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Answer ALL questions.

PART A — (10 x 2 = 20 marks)

1. Find the 4-point DFT of the sequence x(n) = {1, 1, -1, —1}.
2.  What is meant by in-place Computation?

3. . Mention the advantages of cascade realization.

4. Convert the given analog transfer function H(s) = 1 into digital by impulse
S +a

invariant method.
5. List out the advantages and disadvantages of FIR filters.
6. Write the equatien of Hamming window function.
7.  What are the two types of quantization employed in digital system?
8.  Define zero input limit cycle oscillations.
9.  What is anti-imaging filter?

10. Give the applications multi-rate DSP.
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PART B — (5 x 16 = 80 marks)

State the following properties of DFT.

(1) Time reversal

(2) Parsavel’s theorem. - ' (8)
Perform the linear convolution of the given sequences

x(n) =1, -1, 1, -1), h(n) = {1, 2, 3, 4} using DFT method. - (8)
Or |

Derive the butterfly diagram of 8 point radix-2 DIF-FFT algorithm and
fully label it.

A desired low pass filter with the following speciﬁéé.tion 1S

0.8 < |H(w) <1.0;0 < w < 0.27
H(w)<0.2;037r<w<n

Design Butterworth digital filter using impulse invariant transformation.

(1)

(11)

(1)

(11)

Or .

Obtain the cascade form realization of the digital system
(1) 1

y(n) = %y(n ~1)- \g)y(n ~-2)+ é—x(n ~1)+ x(n). . r (8)

Convert the given analog filter with a transfer function

H (S)Z-(S +1)2(S +2) into a digital IIR filter using bilinear

transformation. Assume T=1 sec. (8)

Determine the frequency respcnse of FIR filter defined by
y(n) = 0.25x(n) + x(n ~-1)+ O.25x(n - 2).

Calculate the phase delay and group delay. (8)

Discuss the design procedure of FIR filter using frequency sampling

method. (8)
Or

Design a FIR filter with the following desired specification

H, (ejw ) =

" —TT T
0, ‘ <w<Z

4 4
._J?,&), 14{ - (4 T

\.

using a Hanning window with N = 5.
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15.
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(11)

(1)

(i1) -

Represent the following numbers in floating point format with five
bits for mantissa and three bits for exponent.

(1) 7y

(2) 0.25,

(3) =74

(4) -0.25, . _ (8)

Draw the product quantization noise model of second order IIR

system. (8)
Or

Explain how signal scaling is used to prevent overflow limit cycle in

the digital ﬁlter implementation with an example. (8)

Determine the dead band of the system
y(n)=02y(n -1)+ 0.5y(n — 2)+ x(n).

Assume 8 bits are used for signal representation. . (8)

Explain the multistage implementation of sampling rate conversion
with a block diagram. | (8)

A signal x(n) is given by x(n) = {0, 1,2, 3,4,5,6,0,1,2,3, .....).  (8)

(1) Obtain the decimated signal with a factor of 2.

(2) Obtain the interpolated signal with a factor of 2.

Or

Explain éampling rate increase by an integer factor I and derive the
input-output relationship in both time and frequency domains.
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