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Notes : ArNwer three question Aom Seclion A and three question ftom Section B
Assune suitable dala wherever necessary.
Illustrare your ans&er necessa4r with lhe belp ofneat sketches.
Use ofpen Blue,tslack ink/refill only for rlriting the answer book.

A sampled signal that varies between -2V to +2 volts is quantizerl using ,8, bits. What value
of 'B'will cnsure an rms quantization erlor less ttr.rn 5 mV?

Compute autocorelation ofsignal x(n) = ar1u11.), 9 .. . , .

Find inverse Z.T offollouiog signals.

i) x(z) = -!:: !e Roc lzl>3
z- - 52+6
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SECTION - A

a) Consider analog signal x(t) = 3cos2000n1+ 5 sin 6OO0nt + l0cos12o00rd .

i) Find Nyquesl mre.
ii) Ifsignal is sampled at FS = 5000 Hz. Obtain disqete signal after sampling.
ii.i) Find reconstructed sigml obrained from sampted signal.

bt State and e\plain sampiing tbcorem.

OR
a) x(n) = 0, n < 0 find expression for x(n) in t€m of its €v part and using this find x(n),

when xe(n) = (0.9)n u(n).
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ExaniDe the following syslems with respect to static/dynamic, lirearAJonlinear. Time
'rarianr lime invarianl. causalNon causal, stablc unstable.

i) y(n) = | x(u)
K=-o

iii) y(n)=xlnl
r) y(n) = x(n) + nx(n- 1)

iv)
vi)

13

ii) y(n) = Round (x(n)l

y(n) = x(2n)
y(n) : eveD x(n)l

a) Find y(n) using DTFT.
.rrn^znx{n|=sln_-2cos_'84
. ,ulsln-

h(n) = ------r
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b) lind convolution using DlT
x(n) =[, 3, 2, 1]

h(n)[, 2. 1, 1]

6. a) Find inverse Fourier Transfonn ofx((,))

x(n) =

()ll
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b) Find DTFT ofx(n)
.1tsm-n
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SECTION _ B

a) Design a digital Buttenvorth filter using B[-T for following sp€cifications
0.8<p(o)<1, 0<@<0.2?r

p(<o) < 0.2, 0.6n S rrr < n

T=1
ott

a) CoDvert the follou,ing analog filtcr $ith 'l ransfcr function
s+0-2

H(s) - .
(s+0.2)z+16

into digital IIR filter using
i) Lnpulse invariant ruethod. ii) Biliicar frunsl-onnation.
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Convert the analog filter with HG) = -- Jj 3-
" (s+ lxs+3)

tr.nsfonnation T = %.

6

Find polyphase dccomposilioD ofllR Digilal system with transfcr fulctior H(z) = 
I 42';;r

into digital filter by Impulse invariant

Fixplai how DSP hardwarc / algorilhrn clrn irnprovc spccch processing.

OR

Explain the applications of DSP in power systcm.

b) Explain applications ofmulti ratc Digital signal proccssing.

OR

10. a) Find expression for output y(n) in terrrrs ofinput x(n) for multi sonpling rate systcm givon
in fig. l0 a.

"v(n){n)
i'ig. l0 a

b) Explain interpolation process for an irlteger factor I with an examplc. 6
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