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III/IV B. TECH. DEGREE EXAMINATIONS,  OCT / NOV - 2015
Second  Semester

EC/EE/EI

DIGITAL  SIGNAL  PROCESSING

Time : Three Hours     Maximum Marks : 70

 Answer Question No. 1 Compulsory.      14x1=14 M

Answer ONE question from each Unit.      4x14=56 M

1. a) What are the constraints on the transfer function if it were to represent a causal LTI

system.

b) What are symmetric and asymmetric signals.

c) In what respect does DFT differ from continuous Fourier transform.

d) State the final value theorem of Z-transform.

e) Define circular convolution.

f) Define causal and non causal LTI systems.

g) What are the various methods to find out inverse Z-transform.

h) Compute the DFT of x(n) = u(t).

i) Write advantages of FFT alogorithms.

j) What is frequency warping in Bilinear transformation.

k) What is the difference between butterworth and Chebyshev filters in terms of frequency

response.

l) Give the transformation equation for LPF to BPF.

m) State the desirable characteristics of windows in the design of FIR digital filters.

n) Mention two symmetry properties of FIR filters for obtaining linear phase.

UNIT - I

2. a) What is the frequency response of a discrete LTI system.  Derive the frequency response

of a system whose impulse response is given by h (n) = an u(n-1).

b) Find the inverse Z - transform of the function 23)(z1)(z

4)(z
(z)X




  for |z| > 2.

P.T.O.
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(OR)

3. a) Compute the response of the system described by

y (n) = 0.7 y (n-1) - 0.12 y (n-2) + x (n-1) + x (n-2) to input x(n) = n u(n).  Is the system

stable.

b) Determine the sequence x (n) given by
)1(z)8.0(zz

)5.0(z
(z)X






UNIT - II

4. a) Calculate the DFT of the sequence
n

nx 







4

1
)(  for N = 16.

b) Find and draw flow graph of the DFT of the sequence x(n) = {1,2,3,4,4,3,2,1} using

DIT FFT algorithm.

(OR)

5. a) Draw and explain the butterfly diagram for 8-point DFT using DIF FFT algorithm.

b) Find the DFT of the sequence x(n) = {1,0,0,1} using DIT-FFT.

UNIT - III

6. a) Design an analog low pass Butterworth filter with pass band and stop band cutoff

frequencies 800 rad/sec and 1800 rad/sec.  Pass band attenuation is -3dB and stop band

attenuation is -15dB.  Draw the ideal and practical magnitude response of various filters.

b) Design a type I, chebyshev low pass filter for the following specifications using bilinear

transformation f
pass

 = 1 KHz, f
stop

 = 3 KHz, 
s
 = -15dB and sampling frequency

f
sample

= 10 KHz.

(OR)

7. a) Design a digital low pass butter worth filter using Bilinear transformation with pass

band and stop band specifications are

(i)  Maximum pass band attenuation 
max

 = -3dB for
10

2
0


 w .

(ii)  Minimum stop band attenuation 
min

 = -20dB for 


 w
10

3
;

       Assume T = 0.2 msec.
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b) The specification of the desired low pass digital filter is

0.9 < | H(w) | < 1.0    ; 0 < w < 0.25 

ww

Design a chebyshev filter using impulse invariant method.

UNIT - IV

8. a) Design a low pass seven stage filter with a cut off frequency of 300 Hz and T
s
= 1 m sec

using hamming window.

b) Determine and realize FIR system in direct forms

y(n) = -0.5 y(n-1) + 0.25 y(n-2) + 0.125 y(n-3) + x(n) + 0.5 x(n-1) + 0.65 x(n-2).

(OR)

9. a) Design a high pass filter using Kaiser window with cutoff frequency of 1.2 rad/sec N=9.

b) Obtain direct form realizations with minimum number of multipliers
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III/IV B.TECH DEGREE EXAMINATIONS, MARCH/APRIL 2015
SECOND SEMESTER

ELECTRONICS & COMMUNICATIONS

DIGITAL SIGNAL PROCESSING
Time: Three Hours Maximum marks:70

Answer Question No. 1 Compulsory (14x1=14)

Answer one question from each unit 4x14=56
1. Answer the following

a) Write two advantages of digital over analog signal processing
b) What is the relation between the Z-transform and the discrete Fourier

transform.
c) Differentiate stable from a unstable system
d) Define the symmetry properties of DFTS which provide basis for fast

algorithms.
e) State scaling property of Z-transform
f) Define and draw sampling function or sine function
g) Write the properties of DFS
h) Define linear and circular conrohtion
i) Calculate the number of multiplications and additions needed in calculation of

FFT with 64-point sequence
j) Write any two basic features of IIR filters.
k) Give the transformation equation for LPF to BSF.
l) What is the difference between butter worth and chebyshev filters in terms of

frequency response.
m) Mention two symmetry properties of FIR filters for obtaining linear phase.
n) Give the expressions for Kaiser and Hamming window.

