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L e) What IS nieant by bxlmear transformatlon 7 A 21
f)  Prove that physically réalizable and stable TIR filters cannot have lmear phase 3}
g)  What are the disadvantages of Fourier Series Method? [2]
h)  What is the desirable characteristics of the Window? [3]
i)  What is the need for anti-imaging filter aficr up sampling a signal? [2]
) What are the effects of Dead band? (3]

b For each unpulse response listed below dett rmme whether the correspondmg system is N
. : | S (5+5]
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Note: This question paper contains two parts /. and B.
Part A is compulsory which carries 25 marks. Answer all questions in Part A. Part B
consists of 5 Units. Answer any one fuli question from each unit. Each question carries
10 marks and may have a, b, cas sub quustlons

....... .‘: pA "“-IA o L

' (25 Marks)
l.a)  Whatis an LTI system? 2]
b)  Define the frequency response of a discrete-time system. [3]
¢) Define discrete Fourier series. [2]

d)  Obtain.the circular conyolution of the sequence x(n) {l 2 l} h(n)={1, -2 2} (3]

2.a)  Determine whether each of the following systems defined below is (i) Causal (ii) Linear

(iii) Dynamic (iv) Time invariant (v) Stable.

CMy= Y™ 1Dy = x(-n—2)

(1) causal (i) stable. | .

D) A(n) =2"u(—n) (1D h(n) ez"u(n -1
OR

}./éf If x(n) is a causal sequence, find the z- transform of the following sequences.

-, b)  Find the.response of y(n).+ y(n + D— 2 y(n 2)= u(n— 1) + 2u(n 2) due to

b)

(D) x(n)=nu(m)  (b)x(n) =nu(n-1)

y(—i) 0.5; y(—2) 025

Compute the DFT of the square-wave sequence

1 OSHSE—I

Where N is even.

N [5+5]
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5.a)

; b)

7.a)

b

8.a)

- ”é.a)

EFor the ‘desired frequency response, grven by

éFmd H(m) for N 7 usmg Hammmg wmdow for truncatmg hd(n)

;Dr aw the magmtude response, IW(a))[ versus o, for nme term wmdows of the follow;ng L

Explain the multistage implementation of samplmg rate conversron
;fExplam the ﬂmte word ength effects m:' g :
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OR
An 8-point sequence is given by x(n) = 2,2,2 2,111, l} Compute 8-point DFT of x(n)
by radlx-2 DIT- F FT..

Compute the DFT of t‘re sequence x(n)—cosT there N*4 usmg DlF FFT: '
algorithm. [5+5]

" Design a chebyshev filter for the following specifications using (a) bilinear

transformation. (b) Impulse Invariance method. 7 -e° [10]
0. 8<|H( f"} <1 0<ws027
") <02 osrswsr
OR
Design a Iowpass filter that will operate on the sampled analog data such that the cutoff
frequency is 200Hz and at 400Hz, the aitenuation is atleast 20dB with a monotonic

shape past 200Hz. Take T = 201

secs and use normalized lowpass filter.

H(s )— 1 e Desrgn H(z) usmg Impulse Invarlance method [5;5]
(s+D(s* +s+1)

Design an ideal Hilbert transformer having frequency response

; . Jor —m<w<0
: :H._(e"”) { S T usmg rectangular wmdow
A J for 0<w< 2 . P :

—jw 37
e, <=
H,(w) = 3 )
0, " <|wW<z

(5451

i OR ; : ; H
Design an FIR dlglta] ﬁlter H(z).that: when used in the preﬁlter A/D -H(z) - D/A" :
structure will satisfy the following equivalent analog specifications.
i) Low pass filter with -1dB cutoff at 100n rad/sec.
ii) Stop band attenuation of 35dB or greater at 10007 rad/sec.
iii) Sampling rate of 2000 samples/sec.
iv) The phase must be linear.

) Rectangular window' ii) Hanmng window. e’ [6+4]’

Explain the application of sampling rate conversion in subband coding.
Discuss in detail the down sampling with a neat diagram. [5+5]
OR

[5+51
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