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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Note: Answer any FIVE full questions, selecting at least TWO questions from each part.

g PART - A
i‘; 1 a. Explain the relationship between Z-transform and DFT. ‘ (05 Marks)
= b. Find the Z-transform of the sequence x(n) = {1, 0, 2, 0}. Using Z-transform result find DFT.
2 gy’ (05 Marks)
B c. Compute 8-point DFT of a sequence x(n) = (-1)""' 0 < n < 7. Also plot the magnitude of
g DFT. ¥ ‘ (10 Marks)
£ :
.'.—§
s 2 a. State and prove circular convolution property of DFT. (10 Marks)
I b. Compute the output of a linear filter given the impulse response h(n) = {1, 1, 1} and an input

to be a long sequence x(n) = {1, 2, 0, -3, 4, 2, -1, 1, -2, 3, 2, 1, -3} using overlap Add

method, 8- point circular convolution. (10 Marks)
State and prove the properties of phase Factor. (06 Marks)
Calculate the number of complex multiplications and complex additions required for the
direct computation of DFT and FFT algorithms for-N =16, 128, (04 Marks)
If x;(n) = {1, 2, 0, 1} and x2(n) = {1, 3, 3, 1} obtain x;(n) @ x,(n) by using DIT-FFT
algorithm. (10 Marks)

Derive the expression and draw the signal flow graph for 8- point DFT using decimation in
time. (10 Marks)
First five point of the eight point DFT of a real valued sequence is given by X(0) = 0,
X(1)=2+1J2, X(2)=-J4, X(3) =2 —J2, X(4) = 0. Determine the remaining points and also
find the original sequence x(n) using Decimation in Frequency FFT algorithm. (10 Marks)

PART-B
Design Butterworth filter for the following specification
08<H,(s)s<1 « for 0<F<1000Hz

(10 Marks)
H,(s)202 for F>5000Hz

Let H(s) = z;lrepresents the transfer function of a lowpass filter with passband of
S"+s+

1 rad/sec. Use freqeunce transformation to find the transfer function of the following analog
filters.
1) A law pass filter with passband of 10r/s
ii) A high pass filter with cut-off frequency 10r/s
iii) A bandpas filter with cut-off frequencies 10r/s and 20r/s. (10 Marks)
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The desired frequency response of the lowpass filter is given by

e 1co|<3—n
’ 4
Hd(em) =H,(0)=
3n
O, —Z<’ml<ﬁ

Determine the frequency response of the FIR filter if the Hamming window is used with
N=17. (10 Marks)
Design a lowpass FIR filter using frequency sampling techniques having cutoff frequency of

%rad/ s. The filter should have linear phase and length of 17. (10 Marks)

Design a digital lowpass Butterworth filter using bilinear transformation method to meet the
following specification take T = 2sec.

Passband ripple <1.25dB. Passband edge = 200Hz

Stopband attenuation > 15dB. Stopband edge = 400Hz

Sampling frequency 2KHz. (10 Marks)
Derive the transformation of IIR filter using Impulse invariance and verify whether it
satisfies the sufficient and necessary conditions of mapping. (10 Marks)

Obtain the cascade, Direct form I, and II for the given difference equation

y(n) = %y(n -1)- % y(n=2)+x(n)+ % x(n—1). (10 Marks)

A FIR filter is given by y(n) = x(n) = + %x(n -1 +%x(n -2) +—;—x(n =3).

Draw the lattice structure. (10 Marks)
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