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Question Paper Code : 33301

B.E./B.Tech. DEGREE EXAMINATION, APRIL/MAY 2011.
Fifth Semester
Electronics and Communication Engineering
EC 333 — DIGITAL SIGNAL PROCESSING
(Common to Biomedical Engineering)
(Regulation 2001)
Time : Three hours Maximum : 100 marks
Answer ALL questions.
; PART A — (10 x 2 = 20 marks)

1. What are the classifications of discrete time systems?
2. What is the basic operation of the DIF algorithms?

3. Given the specification a,=1dB; o= 30 dB; Q,=200 rad/ seq
Q,= 600 rad /sec. Determine the order of the filter.

4. Define signal flow graph. Draw the signal flow graph of first order digital filter.

5. What is the condition for the impulse response of FIR filter to satisfy for
constant group and phase delay and for only constant delay?

6.  What is Gibbs phenomenon?

7. What is coefficients quantization error? What is its effect?
8.  What is meant by limit cycle oscillations?

9.  List some of the applications of multirate signal processing.

10. Define Ergodic signal.
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PART B — (5 x 16 = 80 marks)

Determine the frequency response and plot the magnitude response,
phase response for the system. (16)

y(n) = x(n) + 0.9x(n-2) - 0.4y(n-2)

Or
() Compute 4-point DFT of the following sequences using DIT
algorithm. ®
M xm=1{1,23,4}
@ =m={11,-1,-1)
@ xm={1,2,-1,1}
@ x(n)={0,1,2,3}

(ii) Determine the 8-point DFT of the sequence
x0)=1{1,1,11,1,1,0,04 ®

Design a Chebyshev filter for the following specification using (16)
(i) Bilinear transformation |

0.8 <|H()| 51

|H(ei')l <0.2

(i) Impulse invariant method.
0sws0.2n
06zrswsz.

Or

@) Design a Chebyshev filter with the maximum passband attenuation
of 2.5 dB at Q, =20rad/sec. and the stop band attenuation 30 dB at

Q,=50 rad/ sec. ®

(ii) Obtain the direct form I, direct form II, cascade and parallel form
realization for the following system.

y(@m)=-0.1y(n-) + O.2y(n-2) + 3x(n) + 3.6x(n-1) + 0.6x(n-2) ®
(i) Design an ideal Hilbert transformer having frequency response.
HE™)=jfor =~ % S@<0
=-j for Ososx

Using rectangular window for N = 11 and plot the frequency
response. - ®)
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(ii) Determine the filter coefficients h(n) obtained by sampling.

Hy(e™®)=e "N D2 for 0<w<n2

=0 for ml12s|w| sz for N=7. ®
Or

(i) Design a filter with

Hy(e®)= e for -n/as wsnl4

=0 forz/a<|asx

Using Hanning window for N=7. (8)
(ii) Realize the following FIR system in

(1) Direct form

(2) Cascade form

(3) Lattice structure. @)

A HE=1+221-1/22-21/22-3-1/224

B) H@=1+z1-4z2+z8+3z2

©) H@=1+38z"1+2z2-2
For- the . given transfer function H(z) = Hi(z) *Ha(z), where
Hi(2) = 1/1-0.5z"! and Ha(z) = 1/1-0.4z -3, Find the output round off noise
léoavlv;:l;ate the value if b=3. 16)

Or

Consider the transfer function H(z) = Hi(z) *Hz(z),

where Hi(z) = 1/1-0.5z! and Ha(z) = 1/1—aaé-1. Assume a1 = 0.5 and
az = 0.6 and find the output round off noise power. (16)

Explain briefly about the statistical properties of Random signal. (16)
Or

What is meant by down sampling? Derive the apectrum of the down
sampled signal x(Mn) and compare it with the spectrum of x(n). (16)




