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Chapterc>

Introduction

(Solutions for Text Book Practice Questions)

Objective Practice Solutions F(s) =

LL.T
< f(t) =cosm,t

01. Ans: (b)
Sol: We know that

F.T
e "u(t) <

a+jo

F.T

e"u(—t) <> ——
a—jo

F.T

2 2
s” + o,
LL.T

f(t)=coso,t <> F(0)=n[6(0—m,)+d(®0+n,)]

05. Ans: (d)

e "u(t) —e"u(-t) < L

a+jo a—jo

Puta=0
F.T 1 1
u(t)—u(-t)eo—-——
Jo —Jo
F.T 2
sgn(t) «>—
Jjo
02. Ans: (a)
Sol:
f(t)
Slope=1
0 1 2 ¢

ft) = 1(t) — r(t — 1) — u(t - 2)

03. Ans: (a)

Sol: The convergence of Fourier transform is

along the jw-axis in s-plane.

04. Ans: (a)
Sol:

v

_j ™o

Sol:
1
A A
v . 1V = ’\
T2 0 127 ko0 2, o0 11

06. Ans: (¢)

Sol: Given x(t)= e
Fourier transform of x(t) is

o0

X(o)= j x(t)e 7 dt

—00
0
— 2 —1
— Ie at e Jwtdt
—00

jo_

2+/a

Letpzx/gt+

dp = Vadt

X(o0)= e\/; Ie"pzdp

—00

o0

Ie"pzdp =r
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o:ACE :

o 10. Ans: (a)
R 42 F.T
X(0) = Jr Sol: f(t)=Ae ™ & F(jw) = 2A

Ja a’+w’
X(0)= \ﬁ i 11. Ans: (d)
a

Sol: m(t) = f{(t) cos2t
Apply Fourier transform

07. Ans:(@) o M(D) = - [F(o-2)+ Fo+2)]
Sol: The EFS expression of a periodic signal x(t) 2

S j Flo-2 +
is X(t) = ch elnont ((l) ) F((,O 2)
where, 'c,' is EFS coefficient. ! !
Apply F.T on both sides i i
i . 1 2 3 1 3
X(w) = ch FT [eJ“mO‘] 2
= 12. Ans: (b)
1 ;@2755(03) Sol: For band limited signals,
© 21d(® — nwy) S(f) # 0; f| <W
X(w)= 21 Y c,8(w-nw,) S(H =0; [f[ > W
So, it is a train of impulse. 13. Ans: (a)
Sol: In a communication system, antenna is used
08. Ans: (a) to convert voltage wvariations to field
Sol: V(jo)=e"; |03| <1 variation and vice-versa.

1 % 14. Ans: (d)
Energy = Py J. |V(JC°)| do Sol: Hilbert transform of f{(t) is

H.T{f(t)} = f(t)*%

1
= LJ-‘e‘jz‘” 2.dc)
217 It is in the terms of ‘t’.
1
- Lj'ldoo 15. Ans: (a)
2n Sol: For an ideal LPF
2 A
:2_n H(f) = ke’ for—-B<f<B
_1 h(t) = F'[H(f)] = 2Bk sinc 2B (t—t,)
T
A
09. Ans: (b) H(H) K
Sol: Parseval’s theorem is used to find the energy
of the signal in frequency domain.
30 2 1 5. 2
. _ — f
. ._J;|f(t)| dt=— L [F(jo)| do B 0 B
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WACE 4

h(t) 20. Ans: (b)
A Sol: Audio frequency is between 20Hz to 20kHz

2Bk
21. Ans: (d)

Sol: Telephone channel carries voice. Voice
frequency is between 300 Hz to 3500 Hz. So

> t
0 g bandwidth is 3200Hz. So we approximately
consider 4kHz is the bandwidth requirement
h(t) =0 for t<0 of a telephone channel.

Output exists before input is applied i.e. non-
22. Ans: (¢)

Sol: From the signal spectrum fy = 530 kHz,

causal, which is physically impossible.

fL =50 kHz
16. Ans: (b) Bandwidth = fy — fi
Sol: 5(at) = +-5(1) — 530 kHz - 50 kHz
. — 480 kHz

S(2t) = %S(t)

17. Ans: (a)

Sol: By modulation we are translating the low
frequency spectrum into high frequency
spectrum.

18. Ans: (a)

Sol: We know that
P(dBm) = 10log(Px10?)
—10 = 10log(Px10°)
Px10°=10"
P=10"=100 W

19. Ans: (a)
Sol: x(2t) means signal time axis is compressed
by 2

x(t) x(2t)
4 4

-5 0 5 t 7250 25 ot
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Chapter > Amplitude Modulation

Objective Practice Solutions

01.

Sol:

02.

Sol:

03.

Sol:

Ans: (a)

V(t) = Ac.cosmct + 2 cosmmt . cosm,t.
Comparing this with the AM-DSB-SC signal
A cosmct + m(t).cosmct, it implies that
m(t) = 2cosomt = E, =2

To implement Envelope detection,

Ac>Ey

S (A)min =2

Ans: (d)

m(t) = (A¢ + Am COSOmt)COSM,L.

A
= A1 + — cosmmt)cosmct.
A

C
Given

Ac=2An

=A(1 +% COSMmt)Cosmt.

Az 2 A2 2
P =11 “_,PS:_C H

2 2 21 4

2

T LA
Pr T TR 96
Ps ) T 3

4 1
PT=18PS
Ans: (a)

m(t) = 2cos2nfit + cos2nfit
C(t) = A.cos2mft

04.

Sol:

05.

Sol:

S(t) = [A¢ + m(t)]cos2mfct

S(t) =A([1 + AL m(t)]cos2nf.t

C

AC
Ani =2, Amp=1

2
= KA = —, o =

1
AC AC
H=ui+us
4 1
AT AT

=05= e

C

:>AC:\/%

Ans: (¢)
m(t) =—0.2 + 0.6sinot, k, = 1, A. = 100
S(t) = A[1-0.2 + 0.6sinm;t]cosm,t
=100[0.8 + 0.6sin®;t]cosm.t
Vinax = Ac[1 + 1] =100[0.8 + 0.6] = 140 V
Vmin= A[1—u] = 100[0.8 —0.6] =20 V
=20V to 140 V

