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- Time : Three hours = ' - Maximum : 100 marks

Answer ALL qlieStions.
PART A — (10 x 2 = 20 marks)

1.  State the convolution property of Z tra'nsforms.
, 2. Deﬁne,,sampling theOrém.
3.  Find the DTFT of x(n)= ;—b" ul-n-1).
4. . Compute the IDFT of Y(k) ;—='{1, Q, 1, O}.
5. Défine Bi]inearlTransformation with expression_s.
6. Mention the i)roperties of Butterworth filter.
7.  What are Gibbs_oéci]lations?
. 8. Distinguish betwéen FIR and IIR filters. ‘
9. List out the 1app1icpatioi1 of Adaptive ﬁltering. '

10. What do you mean by speech compression?




11.

12.

13.

(a)

- (b)

(b) -

(a)

(b)

PART B — (5 x 16 = 80 marks)

(1) Compute the Convolution of the signals
( ) {1 2, 3, 4, 9, 3, — 1, ——2} ‘and h(n)={3, 2, 1, 4} using tabulation
method. S - _ - (6)

(11) Check whether the following systems are, static or dynamic, linear

or non-linear, time varmnt or 1nvar1ant Causal or noncausal, stable

or unstable. ' B - (10)

D y)=cosxln)] '

(2) y(n) = x(— n.+ 2)

(3) y(n) = x(2n)

@ yn)=x(n) cosay(n).

. Or

(1) Describe the -different types of Digital signal representation. - (8)
(ii)i What is Nyqu1st rate? Explam its significance while samplmg the

analog signals. ‘ . (8)
(i) Discuss the properties of DFT. . | (8)

(1) = Discuss the use of FFT algor1thm in l1near filtering and correlation.

(8)
Or

Find DFT for {1, 1,2 0,1 2 0, 1} using FFT DIT 'butterﬂy algorithm and

Iplot the spectrum. ' - - : (16)

The speciﬁcation of the desired low pass filter is
0.8 < |H (w]<1.0, 0<w<027
|H(w]<02 ; 032r<m.

Design butterworth d1g1tal ﬁlter using impulse invariant transformation.
(16)

Or

(i) Discuss the limitation of designing an IIR filter using impulse
invariant method. | _ (6)

(1) Convert the analog filter with the system transfer function
H_(s)= [s+0 3]/[s+0 3)* +16] using blhnear transformation.  (10)
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14.

15.

()

O

(a)

- (b)

Prove that an FIR filter has linear phase if the unit sample response
satisfies the condition h(n)=h(N -1-n). Also discuss symmetric and

anti symmetric cases of FIR filter when‘N is even. R (16)
Explain 1n detail about Finite word length effects in digital '-ﬁlters. (16)

(1) ~ Discuss about multi rate signal processing. - - - (8)

(11) Explain how the speech compression 18 achieved. . (8)
Or

Explain in detail about Image Enhancement technique. - (16)
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