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B.E.
Seventh Semester Examination, May-2009

Digital Signal Processing (EE407-E)

Note : Attempt any five guestions

"
(). 1. {a) Determine the discrete-time fourier transform (DTFTY of x(n)=sin [—1- ] nink
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This is Parseval’s theorem for discrete time periodic signals with finite energy which states that energy
of a discrete time signal may also be obtained with the help of DTFT. '
Q. 2. (b) The discrete time system

yauy=nwn- 13+ x(n)
is at rest. Check if the system is linear, lime invariant and BIBO stable.
Ans, Input xl =2 &0 15 apphied 1o

ul=avl(n=1j+xin)

. =(
Welnowthat, =g % 10

i 2 for n=0
Iherefore MM=30 for e

Also we have v{) :_-.-‘-l {0 =11+ x{h
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Since the systermn is at rest,
Vo-D=yi(-1y=0

& o0y =2 as illustrated above,
Hence wW=2
Now W=y -+ xil
:_-.'1{0}-+ ril}
Since. (i) =0 when i = 0, above equation becomes

v =y (0)=2% =4

Similarly we have

w2 =y (2-D+ D=y (D 227)? =24 =22

-k

ﬂ_‘i] ==

4

Way=2°

Ll

Similarly wi =7
Here as =
) =

Hence, the input 15 bounded but output win) s net bounded for all .

Hence. we conclude that the given system 15 hinear, time invanant but BIBO wastable,

Q. 3. (a) Discuss the discrete-time processing of the continuous time signal.

Ans. The best cxamnple of DSP of continumus signals is sampling,

Let us consider that ot} is @ continuons tme varifying signal, This signel o) is sampled at regular
interval of time with sampling period T as shown in higare.
F =t}

W il B

Y

A x(n)

¥

0 4—T7— —®» N

DSP of continuous time signal (sampling)
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MNow, the sampled signal x{nT) s given as
x(nTr=x() 5 =nr

PrOCEss.

=y (ufl),—-mapea
As a matter of fact. a sampling process can also be interpreted as a modulation or multiplication

The resultant signal will be a discrete-time siznal v{a)

ia.,

n

Ay =20 5000y m e e
Q. 3. (b) Determine the response of the system characterized

1)
hin)= {ZJ e n) to the input signal x{n}= u{—n).

Ans. Given, Impulse response

Similarly

Hence.,
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Response of system = /i{ 1) xin)
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Ll (hy

'
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(3= '_’;" m 3 and soon

z[;) s ey = 1)

The continuous time signal x (f) s multiplied by sampling function sit) which is a senes of impulses.

by the impulse response.
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). 4. (a) Determince the z-transform of x(n)= ma" cos{won)uinl

Amns. First, calculate transtorm of oin) =cos iy for n=0
1 St gl = fisgly
cosegit= 3 |e al ST

The Z-transform s expressed as

X(zr=Lxin}

oy

= Z oz

H==m

For n =0, we have

£

Zdml=Xiz)= z womr"

n=a
For xin)=a". we have
P o
Zia") = Z e = Z_ {fr:_l}"
= o fra
oF Z{fr"}=“—_—| fiur In:"r[qcl or  |d=|a
| —uz
ilence, z |fj“’ﬂ"[= 7| o g ]Hi
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= —rt for | =] &™)

j__II:I_r'n:u,ﬂ, :—l

o1 :
or Zle S e for |z] =1
1 !

Pk — fuagn y I Jiingy
Similarly  Zle ] s s for |z] =| e |
MNow, since Xiz)=Zlcoswgn]

1 ik AT = Jeag .E

S0 XD=7 ;(p-"“ + g M ‘]J
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Allinearity propertly
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X()=—=

Now, using scaling property

Zlxa" cos,, (mhu(m]

zna" (zna" —:.mm.n_:

(zna™ )= = 2" HIcosmg +l

mma” (za"n—cosmy)
=~——-':."-r—_} e Ans.
a2 = 2a" nz coswg +1

3. 4. (1) Find the inverse z-transform of x{z) where

v ] £,
2+ %4371

Ho)=—7—i|27>0
z +dz+3 4
e RS oy
Ans. Given Xi@y="—5—— EE)
sS4+

It may be observed that X{z) can be written as
Xt =022 w2 4327 X\ ()
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Xj{:}=m

Thus. if nime——=X, 2)

Then, by linearity property, and the time surfing property. we get
=2 n=l+xs(n=34+3r;(n-35)

X{:J_ | I

MNow, = =
2z adea3 @D+
f! £
g +z+?
Wh . 1
ere, r.—*+3m_ =3
1| !
3 -_-—'—%‘ =T
L+I;:_. 5 2
Th - V- 12> 0
Y S e =
Hhieh XiR)= T 2243 ?

