upper limit of baseline 
window is in light green and lower limit of baseline 
window is in dark green). 

B) Threshold 

A threshold is used to separate the pulse from the 
baseline. It is almost the same as the upper limit of the 
baseline window. The difference between them is that after 
the pulse rises and crosses the upper limit of the baseline 
window, the upper limit will increase until the pulse goes 
down and crosses again, but the threshold should be kept at 
the same value until the pulse and upper baseline cross 
again. This case gives a better and more accurate value to 
calculate the amplitude. The amplitude will be calculated 
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by the maximum value of the pulse and the threshold (A in 
Figure 10) instead of the maximum value of pulse and the 
upper limit of the baseline window (A’ in Figure 10). 

 

 
Figure 10: Threshold 

Figure 11 shows that the length between two intersection 
points created by a pulse and the threshold (TH1) are the 
arrival time of the pulse rising edge (t1) and the arrival 
time of the pulse falling edge (t2). All of the parameters 
will be calculated during the pulse width PW’. 
 

 
Figure 11: Pulse Width 

The pulse amplitude (PA) is the most important 
parameter to describe the pulse waveform. The 
measurement of PA directly affects the measurement of 
other parameters. For instance, in order to measure the 
Pulse Rise Time and the Pulse Fall Time, the PA should be 
measured first. Here we start to search for the PA from 
point t1 as shown in Figure 11. For each clock time, a 
variable whose initial value is 0 will be compared with the 
current value of the amplitude (the difference between 
pulse and threshold). The variable will be replaced by the 
current amplitude if it is smaller than current amplitude, 
otherwise, there will be no change. When t2 is achieved, 
the search will stop and the variable will be returned as the 
PA. The calculation of pulse rise time (PRT) and pulse fall 
time (PFT) are similar to the PA calculation. If the current 
amplitude is equal to the variable, the PRT will be 
increased by one. Otherwise, if current amplitude is 
smaller than the variable, the PFT will be increased by one. 
There are no changes when they are equal.A rough value 
of the pulse width (PW’ in Figure 11) can easily be 
measured by starting up a counter at t1 and increasing it by 
1 each clock cycle. The return value of the counter at t2 is 
PW’. However, the real PW is the time interval between 

two points which are the intersection between the pulse 
and TH2. Threshold TH2 is half of the pulse amplitude. 
Therefore, it is difficult to define TH2 before the PA has 
been measured. There are two methods to calculate PW. 
One is, saving all of the values with time during PW’, then 
searching the memory and calculating after the amplitude 
has been calculated. Another is, using the amplitude of 
previous pulse as reference to define TH2, and then doing 
a similar calculation of PW’. The first method gives a more 
accurate value but wastes memory space. The second 
method is used because the input pulses will not be 
changed for a period of time and the measurements are 
similar during this time. For each clock cycle during PW’, 
the current values (amplitudes) will be accumulated. The 
sum of those values is the pulse Integral (PI). 

VI.Testing 

 
The histograms obtained by using a Xilinx in-chip 

logic analyzer (ChipScope Pro™) for later analysis, 
MATLAB, a numerical computation, visualization, and 
programming environment will be used to do the 
comparison among histograms. This is hard to do in real 
time.. The Full Width at Half Maximum (FWHM) value as 
criteria will be calculated from the histograms by using 
MATLAB. 

A) Full Width at Half Maximum  

Criteria should be set for measuring the accuracy of 
amplitudes calculated from different filters. In this paper, 
the full width at half maximum (FWHM) [6] which is a 
parameter given by the difference between the two extreme 
values of the independent variable at which the function 
reaches half its maximum value will be used as the 
criterion. The smaller the FWHM is, the better the filter is. 
The best case is when FWHM equal to 1. The 
measurement of FWHM is similar as PW as shown in 
Figure 9, but the difference is that FWHM is calculated in 
post processing and PW is calculated in real time. The 
value x in Figure 12 represents amplitude. The function 
f(x) represents the frequency distribution of achieved 
amplitudes within 65525 times of the experiment. Each 
function will be traversed twice here. The maximum value 
of time for the first time achieved by keeping the larger 
value during traversal. The second time, the FWHM is 
calculated  by starting a counter when the value is larger 
than half of the maximum value and finishing it when the 
value is smaller than half of the maximum value 

 
Figure 12: Full Width at Half Maximum 

VII Analysis 
The comparison among different filters is based on the 

FWHM values which are achieved from 8 different pulses, 
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both single-humped pulse and double-humped pulse with 
four different amplitudes (2mV, 10mV, 50mV and 
500mV). Each pulse with different filters will be tested 20 
times and the average values of the FWHM will be 
calculated for analysis as shown in Figure 13(a) and (b). 
Figure 13(a) illustrates that FWHM values of MA are 
much lower than MWD, which means MA is much better 
and more stable than MWD here.  

 
Figure 13 (a): FWHM values for single-humped pulses with different 

filters 

 
Figure 13(b): FWHM values for double-humped pulses with different 

filters 

The FWHM values of the combination of MA and 
MWD is among the three. The stability of MA & MWD is 
better than MWD but worse than MA. As shown in both 
Figure 13(a) and (b), with the increase of amplitudes, the 
values of FWHM become larger and larger, and all the 
filters become more and more volatile. A double-humped 
pulse means two values of amplitude are received from 
each test. The FWHM values of it should be double the 
value of single-humped pulse with one value of amplitude. 
From the comparison between Figures 13(a) and (b), it is 
easy to see that the values of FWHM in (b) are almost 
double of the values of FWHM in (a). Therefore, it means 
the stabilities of filters will not be influenced by whether 
they are single-humped pulses or double-humped pulses. 

VIII. Results and Conclusion 

The investigations provide a calibration method for pulses 
processed by an ADC. They use some existing filters to 
achieve the accurate parameters of pulses and existing 
concept to do a comparison among filters. The FPGA 
implementation is also discussed. The investigations have 
a realistic significance in the high energy physics, 
especially in particle analysis. The main achievements are 
embodied in the following aspects.  
(1) Introduced a calibration method for achieving an 
accurate digital signal after the analog signal is converted 
and serialized by ADC and serialization. This design 
method with a finite state machine can be realized easily 

by FPGA. The high precision and the ability of real time 
application were validated.  

(2) Combined two existing filters, MWD and MA. MWD 
filter can avoid signal overlaps and make the measurement 
of amplitudes of double-humped pulses to become easier. 
The MA filter reduces the effect of noise on the accuracy 
of measured parameter and increases the S/N ratio.  

(3) Provided measuring methods for different parameters 
which are also suitable for real time measurements. The 
most important parameter is the amplitudes of pulses. 
Accumulated the values of amplitudes and returned 
histograms with software ChipScope Pro™.  

(4) Calculated the FWHM for each histogram and 
compared different filters with FWHM. All of the back-
end processing was done in MATLAB. After multiple 
testing, the MA filter holds the highest stability, MWD 
filter holds the lowest, and the combination of them is in 
between. However, it is difficult for measuring double-
humped pulses by only using MA. Therefore, the 
combination of MA and MWD is the best choice when 
measuring double-humped pulses, and it is enough use MA 
when measuring single-humped pulse waves.  

(5) Selected an XC5VLX50T FPGA, and illustrated the 
structure of a developed board. The whole implementation 
procedure and part of pseudo codes are also given.  

There is room for improvement with regard to the 
filters. By using both MA and MWD, one can easily 
achieve parameters in both single-humped pulses and 
double-humped pulses, but with an increase of the 
amplitudes of the pulses, the stability of MWD is 
decreasing a lot, and the stability of the combination of 
MA and MWD also decreases a lot. Future investigations 
should focus on finding filters which are more efficient and 
easy to realize in FPGA. Kalman filtering for example, 
which is an optimal estimator and a widely applied concept 
in time series analysis, can be used for future 
implementation. It is known as linear quadratic estimation 
and it is an algorithm that produces a statistically optimal 
estimate of the unknown state of the dynamic system from 
noisy data taken at discrete real time [7]. 
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Abstract— Speech is the vocalized form of human 
communication. Speech is the most natural means of 
communication between people. The people with disabilities 
and blind are unable to convey the information so the speech 
recognition system is used in these cases to share the 
information by operating computer through voice input.  The 
paper is based on speech recognition technology which is 
having more number of applications in all areas of research 
and is the fast growing technology. Hence lot of researchers 
paid their attention to develop technical means which allows 
distant persons to communicate with each other. The main 
aim of this project is to provide hand free voice 
communication to control the direction and the speed of an 
advanced gurney with voice commands. This system provides 
comfortable conversation by the utilization of microphone. 
The speech module is trained with the necessary commands 
that enable the navigation of the gurney. The speech module 
is then interfaced to ARM7 and through Zigbee module the 
navigation of the gurney is obtained. All the processing can be 
realized in real-time. 

 
Index Terms— Speech recognition, gurney, ARM7, Zigbee. 

I.  INTRODUCTION   

     Speech is the most natural means of communication 
between people. The words spoken by the human using 
microphone is captured by the computer which is called 
speech recognition technology. The step by step process of 
speech recognition is discussed in the following sections. 
In ideal case speech recognition taught by a human but in 
practical case this depends on factors like multiple users, 
vocabulary and noise environment. Speech recognition is 
basically the conversion of sound or speech energy into 
electrical signals which are further sampled into digital 
signals. The interaction with the machines in the future is 
completely changed by using speech recognition system. 
In the future using this speech recognition system, the way 
to interact with machine will change. The scientists are 
working to overcome the limitations of this since it is 
improving day by day. 
 
Nowadays in the field of aerospace the training and 
operational demands on the crew have significantly 
increased with the proliferation of technology is introduced 
by the voice recognition technology and using the simple 
voice commands one can control the cameras, lights, 
pumps and some equipment. Hence, lot of researchers are 
concentrating to develop a technical means which allow 

distinct persons to communicate in such a way as they are 
near each other. 

 
Fig 1: Speech or voice as an analog signal 

II. SPEECH RECOGNITION SYSTEM 

The speech recognition IC HM2007 is used for taking 
speech recognition [1]. It is completely assembled and easy 
to use programmable speech recognition circuit. The 
circuit is trained with the words you want the circuit to 
recognize is called programmable and many facets of 
speech recognition systems can experiment with this 
board. For further developments, nay microcontroller can 
interface with the 8 bit data output available in the board. 
The interfacing applications include robotics movements, 
controlling home appliances, speech to text translation and 
speech assisted technologies. The diagrammatic 
representation of Speech Recognition kit (SR-07) with 
HM2007 IC is shown in Fig 2 [2][3]. 

 
Fig 2: Speech recognition Kit 
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In order to control toys, tools, home appliances and 
computers performed by using speech recognition system. 
At its basic level, speech controlled appliances and tools 
allow the user to perform parallel tasks (i.e hands and eyes 
are busy elsewhere) while working with the tools or 
appliances. The speech recognition IC HM2007 is the 
major part of the circuit. The IC can recognize 20 words, 
each word a length of 1.92 seconds. 

A) Operation of Speech Recognition 

The internal process in HM2007 IC is shown in Fig 3. The 
main advantage of the IC 2007 is that it provides a 
complete package for speech detection purpose. 
 

 
Fig 3: Internal Process in HM2007 IC 

Speech Acquisition: In real time applications the speech 
samples are stored in memory for processing which are 
obtained from the speaker. The digital speech is obtained 
from the speech acquisition by combining the microphone 
and analog to digital converter with proper amplification to 
receive voice signal and sampling it. The system sends the 
analog speech through a transducer, amplifies it, and sends 
to ADC. The received samples of speech stored in memory 
on a RAM. The speech acquisition can implement easily 
with HM2007 IC. The audio codec receives the signal 
from microphone input port, amplifies it, and converts it 
into 8-bit PCM digital samples at a sampling rate of 
3.57MHz [5]. The initial configurations or training of 
words required for HM2007 performed by using a 
programming board. The particular value is assigned for 
each word by speaking words into the microphone under 
the training process. For example “left can be assigned a 
value 01 or 04. For further functions this can be connected 
to a microcontroller. 
 
Speech Preprocessing: The speech signal consists of the 
uttered digit along with a pause period and background 
noise. The amount of processing required is reduced by 
using preprocessing in later stages. The preprocessing of 
the speech signal involves takes the input speech samples, 
blocking the samples into frames and returning a unique 
pattern for each sample, which are described in following 
steps  
1) The significant samples of the speech signal must 
identified by the system. The system divides the speech 
samples into overlapped frames to accomplish this goal. 2) 
Using endpoint detection and energy threshold calculations 
the system checks the frames for voice activity.  
3) The speech samples are passed through the pre-
emphasis filter. 

III. TRAINING THE SPEECH RECOGNITION KIT 

The microphone audio signals are analyzed by using 
HM2007. The HM2007 interfaces directly with a 
microphone and the microcontroller. The word length to be 
recognized will be selected as the highest amount of 1.92 
seconds. The maximum of 20 words allowed with the 8K 
byte memory used. These will suit to the needs of work, as 
the speech commands will never surpass 20 words. If the 
commands are speech commands that affects volume 
control determined by preceding the audio signal in 
HM2007. The HM2007 chip takes the input from 
microphone. The maximum word length is set to 1.92 
seconds and a 20 word capability by adjusting the 13th pin 
i.e. WLEN of the HM2007 IC to HIGH (instead of 0.96 
seconds and a 40-word capability when the 13th pin is in 
LOW state). Pin 15, CPUM (CPU Mode) is set to low for 
manual mode of operation. This configuration used in 
entire work of preceding the speech signal. In order to 
provide better accuracy than alternate setup, the smaller 
word capacity is used for HM2007.   

For training mode a target class index is required. A 
target class index is defined as; a number is pressed on the 
keypad representing a specific target class index i.e 0 to 1 
numerical numbers. A target class index is defined as the 
desired out come on the display device. The maximum 
number of 1 to 20 class indices programmed can be 
anywhere. The turn-off condition of LED indicates the 
system is ready for training. First, the word slot 01 is 
spoken when the TRN button is pressed on the keypad. 
The LED will blinks for indicating the word has been 
loaded or trained. This same process is continuing for as 
many slots as required based on the full capacity of the 
system. Whenever training is completed then the LED 
remains illuminated. The flow chart for training the speech 
recognition kit is shown in Fig 4. 

For testing the speech recognition process, just 
followed the same procedure of the training process into 
the microphone. The memory number of the word is 
displayed on the digital display, For example, if the word 1 
is trained for forward direction, then saying the directory 
into the microphone will cause the number 01 to be 
displayed. Fig 5 represents the flowchart for testing mode. 
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Fig 4: The flow chart for training the speech recognition kit 

 

 
Fig 5: The flow chart for the word recognition testing mode 

IV. DESIGN AND IMPLEMENTATION 

In this section, the implementation of modules 
explained in detail. First the speech recognition module 
receives speech commands from the MIC. The module 
consists of HM2007-IC for the processing of the voice and 
matching the received voice signal with stored voice. A 
SRAM is connected to the HM2007 IC  to store the all 
voice commands. The main voice recognition module 
provides the decoders to decode the voice signals and the 
decoded signals are forwarded to the transmission 

microcontroller LPC2148. The LPC2148 controller 
processes the decoded signal and sends it to the Zigbee 
transceiver. The Zigbee transceiver from the control 
section transmits the signal to the gurney section’s Zigbee 
Transceiver. The diagrammatic representation for the 
control section is shown in Fig 6. 
 

 
Fig 6: Block Diagram of the Transmitting Module (Control Section) 

At the gurney section, the Zigbee transceiver receives 
the signals from the transmission module. The 
transmission module provides the signals to the 
microcontroller AT 89S52. The microcontroller decodes 
the signals received from the Zigbee and processes them. 
The processed signals are given as an input to the Motor 
Driver circuit L293D which is connected to the gurney. 
The gurney moves according signal provided by the 
AT89S52 microcontroller. The diagrammatic 
representation for the receiver section is shown in Fig 7. 

 

 
Fig 7: Block Diagram of the Receiving Module (Gurney Section) 

 
     This chapter describes the implementation of an advanced 
gurney which is controlled by speech commands. This type of a 
system is based on Speech Recognition Kit (SR-07) with Speech 
Recognition IC 
 
(HM 2007) which provides speech commands as input to 
the ARM7 processor [4], AT889C51 microcontroller for 
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controlling the gurney [6], relays for controlling and 
Zigbee as data transceiver. The ARM7 microcontroller is 
connected to Speech Recognition kit. This speech 
recognition kit transfers the speech signals to the ARM7 
microcontroller. In this design GPIO pins interface is used 
to provide communication between ARM7 TDMI and the 
speech recognition kit. Port P0.0 is used for transmission 
of data i.e. speech commands from ARM7 to the Zigbee 
module and Port P0.1 is used for reception of speech 
commands from the speech recognition kit to the ARM7. 
At the transmitter section LPC2148 microcontroller is used 
for controlling the speech recognition kit and the zigbee 
module, the schematic representation for transmitter 
section is shown in Fig 8. 
 

 
Fig 8: Schematic representation for the transmitter section 

At the receiver section AT89S52 micro-controller is used 
for controlling the DC motor driver, Zigbee module and 
relay. The schematic representation for transmitter section 
is shown in Fig 9.  

 
Fig 9: Schematic representation of the receiver section 

 

V. EXPERIMENTAL RESULTS 

The speech recognition kit is trained according to the 
requirement. The trained commands are stored in their 
respective address. Finally, the expected output i.e. 
movement of the gurney followed according to the speech 
commands is obtained. Each command trained will be 
stored at a particular memory address and this address will 
be displayed on the seven-segment display which is 
associated with the speech recognition kit. The commands 
trained can also be tested by pronouncing the words which 
were trained. On the spell of the command the seven-
segment display must show the address at which that 
particular command has been stored. For example, while 
testing, if we spell “RIGHT” the address location has to be 
displayed “06”. The commands trained/tested and their 
respective memory addresses displayed on the seven-
segment display are listed below with pictures: 
Transmitter section containing speech recognition kit 
showing address location 01 is shown in the fig 10(i). The 
command stored at this particular address is “FRONT”. 
 

