Important Note : 1. On completing your answers, compulsority draw diagonal cross lines on the remaining blank pages.

50, will be treated as malpractice.

2. Any revealing of identification, appeal to evaluator and /or equations written eg, 42+8

USN 14ELD21

Second Semester M.Tech. Degree Examination, June/July 2015
Modern DSP

Time: 3 hrs. | Max. Marks:lﬂ'@-,
Note: Answer any FIVE full questions.

1 a. Write the properties of discrete time sinusoidal signal and investigate. }\M Marks)
b. Consider the simple signal processing system shown in Fig.Q.1(b) below I'l'ﬁb sampling
periods of the A/D and D/A converters are T = 5Sms and T' = lms respectiv ,\]y Determine

the output y.(t) of the system if the input is, X(t) =3 cos 100nt + 2 sm2§\6-ﬂt [t in seconds].

The post filter removes any frequency component above Fs/2. (06 Marks)
' n
(£) — ap | * ) D/A Peit El{a“)
T T T fitk
Fig.Q.1(b) T
¢.  Derive the expression for signal to quantization no&se ratio of an analog sinusoidal signal
Xa(t) = A cos . . (05 Marks)

d. The discrete time signal x(n) = 6.35 cos [%}n is quantized with a resolution A = 0.1 and
A = 0.02. How many bits are required in the A/D converter in each case? (05 Marks)

2 a. Compute convolution using DFT.and JDFT, the two sequences are given by
h(n) =1, 2, 3} “&-

x(meil, 2,2, 1} for N-—-8 (08 Marks)

b. State and prove the follqwmg properties of DFT:
1) Circular time _;g_versal of a sequence.
1)  Multiplicatipn-of two DFT’s.

iii) Circula_x:{iiné shift of a sequence. (12 Marks)

3 a With neqesSary diagram, describe the characteristics of practical frequency selective filters.
(04 Marks)
b. \\qln;\e.the expression of frequency response and phase characteristics for linear phase FIR
_filer with symmetric and asymmetric conditions. (04 Marks)

Desxgn an FIR linear phase digital filter approximating the ideal frequency response
L ‘-!1 -%; —jwi2 wi < T
‘;1“:\“ H,(w)=1" for nl | é
T 0 for A < |w| < n.

*
Determine the coefficients of a 25 tap filter based on the window method with a rectangular
window and Hanning window. (06 Marks)
d. Determine the coefficients of a linear phase FIR filter of length M = 15 which has a
symmefric unit sample response and a frequency response that satisfies the conditions:

1 k=0,12,3
Hr[%) =<0.4 k=4 . (06 Marks)
0 k=567
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Derive the system function for [IR filter using impulse invariant technique. (06 Marks)
Derive the mapping formula for IR filter using bilinear transformation. (08 Marks)

Design a single pole low pass digital filter with a 3dB bandwidth of 0.2, using the bilinear
where, €. is the 3dB bandwxdt}:Bf

transformation applied to the analog filter H(s) =

s+Q,
the analog filter. (G’EMI!?RS)
%‘e
Explain the decimation process for an integer factor D. AT 3 (10 Marks)
Explain the interpolation process for an integer factor 1. \ N (ln Marks)
Describe the sampling rate conversion by a rational factor (I/D). = o (10 Marks)
Describe the polyphase structure for decimation and interpo Iatlon ﬁfltprk’ (10 Marks)

With neat block diagram, explain the application of adaptlve f'rlters in

i) System modeling

il}  Adaptive channel equalization and :

i)  Echo cancellation in data transmission (Telepho’ab channel and digital communication
system). (20 Marks)

Derive that expression of Least Mean Squam(LfVlS) algorithm with fixed step size.
(10 Marks)
Derive the expression of direct form Recursive Least Squares (RLS) algorithm. (10 Marks)
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