Paper / Subject Code: 32222 / Discrete Time Slgnal Processmg
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NOTE:-1) Question 1 is compulsory. Solve any four out of five questlons
2) Solve any three from the remaining five questlons ey E X —[~ C.
3) Assume suitable data if necessary. .~ i ¢T
4) Figures to the rlght mdlcate full marks

Q1 a. Find the IDFT of Y(K)= {1 0.1 0} IR G
b. Find the linear phase reahzatlon of F[R ﬁlter deﬁned as ' 5
HZ)=5+3274+ 1272 41 L7332 Ty &
c Compare the computatlonal complex1ty of FFT algonthm and DFT for-l.-' 5
d. Whati 1s pre-warpmg in BLT? A 3 B0 ,,5_{1—
& Explam the concept of ¢ group delay and how 1t can affect the output of a V5

‘ﬁlter

02, a Compute the c1rcular convolutlon of X(n) {2,1,2,1 }and h(n) { 1.2, 3 4 }by, 10
usmg FFT IFFT method . ' : A : ‘ ' _ v
b "Des1 gn an FIR lowpass ﬁlter usmg rectangular w1ndow w1th passband gain 10

of 0 dB cutoff frequency o200 Hz samplmg frequency of 1 kHz Assume

the length of the 1mpu1se respOnse as 7

7 03 a Fmd DFT ofsequence x(n) =N + 1 for0<n < 7 4 usmg DIF-FFT 10
: algonthm %) _“ “h & 44

b J _DeSIgn an- analog Butterworth ﬁlter that has a -2dB passband attenuation 10
" ata frequency,_o_f 20rad/s_e_c and atleast -10dB stopband attenuation at

3tlrad/sec d

04 a - Determine H(z) that resul_ts"thllen the bilinear transformation is applied to 10

analog filter defined by-'equatior_l AV

s? +4.525
s2 4+ 0.692 s + 0.504

H(s) =

A.ssume T=1sec. .‘. .
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Paper / Subject Code: 32222 / Discrete Time Signal Processing

Find the effect of coefficient quantization on pole locations of the gi\}e‘n
second order IIR system, when it 1S reahzed m direct fomlI Assume a

word length of 4 bits through truncat;on meludmg a 81gn b1t

1209z £50.22725"

H(z) =

i) Given a seepﬁa-order qtr_;a.ﬁsfer function H(Z).Find Cééﬁade fo_x_*__r;1

realization.

11) Given a. second—order transfer functlon H(Z) Fmd parallel form

"rreahzatlon

(Z,) ---'-')"(’1+% ?T_i)i(l—%zifii) (1+§g‘_.—‘1)

| A FIR filter is given by, y (n)=x(n)+ % x(n—1)+% x(n—2)+ %x(n;S)

Draw the Lattice structure.

Explaxn apphcatlon of DSP in echo cancellatlon

Explam the concept of overﬂow lumt cycle osc1llat10ns
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