 
Fig 10(i): Transmitter/Control Section showing the address location 01 

Transmitter section containing speech recognition kit 
showing address location 02 is shown in the Fig 10(ii). The 
command stored at this particular address is “BACK”. 

 
Fig 10(ii): Transmitter/Control Section showing the address location 02 

Transmitter section containing speech recognition kit showing 
address location 03 is shown in the Fig 10(iii). The command 
stored at this particular address is “LEFT 
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Fig 10 (iii): Transmitter/Control Section showing the address location 03 

Transmitter section containing speech recognition kit 
showing address location 04 is shown in the figure (iv). 
The command stored at this particular address is “RIGHT”. 
 

 
Fig 10(iv): Transmitter/Control Section showing the address location 04 

Transmitter section containing speech recognition kit 
showing address location 05 is shown in the figure (v). The 
command stored at this particular address is “STOP”. 
Transmitter section containing speech recognition kit 
showing address location 06 is shown in the Fig 10(vi). 
The command stored at this particular address is “FAST”. 
 

 
Fig 10(v): Transmitter/Control Section showing the address location 05 

 
Fig 10(vi): Transmitter/Control Section showing the address location 06 

Transmitter section containing speech recognition kit 
showing address location 07 is shown in the Fig 10(vii). 
The command stored at this particular address is “SLOW”. 

 

 
Fig 10(vii): Transmitter/ Control Section showing the address location 07 

Gurney/Receiver section is controlled by the transmitter 
section containing the speech recognition kit. The gurney 
is controlled by the speech/voice commands trained. The 
gurney section which navigates according to the speech 
commands is shown in Fig 10(viii). 
 

 
Fig 10 (viii): Receiver/Gurney Section controlled by speech/voice 
commands. 
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VI. CONCLUSION 

In this paper an intelligent gurney which is controlled 
by speech has been developed. The user can train the 
required commands by the utilization of a microphone. The 
user trained commands are used to control the navigation 
path of the gurney and to which the gurney navigates 
accordingly. Not only the direction but also the speed of 
the gurney can be controlled. The accuracy of the speech 
commands received by the gurney section is maximum. 
The speech commands trained by the user are assigned 
their particular address locations during the time of coding 
itself. If any individual wants to change the address 
locations, the change should be done in the code itself. The 
drawbacks of the system are noisy environment. The 
background noise may corrupt the original information or 
data under noisy environment. 
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Abstract—The present portable electronic devices like smart 
phones, Laptops etc. are capable of multi functional and 
multi domain application areas. These types of applications 
are possible due to the Integrated Circuit (IC) technology 
changes in terms of reduction in transistor size, supply 
voltage, time to market etc. These types of complex System on 
Chip (SoC) devices are designed by using Electronic Design 
Automation (EDA) tools to meet all nonfunctional IC design 
constraints. The selection of EDA tool is based on the type of 
IC design flow, design analysis, designer domain knowledge, 
nonfunctional optimization constraints etc. This paper gives 
an overview of Cadence company based VLSI EDA design 
tools and tool flow procedures for Digital and Analog ICs. 
  

Index Terms— VLSI, Cadence, EDA Tools, IC Design, 
System on Chip. 

I.  INTRODUCTION 

The present portable electronic devices can be designed 
by using hardware and software components. The 
hardware components are designed by using hardware IC 
design flows and software components are designed by 
using software design methods. The selection of hardware 
or software methodology is based on nonfunctional 
constraints like maximum operating frequency, area, 
power etc [3]. The hardware design can be done by using 
IC fabrication with the help of Very Large Scale Integrated 
Circuit (VLSI) design flows. The VLSI design flows are of 
different types based on the type of design entry and the 
type of final product.  

The VLSI Design is divided into two major groups as 
programmable design and nonprogrammable designs. The 
types of VLSI design flows are shown in Fig 1.The 
programmable design uses programmable devices using 
programmable AND/OR arrays. These devices are of 
different types based on the type of programmable device. 
The major types of programmable devices are 
Programmable Logic Array (PLA), Programmable Array 
Logic (PAL), Complex Programmable Logic Device 
(CPLD) and Field Programmable Gate Array (FPGA). All 
the programmable devices are used to design prototyping 
devices for Digital Electronic ICs using digital logic or 
Hardware Description Language (HDL). The 
nonprogrammable designs can be designed using 
Application Specific Integrated Circuit (ASIC) 
methodology with either semicustom design or full custom 
design based on the type of design entry.  

 

 
 

Fig.1: Types of VLSI Design flows 

 

The semicustom design uses Hardware Description 
Language (HDL) entry for the design of Digital Electronic 
IC devices. The full custom design uses transistor level 
entry for the design of Digital, Analog and Mixed signal 
Electronic IC devices. The design functionality is verified 
by using simulation with the help of test benches.   

The FPGA design is completed by using Xilinx, Altera, 
Atmel, Actel and other EDA companies by using vendor 
based FPGA prototyping tools and kits. The final digital 
design is downloaded onto FPGA kit using Joint Test 
Action Group (JTAG) cable. The non programmable 
designs can be done by using tools from product based 
companies like Cadence, Synopsys, and Mentor Graphics 
etc. All these nonprogrammable designs are targeted for IC 
technology library provided by IC manufacturing 
company.     
 
This paper mainly concentrates on design flows and procedures 
of nonprogrammable IC designs using Cadence EDA tools. The 
introduction to Cadence tool flow for semicustom and full custom 
is explained in section II and the detailed semicustom design 
methodology procedure for simulation, synthesis, and 
implementation using cadence tools is explained in section III. 
The full custom design flow for transistor level entry using 
Cadence tools is explained in section IV, followed by conclusion 
and references. 

II.  IC DESIGN USING CADENCE TOOLS 

The Integrated Circuit for nonprogrammable logic is 
designed by using either HDL design entry or transistor 
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level design entry. The HDL design entry is used for 
semicustom design and transistor level design entry is used 
for full custom design. The complete IC design suite for 
semicustom and full custom designs using Cadence tools 
[1] is shown in Fig.2. 

 

 
Fig.2: IC Design Flow using Cadence Tools 

The IC design flow starts with the user requirements, 
and the designer extracts the specifications based on the 
feasibility, domain knowledge, time to market and other 
design parameters. The design entry for the IC fabrication 
flow is selected from the specifications as either HDL 
entry or transistor level entry. For Digital IC design, HDL 
or transistor entry is selected and for Analog IC design, 
transistor level entry is selected. 

The Digital IC design using HDL is done using HDL 
design file and its functional simulation, verification using 
Cadence Incisive technology tools. After the verification, 
the digital design is synthesized and implemented using 
Cadence Encounter Digital Implementation platform tools 
targeting for the given IC manufacturing technology 
library. Then the final implemented file is given to 
manufacturing company for IC fabrication. 

The Digital/Analog IC design using transistor level 
entry is done with Cadence Virtuoso technology tools with 
the help of schematic cell view, functional simulation, 
layouts etc. The timing performance of functional 
simulated design can be calculated with the help of 

parasitic extraction, timing analysis, physical verification 
etc. targeting given IC manufacturing library model files. 
This is done by using Cadence silicon sign off and 
verification tools. Finally, the functionally verified and 
implemented file is given to manufacturing company for 
IC fabrication. 

III.  SEMICUSTOM DESIGN USING CADENCE TOOLS 

The semicustom design is used for HDL design entry 
based Digital design circuits. The Digital designs like all 
gates, multiplexers/demultiplexers, decoders/encoders, 
latches/flip-flops, shift registers, counters etc. can be 
designed using Cadence semicustom design suite. The 
semicustom design flow using cadence tools is shown in 
Fig.3. 

 
 

Fig.3: Semicustom Design Flow using Cadence Tools 

The Semicustom design flow starts with user requirements and 
ends with IC fabrication. The specifications are extracted 
from user requirements and uses HDL design entry. The 
design flow consists of three major steps i.e. functional 
simulation using Cadence Incisive Enterprise Simulator, 
synthesis using Encounter RTL Compiler and place & route 
using Cadence Encounter Digital Implementation (EDI) 
tool. 

A.  Incisive Enterprise Simulator (IES) 
The functionality of digital design is verified using 

Cadence Incisive Enterprise Simulator. The simulation is 
done for VHDL, Verilog HDL, SystemC and System 
Verilog design entries. The design flow for simulation 
using IES tool with sub tools is shown in Fig.4. The basic 
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simulation for any design entry consists of three steps i.e. 
compile, elaborate and simulate. For all the above steps 
two design environment variable files called cds.lib and 
hdl.var are required. The cds.lib defines the design libraries 
and concerned logical library names with physical library 
location. The hdl.var defines variables that affect the 
behavior of tools and utilities. 

 
Fig.4: Simulation using IES tool 

The commands for simulation process of Verilog HDL 
are shown below.  
Compilation: 

ncvlog –mess path_of_verlog_design_file/file.v 
ncvlog –mess path_of_verlog_testbench/test_file.v 

Elaboration: 
    ncelab –mess –access rwc testbench_module_name 
Simulation: 

ncsim –gui testbench_module_name 
The database for compile, elaborate and simulate will be 

stored in a work directory in .pak format. The simulation 
results are analyzed with the help of graphical waveform or 
text form or file format.  

B. Encounter RTL Compiler 
     The functionally verified design is given as input to the 
Cadence Encounter RTL Compiler synthesis tool and 
targeted for the IC manufacturing technology library. The 
synthesis RTL compiler can be generic synthesis 
(technology independent) or mapped synthesis (technology 
dependent) or incremental synthesis. Based on the type of 
analysis and optimization goal, the synthesis can be logical 
synthesis, low power synthesis, test synthesis. Some of the 
required input files and generated output files are shown in 
Fig.5 [2].  

 

 
 

Fig.5: Input/output files for RTL Compiler 

In RTL Compiler any type of synthesis will be done 
using Tool Command Language (TCL) based script file.  

 

The basic flow of script file for synthesis is shown 
below. 

 

Script:  
1. Set the error/warning information level 

2. Set paths for HDL files, Library files, Script files 

3. Load the logic library files, I/O library files 

4. Load Library Exchange Format(LEF) files 

5. Load capacitance tables 

6. Read all HDL files 

7. Elaborate top level HDL design  

8. Apply and read constraints  

9. Set synthesis to generic/mapped/incremental 

10. Generate Netlist, SDC file, EDI database, area, 

power, speed and other reports. 

C. Encounter Digital Implementation(EDI) 
The synthesized Netlist along with EDI database of 

Encounter RTL compiler tool is given as input to EDI 
environment for implementation. The simple design flow 
for EDI is shown in Fig.6 [3].  

The EDI design flow starts with design import of 
synthesized net list output with library files and I/O pads 
information. The net list is loaded with sufficient floor 
planning, power planning to meet area, speed and power 
constraints. The design is placed according to the power 
routing, cell routing, and clock tree synthesis to avoid 
geometry and connectivity violations. 

Some additional steps may be added to this design flow 
based on the optimization goal and digital domain. The 
implemented designs after placement and routing, without 
any violations will be sent to the IC manufacturing foundry 
for fabrication.  
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Fig.6: Simple Design flow for implementation 

IV.  FULL CUSTOM DESIGN USING CADENCE TOOLS 

The full custom design flow is used for design of 
Digital and Analog ICs using transistor level design entry. 
The full custom design is used for design and analysis of 
Digital designs like all gates, multiplexers, demultiplexers, 
decoders, encoders, latches, flip-flops, counters etc. The 
same design flow is used for Analog designs like 
amplifiers, comparators, current mirrors, oscillators, op-
amps etc to calculate nonfunctional and optimization 
performance parameter calculations. The full custom 
design flow using Cadence tools is shown in Fig 7 [1]. 

The full custom design flow is used for both Digital 
and Analog ICs targeting for the technology library 
provided by IC foundry. All the ICs are designed using 
MOS transistors, VDD, GND, voltage sources etc. These 
basic elements are connected according to the type of logic 
family to meet nonfunctional constraints. The logic family 
can be CMOS logic, Pseudo NMOS, Clocked CMOS logic 
etc.  

 
The technology library information is available in the 

form of model files described by using SPICE language. 

All the SPICE models are available for different Process, 
Voltage and Temperature (PVT) parameters. The 
simulation can be done for different types of analysis and it 
is selected based on the type of the circuit and type of 
inputs. The different types of analysis are ac, dc, transient, 
frequency etc. The selection of the analysis is based on the 
time variant input, time invariant input and other types of 
input voltage or current sources. The voltage sources are 
like dc, ac, pulse, sine etc. 

 

 
Fig.7. Full Custom Design Flow using Cadence Tools 

The fabrication of the functionally verified design is done by 
drawing a layout according to the design rules and performing 
matching between layout and schematic. The timing delays are 
extracted from parasitic extraction of layout and its functionality 
is verified by using post layout simulation. 

This design procedure is valid for both Digital IC 
fabrication and Analog IC fabrications. The Digital ICs 
functionality can be verified by using transient analysis. 
The dc analysis is used to calculate the operating point.  

The Analog ICs performance can be verified by using 
transient analysis, frequency analysis and sensitivity 
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analysis etc. The tool driven calculator is used to calculate 
different performance metrics of Analog ICs like slew rate, 
gain, gain bandwidth, frequency of operation etc.  

The post layout simulated design with no DRC, LVS 
violations is sent to fabrication house for IC fabrication. 
The Cadence tools can also be used for mixed signal IC 
design with the help of HDL entry and schematic entry 
options to meet the present day System on Chip (SoC) 
requirements. 

V .CONCLUSIONS 

The EDA tools are used to design System on Chip 
(SoC) applications with the help of Digital ICs, Analog ICs 
and Mixed signal ICs. In this paper the design procedures 
for Digital ICs simulation, synthesis and implementation 
using Cadence tools are discussed. The design procedure 
for Analog ICs fabrication using full custom design flow 
with Cadence tools is also discussed 
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Abstract—In this paper a 4-bit two input ALU is designed 

using hvt cells in 45nm technology. ALU is most important 
element in CPU. It consists of AE, LE, FA, and CE. FA is 
designed using Transmission gate based multiplexer concept. 
This ALU is designed to manipulate both arithmetic and 
logical operations and internally arithmetic block is designed 
to calculate both signed and unsigned numbers. The LE and 
FA are implemented using hvt cells. The ALU is designed and 
implemented using CADENCE Tools with GPDK 45nm 
Technology. The power is compared between normal 
threshold voltage level transistors and high threshold voltage 
level transistors. The simulation results show that design of 
LE and FA through high threshold voltage level cells is more 
power efficient than with low threshold voltage level cells. 
  

Index Terms—Arithmetic Extender, Logic Extender, Carry 
Extender, Fulladder 

I.  INTRODUCTION   

ALU is a digital circuit and a basic building block in 
cpu, microprocessors and other micro controller devices. It 
is used for performing both arithmetic and logical 
operations. Modern CPU’s consist of very powerful and 
complex ALU’s. 

ALU also contributes to one of the highest power 
density locations on the processor, as it is clocked at the 
highest speed and is busy mostly all the time which results 
in thermal hotspots and sharp temperature gradients within 
the execution core. Therefore, this motivates us strongly 
for energy efficient ALU designs that satisfy the high 
performance requirements and average power dissipation 
[5]. 

Here in this paper we have tried to attempt the design 
cells using hvt concept. The hvt concept is also called as 
higher threshold voltage level transistor concept. Using 
these hvt cells, power can be reduced very much 
comparing with normal threshold voltage level transistors. 
It can be better explained by considering sub-threshold 
current of a transistor. When transistor is in sub-threshold 
region, the sub-threshold current of a transistor increases as 
technology goes on improving. In sub-threshold region the 
leakage current is related to threshold voltage (Vt) and is 
shown in the below equation. 

  
From this current equation it can be observed that for 

less threshold voltage (Vt) the sub-threshold leakage 
current increases exponentially which in turn increases 

leakage power. Otherwise if threshold voltage (Vt) is large, 
then sub-threshold leakage current decreases which in turn 
decreases leakage power. From this it can be concluded 
that larger the threshold voltage (Vt) lesser the leakage 
power. 

Here we have designed a four bit ALU with three 
select lines for performing eight operations. In these eight 
operations, four operations are performed for logical and 
four operations are performed for arithmetic operations. 
The design includes four basic blocks. They are Logic 
Extender (LE), Arithmetic Extender (AE), Carry Extender 
(CE) and Fulladder (FA). The function of LE is to 
manipulate logic operations, AE is to manipulate 
arithmetic operations partially, CE is for carry operations 
and FA is for actual arithmetic operations. 

II.  EXISTING ALU   

ALU is designed using the concept of Adder/subtractor to 
add both signed and unsigned numbers. Adder/Subtractor 
is used as the building block along with Logic block and 
Arith blocks in front of the two input operands of each 
fulladder. By using this technique the primary input will be 
modified accordingly depending on the operations being 
performed before being passed to the fulladder [1]. It 
consists of four LE blocks, four AE blocks, four FA blocks 
and one CE block. Block diagram of existing ALU Block 
is shown in Figure 1. Abstract—In this paper a 4-bit two 

input ALU is designed using hvt cells in 45nm technology. 
ALU is most important element in CPU. It consists of AE, LE, 
FA, and CE. FA is designed using Transmission gate based 
multiplexer concept. This ALU is designed to manipulate 
both arithmetic and logical operations and internally 
arithmetic block is designed to calculate both signed and 
unsigned numbers. The LE and FA are implemented using 
hvt cells. The ALU is designed and implemented using 
CADENCE Tools with GPDK 45nm Technology. The power 
is compared between normal threshold voltage level 
transistors and high threshold voltage level transistors. The 
simulation results show that design of LE and FA through 
high threshold voltage level cells is more power efficient than 
with low threshold voltage level cells. 
  

Index Terms—Arithmetic Extender, Logic Extender, Carry 
Extender, Fulladder 
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I.  INTRODUCTION   

ALU is a digital circuit and a basic building block in 
cpu, microprocessors and other micro controller devices. It 
is used for performing both arithmetic and logical 
operations. Modern CPU’s consist of very powerful and 
complex ALU’s. 