Ans: (¢)
fc=1MHz = 1000 kHz
The given m(t) is symmetrical square wave

of period T = 100 psec

A

fn=—=10kHz

1
TO

“—>
100psec
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1] | 1

f-3f, f-2f, f—f, fo faf foA2f,  LA3f,
=970K =980K =990K =1000K 010K =1020K =1030K
These frequencies 980k, 1020k are not
present because the symmetrical square
wave it consists of half wave symmetries
only odd harmonics are present, even
harmonics are dismissed
06. Ans: (d)
Sol: m(t) = sinc(200t)sinc*(1000t)
= sinc(200t)sinc(1000t)sinc(1000t)
* *
> > >f
-100 0 100 —s00 o 500 200 0 500
So, highest frequency component in the
signal m(t) is 100 + 500 + 500 = 1100
BW=2x 1100
BW =2200 Hz
AP(D)
07. Ans: (a) 1
Sol: P(t) = u(t) —u(t-1) =
o 1
A A
1 « 1
g(t) =P(t) *P(t) =
0 1 0 1
g(t)
ol 1 2 >
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x(t) = 100(P(t) + 0.5g(t))cosw,t
=100(1 + 0.5t)cosmct
= A(1 + Kym(t))cosm.t
ka=0.5, m(t) =t
p = Ka[m(t) Imax

p=0.5x1=0.5
08. Ans: (d)
1 2
Sol: R, C< a
2nf p
So it depends on depth of modulation and
the highest modulation frequency.
09. Ans: (b)

Sol:  S(t) = 10cos2710° + 8cos2m5x10°tcos2m10°%

Carrier = 1 MHz
—>
Gain= 0.8

Tuned ckt

I u:‘?

Carrier message

—>
=1 MHz + 5 kHz
Gain=0.5

t Tuned ckt

S(t) = 0.8 x10cos2r10°%
+0.5%8c0s215000tcos2m10°%

£ 8(1+§cos 215000t ) cos2m10%

0.8

T T f—f, fe
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Postal Coaching Solutions

10.

Sol:

11.

Sol:

Ans: (d)
Amax = 10V
Amin=5V
p=0.1
j— Amax _Amm
“ Amax +Am1n
Lo 0.33
3
A +A
A — max min
¢ 2
_ 10+5 _75v
2
Ac(l+p)=Ac+ Acp
=>10V=75+25
m(t)=0

Ac(1-p) = Ac— Acp
5V=75-25

1
Amplitude deviation Acp = 7.5% 5 =25V

Ko = 0.1 = A02H2 =25
An=25V
Which must be added to attain = 17.5

Ans: (d)
Modulation index

1= Ka [m(t)|max

K - 2b 2(square term coefficient )

a

a linear term coefficiernt

Im(t)]max =1

)

12.

Sol:

Ans: 0.125

s(t) = cos (20007t) + 4cos (2400mt)

Here 4cos (2400mtt) is the carrier signal.
cos (2000xt) and cos (2000mt)

sideband message signals.

+ cos (20007tt)

2
4 _gw
2
l+l=1W
2 2
l=0125
8

arc

the
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Conventional Practice Solutions

01.
Sol: porm=60%=0.6
m(t) = 5cos (200ntt) Ap=35; fn =100Hz
c(t) = 50cos(10*nt) A, =50; f. = 5x10°Hz
S(t) = Ac[1+Kam(t)]c(t)
S(t) = 50[1+K, 5c0s(200mt)] cos(10*nt)
|[Kam(t)max = 1t
0.6 =K4(5)
g 06
5
K,=0.12 V"'
S(t) = 50[1+0.6c0s(200mt)] cos(10*xt)
S(t) =50cos(10*t)+30c0s(2007t) cos(10*nt)
- F[cos2nf.t] = o(f ~f,) ; O(f +£,)
Apply Fourier transform

.. CosA CosB = % [cos(A +B)+cos(A — B)]

S(f)=5—20[6(f—5x103)+5(f+5><103)]

30 8(f —5x10* —100)+8(f +5x10° +100)
4 | +8(f —5x10° +100)+8(F +5x10° ~100)
Az (50 2500

P.=—%= =1250 W
2 2 2

2 2
P, = PC.“7 =1250% (0'26)

0.36

=1250x
Pgg = 225;W

Efficiency

2
B x100
no+2
_(0.6)°
2+(0.6)
=ﬁx100
2.36
%m = 15.25%

T]:

x 100

02.
Sol:

03.

Sol:

fn = 10°Hz
f,=10° Hz
m=04
Ac=15V

1 5 _®,m
RC yl-m’

vJ1—-m?

®,m

1=R,C<

1-(0.4° 09165
21x10°x0.4 0.8nx10°
7 <0.365msec

t>2R,C
<t 0.365x10°°

LT C 100107
R < 3.65MQ

Ry =3MQ

t=R,C<

Modulation index = 30% = 0.3

f +f =4.928MHz = 4928kHz
f —f_ =4.914MHz = 4914kHz

2fc = 98421{HZ
f,= 4921kHz
Amplitude of side band = M2
75— 03xA,

2
150 _ A,
0.3

1500

A, =——=500V

3
Ac =500V
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04. A

Sol: Amplitude modulated voltage equation is B Accosgnfct * cos2m(fe + fm)t
S(t)=A, (1 +pcos 2nfmt)cos(2nfct) —(1) (Carrier) (USB)
Where A, = carrier Amplitude + M cos2n(f, — fin)t
1 = modulation Index 2
f, = carrier frequency (LSB)

fm = modulating frequency 2

Carrier power P, =

The given expression Sideband R
V =100[1+0.2cos(2mx10°t |cos(2x10°t)>(2) wdebana power
Ak

Compare equation (1) & (2) we get P = (2\/5 j AW
A.=100, u=0.2, f,=10"Hz, f.= 10°Hz UsB R SR
Modulation index = 0.2 Au)
Expanding equation — (1) ( ch s

1 Prsg = 22 A
S(t)y=A, cos(anCt)+ EACu[cos on(f, + £ )t] R SR

P =P+ Py + P g

1
+—pA [cos2xm(f, —f )t
S 1A [eos 2m(f, — £, )] 5 Dz,

f,+f, =(10° +10°Hz = 1001kHz “2R T 8R  SR
£ —f, =(10°~10° JHz = 999kHz _AL AW AL AW A {1 HZ}
c m = = =_Cl14+=
1 1 2R 4R 2 4 2 2
EMAC:EXO.ZXIOOZIO 2 P
1 P, =Pc(1+“7j = Pog—ck
Amplitude of the side band — x4, =10 2
2 Total power = carrier power
= The amplitude of sideband + sideband power
spectral impulse =5 p?
50 50 P Pe ™ iy
Efficiency(n)= -8 = 2 = -
PT MZ 2+ H
S 5 5 5 P 1+
L1 T T o i wsod o the s
>f If 80% modulation is used, then the ratio of

