[image: C:\Documents and Settings\Administrator\Desktop\scan0001.jpg]
[image: C:\Documents and Settings\Administrator\Desktop\scan0002.jpg]
[image: C:\Documents and Settings\Administrator\Desktop\scan0003.jpg]
image1.jpeg
RegistrationNo.:l ' I_'( \ l ‘ l l [ ‘

Total number of printed pages—3 B. Tech.

PCEC 4304

Sixth Semester Examination — 2011
DIGITAL SIGNAL PROCESSING

Full Marks —70

Time : 3 Hours

Answer Quesﬁon No. 1 which is compulsory and any five from the rest.

The figures in the right-hand margin indicate marks.

1. Answer the following questions : 2x10

(a)
(b)

Determine the autocorrelation of & (n).

Determine the Z transform of a"u (n).

Derive the Z transform of x (n)«h (n).

What is frequency warping, explain ?

Distinguish between adaptive line enhancer and adaptive line predictor.
Whatis Gibb’s phenomenon ?

Why aliasing occurs during transformation of analog filter to digital using

impulse invariant transformation ?

Prove that DCT is an orthogonal transform.

P-T.0:
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(i) Define twiddle factor and group delay.
()  Whylinear phase is a desirable feature in speech processing ?

2. (a) Whatis DIF FFT algorithm ? Explain it for an 8 point sequence. Draw the

butterfly diagram. 7

-6 -7
(b) GivenX(z)= Z—1i Determine the causal sequence x (n). 3
: -z

3. (a) Designadigital Butterworth filter to satisfy the constraints 0.707 < |H(e")|< 1,

0<w<0.2x, |H(€")|<0.1,0.51< w< © using Bilinear transformation and

assuming T=1sec. 7

(b) Realize the above filter using direct form-II. 3

4. (a) Derive the forward and inverse type-Il DCT. 6
(b) Prove thét DCT is an orthogonal transform. 4

5. (a) Thedesired frequency response of a low pass filter is

wy_ JL—-m/2<sw<-n/2
Hd(ej)_{o,n/ZSWSn }

Determine h,(n). Also determine h(n) using the triangular window with

window length 5. 7
(b) Determine linear phase form of realization for the above filter. 3

6. (a) Whatis sectioned convolution ? Distinguish between overlap add and
. overlap save method. 4
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(b) Compute the parallel form realization of the given IIR filter where

3 2
H(z)=-§£f4z +11z—2. 6

B

7. (a) Prove thatforareal and even valued signal x(n) it's DF T is also real and

even valued. 5
(b) Derive Parseval’s theorem using DFT. 5
8. (a) Describe LMS algorithm using minimum mean square error criterion. 7

(b) How adaptive filtering can be applied to system modeling, explain ? 3
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