ALU also contributes to one of the highest power 
density locations on the processor, as it is clocked at the 
highest speed and is busy mostly all the time which results 
in thermal hotspots and sharp temperature gradients within 
the execution core. Therefore, this motivates us strongly 
for energy efficient ALU designs that satisfy the high 
performance requirements and average power dissipation 
[5]. 

Here in this paper we have tried to attempt the design 
cells using hvt concept. The hvt concept is also called as 
higher threshold voltage level transistor concept. Using 
these hvt cells, power can be reduced very much 
comparing with normal threshold voltage level transistors. 
It can be better explained by considering sub-threshold 
current of a transistor. When transistor is in sub-threshold 
region, the sub-threshold current of a transistor increases as 
technology goes on improving. In sub-threshold region the 
leakage current is related to threshold voltage (Vt) and is 
shown in the below equation. 

  
From this current equation it can be observed that for 

less threshold voltage (Vt) the sub-threshold leakage 
current increases exponentially which in turn increases 
leakage power. Otherwise if threshold voltage (Vt) is large, 
then sub-threshold leakage current decreases which in turn 
decreases leakage power. From this it can be concluded 
that larger the threshold voltage (Vt) lesser the leakage 
power. 

Here we have designed a four bit ALU with three 
select lines for performing eight operations. In these eight 
operations, four operations are performed for logical and 
four operations are performed for arithmetic operations. 
The design includes four basic blocks. They are Logic 
Extender (LE), Arithmetic Extender (AE), Carry Extender 
(CE) and Fulladder (FA). The function of LE is to 
manipulate logic operations, AE is to manipulate 
arithmetic operations partially, CE is for carry operations 
and FA is for actual arithmetic operations. 

II.  EXISTING ALU   

ALU is designed using the concept of Adder/subtractor to add 
both signed and unsigned numbers. Adder/Subtractor is 
used as the building block along with Logic block and Arith 
blocks in front of the two input operands of each fulladder. 
By using this technique the primary input will be modified 
accordingly depending on the operations being performed 
before being passed to the fulladder [1]. It consists of four 
LE blocks, four AE blocks, four FA blocks and one CE 
block. Block diagram of existing ALU Block is shown in 
Figure 1. 

 

Figure 1.  Existing ALU System 

Here all the blocks of ALU are designed using pull-up 
and pull-down logic. The operations of ALU which we 
implemented in this ALU are shown in TableI. 

 
TABLE I 

ALU FUNCTION TABLE 

 
      From this function table, we can observe that the S2 
line selects between the arithmetic operations and the 
logical operations. When S2=’0’ logical operations are 
performed and when S2=’1’ arithmetic operations are 
performed. The two select lines S1 and S0 are used to 
select one among four possible arithmetic operations and 
four logical operations. Thus this ALU can implement 
eight different operations. 

A.  DESIGN OF LE 

      The combinational circuit named LE (Logic Extender) 
performs the logical operations. The LE performs the 
actual logic operations on the two primary operands ‘ai’ 
and ‘bi’ before passing the result to the first operand ‘xi’ 
which is one of the inputs to the full adder. The ‘X’ 
column from the function table shows the values to which 
it must generate different logic operations. LE truth table is 
derived from the function Table I and it is shown below. 
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TABLE II 

TRUTH TABLE FOR LE 
 

S2 S1 S0 Xi 

0 0 0 ai (Pass A) 

0 0 1 ai bi (A AND B) 

0 1 0 ai + bi (A OR B) 

0 1 1 ai' (NOT of A) 

1 X X Ai 

       
From the truth table we can observe that logical 

operations are performed only when S2=’0’ as discussed 
previously. The operand ‘ai’ value is just passed through 
without any modifications when S1=S0=’0’. AND 
operation is performed between the ‘ai’ and ‘bi’ operands 
when S1=’0’ and S2=’1’. OR operation is performed 
between the ‘ai’ and ‘bi’ operands when S1=’1’ and 
S0=’0’. NOT operation is performed when S1=S0=’1’. 
During these logical operations, the outputs of AE and CE 
blocks are set to zero because we do not want the fulladder 
to change the results. Here the output variable xi is 
dependent on S2, S1, S0, ai and bi variables. From the 
truth table the circuit is derived by using K-map equation. 
The equation for LE is shown below. 

Xi=S2ai+S0'ai+S1aibi+S2'S1ai(S0+bi). 
Schematic of LE which is designed using gates is shown in 
Figure 2. It consists of four Inverters, one 2-input OR gate, 
two 2-input AND gates, one 4-input AND gate and one 5-
input OR gate. 
 

 
Figure 2.  Schematic of LE 

B.  Design of AE 
The combinational circuit named AE (Arithmetic Extender) 
performs the arithmetic operations. AE modifies the second 
operand bi and passes it to the second operand ‘yi’ which is one 
of the inputs to the full adder where the actual arithmetic 
operation is performed. The ‘yi’ column from the function table 
shows the values to which it must generate different operations. 
AE truth 

table is derived from the function Table I and it is 
shown below. 

TABLE III 
 TRUTH TABLE FOR AE 

 

S2 S1 S0 Bi Yi 
0 X X X 0 

1 0 0 0 0 

1 0 0 1 1 

1 0 1 0 1 

1 0 1 1 0 

1 1 0 0 0 

1 1 0 1 0 

1 1 1 0 1 

1 1 1 1 1 
       

From the truth table we can observe that logical 
operations are performed only when S2=’1’as discussed 
previously. Here along with two select lines (S1, S0) we 
have taken one more operand ‘bi’ as the input because we 
need to modify ‘yi’, which is the second operand to the full 
adder so that all operations can be done with additions. 
Thus, the AE only takes the second operand of the primary 
input ‘bi’ as its input and modifies the value  
depending on the operation being performed. 

When select lines S1=S0=’0’, then ‘bi’ value will be 
passed out itself to perform addition. When S1=’0’ and 
S0=’1’ the complement of ‘bi’ value is passed out to 
perform subtraction. When S1=’1’ and S0=’0’, then output 
will be set to ‘0’ to perform increment. When S1=S0=’1’ 
then output will be set to ‘1’ to perform decrement. Here 
the output variable ‘yi’ is dependent on S2, S1, S0 and bi 
variables. From the truth table the circuit is derived by 
using K-map equation. The equation for AE is shown 
below.  

Yi=S2S0 (S1+bi')+S2S1'S0'bi 
Schematic of AE which is designed using gates is shown in 
Figure 3. It consists of three inverters, two 2-input OR 
gates, one 3-input AND gate and one 4-input AND gate. 
 

 
 

Figure 3.  Schematic of AE 

C.  Design of CE 
The combinational circuit named CE (carry Extender) 

acts as primary carry-in signal c0 to full adder. The C0 
column from the function table shows the values that the 
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CE must generate for different operations. CE truth table is 
derived from the function Table 1 and it is shown below. 

TABLE IV 

TRUTH TABLE FOR CE 

S2 S1 S0 C0 
0 X X 0 

1 0 0 0 

1 0 1 1 

1 1 0 1 

1 1 1 0 
       

From the truth table we can observe that the carry 
output is getting activated only when S2=’1’ because 
during logical operations carry signal is not required and 
output of carry is set to zero. When S1=S0=’0’ then output 
of C0 is set to ‘0’ because initially during addition carry-in 
signal is not required. When S1=’0’, S0=’1’ and S1=’1’, 
S0=’0’ then output of C0 is set to ‘1’ because it is selected 
only during addition operations. When S1=S0=’1’ then 
output of C0 is set to ‘0’ because during decrement carry-
in signal is not required. Here the output variable ‘C0’ is 
dependent only on three select lines S2, S1, S0. From the 
truth table the circuit is derived by using K-map equation. 
The equation for CE is shown below.  

C0=S2(S1'S0+S0'S1) 
Schematic of CE which is designed using gates is shown in 
the Figure 4. It consists of one 2-input XOR gate and one 
2-input AND gate. 

 
Figure 4.  Schematic of CE 

D.  Design of FA 

 In general the operation of full adder is to perform 
addition. The inputs of FA are xi, yi and co which are 
respectively the outputs of LE, AE and CE blocks. Here it 
cannot change the logical operations because during that 
period the output of AE will be zero and it passes directly 
through it without any modifications.  
From the function Table I we can observe that when S2=’1’, 

S1=’0’ and S0=’0’ it performs addition between the 
operands xi and yi. When S2=’1’, S1=’0’ and S0=’1’ it 
should perform subtraction but instead of subtracting B 
directly, we will Add ‘-B’. This can be possible only by 
changing B to two's complement format. It can be achieved 
by flipping the bits of ‘B’ and then adding one. Thus, ‘yi’ 
output of AE gets inverse of ‘B’ and one is added through 
the carry-in C0 and performs subtraction. When 
s2='1',S1='1' and S0='0' the increment operation is 
performed from taking ‘ai’ as one input and C0 as the other 
input while setting ‘yi' to all zeros. When S2=S1=S0='1' the 
decrement operation is performed. The sum and carry 
equations for FA are shown below. 

 
Sum=AB'Cin'+ A'BCin'+ A'B'Cin+ ABCin 

Carry=AB+BCin+ACin 

Schematic of FA which is designed using gates is shown in 
the Figure 5. It consists of two 2-input XOR gates, two 2-
input AND gates and one 2-input OR gate. 

 
Figure 5.  Schematic of FA using Gates 

III.  PROPOSED ALU   

In proposed ALU, FA is designed using transmission 
gate based multiplexer concept and also a XOR gate is 
added to collect both unsigned and signed overflow bit 
value which is shown in Figure 6. Here the XOR gate is 
designed using transmission gates and in turn transmission 
gates are designed using hvt cells. The FA which is 
designed here functions faster based on the critical timing 
conditions than the full adder which is designed using 
gates and also power is reduced very much due to hvt cells 
as explained earlier. The highlighted blocks in the figure 
show that the cells are designed using hvt cell concept and 
remaining blocks are designed using normal threshold 
voltage level transistors.  

  

 

Figure 6.  Proposed ALU System 

A.  Design of FA using Multiplexer 
The FA designed here consists of two 4X1 

Multiplexers and one inverter. The 4X1 Multiplexer is 
designed using transmission gates. The transmission gates 
and inverter are designed using hvt cells. The first 4x1 
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multiplexer is designed to get Sum function and second 
one is designed to get Carry function. Schematic of 
proposed FA is shown in Figure 7. 

 

 
Figure 7.  Schematic of FA using Multiplexers 

B.  Design of AE using hvt cells 
The proposed AE which is designed using hvt cells is 

shown in the Fig 8. It consists of three inverters, two 2-
input OR gates, one 3-input AND gate and one 4-input 
AND gate. 

 

 

Figure 8.   Schematic of AE using hvt cells 

IV.  RESULTS   

The entire ALU blocks are designed using Cadence Virtuoso 
Schematic XL Editor in GPDK 45nm technology. The designs 
are simulated by spectre SPICE simulator using Cadence Analog 
Design Environment L-Editor. The simulation result of ALU for 
the values A=”1110” and B=”0001” is shown in Figure 9. Power 
is calculated using Cadence Virtuoso Analyzer calculator. 
 

 

Figure 9. Simulation Result of ALU 

Power comparison between the existing cells and proposed 
cells is shown in the Table V. 

TABLE V 

POWER ANALYSIS OF DIFFERENT BLOCKS 

Cell Normal Vt High Vt 
XOR with TG 51.3nw 46.93nw 
LE 508.3nw 454.8nw 
FA with Gates 176nw 150nw 
FA with TG 126.4nw 105.5nw 

 
The total ALU consumes 3.043uw of power by using 

normal threshold voltage transistors and after replacing by 
proposed blocks with high threshold voltage transistors, 
the consumption power has been reduced to 2.71uw. The 
designed ALU consists of 598 transistors. This includes 14 
transistors for CE, 288 transistors for four LE blocks, 144 
transistors for each four AE & FA blcoks and 8 transistors 
for XOR gate. 

V. CONCLUSION   

      In this paper the proposed ALU is designed for some 
specified functions. When the inputs switch from pass ‘ai’ 
to pass ‘bi’ in LE then OR gate needs to be replaced by 
XNOR gate. Similarly by the replacement of different 
gates, the functionality of different operations can be 
performed in the total ALU. The design can also be extend 
for sixteen operations by changing the k-map equations. 
The design gives significant reduction in power 
consumption. Initially, the ALU circuit is designed using 
FA with gates and later it is replaced with multiplexer 
based FA through which power reduction is achieved. The 
entire blocks are designed and simulated using Cadence 
Tools. 
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Abstract –The number of objects counting is the estimation of 
objects in an image or video frame. It is a big challenging task 
in image processing. Some of main applications are counting 
blood cells in medical images, counting copper cores in wire, 
number of logs in timber truck, and monitoring crowds in 
meetings etc. This work presents a method of image edge 
detection with contour tracking to determine the exact 
number of objects in an image based on open computer vision 
(OpenCV) library. The experimental results show that 
OpenCV based algorithms are simple, with high code 
integration and accuracy. 

  
Keywords: Computer vision, Contour, Image, Video, Medical 
image, Copper core, Logs. 

I. OPEN CV OVERVIEW 

Open computer vision (OpenCV) is an Intel open 
source computer vision library. The library has more than 
2500 image processing algorithms is written in C and C++ 
and runs under Linux, Windows and Mac operating 
systems. It has C++, python, Mat Lab interfaces. OpenCV 
library can be used to build real time image processing 
with high computational efficiency [1]. 

A) History  

OpenCV was introduced by Intel in 1999 by Gary 
Bradsky and Vadim Pisarvsky. First alpha release came out 
in 2000 at the IEEE Conference on computer vision and 
pattern recognition. In mid-2006 there is an active 
development in OpenCV by “Willow Garage” team. A 
version 1.1 “pre-release” was released in October 2008. 
Now OpenCV getting support from a non-profit foundation 
called “OpenCV.org”.  

B) Open CV Modules 

Open CV is classified into five main modules [2]. i.e.  

      a) The CV Module 
      b) The MLL Module 
      c) High GUI Module 
      d) The CX core Module  
      e) CV Aux Module 
 

Figure 1 shows the basic structure of OpenCV. The CV 
module has the basic image processing and computer 
vision algorithms. The ML is the machine learning library 
which includes many classifiers and clustering tools. The 

High GUI has algorithms to read/save images and videos. 
The CX core contains the basic data structures and 
contents. The CVAux has algorithms for face recognition, 
stereo vision, texture descriptor etc. [3]. 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

Figure (1): Basic structure of Open CV 

C) Portability  

OpenCV   algorithms can run in any system that has C 
and C++ platform. This property makes OpenCV portable.  

D) Image structures in OpenCV 

Image in digital form is stored as an array of numerical 
information. The basic image structure hierarchies are of 
three types. 

 
 
 

 
 
 
                                                                                                          
 
  
 

 Figure (2): Basic data Structure in Open CV 
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OpenCV has a built-in data type to represent image 
matrices called Mat. For example, to initialize an image of 
dimensions 300x500 pixels, the syntax is:  
Mat image (300,500) 

Image Color Storing Methods:  These methods are classified 
into three types. 
Binary: 

It is the most fundamental way to store an image. The 
image is least defined black and white in color. Intensity 
information is stored either as 0 or 1. 
Example: Mat image (300,500) 
Gray Scale: 

Basically black and white image, but more defined than a 
binary image. In this, the intensity value stored usually 
ranges from 0 to 255, i.e. 1 byte of data. 
Example: Mat image (300, 500, CV_8U1) 
RGB Image: 

It is one of the most standard methods to store color 
images. It is a multichannel method, i.e. there are three 
different intensities stored for each pixel. The three 
channels correspond to intensities of Red, Blue and Green 
color. 
Example: Mat image (300, 500, CV_8U3) 

Here, pixel intensity value is represented in 
CV_8U3, 8 means 8 bits; U means unsigned char 
and 3 means 3 channels. 
 Ipl Image structure: Structure from Intel Image Processing 
Library to represent the image data.  
 
 Figure 3 shows the source image captured by camera. 
 

 
Figure (3): The source image of copper core wire 

II. COLOR TO GRAY CONVERSION 

Source images are obtained generally in color. The 
RGB color images contain three components for each 
pixel. The colors recorded by a camera are heavily 
dependent on the lighting conditions. They require lot of 
processing. For facilitating processing, color image will be 
usually converted to gray scale [4]. A gray scale image is 
an image in which the value of each pixel is an 8 bit value 
(0-255 range).  

It carries only intensity information. The function 
cvtcolor is used to convert RGB image into gray image.  
Example: cv.CvtColor (src, dst, code); 

In above function src is input image, dst is output image 
and code is color space conversion code like 
cv_RGB2GRAY. 

The effect of RGB to Gray scale image is well 
demonstrated in the Figure 4 

 

Figure (4): RGB to Gray scale image 

While capturing the image, some noise is introduced to 
source image due to camera sensor. Image sensor working 
is affected by temperature and light levels are major factors 
for producing the noise. The noise in image decreases 
detection accuracy. It is necessary to remove the noise in 
captured image. There are many methods available for 
removing the noise in images. Most frequently used 
method is smoothing. This method is also called blurring. 
Five smoothing functions are available in openCV which 
can be called by CVSmooth function. 

The available functions are  

CV_BLUR, 
CV_BLUR_NO_SCALE, 
CV_MEDIAN, 
CV_GAUSSIAN and  
CV_BILATERAL 
Median filtering method is kind of nonlinear smoothing 
technique and the gray value of its every pixel is set to a 
middle value of all the gray value of the pixel in a 
neighboring window [5]. 
Example: CVSmooth (image, blurring, CV_BLUR, 7, 7); 

    CVSmooth (image, medimg, CV_MEDIAN, 7, 7); 

 
Figure (5): Image after smooth processing 
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IV. THRESHOLDING 

The segmentation is used to divide the image into 
separate regions containing pixels with similar properties. 
This separation is made on the basis of intensities between 
object pixel and background pixels [6].  