~10°+10° —10° —10°-10° 10°-10° ¢ 10°+10° .
107107 10 0 10 the total sideband power to the total power

in the modulating signal is
05. Py u* 08

Sol: Time domain equation for single tone AM P, 2+p’> 2+08°
signal can be written as

Sam(t) = Ac[1+pcos2nfit] cos2mfct

=0.2424
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Chapter

Sideband Modulation Techniques

Objective Practice Solutions

01. Ans: (¢)
Sol: )
m(t)l (s V[ System] V1
+ 1 +
A i
V, [system | bV,

——( %) Mo
Acosoct

02.
Sol:

Vi=k [m() + c(D)]
V2 = [m(t) - c(t)]
Vo=aVi’=b V)’
= ak’[m(t) + c(t)]* = b[m(t) — c(t)]*
= ak? [m’(t) + c*(t) + 2m(t)c(t)]
— b[m*(t) + ¢*(t) — 2m(t)c(t)]
= [ak® - b]m?(t) + [ak® — b]c(t)
+ 2[ak* +b][m(t)c(t)]

. . X b
on verification ifk = _|—

a
S(t) = 4bm(t)c(t) >DSBSC Signal

Ans: (d)
Given A =10
m(t) = cos1000mt
b=1
B.W = ? and power = ?
s(t) = 4b.A cos2nf.t. cos2m (500)t
= 40.cos2nfct. cos2m (500)t
BW=2f,
=2(500)
=1kHz

%

03.

Sol:

2 A2
Power = —*F
_ 1600x1
4
=400W
Ans: (¢)

Carrier = cos2m (100 x 10°)t
Modulating signal = cos(27 x 10%)t
Output of Balanced modulator

= 0.5[cos 27 (101 x 10t + cos 21(99x10%)t]

The Output of HPF is 0.5 cos 2m(101 x 10t
Output of the adder is
= 0.5 cos 27 (101x10°) t + sin 27t (100x10°)t
= 0.5 cos 27[(100+1)10°]+ sin 27(100x10%)t
= 0.5[cos 27 (100 x10°)t. cos 2m (10°)t

— sin 27(100 x 10%)t. sin 27 (10°)t]

+ sin 2m(100 x10°)t]
=0.5 cos 27 (100 x10%)t. cos 27 (10%)t

+ sin 2m(100x10%)t [1-0.5 sin2m (10%)t]

Let 0.5 cos 27 (10°)t = r(t) cos O(t)

1 — 0.5 sin 2r (10%)t = r(t).sin O(t)

The envelope is
r(t) = [ 0.25 cos® 2m (10°)t
+ {1- 0.5 sin 2m (10%)t}]"2
=[1.25 — sin 2m(10%)t]""2

= [% — sin 27 (10%)t]"?
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04. Ans: (b)
Sol: Output of 1* balanced modulator is

AANWAV/AN

131 210 9 7 7 9 10 11 13

> f(kHz)

Output of HPF is

» f(kHz)
13

-13 -11 -10 10 11

The Output of 2™ balanced modulator is
consisting of the following +ve frequencies.

> f(kHz)

0 2 3 23 24 26

Thus, the spectral peaks occur at2 kHz
and 24 kHz

0s.
Sol:

Ans: (¢)
Given
f, =100Hz, f  =200Hz, f, =400Hz,

f, =100KHz, f, =100.02KHz

S(t) /TX = Ac?m [cos( f + fm1 )t +
cos(f. + fm2 )t +cos(f + fm3 )t]
S(t)/R, =[S(t)/ T, ]JA cos2nf, t

2

CTAm [cos(f, +f¢,  +fin, ) +cos(Ey, —20)+
cos(f +1f¢,
cos(f; + fCLO + fm3 )+ cos(fmS -20)]

Detector output frequencies:
80Hz, 180Hz, 380Hz

+ fm2 )+ cos(fmz —20)+

06.
Sol:

Ans: (b)

Given

SSB AM is used, LSB is transmitted
fo =, +10)

07.

Sol:

08.

Sol:

09.

Sol:

S(t)/ Ty, =

A A
°2 =cos2n[f, —f ]t

ALA
S(t)/Ry =| —— cos2n(f, —f,. )t |cos2n(f,, +10)t
X ¢ m c

:%[COS%‘C(sz +10—f )t+cos2n(10+£ )t]

1.e., from 310 Hz to 1010 Hz

Ans: (b)
BW of Basic group = 12x4 =48 kHz
BW of super group = 5x48 = 240 kHz

Ans: (d)

Given 11 voice signals

B.W. of each signals = 3 kHz

Guard Band Width =1 kHz

Lowest f, =300 kHz

Highest f. =

=f_+f, =300kHz+11(3kHz)+10(lkHz)
=343 kHz

f, =343kHz-3kHz

=340kHz

Ans: (b)

fm1 = 5 kHz > AM
fm2 = 10 kHz — DSB
fms = 10kHz — SSB
fma = 2kHz — SSB
fms = SkHz > AM

f, = 1kHz

BW = (2fm; + 2fiy + fiuz + fira + 2fins + 41,)
=2x5+2x10+ 10+ 2+ 2x5 +4x1
=10+20+10+10+6
=56 kHz

.. BW =56 kHz
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Conventional Practice Solutions (2) For lower side band transmission Af < 0 the
frequencies are shifted outward by Af
01. Vo(f) contains {100.02, 200.02, 400.02}Hz.
Sol: m(t) contains {100, 200, 400} Hz.
The  transmitted SSB  signal is | 02.
Sol: Given:

% {m(t) cos 2ntf t — m(t)sin 2xf t}

[.. fo=100 kHz]

Demodulation is done using a product mod
ulator & multiplying by
A’ cos(2nflt) [ f] =100.02kHz]
m(t) cos(2nf] t)

—m(t)sin(2~f, t)}
Higher frequency term will be filtered out
and so can be ignored for the purpose of
determining the output of the detector

M v, = %ACA’C cos(2nf't) [

V,(t) = iACA’C [m(t) cos(2mAft) —m(t) sin(2wAft)]

When the upper side band is transmitted,
Af > 0 the frequencies are shifted inward
by Af.

V(f) contains {99.98, 199.98, 399.98} Hz.

