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Sreenidhi Institute of Science and Technology

(An Autonomous Institution)
Code No:  3CC15
B. TECH. III-Year I-Semester Examinations, December 2015 (Supplementary)

DIGITAL SIGNAL PROCESSING (ECE)
Time:
3 Hours







      Max. Marks: 70


 Note: No additional answer sheets will be provided.

Part - A 
Max.Marks:20

Answer all QUESTIONS. EACH QUESTION CARRIES 2 MARKS.
1. Check whether the given systems are causal or non causal.

i) 
y[n] = x[n2]




ii) 
y[n] = x[-n]
2. Find the DFT of δ[n-n0] using time shifting property.
3. What is the need for FFT algorithms and give any two applications of FFT? 

4. Define Z-Transform and write the convolution property of Z-Transform.

5. What is Pre warping? Why it is employed in filter design?

6. What are the advantages of multirate signal processing?
7. Define the terms:
i) Impulse response
ii) Transfer function
8. Compare Butterworth and Chebyshev filters.

9. Find the Z–Transform of x[n] = nanu[n].

10. Explain the term stability of the system with one example.
Part – B
Max.Marks:50
ANSWER ANY FIVE QUESTIONS. EACH QUESTION CARRIES 10 MARKS.
1. a) Determine the impulse response h[n] for the system described by the difference equation y[n] = 0.6 y[n-1] – 0.08 y[n-2] + x[n].



        [5M]

b) Determine whether the following signals are energy or power signals.

i) 
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  [5M]
2. a) Determine the Fourier transform of the signal x[n] = a|n|; -1<a<1.
         [5M]

b) Find the linear convolution of the sequences, x1[n] = x2[n] = {1, 3, 5}

 using DFT. 








         [5M]
3. a)  Determine the output of an LTI system when the input sequence                             x[n] = {-1, 2, 2, 2, -1} and the impulse response of the system h[n] = {-1, 1, -1, 1} by radix -2 DIT FFT algorithm. 







[6M]
     b) Compare DIT and DIF radix–2 FFT algorithms.




[4M]

4. a) Find the Inverse Z-Transform of 
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 using Residue method.

[5M]
     b) Realize the direct form–I and direct form–II structures for the system described by the difference equation     

          y[n] = x[n] + 0.3 x[n-1] – 0.4 x[n-2] – 0.8 y[n-1] + 0.7 y[n-2].


[5M]

5. a) For the given specifications design an analog Butterworth filter.



0.9 ≤ |H(jΩ)| ≤ 1    
for 0 ≤ Ω ≤ 0.2π. 



         |H(jΩ)| ≤ 0.2 
for 0.4π ≤ Ω ≤ π




[5M]
b) The desired frequency response of a high pass filter is 



Hd(ej() = 1 ; π/4 ≤ ( ≤ π. 



            = 0; ( ≤ π/4







[5M]


Determine H(ej() for M=9, using a hamming window.
6. a) Determine the upsampled version of the signals for the sampling rate multiplication factor I=2, I=3 for the signal  x[n] = {1, 2, 3, 4} and down sampled version of the signals for the sampling rate reduction factor D=2, D=3 for the signal                     x[n] = {1, 2, 3, 4, 5, 6, 7, 8, 9, 10, 11, 12}.





[6M]
      b) Give introduction to  Digital signal processors. 




[4M]

7. a) Find the output y[n] of a filter whose impulse response is h[n] = {1,1,1} and input  
signal x[n] = { 3, -1,  0, 1, 3, 2, 0, 1, 2, 1} using overlap and add method.
[5M]

    b) Find the IDFT of the sequence X[k] = {1, 1+j, 2, 1-2j, 0 1+2j, 0, 1-j}.

[5M]

8. a) Compare IIR and FIR filters and give their applications.



[5M]

   b) Explain briefly about the significance of Anti-aliasing and Anti-imaging filters in 
multirate signal processing with neat sketches.




[5M]
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