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B.E. / B.TECH. DEGREE EXAMINATIONS, DEC 2019 

Sixth & Fifth Semester 
EC16651 – DIGITAL SIGNAL PROCESSING 

(Common to CS and IT) 
(Regulation 2016) 

Time: Three Hours                                                                                         Maximum : 100 Marks 
Answer ALL questions 

PART A - (10 X 2 = 20 Marks) 
  CO RBT 
1. What is aliasing? How to overcome it? 1 U 
2. Find the periodicity of the signal x(n) =sin (2πn / 3)+ cos (π n / 2) 1 AN 
3. Give the applications of DCT. 1 R 
4. State the properties of twiddle factor. 1 R 
5. What is pre-warping? 2 U 
6. Why impulse invariant method is not preferred in the design of high pass IIR 

filter? 
2 U 

7. Draw the direct form structure of following system  
H (z) =1+2z-1 - 3z-2 + 4z-3 - 5z-4 

2 AP 
8. What is the necessary and sufficient condition for the linear phase characteristic 

of a FIR filter? 
2 R 

9. What are limit cycle oscillations? 3 U 
10. What is the probability of truncation error in sign magnitude representation and 

2’s complement representation for a fixed point number? 
3 R 

   
PART B - (5 X16 = 80 Marks) 

11. (a) Check if the following systems are linear, causal, time in variant, 
stable, static.  

i. y(n) =x(2n) 
ii. y(n) = cos (x(n)) 

iii. y(n) =x(-n+2) 
iv. y(n) =x(n) +n x (n+1) 

(16) 1 AN 

(OR) 
 (b) Find the output of the system whose input- output is related by the 

difference equation 
y(n) -(5/6) y(n-1) +(1/6) y(n-2) = x(n) -(1/2) x(n-1) for the x(n) =4 
n u(n).  

(16) 1 AN 
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12. (a) (i) Determine the Discrete Fourier transform for 

 x (n) = {1, 1, 1, 1} 
(8) 1 AN 

  (ii) Find 4 point DFT of x(n) ={0,1,2,3} using DIF-FFT algorithm. (8) 1 AN 
(OR) 

 (b) Compute the DFT for the sequence   
x(n) = {1,1,1,1,1,1,0,0} using DIT-FFT algorithm. 

(16) 1 AN 
 

13. (a) For the constraints 
0.8 ≤ |H (ejw)| ≤1, 0 ≤ ω ≤ 0.2π 
|H (ejw)| ≤0.2, 0.6π ≤ ω ≤π with T= 1 sec . 
Determine system function H(z) for a Butterworth 
filter using Bilinear transformation. 
 

(16) 2 AN 

(OR) 
 (b) Obtain the i) Direct form ii) cascade iii) parallel form realizations for 

the following system. 
y[n] = (3/4)y(n-1) – (1/8)y(n-2) + x[n] +(1/3)x(n-1)  

(16) 2 AN 

 
14. (a) Design a HPF of length 7 with cut off frequency of 2 rad/sec using 

Hamming window. 
(16) 2 AN 

(OR) 
 (b) Determine the filter co-efficient h(n) of length M=15 obtained by 

frequency sampling method and its frequency response is , 
H(2πk/15) = 1 ;  k=0,1,2,3,4 
                   = 0.4 ; k=5 
                   = 0 ; k=6,7 

(16) 2 AN 

 
15. (a) Derive the steady state output noise power and find the steady state 

variance of the noise in the output due to quantization of the input 
for the first order filter 
y(n) = a y(n-1) + x(n)  

(16) 3 AP 

(OR) 
 (b) (i) Explain how signal scaling is used to prevent overflow limit 

cycle in digital filter implementation with an example. 
(8) 3 AP 

  (ii) Determine the dead band of the system 
y[n]= 0.95 y[n-1] + x[n]. 
Assume 5 bit representation including sign bit. 
Assume input, x[n]=0.75; n=0 
                                =0       n≠0 

(8) 3 AP 

 
 


