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FIFTH SEMESTER
ELECTRONICS AND COMMUNICATION ENGINEERING
EC 52 — DIGITAL SIGNAL PROCESSING

(REGULATIONS 2008)

Time : Three hours Maximum : 100 marks

Answer ALL questions.

PART A — (10 x 2 = 20 marks)

State and prove the circular frequency shift property of
DFT. - .

Relate z — transform and DFT.

Compare the impulse invariance and bilinear
transformation methods.

Sketch the magnitude response of Type-I and II
Chebyshev filter.
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What is the effect of having abrupt discontinuity in
frequency response of FIR filters?

What are the characteristic features of FIR filters?
What is round—off noise error?

Why rounding is preferred over truncation in realizing
digital filter?

Define decimation and interpolation.
What is the need for multirate signal processing?

PART B — (5 x 16 =80 marks)

(@) I X(k) is the DFT of the sequence x(1), determine
the N-point = DFTs of  the sequences

X, = x(n)msz—y’t’io <n<N-1and

x,(n) = x(n)sin 27”320 <n<N-1interms of X(k).

(16)

Or
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(b)

(a)

Consider the  sequences x(n)=1{0,1,2,3,4}
x,(n){0,1,0,0,0} and s(n)=1{,0,0,0,0} and their
5-Point DTTs.

(i) Determine a sequence y(r) so that

Y(k) = X, ()X, ()

() Is there a sequence x,(n) such that

S(k) = X, ()X, (k)7 (8+8=16)
An IIR digital low—pass filter is required to meet the
following specifications :
Passband ripple (or peak—to peak ripple) < 0.5 dB
Passband edge : 1.2 kHz

Stﬁpband?attenuation : 2> 40dB

Stopband e;ige :2.0kHz
Sample rate ;8.0 kHz.
Determine the required filter order for

(1)  Digital Butterworth filter
(i) Digital Chebyshev filter. (16)

Or

;
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(i) Convert the analog filter with system function
s+0.1
(s+0.1)* +16
by means of the bilinear transformation.
The digital filter is to have a resonant

Ty ®

(i) Convert the analog filter with system function

s+0.1
H(s)= —" 02
o() (s+0.1 +9

means of the impulse invariance method.  (8)

H, (s)= into a digital IIR filter

frequency of w, =

into a digital IIR filter by

Design an ideal Low Pass Filter with a frequency

response.
[1 L
H,(e™)=¢ 2 2 Find the values of A(n)
‘ 0 £|w| <x
2
for N=11 dnd H(z). (16)
Or

Consider an FIR filter with system function
H(z)=1+2.882"" +3.404827% +1.7427 +0.427" .

Sketch the direct form I, IT and determine in detail
the corresponding input-output equations. Is the
system minimum phase? (16)
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(b)

(a)

A4

(i)

apialtl LIe ellect of input scaling on signal to
quantization noise ratio of A/D converter. 8)

Explain the statistical mode] for analysis of
round-off error multiplication. (8)

Or

Write short notes on the following :

M

(i1
(iid)
(iv)

Dynamic range scaling
Low sensitivity digital filters
Limit cycles in IIR filters

Finite precision effects. 4x4=16)

Design one—stage and two-stage interpolators to
meet the following specification :

I=20
Input sampling yate : 10,000 Hz
Passband : 0<F<90
Transistion band : 90 < F <100
Ripple : 5 =10"%and
5,=107, (16)

Or
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(b) With necessary equations and diagrams,

about the interpolation and decimation in multirate
(18)

signal processing.





