Duration: 3 Hours

10.

11.
12.
13.
14.
15.

Reg. No.

Question Paper Code 14064

B.E./ B.Tech. - DEGREE EXAMINATIONS, NOV / DEC 2025
Fifth Semester
Electronics and Instrumentation Engineering
(Common to Instrumentation and Control Engineering)
20EIPCS03 - DIGITAL SIGNAL PROCESSING
Regulations - 2020

PART - A (MCQ) (10 x 1 =10 Marks)
Answer ALL Questions

If a signal x(n) is passed through a system to get an output signal of y(n)=x(n+1), then the
signal is said to be
(a) Delayed (b) Advanced  (c) Nooperation (d) None of the mentioned
The system described by the input-output equation y(n)=nx(n)+bx’(n) is a
(a) Staticsystem (b )Dynamicsystem (c) Identicalsystem (d) None of the mentioned
What is the z-transform of the following finite duration signal?

x(n)={2.4.5.7.0,1}?
T

(a) 2+4z+52> +72° +2° (b) 2+4z+52° +72° +2°

(c) 2+4z" +527% +72° +2° (d)272° +4z+5+72" + 27

What is the ROC of the signal x(n)=6(n-k), k>0?

(a) z=0 (b) z=o  (c) Entirez-plane,exceptatz=0  (d) Entire z-plane, except at z=c
What is the sequence y(n) that results from the use of four point DFTs if the impulse
response is h(n)={1,2,3} and the input sequence x(n)={1,2,2,1}?

(2){9,9,7,11} (b){1,4,9,11,8,3} (©){7,9,7,11} (d) {9,7,9,11}

The values of cutoff frequencies in general depend on which of the following?

(a) Type of the window (b) Length of the window

(c) Type &Length of the window (d) None of the mentioned

Which of the following technique is more preferable for design of linear phase FIR filter?
(a) Window design (b) Chebyshev approximation

(c) Frequency sampling (d) None of the mentioned

What is the correct sequence of procedures to perform on h(n) to convolute x(n) and y(n)?
(a) Folding shifting multiplication with x(n)summation

(b) Multiplication with x(n)summation folding shifting

(c) Summation folding shifting multiplication with x(n)

(d) Shifting summation folding multiplication with x(n)

What is the necessary condition for an LTI system to be causal in nature?

(a) For negative value of n, impulse response should be non-zero

(b) For positive value of n, impulse response should zero

(c) For negative value of n, impulse response should be zero

(d) For positive value of n, impulse response should be non-zero

PART - B (12 x 2 =24 Marks)
Answer ALL Questions
Define Energy & Power signals..

Define Nyquist rate for Sampling.

Find Z transform of x(n)=¢™"u(n).

Find D.T.F.T of x(n)=a"u(n).

Compute the number of multiplications needed in the FFT computation of DFT of a 256
point sequence.
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What is the relationship between Z-Transform and DFT?
What is prewarping? Why it is needed?

What is the relationship between analog and digital frequency in impulse invariant
transformation?
List the desirable characteristics of DSP Processor.

Mention the Addressing Format of DSP Processor.

Realize the following Causal linear phase FIR system function
H(z)= 2/3 +z'+(2/3) z*
State the properties of Chebyshev (Type Dfilter.

b)

b)

PART - C (6 x 11 = 66 Marks)
Answer ALL Questions

Check whether the following signals are variant or invariant, casual or dynamic,
stable or unstable or time non-casual, Static systems.

1. y(t)=sin x(t)

i, y(t)=tx(t)

OR

Check whether the following signals are variant or invariant, casual or dynamic,
stable or unstable or time non-casual, Static systems.

i.  y(n)=x(n)+nx(n-1)

ii.  y(n)=x(n)-x(n-1)
iii.  y(n)=nx’(n)

Find the z transform of
i.  x(n)=e™"u(n)
ii.  x(n)=(0.8)"u(-n-1)
iii.  x(n)=(-a)"u(-n-1)
iv.  x(n)=1{2,4,5,7, -3}
OR
Find DTFT of
i.  x(n)=sin(nn/2) u(n)
ii.  x(n)=a"cos(nm/2) u(n)

State and prove any four properties using DTFT and Z Transform.
OR

Find the inverse Z transform of X(Z)=1/1-1.52"'+0.5Z7 if region of convergence
(1) |z>1 and (ii) |z[<0,5.

Explain linear filtering by FFT using save-add method and also find the output
y(n) of a filter whose impulse response is h(n) = {1, 1, 1} and input signal
x(n)=1{3,-1,0,1,3,2,0,1, 2, 1}. Using Overlap add and verify the same using
overlap save method.

OR

Compute the eight point DFT of the sequence x(n)={1, 0<n<7,
otherwise} By using the decimation in frequency FFT algorithm.

Design a linear phase FIR filter of length M=15 whichhas asymmetric unit sample
response and a frequencyresponse that satisfies the condition.

2k 1, for k=023
Hr(Fj 0, for k=45,6,7
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OR
b) The desired frequency response of low pass filter is given by
Ho(@™) = 3% [-n/6 <w <n/6
0, |m6<w<m

Design a filter using hamming window and Plot its magnitude response.

28. a) Explain in detail about the Architecture of DSP Processor.
OR
b)  Explain the Multiplier and Accumulator Concept of DSP Processor.
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