
Exam Roll No .
(J)

END TERM EXAMINATION

(Please write your Exam Roll No.)

SIXTH SEMESTER B.TECH. MAY-2010

Paper Code: ETiT/ETIC/ETEE30B Subject: Digital Signal Processing

Time: 3 Hours Maximum Marks :75

I . Note: Attempt one question from each unit including Q.1 which is compulsory. I

Ql (a) Define DFT of a periodic sequence x(n) with length N of its period.

Derive the expression to obtain the sequence x(n) from its DFT X(k).(4)

(b)Give the sequences defining at least five different window functions

w(n), commonly used in FIR fl1ter designer. (4)

(c) Define the Chebyshev polynomial CN(X).Obtain the recursive relation

to build up higher order Chebyshev polynomials. (4)

(d) Obtain DTFT for x(n)=u(n). (4)

(e) An FIR digital filter satisfies the condition h(n)=h(N-l-n), where h(n) is

it impulse response and N is its length. Determine H(e'w) if N is an

odd integer. (4)

N(~ _I ~
(f) H(z)::;:--Is an all pass filter. IfN(z)=ao +ajz +a2z and aO, aI, a2

D(z)

are real constants, what will be the expression for D(z)? Justify your

answer by proof. (5)

UNIT-I

Q2 (a) Find the z transforms, gIVIng ROC In each case

(i) x(n)=sinnwo·,u(n) (ii) x(n)=-anu(-n-l). (3+3)

(b) Find inv~rse z-transform given X(z) = log(1- 2z), Izi < ~. (3)

(c) Determine the frequency response of the system characterized by

yen) = (5/ 6)y(n -1) - (~)y(n - 2) + x(n) . (3.5)

(4)

X(eJ"') is also real and

(4)

(4.5)
""

(c) Find the DTFT of the periodic sequence given by Io(n-kN).
k=-«>

?

. "" 1 1C -

(a) Show that 2:\x(nt =- fIX(eJW)\ dw.
11=-«> 21r -1C

(b) If x(n) is real and even show that its DTFT,

even.

Q3

Q4

UNIT-II

(a) Define circular convolution of two periodic sequences Xl (n) and X2 (n) .

Show that x1(n) N x2(n) gives DFT as X](k).X2(k) . (3)

(b) If x(n)DFTX(k), find the DFT ofX(n). (3)

(c) Why FFT is so important? What are its advantages? Develop the DIT-

FFT algorithm. Draw the complete flow diagram taking sequence

length N=8. (6.5)

Q5 (a) Given th~ ~ystem function: H(z) = Z-I(l+3z-1 +4z-2)
1+7z-1 +6z-2 +5z-3

vclriabte ;~{-B~'Cland 12.
"'-,---

find the state'

(4)

P.T.O.
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asmatrices

the correspondingFind

variable

[-2-]

state(b) Give

A=[O
- -2

system function H(z). (2)

(c) Explain briefly the sampling techniques; the impulse sampling, the

natural top sampling and the flat top sampling. Give circuits how

these are realized. Also, explain the merits and demerits of each of

these techniques. (6.5)

UNIT-III

Q6 (a) Design a linear phase FIR filter, given the desired frequency response

{e - j4", - Jr /6 < W < Jr /6
L','"j' Hd(e/"') = - - . Use Hann window. Determine the

o otherwise

response h(n) for the causal design. (8.5)

(b) Realize' the system function as cascade, parallel and canOnIC

structures, given H(z) = ( X z' X ) . . (4)
1"-~z-1 1-~z-l l-~z-I

632

Q7 (a) Derive the relation for bilinear transformation connecti;ng s-domain

and the z-domain. Show the mapping of points in s-domain to z-

domain. (6.5)

(b) By using Impulse Invariant Response, transform the analog filter

b
Ho(s) = ( )2 to H(z). (3)

s + a + b2

(c) Define minimum phase and maximum-phase filters current,

(l-lz-I )6- 5Z-I)

H(z) = ------- into the form H(z)=Hmin(Z).Hall(z). Where

( 1 -11( 1 -I)1-'2z ) 1-4z

Hmin(Z) isa minimum phase and Hall(z)is an all pass filter. (3)

use bilinear transformation

Q8

UNIT-IV

(a) Design a digital Butterworth filter, meeting the specifications:-

Password 0.8::; /H(el"')I::; 1 0.7Jriw/::; Jr

stop band jH(ejW) ::; 0.21 0::; iw!::; 0.2Jr

and"take T=l. (8)

(b) Give the frequency transformation to transform a lowpass filter with

pass band 0 to ep to a high pass filter, with pass band wp to Jr. Derive

the value of a in terms of ep and Wp. (4.5)

"
f ,"

1·, [''/
i

Q9 (a) For a finite length Register with b+1 bits and the rounding off as the

quantization method, find the . (4)

(i) mean me of the quantization error e(n),

(ii)Variance 0"/ of the quantization error e(n).

(b) rrthe above error signal is 'passed through a digital system h(n). What

would be the mean and variance of the output sequence? (4)

(c) For a random sequenCe x(n), how do we compute its Power Spectrum

Density (PSD)? Assume the random process as stationary and is

ergodic in the first and second moments. (4.5)
************ .
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