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B.E.
Sixth Semester Examination, Dec.-2009

Digital Signal Processng (EE407E)

Note : Attempt any ffve questions. All questions carry equal marks.
(). 1. (a) Define the fourier transform ol a time function and explain under what conditions it exits.

Ans, Fourier transform of a time function of the repetition period T becomes infinity, i.e., T - oo, the
wave f{t) will become non-periedic, the separation between two adjacent harmonic components will be zers,

ey = 0.

The exponential form of the fourier series piven f(t)= 3 C e/ 0! to a periodic waveform such as

e =t
single pulses or single transients by making a few changes.
| T:2
Where Cp=— Iﬂl:!]_e—Jmtﬂ: dt
T -Trd
T the hmit, for a single pulse
I 05, g =21/ T— de (asmall quantity)

HT=wg/in—>de/2n

th . ; 5k
Furthermore, the n™ harmonic in the fourier series in nwg — nde . Here n must tend to infinity as a

apwroaches zero, so that the product is finite j.e.. nwg —

dﬂ.‘l L

.. ~ ot
G, = = qu{t}-: dt
& fit) = -[—u;‘;_:[j; flt)e m“dr]ajm'
Fliow) = [ f(t)e *a 0

[t is called the FT of f{1), substituting for f{t) above,
l = :
fit)=—| Fjw)e ™ dq
{1) o LI (je)e )

Chr equivalently

f(t) = [ F(jo)er™ df i)
Q. 1. (b) Obtain the fourier transform of the signal (t) = e~ o5 gt
Ans, f(t) = c_amcusmﬂt
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Q. 1. (¢) Determine the energy of the signal x(t) = 10, ==

sin 10t

-]

10mt

2

sin 10t dt

0
: 1

E=10]"
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). 2. (a) Discuss briefly the frequency response of LTI systems.
Ans, Frequency Response of LTI Systems :
Paraltel Connection :

Yiin
Hy(z) 1)
. Ha(z) 2 z y(n)
sin) :
Hy () LUn)

[t there are L number of linear time invariant systems in the time domain connected in parallel, the impulse
response hin) of the resultant system.

L.
h(n) = 3 hi(n)
k=1
Where hy{n};k=1,2,..... L is the impulse response of the individual system.
; .
H{z)= X Hy(z} = H(z) + Ha(2)+...........+H (2) A
k=l

Wiere z=¢™ . Here Hy [EJH) is the frequency response to the impulse response hy(n).

Cascade Connection ;

o | || —o
%{n) ¥i(n)

¥ (n) }:.2{“} Y. ]ll,l'l-]

If the L linear time invariant systems are connected in cascade, the impulse response of the overall
S AT

h(n) =hy(n)*hy(n)*......... hy (n)
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Using the convolution property of the z-transform,

Hiz) = H(z)H,(z) - - ———H(2)

(e ) e fem) oM eF) o

Here we abserve that the cascade connection involves convolution of the impulse response in the time
dosminin and multiplication of the frequency response in the frequency domain,

¢ . 2.(h) Determine the impulse response hin) for the system described by the second-order difference
cojudtion,

¥inj=4y(n-1)+4y(n=2)=x{n)-x(n-1)
Ans.  ¥(n)-4¥(n—1+4y(n-2)=x(n)-x{n-1)
Laking 2-transform of oh sides,

v{z) =42 (2o ds Py(z) = x(z)-2"'x(2)
}-{;;[r- gt +-1z'1]--xl[z}{l—z j]

yi2) '

-z
22 = H(z) = ———————
-\{f} | 1-dz! -»4:'2
2
257
H(z) - i
{j zz—dz-f-’l
H{z) z—|