Number of Voice inputs = 24

Bandwidth of each voice input f,, = 4 KHz
FDM system using AM-SSB so band width
(fnm) =4 kHz

Transmission Bandwidth = 24x4 = 96 kHz
N=24;n=8

fs = 2><fm =8 kHz
Bandwidth = & - Nnf| _ 24 x8x2x4
2 2 2
=768kHz

So, PCM - TDM requires more bandwidth
than the AM-SSB-FDM system.
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Chapter > Angle Modulation

Objective Practice Solutions

01.

Sol:

02.

Sol:

03.

Sol:

Ans: (a)
s(t) = 10 cos(20mt +nt’)
_ 1 .dey(t)
"oon dt
£, =L [20n+ 2nt]

2
%:LXZTL:xl:lHZ/SGC
dt 2=«

Ans: (d)
21 2
P - ATy (B)
2
15(B)
1
24 55 86 118 B

So, JoX(B) is decreasing first, becoming zero
and then increasing so power is also behave
like Jo* (B).

Ans: (a)

In an FM signal, adjacent spectral
components will get separated by

fn=5kHz

Since BW =2(Af + f,,) = IMHz

=1000 x 10°
Af + £, = 500 kHz
Af =495 kHz

04.

Sol:

0s.

Sol:

The n™ order non-linearity makes the carrier

frequency and  frequency  deviation

increased by n-fold, with the base-band
signal frequency (fy) left unchanged since
n=3,

2 (Af)new = 1485kHz &

(fo)New = 300 MHz

New BW = 2(1485 + 5) x10°

=2.98 MHz
=3 MHz

Ans: (d)

S(t) = Ac D1, (B) cos2m(f. + nfy)t
n=—w
Af=3(2f,)) = 12 kHz
Af

B:f—=6

m

SS() = i:S.Jn (6)cos2m(f, +nf )t

n=—o0

f, = 1000kHz, f,, =2 kHz

= cos2m(1008 x10°)t

= cos2m(1000 + 4x2)x10’t
1Le.,n=4

The required coefficient is 5.J4(6)

Ans: (¢)

2nfy, = 4m 10°

= fn =2k
Jo(B)=0atp=2.4

13:%:»2.4:

m

k,x2
2k

ke=2.4KHz /V
atp=>5.5
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£ ACE y
55- 2.4kx2 From f; to f, + 4f;, pass through ideal BPF
£ Powers in these frequency components
_Ac 2 Ac 2 Ac 2
P=—"=JgB)+2—J 7 B)+2—T5()
06. Ans: (¢) R R R
Sol: B =6 A2 A2
Jo(6) = 0.1506 ; J3(6)=0.1148 +2§J§B+2§Jﬁ(ﬁ)
J1(6) =0.2767 ; J4(6) =0.3576
1(6) «6) A2 [(-0.178)? +2(=0.328)" +2(0.049)"
12(6)=0.2429; 2R | +2(0.365)° +2(0.391)°
2
P _, p, = A =41.17 Watts
P, 2R
08. Ans: (d)
2|2
AT 1 T2(B) 2
__Cl0 2 2 2 2 A
Pfcﬂfm Y THI B+LE+ISB+T, 0 Sol: P,= ﬁ (R=10Q)
100
A TP =— =50W
e e (D ER A () ERUA(5) 2
= R| 2
P, .. o _ Power incomponents
e 0'21879 = 0.5759=57.6 % N ol power 0
' é 41.17
07. Ans: (¢) = TXIOO
Sol: m(t) = 10cos20mt —82.35%
fn=10 Hz
. . . 09. Ans: (d)
inserting correct signal and frequency Sol: In frequency modulation the spectrum
B= kA 5x10 _s contains f. = nf; + mf,, where n & m =
£ ~ 10 0,1,2,3.........
AcToB) 10. Ans: (¢)
ACIL(B) ACle B) Sol: Given f, = IMHz
N 2 A A Ach®) finax = fo + ke Am
ch® 2 kp =27 ky
AcI3(B) Acl®) Lk _m
| r|
1
fe-3fn fo2f,  fof, fo  fotfn  fot2f,  f43f, )
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:(10°+l><105J =(10° +0.5x10°) fi=ttaf
2 = £, + Kkt An
=(10° +5x10*) = 100x10° + 10x10° (m(t))
= (10° +50)10° = 110 kHz & 90 kHz
_ 3
= (10" +50) k 13. Ans: (¢)
= 1050 kHz. Sol: S(t) = A. cos (2nfit + kym(t))
fmin = fc _kf Am
_1d 0i(t)
2(106—%x105j fi=7-5 %O
_14d
=1 d @nrfit+kmt)
=(10°-0.5%10°) 27 dt ’
=(10° -5x10* =fc+ik L
( ) 2 " dt m(t)
= (10° =50)10°
f —f +kkp# kp 3
— (10°~ 50) k max e 2n(103j=fc+EX4xm
— 950 kHz 4
11. Ans: (d) =100 kHz+2lx4x1o3
T
Af
Sol: B=— =102 kHz
) f =f —k ‘1
Af min — ¢ p 10_3
Ab= —
=7 )
Af=A¢ £, =f,— 2 kHz
=Kkp Am fn
12. Ans: (c) 14.  Ans: (¢)
Sol: Given +1‘:__/\ Sol: Given,
: . S(t) = A cos (65(t))
T4 N\ _
Al : = A cos (ot +4(t) )
4—— T =107sec > m(t) = cos (Omt)
_ 3
fe=100>10"Hz fi(t) = £, + 2nk(fn)* cOS @mt
_ 3
ki=10x10"Hz _Ldei(t)
m(t)|max =+1 ’ m(t)| min = —1 P 2n  dt

X0 OB 03 T} T 01 @ IO ITETT) Nl Hyderabad « Delhi « Bhopal « Pune « Bhubaneswar « Lucknow « Patna « Bengaluru « Chennai « Vijayawada ¢ Vizag « Tirupati « Kolkata + Ahmedabad




A
/4 N}
v v
v v
VN .Y Engineering Publications

Communication Systems

0i(t) =] 2 fi(t)dt
0.(t) = j 2n[f, +2nk(f, )* cosw, t]dt

cosm,t

0i(t) = 2nft + 2nfn)’ k

o, t

0i(t) = ot + opk sin opt

15. Ans: (b)

Sol: Afmax = Kf | m(t) |max
100
= —x]|10
5 <[]
Af_ = (EJHZ
T

16. Ans: (b)
Sol: Given that
s(t) = cos[®.t + 2mm(t)]volts

1 d
f. = ga[coct +2mm(t)]

i

1 d
= Eapnfct + an(t)]

d
f. =f +—|m(t
R0
we know that f; = f; + kem(t)
Here kim(t) = %[m(t)]
Af = max{kfm(t)}

d
Af = —mlt
max[dt i )}
Af = 2kHz

A m(t)
2

AN AL
AN

d
A—m(t)