Since the ROC of X |{z) is]z] = 0. therefore. xy (nhis a nght sided sequence and thus, we get,

]

I
x1ir=J='2-[[—J}" —{=3" uin)]
I
Thus,weget,  a(m=l-D"" ~(=" " Jutn-D+ =0T (=37

3
=t{n-3)+ 2 [=0"% —(=3"H wn-5  Ans.

Q. 5. {a) Discuss the design of FIR filter by frequency sampling method,
Ans, Design of Lincar Phase FIR Filters Using ©
Frequency Sampling Method :
Let us consider that we want to design the FIR filter whose desired frequency response is denoted by
' :tl.'l ]'

This frequency response is sampled uniformly at M points. Such frequency samples are given at,

2k

k=—0, £=012 M =1
il M . !

Such sampled design desired frequency response is discrete fourier transform,
It can be denoted by Hik) e,

HUk) = Hey (6] e ot k=0,1... M|

Ink
ar Hiky=H, 7y
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Henee, Mk is M point DFT, by wking inverse diserete fourier ransform (IDFT) of HE). we set i),
This fif 1) is wnirt sample response of FIR filier ...

-1

e K > Hk) ol M n=0 ... M-l

k=0l

Herce, the unit sample response of FIR filice of leagth "M 15 obtned using frequency sampling
technague

Fou the filter (FIR) to be renlizable, the coeflicients I n) should be all real,
This is possible if all complex terms appear in complex conjuzate Piis.

Ler us consider the term H(M —k) /™ (A1 - kY i

TR . S Il AT )M MM ) .-":“" i i¥eiadil
liere. of P oS (T # J sin (200
=] plwitys
Therchme,
HiM = kyg I EmM=IV M HIM ~ ) o Akl 8
Ulsually [FOiM = k=] 1k
Hence, W=~ [Hmnzi Rl k) o F2mknM 1|-
T S !

[(M =1}/ 20 M is odd
Where, P= ‘{Mj:-l if M is even
). 5. (b) Convert the analog filter into a digital filter whose system function is
£+0-2

Hix)=———— Use the impulse invariance method.
(x+0-2)" +9
s+0:2)
Ams, Haolgy=——5—=-

(5+0.2)2 +9

y+a

But Hal sy =—

\‘54l-¢';‘.|1 4--.FJ2
So, =02 h=3

1= (eos bT) ™!
O (cos bTyz T v et 72

Hence Hizi=—
1-2e

Putting values of a and b, we get.
1-¢" (conany !

2670 (cosamy =V + 04T 2

Hiz)=
[
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Takinyg I"=L we have

= {0-B187) (~0-99y 7!

Hif)=— = =)
I=200-B1870(-0-90 -7 + 0. 6703
Fimplitying, we el
1-+(0-8105) ="
Hizi= ; = Ans,
I+1-6210:7 +0-6703 277

(. 6. (a) Explain the limit cycle oscillation in recorsive systeni.
Ans. Let us consider the example of a low pass filter having desired frcqucnw response fHy (o) as

depicted in fig. This response has the cut off trequency wm

A Hd {1}
* 1
>
I'I:Ic

L

()t
1

.5

T tl:ll: — W

Limit cycle oscillations

Hence, different window functions are developed which consists of taper and decays pradually rowards
zero, This reduces side lobes and hence ringing effect in Hiw),

Q. 6. (b) Draw and explain the direct form-11 structure for IR filter,

Ans. Dircet Form 1l Realizations for [IR Filters :

Here, since the systems are linear, we can interchange the positions of H,{z) and H-(z).

This property will give us the direct form 1 structure. Hence here, poles of H (2) are realized first and
zeros second.