-
z 77 -dz+ 4
I'he roots of denominator as under

H{z) -]

z  (z=2)

in partial fraction expansion form

W), By Ba
z 22 (zu3)
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Z )
Hiz)=——+——
8 [ } T 1242]2
Standard z-transform pairs
a2 A 7 A
e ynfe——a——
'-{ } z-_- ﬁ L)
-1 i n
z {——r=zuln
(2o =2)
4z
" na”ufn) 2 —2
g (z-a)”
Second term of equation of Hiz)
21 2
(z-2)° 2 (z-a)f
Therefore, 77! [l o By uln)
127 2=2] 32

h(n) = n2"u(n) + = n(2)" u(n)

(. 3. {a) A band limited continuous time signal x, (t)is sampled at a sampling frequency F, = 2B.
Determine the Energy Fd of the resulting discrete-time signal x(n) as a function of the energy of the signal Ea
and the sampling period T = §/F .

Ans, E:jis _E;IU:.']P dt

Eg= i[m{n}lJ

h=—

(n)= 3 xa(08(t-nT,)

f==at

n=1

(n)=x(nT)

= %,(1) ifn{t -nT)
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£}, 3. (b} Describe the sumpling rate conversion by use of linear approximation methad.

ans, Sampling Hate Conversion by Use of Linear Approximation Method :

Sampling rate conversion is the process of converting the sequence x{n) which is got from sampling the
continuous time signal x(t) with a period of T, 1o another sequence v(k) oblained from sampling, x(t) with a
periced T

—a DA hit) - kXI =il {555 yik)
sn) s{t) x(1) wit)
ldeal /A Lrr
converter
Let M be the intezer sampling rate reduction factor for the signal x(nY,
TT=M
F=1/T

=1/ MT
= F/M

Let the signal s(n} a full band signal with non-zero in the frequency range,
—-F/2<f<F/2.where @ =2gfT

|3“{‘-‘J"’ }‘I #0 lo| =20 <2aFT/2=n

He ! | Jo]s2nFTi2=n/M
= 0 Otherwise

Let the impulse response of the filter be hin), then the (ilered output @{n)


http://studentsuvidha.in/forum

downloaded from http://studentsuvidha.in/

w{n})= ih[k]‘.\[n—k]
o

£
ik 1-.1'.;""' b= the speetrum of [1J{II.:| . The decimated =lenal wim)

y{m) = wi M)
Saree w' ) take values ondy Form = (L8 M, £2M - yiz),

- % i
vliz)= ¥ aw'tmjz "

W i'll..'l'l.!' it i rl-' =7l M

:\I“—.I.II! ! f| ,- M}l. {.L. I_,'."I-.l} ap .r"':|'1 S |

FI,.I:.' Il' AU petets e k00 L LMD eniTonaly spaccd around Gie o eirele Tl woninl s e

AT ITR HILN LTS

i :\f. L R et A
Phae sopmmd ool 35w desired reamenes ocspontte ol e [rdgiencees e pivena by
Hik )= i‘.-.|,'-':l 5 BT o SR P |
e =iy
|F,=|'.<-'"':'i'l"lm:! o)) -— M- 1 V)
p =l Zenkinl
h{n) - M Llll_“{k]‘”m T 1 I . | Y

I these mumbers are all real. then these can be cosidered as the ‘mpulse response coefficicnts ot a FIR
Filer

(z-0.5)
0. 4. (a) Determne xin) for X| z] grpar WTITTE R -
dz-08)z-1)

X(2)- (z—05)
\ns. ME)= m—_ﬂ

A 3] C

]

(7 (z-08) -1

=Al~=08)z- 115 ¥z -z v Cdz—08)
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Q. 4. (b} Explain the dilferent properties of ROC of z-transform.,
Ans, Important Properties of the ROC for the z-transform ;
(1 Xieyconverzes uniformly if and only i the ROC ol the z-transform X(z) of the sequence includes
the wni circle. The ROC of X{z) consists of a ring in the z-plane centered about the origin. That is

(e 1ROC ot the wranstorm of xin ) has values of £ for which x{n:jr'" is absolutely summable,

]

Z be(ndr g

|
- 4

(i) The ROC does not contain any poles,

(i} When xin) is of finite duration, then the ROC is the entire z-plane, except possibly z = 0 and/or
A

(vl I s(n) isa right-sided sequence. the ROC will be not include infinity,

ivl ltxin) isaleft-sided sequence, the ROC will not include z = 0, However, if x(n}= 0 foralln =0, the
ROC will inelude == (0.

