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M.E/M.TECH. DEGREE EXAMINATIONS, NOV/DEC-2011

REGULATIONS 2007
FIRST SEMESTER

AN 1601 - ADVANCED DIGITAL SIGNAL PROCESSING

APPLIED ELECTRONICS

(Common to Communication Systems)

Time: Three Hours Maximum: 100 marks

10.

ANSWER ALL QUESTIONS
PART-A (10%2=20 marks)

State Parseval’s theorem.

Define bias and consistency of estimation.

What is the basic principle of Welch method to estimate
power spectrum?

What are the advantages of parametric methods of
spectrum‘estimaﬁqn‘."

What is wiener glecpnyolution?
What are the advantages of kalman filter?

What is the fundamental difference between 1LMS and
RLS algorithm?

What are the advantages of FIR adaptive filter?
Give some applications of multirate signal processing.

What is sub band coding?
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PART-B (5x16=80 marks)

Describe  the performance of the
periodogram. Also derive the expression
for variance of the periodogram for white
Gaussian noise.

Or

A random process x(n) is generated by
filtering unit variance white noise w(n)
with a first order linear shift invariant
filter having a system function

H(z) = 1
1-0.25Z1

Determine the auto correlation of the random
process,
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Prove that for a zero mean random
process aute covariance and auto
correlation are equal.

Derive Yule-Walker equation for ARMA
process.

Derive variance for Welch method of
spectrum estimation.

Or

Describe Barlett’s method of periodogram
averaging.

Describe the spectrum estimation using
periodogram.
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Explain how Levinson Durbin algorithm is
used to solve Teoplitz system of equations.

Or

Explain discrete kalman filter by deriving the
necessary relations.

Derive the weight update equation for the
LMS algorithm. Also discuss about the
convergence issues of the LMS algorithm.

Or

() Compare the performance of LMS and
RLS algorithm.

(i) Describe how an adaptive filter can be
used for channel equalization.

() Discuss the application of multirate
processing in sub band coding.

(i) Describe the decimation process by an
integer factor.

Or

(i) Explain with neat diagram the direct
form realization of FIR filter in sampling
rate conversion by a factor I/D.

(i)} Discuss about the needs for multirate
sampling.
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