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Time: Three Hours Maximum: 100 marks
ANSWER ALL QUESTIONS
PART--A (10x2=20 marks)

1. Define: Sampling ’I‘hem'eﬁi.

2. The zero state résponsé*of a causal LTI system to the
input  x(n) = {1,3,3,1} isy(n) = {L;4,64, 1}. Determine its

impulse response.
3. Draw the FFT butterfly diagram of Radix 4.
4. Define: Parséval's Theorem.
5. Whatis prewaming?
6. Whatis Recursive filter?

7. Determine the unit sample response {h(n)} of a linear
phase FIR filter of length M=2 for which the frequency

response  at w=0 and o= 12[- is  specified as

Tl
H(O)=1, H(Ejf 3
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12.

When the FIR filter is symmetric FIR filter?

Define Truncation error.

List out the applications of DSP.

@)

®)

(@)

PART-B (56%x16=80 marks)

Consider the analog signal
*(f) = 3cos 20007 + 5 sin 60007 +10cos 120007 .

() What is the nyquist rate for this signal?

(i) Assume now that we sample this signal
using & sampling rate Fs = 5000 samples/s.
What is the discrete time signal obtained
after sampling?

(iii) What is the analog signal y(t) we can
reconstruct from the samples if we use
ideal interpolation?

Or

Determine the unit step response of the system
described by  the difference  equation
y(n) =0.9y(n—1)-0.81y(n—2)+x(n) under the
following initial conditions:

@  yeD=y(-2)=0.
() ye)=y(2)=1

Explain in detail about any four properties of
DFT.
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13. (a)

(®)

4. (@)

Or

Compute the eight point DFT of the sequence

x(n) = {1,1,1,1.0,0,0,0} using  the inplace

radix-2  decimation in time and radix-2
decimation in frequency algorithms,

@  Explain the frequency transformation in
the analog doniain for MR filter design.

(i) Convert the analog filter with system

function H,(s)= s+0ﬁ —~into a digital

(s+0.1y +9
IIR filter By means of the impulse
invariance method.

Or

Design a single pole low pass digital filter with a
3-dB" bandwidth of 0.2n using the bilinear
transformation applied to the analog filter

H,(s)= <5 » €, is the 3-dB bandwidth.
$+Q

Design an' FIR band stop filter having the ideal

n
I for o< 5

response H, (0) =40 for % <Jo] < g .

1 for X
3

of <

() Determine the coefficients of a 5 tap filter
based on the window method with a
rectangular window,
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b)
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(i} Determine and plot the magnitude and
phase response of the filter.

Or

Explain in detail about frequency sampling
structures of FIR filter.

Describe the analytical miodel of sample and ¢
hold operations.

Or

Describe the concept of quantization process and  (
its error. N
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