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Question Paper Code : C 1665

BJBTech. DEGREE EXAMINATION, APRILAAY 2010.
Fourth Semester
Information Technology
171252 — DIGITAL SIGNAL PROCESSING
(Common 1o Seventh Semester Computer Seicnce and Engineering)
(Rogulation 2004)
Time : Three haurs Magimum : 100 marke
Answer ALL questions
PART A — (10 2 = 20 marks)

1. Cansider the analog signal x, (t)=3 c0s2000 £¢15 sin6000.7¢ 110 cos120007¢,
whatis the Nyguist rate for this signal?

2. Determine the systom doseribed by the following input and output equation is
linear or nonlinear
S = Ax(n) =B

What s inplace computation?

4 How many complex multiplication and addition are required in DT and FFT?

Indicate the location in the 2 plane to which the £ points on the jo axis in
the ¢ plane go to due to the bilinear transformation.

6. Convert the analog flter with system function 7(s) into a digital IIR filter by
‘means of impulse invariant method

1
A G0 s

7. Write down the equation of Kaiser window for 0 < M -1

S What are the possible phase angles if the impulse response is anti-symmetric
and length of the flter is odd?

9. Whatis limit eyele oscillations?

30, Define over flow orror.
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PART B — (5% 16 = 80 marks)

() Compute and plot the convolution x{z) « kn) for the following
signal ®

A= (LI A=16,5,4,3,2,1)

i) Determine the response y(a), 720 of the system deseribed by the
second-order difforence equation,
-4y -1 4430 -2

() x(n-1)

when the input s =(n)
SN =y(D=0 a0

(-1 u(n) and the initial conditions are

or

() Determine the Z-ransform and the ROC of the signal
00 =(3(2)- 43"t ©

fnear time nvariant system is characterized by the system

fanction Hz) . Specify the ROC of H(z) and

G527 +15z

determine A(n) for the following conditions

(1) The system is stable
() The system is causal

(3) The system s anticausal a0

@ Obtain the FFT of the sequence using decimation in frequency : (12)

) =18,7,6,5,4,3,2,11
(i) How can you compute IDFT using FFT? @
or

Multiplication of the DFTs of two sequence is cquivalent Lo the circlar
convolution of the two sequences in the time domain. Prove this property
by the following two sequence

2.1,2,1) ,2,3,41

2 c1665




[image: image3.jpg]u

15

®

@

@

0}

Design o digital low pass Butterworth fiter using Bilinear
transformation method to meet the following specifications

Pass band ripple <1.25 0B, pass band edge = 200 Hs, sion band
attenuation 215 B, stop band edge = 300 Hz, sampling frequency = 2 kHe.

or
) Find the transfer function of  low pass analog Chebyshev filler to
meet the following requirements
Pass band edge 1 radisee, puss band ripple 0.1 dB, stop band
attenuation is atloast 40 B for 2 radfsec, a2

G Compare FIR and IIR filtor @

@ Design o low pass FIR with 11 coeflicients for the following.
specifications

Pass band frequency edge is 0.25 kHz and sampling frequency is

1kHz, (Use Rectangular window). 12)
i) Realize the above desifmed filler by direct form structure. @
or

Determine the coefficients of a linear-phase FIR filter of length M = 15
which kas & symmetric unit sample response and a frequency response
that satisfy the condition

For the all pole second order TIR digital filter described by difference
equation y(n)= -, (1 ~1)=¢, y(n ~2)+x(n) determine the dead band
region govorning the limit cycle

o

Derive the expression for the varianco at the output of a digital filter
eharacterized by (n) where the input is n quantization noise.
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