We have, Hizi=H\iz) Haiz)
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& Hyls)= 2, bzt
=0

The cascade connection of F{z) is shown as ;

U {z)
H o |H
X(me {H@) f——o—[H @) |—
Poles by zZeros vior
(11 All pole system,
output  L/(z)
Hylzj=——=7""
= input Xz}
Mz I
X X
I+Er r:g.f__'t
k=1
[ & 1
Hence, U{:J=Ll+z a7t ‘=Xi:ﬁ
k=10 i
N
or Ui =X()-U() 2, ayz*

k=1
The direct form Il realization is shown as -

x(n) o

Simularly (ii) all zero system

izl M L
— bz
U E, k

M -1
Wa=U(z) 2, by "
k=0

yimy=bg wim+byln=1) + banln=24...  bu{n-M)

. 7. Explain the process of down sampling by decimation in detail.
Ans. Down Sampling by Decimation : The process of reducing the sampling rate of the signal is
called decimation.
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Let us assume that the discrete-time signal oo with spectrum X{w) is to be down sampled by integer
factor 1,

The spectrum X{w) is asswined to be non-zero in the frequency interval 0 =lol <1 or equivalently

F<F,

Furthur, we know that if we reduce the sampling rate simply by selecting every Dil value of signal xin).
the resulting siznal would be an alaised version of xin) with folding frequency of F, /2D.

T aveid alaising, we must reduce the BW of s 1o

. T

or Wy = 5

Then, we can down sample by 2 and thus, can avoid alaising.

F

nax -_E

input | Decimation uin) Down sampler | Sutput
(M) —E= 3™ Filiter x(n)|H ()] ¥ D signal "
R L yin}
M~ B
. _-‘_ B

The input signalfsequence x (n) is passed through decimation filter Le.,
LPF : This LLPF is charscterized by the impulse response fiin) and frequency response H o).
The LPF weally satisfies the following candition
L |wsn/D
Hp tm}r{ﬂ. elsewhere

Hence, the filter eliminates the spectrum of Xi{w) in the range
nfD<w<n
Here, only the frequency components of () in the range|w] < a/Lrare of interest, in further processing
of the signal.
The output of filter is a sequence wn) which is given by

—id i} = z BkY x =k}
k=0

wim=v{m

Hence, yim)= Z l (k) x (mD = K)
k=0
2 [ ooy 2k
NL‘TW, _'In"{:} = Z \It'”}t == z n 2 |z—rr.l|fﬂ
M= Di..fl J

Q. B. Write short notes on the following :

(a) Symmetric FIR filter

{b) Discrete time random signal

(c) Multistage interpolation

Ans. (a) Symmetric FIR Filter : In FIR systems, the impulse response sequence is of finite duration.
This means that the impulse response sequence of FIR filters has a fimte number of non-zero terms. In other
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words, it the impulse response of a digital filler is determined fur some finite number of sample points. then
these filters are known as linite impulse response lilers

Symmetric FIR digital filters can readily be designed 1o have constant delay as well as prescribed loss
specifications. On the other hand, TIR {ilters have an infinite no. of non-zero terms,

. . f27 Ror |nl<d

Example. In= 10 for otherwise

Bl iy ™ i)

N M
E dp Wi—k)= z o (n—k)
L= k=00

wmh=by olnb+ by sto=D4balv/n=-2)
fapg vin=M+1)

(h) Discrete Time Random Signal @ A discrete fime signal is defined only at certain time instants. For
discrete wme signal, the amplinde between 2 time instants s just not defined for discrete tme signals, the
independent variable is time i, A discrete ime signal is represented as v (a),

A discrete time random signal 15 one whose occumence 15 alwiy s random in nature.

The pattern of such a signal is quite iregular, Non-determimstic signals are called random signals,

A typical example is thermal noise generated is an electric cireuit, Such a noise signal has parabolostic
behaviour.

{c) Multistage Interpolation : Increasing of sampling rate is known as interpolation. An increase in
the sampling vate by an imteger facior | may be accomplished by interpolating (1- 1) new samples between
successive values of the sipnals.

The multistage imterpolition process may be sccomplished by various methods,

Let Vm) is o signad sequence with sampling rate F=1F.

}_{.r (i) m=0+1+2

N V;
Ihus, Vimi= ] elsewhere

Vizdb=z{Vim}

LA L1

Visy= 2. V= "= 2 c(mip=™"
= — o W= =
o
V= 2, vz
==
or ¥iz) =.'<I_H‘I )
Hence, Vi = Xyl
iy
Where oy Ans.


http://studentsuvidha.in/forum

