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B.E./B.Tech. DEGREE EXAMINATION, NOVEMBER/DECEMBER 2010.
Fifth Semester
EC 833 — DIGITAL SIGNAL PROCESSING

(Common to Bio-Medical Engineering)
" (Reguiation 2001) .
Time : Three hours o Maximum : 100 marks
Answer ALL questions. »
PART A — (10 x 2 = 20 marks)

1.  Define Sampling theorem.

2. * What is alaising?

3.  What is called prewarping?

4. Give the bilinear transformation applied to IIR filter design.
5. ' What are the merits of FIR filters?

8. Write down the condmon for linear phase in FIR filters.

7.  What are called limit cycle oacillations?

8.  What is the need for signal scaling?

9. Define Mean and Variance of Random signals.

10. What are called QMF filtors?
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PARTB—(5x16=80marks)

@ ExplamemntDFToompututwnulmgdmcrehemhmeFF’I‘

algorithm. 10
(ii) Check for linearity and time invariance :
() =ax(n) +bx(n-1) ’ ©)
or .
(i)  Obtain the linear convelution of ®

#(n)={,1,1L1} x,(n)={2,1,1,2}
(i) Given the system equation designed a8
y(n)+%y(n—l)=z(n)+-;-x(n-—l) obtain its frequency response
and impulse response, . 10)
(i)  Explain the design of IR filters using impulse invariance method.(8)

(ii) Howdoyaudenwthadnectfomlanddnectformﬂteahuhon"
®)

Or

Design a digital butterworth filter for the following specxﬁcnmns Using
Bilinear transformation ] (16)

0.707s|H(z"")|slfor05ws%

| H(e™)| s 0.2 for %s:as z

Asgume 7' = 1 gec.

@) - Describe the various window. functions uged in FIR filter design and
'nllodmcmsthemethodotdwgnmgmﬁltenumgmdow

functions. - 12)
(ii) What are called symmetric and antisymmetric FIR filtera. “@
Oor
Design a FIR filter with

w0y g0 —X x
Hd(e™)=e 2 Sws4
T .
=0 -_ <
4'slwl x

using Hanning window with N=7. (16}
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Explain the fixed 'point representation and  floating
representation in digital hardware.

Compare floating point and fixed point representation.

Or
Derive the expression for quantization noise power.
Write note on :
(1) overflow error
(2) coefficient qunntiiation error
(3) truncation and rounding.
Explain decimation of discrete time signals.
Write a note on polyphase structures.
Or
Explain subband coding of speech signals.
Explain the process of interpolation of discrete time signals.
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