The Image segmentation is done by thresholding.It is a 
nonlinear method that converts a gray scale image into 
binary image. Pixel values are assigned to one value (may 
be white), if value is greater than threshold value; else, it is 
assigned to another value (may be black) if value is less 
than threshold value [7]. The function for thresholding is 
CV.Threshold. 
OpenCV has different types of thresholding. They are 
CV.THRESH_BINARY, 
CV.THRESH_BINARY_INV, 
CV.THRESH_TRUNC, 
CV.THRESH_TOZERO, 
CV.THRESH_TO ZERO_INV. 
 

In the present work, for a micro wire picture, the object 
can be seen as the copper core, and the other is the 
background. The results of thresholding can retain 
structural characteristics of copper core information. For 
the purpose of separating copper core from background as 
much as possible, threshold function is to be used to 
segment cores in a wire. Figure 6 shows the resultant 
image after thresholding.   

 

Figure (6): Image after Thresholding 

V. MORPHOLOGICAL OPERATIONS 

Morphological operations process the images 
according to shapes. They apply  a defined structuring 
element  to an image, obtaining a new image where the 
pixels at positions (xi,yi) are computed by comparing the 
input pixel values at positions (xi,yi) and their 
neighborhoods. Depending on the structuring element 
selected, a morphological operation is more sensitive to 
one specific shape or the other. The two basic 
morphological operations are the dilation and   the erosion 
[8]. Dilation adds pixels from background to the 
boundaries of the objects in an image, while the erosion 
removes pixels. Here is where the structuring element is 
taken into account to select the pixels that are to be added 
or deleted. In the dilation   the value of the output pixel is 
the maximum of all the pixels in the neighborhood. Using 
the erosion, the value of the output pixel is the minimum 
value of all the pixels in the neighborhood. The other 
image processing operations can be defined by combining 

the dilation and the erosion, such as the opening and 
closing operations, and the morphological gradient. The 
opening operation is defined as erosion followed by 
dilation, while closing is its reverse operation –dilation 
followed by erosion. Therefore opening removes small 
objects from an image while preserving the larger ones and 
closing is used to remove small holes while preserving the 
larger ones in a manner similar to opening. The 
morphological gradient is defined between the dilation and 
the erosion of an image.  

 

Figure (7):  The morphological processing image 

VI. CONTOUR TRACKING 

Contours are defined as a curve joining all the 
continuous points along the boundary, having same color 
or intensity. Contour tracking extracts the boundary of 
objects in an image. It is also used to extract the shapes of 
objects. For better accuracy, use binary images. So before 
finding contours apply threshold or canny edge detection 
for getting binary images [9]. 

In OpenCV, to find white objects from black back 
ground, we use findContour function    
Example: CV.FindContour (src, contours, hierarchy, 

CV_RETR_tree, CV_CHAIN_APPROX_NONE); 
 By using this method, it clearly distinguishes the 

boundary of the objects, so it determines the number of 
objects accurately. The effect of contour tracking is shown 
in figure 8. From which we can clearly distinguish the 
exact number of the core in the wire.  

 

 
Figure (8): The effect of contour tracking 
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VII. RESULTS AND DISCUSSION 

An attempt is made to count the number of objects in 
images. The segmentation results shows that, some images 
segmented more than actual objects and some images 
segmented less than actual objects. The average objects 
segmentation gives around 97%, where individual objects 
segmentation varies between 92% and 102%.   However, 
variation in the results of individual objects are did not 
matter much as the aim of this paper is to calculate the 
average number of objects in an image. The increase or 
decrease of few objects does not make any difference as 
results are very much closer to actual average.   

 

 
Figure (9): Results of image processing technique to count number of 

seeds 

 

Figure (10): Results of image processing Technique to count number of 
cables 

 
Figure (11): Results of image processing technique to count number of 

logs 
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Figure (12): Results of image processing technique to count number of 

cores in cables. 

VII. CONCLUSION 

Computer vision or machine vision is the automated 
extraction of information from images and video frames. 
This technology has been gradually adopted by industry to 
monitor the product specifications to improve test 
efficiency and accuracy. With the help of OpenCV and 
image processing algorithms, first we preprocess the target 
image, secondly to make clearly distinguish between   
boundary of objects and its background, we used 
morphological methods. Finally contour tracking is used to 
count exact number of objects.  
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Abstract— The paper presents a unique Very Large Scale 
Integrated Ciruit structural design for high-speed data 
compressor design which implements the X-Match process. 
The top level block diagram mainly consists of 5 units, 
namely, First in First out (FIFO), Match unit logic, CAM 
(content addressable memory) Comparator, X-match Unit, 
and Output-stage (DE-x-match) unit. The content-
addressable memory (CAM) unit produces a set of hit signals 
which identify those positions whose symbols in a specified 
window are the same as the input symbol. These hit signals 
are then passed to the X-match unit which determines both 
match length and location to form the kernel of compressed 
data. These two items are then passed to the output-stage unit 
for packetisation before being sent out. Logic density 
increases have made feasible the implementation of 
multiprocessor systems which are able to meet the intensive 
data processing demands of highly concurrent systems. This 
design involves trade off that affects the compression 
performance, latency, and throughput. The design is 
implemented in ASIC.  Ncvlog simulator is used for 
simulation, RTL Complier is used for Schematics and to get 
reports like area, power, timing, and SOC Encounter tool is 
used for Synthesis (Floor Plan, Partition, Routing, Pre CTS & 
Post CTS Synthesis, Clock Tree Synthesis) and finally the 
GDS II file – a complete chip fabrication is obtained. 
 

Index Terms—FIFO, Match Logic Unit, Cam Comparator, X-
Match Pro, De-X Match Pro, ASIC Cadence- RTL Compiler, 
SOC Encounter. 

I.  INTRODUCTION   

There are drawbacks in the existing parallel 
compression techniques, like latency, high space, high 
power etc. So in order to eliminate those drawbacks and to 
achieve excellent redundancy and compression of data this 
high speed serial data compression has been adopted. The 
basic idea of this paper is to implement X-Match and De 
X-Match blocks of the compressor in Hardware 
Description Language and testing them on ASIC Cadence 
Platform using TSMC 45 nm technology libraries. [1] The 
paper includes the compression of either sequential data or 
improperly ordered data. The block diagram of high speed 
serial data compression is shown in the figure 1. The 
architecture mainly consists of 5 units namely, FIFO, 
Match logic unit, CAM, comparator, X-match Unit, and 
Output stage (DE-x-match) unit. The CAM unit produces a 
set of hit signals which identify those positions whose 
symbols in a specified window are the same as the input 
symbol. These hits signals are then passed to the X-match 

unit which determines both match length and location to 
form the kernel of compressed data.  

 

 
Fig 1: Block Diagram of High Speed Serial Data Compression 

II. BLOCKS OF SERIAL DATA COMPRESSION 

A) Match Logic Unit 

Consider   the match logic unit to compare the binary 
numbers containing two bits each, as shown in figure 2. 
A1, A0 and B1, B0 are the two 2-bit binary numbers. 
These are connected to the two exclusive –or gates; in 
which the LSB’s of A0, B0 are given to the first XOR gate 
and MSB’s of A1, B1 are given  to the second XOR gate .  

B) Operation 

If the two numbers are equal, then the outputs of the two XOR 
gates are at 0 levels. These outputs are inverted   and   applied to 
the AND gate. This causes the AND gate output as the HIGH (1) 
level. If the two numbers are not equal, then the outputs of the 
two XOR gates are at 1 
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level. These outputs are inverted and applied to the 
AND gate. This causes the AND gate output as at LOW 
(0) level.  The basic building elements of a comparator are 
XOR, NOT and AND gate. The Match Logic Unit circuit 
is also known as “Comparator”.  

 
 
 

Fig 2: Structure of 2 – bit Match Logic Unit  

 

C) Content Addressable Memory 

The CAM behaves as a SRAM which itself can 
perform READ OR WRITE operation with a given address 
and data but also performs matching operations to generate 
hit signals as shown in figure 3. Matching asserts a match 
line output for each word of the CAM that contains a 
specified key. A common application of CAM is 
translation look aside buffers in microprocessors 
supporting virtual memory. The virtual address is given as 
a key to the TLB CAM. If this address is in the CAM, the 
corresponding match line is asserted. This match line can 
serve as the word line to access as RAM containing the 
associated physical address, as shown in figure 4. 
 

 
 
 
 
 
 
 
 
 

 

Fig 3: Structure of CAM 

 
 
 

 

 

 
 

 
 

. 
 
 

 
Fig 4: TLB using CAM Cell 

Figure 5 shows another CAM cell design with one 
transistor less. N1 and N2 perform an XOR of the key and 

cell data. If the value is not accepted, N3 is switched on to 
pull down the word line. However, the gate of N3 sees a 
degraded high logic level. Figure 6 shows a complete 4*4 
CAM array structure. Like an SRAM, it consists of an 
array of cells, a decoder, and column circuitry. However, 
each row also produces a dynamic match line. The match 
lines are pre-charged with the clocked pCMOS transistors. 
The miss signal is produced with a distributed pseudo-
nMOS NOR.  

 
  

 

 

 

 

 

 

 

 

 

 
 

Fig 5:  CAM Cell Implementation 
 

  
 

 

 

 

 

 

 

 

 

 
 
 

Fig 6:  4*4 CAM Array 
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D) Cam Comparator 

 
The CAM Comparator consists of 4 input signals i.e., 

clock, reset, start bit and data input. 4 output signals signal 
address, address, data output and match hit output as 
shown in the figure 7. The reset and start consists of 1 bit 
data information and whereas data input and data output 
consists 32-bit. The signal address, address consists 6 bit. 
The input to the CAM is given through the data input 
signal, then it will store temporarily in signal address and 
finally it will store permanently in address field, after 
storing in address field then perfect data output will be 
fetching outside of the CAM comparator cell. [5] 

 
   1clk           2clk           3clk 
                    Tem1        
                                    1add                                                                       

From the above example at first clock we take input as 
2 then when we click on 2nd clock .The data will be stored 
temporarily in 1.But it will be showing output 2. When we 
click on 3rd clock the data will be stored permanently in 
address then it shows perfect output 2. 

 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig 7:  CAM Comparator Cell Implementation 

E) Xmatch Pro Operation 

The basic use of x match is to store given data. Here 
clock, reset, start and data in are present which act as input 
signals as shown in the figure 8. Reset and start are having 
one bit input, but data input is having 32 bits. Here we 
assign ‘0’ for the reset and start next input is given to data 
input. Here data output, and x match signals act as output. 
For the given data input, the respective output is obtained. 
This data is stored in any of the 32 bit address lines. 
 

 

 
Fig 8:  XMatch Pro Block 

 

F) DE X-Match Pro Operation 

De-x match is completely opposite to that of x-match 
in which the data will be compressed and the 
corresponding address will come as an output i.e , instead 
of getting compressed data at the output address will be 
displayed on it. But here de –x match acts as a receiver. 
The output of x-match will act as an input of de-x match. 
i.e address in the x-match will act as an input of de-x 
match . When we apply input (address) at the de-x match 
the output will be data. 

 

 
 

Fig 9:  De XMatch Pro Block 

 

G) Top Level Block Implementation 

1, 2, 3, 4, 5 as a data input then data output and address 
output will be appear same as data input i.e., 1, 2, 3, 4, 5. 
This resembles that whatever the bit size is represented as 
an input the same will appear at the output without any 
lossless.  

IV. IMPLEMENTATION RESULTS 

All the blocks of high speed serial data compression using X 
Match pro process are implemented by using ASIC Cadence 45 
nm technology libraries. Figure 10 shows RTL Schematics of 
Top level block, Figure 11 shows RTL Schematic of Match Logic 
Unit, Figure 12 shows RTL Schematic of CAM comparator. 
Figure 13 shows timing report of Top level block, Figure 14 
shows power analysis report of Top level block and Figure 15 
shows area analysis and finally the figure 16 shows the IC chip 
fabrication layout structure which is named as GDS II file. 
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Fig 10:  RTL Schematic of Top Level Block 

 

 
 

Fig 11:  RTL Schematic of Match Logic Unit 

 
 

Fig 12:  RTL Schematic of CAM Comparator 

 
 

Fig 13:  Timing Report of Top Level Block 

 

 
 

Fig 14:  Power Analysis Report of Top Level Block 

 

 
 

Fig 15:  Area Analysis   

 

 
 

Fig 16: GDS II file of High Speed Serial Data 

V.CONCLUSION 

All the block sets are verified by ncvhdl simulator and 
synthesized by using RTL Complier and finally implemented on 
SOC Encounter and obtained IC chip layout i.e., GDS II file. The 
main advantage of Xmatch pro process is high throughput. The 
improved Compression ratio is achieved in parallel Compression 
architecture with least increase in latency. The architecture 
provides inherent scalability in future. The  total  time  required  
to  transmit  compressed  data  is  less  than  that  of transmitting 
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uncompressed data. This can lead to a performance benefit, as the 
bandwidth of a link appears greater. There  is  a  potential  of  
doubling  the  performance  of  storage  /  communication system  
by  increasing  the  available  transmission  bandwidth  and  data  
capacity  with minimum investment. It can be applied in 
Computer systems and high performance storage devices.  As  
future  work,  improving  compression  for  the  disk  data  set  by  
increasing dictionary length and introducing run length coding 
techniques to the algorithm to improve compression ratio is 
considered. 
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Abstract — In this paper work, a new XOR logic gate and 
multiplexer logic has been proposed. Proposed design shows 
acceptable output logic levels with noise margin of 0.5V with 
1.0V as input signals in 45nm technology. A full adder design 
for single bit has been implemented using proposed XOR 
gate, pass transistor logic multiplexer. The full adder 
designed with 12 transistors shows power dissipation of 
7.74nW and maximum output delay 59.74nS. This circuit 
works with well reduced supply and simulations have been 
carried out for 0.8V, 1.0V & 1.2V supply voltage in the step of 
0.2V. Simulations are performed by using CADENCE based 
on gpdk45 library CMOS technology. Simulation result 
provides the advantage of the newly designed adder circuit 
against the conventional adder circuits. Consumption of 
power for proposed full adder has been compared with 
earlier reported full adder circuits, this proposed design 
circuit gives better performance in terms of power 
consumption, speed and transistor count. 
 
Keywords -- Exclusive-OR (XOR), CMOS, full adder design, 

low power and pass transistor, multiplexer. 

I. INTRODUCTION 

Research efforts are bringing changes in the field of 
low power VLSI (very large-scale integration) systems, in 
today’s world portable electronic devices like laptops, 
audio/video based multimedia and cellular communication 
devices increase as growth of technology. Nowadays, 
research efforts are optimizing the transistors density on 
chip, power dissipation of VLSI systems is also increasing 
further to influence reliability and run time failure 
problems. Packaging and cooling mechanism become 
costly and more complex due to the increasing 
consumption of power. Lowest power dissipation is one of 
the most important design criteria for integrated circuit 
(IC) design engineers at all levels of designing, along with 
delay and area considerations. The functionality of system 
will be considered at lowest supply voltage and logic 
swing. With this, There are three major source of power 
consumption which exist in CMOS VLSI circuits. They are 
(i) Power due to capacitor charging and discharging at a 
node is switching power, (ii) Power due to current flow of 
supply to ground with simultaneous functioning of PMOS 
and NMOS is short circuit power, (iii) Power due to 
leakage currents of device is static power consumption. In 
general VLSI design circuit power dissipation can be 
reduced by scaling supply voltage and capacitance further. 
As the supply voltage is reduced further, problems of poor 
noise margin, small voltage logic swings, and leakage 
current arise. 

The fundamental most frequently used arithmetic 
operation in microprocessors, DSP processors, application 
specific integrated circuits (ASIC) and application specific 

integrated processor (ASIP) etc, is addition of two binary 
numbers. A single bit binary adder circuit is significantly 
basic building block in these VLSI circuits, which must be 
efficient. 

Implementation of the full adder will affect the 
performance of entire VLSI system design. Recently 
different types of adder circuits have been designed using 
various logic function styles in previous literature. 
Standard CMOS logic has 28 transistor adder circuit using 
pull-up and pull-down networks which are having NMOS 
and PMOS transistors that are equal in number[1]. 
Transmission gate cmos adder (TGA) is based on 
transmission gate logic with 20 transistors [3]. The main 
disadvantage of TGA is that double number of transistors 
required compared to the pass transistor logic to implement 
same logic function. A transmission gate logic full adder 
(TFA) is based on transmission logic theory and uses 16 
transistors [4]. A hybrid cmos logic style adder circuit with 
22 transistors is reported [8]. A full adder using 22 
transistors based on hybrid pass transistor logic (HPSC) is 
presented. Full adder for embedded and signal processing 
applications using 3-input XOR logic gate is reported [10]. 
A 16T full adder cell with XOR & XNOR logic using pass 
transistor and transmission gate logic is reported [11]. 
Logic function of a full adder is based on the following 
two equations with A, B, Cin which are the three 1-bit 
inputs and generate two outputs of 1-bit they are Sum and 
Cout as given below 

 

 
Structural design approach of XOR gate for 

implementation of single bit full adder [12] is as 
shown in Fig.1. 

 

 
Fig.1: Structure of One Bit Full Adder Design 

More number of full adder circuits have been 
implemented with XOR logic gates and performance of 
these XOR logic gate also affects the adder circuit 
including the performance. The XOR logic is the main 
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basic building block of full adder circuit. The XOR logic 
can be designed and implemented using AND, OR, & 
NOT basic logic circuits but shows in high redundancy. 
Optimized design of these basic building blocks of gate 
will definitely improve the performance of VLSI systems, 
as these basic gates are used as sub block in arithmetic 
circuits. XOR, AND, OR & NOT designs with reduced 
number of transistors having satisfactory performance 
levels are extremely useful for efficient implementation of 
the circuit designs such as adders, multipliers etc. 4T pass 
transistor logic based XOR gates with some limitation of 
driving capability are reported in [6]. Different types of 
designs for XOR/XNOR gates using 4T also presented [4]. 
Three inputs XOR logic gate design in place of two inputs 
XOR logic are reported in [13]. The XOR/XNOR design 
with 10 transistors based transmission logic gate is 
reported in [8]. The XOR/XNOR circuit with dual 
feedback is also reported in [9]. The logic circuit schematic 
level, an optimized and efficient circuit design is necessary 
where number of transistors can be reduced, with less 
power consumption and acceptable output voltage level 
swings. Here, in this paper a new XOR logic gate with 
three transistors has been proposed. A new single bit full 
adder with 12 transistors based on proposed XOR gate and 
pass transistor logic multiplexer has been presented. 