(vt} Ifs{n)is two-sided, and ifthe circle |2 = gy isinthe ROC, then the ROC will consist of a ring in the

z-plane that includes the circle |#/= 1y . That is, the ROC includes the intersection of the ROC's of
the components.

(vii) 1fx(z) is rational. then the ROC extends to infinity, i.e., the ROC is boun-ad by poles,

{viit)  1Fx(n)is causal, than the ROC includes 7 = 2.

iy IPx(n) is anti-causal, then the ROC includes 2 =0,

Q. 5. (a) Explain the process of windowing using illustrations,

Ans. Window Techniques Using Hlustration : The desired frequency response of any digital filter is

periodic in frequency and can be expanded in a {ourier seties, i.e.,

HJ{E i“}: Zhdtﬂ}ﬁ_'lmn [l:l
f=—at
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Where,
h(n) = ﬁj‘f H{e™ ) do _ i)

The fourier coefficients of the series hin) are identical to the impulse response of a digital filter. First, the
ijrrse response is of infinite duration and second, the filter is non-causal and unreliable. No finite amount of
delay can make the impulse response realisable. Hence the filter resulting from a fourier series representation of

Hfe! | is anunreliable UR filter,

|'he finute duration impulse response can be converted 1o a finite duration impulse response by truncating

the intinie series at n=+N . This results in undesirable oscillations in the passband and stopband of the
dizital tilter. These undesirable oscillations can be reduced by using a set of time-limited weighting functions, »
wind, referred to as window functions, 1o modify the fourier coefficients, The windowing technigue is illus-
frated,

A major effeet of windowing is that the discontinuities in H{e"“)are converted into transition bands
between values an either side of the discontinuity. The width of these transition bands depends on the width

ol the main lobe of w{eﬁm } . A secondary effect of windowing is that the ripples from the side lobes of

Wie h"\J produces approximation errors for all o

(). 5. (b) Convert the analog filter to digital filter whose system function is H(S) = ———-—-—-l--z—-—
(5+0.2)" +16
using bilinear transformation,

1

Ans. H(S) = —————

(S+02) +16
By bilincar transformation
bt Tg = 2sec.

|
.
= S . [E_.__z = ].+u2 +16
z+]
1

= [{Z—]]+{ﬂ_2}fz+1}lz+]ﬁ Ans. i

). 6. {a) Explain coefficient quantisation.

Ans, Coeflicient Quantisation : The realisation of digital filters in hardware or sofiware has some limitatdon s
due to the finite word length of the registers that are available to store these filter coefficients. Since the
cocfficients stored in these registers are either truncated or rounded-off, the system that is realised using these
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coc Eieenis et zecaraie. T decanoa of podes amd z2ves of the resulting system will be different from the
wrrteii ] focations cid consequertly the system may bave w different frequency response than the one desired.
Fhete are iwo approaches for the analysis amd synthesis of digital filiers with guantised coefficients. In
the Vit approae i the: quantization error 18 treated as a statistical quanity, in second approach. cach-Glter is
st sepaarmely wnid the quantised coefficients can be oplinvised to minimize the maximum weighted differ-
cre between the deal and actual fequency responses
Fetie 1.1 of the coefiicent-quantized digital flter being realized.

