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B. E DEGREE EXAMINATIONS: MAY 2015
(Regulation 2009)
Fifth Semester
ELECTRICAL AND ELECTRONICSENGINEERING
ECE261: Digital Signal Processing

Time: ThreeHours Maximum Marks; 100

Answer all the Questions:-
PART A (10x 1=10Marks)

1. Which of the following system is non causal?
a) y(t)=x(t+1) b) y(t) =x(t-1
c) y(t)=x(t)+1 d yM)=xt-1)+2
2. The maximum frequency of a low pass signal BOHr. What should be the sampling interval, so

that the low pass signal can be reconstructed thensamples?

a) Ts<0.5msec b) Ts 0.5msec
c) Ts<2000sec d) Ts=2000sec
3.  Region of Convergence of x[n$fa] is
a) Entire Z plane b) Entire Z plane exceptZ=
c) Entire Z plane except Z=0 d) Entire Z planeeptZ=0 ando

4. The necessary condition for a system to be tatisal and stable is
a) All poles and zeros should be inside b) ROC should be outside a circle

unit circle.
c) ROC should include unit circle d) All Poles glibbe inside unit circle
5. In DIF- FFT algorithm the input data occurs+t—---------------- order and the output data ocs
IN =mmmmmmmmm oo order
a) Normal order, Bit reversed order b) Bit revdreeder, Normal Order
c) Normal Order, Normal Order d) Bitreversed Qydat reversed Order

6. Let X(K)is a8 pt DFT of 8 point real sequenx¢r).The first five samples of X(K) are
(1, 1, 2, 2-j, 3) then the remaining sampleshef $equence are--------------
a) 24,214 b) 24j,-2, 14j
C) 24,2, 1+4j d) 2-,-2, 14

7. The number of delay elements needed for DireainHI realization of IIR filter is
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10.

11.
12.

13.
14.
15.
16.
17.
18.
19.
20.

21.

a) Max(N,M) b) N

c) M d) Max(N,M)

Is always a stable syst
a) IR b) FIRandlIIR
c) FIR d) None of them
In MATLAB, data is handled as
a) Scalar b) Vector
c) image d) Matrix
Instruction pipelining depth of TMS320C54X is
a 2 b) 3
c) 4 d 6

PART B (10 x 2 = 20 Marks)

Find whether the signal(t) = tu(t) is a power signal or energy signal or neit

Draw the spectrum of the sampled signal wiix2om.

X(jw)

- wm | wm w
State and prove the time reversal property transform.
What is the limitation of finding inverse Z transfo using power series method? Jusi
Write the symmetry and periodicity properties oapé factor W,
X(n=(1, 2,0, 3,2, 4, 7,5). Evaluat
List two mapr advantages of FIR filter over IIR filts
What is the limitation of Impulse Invariance methaddiesigning IIR filter. Justif
What is pipelining?
What issinc signal? Write the properties sinc signal.

PART C (5x14=70Marks)
a) i) The input output relationship of a system is gibgr y[n] = nx[n] . Determine  (4)
whether the system stable, linear, timeariant, causal, memoryle
i)  Draw the block diagram of analog to digiconverter andcexplain each of th (10)
blocks in detail.
(OR)
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b) i)

b) i)

b) i)

State and prove Sampling theorem for band limitgdads. (10)
In an analog to digital converter, the regdirsignal to quantization noise ratio &)
90 dB. Assume that the analog signal is Gaussiain wivarianceo*xzand the
maximum value of the input signal ¥ max=3c,. What is the number of bits

needed in the A/D converter.

1)" (8)
Determine the Z transform ofn] = (Zj u[n]+ @)"u(-n-1). Plot ROC and

poles and zeroes in the z plane.
Use Z transform to perform the convolutiontbé following sequences: (6)

1 n
h(n) = (gj 0snN<2  and x(n) = 3(n) +3(n-1) +43(n-2)

0, elsewhere

(OR)

Determine the response of the system (8)

y(n) :gy(n =) —éy(n— 2) +x(n)

to the inputx(n) = d(n) —%J(n —-1). Is the system stable?

Find the discrete time Fourier transform loé tfollowing signal (6)
n|
1
nl=|—
=[5
Using DFT and IDFT perform the circulangolution of the sequences: (8)

x[n=1[2121 and x,[n]=[1 234]
Assume that complex multiplication takes 1pis@d that the amount of time t¢6)
compute a DFT is determined by the amount of tilntakes to perform all
multiplication.

1. How much time is needed to compute 1024 point Dirdctly?

2. How much time is needed if FFT is used?
(OR)
point

Compute the 8 DFT of the

1 1 1

-1 11
Xl[n]_[z’ 2" 2" 2

The sequenca(n) = 26(n) + §(n—1) + 6(n — 3). X(K) is the five point (6)
DFT of x(n).Y(K) = X?(K) The five point inverse DFT of Y(K) is y(n).

sequen¢@)

, 000 O} using Radix 2 DIT-FFT algorithm.
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a) i)
ii)
b) i)
i)
a) i)
i)
b)

Without calculating DFT find the sequence y(n).

Design a linear phase FIR filter usinqi@ow method to meet the following10)

specification
099<|H(e") <101  0<laj< 037
H(e“)|<001 0357s<|afsr

Draw the linear phase direct form structufele FIR filter having the transfer(4)

function
H(Z) :1—EZ‘l +£Z‘2 +EZ‘3 —EZ‘4 +Z7°
4 2 2 4
(OR)
A digital low pass filter is required to ntabe following specifications: (8)

a. Pass band ripples1 dB

b. Pass band edge =4 KHz

c. Stop-band attenuatior40dB

d. Stop band edge = 6KHz

e. Sampling rate =24 KHz
The filter is to be designed using bilinear tramsfation on an analog system
function. Determine the order of the Butterwortld @&hebyshev filter, to meet
these specifications in the digital implementation.
Obtain parallel realization for the transfanction given below: (6)

1.1

1+ZZ

H(z) =

(1+5z7 D) (14527 14+3272)

Explain the different graphical displaymements used in MATLAB. (6)
Write a program to generate and plot the continutbmg and discrete time
exponential signals.
Write a MATLAB program to perform linear coolution of two sequence of(8)
length 4 using DFT and IDFT.

(OR)
With functional block diagram explain the atehture of TMS 320C54xx
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