II. PROPOSED LOGIC CIRCUITS 

A) XOR Logic 

Proposed XOR logic circuit design with 3T has been 
shown in Fig. 2. Proposed XOR logic, the channel length 
of all three transistors has been taken as 0.45µm. Width of 
NMOS transistor (N1) has been taken as 0.50µm, Width of 
PMOS transistors (P1 & P2) has been taken as 0.50µm. In 
this proposed circuit when inputs A=B=0, the output is low 
because P1&P2 transistor are ON and N1 transistor is 
OFF, then low level logic is passed to the output. The input 
combinations A=0 and B=1, circuit shows high output as 
transistors P2&N1 is ON while transistor P1 is OFF. In 
another case when inputs A=1 and B=0, transistor P1 is ON 
and transistors P2&N1 are OFF, then the output node is at 
high logic. When the inputs are A=1 and B=1 transistor N1 
is turns ON and transistors P1&P2 are OFF, then gives as 
the low logic level at output node but the resistance of 
transistor (N1) made high by reducing of its width, for 
acceptable output logic or voltage swing for input 
combinations (W/L) ratios have been modified. Widths of 
P1&P2 transistors has been made large to decrease the 
resistance and width of N1 transistor has been made to 
reduced for slow discharging.  

Degradation of the voltage due to threshold drop can be 
modified by changing W/L ratio as high of transistor N1. 
The equation relates the gate channel length and width of 
MOS transistor with threshold voltage of the transistor. 

 

Where: Vt0 -zero bias threshold voltage, 
 – Bulk threshold coefficient,  

--  and is Fermi potential, 

tox -Thickness of oxide,  

l , v, & w – process dependent parameters 
from the above equation, it is understand that by increasing 
the width(W) it is possible to reduce the voltage 
degradation. In the last combination A=B=1, the output 
node show low logic level as transistor N1 is ON, so that 
proposed circuit works as XOR gate as shown in Fig.2. 
Design of proposed 3T XOR logic gate operation has been 
obtained. Width of P3&N2 transistors has been taken as 
240nm and 120nm respectively. 

 
Fig.2. Schematic Circuit For XOR Logic With 3 Transistor 

Here proposed logic function simulation results are 
obtained using spectre simulator in cadence tool at 45 
nm technology. The transient analysis of 2-input 
XOR logic gate with inputs A, B and the output Y as 
shown in fig.3. The output of 3T XOR logic 
simulated using ADE-L at 45nm technology under 
the transient analysis of the period of 100nS and 
supply of 0.8V to 1.2V by steps of 0.2V. 

 

 
Fig.3. Simulated Output of XOR Logic With 3T 

B. Two Input Multiplexer 

Proposed logic function for 2-inputs mux design with 
two transistors is shown in Fig.4. In a multiplexer, channel 
lengths of two transistors have been taken as 0.45nm. 
Width (Wn) of NMOS transistor (N1) has been taken 
120nm. In proposed circuit when S=0 output is selected as 
A because PMOS transistor is ON and input A is passed to 
output. When the selection input S=1 circuit gives the 
output as B because NMOS transistor is ON and input B is 
passed to output. While output logic for certain input 
combinations the transistor W/L ratios have been modified 
to be acceptable level. 
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Fig.4. Schematic Circuit For 2-Input Multiplexer Logic With 2 Transistor 

Here proposed logic function simulation results obtained 
using ADE-L spectre simulator in cadence tool at 45nm 
technology. The data analysis of the input and output such 
as A, B, S & Y shown in Fig.5. The output of 2T 2-input 
multiplexer logic is simulated at 45nm technology, under 
the transient analysis for the period of 100nS and power 
supply of 08V to 1.2V by steps of 0.2V. 
 

 
Fig.5. Simulated Output of 2-Input Multiplexer Logic With 2T 

III. IMPLEMENTATION OF FULL ADDER 

Design of proposed single bit full adder circuit can be 
implemented by distinct combinations of XOR logic gates 
and multiplexer blocks. This proposed structure approach 
as shown in block diagram of Fig.1, we have used two 
XOR cells and three multiplexers to design the full adder 
as shown in Fig.6. Sum is generated by two XOR gates and 
Cout is generated by three multiplexer as given in Boolean 
equations. Based on 2T multiplexer with pass transistor 
logic to be used to generate Cout which is reduces the total 
number of transistor count of full adder to 12. Since the 
pass transistor logic is gives poor noise margin, in this 
current design XOR logic for sum is already generated for 
single bit full adder using proposed XOR cell and 
multiplexer cell using 12 transistors has been implemented 
as shown in Fig.2 and Fig.4. The multiplexer section value 
of width for NMOS and PMOS transistors have been taken 
as 100nm & 250nm respectively. Simulations is also 
carried out with varying different supply voltages from 
0.8V to 1.2V by steps of 0.2V. 

 
Fig.6. Schematic circuit for proposed full adder Logic with 12 Transistor 
 

Here proposed logic simulation results obtained using 
spectre simulator in cadence ADE-L tool at 45nm 
technology as shown in Fig.7. The analysis of input-output 
such as A, B, Cin and S, Cout with this the output of 12T full 
adder logic is simulated at 45nm technology under the 
process of transient analysis for the period of 100nS and 
power supply of 0.8V to 1.2V by steps of 0.2V. 

 

 
Fig.7. Simulated output of proposed full adder logic with 12T 

IV. SIMULATION RESULTS 

Results are performed by SPECTRE in Virtuoso 
platform for Simulation, Cadence at 45nm CMOS process 
with the 0.8V and 1V and 1.2Vsupply voltage. After 
verifying the functionality, various performance 
parameters those are Power, Delay and Power Delay 
Product (PDP) of the proposed design are summarized in 
the Table.1 for different voltages at a fixed input rise and 
fall time. 
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TABLE.1  

SIMULATED RESULTS AT 0.8V SUPPLY 

Parameter 
Supply - 0.8V 

Conventional 
CMOS FA 

Proposed FA 

Dynamic Power(µW) 1.81 0.0437 

Static Power(µW) 0.57 0.0235 

Total Power(µW) 2.38 0.0672 

Delay(nS) 59.75 40.31 

PDP 108.14 1.761 

 
TABLE.2 

SIMULATED RESULTS AT 1V SUPPLY 
 

Parameter 
Supply - 1V 

Conventional 
CMOS FA 

Proposed FA 

Dynamic Power(µW) 4.36 0.0232 

Static Power(µW) 1.23 0.0542 

Total Power(µW) 5.59 0.0774 

Delay(nS) 59.75 40.29 

PDP 260.51 0.934 

 
TABLE.3 

SIMULATED RESULTS AT 1.2V SUPPLY 
 

Parameter 
Supply-1.2V 

Conventional 
CMOS FA 

Proposed FA 

Dynamic Power(µW) 3.74 0.0537 

Static Power(µW) 8.51 0.0322 

Total Power(µW) 12.25 0.0859 

Delay(nS) 59.75 40.29 

PDP 223.46 2.163 

 
The 12T proposed full adder and Conventional CMOS full 
adder has been simulated at 45nm technology for 
calculation of different parameters at different supply 
voltages. 

 
V.COMPARISION 

Comparison between conventional CMOS and 
proposed CMOS full adder is shown in Tables. It 
represents that low power and high speed CMOS full adder 
is achieved best performance and shows less leakage and 
active power along with total power. The resulted less 
delay which enhances the speed of operation and gives less 
PDP (Power Delay Product). Full adder with 20fF 
capacitive load performance is given in tables, shows the 
best performance effect of various loads on power, delay 
and PDP at 0.8V, 1V and 1.2V as shown in below Fig.8 
and Fig.9. 

 
Fig.8: Comparison of Conventional CMOS Full Adder 

 

 
Fig.9: Comparison of Proposed Full Adder 

VI. CONCLUSION 

Design and simulation of optimized low power, delay 
and area of a single bit full adder design analysis is done 
under 45nm Technology. Various parameters at different 
scenario is calculated and compared with conventional full 
adder too. The simulation results signify that the 
parameters of full adder circuit is optimized, delay is 
reduced to 40.29ns and power dissipation is reduced to 
7.74nW and leakage current is reduced to 2.32nA for 1.0V 
at 45nm Technology. Comparison and analysis show that 
the implementation of the single bit full adder circuit will 
be better for 1.0V than 1.2V supply voltage. 
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Abstract- By introducing an “antinoise” wave through 
secondary sources the active noise control (ANC) is achieved. 
Through an electronic system, the secondary sources are 
connected using a specific signal processing algorithm for the 
particular cancellation method. In this paper, we propose a 
method which is combination of both Feed-forward and 
Feedback active noise control systems called Hybrid active 
noise control (H-ANC) method. This method uses lower order 
filters and also reduces distortion generated by the feedback 
ANC. So this method is   relatively more stable than feedback 
ANC. The Computation requirements for Hybrid ANC would 
be high and real-time implementations during one cycle. The 
algorithm generate the inverse waveform of the signal by 
collecting the noise information and update the filter 
coefficients effectively. 
 
Keywords- Active noise canceling model, secondary path 
estimation, feed forward ANC technique, feedback ANC 

technique. 

I.  INTRODUCTION   

ANC is a technique that can eliminate the noise emitted 
from a variety of sources that are present in our daily lives 
[1]. The Cancellation of noise makes use of the ambiguous 
of unfavorable interference. The final waveform depends 
on the frequency, amplitude and  phase of the two waves, 
when the two sinusoidals are superimposed.    

 

 
Figure 1: Physical description of active noise                                               

control (ANC) 

The total cancellation will occur when original and 
inverse of original wave were added at a summing point at 
the same time [2]. In figure 1 are shown the target noise 
and anti-noises meeting at the junction and the residual 
noise waveform shown. There are two challenges--- to 
identify the original signal and generate the inverse 
without delay in all directions where these noises interact 
and superimpose. 
Active Noise Control (ANC) is an emerging area of 
‘research’ with a great scope for application in different 

fields. Most of the researchers proposed simulation studies 
and modeling on active noise control using MAT LAB. 

For the active noise cancellation devices, there are 
many applications-- Cancellation of noise requires the 
sound or echo to be cancelled at a loud speaker, which is 
the source [1]. If we use headsets, the effect will work 
well, since that contains original sound and the canceling 
sound in an area near our ear. One of the applications is 
that, by wearing these electronic noise cancellation 
headsets, people who are working near aircraft or noisy 
factories, protect their hearing. ANC is ideal for industrial 
usage [3]. The engine’s operation is convenient for 
personnel; quieting of submarines. Noise reduction 
eliminates vibrations that cause wear out of material and 
increases fuel consumption. The application of an active 
noise reduction produced by engines has above 
advantages. 

II. STRUCTURE 

Figure 2 shows headset module. The oval shape 
represents a microphone [5]. There are two microphones 
are there on the headset--one is inside the headset and the 
other is outside the headset.  

 

 
 

 
Figure 2: Structure of ANC Headset                      

equivalent model 
 
 
 
 

The ‘reference microphone’ is outside microphone and 
is used to measure the noise near the headset. By 
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processing the input and this noise, DSK tries to produce 
noise adaptively [6]. The 'error microphone' is inside 
microphone, will recognize the error between noise and 
from the noise source, the inverse signal is generated by 
the DSK. This error signal will be fed back to the DSK, 
which updates the filter coefficients based on the feedback. 

Headset's equivalent model is shown in second 
structure. Because of huge amount of literature available in 
this structure, headset model is converting into acoustic 
duct model. 

III. LEAST MEAN SQUARE 

Computational complexity is one of the main 
constraints in the choice of adaptive algorithm [9]. So we 
have to choose an algorithm which is computationally fast 
for the application of Active Noise control. By taking this 
into consideration, Least Mean Square (LMS) algorithm 
became preferable choice than Recursive Least Square 
(RLS) [7].  

The updated equation for the LMS algorithm is given 
by  

 

            
 

 Where µ-step size, 
            e(n)-error at time ‘n’ and  
             w’(n)- the filter coefficients at time instant                                                                                                                            

‘n’. 
             u(n)- filter input vector 
 

Replace the basic LMS shown above withe the leaky 
LMS,to make the system more stable.The update equation 
is now given by  

 

w(n+1) = b*w(n) + µ*e(n)*w(n),        
Where b <19  

By adding the variable 'b' into the updating equation, 
can control the rate of change of filter coefficients 
w(n),over time. Also normalize the coefficients w(n) to 
ensure that the output doesn't become large. The 
normalizing equation is   

 
          w(n+1) = w(n+1) / sqrt(sum(w(n+1)))  

 
The function 'sqrt' takes a large number of cycles. 

IV. SECONDARY PATH'S OFF-LINE ESTIMATION 

Figure 3 shows the structure of off-line estimation of 
secondary path S(z) [9].By sending a sequence of training 
pulse to predict the secondary path  S(z) before the setup of 
noise cancellation. There are different types of algorithms 
for the off-line estimation concept  like FxLMS, Feedback 
ANC which are discussed in the following subsections. 

 
 

Figure 3: Structure of off-line estimation of Secondary path 

A) FXLMS Algorithm 

In Least Mean Square-LMS algorithm, we assume that 
the output of the filter y(n) is perceived at the error's 
microphone.But this is not possible in practice, is one of 
the drawbacks of LMS algorithm.    

If we  use an identical filter in the reference signal S'(z) 
path and update the  weight of LMS algorithm, the 
drawback is overcome [6]. This updated algorithm is called 
"Filtered-X LMS"-FxLMS algorithm shown in figure 4. 

 
 

 
Figure 4:  FXLMS ANC model 

Among all other solutions, the FxLMS algorithm is the best 
approach. It allows the offline estimation of secondary path 
S(z) and very tolerant to errors made in the S'(z) [8]. The 
system becomes very stable by using FIR filters to design 
W(z). But the convergence rate of this algorithm depends 
on the accuracy of secondary path estimation S(z) and if we 
use higher order filters, the speed of algorithm decreases 
[5]. The acoustic feedback presence is the major drawback 
of this algorithm. This is because acoustic wave from the 
cancelling loudspeaker to the reference microphone pairing, 
resulting in a depraved reference signal x(n). The equations 
of FxLMS are 
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B) Feedback ANC  

 Another algorithm for offline estimation is feedback 
ANC. To predict primary noise and use it as a reference 
signal x(n) is the basic idea of this algorithm. In figure 5, 
the error signal e(n) is obtained by the subtracting the 
primary noise d(n) from generated inverse waveform y(n) 
[7]. During the transition, no information lost and the 
predicted primary noise d(n) would be regenerated by 
adding the error signal e(n) and y(n). So the reference 
signal comes from the predicted primary noise [9]; 
therefore, the overall feedback mechanism performance is 
determined. 

       

 
Figure 5: Feedback ANC model 

By reducing the quantity of microphones from a pair to 
signal as well as eliminating the acoustic interference 
between the microphones are the two advantages of 
feedback ANC over basic FxLMS. The IIR structure of 
this algorithm produces faster convergence of LMS 
algorithm and the stability of the system [6]. The system is 
not able to catch up with aperiodic signal since half of the 
information for feedback system is collected from 
estimation in terms of frequency.  

 
The equations of feedback ANC are 

 

 

C) Proposed Method-Hybrid ANC (H-ANC) 

The feedforward ANC systems discussed earlier use 
two sensors: a reference sensor and error sensor. The error 
sensor monitors the performance of the ANC system and 
the reference sensor measures the primary noise to be 
canceled [4].  The  feedback ANC system uses only one 
error sensor and cancels the  predictable noise portion of 
primary noise. A combination of feed forward and 
feedback control structure is called a "hybrid ANC 
system", as shown in figure 6.  

 

                 
Figure 6: Hybrid  ANC model 

It uses lower order filters and is more stable.These are 
the two advantages of H-ANC, where it combines the 
features of feedforward and feedback systems over 
feedback ANC. But its computational complexity is high. 
The high computation requirements for Hybrid ANC 
would impede the real-time implementation [8]. The 
algorithm needs to collect the noise information, update 
filter coefficients and generate inverse waveform. In 
addition to standard LMS, protection of overflow and reset 
of coefficient could be necessary when the input noise is 
very large [5]. So the performance of the hybrid ANC is 
achieved. 

 
The eqautions of proposed hybrid ANC are 
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V. SIMULATION RESULTS 

The simulation of Hybrid ANC system would result in 
fast convergence rate by supporting the higher filter order 
and larger step size. And the Hybrid ANC system is 
sensitive to the length of filter order and less to the step 
size as shown in figure7. However, this observation is 
small comparing to the simulation result of Feedback 
ANC. 

 

 
 

Figure 7: Hybrid ANC results 

VI. CONCLUSIONS 

This paper presented a hybrid ANC system that 
combines the feedforward and feedback structures, updated 
using the FxLMS, to improve the performance of ANC in 
presence of acoustic feedback distortion. This fact together 
with the online secondary path modeling allows the system 
to be adjustable for any kind of secondary path change. 
Three different secondary path algorithms were analyzed. 
Computer simulations show that the hybrid ANC system 
provides an improved performance. Finally computer 
simulation results support the effectiveness of hybrid ANC 
system. 
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Abstract— Technological advancements in the field of power 
generation especially the renewable energies have made it 
possible to think of microgrids. This technology is proving to 
be beneficial in making localized areas self-sufficient in power 
management. Being at low-voltage (440v-11kV for 3Ø and 
230V for 1Ø networks), the microgrid can deliver the needs of 
domestic as well as small-scale industries which together 
consume a few kilowatts of power. This paper focuses on a 
single phase grid connected system catering the needs of a few 
domestic as well as a small scale industry. Solar energy 
coupled with a storage system is considered here so that the 
reliability of the system is improved. Analysis will be made on 
the system performance illustrating the power consumption 
at various stages. Matlab R2015 a simulink is used to simulate 
the model. 
 