UNIT-I
2. (a) A discrete system is given by following difference equation

y(n)-5y(n-1)=x(n)+4x(n-1) where x(n) is the input and y(n) is the output.
Determine its magnitude and phase response as a function of frequency.

P.T.O
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(b) Check for linearity, time invanance , causality and stability for the following
Systems.
i)y(n)=ex(n); ii)y(n)=x(n2)

OR
3. (a) Determine the causal signal x(n) having the Z-transform

X(Z)=

(b) A causal LTI system is described by the difference equation
y(n)-y(n-1)+y(n-2)=x(n-1).  Where x(n) is input and y(n) is the output. Find
unit sample response of the system

UNIT-II

4. (a)  Calculate the DFT of the sequence x(n)= for N=16.
(b)  Find the DFT of a sequence x(n)={1,1,1,1,0,0,0,0} using DITFFT algorithm.

OR
5. (a)  Determine the IDFT of the following

i)X(k)={1,1-j2,-1,1+j2}
ii)X(k)={1,0,1,0} using DITFFT algorithm.

(b)  State and prove time shifting property of DFT.
UNIT-III

6. (a)  Design a chebyshev filter with a maximum pass band attenuation of 2.5 dB at
Ωs=20 rad/sec and the stop band attenuation of 30 dB at Ωs=50 rad/sec.

(b)  Using impulse invariance with T=1 sec determine H(Z) if H(S)=1/S2+√2S+1
OR

7. (a) Determine the system function H(Z) of the lowest order chebyshev and
butterworth digital filter with the following specification.
i)3 dB ripple in pass band o<w<o.2π
ii) 25 dB attenuation in stop band 0.45π<w<π.

(b) Compare impulse invariance method with bilinear transformation method.
UNIT-IV

8. (a) Design a lowpass FIR filter with a rectangular window for five stage filter
given Sampling time T=1 m sec, fc=200 Hz
Draw the filter structure with minimum number of multipliers.

(b) Realize the direct form I for the system
y(n)= -0.1 y(n-1)+0.2y(n-2)+3x(n)+3.5x(n-1)+0.8x(n-2)

OR
9. (a)   Compare the performances of rectangular window, hamming window and

Kaiser window.
(b)   Design a high pass filter using Barlett’s window whose cut off frequency of

1.2 rad/sec n=11. 



EC/EE/EI 324 (RR)
Total No. of Questions : 09 ]  [ Total No.of Pages : 03

III/IV B. TECH. DEGREE EXAMINATIONS,  OCT / NOV - 2015
Second  Semester

EC / EE / EI

DIGITAL SIGNAL PROCESSING

Time : Three Hours     Maximum Marks : 70

 Answer Question No. 1 Compulsory.      14x1=14 M

Answer ONE question from each Unit.      4x14=56 M

1. Answer the following.

a) Define continuous time unit step and unit impulse.

b) State the BIBO criterion for stability.

c) Determine the transfer function for the system described by the difference equation

y(n) - y(n-1) = x(n) - x(n-2).

d) What is meant by ROC.

e) Write the initial value theorem in Z-Transform.

f) State parsevals relation in Z-Transform.

g) Mention the need of FFT.

h) Draw basic butterfly diagram of DIT FFT.

i) Write any two properties of DFS.

j) Give an equation of Order N of Butterworth filter.

k) What is Warping effect ?

l) Mention the advantages of Kaiser Window.

m) Write any two differences between FIR and IIR.

n) Name the realization of digital IIR filters.

UNIT - I

2. a) Define the terms Linearity, Time Invariant, Stable and Casual w.r.t. a system.

b) Obtain the impulse response for the system given by the following dfference equation

y(n) = x(n) + 3x(n-1) - 4x(n-2) + 2x (n-3).
P.T.O.
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(OR)

3. a) Discuss the properties of Z-Transform in detail.

b) Obtain the Inverse Z-Transform of 1)4Z-2(3Z

Z

  for the ROC

(i) |Z| > 1.

(ii) 1|Z|
3

1
 .

