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Maximum Marks: 60

PART A(10 X 1 = 10 Marks)

Answer ALL questions

1. What is a causal system?

2. Write down the convolution sum equation

3. What is the advantage in linear phase realization of FIR systems

4. Mention any two methods of designing FIR filters

5. Write down the Bilinear transform equation

6. Mention any two methods of realizing IIR filter structures

7. What are the two types of quantization employed in digital system?

8. What is meant by limit cycle oscillation in digital filter

9. What is an adaptive filter?
10. What is MAC?

PART B ( 5 x 2 = 10 Marks)

11. What is meant by in-place computation in FFT?
12. W hat is the condition for linear phase of a digital filter?

13. Draw the Direct form I structure for the system y(n) = 0.5 x(n) +0.9 y(n – 1)

14. What is truncation error?

15. What is the advantage of Harvard architecture of DSP

PART C ( 5 X 8 = 40 Marks)

16(i) Find the convolution of x(n) and h(n) 



(6 Marks)
X(n)= (1/2)n  u(n)

H(n) =(1/3)n  u(n)

(ii) Check whether the following system is linear or not

Y(n) = x2 (n)

(OR)
17. Find the 8-point DFT of the sequence x(n) = cos (nП /4), 0 ≤ n ≤ 7 using 
DIT – FFT algorithm
18. The  desired frequency response of a filter is given by
HD ( ejω)      =    e- j 2 ω   

; - П/4 ≤    ω    ≤ П/4


        =   0


;    П/4 ≤│ ω │≤ П

Obtain the coefficients of the FIR filter using a rectangular window

(OR)

19. Describe the design of FIR filters using frequency sampling method

20. Design a digital Butterworth filter satisfying the constraints

0.707 ≤│H( ejω) │≤ 1

for
      0  ≤    ω    ≤ П/2

│H( ejω) │≤ 0.2 
for
 3П/4  ≤    ω    ≤ П

Using Bilinear transformation method

(OR)

21. Determine the Direct form II realization of the following system

Y(n) = - 0.1 y ( n – 1) + 0.72 y (n – 2) + 0.7 x(n) – 0.252 x(n – 2)

22 Discuss in detail about the representation of numbers in registers

(OR)

23 Find the effect of quantization on the system 

 

H (z) = 1/ (1-0.5 z – 1   ) (1- 0.45 z - 1) assume b = 3 bits

24 Explain LMS adaptive algorithm

(OR)

25 Explain in detail various steps adapted in Digital Signal Processors to speed up the operation

