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Digital Signal Processing
(EC-308, Dec-2005)

Note: Section A is compulsory. Attempt any four questions from Section-B
and any two from Section-C.

Section-A
1. a) What are the advantages of DSP over analog processing?
b) State sampling theorem.
c) Convolve [1, 3, 1] and [1, 2, 2]
d) Define LTI system.
e) Differentiate between linear-nonlinear systems.
f) What is the difference between stable-astable systems?
g) What is FIR?
h) Define DFT.
i) What is Region of convergence?
j) State convolution theorem.

Section-B
2. Perform circular convolution of two sequences.
x; (n) ={0.2,0.4,0.6,0.8,1,1.2,1.4, 1.6}
X, (n) = {0.1,0.3,0.5,0.7,0.9,1.1, 1, 3, 1}

3. Find z transforms of {cos{%+a}}

n=0

1+2z—-14+2z-2

1-z-1+0.356z—-2
5. Represent system function using linear phase FIR structure
H(z) = £+1+Z—_1
2 2
6. What are the various realization techniques of linear time invariant

systems? Mention.

4. Find the inverse z transform of X(z) =

Section-C

7. For a given analog filter system function H(S) = __S+0L into digital
(S+0.1)2+16

IPR filter by means of Bilencar Z transformation. Digital filter is to have
resonant frequency w, = %

8. (a) Compare different forms/structures of filter realization from the point
of view of speed and memory requirement.
(b) Explain with neat sketches, the cascade and parallel realization forms of
digital filters.

9. (a) List various properties of z transforms.
(b) What is decimation in frequency method for computing DFT? What are
advantages of radix 2 FFT?
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Instruction to Candidates:

' iq ‘3/&4
1)  Section - A is compulsory. HoRe

2) Attempt any Four questions from Section - B.
3) Attempt any Two questions from Section - C.

| Section - A~
1) | ' ; (10x2=20)

a) Define a discrete time u1ﬁt sequence fuﬁction. |

b)  Plot the derivative of the function x(f) = sin c(f).

c)  Find the signal energy of the signal x(¢) = u(r) - u(10-1).
d)  What are the apolications of z-transform?

€¢)  What are the conditions for the region of convergence of a noncausal
LTI system?

f)  What s the linearity property of DTFT?
g) Define transfer function of a system.

h)  Define Radix-2 FFT algoﬁthﬁm

i)  Whatis the importance of Windewing?

) Compare the performance of FIR filtel; and IR filter.

Section - B
(4x5=20)
{}2) Differentiate between a recursive and non-recursive system. Determine if the

recursive system defined by the difference equation y(11) = ay(n-1) + x(n) is
linear. '

PT.O.



h(n) as defined below is stable.
hin) = a", n=0, neven

0, elSewhere.

(4) Determine the causal sighal x(ﬁ) if its z-transform X(z) is given by
I[+3z"
[+3z7" 4272

X(2)=

05) State the Goertzel algorithm and give its importance.

(6) Describe the magnitude and phase response of FIR filters. How is linear phase
FIR filter defined? ' | : :

Section - .C

(2x10=20)

0s) ‘( a)  What are quantization errors in FET algorithms?

(b) Define circular convolution. How can linear convolution be realized using
circular convolution?

09) What are the limitations of IIR filter design by impulse invariance method?
How are they overcome by bilinear transformation method?
Convert the analog filter with system function

H(S):“-_SLO;L<
- (5+0.1)" +16

into digital IIR filter by means of bilinear transformation.

+44+
J-303[60124] | )



Digital Signal Processing
(EC-308, Dec-2007)

Note: Section A is compulsory. Attempt any four questions from Section-B and any two
from Section-C.

Section-A

1. a) What are the constraints on the transfer function if it were to represent a casual LTI
system?

b) What is the relationship between the Z-transform and the discrete Fourier transform?