UNIT - II

4. a) Determine the Linear convolution of the two given sequences x(n) = {1,2,3} and

h(n) = {2,1) using DFT.

b) State the properties of DFT of a delayed sequence, Time reversed sequence, circular

convolution, Circular frequency shift and circular time shift.

(OR)

5. a) Define FFT and State Symmetry and Periodicity properties of FFT and List out the

applications of it.

b) Compute 8-point DFT of the given sequence x(n) = {1,2,1,2,1,2,1,2} using DIT FFT

algorithm.

UNIT - III

6. a) Differentiate between Bilinear & Impulse Invariant transformation technique.

b) Design analog Butterworth filter that has -2dB pass band attenuation at a frequency of

20 rad/sec and at least -10 dB stop band attenuation at 30 rad/sec.

(OR)

7. a) Design a Digital Butterworth LPF using Bilinear transformation technique for the

specifications 0.707   |H(w)|   1; 0   w   0.2 | H(w)|   0.08; 0.4   w  .

b) Explain the procedure of converting an IIR analog filter into digital filter using impulse

invariant transformation.
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UNIT - IV

8. a) Design an FIR Digital high pass filter using Hamming window whose cutoff frequency

is 1.2 rad/s and length of window N = 9.

b) What are the various building blocks required in realization of digital systems.

(OR)

9. a) Compare the frequency domain characteristics of the different types of window functions.

b) Determine the cascade and parallel realization structures for the following signal

1)x(n
3

1
x(n)2)y(n

8

1
1)y(n

4

3
y(n)  .
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EC/EI/EE 

DIGITAL SIGNAL PROCESSING 

Time:3 hours Max. Marks:70 
 

Answer Question No. 1 Compulsory (14 x 1 = 14) 
Answer ONE question from each unit (4 x 14 = 56) 

1. Answer the following 
 a) Give the application of discrete time signals. 

 b) Define stability and causality of the signal. 
 c) Define energy and power signals. 

 d) Define ROC in z-transform. 
 e) Give the relation between z-transform and fourier transform. 

 f) Define linear convolution. 
 g) Give any three properties of DFT. 

 h) Give the difference between DFT and DTFT. 
 i) Give the advantages of FIR filters. 

 j) Give the names of Digital Filters. 
 k) What is padding? Give the advantages of zero padding. 

 l) Compare FIR and IIR filters. 
 m) What are gibbs oscillations? 

 n) What are the characteristics of Hamming Window. 
 

UNIT-I 
2. a) Discuss about different types of signals and their representation. 

 b) Explain the properties of ROC in z-transform. 

OR 

3. a) Fine the inverse z-transform of H(z) = 
( )

( )( )5.012
12
+−

−
zz

zz  using Cauchy’s 

residue method. 

 b) Compute the response of the system                                                   
  y(n) = 0.7y(n-1) - 0.12y(n-2) + x(n-1) + x(n-2) to the input 

              x(n) = nu(n). Is the system stable? 
(P.T.O.) 



UNIT-II 
4. a) Explain the properties of DFT. 

 b) Find the IDFT of y(k) = {1,0,1,0}. 
 

OR 
5. a) Determine 8 point DFT of the sequence {1,1,1,1,1,1,0,0} 

 b) Find the DFT of sequence of x(n) = {1,2,3,4,4,3,2,1} using DIT 
algorithm. 

 

UNIT-III 
6. a) Write the difference between Butterworth filter and Chebyshev filter. 
 b) Design an analog Butterworth filter that has -2dB pass band 

attenuation at a frequency of 20 rad/sec and atleast -10dB stop band 
attenuation at 30 rad/sec. 

 

OR 

7. a) Apply bilinear transformation to H(s)= ( )( )21
2

++ ss
 with t = 1 sec and 

find H(z) 

 b) Using Impulse invariance with t = 1 sec determine H(z) if             

H(s)= 
12

1
2 ++ ss

 

UNIT – IV 
8. a) Design a filter with frequency response  

Hd(ejω) = e-3jω for –π/4 ≤ ׀ω׀ ≤ π /4 
= 0    for π /4 ≤ ׀ω׀ ≤ π 

  Using Hamming window with N = 7. 
b) Realise a second order digital filter  

y(n) = 2r cos (ω0)y(n-1) – r2y(n-2) + x(n) – r cos (ω0)x(n-1) 
 

OR 
9. a) Design an ideal differentiator with frequency response H(ejω) = jω for 

– π  ≤ ω ≤ π  

 b) Realise H(z) = 654321

2
1

8
1

4
3

8
1

2
11 −−−−−− ++++++ zzzzzz  with 

minimum number of multiples. 
 

***** 
 