LI
Z l‘lku -k

H{z) = L—;{P—

Yoae 8

k=

4

Iy aad by ave me Bilter coviticrents of unguan.ioe 3 tilice aed ay and By are the error quantities.
ay =@, +3, ad by =b, +B, - i)
I b ever e T guaantisation of the flter cocficient is,
efn) = v {nf-y(n) . i)
en)= }_l‘ﬁill *F"Th xfn-k]ﬁ v (n—k)+ Z‘L"'{" k) Aiv)

ho=th kit k=l k=
Pt bona (i) & (iii)

-.:tn}—Zﬁh‘-Hln k) T:l}'l-vfnﬂk}-y{n—lﬂ.}'—iak}"{n—k}

k=it n=] = k=l

Laquation (1)

i
u[n}—EﬁLa[n k) EE-LF[II—L} Euken k)- Z a¥(n-k)

Kl k=1
i)
Muwlecting the second order guantities i
Eukfl’n—ki equation {iv}
k=t
v(n) = " 2. Bx(n-k)- Zﬂn“k“‘k} Z“L}’ n—kj V)

k=ﬂ
Fakang e-transform of equation (v)

b ™ N
E(z)=X(z) X B 2 * (1) X a2 - y(2) Sz ®
kel k=1

ko
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Mo N
=X(2) Lozt —y(k) Tayz ™ Avi)
k=0 k=1

2
E{_z]{1 +Yaz*
k=1
The output y(z) of the ideal filter is given by
Y(2) = Higear (2). X(7)

> Higlz)
L yin )
Lp Infinite Precision filter y(n)
Stray Filter
eln)

Lising equation (vi)

bl M
Efz) = X{z;[zw"“ -Hygea{7) 2y i'-_k:l
k=0 k=1

Therefore,

M i
Y Bz - Higea (z) Yoy z™™
E(z) = X(z)| £=2 k=]

h‘ .
1+ Yz XY
k=1

From equattions (iv), (vi) & (vii). the output of the actual rilter

M ; N
Zﬂkz'k =} 1!@31[13} Z{lkl_k

v'(z) = X(z)| Higen (z) + =2 Lo

-k

~1=

|+ Ekz

k=I

That is,

¥'(2) = [Higeat (2)X(2) + E(2)] . {vii)
. t. (b) What are the effects of finite word length in digital filters.
Ans. Effects of Finite Word Length in Digital Filters :

The various effects of quantization that arise in digital signal processing following are some of the issues
connected with finite word length effects :
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1. Quantisation effects in analog-to-digital conversion,

T Product quantisation and coefficient quantisation errors in digital filters.
3. Limiteyeles in R filters and

I Finne word length effects in FFT.

(i) Quantisation Effects in Analog-to-Digital Conversion of Signals :

”K.Q{lt}

Chuantizer

4+

sn)

Two's complenient number quantization

I'his quantiser sounds the sampled signal to the nearest quantised output level. The difference between

Ihat is e(n)=xq(n)—x(n)
e process of quantisation, the range of values for this quantisation error is
-B -B
2 2
-~ —=<eln)js=—

2

P
SNR = 10log—
Pein)

Where Pyn) is the signal power and Pyn) is the power of the quantised noise.

(i} Coefficient Quantisation Effects in Direct
(a) Form Realisation of IR Filters :
Let the transfer function of the coefficient quantised digital filler being realised be,

the quantised signal amplitude Xq(n) and the actual signal amplitude x(n) is called the quantisation error In(n).

Ai)

(i)

(i)
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bzt
]

Yiz) s the [deal Gilter
Y{L} = H.M {?}X[ Z}

M -k L -k
Bz - Hiﬁ:ﬂ[z}z:l“kz

1 k=0
E(z)=X(z N
1 Yt

ke

¥'(2) = [Hugen (£)X(2) + E(2)]

Hjg(z)

L

x{n) . 1o
{ Infinite Precision filter

Stray Filter

e(n )

(b) Direct form Realisation of FIR Filters : The statistical bounds on the error in the frequency response

due to coefficient quantisation.
; : s {M-3)12 "
H{Eh-:}=e—Jw{h1—li#.1{h[M_Z_i]+2 i D{[Mz I—n]w:”

