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-----.:"Note 1) Questmn paper conmsts ot Part A Part B:

iii) In Part B, Answer any one question from each unit. Each question carries 10 marks
and may have a, b as sub questions.

PART - A
Describe the terms: ) Up — sampling ii) Down- saripling. [2] e
Give the frequency domain representation of discrete time signals. [3]
What are the advantages FFT over DFT? [2]
Find the IDFT of Y (k) = (1, 1, 1, 0). [3]
Write the applications of FFT algorithm. [2]
Distinguish the Butterworth and Chebyshev ﬁlters (3]..
‘What are the effects of windowing? T ; \ FARRIA
“Whatis the necessary and ‘sufficient. condltlon for hnear phdbe characteristics.of an FIR: /'
filter? [3]
i)  Distinguish between truncation and rounding of binary digits with example. [2]
7)) What are characteristics between S-plane and Z-plane? [3]

-""--.(50 Marks). /.

() y(n) = x[4n + 1] (i) y(n) = log,ex[n]
b)  Whatis Interpolation? Explain about the frequency domain description of an Interpolator.

[5+5]
OR
__Determme the impulse response of the difference equation:,
L Y)3y(n-1) 42yn-2) Ax(o)xnel) L e Lo
D150uss the sampling rate conversion by a factor I with the help of a'neat block dlagram
[5+5]

4.a)  Find the linear convolution of the sequences x[n]={ 1,4,0,9,-1} and h[n]= {-3,-4,0,7}.
b)  Find the DFT of the following sequence using DIF FFT? x(n) {1,2,3,5,5,3,2,1 }. [5+5]
. OR -
:;"'State and _prove ! any lhree propemes of Z Transfonn T4y { oA { '
‘Compute the DFTs of the sequence (1) ='27", wheie N =8 us1ng DIT algonthm
[5+5]




8.2)

b)

10.a)

11.a)

‘Usé bilinéar transformation methad-t6 ﬁn&ﬁ'H(Z) fé’r--ﬁ’(ﬂ = 1/ (s +05)2

Design a digital Butterworth filter that satlsﬁes tha. followmg constramt usmg bilinear.
'{__tramfennanon Aqeumt. T—lsec ; : !

___De51gn a linear ph ase FIR filter usmg frequency samp]m g method

:"Detennme the frequency"respons-e of the FIR ﬁltef deﬁned.by

:;-"Draw the quantlzalton nome model for a. second order system with system funcnon

Explain.about the Zero- mput hmlt cycle os,cﬂlatlons due to ﬁmte word length of registers.

Explain the features of Chebyshev approximation. [5+5]
OR

By impulse invariant method obtain the digital filter transfer function and the differential

equation of the analog filter H(s) =1/s+1.

[5+5]___'j: __ "

“'*.‘.

3
|H(e™)]| =2 Tﬂﬂwi:n'

Design a HPF of length 7 with cut off frequency of 2 rad/sec using Hamming window.
: [5+5]
OR: ]

y(n)= 0.25x(n)+ x(n-1) + 0.25x(n-2)
Explain about the Rectangular window of the FIR filter. [5+5]

Obtain the direct form-I, direct form —II form realization of the following system function
Y(n)=-0.1 y(n-1)+0.2y(n-2)+3x(n)+3.6x(n-1)+0.6x(n-2)

Wi\ [5+5]-:’ 3
OR
Develop the Cascade form of the following causal IIR transfer function
(3+5z7H(0.6+3z7h
H(z) =
(1-2z7'4+2z729)(1—-z71)

[5+5]
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