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“Note: i) Questscm paper consis of Part A Part B A : :
i) Part’A is, compulsory, which carries: 25 marks Ini Part A Answer all questlons ol
iii) In Part B, Answer any one question from each unit. Each question carries 10 marks

and may have a, b as sub questions.

PART - A
(25 Marks)

:--.Deﬁne samplmg ancl state :he Nyqunt samplmg theorem
State the convolution property of the Z-transform.

Define Discrete Fourier Series.

What are the basic properties of the Discrete Fourier Transform (DFT)?
What is the main advantage of using the Bilinear Transformation method in IIR filter

design? [2]
Define the Butterworth filter. What is its key charaeteristi¢? [34,
:f:__Deﬁne FIR digital filters. How do they differ from IIR filters? : [2]
What'is a Kaiser window? In what way is it'superiorto another Wmdow functlon? 3]
Define the stability criterion of a digital filter. How is it determined? [2]
How do round-off errors affect the performance of IIR filters? [3]
PART - B
.. (50 Marks)
‘Find the :""'impul::;*e resp nse and :"'slepf': réISb'cnse of.a"discrete-time- LTI 'system whose' /

difference equation is given by y(n) = y(n —1) + 0.5y(n — 2) + x(n) + x(n — 1).
[10]
OR
3.a)  Find the z-transform of x(n) = 2™for n > 0, and calculate its Region Of Convergence
(ROC). _
:_..-'DISGLH‘G“"{he propertlea of "the unit; step tunctlon in dlscrete -nme

[6+4]

4.2) Use the Overlap Add method to compute the DFT of the sequence
x(n)= {1,1,0,0,1,1,0,0} with a block length of 4.
b) Discuss the importance of the Fast Fourier Transform (FFT) in digital signal
processing. [6+4]
OR
Given ‘the sequence x(n)= {1.2.3.4.5}, calculate the DFT .using the Radix-2. =
'f.,_Decrmatlon -in- Tlme (DI-TF) FFT a] gorlthm Show each step of the computatr@n [10] .

6.a)  Explain the characteristics of a Chebyshev filter and how it differs from a Butterworth
filter.
(s+1)

b) For the Analog Transfer function H(s) = 2 ey

Invar1ance method Assume T—lsec

determine H(z) using Impulse

“OR.




%.a) Desrgn a* Butterworth I;'bw—pdé's""-"'Fifter, given.z'""Sﬁ'ec'iﬁcéftions .t'ii'q,"."é'3ﬂB, as=1é'd'}3;'f:.
fp=2KHz, f;=3KHz. Find the order of butter worth filter.
b)  What is meant by frequency warping? What is the cause of this effect? [6+4]

8. Design a high-pass FIR filter using the frequency sampling technique. The filter should
‘have a cut-off frequency of 2 kHz and---the samplmg 1ate is 10 kHz Explam all the -
{__dexlgn 51.eps 1nvolved (i . . [10] ;

Explain the procedure for des1gn1ng an FIR filter using the Fourier method
Discuss in detail the different types of window functions used in FIR filter design.
Compare the effects of each window on the filter performance. [4+6]

Explain the limit cycle oscillations due to product round off and overﬂow erTors.
;’Solve the 1OIIOng ditference equatlon usmg Z-tr anstorm ! '
LT S _y(m) = 1.5y(n=1)Y+ 0.75y(n.—2) = x(n)

F1nd the system functron H(z) and its frequency response.

OR
11.a) Describe the direct form and canonic form of digital filter realization and compare
them.
b) Derlve the reallzatron of a dlgltal ﬁlter in D1rect Form II using the system function

[4+6 ] '-;




