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B.E.
Sixth Semegter Examination, May-2008

Digital Signal Processing (EE-407-E)

MNote : Attempt any five questions. All questions camy equal marks.

Q. 1. (a) Explain in detail with suitable examples the various properties of Fourier transform.
Ans. Properties of Fourier Transform :

{i) Linearity : The four transform is a linear operation.

Therefore if fi{t)yes F(jo)
Jakt) e Fy( jm)
Then, afy (1 )+ bf3 (1) > aF) (jw)+ bF, ( jw)
Where a and b are arbifrary constants,
(i) Symmetry :
If Sty Fyw)
Then F(jt )= 2nf(—w)
) i T
Proof : Since f{f}=£__£FUm]’# duw

0 2
2nf(-t)= [F(je)e™ " doy

Where the dummy variable @ is replaced by w'.
Mow, if  is replaced by @,

=
24f(~0)= [F(jo') =*do
—
Finally o' is replaced by ¢ to obtain a more recognisable form and we have

2uf(-w)= [F(jt)e ™ dt = FIF(jt)]

Therefore F(jt)«» 2nf(-u)

If f¢) is an even funchon Jit)ye flr)

Hence FIF(jt)]=2nf(w)

{iii) Scaling :

If f(t) o F(jo)

Then Slat) & 1 F[E]
lal \ a

Proof : If a > then the transform of f{at)is
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Flf(a)]= [flat)e ™ di

Putting x=at,
We have dx = adt

Substituting in the above equation, we get
- iy

FLA@O)=FLAN)= [fixe = &
2 F(f_“*]
a La
If @ <0, then F[ﬂ,a:}]=_—lF[E]
a \a
Combining these 2 results we get
f{gj']w-l_F[E]
la] La
(iv) Convolution :
* I x(t) e X (jw) and h{z)+> H( jw)
Then W) e x(e )= hin)
= TI{T}*['—TH‘E
Y (jo)= X (jo)H (jo)
Proof : F[}?{I]]= Y {jo)= Ie“*’"[jx{t)‘l[t-:}h}m
= Tx{i{?h{:-r}e'j"t# dt
Putting @ = -1, then ¢ = a+ 1 and dag = df
Therefore ¥ (jw) = j.ntr{ | &[n}e"“'“‘du]m

= };{t}e'j"" dr }ﬁ[a]e'h da

= X (jo)H(jw) Hence proved.
{v) Time Shifting (Delay) :
If S{t) & F(jw)
Then fl1-1y) & F(jw)e ™0
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Praof : The fourier transform of f(#—1, )is given by

FLA—t)]= [ fle-ty)e™ ™ dt
Putting x =¢—1#,,then t =t, + xand dx = dl

Flftt=10)]= [ flx)e ™0 ) dx

= M0 F(jo)
Therefore, F(t—ty )& F(ju)e™ ™0
(vi) Frequency Shifting (Modulation) :
if Sty F(jo)
Then f(1)e™ & F(jo-jo,)

. Proof : The transform of f{1 )™’ is by definition

F[ﬂuef'“ﬂ']= ‘jf{r}e-'““‘ e ™ gy

= jf[i‘}f_“m'm“d.r

=F(jw-jog )
Hence fi0)e! " & F(jw-jwv,) Hence proved
Q. 1. (b) Show that a time shift in time domain is equal to a phase shift in the frequency domain. 10
Ans, If fltye Fljo)
Then flt =ty ) & F{jia)e™ ™0
Proof : The fourier transform of f(t -1, )is given by

Flflt=t5)]= ?f{f-fn}f"‘“’;fr
Putting x=r—1¢,, then t=x+1, am:l-:*x=dr
Flft-ts)}= Tffrle"“'“"’dr
=e M0 F(jo)
Therefore, Slt=t5 )& F(jo)e 0

When the function f{1)is delayed by to the original spectrum is multiplied by ¢~ /0

Here there is no change in the amplitude spectrum and each frequency component is shifted in phase by
an amount —gf;
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0. 2. (a) A system is characterised by : 10
) —6y(m-1) = x(n)
Where . x(m)=1formz0

=0 form<Dand y{0) =1

Obtain the expression for step response of the system.
Ans. H[z{l-Jz" -42"]=I+2:"

1+227!
H(z)s ————
1-3z7" -4:77

. Hz+2)  Az+2)

T34 )G9

Hz) _ (2+42) _ 4 . A

z (z+1)(z-4) (z+1) (z-4)
P

-1 9
|

1y == (a),. -2

{2"" l} wd

F(z)=

I+2

Ay =(z+)F(2) a0 = =

5

H{z}=-l.n’5+ 6/5
z z+l z-4

—U52+ 6z/5

{z+1) (z-4)

Hi{z)=

h{n:m[‘?’{—u" +§-:4:-"]4tu1

Q. 2. (b) Distinguish between ITR and FIR systems. 10
Ans. A discrete time filter produces a discrete time output sequence y(n) for the discrete time input
sequence x(n).