= em"’}M{ﬂ:]
For a linear phase FIR filter, =
h{n) = h{M—1-n)
Epﬁ_mj leuyu{h-'l-l}l"l
. 2B
ji i
[E{e )!5 M=
M-l
2 oy 27 &2
“E{me(c } =i 1+4 z| cos” (wn)
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M-1 112
1144 i cos® (wn)

Wim) = IM -1

[

{c) Limit Cveles in 11R Filters : The amplitudes of such oscillations are much more serious in nature than
sern nput limit cyele oscillations. Consider a causal all-pole second order IR digital filter implemented using

mwi's coanplement arithimetic with a sounding of the sum of the products by 2 single quantiser. The difference

cauation describing the system is given by,
¥in)= QR[—uly{n 1) -as¥(n=2)+ x[n}}

(a1} Finite Word Length Effects in FFT @ In the computation of FFTs, each butterfly computation involves
one complex=valved multiplication, equivalently, four real multiplications. The quantisation crrors intreduced -

in cach butterfly propagate to the output, The vartance of the total quantisation error at the output is,
A

-8
- M

-:ﬂiq =4(M- ol
The FFT algorithm does not really reduce the number of multiplications required to compute a single point

(). 7. (a) Explain the interpolation process with an example.
Ans, Interpolation Process : The process of increasing the sampling rate of a single in interpolation

ol the IFT
(sanmpling rate expansion).
F—’E PP hm) |—F s yim)
xin} - x(t)
Sampling rate
| X {u-"" ]. R
.-".-' =
I“.
/
1
J 5 0
0l n n
] {e ""I]i
was i o gt T
"11.. _.I
\j
Y A 0
2a

ol
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(e ' 1

ol e o

fnterpolation af xin by a factor L
Example : Assume L be an integer interpolating factor of the signal x(n), then

TIT= l
L
e sampling rate is given by
F=1/T
=LT
=LF i)

interpolation of a signal x(n) by a factor L refers to the process of interpolating factor, of the sampling x{n},
then,

The signal wim) is got by interpolating L-1 samples between each pair of the sample of x(n).

x{m/ L}. m=0+L+2L......

= { ] othewise 1)
The z-transform of the signal wim) is given by
I w[z]—— iw{m}z_m
1=—
= Yx(m)z™
M=~
= X[2") i)
Z=el
w(el} = x(e*!) (V)

Where  o'=2rfT

teo) o [G Lol 2xfTI2=7/L
") 0, Otherwise V)
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Where G is the gain of the filter and it should be L in the passband.

o) = Hle™ ) x{e™)

_IG H(E-“""L}: lo|=n/L

‘ 0 Otherwise (vi)

The output signal y(m) is viven by

Wim= 3 h{m k) w(k)

k=~x

To= Y him-k)x(k /L) g an integer

k==
lhe entire process of interpolation by a factor L. The interpolation process is also known as up sampler.

Q. 7. (b} Explain filler banks with equal and non-equal filter passbands.
Anps. Filter Banks with Equal Passbands : 1fa two-channel QMF filter bank is inserted between the down

sampler and up sampler of another two-channel. QMF filter, then the resultant is four-channel QMF filter.
Hecause of its tree structure, it is also called as tree structured filter bank. The relationships between the two-

level Niter bank and its equivalent structure is given by

Ho(2) = Hy (2) Hyo(2?)
H(2) = H (2) Hy ()
Hy(2) = Hyy(2) Hyo2°)
i H(2)= Hyl2)Hy(2)
Go(2) =G (2)Gro(2?)
Gylz) =G (2)Gp[2)
G (2) = Gy (2)Gro(2*)

G(z) =GI{{Z}GH(32)
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Hio@p J 21412 G0

G
—{Hpn—i | 2 12 ”l 1(2)
@ 2 T Hon@
¥in)
sinb
—
Hiolzio |21 T2 —)[Gm{z}
My |, 2 1 2Gpy(z)
Hllii})—){_l_?‘—i TE —nGy(z)
far) Two-level four-channel QMF filter bank
 1g(2) > ,Ld Ta s Gplz) p——
tﬂ » Hy(z) ld » 1‘4 » Giple) a@—»y{n}
> Hai2) 12 =12 > Ga(2)

(i} Equivalent three-channel QMF filier bank realization.

