50, will be treated as malpractice.

Important Note : 1. On completing your answers, compulsorily draw diagonal cross lines on the remaining blank pages.
2. Any revealing of identification, appeal to evaluator and /or equations written eg, 42+8

[\
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a. Find the DFT of the sequence x(n) \ ‘magnitude and phase

spectrum of x(k). (10 Marks)
b. State and prove the following pygpertles of DFT
1) Linearity  ii) Per10d1c1ty p :perry 111) Parseval’s theor 1118 (10 Marks)
OR 4
a. The first values of an 8-pomt DFT of real value sequence is {4, 1-j2.414, 0, 1-0.414, 0}.
Find the remaining v : o (04 Marks)

b. Obtain the circular convolution of x(n) = {1, 2, 3, 4} with h(n) = {1, 1, 2, 2}. (06 Marks)
c. A long sequence x[n] is filtered through a- ﬁlter with impulse response h[n] to yield y[n].
Ifx(n)={1,4,3,0,7,4,-7,-7,-1, 3, 4, 3}'h[n] = {1, 2}. Compute y[n] using overlap-add
technique. Use only 5 point circular conVQlunon (10 Marks)

‘Module-2

a. Tabulate the comparison of compl’@”x addition and mult;pllcatlons for direct computation of
DFT verses the FFT algorithm for N = 16, 32 and 12 : (10 Marks)

b. Develop an 8-point DIT. FFT algorithm. Draw the@co plete signal ﬂow graph (10 Marks)

( OR
Given the sequences x{[n] and x;[n] below Ccflnbute the circular convolution x;[n] ®x x,[n]
for N=4. Use DIT-FFT algorithm. ‘

xi[n] = {2, 1, 1, 2¥sxo[n] = {1, -1, —1s
b, First5 samples of the 8-point DFT.

1% iy (10 Marks)
areal valued sequence 1s given by

x(0) =0, x(1) = 242, %) = —4x(B8) =2 —j2, X(4) = 0. Determine the remaining points,
hence find the original sequence x[n] using DIF — ’FFT algorithm. (10 Marks)
c;]‘ iy

Module-3

Aal
——S-5—--E into d1g1tal ﬁlter using impulse invariant transformation with
S”+5s+

=0.1 sec. ay \’ (08 Marks)

a. @Transform H(s) =

b. v Explain b1l1near transformatlon method of converting analog filter into digital filter;
Show the mappmg from S- plane t0.Z- plane. Also obtain the relation between © and Q.
(12 Marks)
OR
a. Design a unit bandwidth 3dB digital Butterworth filter and order ONE by using bilinear
transformation. oy (08 Marks)
b. A digital low pass filter is requ1red to meet the following specifications
20 flog lH(‘O)l >-1.9328dB
20 ,Qong(o)) o —-13.9794dB
The filter must lhave a maximally flat frequency response. Find H(z) to meet the above
specifications using impulse invariant transformation. Assume T = 1sec. (12 Marks)

1o0f2
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Module-4 :

7 a. Bring out a comparison between Butterworth filter and ,{thbyshev filter. (06 Marks)
b. Design a digital filter using Bilinear transformation to is for the following specifications :

i) Monotonic pass and stop bands ii) — 3.01dB cutoff frequency of 0.5m iii) Magnitude

down at least 15dB at 0.757. Assume T =1 Sec (14 Marks)

8§ a Realize the transfer function of the syst defined by the different%a}; g‘quation using direct

form I and direct form II
y[n]— % y[n-1]+ %—y[n —-2]=x[n]+ —%”x[n 1] (10 Marks)
b. ‘gﬁven transfer function
" (10 Marks)
'~ N Mo dusl\:e-,: 5
9 a A lowpass filter is'to be designed with the following desired frequency response
-i2w T,
g~ |wl<— ¢
0 ITdwkn
4 % P
Determine the filter coefficients hy(n) and h(n) if w{n) is a rectangular window defined as
follow Ay, N, Wi |
W (1) = 1 0<n<4™ P
RZ0 otherwise (

b. Also find the frequency response, H(w) of the resulting FIR. Iter. (10 Marks)

The desired response of a low pass filter'i

(10 Marks)
10 a efficient h(n) obtained by sampling
el .
0<|w |sl§—j '
T wisn
2“1’ Wy
J (10 Marks)
1

i a 1% 41 )
b. GivenH(z)= (1+z 1)(5 — 52 Y 52 2) for an FIR system obtain the realization in
. 11 Cascade form  iii) Linear phase. (10 Marks)

* sk ok ok ok
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