2
4
l Vi4 1_4

17. Ans: (a)
Sol: B, =k, max [m(t)[]]=15%x2=3
_ k; max|| m(t)|]
Pr= ¢

m

30002

1000
=6

18. Ans: (a)
Sol: Using Carson’s rule we obtain
BWpn =2 (Bp + Dfin = 8 x 1000 = 8000Hz

BWrwi =2 (Be+1)fn = 14 x 1000 =14000Hz

19. Ans: 70 kHz

Sol: s(t)=A, cos|2nf,t+k, m(t)|
k
f =f +—"ix(t)
2m dt
5 d . 3 3
=20k + = x 5 (sin 4110*t — 10 cos 21 0°t)
2n dt
25 | cos(4nl0’t —10m cos 210’ t)
=20k +—x
21" | (4n10° +10msin 2710°t x 27110°)
f 20k + 2 4 +10m)x 4nx10°
i(t=0.5ms) = +EXCOS( m+107m) % 47 x
= 20k+£><4nx103
27
= 20k + 50k
fi(t:O.Sms) = 70kHz

X0 OB 03 T TR P IO IS0 N Hyderabad « Delhi « Bhopal « Pune « Bhubaneswar « Lucknow « Patna « Bengaluru « Chennai « Vijayawada ¢ Vizag « Tirupati « Kolkata « Ahmedabad




P~

Y
3
W
v
v
(7

/f

v

v
=1

Engineering Publications

Postal Coaching Solutions

Conventional Practice Solutions

01.
Sol:

(a) The spectrum of AM and NBFM are

identical except that the spectral component
of NBFM at frequency f; — f;, is 180° out of
phase. The difference in AM and NBFM
can be shown through the following
spectrums:

a. Spectrum for AM

150 Ap  gA

4 L
I

. f
1,

m fn

0 f;

b. Spectrum for NBFM

t S(H) A

fe— fn

(=}

AB B, W

4

Frequency Modulation:

Changing the frequency of the carrier
according to the message signal amplitude
variations is called Frequency Modulation.

Instantaneous frequency,

fl(t) = fc + Kf m(t)

K¢ = Frequency sensitivity (Hertz / Volt)
For single tone modulation

fi(t) = fo + K¢ Ay cos 2mfy, t

fi,max = fc—+_I<fIAm

fi,min = fc - KfAm

Af = KrA,, = Frequency deviation

Carrier Swing (Total variation of carrier
frequency) =2 Af

, Message (Modulating) signal

>t
ACarrier signal

ANNNNNAN
AFM\O/utpuy vV VIV

PAAAAAAR A

Let s(t) = A. cos 0(t) be the FM wave

o(t) = 2=nfit
do(t) / dt = 2xf;
1de
2w dt N

0(t) = anfi(t)dt
0(t) = 2= j[fe + K, m(t)] dt
0(t) = 2nf, t+2n Kfjm(t) dt

t
S S(t) = A, cos[2nf, t+27K, jm(t) dt]
0

— FM signal

S(t) = Accos [ 2nfe t + K, m(t) ]
— PM signal

For a single tone frequency modulation
m(t) = Ap cos 2nfy, t

2K A sin 2nf | tJ

S(t) = A_cos| 2nf t+
2nf

m

KA
=A, cos{2nfct+ ; . sinZchmtJ

m

Modulation index of FM
B _ Kf Am _Aif
- fm - fm

B <<1, Narrow band FM
B >>1, Wide band FM
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A cos 27t

Narrow Band FM : (B <<1)

S(t) = A cos (2nf, t + B sin 2nfy, t)

A; [cos 2mf, t . cos (B sin 2nf, t)
— sin 2nf t . sin (P sin 2nfy, t)]

When g <<1

cos (B sin 2nft) = 1

sin (B sin 2nfi,t) = B sin 2nfi,t

~ A, cos 27f, t — A, P sin 2xf; t sin (27 fiit)

’Eﬂmgmﬁ—gn—mgﬂﬁ+gm

S(t) = A, cos2nf t+ ATCB cos2n(f, +f Ht— ATCB cos2n(f, —f )t

A
S(F) ==

(f—f,)-8(f+1,)]
+%§b&—g—my@&+g+gﬂ
_ATﬁ[S(f—fc+fm)—8(f+fc—fm)]

B.W of NBFM = 2 f;,

The spectrum of AM and FM are identical
except that the spectral component at f; — f,,
is 180" out of phase.

Pt:PC (1+EJ
2

Generation of NBFM Signal:

Product

Modulator

s(t)

NBFM
Ay, sin 2mfit AAC sin (2nf.1) signal
[o0°]
A.cos 27tfctA A, cos 27tft

Oscillator

Wideband FM : (B >>1)
S(t) = A cos (2nf, t + B sin 2nf, t)

Bessel function of order ‘n

f (x sin 6—n0)
0= (5 et

S(H = Ac 31, ()

n=0,%x1,%£2, ...... t oo

> is given by

cos [275( +nf )]

S(t) = A Jo(B) cos2nf, t

+ Ac J1(B) cos2m (fo+tm)t

+ Ac J1(B) cos2n(f, — fin)t

+ Ac Io(B) cos2m (fo+2fim)t

+ Ac J2(B) cos 2w (fe—2f)t+ ...
S(t)=A_.J,(B)cos2nf_t
+AJ, (B)[cos 2n(f, +f )t —cos2n(f, - )t]
+A_J,(B)cos2n(f, +2f, )t +cos2n(f, —2f )t]

S(f) AJo(B)
2 ACJI (B)
AJ,(B) 2 ALP
- 2 2 -
T f(‘_fm T T
0l fo2f, f, fotfn fot2f,
Y AJ(B)
2
*. Theoretical bandwidth of a WBFM is ‘o0’.
f.=5kHz
k= 10HZz/V
f(t) = 100 cos200 mt
£, = 297 _ 10012
27
A, =100
Af=kfA,=10x100= 1000 Hz
3 = modulation index _Af_ 1000 _ 10
f 100

m

BW = 2(B+1)f,, = 2(10+1)(100)

=2x11x100
BW=22kHz

(b)

Envelope detection

Synchronous
Detection

It is a simple circuit.
Therefore it is used
in broadcasting
receivers

Complex circuitry is
required. Therefore it
is used in point to
point communication.