Index Terms— Microgrid, Renewable energy, Battery 
management, grid-connected system. 

I.  INTRODUCTION 

The grid-connected low-voltage (LV) and medium-
voltage (MV) networks, which are getting prominent due 
to the penetration of the distributed resources, are playing a 
vital role in the utility market. The scenario is now 
changing from the decentralized markets as distributed 
generation is taking over. The resources that are available 
at the premises are now focused upon power generation. 
The technological advancements in the energy-conversion 
sector are boosting the utilization of the resources 
distributed along the geographical area concerned for a 
grid. The traditional grid commutes power in the range of 
Giga-Watts whereas the localized grids carry powers in 
kilo-watt range (Hence the name Micro-Grid, as ‘kilo’ is a 
micro-version of ‘giga’). These microgrids can be of 
different types based on the network. Firstly, it can be a 3Ø 
system to cater to the needs of three phase loads and single 
phase loads if any. Secondly the grid can be a single phase 
network, as most of the domestic loads are single phase. 
The generation, transmission (if required) and distribution 
all work in single phase. Most recently, the concept of DC 
microgrids has come up to overcome the efficiency issues 
of power converters. Based on the modes of operation, it 
can either be a grid-connected mode or an islanded (off-
grid) mode. Former requires the monitoring of power flow 
from and to the grid in order to maintain stability. The 
concept of net-metering is gaining focus as there is a 

market availability to sell power from establishments as 
low as 1kW (like roof-top solar plant defined by the IEEE 
Std 1547.4-2011 [1] ) to the grid. The loads draw power 
from the grid only when there is no generation available at 
the site or if the cost of generation is more than the tariff 
offered by the grid. The finances of microgrids are 
discussed by Barker, et al [2] where the authors present a 
comparison with the grid tariff and convincing results 
show that it is profitable. A very dynamic system has to be 
intelligently operated by a Market-Operator. The second 
mode does not exchange power with the grid. The planning 
is such that the generation is equal to the losses plus the 
total load on the system, at any given point of time. This 
system is said to be self-sufficient. A grid connected mode 
can switch to an offline mode to avoid in-surges due to 
faults and under system stability issues. In both the modes, 
energy storage is usually done conventionally through 
batteries. Presence of these will greatly improve the 
reliability of the system. The State-of-Charge (SOC) of the 
battery and the State-of-Health (SOH), which depends on 
charging and discharging cycles would be a main concern 
for the operator. Battery can be a substitute to the 
generating sources when there is no power generation 
available. 

In this paper a single phase Grid-connected LV 
microgrid is considered. Photovoltaic power shall be 
injected in parallel to the grid power where a group of 
domestic loads and a Small-Scale Industry (SSI) are 
powered up. Loads are dynamically switched on and off 
and the effect of this on the micro-grid system will be 
studied.  
Section II deals with the modelling of a Solar panel and the 
lookup table corresponding to the solar irradiation levels for a 
period of one day. Section III describes the battery capacity 
estimation and the charge control technique used. Section IV 
describes the single phase LV microgrid and the loads used in 
this paper. Section V illustrates the load management issues. 
Section VI describes the test system used for simulation and 
section VII analyses the results obtained. 

II.  PHOTO -VOLTAIC SOLAR PANEL MODELLING 

A.   PV cell as a current source 
The working of a photovoltaic cell is a well-known 

technology. The solar cells are designed to accept the 
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energy present in the sun’s rays for a particular wavelength              
range        called            visible light.  

 

 
Figure 1. Solar Photo-Voltaic Cell Equivalent Circuit 

 

 
Figure 2.  The Solar Irradiation during a day 

The equation corresponding to the current output from 
a solar cell can be written as:  

 

 (1) 

 
Where  
Iph is the photocurrent,  
Is is the reverse saturation current of the diode, 
q is the electron charge 
V is the voltage across the diode,  
K is the Boltzmann's constant,  
T is the junction temperature,  
N is the ideality factor of the diode, and  
Rs and Rsh are the series and shunt resistors of   
the cell, respectively. 
 
The equivalent circuit can be shown as in Fig. 1. 

B. Solar Radiation Data 
The solar insolation levels for a sample period of one 

day at a resolution of one second is taken as shown in Fig. 
2 
 

The sunrise is taken approximately at 9 AM and has a 
peak insolation during the noon time, i.e. 2 PM to 3PM and 
the sunset is expected to be around 5:30PM. The 
irradiation is shown in W/m2.  

This data is presented to the solar cell as an input 
which, according to the above equation develops current 
and hence a potential difference across the terminals. The 
outputs of it will be shown in the Section VI. 

III.  BATTERY CAPACITY AND CHARGE CONTROL 

A 1000AH battery is taken for the system and the 
charging and discharging of it are controlled based on the 

power flow at the Point of Common Coupling (PCC) of the 
microgrid to the Grid [3]. 

The direction of power flow will decide the current 
injected by the battery into the system. Hence the battery 
here is considered as a current source in parallel with a 
high resistance acting as a power source. The type of 
battery is not of concern in this study as the focus is 
towards the management of it. The PCC current and 
voltages are continuously monitored. The real power flow 
is calculated and the direction of flow is taken to be 
negative if the value goes less than zero. A PI controller is 
used to calculate the control signal (the equivalent current 
signal) input to the battery by comparing the present power 
flow to the reference value [4] (i.e. zero, not to depend on 
the grid). The battery is also working as a sink for the 
surplus power produced by the microgrid, where it gets 
charged up. As the capacity of the battery is set, the 
Ampere-hour discharge or charging is hence calculated by 
a simple integrated circuit and a fraction converting the 
time signal in seconds to hour. Similarly, the State-Of-
Charge (SOC) is also calculated.  

IV.  SINGLE PHASE LV MICROGRID AND LOADS 

The single phase LV microgrids need a separate study 
as the traditional analysis such as the protection, stability 
and sensitivity of the system is not as the conventional 
modelled grids [5]. Being operated at low voltage poses 
problems related to the efficient power transfer, placement 
of the generating plants closer to the loads (to minimize 
transmission). The present system considered in the paper 
is powered up by a solar Photo-voltaic source as the 
distributed generator supplying a set of domestic loads and 
a SSI. The voltage across the lines is continuously 
monitored. The grid is considered to be infinite in nature 
and hence the magnitude and phase of the grid voltage is 
not supposed to change even for a variation at the PLL [6]. 
A three phase step-up transformer of 10MVA, 
66KV/6.6KV is used in the generating plant considered in 
the grid. A pi sectional transmission is considered in the 
grid of 1km length associated with a three-phase load. At 
the PLL, a three phase to single phase conversion is done 
using a transformer working on one of the line to line 
voltage (here A&C lines are used). The power grid 
considered is shown in Fig. 3. 
The distribution is done on a single phase since the load 

considered also works on the single phase 

 

Figure 3.  The power grid considered for simulation 
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Figure 4.  Domestic Load connected to the grid 

 

Figure 5.  Load profile considered for each house 

A domestic load of three houses is considered. The 
loads are assumed to consume power at the voltage of the 
microgrid and depending on the switching on or off the 
loads in a house, the current consumption changes. Hence 
the profile of the current is taken as the basis and the loads 
are designed to be current sources taking the signal of the 
load profile. The behavior of the loads is considered as an 
internal aspect and represented in the load profiling. The 
load change is calculated on a per-minute basis (or for 
every sixty seconds). The domestic loads considered and 
the current profile are shown in Fig. 4 and Fig. 5 
respectively.  

The SSI discussed here is considered to have a solar 
PV plant setup on its roof-top, which is half of the size of 
the plant considered previously. This is now represented as 
half of the solar radiation considered previously in Fig. 2, 
so that the power output also is half. The load here is 
approximately five times the power drawn by a house. The 
industrial load and the solar PV connected are modelled in 
the simulink as shown in Fig. 6.  
 
 

 
Figure 6.  Load profile considered for SSI 

 

Figure 7.  Simulation diagram for the system considered 

V.  LOAD SCHEDULING 

The loads considered are switched on and off at 
definite times. The term scheduling here applies to the 
programmed usage of the loads. In the system considered, 
one of the domestic loads is switched off suddenly at 8:00 
AM and the SSI is scheduled so as not to consume power 
between 10:00 PM to 4:00AM in the morning. There is 
also a partial shading (a factor of 0.3, for a short duration 
of time) applied on the solar panels due to the cloud cover 
or the shadowing effects during the day.  

VI.  TEST SYSTEM DESCRIPTION 

The system considered is shown in Fig. 7. The 
microgrid network is configured to be 1Ø, AC (200 V at 
50 Hz). A maximum of 7.5kW of power generation is 
available from renewable energy source (PV).  The battery 
(operating at 200V, at 100% SOC, 1000Ah, and at 0.2C 
discharge rate). The battery shall also work in a charging 
mode when there is excessive power being generated in the 
microgrid. This is constrained to the upper limit of 
100%SOC. The domestic load consists of three houses 
consuming power (maximum 2.5kW) from the microgrid. 

The pole mounted transformer has a transformation 
ratio defined by the voltages of 6.6kV / (2 x 115V) on the 
primary and secondary. Hence a 230V RMS is available at 
the PCC from the grid. The solar power is available from 
4:00AM to 8:00PM on a typical day. The peak solar 
irradiation is available from 2:00 PM to 3:00PM. The 
loads, which are a combination of domestic and industrial 
consumer power with its peak values occurring at 9:00AM, 
then at 7:00PM to 10:00PM. 

As the solar energy available is enough to meet the 
demands during the noon times, the battery remains in off 
mode and the SOC is maintained during that time as 
constant.  
 

A small surgical disturbance is created by switching off 
the domestic load (3rd house) to observe the transient 
reaction of the grid, so that the real power flow can be 
studied at the PCC. The results obtained by simulating the 
above system are described below.  

VII. SIMULATION RESULTS 

The above system (Fig-7) is simulated using MATLAB 
2015a. The time period is taken to be 1-day i.e. 24*60*60 
seconds. The simulation is carried out in  
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Figure 8.  Load profile considered for SSI 

 
Figure 9. Representation of the power balance equation 

Phasor mode with a frequency of 50Hz to match the 
system’s requirement of Indian sub-continent. The 
simulation is carried out with an aim to make the microgrid 
self-sufficient i.e. to be able to meet the demand by the 
distributed sources within the microgrid. There are four 
loads (3 domestic and one industrial) and two sources 
(solar PV) and an energy storing element (Battery) in the 
microgrid. At the PCC, voltage and currents are measured 
so that the power exchange between the grid and the 
microgrid can be studied. Analysis is specifically made on 
a few points of interest that are detailed below.  

The power generated by the two solar panels during the 
day and the power delivered/consumed by the battery are 
shown in Fig. 8. The zero state of the battery power shows 
that it is idle.   

The power generation from solar PV can be seen to be 
maximum during the noon times. When the solar power is 
not present, the battery is taking over the load during 
evenings and morning.  

It is a usual practice that any self-sufficient system will 
have total power generation equal to the total load on the 
system. This is the basis on which the PI controller is 
designed to work. This relationship can be mathematically 
written as:  

PSolar PV + PBattery = PLoad   (2) 
Eq. 2 can be rewritten as  

PSolar PV + PBattery - PLoad = 0   (3) 
 

The system’s response to the Eq. 3 is shown in Fig. 9  
The above figure shows that Eq. 3 is almost satisfied, 

but not during the period 12:00PM to 6:00PM. The graph 
is positive from 12:00Pm to 5:30PM, because the 
generation is more than the total demand, while the 
negative values show that the grid is supplying power to 
the micro-grid.  

The excess power generated by the microgrid has to be 
fed to the grid through the PCC. The power monitored at 
the PCC is observed to match the Power transfer at PCC. 

If the battery is available all the time, i.e. the 
controlling on the battery is overlooked, then the power 
balance equation would be satisfied and the battery is seen 
to be charging from the microgrid power. There is no 

exchange of power from the grid, as the PI controller in the 
battery controller circuit is proving to be effective. The 
SOC of the battery is also maintained high i.e. 80% - 60%. 
The ampere hour discharge of the battery can be monitored 
and this can decide the capacity of the battery needed in 
the system. Here a peak of more than 210Ah is observed as 
shown in Fig. 11. 

An analysis can also be made to estimate the capacity 
of the solar panel needed for the SSI, so that the microgrid 
would still be self-sufficient. An efficient battery 
management algorithm can be implemented so as to see 
that the battery SOC would not violate the standard values 
of 20-80% at any given point of time in a day. This is 
beyond the scope of this paper and may be included in the 
future works.  

 
Figure 10.  Illustrates the various values 

 

Figure 8.  Load profile considered for SSI 

VIII. CONCLUSION 

This paper analyses a single phase microgrid connected 
to the grid, under a distributed generation environment and 
loads considered in the domestic and small scale industrial 
levels. The efficiency and the self-sufficiency of the 
microgrid is studied under two different scenarios 
depending on the control of the battery. The importance of 
the energy storage system in increasing the reliability of 
the system is studied. A design which is flexible to 
determine the capacities of the storage elements and the 
power sources is framed so as to facilitate future research. 
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Abstract:-This paper presents the Automatic Pneumatic 
Power Based Object Sorting System by Using MITSUBISHI 
PLC. PLC stands for Programmable Logic controllers. The 
purpose of the project is to provide low power object sorting 
with pneumatic pushing system. This project or idea is the 
basic need of almost every type of manufacturing and 
production unit today like Food/ Beverage, Metal, Mining, 
Power, Textile, Automobile, Chemical, Pharmacy, soft & 
hard drink manufacturing industries etc are the few examples 
where we see the automation today. The main objective of the 
project mainly follows two sequential steps. First step is to 
detect the size of the object by using IR detectors. IR 
detectors are placed at three different places in order to find 
out three different sizes of objects. In the second stage, the 
Pneumatic pusher will push the object. Here three pushers 
are used to push the objects, which will operate based on the 
size of the object. Whenever the object is detected then 
solenoid valve will be opened automatically and then the 
Pneumatic power will be released through valve to actuator 
named as pusher. Quantity of the objects in the field is sensed 
by the IR sensors and fed as inputs to the Q series PLC which 
in turn are sent to system through Ethernet for necessary 
processing steps. A PLC program will be developed based on 
the signals received from the input module of PLC and the 
signals to the field devices from output modules of PLC, 
which are interfaced with the PLC output modules. 
 
Index Terms: IR detectors, solenoid valve, SCADA, PLC and 
pushers. 

I.  INTRODUCTION 

Pneumatic Power Based Object Sorting System is 
really sophisticated, This can be designed by the hardware 
equipment with digital control equipment i.e. PLC [8]. The 
methods of sequential controlling process have been 
changed promptly in recent years [1]. Automatic 
Pneumatic Power Based Object Sorting System is an 
important application in pharmacy, chemical, Food/ 
Beverage, Metal, Mining, Power, Textile, Petrochemical, 
Machine Manufacturing and Automobile industries. The 
main theme of the project follows two sequential stages.  
 
1. Detecting the size of the object. 
 
2. Pushing the object through pneumatic power. 
 
A. Detecting the size of the object: Initially when the 
motor switch is turned on then conveyor belt starts running 
and the objects present on the belt will be detected by the 
proximity sensors Signals from the sensors are given to the 

PLC input module terminals. Based on the customization 
there are three different sensors and their respective sizes 
of the object .According to the ladder logic program large 
sensor detects only large sized objects; similarly medium 
sized and small sensor detects small sized objects and also 
gives the total count of the objects. Here IR detector is 
used to detect the size of the bottle. A photoelectric switch, 
or photo eye, is a device used to detect the distance, 
absence, or presence of an object by using a light 
transmitter, often infrared, and a photoelectric receiver [7]. 
They are used extensively in industrial manufacturing. 
There are three different functional types: opposed 
(through beam), retro-reflective, and proximity-sensing 
(diffused). 

B. Pushes the object through pneumatic power: Actuator 
is named as pusher. Whenever object is detected then PLC 
CPU sends the command signal to respective output 
terminal then the device is actuated which is interfaced to 
respected   output terminal. Here the output terminal is 
connected to the solenoid valve [1]. Once the output 
terminal status is Logic 1, then the solenoid valve will be 
energized valve will be opened, Pneumatic force will be 
applied to the actuator, and then finally actuator pushes the 
respective object on to the outer conveyor.  

The paper is ordered as follows .Segment I, 
Introduction to object size detection and pushing the object 
through pneumatic power & techniques used to operate 
actuator through pneumatic power.  
Segment II: Project Block diagram 
Segment III: Input, output devices & signal conditioning 
circuits 
Segment IV: Mitsubishi PLC  
Segment V: Programming language & results 
Segment VI: Conclusion and future scope 
Segment VII: confession  
Segment VIII: references 
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II. BLOCK DIAGRAM OF THE APPLICATION 

 

 
 

Fig 1.Block diagram 

 The block diagram describes the interfacing of field 
devices to the Programmable Logic Controllers. Here we 
are using Mitsubishi PLC [5]. This is a modular type of 
PLC. This is in the structure of slots. Each slot represents 
either input module or output module. In this project 
totally five input devices & five output devices are used. 
Five input devices are master start, master stop, small 
object sensor, medium object sensor & large object sensor. 
Output devices are indicating light, conveyor motor, 
Pusher1, pusher2 & pusger3.The following table.1 
represents the addressing formatting of respective terminal 

connections. 
 

S.No 
Name of the 

device 
Type of the 

device 

Addressing 
format 

respective 
terminal 

1 master start, INPUT X0 

2 master stop INPUT X1 

3 
small object 
sensor 

INPUT X2 

4 
medium object 
sensor 

INPUT X3 

5 
 large object 
sensor 

INPUT X4 

6 conveyor motor OUTPUT Y20 

7 Pusher1 OUTPUT Y21 

8 pusher2 OUTPUT Y22 

9 pusher3 OUTPUT Y23 

Table.1 Addresses of I/O terminals 

Sensor output is in the range of mvolts, and so requires 
signal conditioning circuits[4].PLC input modules support 

particular voltage & current specifications so interfacing 
sensor output signal should meet the specifications of  
input modules.PLC out modules requires device driver 
circuits to drive the output devices which are connected to 

PLC output terminals. 
 Whenever master start switch is pressed then conveyor 

is on, next optical sensors detect the size of the bottle [1]. 
If the size of the bottle is medium, then the respective 
actuator is on. Once the object is detected, then the PLC 
CPU sends the control signals to the respective terminal 
then automatically solenoid valve will be opened and then 
Pneumatic signal is released through valve ,which is 
applied to object then object is forced by Pneumatic signal. 
Pneumatic signal can be provided by compressor through 
pressure regulator [3]. 