¢) In what respect does DFT differ from continuous Fourier transform?

d) Explain the symmetry properties of DFTs which provide basis for fast algorithms.

e) State the final value theorem of Z-transform.

f) Mention two symmetry properties of FIR filters for obtaining linear phase.

g) State the desirable characteristics of windows in the design of FIR digital filters.

h) What is frequency warping in Bilinear transformation?

i) What is the difference between Butterworth and chebyshev filters in terms of frequency

response.

j) Explain the concept of pipelining in DSP processor.

Section-B
2. What is the frequency response of a discrete LTI system? Derive the frequency response
of a system whose impulse response is given by

h(n) = a" U(n-1) for |d| <1

(z=4)
(z—-1)(z-3)*
4. draw a 8-point radix-2 FFT DIT flow graph and obtain DFT of the following sequence x(n)

=(0I 1/ _11 OI OI 2! _21 0)
5. Design flow pass FIR filter using Hamming window to meet the following specifications.
H(w)=1for0=<[w] <7/6
=0forz/6=[wW]<Zx
Use a 10 tap filter and obtain the impulse response of the desired filter.
6. Which is more sensitive network to finite word length?
(@) Direct form-II
(b) Cascade form
Justify tour answer

3. Find the inverse of Z-transform-of the function. X(z) = for |2 >2

Section-C
7. AN IIR low-pass filter is to be designed to meet the following specifications:
(@) pass-band frequency: 0 to 1.2 k Hz
(b) Stop band edge: 2 k Hz
(c) pass-band attenuation < 0.5 db
(d) stop band attenuation = 15 db
Using butter worth approximation and bilinear transformation obtain the desired IIR digital
filter.
8. A LTI system is described by y(n) = y(n-1) - 0.24 y(n-2) + x(n)
Find the response of this system fo an input of x(n) = 10 cos(0.057zn)
9. With the help of a block diagram, explain the architecture of a TMS processor.
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Instruction to Candidates:

1) Section - A is Compulsory.
2) Attempt any Four questions from Section - B.

3) Attempt any Two questions from Section - C.
VSection -A
Q1) : (10 X 2 = 20)
a) Write two advantages of digital over analog signal processing.
b) What are symmetric and asymmetric signals?
c) De’ﬁne circular convolution.
d) Define a Causal system.
e) Differentiate stable from a unstable system.
f)  Write any two areas of applications of DSPs.
g) What is aperiodic discrete time sequence?
h) Define a symmetry property of DFT?
1)  Write any two basic features of I[IR ﬁlters‘.

J))  Write any two applications of Z-Transforms in signal processing.

R-766 [2058] ~ | PTO.



Section -B
%4 X5 =20)
02) Determine the output y(n) of a LTT system with impulse response
| h(n) = a™(n), a l

when input is a unit step sequence, that is x(n) = u(n)
03) What is the physical significance of ROC in Z transform.

~ 04) Find out the Z-transform for the following discrete time sequencé

x(n) = kn,n 2 0.
035) Disc‘us‘s FFT algorithm using decimation in time technique.

06) Discuss Linear filtering approach for the computation of DFT.

Section - C
(2 x10 =20)

Q7) Discuss signal flow graph representation and lattice structures for IIR systems.

08) Discuss various steps for the design of linear phase FIR filters using window
method.

09) Discuss basic architecture of TMS series of digital signal processors.

B e
———

R-766 2
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Instruction to Candidates:

1) Section - A is Compulsory.
2)  Attempt any Four questions from Section - B.
3) Attempt any Two questions from Section - C.

Section - A
0l) ' (10 x 2 =20)

a) Write any disadvantage of digital over analog signal processing.
b) Differentiate.time variant from time invariant system?
c) Define sampling theorem. '
d) Define a Causal system.
e) Differentiate stable from a non-stable system.
f) © Write application of FFT algorithm?
g) What is zero padding in DFT?
h) What is linear convolution.
1)  Write any two basic features of [IR filters.
j)  Write any two applications of Z-Transforms in signal processing.
Section - B
(4x5=20)
Q2) Show that h(n)is equai to the convolution of the following signals

h(n)=5(n) + §(n-1)
h,(n) = (*2)"u(n).

03) What is the physical signiﬁéance of ROC in Z transform.

E-441 [1208] PTO.