{In similar lines, A four-channel QMF filter bank from a three-channel QMF filter bank. These structurgs
come under the class of non-uniform QMF filter bank.

(). 8. Write short note on any two of the following :

{a) Energy and Power theorems

(b} Properties of time invariant system

{¢) Frequency domain representation of sampling,

Ans. (a) Energy Signal : A signal x(t) is called an energy signal if its total energy over the internal

[ <. =) in finite, that is,

e jTr|x{t}|2dicm

T

E.= fm|x{t}]z dr <o

If the signal x(t) contains finite signal energy, i.c., 0 < E, <o, then x(l) is called an energy signal.
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For a digital signal, the energy is defined by
2
E= Zl:ﬂ:'ﬂ}[
L]

As p—» m, the energy of periodic signals becomes infinite, whereas the energy of aperiodic pulse like
signals have a finite value. So, these a periodic pulse logic signals are called energy <ignals.

Power Signal : The average power of a signal x(1) over a single period (t), ty + T} is given by

1 pn+T 2 . TR
F-=$L1 X dt where x(t) is a complex periodic signal

A signal (1) is called a power signal if the average power is expressed by

T2
P =) Iz[x{t] di for a continuous periodic signai with period T.
1 N
0% _T;J_ Z Ix(n)” . for a digital signal with x(n) =0 forn <0

-

15 equal to a fintte value, ie., equal to the average power over a single period. If x(1) is bounded P, is

finitc. Henee every bounded and periodic signal is a power signal,

i) Propertics of Time Invariant System @ The output ¥(1) 1n continuous-time linsar time invariance
systems 15 expressed as a copvolution integral ie.,

y(t)= [ x(x)h(t - t)dr = x() D (1)

Similarly, the output v(n} in descrete-time LT system is expressed as a convolution system e,

yin)= 3 x(k)h{(n~K) = X(n)®h{n)

K=
Fromy above, it is evident an LTI system is completely characterized by its impulse response. The linear
time invariance system have a number of properties not exhibited by other systems.
(it  Commutative property of linear-time invariance
(i} Distributive property of LTI system
(it} Associative property of LTI svstem
{iv]  Static and dynamic LTI systems
iv]  Invertibility of LTI systems
ivi) Causability of LTI systems
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iviey  Stability of LTI systems

tviity Umit-step response of LTI systems.

{¢) Frequency Sampling Method : In this method, a set of samples is d:tcn'mnad from the desired fre-
(uency response and are identified as discrete fourier-transform (DFT) coefficients, The set of sample points
used in this procedure can be determined by sampling a desired frequency response.

b 2

Ho(z) g 14 G2

1‘1 » Gy(2)

k

[
’*E‘,_,__;.{ Hi(2) Ja

+>—):rftr1}

i

Gzle)

L

L
-F.—
i
k4

14

Ha(7)

> Hy(2) K 4 Gs(2)

Equivalent Represeniution
The analvsis filter Hy () which are in cascade has the following characteristics ;

{1} One filter has a singie passhand and single stopband.
(1) Another fifier has two passbands and two stopbands.

Filter Banks with Unequal Passbands : If'a two channel QMF filter bank is introduced in one sub-band
channe! of anather two-channel QMF filter bank, the resultant structure has filters with unequal passbands.
f

Ho(2)=Hy (z)H, (%)
Hy(z)= Hy (2 Hy(2)
Ha(z) = Hy(2)

Go(2) =G (z)Gy ()
Gi(z) =G (2)Gy()

Gs(z)=Gy(z).
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