III- INPUT, OUTPUT DEVICES & SIGNAL CONDITIONING 
CIRCUITS 

In this project five input devices & three output devices 
are used. Some devices requires signal conditioning 
circuits & device drivers. The following devices are used 
to implement this project 

Digital I/O: Common digital field input devices include 
pushbuttons, limit switches, photo sensor etc. Common 
digital output devices include relays, motor starters, and 
solenoid valves. 

IR detector: This sensor is used to detect the presence of 
the bottle on conveyor and detect quantity of the bottle. 
This is shown in Fig.2. IR transmitter & receiver circuits 
are used to identify the size of the object.IR transmitter 
always process IR signals that will fall on LDR (Light 
Dependent Resistor) while there is no object in-between IR 
transmitter and receiver [7]. Once the object will come in-
between IR source and IR destination then signal is 
interrupted by the object. The output of sensor is Logic ‘0’. 
If the object is not in-between that, then light will fall on 
the LDR then, output will be logic ‘1’ 

 
 

Fig.2. Proximity sensor using LDR 

We fixed a light emitter LED on one point and a photo resistor on 
another so that, when the obstacle passes between the two points, 
light intensity received by the photo resistor will drop causing the 
resistance across it to become higher. Here output of the sensor is 
low voltage signal, to make the interface of this sensor to the PLC 
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input modules, these signal should be amplified in order to reach 
the specifications of I/O modules[7] [5].   

Solenoid Valve: Solenoid valve drives the Pneumatic 
actuator or pusher. Whenever the input of solenoid valve 
will be logic 1 then valve will be opened automatically 
then Pneumatic signal will be released to actuator then 
which pushes the respective object [5]. The key to the 
operation of a proportional valve is a balance established 
between the forces in action on the plunger. These 
balanced forces include a mechanical force provided by a 
spring specially developed for proportional valves and a 
magnetic force created by the current level passing through 
the coil. The spring force is proportionally opposed by the 
magnetic force, which is shown in Fig.3.
1. Coil 
2. Spring 
3. Plunger 
4 .Magnetic field 
 

 
Fig.3.Soliniod valve 

Solenoid valve is operated by voltage (or) Current form 
the PLC output modules. Solenoid valve provides the 
pneumatic signal to push the selected object In this project 
three solenoid valves are used to push three different 
objects from the conveyer belt pneumatic. Energy is used 
to push the objects here. We are providing 60psi to 80psi 
pressure to pusher. The selected objects, once the object is 
detected then the pusher solenoid valve will be energized, 
then it will be opened the pressure will be applied to 
object. 

Signal Conditioning Circuit: output of the sensor is in 
the range of mvolts or volts. This voltage is not enough to 
interface with PLC input terminals. Which supports 
14Volts to 24Volts range of signals but sensor produces 
1.7Volts of signal [4]. So signal conditioning circuit is 
required is required, here circuit is designed with 
operational amplifier. In view of this Rf can be considered 
as 10K and Rin can be considered as 1k.Signal 
conditioning circuit is shown in Fig.4. 

 

                       Fig.4.Signal conditioning circuit 

 Signal conditioning circuit is used to get desired voltage 
application to meets the specifications of PLC input 
module .In this paper we are using IR sensors to detect the 
objects moving on the conveyor belt. Once the object is 
detected by the IR senor then it produces the low voltage 
signal [4]. This signal to be amplified to meet the 
specifications of PLC input modules [4]. Which is shown 
in Fig.4 Input voltage Vi is taken from the IR sensor. When 
the object is detected then it produces 1.2V voltage, this 
valve should be amplified to above 10V.So we designed 10 
gain amplifier, here we select Rf =10K  and Ri=1K . Rf is 
the feedback resistance and Ri is the input resistance. 
Finally Vout is given to input module terminal of 
PLC.Which meets the specifications of PLC input modules 

I = (Vin – Vout)/(Rin+Rf) 
 
Therefore, i=(Vin- V2)/Rin 

 
= ( V2-Vout)/Rf 
 
I=(Vin/Rin) - (V2/Rin) 
 
= ( V2/Rf)- ( Vout/Rf), 
 
So , 
Vin/Rin =  V2[ 1/Rin + 1/Rf] – Vout/Rf 

 
And as, i= (Vin-0)/Rin 

 

                      = 0-Vout/Rf 

The closed loop gain (Av) is given as 

 
Av = Vout/Vin 

       

             = - Rf/Rin 
 
Design of Conveyor belt: In this project conveyor belt is 
used for carrying of objects. This is driven by DC motor. 
Conveyor belt along with the sensors is shown in Fig.5. In 
this project conveyor belt was designed by using plastic 
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material. This setup was made up of iron material .the 
length of the conveyor belt is attached with a piece pole to 
arrange object detecting sensors in the proper manner. Rate 
of the product can be adjusted by adjusting the speed of the 
conveyor belt [8]. For industrial applications, different 
model of conveyor belts are used based on type of product 
[6]. Conveyor belt can be controlled perfectly by servo 
drivers or variable frequency drivers but in this project 
speed of the conveyor motor can be controlled by adjusting 
the voltage levels. 
 

 
 

Fig.5. Conveyor belt 

The belt consists of one or more layers of material are 
shown in Fig.5. They can be made out of plastic. Many 
belts in general material handling have two layers. An 
under layer of material to provide linear strength and shape 
called a carcass and an over layer called the cover. The 
carcass is often a woven fabric having a warp & weft. Here 
we are using the material called plastic sleeve. The cover is 
often various rubber or plastic compounds specified by use 
of the belt [1]. Covers can be made from more exotic 
materials for unusual applications such as silicone for heat 

or gum rubber when traction is essential. 
Here the conveyor belt will be driven by two dc 

motors. These two motors follow the similar direction of 
rotation. In the industrial applications instead of DC 
motors three phase induction motors are used, which are 
controlled by servo systems. These are 230V or 440V 
ranges of electrical motors are used. Industries follows 
different structure of conveyor belts depends of the 
application of the process. In this project we designed 
conveyor using plastic material 

IV. MITSUBISHI PLC 

In this project automation is done by aided of hardware 
with the PLC (Programmable Logic controller).Here 
Mitsubishi Q series modular PLC is used, which 
programming is easy to write & edit. This consumes less 
power. 

In this project we are using PLC ladder programming 
supporting software is MELSOFT GX Works-2.In this 
paper we are using basic PLC instructions, counter and 

timer functions. This PLC basically has input and an 
output module to make the proper connection of field 
devices [3].This application emulates the industrial 
applications. In this project we are using three object 
sensors, four conveyor motors and master start and stop 
buttons. All these field devices interfaced in proper way.  

Now a day’s all the industries are getting automation 
through PLC and SCADA systems [5]. Different 
manufacturers are available from the world. Whatever 
manufacturer’s .we should follow their specifications and 
carefully give the connections by considering sinking and 
sourcing in PLC [3][5]. Otherwise it causes to flow of 
wrong direction of current then it PLC will get damage. 

Different types of PLC are available in Mitsubishi 
PLC. Here we are using Modular PLC. This is shown in 
Fig.6. 
 

 
 

Fig.6.modular Mitsubishi PLC 

MELSEC-Q Series: MELSEC-Q series: It is a modular 
type of PLC, in this PLC number of the modules can be 
extended by our requirement. It has a facility to make the 
communication with CC-Link and also have remote I/O 
modules [5] .It has high speed of the operation and 
different series and model of Q PLC are available with 
innovative specifications. Seven types of power supply 
units are available according to different input/output 
voltages, and output current values.  
Different power supply units of PLC are shown in table.2.In this 
project we are using Q61P power supply unit. 
 

TABLE.2. 

DIFFERENT POWER SUPPLY MODULES OF PLC. 

Digital I/O Module: These are used to interface the 
input and output field devices. In order to make interfacing 
of field devices, we need to meet the voltage & current 
specifications of PLC I/O modules [3]. These are discussed 
over here.   

Digital input module: The following table.3 gives you 
an overview of different types on digital input modules 
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with specifications. These specifications are given in the 
form of module name, points, input voltage, and 
sink/source type and response time of the specific module. 
In this project we are using QX81 input module [5]. 
Digital input module: QX   

– Electrically isolated with opto couplers   

– Removable terminal blocks for 16 connections addresses  

– D-sub or 40-pin plug connector for 32 or 64 addresses 
 

TABLE3. 
DIFFERENT INPUT MODULES & THEIR POWER RATINGS 

 

 
 
Digital output module: This digital output module table 

.4 given below gives different module names and their 
specifications in the form of module name, points, output 
voltage, device which can be driven, current, points/com 
etc [5]. In this project we are using QY41P output module. 
Digital output module: QY   

– Module with relay, transistor or triac output technology   
–  Electrical  isolations  of  process  /control  and  also  
channel  in  some Cases  
– Choice of interface modules. 
 

TABLE.4. 

DIFFERENT OUTPUT MODULES & THEIR POWER RATINGS 

 
 
 

 
 

V. PROGRAMMING LANGUAGE & RESULTS 

Programming of PLC using GXWorks2: GX Works 
consists of various different components that help to 
simplify project creation and maintenance tasks [5]. A 
system design console that enables projects to be created at 
the system overview stage has been added. Additionally, 
the main programming languages are supported and their 
labels (variables) are shared, further simplifying 
programming. Various debug and maintenance features are 

also included. 
 Addressing In Q-PLC: 
 

 Addressing is in Hexadecimal  
  

 Each module is of fixed no. of I/O points i.e. 16, 
32, 64 etc.   

 Each module takes Input points and output points 
from the image memory.   

 Usage of allotted I/O points depends on the type 
of module.   

 Example: QX81 is 32 point module, uses only 
input points.   

 Flexible: Any card can be installed in any slots.   

 No Jumpers setting/DIP setting on modules. 
 

I/O Addressing: The following Fig.7 represents the 
addressing formats of the I/O modules. PLCs may follow 
hexa, octal or binary addressing formats and is prescribed 
by the manufacturer [5][3]. Most of them use hexadecimal 
format of addressing and so as we use that here. The 
following are the tables which represent how the 
addressing is made to the particular slot of the memory. 
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          Fig .7.Addressing Formatting Of I/O Modules 

The following Instructions are required to implement 
PLC programming through GXWorks2 

Input (X): Inputs are designed to give command and 
data from external devices, e.g. pushbuttons, select switch, 
etc., to the PLC. Inputs are available as “refer Inputs” and 
“direct access inputs” [5].   

Output (Y): Outputs are used to provide the control 
results of a program from the PLC external devices, e.g. 
solenoid, signal lamps, etc. Outputs are available as 
“refresh outputs” and “direct access output”.   

Internal relays (M) :Internal relay are auxiliary relays 
used in a CPU module and not latched.  
Latch relays (L): Latch-relays are auxiliary relays used in 
a CPU module and latched (backed up at power failure). 

Timer (T): A timer is a device that starts counting when 
its coil turns ON, and timer-out and turns ON its contact 
when the current value reaches or exceeds the set value. 
The timer is of an up-counting type. The current matches 
the set value when a “time-out” occurs [5].  

Counter (C): A counter is a device which counts the 
number pf inputs condition edges in sequence programs. 
When the counter value matches the value, its contact turns 
ON. The counter is of an up-counting. 

Ladder Programming: This is the source code of our 
project. This is the ladder programming which was 
simulated and tested many times in GXWorks2 software 
which is compatible with Mitsubishi Q-PLC. In this project 
if the objecte is detected, then the respective pusher will be 
on after some time delay [3]. Here time delay can be 
maintained by PLC timer function where base time of the 
timer to be set. Setting the Base time of the timer is shown 
in Fig.9.therefore when the below program Fig.8 is written 
in GXWorks2 software and simulated using the Mitsubishi 
Q-PLC [5] by connecting the PC and PLC with an Ethernet 
port, the PLC actuates the inputs and outputs connected to 
it according to the program written is shown in Fig.9. In 
this way,we were able to visualize our output which was 
according to what we have planned. 
 

 
 
                  Fig.8.Timer limit setting 
 

 
 

 

VI.CONCLUSION 

The automation technique proposed in this paper is very 
useful in industries where there are many parameters apart 
from those we considered in this experiment, which can be 
automatically controlled by Q-PLCs. This lessens the 
human efforts and errors caused by human beings when 
conducting this process manually. 
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Abstract—Present investigation deals with optimization of 
process parameters of CO2moulding process for better 
permeability.  Percentage of sodium silicate, quantity of CO2 

gas, mixing time and percentage of coal dust are considered 
as factors.  Each factor is considered at two levels. Taguchi 
method has been used for the purpose.  It is observed that 
sodium silicate and coal dust addition are the significant 
factors affecting permeability. Optimum condition is verified 
through confirmation experiments. 
 
 

Keywords : Permeability ,ANOVA ,Taguchi, Optimization 

I. INTRODUCTION 

Metal casting is a basic primary manufacturing process 
and sand moulding is the extensively used moulding 
process for producing castings. Though several types of 
moulding processes are evolved, sand moulding has got its 
share in production of moulds for preparing castings. CO2 

moulding process is one of the sand moulding processes 
available. CO2 moulding process was first conceptualized 
in 1898 and emerged as a popular process for core 
makingby1956.With the evolution of organically bonded 
sand system CO2 process was pushed back and its 
application was limited to core making. Later the 
consequent environmental pollution problems of organic 
binders, brought CO2 process again into lime light for the 
production of moulds. 

 

A) CO2Moulding Process 

A mix of sodium silicate and silica sand is prepared in 
a mixer and this mix is poured around the pattern as loose 
ram. When carbon dioxide is sent in to mould, the 
following reaction takes place 

Na2SiO3 +H2O +CO2 -  Na2CO3 +SIO2+H2O--(1) 

Sodium silicate is a meta stable compound and can be 

easily decomposed into mono silisic acid Si(OH)4. Mono 

silisic acid further polymerizes into high polymers, namely 

ploy silisic acid, and a gel is formed. This gel gets the 

ability to adhere to clean surface of sand grains and in turn 

form a bridge between the sand grains. This silica gel 

bridge between sand grains provides the required strength 

to mould. Atterton [1], Warry [2], Srinagesh [3] explained 

the bond formation mechanism of CO2 process in detail 

and quoted that silica binder bridge in CO2moulding 

process is brittle and porous. 

 

 

B) Permeability 

General characteristics of sand mould are strength 
hardness permeability, collapsibility etc…. In present 
paper permeability is considered. Ability of sand mould to 
permit free escape of gases through its pores is known as 
permeability i.e. permeability reflects venting quality of 
mould. The time required to pass 2000cc of air through 
AFS standard cylindrical sand specimen is known as 
permeability  

Permeability = pxaxt

vxh

---------- (2) 

Where v=volume of air in cc passing through AFS sand 

sample 

h=height of specimen (5.08 cm) 

p=Pressure of air in drum (10 gm/cm2) 

a=cross sectional area of specimen (20.268 cm2) 
t=time in seconds for passing 2000 cc of air to pass 
through sand specimen. 

 

C) Importance Of Present Work 
 

By varying different parameters of CO2 moulding 
process, the properties of mould can be changed. Generally 
every foundry man concentrates on maximization of 
strength and hardness. If strength & hardness is 
maximized, its permeability may be low and at the same 
time if permeability is high, it tells upon strength and 
hardness of mould. Too high permeability of mould leads 
to weaker mould. At the same time mould with low 
permeability reflects on quality of casting with defects like 
internal porosity. Hence our attempt should not be towards 
either maximization of permeability or minimization of 
permeability but to attain a reasonably good value of 
permeability. This nominal value of permeability is chosen 
as 80(no units) permeability number [4]. There is a 
necessity to determine at what values of process 
parameters, the permeability of mould shall be nearer to 80 
permeability number. 

II. PURPOSE OF INVESTIGATION 
 

Purpose of this investigation is to optimize the process 
parameters of CO2 moulding process for a targeted value of 
permeability. Taguchi’s orthogonal array is used as 
experimental plan for the purpose of optimization. 
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A) Steps Involved 

 Fixing number of levels and level values of each 

process parameter. 

 Deciding suitable experimental plan based on number 

of factors and their levels. 

 Experimental determination of permeability 

 Analyzing the results to attain optimum condition 

and expected permeability, range of permeability at 

optimum condition. 

 Validation of optimum condition through 

confirmation test. 
 

B) Fixing Number Of Levels And Level Values Of Each 

Process Parameter 

Permeability of mould varies according to the process 
parameters of the mould. Main parameters that affect 
permeability are percentage of sodium silicate, quantity of 
CO2 gas, mixing time and type and amount of additives. 

Percentage of Sodium Silicate: 

Essential element that involves in bond formation of 
CO2moulding process is sodium silicate. Hence percentage 
of sodium silicate is considered as factor. Usual percentage 
of silicate additions range from 3 to 6 percent. [5,6]. In 
present work two levels of sodium silicate i.e 4 percent and 
6 percent are considered. 
 

Quantity of CO2 gas: 

Mixing of CO2 gas with sodium silicate leads to formation 

of silica gel and this silica gel is prime responsible for 

bond formation in CO2   moulding process.      Supply of 

CO2 gas to mould is to be properly controlled to maintain 

the permeability possibly nearer to target value. 

