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Note: This question paper contains two parts A 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 full question from each unit. Each question carries

10 marks and may have a, b, c as sub questions.

“-(25 Maftks)'

1.a)  Show that 8(n) = u(n) — u(n-1) [2]

b)  Find the Z-transform f(n) = n%u(n) [3]

c) State and prove the any three properties of DFT. [2]

o, d) What is.the basic opera‘uon of DIF algortthm" R — o, [3]
..... €) 2y
A 1) ..»-'"Dlscuss the stablhty of the' 1mpulse mvarlant mappmg techmque S [3] %

g) Explain the effects of truncating an infinite Fourier series into a finite series. [2]

h)  What is the condition for the impulse response of FIR filter to satisfy for constant
group and phase delay and for constant group delay? [3]
What is the need for Multirate Digital Signal Processing [2]

What do you mean by quantlzatlon step 51ze‘7 : . 31

50 Maks)

_,.Fmd the step response of the syste: :-lso """ (= valuate thevoutput of the system at n=t+

" b) ' Consider a discrete-timé" system Charactérized by the following input-outpiit”~ ’

relationship y(n) = x(n — 2) — 2x(n — 17). Determine whether the system is memory

less, time-Invariant, linear, causal and stable. [5+5]
OR

Given the difference equation y(n) + b?>y(n —2) = 0 forn > 0 and |b| < 1. With

1n1t1al conditions yf (=1).=0 and y( -2).= —1, Show that e




4.2)  Find the IDFT of the sequence X(K) given below
X(K) = {1,0,0,], 0, 5, 0,0}
41 ..

’X(K) {20 .. 828-32 414 0,-0. 712-]0 414 0, 0 172+JO 414 0, 5 828+J2 414} usmg
DIT- FFT algorithm.

b)  Using FFT and IFFT, determine the output of system if input x(n)={2,2,4} and impulse
response h(n) = {1,1}. [5+5]

Des1gn a. digital Jlow.-pass filter ;using~Chebyshey filter. that meets -the. following -~
_,Specxﬁcanons Passband magmtude characterjstics: that is censtant o within |
“1dB' for Tecurrénces’ below o = 0.2 “and stopband alteniuation’ of atfeast 15dB for' "
frequencies between @ = 0.37 and 7. Use bilinear transformation.

An analog filter has the following system function. Convert this filter into a digital

( filter by using the impulse invariant technique: [5+5]

-""'Usmg a’ b11mear transformatlon deSIgn a Butterworth ﬁlter ‘which™ satlsﬁes the'
following conditions:
08<|H(e®)|<10<w<02n
|[He®)| <02 06n<w<n

b) Determme H(z) usmg 1mpulse invariance method for the following system function:

i

Find H(e/* ) for M=7 using a rectangular window

b)  Explain the type II frequency sampling method of designing an FIR digital filter. [5+5]
OR

Designa-band pass filter which approximates the ideal filter. with cutoff-frequencies at,

0 2rad/sec and 0 3rad/sec “The filter order is M=7. Use the Hanmng wmdow functlon -----

‘Desigii an ideal band pass Tilter with a frequency fesponse; St [545)
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:__.Gwen the system y(n) =3 y(n —51 ,._+_x(n)

i) Calculate the response to the mput x(n) = (—) u(n) assuming infinite precision

The signal x(n) is defined by
n>0

_ (A
gln) = { otherwise
i) Obtain the decimated signal with a factor of 3
u) Obtain, the mterpolated sngnal with a factor of 3

4

arithmetic.
ii)Calculate the response y(n),0 < n < 5 to the same input assummg finite precision

with five bits, one sign bit plus four fractional bits. The quantization is performed by
truncation. Discuss the results. [5+5] ..
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