A, filter may be required to have a given frequency response, or a specific response to an impulse, step
or ramp, or simulaie an analog system.

Digital filters are classified as either as finite duration unit pulse response (FIR) filters or infinite
duration unit pulse response (1IR) filters, depending upon the form of unit pulse response of the system.

In FIR system, the impulse response is of finite duration i.e., it has finite number of non-zero terms. The
1IR system has an infinite number of non-zero terms, i.c., its impulse response sequence is of infinite duration.
The system with the impulse response ;

2 |n|s4

M”"{ﬂ otherwise
Has only a finite number of non-zero terms.
Thus, the system is FIR system.
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Suppose a system has the following difference equation represents with input x(n) and output y{n)
iai Hn=k)= ibt x(n—k)
k=0 k=0
An FIR filter of length M is described as
wn)=by x(n)+by x(n-1)+b, x(n-2)+ byx(n-3)....... wtby jx(n-M+1)

=3 Elbx x(n-K)

K=0

FIR filters have following advantages over IR filters :

(i) They can have an exact linear phase.

{ii) They are always stable.

(iii) The design methods are generally linear.

(iv) They can be realised efficiently in hardware.

(v) The filter start-up wansients have finite duration.

FIR filters are employed in filtering problems where linear phase characteristics within the passband of
the filters is required.

If this is not required, either an [IR or an FIR filter may be employed.

An IR filter has less number of side lobes in the stop band than an FIR filter with the same number of
paramelers.

Q. 3. (a) Expiain how sampling can be done with an impulse functions. 10

Ans. The samples in digital systems are in the form of a number and the magnitude of these numbers
represent the value of the signal x(r) at the sampling instants.

In this case, the pulse width of the sampling function is infinitely small and an infinite wain of impulse
functions of period T can be considered for the sampling function.

ie., glt)= iﬂl‘ -nT)
The sampling function given above, when this sampling function is used, the weight of the impulse

carries the sample value.
The sampling function g{(f) is periodic and can be represented by a Fourier series

()= 3 c, e#

—

Ti2
Where, C, =~ fatye % e
T i
Since 8(1 ) has its maximum energy concentrated at 1 = 0, a more formal mathematical definition of the
unit impulse function may be defined as functional

[x()8(r)dt =x(0)

Where, x(t ) is continuous at r = 0


http://studentsuvidha.in/forum

downloaded from http://studentsuvidha.in/

e’ =

-1,

Thus, C, is same as the sampling frequency f, for all n. The spectrum of impulse sampled signal,
x,(r)is given by

e ]

Hence, C,=

~§

xsm=f,{ 3 x(f-nf, 1]

-

To prevent aliasing, the sampling frequency £, should be greater than two times the frequency f, of the

sinusoidal signal being sampled. ’
* The condition to be satisfied by the sampling frequency to prevent aliasing is called the sampling

theorem.

Q. 3. (b) Explain the process of changing the sampling using discrete time processing. 10

Ans, Sampling rate conversion is the process of converting the sequence x{n) which is got from
sampling the continuous time signal x(r ) with a period T, to another sequence (k) obtained from sampling
x(# ) with a period T, to another sequence (& )obtained from sampling x(t) with a p:rm:l'l;

) — [BA] s (WD) — 5 —y
Ideal DA Low Pass
comverter Filter
Conversion of a sequence x(n ) to another sequence k)
(i) Decimation : The process of reducing the sampling rate of a signal is called decimation. Let M be the
integer sampling rate reduction factor for the signal x(n }
T
T
The new sampling rate F' becomes

F'=

n

e a[._ |-
-~

Let the signal x{#) be a full band signal, with non-zero values in the frequency range -F /2< f<F /2
Where w = 2afT
1 |=2nFT/2=n/M
H(e™)= ‘
(e {ﬂ otherwise

on)= 3 h(K)x(n-K)

K o=

g(m) = w(Mm)
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Y(m)= 3 KK )x(Mm-K)

Ku—mm

Or ¥im)= ih(jfm—n]x(n}

]
The decimator is also known as sub-sampler, down-sampler or under-sampler.
w{n) n=0tM,t2M
w(n)=
) { 0 otherwise

— (o) ——fM] —[ytm}

x{n) win) F=FM
F F

(i) Interpolation : The process of increasing the sampling rate of a signal if interpolation. Let L be
an integer interpolating factor, of the signal x(n), then
T 1

=1

?
The sampling rate is given by
F'=

= -

=LF

Interpolation of a signal x(n) by a factor L refers to the process of interpolating L - 1 samples between
each pair of samples of x{n).