No synchronization
of carrier

Synchronization  of
carrier is compulsory

No phase and
frequency errors

Phase and frequency
eITors Occurs
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[DSBSC]

Acos(2nf.t) m(t)

Costas Receiver:

One of the method to obtain practical
synchronous receiving system is costas
receiver, suitable for demodulating
DSBSC signals

This system consists of two coherent
detectors supplied with the same input
signal, but with individual local
oscillator signals that are in phase and
quadrature to each other

The detector in the upper path is referred
to as the in-phase coherent detector or I-
channel and lower path referred as
quadrature-phase coherent detector or Q-
channel

These two detectors are coupled together
to form a negative feedback system
designed in such a way as to maintain
the local oscillator synchronous with the
carrier wave as shown in figure.

I-channel
1
—A t
Prgdluct Low-pass| 2 ¢ cos¢m(® 1y nodulated
> modulator— 0 > signal
cos(2nft+¢) y
Voltage
Controlled |« di P-h ase
N 1scriminator
_ oscillator
90
Phase
shifter
l Sin(2nf,t+¢)
Product Low-pass
filter
modulator % A, sin ¢m(t)
Q-channel

Figure: Costas receiver block diagram

Suppose that the local oscillator signal is
of the same phase as the carrier wave,
Accos(2nfit) used to generate the
incoming DSBSC wave. Under these
conditions, we find the I-channel output
contains the desired demodulated signal
m(t), whereas Q-channel output, is zero
due to the quadrature null effect of the
Q-channel.

Suppose next the local oscillator phase
drifts from its proper value by a small
amount ¢ radians. The I-channel output
will remain essentially unchanged, but
there will now be some signal appearing
at the Q-channel output, which is
proportional to sindg = ¢. This Q-channel
output will have the same polarity as the
I-channel output for one duration of
local oscillator phase drift and opposite
polarity for the opposite direction of
local oscillator phase drift. Thus, by
combining the I and Q-channel outputs
in a phase discriminator (which consist
of a multiplier followed by a low pass
filter). A dc control signal is obtained
which automatically corrects for local
oscillator phase errors.

Squaring loop circuit:
Another method for generating a reference
carrier from a DSBSC wave is to use a
squaring loop as shown in figure.

S(ty=
A cos2nf t—m(t)

Phase-locked loop

N WY i 4
y(O)=s"(H) r
Narrow ! Low
Vit
———{ Squarer » Band Filter—u(—@— pass [0
H() N § filter
)
1
|
| Voltage
: Controlled
' oscillator
1
i

frequency
divider
by 2

Carrier wave of
frequency ‘f.’

.. The DSBSC wave is given by

s(t) = Accos(2nft) m(t)

applied to the input of the square circuit, we
obtain

y(t) = AZ cos?(2xf t)m* (t)

2

- % m? (t)[1 + cos(4nf )]
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02.
Sol:

The signal y(t) is next applied to a narrow
band filter centered about 2f.. The output is
approximately sinusoidal as given by

v(t) =

where E is the energy of the message signal
m(t) and Af is bandwidth. This signal is
given to phase locked loop, which consists
of multiplier, LPF and voltage controlled
oscillator (VCO). In the PLL tracking is
taken place and error signal e(t) becomes
zero using VCO. The final output of PLL is
divided by 2’ wusing frequency divider,
which is a carrier signal with frequency ‘f;’.
This carrier is used for the synchronous
detector and it will not produce any phase
and frequency errors.

A EAf cos(4nf.t)

=02
f,=40Hz

Af = 80kHz = 80x10° Hz
flo="?

f, = 200kHz = 2x10° Hz
f,=108x10° Hz

Frequency Frequency Xc(t)
multiplier multiplier T
fi xn;  L=ngf) xnp  f,
Af, Af

Afy = Bfy = (0.2)(40) = 8Hz
Af  80x10°
Af, 8
n,n,=10"

Assuming down conversion

fC
fz _fLO =

n,
Where, fz = Il]f] =n; X 2 XIOS
=2n; x 10° Hz

=10* =n,n,

03.
Sol:

f
fLo :fz -—
n,
6
_n, 2%10° _108><10
n,
n,n,x2x10°-108x10°
fL0=
n,

~ 2x10”-108x10°

n,
~ (2000-108)x10°
n,
1892 x10°
fLo o Vi
1,
By assumption let, n, = 200
4 4
fi{& N N\ 50
n, 200
£y =2 10"
f,, =9.46MHz
n = 50, npy = 200, fL() =946 MHz

Given Audio frequency (f,) =500Hz
Audio frequency voltage (Ap) = 2.4V
Deviation (Af) = 4.8KHz

We know that
3
Modulation index () = A—f M
f 500
=96
K A
Am
Frequency sensitivity (K¢) =2 x 10° Hz/V
Now A, =7.2V
Deviation (Af) = KfAn
=2x10°%x7.2
Af=14.4KHz
Modulation index (B) = g
B=28.8
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ii) An=10V, f,=200Hz

04.

Sol:

Deviation (Af) = KA,
=2x10°x10
Af =20x10°= 20KHz

Modulation Index (B) = g

Disadvantage of FM over AM:

1. A much wider channel is required by
FM, up to 10 times as large as that
needed by AM. This is the most
significant disadvantage of FM

2. FM  transmitting and  receiving
equipment tends to be more complex,
particularly  for  modulation  and
demodulation. = So Circuit is more
complex than AM.

Threshold effect is more in FM than
AM.

Given: carrier c(t) = 10 cos ot

AC =10

Modulating message signal m(t) = 3cosmp(t)
An=3

f. = 100 kHz

fn =4 kHz

Amplitude modulation
A

1. Modulation index p=—== 2 =03
A. 10

2. Channel BW = 2f;, =2 x 4K = 8§ kHz

Frequency modulation
Given sensitivity of the frequency modulator
to be 5 kHz/volt

Af
B= F
Frequency deviation Af = K¢ Ay,

=5x10°x 3
=15%x10°

0s.
Sol:

15x10* 15

=3.75

g 4x10° 4

As B> 1. This is WBFM

The channel Bandwidth B =2(B+1) fi,
=2(3.75+1)4K

=38 kHz
f.=105MHz; fu.x=105.03 MHz
fn=5kHz
(i) Frequency deviation
fnax = fec +AF
Af = fnax— e

=105.03 — 105 =0.03 MHz = 30 kHz
(ii) Carrier swing = 2Af = 60 kHz

3
(iii) Modulating index 3 = At _30x10° _ 6

f ~ 5x10°
(iv) Percentage of modulation
AL 100% =22 1009 = 40%
(Af), .. 75kHz
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Chapter@ Radio Receivers

Objective Practice Solutions

01.

