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Note: i) Question paper consists of Part A, Part B.
i1) Part A is compulsory, which carries 25 marks. In Part A, Answer all questions.
ii1) In Part B, Answer any one question from each unit. Each question carries 10 marks

What are the conditions a system to be a linear? [2]
How to convert continuous signal to discrete signal? [3]
State Dirichlet conditions. [2]
“What is'the relation between ZT and DFT? [31
“What are‘the dlfferent cunversmn metths are used to convert analo J ﬁlters to digital .- .
P S RS
What are the advantages of Chebyshev filters? What are the different types of it? [3]
What is effect of window length in the design of FIR filters? [2]
Compare FIR and IIR filters. [3]
What are the conditions that a system to be stable? [2]
‘What are the three 1mportant factors are presented for ehooqmg among the varlous IR
:;'__bystem reahzatlonb? P - ok - ; i Lk [3]
PART -B
(50 Marks)

The discrete time system y(n)=ny(n-1) +x(n), n>0 is at rest. Check if the system is linear
time invariant and BIBO, stable. .. _
‘Detérmine the Impulse response h(n) for the system clesulbed by the seeond order"'g._

“difference.equation ¥(n) - 3v(n - P)-4v{n-2)=x(n)*2x(n=1). .=/ +  [545) .
OR
3.a)  Determine if the system having the system function:
1
”(Z)zl_z 1,
3% T 27

Asstable, . S e P T
5.,Des:g11 an mterpolator that mcreases the mput samplmg rate by a faetor of I = 5. [SjrS]_“___.?‘




decimation-in-frequencyFFT algorithm. ~ ; e A
:?.,_Draw the flow graph ot the radlx-’Z DIT FFT algor}thm for N’ =16 and cllmmate all s1gnal___.?"

Into & d1g1ta1 IIR ﬁlter by means of the impulse invariance method Thc dlgltal ﬁlter istd /

;’b) At/ Teast 60dB attenuatlon in the stopband OBST:__ <|w|<1: Use the bllmear"-;._
transformation. . > /% S - [5+5% .

___.Determme and plot the _magmtude and’ -..phase response of the h[ter meg Hanninig.
?.wmdow : ; . . _ | . b ofiud

:'"'Fmd ght. pomt DFT f the followmg sequence: x(n) { 1<nzd " [545) .

1 5<n<7

OR

<
Compute the eight point DFT of the sequence x(n) = {1 o=n<7

0 otherWLSe By using the

Determine the order and the poles of a lowpass Butterworth filter that has a -3-dB
bandwidth of 500 Hz and an attenuation of 40 dB at 1000 Hz.
Convert the analog filter with system function:

H()-“" I gL R—"
ST G L01)2 +16

have a resonant frequency of w, = /2. [4+6]
OR

Find the system function H(z) of the lowest order Chebyshev digital filter that meets the

following specifications:

a).1 dB ripple in the passband 0<|W|<O 3n

Design an FIR linear phase, digital filter approximating the ideal frequency response
1 for|w|<m

Hy(w) = {0

s
for E<|W|<ﬂ

Determine the coefficients {h(n)} of a linear-phase FIR filter of length M = 15 which has
a symmetric unit sample response and a frequency response that satisfies the condition.
[10]
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10.

H(Z)—1+2882 +34OZ +174Z +04Z
Sketch the direct form I, parallel form reahzatlons of the filter and determine in detail the
corresponding input and output equations. Is the system minimum phase? [10]