04)
05)
06)
07)
08)

9)

Find out the Z-transform for the following discrete time sequence
x(n) =kn?,n>0.

Discuss FFT algorithm using decimation in frequency technique.

Discuss various properties of DFT.

Section - C

(2x10=20)
Discuss signal flow graph representation and lattice form structures for FIR
systems.

Discuss various steps for the design of linear phase IIR filters by impulse
invariance technique.

Discuss basic architecture of ADSP series of digital signal processors.

E-441 2
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Instruction to Candidates:

1)

2)

3)

Q1)

g)
h)

)

Section - A is Compulsory.
Attempt any Four questions from Section - B.

Attempt any Two questions from Section - C.
Section - A |
(10 x 2 = 20)
What is Gibb’s phenomenon?
Differentiate floating point and fixed point number system? |
What is the function of MAC in DSP processors?
State scaling property of z transform?. |

Determine the z-transform of the following signal and sketch the pole-
zero pattemn:

x(n) = (-1)".(2)".u(n).
What is a linear phase filter?
Explain causal and non-causal LTI systems. Give examples of each?

Explain sampling function or sinc function.

What is the relation between z transform and laplace transform?

"~ What are the various methods to find out inverse z transform?

M-964 [1859] | PTO.



‘Section - B
(4 x5 =20)

Q2) What are the advantages of FIR filters over IIR filters?

03) State and prove convolution property of z transform?

04) Obtain the cascade realization of the system characterized by transfer function
H(z) = 2(z+2) / (z-0.1)(z+0.5)(z+0.4)

05 ) State five properties of Dlscrete Fourter Transform (DFT)?

06) Given an analog transfer function as
H(s) =1/ (s+1)(s+2)

Obtain H(z) using impulse invariant method. Take T=1s. -

Section - C
2 x10 =20)

Q7) Find the mverse DFT of X(k) = {1,2,3,4}
08) Draw the architecture of TMS 320C5x?

09) (a) Show that for LTI discrete-time system to stable, all the poles should lie
within the unit circle?
(b) Write a short note on Bilinear transformation method?

e et b,
p— = o

M-964 , 2 '
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Instruction to Candidates:

D
2)
3)

Q1) a)

h)

1)

)

Section - A is Compulsory.
Attempt any Four questions from Section - B.
Attempt any Two questions from Section - C.

Section - A
: (10 x 2 = 20)
What is the disadvantage of using DSPs if signdl with large bandwidth
are involved?

What is scaling of discrete time si gnals?

What is the d‘ifference befween static and dynamic discrete time signals?
Describe linearity property of Z transform.

Define Circular symmetric of a sequence in DFT.

What‘is the cdmputational advantage of FFT?

What is the basic difference between cascade form and direct form
structures for FIR systems?

In what cases FIR filters will be preferred over IIR filters?

What will happen if length of windows is increésed in design of FIR
filters?

Write the basic difference between ADSP and TMS series of processors.

J-789/8129] PTO.



02)
Q3)

04)

0s5)

06)
- 97)

08)

Q9)

Section - B
(4 x5 =20)
Describe basic elements of DSP systems with block diagram.

Compute convolution of y(n) of the signals

a",-3n<n<S
X(n)=

0, elsewhere

1,0sn<4
h(n)=+

0, elsewhere

Find Z-transform of the following discrete time sequences
X(n) = sin(nwT), n = 0,1, .........

A finite duration sequence of length L is given as

,L0<n<L-1
X(n) = '
0, otherwise

Determine N-point DFT of this sequence for N = L.

Discuss DIT and DIF algorithms and also compare the two algoritﬁm&

Section - C
(2 x 10 = 20)
(a) Describe Cascade form structure for FIR system.

(b) Discuss quantization of filter coefficients in design of IIR and FIR
filter.

Discuss design of FIR filter using window method. Also compare design
using Kaiser and Hanning Windows.

(a) Why frequency transformation in analog domain is done? Discuss in
detail.

(b) Discuss architecture of ADSP processor using a block diagram.

000

J-789 ' 2