Sol:

02.

Sol:

03.

Sol:

04.

Sol:

05.

Sol:
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Ans: (d)

The image channel selectivity of super
heterodyne receiver depends upon Pre
selector and RF amplifier only.

Ans: (b)

The image (second) channel selectivity of a
super heterodyne communication receiver is
determined by the pre selector and RF
amplifier.

Ans: (d)
Given f; =4 to 10 MHz
IF=1.8 MHz
fsi =9
fi=fs + 2xIF
=7.6 MHz to 13.6 MHz
Ans: (a)
Image frequency fi = f; + 2XIF
=700x10° + 2(450x10%)
= 1600 kHz

Local oscillator frequency, f;= f; + IF
(fl)max = (fs)max + IF = 1650 +450

=2100 kHz
(f)min = (£f)min + IF = 550 + 450
= 1000 kHz
Cpoe [fime | (2100
R = max _ I'max :( j =441
Cmin flmin 1000
Ans: (a)

fy(range) = 88 - 108MHz
Given condition fir < f o f;>108 MHz
f =1, + 2xIF

06.

Sol:

07.

Sol:

08.

Sol:

fii > 108 MHz

f; + 2IF > 108 MHz

88MHz + 2xIF > 108 MHz

IF > 10MHz

Among the given options IF = 10.7 MHz

Ans: (a)
Range of variation
frequency is
fLmin = fsmin + IF
=88 +10.7
fLmin= 98.7 MHz
fLmax = fsmax +IF
=108 + 10.7
fimax = 118.7 MHz

in local oscillator

Ans: 5
f; =58 MHz — 68 MHz
When f, = 58 MHz
fi = fs + 2IF > 68 MHz
2IF > 10 MHz
IF > 5 MHz

Ans: 3485 MHz

fie 3500

— |

st f"l"

fir=15 MHz
fL o =3500 MHz
fs - fL0 = fIF

fy =1, + filr=3515 MHz

fi = image frequency = f; — 2 fi¢
=3515-2x15
= 3485 MHz
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Conventional Practice Solutions

01.
Sol:

(@)

Selectivity:  Selectivity is a receiver
parameter that is used to measure the ability
of the receiver to accept a given band of
frequencies and reject all others.

Selectivity determines the adjacent-channel
rejection of a Receiver. It is also determined
by the response of the IF section, with the
mixer and RF amplifier input circuits.
It varies with the receiving frequency if
ordinary tuned circuits are used in the IF
section.

Selectivity can be measured experimentally
by attenuation factor and frequency of the
same signal.

The attenuation can be given as the ratio of
the voltage required for resonance to the
voltage required when the generator is
tuned to the receiver’s frequency. Generally
attenuation is expressed in decibels (dB).

In the commercial AM broad cast band,
each station’s transmitter is allocated a
10- kHz band width. For a receiver to select
only those frequencies which are assigned
to a single channel, the receiver must limit
its Bandwidth to 10 kHz. If the pass band
is greater than 10 kHz, more than one
channel may be received and demodulated
simultaneously .If the pass band is less than
10 kHz a portion of the modulating signal
information of that channel is rejected or
blocked from entering the demodulator.

Experimental technique: one common
way is to simply give the bandwidth of the
receiver at the —3dB points. This Bandwidth
is not necessarily a good means of
determining how well the receiver will
reject unwanted frequencies. It is common
to give the receiver bandwidth at two levels

100
80 \ / o

?T" \\ 1/

z 60

AN /

N ERNEN

of attenuation .For example -3dB & -60 dB.
The ratio of these two bandwidth’s is called
the “Shape Factor”

- _ Bandwidth (-60dB)
Bandwidth (—3dB)

SF = shape factor (unit less)

= Bandwidth 60dB
below
maximum signal
level

Bandwidth (-60dB)

Bandwidth (-3dB) = Bandwidth 3dB below
maximum signal
level

Ideally the Bandwidth at the —3 dB and
—60 dB points would be equal, and shape
factor = 1. but, this is impossible receiver
might have a -3 dB bandwidth of 10 kHz
and —60 dB bandwidth of 20 kHz which
gives a SF of 2.

A radio receiver must be capable of
separating the desired channel’s signals
without allowing interference from an
adjacent channel to spill over into the
desired channel’s pass band.

Curve for selectivity of the receiver:

=40 -30 _20 =10 0 +10+20 +30 +40
Frequency, kHz

X0 OB 03 T TR P IO IS0 N Hyderabad « Delhi « Bhopal « Pune « Bhubaneswar « Lucknow « Patna « Bengaluru « Chennai « Vijayawada ¢ Vizag « Tirupati « Kolkata « Ahmedabad




A
/4 N}
v v
v v
VN .Y Engineering Publications

24

Postal Coaching Solutions

Receiver tuned to 950 kHz

100 /
@ 80 /
=) \ /
£ \
= 60 \ /
2
g 40
2 \ /
&
= 20 \
—40 =30 20 —10 0 10 +20 +30 +40
Generator detuning, kHz
Sensitivity:

It is defined as the minimum signal strength
that should be maintained at the input of a
receiver to get a standard output. Sensitivity
depends up on the over all gain of an
amplifier. If the gain of the amplifier is
high, the sensitivity is also high. The
sensitivity of a receiver is usually stated in
micro volts of received signal. The signal
to noise ratio and the power of the signal at
the output of the audio section are used to
determine the quality of a received signal.

In commercial AM broadcast band
receivers, a 10-dB or more signal to noise
ratio with 1/2 W (27 dBm) of power at the
output of the audio section is used.

For broadband microwave receivers, a 40dB
or more signal to noise ratio with
approximately SmW (7dBm) of signal
power is the minimum acceptable value.

For a typical sensitivity of a commercial
broadcast band AM receivers is 50 v and a
two way mobile radio receivers generally
has a sensitivity bandwidth of 0.1 pV and
1opV.

Curve for sensitivity of the receiver:
The receiver’s sensitivity is also called
receivers threshold. The sensitivity of an

AM receivers depends on the noise power
present at the input to the receivers, the
receiver’s noise figure, the sensitivity of the
AM  detector, and the bandwidth
improvement factor of the receivers. The
best way to improve the sensitivity of
receivers is to reduce the noise level. This
can be accomplished by reducing either the
temperature or the bandwidth of the
receivers or improving the receiver’s noise
figure.

