
Code No.2206/O
FACULTY OF INFORMATICS

BE 3/4 (IT) I-Sem (Old) Examinations, November / December 2012

Subject:  Digital Signal Processing  
Time:  3 Hours       Max. Marks:75

Note:  Answer all questions from Part-A & any five questions from Part-B
            

Part-A

1. Distinguish between Analog and digital frequencies (2)

2. Draw the block diagram of digital signal processing system. (2)

3. A digital system is specified by y(n) = ny(n-1)+x(n) is it a LTI system? (3)

4. Give the properties of DFT (3)

5. Compare DFT & FFT (3)

6. What is meant by 'in-place' computation (2)

7. Distinguish between IIR & FIR filters (3)

8. Explain Gibb's Phenomenon (3)

9. Differentiate symmetric and antisymmetric FIR filters (2)

10.What is vocoder? Why it is needed? (2)

Part-B

11.What is meanth by stability, casuality, and time invariance?

      a) Give example systems? (5)

      b) Find and sketch the magnitude spectrum of a signal defined as the convolution 
of x(n) = u(n)-u(n-5) and h(n) = u(n)-u(n-5) (5)

12.a) Explain overleaf save method of performing linear convolution with an example (3)  

     b) Illustrate the development of radix –2 DIT-FFT algorithm (7)

           

13.Design a FIR digital HPF using Hamming window of length 9 having the ideal
characteristics shown in figure. (10)

14.Design a digital chebysher low pass filter for the following specifications. Use 
Belinear Transformation method. Passband frequency:1 KHZ, Passband ripple 
3db, stop band frequency:5 KHZ, stop band attenuation  15dB Sampling 
frequency = 10 KHZ (10)

15.a) Explain about speech analysis and synthesis (5)

     b) Explain the speech production mechanism and develop the model for the same (5)

          

16.a) Relate circular convolution and linear convolution (5)

     b) Find the DFI of a sequence x(n) = {1,1,0,0} for N=4 (5)

17.Write short notes on:

     a) Round off effects (5)

     b) Structures for IIR & FIR systems (5)
******
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