 10 kg of CO2 gas per 100 kg of sodium silicate satisfies 

chemical equation involved in bonding process. [7]. But 

usually on shop floor 40kg of CO2 gas is used per 100 kg 

of sodium silicate [8]. To exercise control over CO2 gas 

supply  an experimental setup with a rotameter is built up 

that maintains constant flow rate of CO2 gas. Hence the 

above two quantities of 10 kg and 40 kg of CO2 gas per 

100 kg of sodium silicate are appropriately converted into 

gassing time i.e 13 seconds and 30 seconds respectively  

So the two levels of quantity of CO2 gas are 13 seconds 

and 30 seconds and in future section of this paper the 

factor quantity of CO2 gas is termed as gassing time 

Mixing time 

Proper mixing is to be ensured to maintain desired level of 
permeability. Usually 5 to 10 minutes of mixing time are 
employed [8 ].In present work, two levels of mixing time 
i.e 5 minutes and 10 minutes are considered. 

 

 

 

Coal dust Addition: 

Common problem with CO2  mould is poor collapsibility.    

To circumvent this problem coal dust additions are made to 

the mix. But this coal dust addition may influence 

permeability of mould. Generally coal dust up to 2 percent 

is added [8]. Hence in the present study, two levels i.e. 0 

percent and 2 percent coal dust additions are considered. 

C)Deciding Suitable Experimental Plan Based On Number 

Of Factors And Their Levels 

Four factors and two interactions are proposed to be 

studied. An L8 orthogonal array with 7 degree of freedom 

is the suitable experimental plan for current work because 

it has got seven columns that can accommodate seven two 

level factors. Factors considered and their level values are 

shown in Table-1. Experimental plan with actual level 

values are shown in Table-2 

TABLE-1   

FACTORS AND THEIR  LEVELS 

S.NO Factor name Level-1 Level-2 

1. Percentage of coal 
dust(CD) 

0% 2% 

2. Percentage of sodium 
silicate 

4% 6% 

3. Mixing time in 
minutes(MT) 

5minutes 10minutes 

4. Gassing time 13seconds 30seconds 
TABLE- 2 

L8 ORTHOGONAL ARRAY WITH ACTUAL VALUES OF FACTOR LEVELS 

Trai
l 

No. 

SS 
(1) 

GT 
(2) 

(Sec) 

SSXG
T 

(1X2) 

MT 
(4) 

(Mins) 

SSXM
T 

(1X4) 

Unuse
d 

colum
n 

CD 
(7) 

1 4% 13 1 5 1 - 0% 

2 4% 13 1 10 2 - 2% 

3 4% 30 2 5 2 - 2% 

4 4% 30 2 10 1 - 0% 

5 6% 13 2 5 1 - 2%
2 

6 6% 13 2 10 2 - 0% 

7 6% 30 1 5 2 - 0% 

8 6% 30 1 10 1 - 2% 

D) Experimental Determination Of Permeability 

Sand mixes are prepared as per the experimental plan 
given in Table-2 Standard AFS sand specimens are 
prepared with the help of a gassing arrangement. 
Schematic of gassing arrangement is given in fig-1.      
Gassing arrangement ensures supply of exact quantity of 
CO2 gas to mould or AFS sand specimen 

 
Fig-1 Schematic Of Gassing Arrangement Setup 



ISSN 2277 – 3916                       CVR Journal of Science and Technology, Volume 9, December 2015 
 
 

100 CVR College of Engineering      

Permeabilities of all the samples are determined with the 

help of a permeability meter (shown in Fig-2), and all tests 

are conducted according to AFS testing procedures 318-

87-5….[8]. To reduce the effect of noise on result, each 

experiment is replicated thrice and experimental 

observations are tabulated in Table-3. Average value and 

S/N ratio are also given in same table. 

S/N ratio can be calculated using the formula 

S/N ratio=-10  log (MSD)   --------(2) 

 

Where MSD=Mean Square Deviation 

In this paper, it is attempted to optimize the process 

parameters CO2 moulding process for a targeted value of 

permeability number i.e ‘80’. Hence the quality 

characteristic of permeability is “Nominal the better type” 

For Nominal the better type quality characteristic” 

MSD=[(y1-y0)2+(y2-y0)
2+(y3-y0)

2+…..]/n -------(3) 

Where n=number of replications and 

 y0=Targeted value of permeability 

 
Fig:2 Permeability meter 

TABLE-3 

EXPERIMENTAL OBSERVATIONS 

 

Expt 
no 

Permeability No 
(large orifice) 

Average 
Value 

S/N ratio 

1 550 492 525 442.333 -52.928 
2 525 398 467 383.333 -51.751 
3 492 550 550 450.666 -53.094 
4 650 650 950 670 -56.711 
5 99 90 99 16 -24.594 
6 235 264 326 195 -45.963 
7 275 226 226 162.33 -44.296 
8 185 226 226 132.33 -42.526 

    306.5 -46.456 

 

E)  Analysis of Results  

S/N ratio of each experimental trial combination are 

computed and are given in Table-3. To determine the 

effect of variation of value of each factor on permeability, 

response graphs are drawn and is given in Fig-3. From 

Response graphs one can obtain the optimum condition by 

considering the level value of each of process parameter 

that maximizes S/N value as optimum condition. But exact 

optimum condition is to be decided after discriminating 

significant and insignificant factors.  For identifying 

significant factors, we have to perform Analysis of 

Variance (ANOVA) and then F-test. ANOVA table of 

experimental observations are given in Table-4 

TABLE-4 

ANOVA TABLE 

Factor Dof SS Variance F-ratio 
Percentage 

Contr 
-ibution 

SS 1 410.725 410.725 9.539 56.5 
GT 1 58.356 58.356 1.355 8.02 

SSxGT 1 16.114 16.114 0.374 2.2 
MT 1 61.913 61.913 1.437 8.5 

SSXMT 1 37.731 37.731 0.87 5.19 
CD 1 99.05 99.05 2.3 13.62 

Error 1 43.056 43.056  5.97 
Total 7 726.94   100 

 

 

 
Fig-3 Response graph 

F-Test: 

By comparing computed F-ratio values from ANOVA 

table and F-ratio values obtained from statistical table 

corresponding to degrees of freedom of factor and error 

degrees of freedom, it is found that only sodium silicate 

(SS) and coal dust addition (CD) are the significant factors. 

Percentage contribution of each factor and interaction on 

permeability is shown in Fig-4. Optimum condition for 

“Nominal the better type” quality characteristic of 

permeability is given in Table-7. 
TABLE 7 

OPTIMUM CONDITION 

Factor name Level Description 
SS      6% [2] 
GT 13 Sec [1] 
SSxGT             [2] 
MT 5 Min  [1] 
SSxMT            [2] 
CD 2%      [2] 
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Fig4: Percentage Contribution Of  Each Factor And Interactions On 

Permeability 

Expected permeability at optimum condition 

Yopt=T +[ 2SS -T ]+[ 2CD -T ]  

        = -46.45+10.138+6.491 
 =-29.82(S/N values) 

 =110.9 
 

Range of expected permeability at optimum condition 

Confidence interval [C.I]=
2

*)2,1(

N

VenF

   ---(4)
 

Ve=error variance 

Ne=
factors of Dof+mean  of DOF

 valuesS/N ofnumber  Total
 

=
41

8
  =1.6 

F(1,n2) = F-values from statistical table corresponding to 
error degree of freedom and factor degree of freedom 

C.I = +- 5.079 
Range of expected permeability at optimum condition 

 =-27.48 to -34.9 (S/N values) 
 =90.2 to 135.5 (Actual values) 

It can be observed that sodium silicate is the most 
significant factor affecting permeability relative to other 
factors and interactions. However the percentage 
contribution of sodium silicate towards permeability is less 
compared to mould hardness and compression strength. As 
percentage of sodium silicate increases permeability 
decreases and hence optimum level of sodium silicate for 
the target value of permeability is 6 percent. Next best 
significant factor is coal dust. Coal dust, being very fine, 
compared to  fresh silica sand,  may clog the pores 
between sand grains and hence permeability decreases with 
increase in percentage of coal dust. Hence optimum level 
of coal dust for targeted value of permeability is 2 percent. 
 
 

F)  Validation of Optimum Condition Through 

Confirmation Test 

Optimum condition obtained through Taguchi analysis is 
ascertained through validation experiments conducted at 
optimum condition. Average of permeability of three 
experimental trials conducted at optimum condition is 
observed to be 99, which is well within the range of 
expected permeability at optimum condition.  

III. CONCLUSION 

Process parameters of CO2moulding process are 
optimized, using Taguchi technique. For better 
permeability. it is observed that percentage of sodium 
silicate and percentage  of coal dust are the significant 
factors. 

Optimum condition: Percentage of sodium silicate -6 
percent; Mixing time- 5 minutes; Gassing time -13 seconds 
and coal dust -2percent 

The optimum condition obtained is confirmed through 
validation experiments. 
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Abstract — In this paper, we are concerned with the 

oscillation properties of third order nonlinear differential 
equations of the form 

0,0)()()()())()()(( 1111 xyxpxyxqxyxrxr  

Some new sufficient conditions which ensure that every 
solution oscillates or converges to zero are established. The 
obtained results extend the result known in the literature for 
=1. Some examples are considered to illustrate our main 

results. 
 
Keywords and phrases: Oscillatory solution, nonoscillatory 
solution, Third order, non linear differential equations. 

I.  INTRODUCTION 

In this section we study the properties of oscillatory 
solutions of non linear differential equations of third order 

0,0)()()()()()()( 1
111 xyxpxyxqxyxrxr      

(1.1) 

Where )(),(),( xqxpxr are continuous functions, 

with 0)(xr  on the interval aaI ,,  and 

 is positive and is a ratio of two odd integers {this 

provides that if )(xy  is a solution so does )(xy }.      A 

nontrivial solution of (1.1) is said to be oscillatory if it has 
zeros for arbitrarily large values of the independent 
variable, otherwise it is said to be nonoscillatory. In the 

linear case with 1and 1)(xr , the properties of 

oscillatory solutions are discussed in Hanan [01], Lazer 
[02] and Swanson [03]. The associated nonlinear equations 

with 1)(xr are the subject discussed by Waltman [04], 

Heidal [05], Gragus and Venko [06], N.Parhi and S.Parhi 

[07] have discussed the equation (1.1) with 0)(xq  in 

the form 0)()()(111 xyxpxy
                                         

(1.2) 
 
Also the behavior of solutions of the 

equations 0)()()()()()()( 111111 xyxrxyxqxyxpxy
       

(1.3) 
was considered for oscillation, non oscillation and 

asymptotic behavior by L.Erbe [08] via a second order 
equation.  

In the discussion of the oscillatory solutions of  (1.1) 
made in the chapter no recourse has been taken to second 
order equations as well as no change of variables 
incorporated. The results obtained generalize many 
theorems mentioned in the above references. To the best of 
our knowledge nothing is known regarding the qualitative 
behavior of Equation (1.1) until now. 

II. MAIN RESULTS 

In this section we present the existence of oscillatory 

solutions of (1.1) with ,0)(,0)( xqxp positive 

and is a ratio of the odd integers and established that under 

certain integral conditions any solution of (1.1) which has 

an initial zero is oscillatory. 
 

2.1 THEOREM: Let )(),(),( xrxqxp are real valued 

continuous functions on ,aI with 

 0)(xr 0)(,0)(,0)( 1 xqxqxp
             

(2.2) 

 )()( 1 ICxr  and 
)(

)(1

xr

xr
Lim
x

 exists                    (2.3) 

x sx

dudsup
sr

ds

sr

ds
BA 0)(

)()(
                 

(2.4) 

 for sufficient large x, where A and B are constants and  

is positive and quotient of two odd integers, then any 

containable solution of (1.1) which has zero on I is 

oscillatory. 
 

PROOF: Let y(x) be a solution of (1.1) which does not 

oscillate and let 00x be the largest zero of y(x), that 

is 0)( xy for all 0xx . Since )(xy  is also a 
solution of (1.1), we may assume without loss of generality 

that there 1x exists such that for 
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all 0)(,1 xyxx and 

0)(1 xy for ),( xx for some . 

Let ).( ,12 xx dividing (1.1) by y and 

integrating from x2 to x, we get 
 

x

x

x

x

x

x

dsspds
sy

sysq
ds

sy

sryr

2 22

0)(
)(

)()(

)(

)())(( 1111

 

x

x

dssysryr

2

)()())(( 111

x

x

x

x

dsspdssysysq

2 2

0)()()()( 1

   

(2.5)

 
Integrating by parts yields 

x

x

ds
sy

syr

xy

xyxr

2
)(

)()(

2

3

)(

)()(
)1(

211

 

duds
y

uyur

sr
ds

sy

syr
x

x

x

x

x

x 22 2

)2(

312

)1(

21 ))()((

)(

1

2

)1(

)(

)()(

 
x

x

s

x

duds
uy

uyuq

sr
2 2

)(

)()(

)(

1 1

                                    

(2.6) 

s

x

x

x

x

x

dudsup
srsr

ds
kx

xy

xyxr

222

)(
)(

1

)()(

)()(
2

1

0 , for sufficient large x where 

)(

)()(

2)(

)())((

2
)1(

2
212

2

2
11

xy

xyr

xy

xryxr
k

 

Suppose that 0)(1 xy  for all 2xx . Since 0)(xy  

for all 0xx    , it follows from (2.6) that 0)(1 xy  for 

sufficiently large x  and this contradict the assumption. 

 

Thus there exists a 23 xx  such that 0)( 3
1 xy . We 

Shall now show that  0)( 0xy  together 

with 0)( 3
1 xy will contradict the positivity of )(xy   

for all 0xx  and hence establish the theorem. 

Multiplying (1.1) with )(xy and integrating from 0x   

to x , we get,  

x

x

x

x

dssysysqdssysryr

00

)()()()()())(( 1111

 

x

x

dssysp

0

0)()( 1

.                

(2.7) 

 

Let

)(
2

1
))((

))((
2

1
)]([

211112

212

xqyxyyrryyr

xyrxyG

                   
(2.8)

)(
2

1

))(())((
2

1
)]([

0
2

0
11112212

0

xqy

xyyrryyrxyrxyG

                                                                                     (2.9) 

We get 

x

x

x

x

dssysp

dxyqxyGxy

0

0

)()(

2

1
)]([)]([

1

21
0

 

           (2.10)

 

Since 

0
2

)()(
)]([;0)(;0)(

2

0
1

0
2

0
1

0

xyxr
xyGxyxy

 
and  

0)(()())()(
2

1)]}([{ 121
xyxxyxq

dx

xyGd

                
(2.11)

 

We see that )]([ xyG is strictly increasing and vanishes 

whenever )(xy has a double zero. Using this fact and also 

since 0)( 3xy and 0)( 3
1 xy we conclude that 
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))(())((
2

1

)]([

3
11112

3

212

3

xyyrryyrxyr

xyG

 

                      )()(
2

1
3

2
3 xyxq > 0.                     (2.12)

 

 

But since )]([ xyG  is strictly increasing, it follows 

from (2.12) that .0)( 3
11

xy Also we observer that 

)(xy cannot vanish more than once in ,3x for, 

otherwise suppose that there exists a 

34344 &,, xxxxx w

.),0)(&0)(,0)( 43
1

43
1

xxxrofxyxyxy

 

0)(
2

1

))(())((
2

1
)]([

4
2

4
11112

4

212
4

xqy

xyyrryyrxyrxyG

(2.13) 

Since )]([ xyG  is strictly increasing. 

In order that the above inequality may be satisfied 

we should 

have .0)( 4
1 xy but 0)(,0)( 4

11
4

1 xyxy impl

y that there is a maximum at 4x which is a contradiction, 

since there cannot be a maximum without passing through 

a minimum. Hence 0)(1 xy for 3xx and 

)(lim xy
x

exists. 

The rest of the proof is discussed in the following three 

cases that depend on the sign of ).(11 xy
 

 

CASE (i):- Let 0)(11 xy eventually. Then 

)(xy becomes eventually negative and this is a 

contradiction. 
 

CASE (ii):- Let .0)(11 xy Then since 0)(1 xy  for 

3xx  we have )(lim xy
x

and  

)()(
)(

)()()(

2

))((
lim

0(

)]([

11
1121

2

xyxy
xr

xyxyxrxy

xr

xyG

x

     

(2.14) 

which is contradiction the fact that )]([ xyG  is strictly 

increasing. 
 

CASE (iii):- If )(11 xy changes sign for arbitrarily large 

x then for 0 , there exists a sequence nx , for 

arbitrarily large values of x ,for which 

,0)(1
nxy and also another sequence 

........., 2211 sxsxsn of the values if 

x ,where )(1 xy has relative maxima with 

0)(1
nxy and .0)(11

nsy Since )(lim xy
x  

exists and 0)(1 xy , .0)(suplim 1
n

x
sy

 
 
Thus we have  

)(
)(

)(

2

)(
lim

)(

)]([ 12

2 n

n

n

x
n

n sy
sr

sr

sr

syG

(2.15) 
Using (2.1), (2.2) for arbitrarily large values of s . 

This implies that 

0
)(

)]([
lim

2
n

n

n sr

syG
.                                  (2.16) 

This is again contradiction to the fact that )]([ xyG  is 

strictly increasing.  

This completes the proof of the theorem. 
 

Example: 
The equation  

0)(2)()( 3

1

3

2

3

1
1111

yCosxSinxxxyxy                   

(2.17) 
satisfies the conditions of the theorem (2.1).Hence the 

solutions are oscillatory. In fact )()( CosxSinxxxy   is 

one of the solutions, which is oscillatory. 

III. CONCLUSION 

The requirement that the solutions (1.1) must have an 

initial zero on I is essential to obtain the conclusion. With 

1)(,)(,1)( xpxxqxr and 1on ,0 , the 

equation (1.1) becomes  
 

0)()( 1111 yxxyxy
                                     

(2.18) 

The conditions (2.1), (2.2) are satisfied. The condition 

(2.3) is verified as follows. 
t

t

s

t

t

t

t

t

s

t

t

t

dudsdsBAdudsup
srsr

ds
BA

0 00 000

)(
)(

1

)(
 

 



ISSN 2277 – 3916                     CVR Journal of Science and Technology, Volume 9, December 2015 

  CVR College of Engineering   105 

2

)(
)(

2
0

0

tt
ttBA as t . 

But the equation (2.18) is a 1C equation and all 1C  

equations have non-oscillatory solutions. 
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