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PART A - (10 x 2 = 20 marks)

1.
. x(n)={-2,-J.,O,1.-1,1}. 1 I d I ( 7)

A discrete-time SIgnal i is 111U tip ie 'Jy u. ·-It -.J .

What is the resulting signal?

2. What is a shift-invariant system? Give an example.

3. Wha t is twiddle factor?

Ii. List the uses of FFT in linear filtering?

5.
What is mea~t by bilinear transformation method of designing nn filter?

6. Draw the direct form realization of HIt system.

? WhJl.t are Gibbs oseilIa tioris?

8. Distinguish between FIR and IIR filters.

9: What is decimation?

10. List various special audio effects that can be implemented digitally.



PART 13--. (5 x 10:= 80 marks)

11. (a) (i) Determ ine whether each of the follow ing systems below is

(1) Causal (2) Linear (3) Dynamic (4) Time invariant (5) Stable.

(A) yen) =e-x("l

(B) y(n)=x(n) ib~(n-2Il).
1:-; - •.

(8)

(ii) Explain sampling theorem and reconstruction of the analog signal
from its samples. (8)

Or

(b) (i) Explain the properties of cross correlation and autocorrelation
sequences. (8)

(ii) Find the discrete convolution of the following sequences.

u(n)*u(n-3). (8)

12. (a) (i) The input x(n) and impulse response hen) of a system are given by

x(n) = {-I. 1. 2. - 2}; hen) = {0.5. 1. -1. 2. 0.75}
i i .

Determine the response of the system using DFT.

(ii) State and prove convolution property of DF'r.

Or

(10)

(6)

(b) Compute the F'FT of the sequence x(n) = 112 + 1 for 0 ~ 11 ~ N -1. where
N = 8 using DI'!' algorithm. (16)

13. (a) The specification of the desired low pass filter is

0.8 s IH ((U~ s 1.0; 0 s (u s 0.21f
jI-l (cu~:;; 0.2 0.321f s tt

Design butterworth digital filter using impulse invariant transformation.
(16)

Or

(b) .(i) Discuss the limitation of designing an I1R filter using impulse
invariant method. (6)

(ii) Convert the analog filter with the system transfer function

H a (s) = [s + 0.3] Il(s .,.0.3)2 + 16 j using bilinear transformation. (10)

" 14. (a) Discuss the design procedures of FIR filter usmg frequency sampling
method.

Or

(b) Design an ideal differentiator with frequency response

H (eiw)= jw; - Jr :;; IV :;; n using Hamming window with N = 7-.



15. (a) (i) Explain the method for converting the sampling rate by a factor liD
with block diagram and equations. (8)

(ii) Discuss sub band coding process in detail. (8)

Or

(b) (i) With block diagram explain adaptive filtering based adaptive
channel equalization. (8)

(ii) .What is image enhancement? Explain various image enhancement
techniques. (8)


