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mvariance method. Assume T =1 sec.

DIG‘ITAL SIGNAL PROCESSIN G

(Electrical and Electronics Engineering)
Mazx. Marks: 75

This question paper contains two parts A and B.
Part A is compulsory which :carries 25 marks Answer all quesmons in: Pari A

“Part B consists of 5 Units. Answer any Sne full questiéh from eath Ttnit.

Each question carries 10 marks.

Part- A
. (75 Marks)

~-Discuss the sfabmty cnteuon f@r ~digital fﬂter~ el 2]
Explain the fr equency representatlon of discrete fime systems 3]
Write any two properties of DFS. (2]
Differentiate between Decimation-in-time and Decimation-in-frequency. [3]
Why is the Butterworth response called a maximally flat response? [2]
What is PlewaIpan’? e (3]

" Give the eqiiations for Hamiﬁin’g window and ’Blackmann Wmdow e )
What are the features of FIR filter design using Kaiser’s approach? [3]
What is truncation? (2]
What is sub band coding? [3]

R Part-B-. . P P
R P S I (50-Marks)
Explain the canonical form of digital filter realization. [10]
OR
Discuss the concept of stability and causality with examples. [10]
Explain the’ propertles of DE’I gl i i (10}
[10]

Explain Radix- 2 Decimation- in-Time algorithms.

For the analog transfer function H(s) = 2/ {(s+2) (s+3)}. Determine H (z) using impulse
0]

50 OR D ey

:“'Deswn a di gltaT second ordér Low-Pass Butferworth filter with ciit-off frequencv 7 2KHz

using Bilinear Transformation. Sampling rate 8 KHz. [10]

UsinfI a rectangular window technique, de<icn a low pass fﬂter with pass band gain of

OR




;.Cons1der a second order ITR fﬂter with A (z) =

(7 03 _1)21 945 =X . Find the effect on
Z :xu :n-'

quantlzatlon on pole locatlons of the given svstem function in direct form and in cascade

10.

form. Assume b=3 bits. [10]

Explain how reduction of product round-off error is achieved in digital filters.

[10]
OR .