The signal w{m)is got by interpolating L —1samples between each pair of the samples of x{n).

/L =0+L +2L.......
iy o{m/ L) m=0% L. +2L
0 otherwise
The z-transform of the signal w({m)is given by
wz)= Z ofm)z™™

o =
= Y aimz™"
A
=X(z")
When considered over the unit circle, z = ¢
ofe™ )= X (™)
Where, o' =2n/T"'
H("ﬂ]"‘{g o l<2nfT'/2=n/L
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ym)= 3 him-K )o(K)

K=

= ih{m-ﬂf]x{KIL]. K /L an integer

K-
K=—m E
Q. 4, (n) Determine : 10
-1
x(m)for x(z) =——with ROC [zi<3.
1-3z
-l
Ans. ®e)=—=27'x (2)
W e
Here, from the time shifting property, we have K=1 and x{n) =(3)"4(n)
Hence, x(n)=(3)"" 4(n~1) ;
Q. 4. (b) Find the two sided z-transform of : 10
x{n) =[%) nzl
=(-2)" n<-1
Ans, wz)= ix{n}z"

50y

Hz)=x(z)+x,(z)

o 2t + z/3
2=l 2l
379
{ﬂRﬂC:IziE—;
{illllﬂc:lzh-n;
Final ROC=—!|2|<2
2 Ans.

Q. 5. (a) What is a Kaiser window ? In what way Is it superior to other window functions ? 10
Ans. As the length of filter is increased, the width of the main lobe becomes narrower and narrower, and
the transition band is reduced considerably.
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The attenuation in the side lobes is, however independent of the length and is a function of the type of
the window. Therefore, a proper window function is 1o be selected in order to achieve a desired stop band
atlenuation.

A window function with minimum stop band attenuation has the maximum main lobe width.

Therefore, the length of the filter has the maximum main lobe width, must be increased considerably to
reduce the main lobe width and to achieve the desired transition band,

A desirable property of the window function is that the function is of finite duration in the time domain
and that the fourier transform has maximum energy in the main lobe or a given peak side lobe amplitude.

The prolate spheroidal functions have this desirable property.

However these functions are complicated and difficult to compute. A simple approximation to these
functions have been developed by Kaiser in terms of zeroth order modified Bessel functions of the first kind.

1,(B) M-1
oy (1) =i for |H|ST

1,(a)
0 otherwise

2]
J‘ff "1

yeayt |
i £

05

f=w

k=1

025 (0253 )  (025%)
+ — + —— 4
(n* 2 (3’ ’

=]

A p = Actual passband ripple
A ¢ =Minimum stop band attenuation
4,, Ag given by

o
il

r‘s’ = -zulﬂg 1% EsdB
"'{.F "_: J{j’l ﬂ.ﬂd AE E A_I;
Where, 4, and A are the actual pass band peak-to-peak ripple and minimum stop band attenuation,

respectively.
Q. 5. (b) An analog filter has the following system function. Convert this filter into a digital filter
using bilinear transformation : 10
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The sampling period is obtained from the above equation using

7= tan 2 220 02765
- 2T3 %
Using bilinear transformation

HE = HN, 3o

Thzet}

2[:_1]“11
The+l

2l z-1 d
+01} +9
EREHEY
_ (2 THz-D(z+ D01z +1)
[ITYz-1)+01(z+ )] +Hz+1)?

H(z)=

Substituting, T =02765

140027z 7" -0973:7¢
Hiz)=—— = 3
BAT2-1184z7 + 8177z

Q. 6. {(a) Explain the importance of DSP in various fields of engineering and technology, 10

Ans, DSP techniques are used in a variety of areas which include speech, radar, sonar images etc. These
techniques are applied in spectral analysis, channel vo-coders, homomorphic processing system, speech
gynthesisers, linear prediction system, analysing the signals in radar tracking ete.

