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Note: This question paper contains two parts A and B. )
Part A is compulsory which carries 25 marks. Answer all questions in Part A. Part B
consists of 5 Units. Answer any one full question from each unit. Each question carries
10 marks and may have a, b, cas sub questlons ~

PART-

(25 Marks)

l.a)  Find the power and the energy of the unit step sequence. 2]

b)  Express the Z transform of y(n) = Yh=—ex(l) in terms of X(Z). 13]
. w.. ©) Explain about the direct computation of DFT. I , [2]...
“. . d)  Whatarethe differences and similarities between DIF and DH al(rox 1thm‘7 [3}

e)  List out the properties of Chebyshev filter. [2]

f) What is an IIR digital filter? Compare an IR filter with an FIR filter. [3]

g)  What are the desirable features of window functions? 2]

h)  Compare the frequency domain characteristics of different window functions. (3]

i) What do you mean by decimation° 2]

j (3]

(50 Marksj
2.a)  Given a periodic sequence F(n) = {1, I, I, -1, -1,-1, 1,1, 1, -1}. Show that

Z(z +Z+1)

- b) A system is represented by the dlffexence equation
' y() =3y?’(n—1) —nx(n) + 4x(n — 1) — 2x(n +1),n>0.

Find whether the system is linear, time-invariant or causal. [5+3]
‘ OR
3.a)  Draw parallel structure realization for the following system
H@) = e
: H(z) =
—3z71 + 22‘2

b)  Find f(n) corresponding to the difference equation
f(n=2)=2f(n—=1)+f(m)=1forn=0 with initial condition
f(=1) = —0.5 and f(—2) = 0. Show that f(n) = (0. 5)n? +n forn = 0. [5+5]




4.a)
b)

b)

7.a)

)

- 8.a)

Find the N-point DFT of x(n) = b™ cos an using the linearity property
Given DFT{x(n)}= X(k) = { 1,1-},1,0,1,0,1,1+j}, 0< k. n<7. Using the property of

Zn'n
DFT detel mine the DFT ofthe sequence X (n) = x(n)e . [5+5] -
,,,,,,, < OR- sl i |
F1nd 8- pomt DFT X(K) ofthe real sequence
x(n) = {0.707,1,0.707,0,—-0.707, —1, —=0.707,0} by using DIF radix-2 FFT.
Find the 8-point DFT of the sequence
x(n) = {1,2,3,4,4,3,2,1} using DIT-FFT radix 2 algorithm. [5+5]

Tne system functlon of an analog flter is explessed as
| ; - L §(s +0.2) °

A o (S+2)2 +9 o .
Convert thls analo0 ﬁlter into a digital filter by making use of the 1mpulse invariant
techniques. Assume T=1sec.
A digital low pass IIR filter is to be designed with Butterworth approximation using
bilinear transformation technique. Find the order of the filter to meet the following
specifications
1) Passband maomtude is constant wnhm 1.dB for irequenmes below 0. 77: ‘
i) Stopband attenuatlon is greater: than 15dB for fr equencies between 0 3n to n. [545])

OR

The system transfer function of analog filter is given by

s+ 0.2
(s +0.1)2 + 16
Obtain the system transfer function ofdlgltal filter using bilinear tr ansfonnatlon
Wh\ch is resonant at' w, —-275 ‘
Design a low pass 1 rad/sec bandwidth Chebyshev filter with following character lSthS
i) Acceptable passband ripple of 2dB

ii) Cut-off radian frequency of 1 rad/sec ‘
iii)Stop band attenuation of 20dB or greater beyond 1.3 rad/sec. [5+5]

H,.(s) =

Design an ideal band reject filter with a desired frequency response -

Hy (e = {1 for |w| < zand lw| = %r

0 OtherWLse
Determine the value for N=11. Find H(z) and plot the magnitude response.
Derive an expression for system function if the unit sample response h(n) is obtained
usmg ﬂequency samphno techmque [5+5]
o “OR" ' ‘
Deswn a low pass filter FIR filter using frequency sampling technique having cutoff
ﬁequency of rad/sample. The filter should have linear phase 4 and length 17.

Design a noxmallzed linear phase FIR filter having the phase delay of T = 4 and atleast
40dB attenuation in the stop band. Also, obtain the magnitude/frequency response of
the Filter. ] [5+5]




' 10.a)

b)

© )

b)

Find the single stage, two stage, three-stage and multistage realization of the decimator
With the following specnﬂcatxons Sampling rate of a signal has to be reduced from

stop and edge (F) to be 180Hz. © Lo
.. = " Passband ripple 5,=0.002 =
Stopband ripple §,=0.001
Explain the characteristics of a limit cycle oscillations with respect to the system
described by the difference equation
y(n) =095y(n—1) + x(n) _

Det mme the dead band filter. [5+5]

,,,,,, | | OR P o

Samplm0 rate ofthe lnput signal x(n)
F;, =20,000Hz
Decimation Factor, D =100
Pass band = 0 to 50 Hz
Transition ripple = 0.01
~ 7 Stop band ripple = 0.002 . ' o,
The output of the 12 bit A/D converter is passed through a dlgltal ﬂlter Wthh is
described by the difference equation y(n) = x(n) +0. 2y(n — 1). Compute the steady
state output noise power due to A/D converter quantization. [5+5]
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