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2023
M.E. (Electronics and Communication Engineering)
First Semester
¥£€E-1 101: Advanced Digital Signal Processing
(For UIET only)
Time allowed: 3 Hours Max. Marks: 50

NOTE: Attempt five questions in all, including Question No. I which is compulsory
and selecting two questions from each Section.
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1. (a) Determine the impulse response of the system
y[n] = 0.6y[n — 1] — 0.08y[n — 2] + x[n]
(b) Describe sub-band coding.
(c) Obtain the cascade and parallel form structure of system

- (B+5z7)(06+ 3z27Y)
T (1-2z7142z2)(1-2z7Y)

(d) Find the inverse Z-transform of a stable system

H(z)

; z._'_l
(-9 (1+25)

(e) Describe the appiication of Adaptive filter in echo cancellation.

H(z) =

(5x2=10)
Section-A

2. (a) Find whether the following systems are Memoryless, Time- Invariant, Linear,
Causal, and Stable. Justify your answer. (5)
i yn] = x[n] ¥g-_ 6[n — 2k]
ii. y[n]=x®?)
(b)r Describe Divide and Conquer approach for calculation of DFT. Compare

computational requirements of DFT and FFT. (5)

3. (a) When the input to a LTl systemis (6)

n

x(n) = (%) u(n)._+-(2)"u(—n -1)

the output is
n

y(n) =6 (%) u(n) -6 (%)“ u.(n)
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i.  Find the system function H(z) of the system. Plot the poles and zeros of H(z),
and indicate the region of convergence.
ii.  Find the impulse response h(n) of the s'ystem for all values of n.

iii. Isthe system stable? Is it causal?

(b) A LPF is to be designed with the following desired response (4)
. gRfiw . ey < %
Hy(w) = T
0 3 SQWER

Determine the filter coefficients using window method for acHievihg an attenuation
of 45 dB.
. (a) Design a digital Chebyshev filter to satisfy the criterion
088 < H(w) <1, 0<w<=<024n
H(w) < 0.21, 0S5lrsw=mn
Using impulse invariant transformation. : (6)
(b) Describe the polyphase decomposition of QMF banks. Find the condition for

perfect reconstruction (4)
Section-B

. (a) Describe forward linear prediction filter with-the help of equations and lattice
structure. _ : (6)

(b) Determine the lattice coefficients for the FIR filter with the system function (4)

HZ) =45z =1+ %%z‘l + %z‘z + %2‘3
(a) Describe the concept of Adaptive Filter and describe any one application in
detail. Describe LMS adaptive algérithm and discuss its practical limitations. (5)
(b) Describe the concept of Active noise control using Adaptive filters. (5)

. (a) Describe architecture of TMS 320 C6x series and explain the addressing modes
and interrupt structure. : : : (7)

(b) Differentiate fixed point and floating point processors (3)
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