(i} A speech signal consists of periodic sounds, interspersed with bursts of wide band nowse and
. sometimes short silences. The local system can be modelled with a periodic signal excitor, a varable filter
representing the vocal tract, switch to pass the signal.

{i1) A filter bank is used to separate the band in an channel vocoder. At R side, a matching filter bank is
available, So that the output level matches the encoded value. The individual outputs are combined to produce
the speech signal.

(ui) In digital signal transmission, the analog signal is converted into a digital signal and afler
processing, it may be transmitted over a limited bandwidth channel or the digital signal can be stored. If we
employ signal compression, then the efficiency of transmission or storage can be improved.

{iv) In telephone communications, privacy is required for protection against evesdropping. The long
speech time segment is divided into B contiguous blocks. Then each time segment block is split into F
contiguous frequencies.

(v) The important components of a radar system are the antenna, the tracking computer and the signal
processor, The tracking computer is the brain of the system.

{vi) 2D signal processing 15 helpful in processing the images. Like image enhancement, image
restoration and image coding,

Q. 6. (b) What are the effects of finite word length in digital filters ? 10

Ans. When digital systems are implemented either in hardware or in software, the filter cocfficients are
stored in binary registers.
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These registers can accomodate only a finite number of bits and hence, the filter coefficients have to be
truncated or rounded-off in order to fit into these registers.

Truncation or rounding-off in the data results in degradation of system performance, Alsa, in digital
processing systems, a continuous, time input signal is sampled and quantised in order 10 get the digital signal,

The process of quantisation introduces an error in the signal. The various effects of quantisation that
arise in digital signal processing. Following are some of the issues connected with finite word length efiects :

(1) Quantization effects in analog-to-digital conversation.

(ii}) Product quantisation and coefficient quantisation errors in digital filters.

(i) Limit cycles in 1R filters and .

{iv}) Finite word length effects in fast fourier ransform.

Rounding & Truncation Errors : Rounding or truncation introduces an error whose magnitude

depends on the number of bits truncated or rounded-off. Also, the characteristics of the errors depends on the
form of binary number representation. The sign magnitude and the rwo's complement representation of fixed

point binary numbers,
Orix)=xre,
Truncation error for sign magnitude representation
~277 -2t )=, <0
Le., for two's complement = B P e yse; =0 =

re., for sign magnitude and two's complement representation

-R ~I -8 _=-L b
{z -3 ]“H 5{2 2 J
2 2 Ans.

Q. 7. (a) Discuss filter design and implementation for sampling rate conversion, 10

Ans. Sampling rate conversion is the process of converting the sequence x(n), which is got.from
sampling the continuous time signal x{) with a period 7, roanother sequence y{k) obtained from sampling x(¢)
with a period T". i

Decimation :

E:.:M
T
1 1 R
Frza—. —_—
T MT M
H{e’“]-fl |wE2nF' TI2=n/M
(0 otherwise

ofn)= D MK)x(n-K)

Ko

y(m) = ol M)
)= iﬁ{fixtﬁm—x}

K=-m
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m)= iﬁwm—n)m‘.n}

; o 7 ) n=0tM, £2M...
win) { 0 otherwise
wm)=o'({Mm)=ou{AMm)
Interpolation ;
Tl
T L
F':.—!--_:—L.-
r T
MILy M=0%L +2L
u{m},{’f oxk
w{z)= Em{mjz"
M=-o
- ix{m}:-lﬂ.
M =—m
=X(zt)
X(e™)=x(e™")
4 | |£2nf T'/ 2=nf2
e ]F{ﬂ otherwise

Y(e™ )= H(e™ )= (e™")

_Jax(e™ty |o'lsA/L
a otherwise

Wmy= 3 (M -K)a(K)

K=—x

= Y h{m-K)x(K /L), K/Lan integer,

K =—m

Q. 7. (b) Obtain the polyphase structure of the filter with filter transfer function :

H(z }-1"'_45_.

