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a

(Answer all Five Units 5 x 12 = 60 Marks)

State and prove following properties of DFT:
1) Linearity ii) Circular time shifting iii) Circular frequency shifting.

Max. Marks: 60

b Determine the circular convolution for the two sequences x1(n)={1,2,3,4},

=p

o gl

x2(n)= {1,5,1,3} using concentric circles method.
OR
Find 4-point DFT of the sequence x(n)={1,6,4,3}.

Determine whether or not the system y(n)=cos[x(n) ]is static/dynamic, linear/non-

linear, time variant/invariant, causal/non-causal, stable/unstable.

How do you compute DFT using the Goertzel Algorithm.

Compare DFT and FFT algorithms.

OR
Explain Radix-4 FFT algorithm in decimation in time domain.
Interpret the applications of FFT algorithm.

Realize system with following difference equation in Parallel form.
y(n) = (3/4) y(n-1) — (1/8) y(n-2) + x(n) + (1/3) x(n-1).
Discuss frequency sampling structure for FIR filter.

OR
Determine the direct form realization of FIR with system function
H(Z)=1+27" 322 -4773 +577*
Explain lattice & lattice-ladder structure for IIR digital filter.

Explain the frequency transformation in analog filters.
Distinguish the Butterworth and Chebyshev filters.

’ OR
Discuss the frequency selective filters with plot.

Given specifications ap=1 dB; as= 30dB; Qp= 200rad/sec; Qs=600 rad/sec.

Determine the order the filter.

Explain about the Rectangular window of the FIR filter.

Design a linear phase FIR filter using frequency sampling method.
OR

Design a I'IR low pass filter satisfying the following specifications ap<0.1 dB; as>44.0
dB; op= 20rad/sec;ws=600 rad/sec and wsf=100rad /sec.

*rk N ¥4

Page 1 of1

™

SM

™
SM

™
SM

™
SM

6M

6M

4M

8M

™
SM

SM
™

6M
6M

12M



