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Encircle the most appropriate option.

l. If the sampling frequency while sampling an ana-log signal is f,, the highest frequency

.o*pon.rt that can be recovered from the digital signal is.. ..

a. 4 b.zFs "' + d' ?

which operation is essential before sampling an analog signal?

a. Noisi removal b' Band limiting

c. Modulation d' Signal mixing
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The Fourier transform of the signal x[n] exists only if' ' ' ' ' ' "
a. no poles lie inside ROC of its z transform

b. ROC is outside of some circle
c. ROC includes origin
d. ROC includes the unit circle

Which of the following is NOT frequency domain transforms for a DT signal?

a. Laplace transform
b. Discrete Time Fourier Series (DTFS)

c. Discrete Time Fourier Transform (DTFT)

d. Discrete Fourier Transform (DFT)

The z-transform of the signal xln) : d[n + 2] is..

a. s-iza b. eiz,
c. cos 2a * i sin2o d. sin 2a -icosZa

ROC of the Z-transform of the signal xln] = Zuln] is
a. lzl > 1 b. lzl < 1, c. lzl>2

pole perturbation due to finite word lenglh effects is large if... ...
a. the order of the system is smaller
b. the number representation follows floating point representation

c. if the poles are nearly located to each other.

d. ifpoles are located relatively far from each other.

FIR systems are also known as.. . ' . . .. ..

a. all pole systems b. pole zero systems c. no zero systems d. all zero systems

If WI denote the phase factor used in computation of 4- point DFT, the symmetry

property says that t4f equals to

a. wl b. w;' c. -wtr d. Zwl
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The divide and conquer approach can be applied to DFT of point N if......
a. N is even b. N is composite
c. N is prime d. N can be expressed as power of 2

If xlnl -- {1,L,0, 0}, have DFT X[k] then, xlnl: {0, 1, 1, 0} will have DFT given as.....

a. x[n] = ,iiu x1t 1 b. x[n) -- ,-i?o x[t l
c. Xlnl = Xl(k - l)i d. x[n] = xl(k + 1)+l

If discrete samples of DTFT are to be used as frequency domain representation of a finite
duration signal of length N in time domain, we must sample the DTFT with......
a. 2 N samples in one period b. N samples in one period
c. N or less than N samples in one period d. N or more than N samples in one period

Radix two FFT algorithm cannot be used to compute DFT of following points:
a. 16 b. 64 c. 140 d.256

A standard second order section used in parallel implementation of IIR filters involve
.. coefflrcients.

a.4 b.2 c.3 d.5

Cascade and parallel both realizations are possible for .

a. IIR filters only b. FIR filters only
c. IIR and FIR filters d. LPF only

Which of the following is not the transformation used in converting analog filter to digital
filter?
a. Bilinear transformation b. Impulse invariance transformation
c. Matched z-transform transformation d. Hilbert transformation

The z-transform of x[n] : (Ll)" u[n] is equal to.......

a. ;; trl .l b. ;; lzl>3 ". ft; trl>l d
z

,-7/z' lzl>3

To compute linear convolution between the signals of length 10 and 12, the circular
convolution has to be computed with ...zero padding.

a. 0 and 2 respectively b. 11 and 9 respectively
c. 2l d. 2 and 0 resPectivelY

Which of the following IIR filter design transformation suffers from frequency domain

aliasing?
a. Bilinear transformation b. Impulse invariance transformation
c. Approximation of derivative d. All of these

As compared to a rectangular window, Blackman window can significantly reduce ripple

in FIR filter, however the tradeoff is .....
a. Non linearity in phase b. Possible instability
c. Reduced gain in passband d. a large transition bandwidth
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Affempt AIW FIVE questions. Symbols and abbreviations have usual meanings. Assume suitable

values for missing data.