1+5;7"

Ans. Hiz)=

_(1-4z7)(1-527")
(14527 (152"

10
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_ 1-9:7" 20272
1-2527°
1+20: -9
= =43 =
1-2527° 1-25z7°

The polyphase components are :

1+ 20272
Eu(ﬂ=[1 m,z] and E,(z)=

1-2527%

(). 8. Write short notes on any two of the following : 20
(i) Parseval's Theorem

(ii) Multistage decimator & interpolators

(iii) Application of Z-Transform

Ans. (i) Parseval's Theorem : This theorem is similar to Parseval’s theorem for energy signals. The
theorem defines the power of a singal in terms of its Fourier series coefficients i.e., in terms of the amplitudes
of the harmonic components present in the signal,

Let us consider a function f{r), we know that, |
| £ |= () £ ()
Where, /* (r)is the complex conjugate of the function f{r} The power of the signal f{1)overacycle
is given by

p T2 3 p T
F=F_,-L”“” m=i£u:-f'mdr

Replacing f(1) by its exponential Fourier series
iz

P=—;_ f f{r}{iﬂe‘“ﬂ“}m

-Til

Where, v, =E
T L
Interchanging the order of integration and summation,
w TN )
p=._] EF" If.(f]'emﬂ"ﬂ
Tele " i

The integral in the above expression is equal to TF, .

Hence we may write,
\ P= Y F.F, = YI|F[
L] [ L B ]
The above expression is known as Parseval's power then the equation defines that the power of the
signal is equal to the sum of square of magnitudes of various harmonics present in a discrete spectrum,

(ii) Multistage Decimator & Interpolators : Sampling rate conversion is the process of converting the
sequence x{n ) which is got from sampling the continuous time signal x(¢ }with a period T, to another sequence
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y{k obtained from sampling (¢ )with a period T, to another sequence v(k Jobtained from sampling x(t )witha
period T.

) —— [BA) oo () ——5C ——y0
Ideal DA Low Pass
convensr Filtar
Conversion of a sequence x(# ) to another sequence &)

Multistage Decimator : The process of reducing the sampling rate of a signal is called decimation. Let
M be the integer sampling rate reduction factor for the signal x{n}

E :M
T
The new sampling rate F' becomes
prad
T
¥
MT
ek
- M
Let the signal x(n} be a full band signal, with non-zero values in the frequency range -F /2< f<F /2
Where w=2aT
H{e*'“‘}={l || < 2nF T_xz=m.ﬂ.:r
] otherwise
w(n)= Y MK)x(n-K)
K=o
g(m)=w{Mm)
Yimy= 3 h{K)x(Mm-K)
Koo
Or CFim)= Zh[Mm-an}x{u}

The decimator is also known as sub-sampler, down-sampler or under-sampler.
) n=0+tM,+2M
wi{n)= .
0 otherwise

+ hin > ol .. wim)

®in) win} F'=FM
F F

Interpolators : The process of increasing the sampling rate of a signal if interpolation. Let L be an
integer interpolating factor, of the signal x(n) then
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L
T L
The sampling rate 15 given by

e

T

=&

T
=LF

Interpolation of a signal x{n) by a factor L refers to the process of interpolating L - | samples between
each pair of samples of x{n).

The signal w(m)is got by interpolating L -1 samples between each pair of the samples of x(n).
fL =0.+L £2L......
1) —_~{ o i " .
0 otherwise
The z-transform of the signal w{m}is given by
o{z)= D w{m)z""

M=

Zx{m!:'"‘

Mz—o
xizh)
When considered over the unit circle, 2 =¢ e

wfe™ =X (™)

Where, w' =2xfT"

H(e™ ;z{‘;‘ 0| <2nf T/ 2=n/L

Wm)= Zh{m—ﬁf Je( K )
K=—a=

= 3 him-K)x{(k /L), K/Lan integer

A=

K=-=

(iii) Application of Z-Transform : Step and impulse responses of series R-L circuit

{a) Step Response : In the series RL circuit, shown in figure, let the switch S be closed at time 1 = 0. For
step response, the input excitation is x{r) =V u(r)

Applying Kirchoff's voltage law to the circuit, we get the following differential cquation
Lai(t)

r
Taking Laplace wansform, the above equation becomes.

+R )=V, ult)
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LiSH()~0" )1+ RI(s) ===
g R

2

t=o0

x(t) i L

Sarles RL clrcuilt

s le™

SV_a.E{_'H } ]=
L R\S S+R/L
i _Va _a=RIL
u{r}-;[l e ™t]
(b) Step Response of Series R-C Circuit :

o,
S S+R/L

S R
X —IW—

x(t) iy == C

1 j';'[:jd':' + Ri(t) =V, u(f)

T3] =

J'{:}dn— Il{l‘}d'.r+.'?.‘{£] V,u(t)

E:I‘ J L tato* n+mm-+

VI’
I{_E{'——'FR] —'3:—
¥,

I(sy= IR

5+
Ry

Therefore, it)= %’ e "'fe
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