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FIFTH SEMESTER
INFORMATION TECHNOLOGY
(S 78 _ DIGITAL SJGNAL PROCESSING
(REGULATIONS 2008)

Time : Three hours Maximum : 100 marks

Answer ALL questions.

PART.A — (10 x 2 = 20 marks)

1. Differentiate among analog, discrete, quantized and
digital'signal. |

2. Determine whether the following signal is periodic if it is

periodic compute the fundamental period sin 2t .

3. Find the DFT for {1,0, 0, 1}.

4. Define phase factor or twiddle factor of FFT.
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11.

Sketch the magnitude response of Type ~ 1 and Type II
Chebyshev filters.

Write the frequency transformation equation for low pass
filter to band pass filter.

Draw the structure for Lattice IIR filter.
SN

State the conditions for FIR filters to have linear phase.
: \

Draw the structure of a poise concellation using a wiener
filter. ;

State the application of multirate signal processing.

PART B — (6 x 16 = 80 marks)

(a) Détermiﬁé and sketch the convolution y(n) of the
‘signals.~
ON (1A
B
1‘"1? {3 n, 0;5 n‘ss
TO, selsewhere
) = 1,-2<n<2
0, elsewhere
@)  Graphically
(i) Analytically. (16)

Or

:
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(@)

(i)

0

(i)

An analog signal
%, (2) = sin(480 7 ¢) + 3sin(7207 £)
is sampled 600 times per second

(1)  Determine the Nyquist sampling rate of
%, (8)

(2) Determine the folding frequency.

(8) What are‘the frequenm’es in radians, in
the resulting discrete time signal x(n)

() If x(1) is passed through an ideal D/A

converter, what is the reconstructed
signal y_(1)? " (4x3=12)

Determine the power and energy of the unit
step sequence. “@

The five samples of the 9-point DFT are given

.as follows :

X(0)= 23, X(1)=2.242 j
X(4)=6.379+ j4.121
X(6)=6.5+2.50

X(7)= 4153 + j0.264

Determine the remaining samples of DFT if
the corresponding time domain sequence is

real. (12)

Determine the N-Point DFT of the sequence

which is given as x(n)=d(n - ng). (4)
Or

; (X )
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@G An LTI system is described by the impulse
response A(n)= {-1,-1} and the input to the

system is given by x(m)=1{LL 1}. Determine
the response of LTI system by radix — 2 DIT
FFT. (12)

(i) What are the difference and similarities
between DIF a}ld DIT algorithm. “

Obtain the duéct Y and dn‘ect JI, cascade an
parallel form, realization of\the LTI system governe
by the equétmn - (16
¥(n) =—-y(n J)+——y(n 2)+-y(n 3)+x(n)+
3x(n -1 +2x(n— 2

> or

Desxgn 'Y Chebyshev lowpass filter satisfying t]
following spemﬁcgtmns

Sampling time = 1 sec

Passband frequency = 0.06 = rad/sec
Stopband frequency = 0.75 7 radisec
Passband attenuation = 6 dB

Stopband attenuation = 20 dB. (

‘ K 22§
4
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14. (a) A FIR linear phase, digital low pass filter is to be

designed with a cut off frequency of % rad.

(i) Determine the coefficients of a 9-tap filter
based on the windowing technique with a

rectangular window.

(i) Determine the plot the magnitude and phase
response of the filter.

(iii) What will happen to the magnitude response if
the tayb{f the filter increases to 117 (6 + 6 + 4)
i .
! Or
(b) Design an idea]\\(gh pass filter with a frequency
responie: .
12 <lolsw
)=

0 fol<Z
: 1

Find theﬂ‘mlues of h(n) for N =11 and H(z). (16)

15. {(a) Explain the time domain operations and frequency

domain operations of a musical sound processing.
(16)

; ez )
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Design a two-stage decimator for the followir

specifications :

Pass band

Transition band :

Input sampling rate :

Ripple :

¢
D=100

0<F <50

50< F<55

10,000 Hz
5,=107, 5, =107