1. a. Explain advantages and limitations of digital signal processing over analog

signal processing.

b' It is known that,uln]*' ,# *itr, RoC: lzl>1. Using this

Z-transform pair and differentiation of z-transform property, obtain the

Z-transform and ROC of the following signal: xln) = nzuln)-

c. Define z-transform and explain its uses in digital signals and systems.
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2. a,TheZ-transformofacausalsignalx[n]isgivenas:(z)=#,

Using partial fraction expansion and look up table method, find the

expression for the signal x[n].

b. Consider the signals: plnl - f2, -0.5,11 and qlnl - [2, -0.5, L]

If P[t(] and Q[k]are three-point DFTs otpln) and qlnl, determine the

sequence r[n] such that its three-point DFT R[k] = Plk)Qlkl.

c. How linear shifting is related to circular shifting? State and prove circular

convolution property of DFT.

a. Derive the expression for the radix 2 DIT FFT algorithm and hence explain

the basic butterfly for DIT algorithm.

b. Find 4 point DFT of the following signal using radix-2 DIF algorithm. Use

butterfly diagram for the computation.

xlnl=cosf,n 0<n<3

c. Explain the idea on using DFT for filtering long data sequences.

a. Realize the following IIR system function using direct form-I and direct

form-Il and parallel structures.

yln) = yln - \ -lyfu - zl + xLnl - xln - 1) + xln - 2l
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b. Find the system function of the system shown below: t3l
r(n)

bo

/n)

What do you understand by FFT? Why are FFT very important in DSP? 121

Explain the phrase 'optimum equiripple filter design'. State 'Remez
exchange algorithm' followed in optimum equiripple filter design.

t3l

b. A FIR low pass filter is required to be designed with the desired frequency
response HaQrt) given below. Obtain filter coefficients if the window
function is defined as w[n].

t5l

c.

a.

Ha (r,r) =
1 for,

0 for,

fi
l<ol < I

|=t,t ="

w[n] =

6 a.

Some useful relationships:
Quotient rule:

du dv
dy _u*-u*
dx v2

Partial fraction expansion for roots of multiplicity:

2rn
0.54- 0.46cos 

M _.1, 0 <n<7
0, otherwise

Does the filter have a linear phase? Justify your answer,

Derive the transformation equation for impulse invariance method of IIR
filter design. Discuss the nature of mapping from analog to digital
frequency.

b. A digital IIR Butterworth filter is to be designed for following digital
specifications:
dp = 3 dB, a, = 30 dB, Qp : 0.t62 rad, {1, - ']-,.63 rad
Determine the analog specifications and hence the order and transfer
function of the normalized analog filter. Also compute the cut off frequency
and apply the bilinear transformation to find the system function of the de-
normalized digital filter. Assume the sampling frequency to be 8 KHz.
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z-p* lz-pil, (r-pr).

,q,,r =y(r- oor,l,=r, A,,-tk =*l?v- ory,)|,=r,



For bilinear transformation digital frequency O is related to analog frequency a-t as:

2u -- T

otan-
2

And the transformation is: s :1', ' ,!.T 7+z'L
2 5 JUil 2023

Design equations for analog Butterworth filters:

I 0",/,0 _ I

lo";lt\N_
as

0o

Cutofffrequency:

OR:
o)s

@r=
[10"'"0 -r|'r

Normalized BW denominator polynomials:

Analog Butterworth Low pass transfer functions

Minimumorderrequired: f =;W

where Al and @1dta minimum pass band gain and pass band edge frequency

A2andci,2 are maximum stop band gain and stop band edge frequency.

OR,

2

ti1
-r-*

1 (1+s)

2 ( 1+1.414s+s2)

3 (1+sX1+s+s2l

( 1+0.765s+s2)( 1+1.848s+s2)4

5 ( 1+sX 1+0.618s+s'11 1+1.618s+s2;

5 ( 1+0.518s+s2)( 1+1.414s+s2)( 1+1.932s+s2)

7 ( 1+sX1+o.4a5s+s211 1+1.247s+s211 1+1.802s+s'1

8 ( 1+o.39os+s2X 1+1. I 1 1s+s2X 1+1.653s+s2X 1+1.952s+s2)

( 1+s)( 1+0.347s+s2)( 1+s+s2X 1+1.532s+s2)( 1+1.879s+s2)9

10 ( 1+0.313s+s2X 1+o.9o8s+s2X 1+1.4 14s+s2)( 1+1.782s+s2X 1+1.975s+s2)

n (order) Normalized Denominator Polynomials in Factored Form

Order Transfer function
2 ac 2

Ho(s) = s2+0.707ars*arz
3 Ho(s)=(#;) a12

s * ar.s * arz
4 a12 ac )

Ho(s) = sz + 0.765 ri.rs * ar2 sz + 1.848 urs * ar2


