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DIGITAL SIGNAL PROCESSING
(2003 Course)

Max. Marks: 100

Instructions: 1) Answers to the two Sections should be written in separate books.
2) Near diagrams must be drawn wherever necessary.
3) Black figures to the right indicate full marks.
4) Assume suitable data, if necessary.
5) Answer Q. 1 or Q. 2, Q. 30r Q. 4, Q. 5 or Q. 6 from Section 1.
Q. 70rQ. 8 Q. 90r Q. 10, Q. 11 or Q. 12 from Section I1.

SECTION - I

a) Why the problem of aliasing occurs during sampling process ? What is sampling

theorem ? (6)
b) How an I/O relationship of a DT system can be described ? What is impulse

response of a system ? 6
¢) Test the following system for Linearity and Time Invariance:

y(n) = cos [x (n) ] (6)

OR

a) Define and describe the following systems by means of difference equation:
1) FIR system
ii) 1IR system
iti} Non causal system
iv) Recursive system. 6)

b) Explain the different operations performed on DT signals for finding a linear
convolution.

For a given two DT signals:

x(n) = h(n) =1 0<nsN-1

Obtain the total number of multiplications and additions required. How can we

obtain impulse response of a system using a linear convolution operation ? 8)
¢) Explain in brief the use of anti-aliasing filter. )

P.T.O.
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3. a) State the necessary and sufficient condition for the existence of Fourier

Transform (FT). Obtain a FT of 8
1) x(n) = §(n) and
1) x(n) = u(n)

b) Why ROC need to be specified along with Z-transform (ZT) 7 What is the
possible ROC for any infinite duration sequence ? Give one example each for

following:
i) DT signals having different ZT but same ROC
i) DT signals having same ZT but different ROC. 8)
OR
4. a) State and prove: 10)

i) Convolution property of ZT
ii) Time shifting property of ZT.
b) Obtain IZT using residue method. ’ ®)

5. a) Using simple Geometric interpretation (construction) obtain a frequency
response plot for a system described as y(n) = x(n) — x(n — 1) 8)

b) What do you mean by all pole and all zero system ? How a system function H(z)
can be described for the same ? How the properties of DT — LTI system can be
described by means of H(z) ? (¢.))

OR

6. a) A causal DT system is described by means of a pole zero plot having one zero
at z = 0 (origin) and two simple poles at z = 0.5 and z = 1. Sketch a pole zero plot
and thereby find its system function H(z) and the impulse response. Comment
on its impulse response. 8)

b) Obtain an impulse response of a system
y(n) = x(n) + 2Zy(n - 1)

using ZT method. How can you obtain its step response S(n) ? Explain in brief. (8)
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SECTION -1

a) Compare DIT and DIF FFT algorithms. Draw a basic butterfly structure for
both. Comment on the Twiddle: factor computations required for each stage. (10)

b) Explain how we can obtain a linear convolution using N-point circular
convolution? What is periodicity and circular time shifting property of DFT ? (8)

OR
a) Explain in brief how FFT algorithms can be used for finding Inverse DFT.
(6)
b) Obtain a 4 point DFT of impulse signal §(n). Can we have different DFT
representations for the same signal ? Explain the said concept in brief. 3
¢) A CT signal is sampled at a rate of 600 sampless find out for 4 pt DFT. @)

i) DT frequencies w

ii) Analysis frequencies F,.

a) What is linear phase response characteristics of FIR filter ? With suitable
example show that for an Ideal frequency response of DT filter, an infinite

number of filter coefficients are required. 10)
b) Explain the frequency warping effect associated with BLT method. 6)
OR

a) What is Gibbs phenomenon ? State the desirable features of window functions

used for FIR filter design. Explain in brief the Hamming window. ®
b) Compare FIR and IIR filters. 4)
¢) Using Impulse Invariance method design an IIR filter given: “)
H(s) = 22 , F, =1000 samples/s.

s+
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1. a) Obtain a direct form — I and from — II filter structure for

3z° -4
H(z)=-———— 8
@ 272" -2z +1 ®)
b) Explain a linear phase FIR filter structure. What are its advantages over direct
form structure ? (8)
OR '

12. a) Find the transfer function of first order recursive filter and realize it using filter
structure. (6)

y(n) = x(n) + ay(n - 1)

b) Compare DSP processor with conventional microprocessor architectures. What
is the use of DAG1 and DAG2. In ADSP 2105 processor ? List the no. of
internal buses and memory pointer registers used. (10)
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