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Time ;: Three hours Maximum : 100 marks

Answer ALL questions.

PART A — (10 x 2 = 20 marks)
State the sampling theorem
State any two properties of LTI systems.
Show the saving in time in performing FFT as against DFT.
Draw the basic butterfly of the Radix —4 DIT algorithm.

Use the backward difference for the derivative and the convert the analog filter

1

to digital filter given H{s)=—4——.
gital flter given H{(s) 82116

State the relationship between the analog and digital frequencies when

converting an analog filter to digital filter using bilinear transformation.
Compare FIR and IIR filters.
Draw the direct form I structure of the FIR filter.

What is quantization?

What is limit cycle oscillation?




11, (a)
(b)
12, {(a)
(b)
13. (a)
(b)

PART B - (5 % 16 = 80 marks)

(1) Determine the Z-transform and compute the ROC of the following

signal 1(?1):((%] u(~n). {10
(i) State and explain the scaling and time delay properties of
Z transform, (6)

Or

Using graphical representation determine and sketch the cross
correlation of the following two signals (16)

x(n)=1{2,-1,3,7,1,2 -3}

yr)=1{1,-1,2,-24,1-2 5}

Given x(n) = {0, 1,2,3,4,5,8, 7} find X(k) using DIT FFT algorithm. (16)

Or

Given x(n) = 2» compute X(k) using DIF FFT algorithm for N=8 and
n=0. (16)

Determine H(z) for a butterworth flter satisfying the following
constraints

Vo5 5| He)] <1 Oéa)s-g—
lH(ej(”)ISO.Z 3nldsws
With T = 1 s. Apply impulse invariant transformation. (16)

Or

Determine H(z) for a chebyshev filter satiéfying the following constraints

0.707<| He™)| <1 0<ws<02x
("] <0.1 0.57 <w<n
With T = 1 s. Apply bilinear transformation (16)
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15.

(a}

{b)

(a)

(b)

Draw the structures of cascade and parallel realizations of (16)

1-2*)°

Hiz)= (1*_0.52-5) (1—0.125271)

Or
The desired frequency response of a low pass filter is
H, (ej“’)z e, —gld<w<nld
0, /4 <|j< 7

Determine ha(n). Also determine h(n) using the rectangular window with
M = 5. Determine the frequency response H (ej “’) of the designed filter.(16)

State and explain the number representation and the various
quantization errors due to the resultant of number representation.  (16)

Or
(i)  State and explain the sample and hold circuit (8)
(i1) Explain about any one application of DSP. (8)
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