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Note: 1) Question paper consists of Part A, Part B.

i1) Part A is compulsory, which carries 25 marks. In Part A, Answer all questions.

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

?f PART A

" (25 Marks)

n
l.a)  Determine the stability and causality of the system with h[n] = G) u(n). [2]
b)  Write any three applications of z-transforms. [3]
' c)  State Time shifting property of DFT? [2]
’ :,.--lefercntlate between DTT FFT and DIF FFT [3]
/v € ivegdiregl-form. ] sruclile of sceoncy gruck system regligaign. ., 2]
f) Reahzey[n] + y[n + 1] + y[n — 2] = x[n] in cascade form network [3]
g) Define Hamming window. [2]

h)  What is the necessary and sufficient condition for linear phase characteristic in FIR filter?
[3]
P i

(50 Marks)

2.a) Check the following system described with difference equations for linearity, shift
invariance, memory and causality; y[n] — y[n — 1] = x[n].
Determine the impulse/ response for, the, cascade of. two LTI system:, havmg 1mpulse__._.-""'-

‘responses’. hy [n}—@-) u[n] and ks [n] = G) wial/ N NN [5sY
OR
3. Obtain the direct form I, direct form II, cascade and parallel form realization for the
system:

yn)=-01y(n—-1)+02y(n—2)+ 3x(n) + 3.6x(n—1)+ 0.6 x(n — 2).[10]

;"Compute the 4-p01nt Cm:ular Convolutlon .of the sequences x1[n] {
‘xa2[n]#{1,2,3,4} by iising DFT and IDFT method. - S L
b)  Establish the relation between DFT and z- transform [5+5]
OR
5. Compute the eight-point DFT of the sequence by using DIF FFT algorithm and draw its
radix-2 flow graph.
1, 0<n<7
otherWLse

. [10]...




6. Using the bilinear transform, design a high pass filter, monotonic in pass band with cut off

frequency of 1000 Hz and down 10dB at 350 Hz. The sampling frequency is 5000 Hz.[10]
OR

Explain the procedure for designing Analog filters usmg the Chebyshev approx1mat10n

:_.--erte i short note on. spectral tramformatrons : g 5+5]

De31gn an 1deal dlfferentlator Wlth frequency response usmg rectangular w1ndow W1th
N = 8. Plot the frequency response.

H(e/?)= jo—nt<w<m [10]
OR

‘Diseuss*frequency sampling method for an FIR filter design.

:'-._Compare IR and FIR m dctall | R R

Define sampling rate conversion. Explain the process of Interpolation by a factor 1.

Write the applications of Multirate signal processing. [5+5]
OR
11.a) Write a short notes on Round-off Noise in IIR Digital Filters
& b) Explain.about the methods to prevent Overflow. [5+5],

---00000---




