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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, ¢ as sub questlons

Parf- A
List out different realization forms of digital filters. 2]
Define the frequency response of a discrete-time system. [3]
Give the relation between z-transform and DTFT. 21
Draw the basic bytterfly diagram for DIF FFT algorithm. [3]
What is‘mean by | bilinear transfonnatloh method of designing IIR Fﬂter? [2] :
What are the parameferd that can‘be obtained from the. <,_hebyshev filter ispecification?
3]
Under what condition an FIR filter will exhibit linear phase response. [2]
Write the features of Hamming window. 3]
What is overflow and truncation error? 2]
Why the hmit cycle problem does not exist when FIR dlgltal ﬁlter is reallzed in direct
f”"“7 b1 ST i [3]
; 'Paf'i-B
(50 Marks)

Define an LTI System and show that the output of an LTI system is given by the
convolution of Input sequence and impulse response.
Reahzc the followmg system in dlrect form I

( } 1+ mz"’ +a,z7? [5+5]
OR
Obtain the parallel realization of the system described by the difference equation

13 9 1
-:g{nJ ;—i—iy{n - 1} 2 yin—2] - 2"4{{" —3] = r[n]+ 2x[n 1 1] P
Fiﬁd thé frequency re'spéﬁse H{e"’") bf t};é linear tirﬁe-invériant system whgse input and
output satisfy the difference equation ¥{n] — %ZV{" —1]=x{n] + 22{n - 1] + x[n - 2].
[5+5]



4, Define DFT and then state and prove properties of DFT. [10]

OR
5. Find the DFT of a sequence x[n] = {1,2,3.4,4,3,2,1} usmg , o
: a) DIT algorithm , .t b D;F algonthm ] (1] | -
6. For the gwen specnﬁcanons desngn an analog Butterworthy filter. o ' |
09 < |HUA)IS 1 for0< N <02n
[HGA)I <02 for04n < N<w [10]
OR
7. Using the bilinear transform, design a high pass filter, monotonic in password with cutoff
g frequcney of 1000 Hz and down iO dB at 350 Hz The sarnplmg frequeney 13
5000 Hz. . : R S i [103 -
8. Design an FIR low pass filter satisfying the following specifications.
a,<1dB; a, >444dB, w, = 20 rad/sec, w, = 30 rad/sec, w,,——lOOrad/sec
(10]
. OR
RS- 3 Desngn 2 low pass ﬁlter using Hanning window with a cutoff frequency of 0 9 radxans/sec
and N=6. Draw the filter structure and plot its spectrum: | Ao noy o

10.a) Define Multirate systems and Samplmg rate conversion.
b) Discuss the sampling rate conversion by a factor I with the help of a neat block diagram.
[3+7]
OR

-, 11.a) Whatis, overflow? When it occurs? What.are the methods to prevent oveiflow? Explain. !

b) What isi meant by "dead band“ of the ﬂltez’? Explain, dead band of first ordet filter. [5+5]
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