16

15 ‘/—-\

—_ =
w A

Sensitivity-uV
o

—_
[a—

—_
e

100 1000 1600

Frequency, kHz

Fidelity: Fidelity is a measure of an audio
signal quality. It is defined as the ability of
the receivers to reproduce all audio
frequencies equally in the entire tuning
range at the output of receivers High
fidelity or  (Hi- fi) systems are used for
high quality output.

Ex: CD, DVD players.

It will produce an exact replica of the
original source information. Any frequency
phase or amplitude variations that represent
in the demodulated waveform that were not
in the original information signal are
considered as distortions.

There are three forms of distortion that can
deteriorate the fidelity of a communications
systems

X0 OB 03 T T R R OIS N Hyderabad « Delhi « Bhopal « Pune « Bhubaneswar « Lucknow « Patna « Bengaluru « Chennai « Vijayawada ¢ Vizag « Tirupati « Kolkata « Ahmedabad




v

&5 ACE

v
.Y Engineering Publications

25

Communication Systems

2. Phase

Curve for the Fidelity of a receiver:

1. Amplitude 3. Frequency

I())(:lvtvlélrlt Saturation
1dB
(@Bm) | Yoo '
compression
point
Third order
distortion
output level
L |

80 50 20 Input power

(dBm)

The super heterodyne receiver has a good
gain, selectivity, sensitivity and hence it
finds practical use.

TRF receiver has a non uniform selectivity
hence super heterodyne receiver is preferred
The Block diagram of Super Heterodyne
Receiver is shown in figure.

It consists of five sections namely, the RF
section, the mixer section, the IF section,
the audio detector and audio amplifier
section.

In Super Heterodyne Receiver the RF signal
— IF signal — AF signal

RF Section IF Section
Mixer LS
Pre RF p AF Power
selectpr [2™MP C ; ™ Detectof |AF "ﬂ
Amp
Local
oscillatol

1. RF Section: The RF amplifier internally
consists of a pre selector and an
amplifier stage in a single combined
circuit.

The pre selector is a broad-tuned BPF
with an adjustable center frequency that
is tuned to the desired carrier frequency.

The RF amplifier must be a low noise
amplifier which reduces the noise
bandwidth of the receiver and provides
the initial step reducing the overall
receiver bandwidth to the minimum
bandwidth required to pass the
information signals. The RF amplifier
determines the sensitivity of the
Receiver. It is also called as tuned RF
amplifier. By tuning arrangement, we are
making the resonant frequency of the
tuned circuit equal to the carrier
frequency of the required channel.

The advantages of including RF
amplifiers in a Receiver are

1. Greater gain = better sensitivity

2. Improved image frequency rejection
3. Better signal to noise ratio

4. Better selectivity

Heterodyne means to mix two
frequencies together in a non linear
device or to translate one frequency to
another using non linear mixing.

. Mixer section: The mixer stage is a non

linear device and its purpose is to
convert radio frequencies to intermediate
frequency (RF-to-IF) frequency
translation. Heterodyning takes place in
the mixer stage and radio frequencies are
down  converted to intermediate
frequencies. Always the local oscillator
frequency should be greater than the
signal frequency.
f;>> 1,

fi-f; (down

f, RF Mixer IF conversion)
frf; (up

£ 1 conversion)

Local
oscillator
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A constant frequency difference is
maintained between the local oscillator
and the RF circuits. The down
conversion is done with respect to the
tuned circuit. Tuning means changing
the local oscillator frequency. Mixer will
change the carrier frequency from f; to
fir. The most common intermediate
frequency used in AM broad -cast
receiver is 455 kHz

3. IF Section: IF section consists of an IF
amplifier and BPF. Most of the receiver
gain and selectivity is achieved in the IF
section. IF is always lower in frequency
than the RF because it is easier and less
expensive to construct high-gain stable
amplifiers for the low-frequency signals.

IF = f[ — fs

Choice of IF:

1. If the IF is too high, poor selectivity and
poor adjacent channel rejection.

2. A high value of IF increases tracking
difficulties

3. If IF is very low, image frequency
rejection becomes poorer.

4. If IF is very low, the frequency stability
of the local oscillator should be very
high.

5. The IF must not fall with in the tuning
range of the Receiver.

4. Detector section: The purpose of the
detector section is to convert the IF
signals back to the original source
information. The detector is generally
called an audio detector in the

broadcast receiver  because  the
information signals are audio-
frequencies.

5. Audio Amplifier Section: The audio
section comprises several cascaded audio
amplifiers. The number of amplifiers used
depends upon the audio signal power.

(b) Demodulation of SSB signals:

SSB Product SSB

— . LPF —e—p .
s(t) Modulator v, v, signal

TAC cos 2nf, t

A A, .
s(t) = TCm(t) cos 2nfct$7°m(t) sin 27tf, t

A
v, (t) = Tcm(t) cos 2nf t A_cos2nf_ t

F A2° m(t) sin 2nf, t A_cos 2xnf,t

AZ
= 2C m(t) cos” 2nf, t

AZ
F 2° m(t) sin 2xf,t cos2xnft

A? A?

v, (t) = Tc[l + cos 4nif, t]m(t)$TCrh(t)sin 4rf, t

SV, (1) =AT§m(t)

Consider the locally generated signal as
A cos 2nf. t + ),

Suppose locally generated carrier is not in
phase with incoming SSB carrier.
A o
v, (t) =TC [cos ¢ m(t) Fria(t) sin ¢ ]

If ¢=0°v,(t) :Asz(t)

= Information is not lost
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Againif ¢=90° v,(t) =

= Information is not lost

2

A
< m(t) #0
I ®

So no Quadrature Null effect in the case of
SSB, which is a major advantage over DSB.

(¢) Multiplexing
Multiplexing

is

the

process

of

simultaneously transmitting two or more

individual

communication

signals

over

channel.

a

Due

single
to

multiplexing, it is possible to increase the
number of communication channels so that
more information can be transmitted.

The typical applications of multiplexing
telephony

are in

telemetry,

communication.

satellite

The concept of multiplexing is shown in fig.
The multiplexer receives a large number of
different input signals. Multiplexer has only
one output which is connected to the single
communication channel. The multiplexer
combines all input signals into a single
composite signal and transmits it over the
communication medium. Sometimes, the
composite signal is used to modulate a
carrier before transmission. At the receiving
end of communication link, a demultiplexer
is used to sort out the signals into their

original form.

) —>
) —>
Multiple DEMUX
input o] MUX — —>
signals | i
1
I
—_— —
— —>
Single
communication
channel

Original
input
signals

S.No. TDM FDM
It is a technique to
It is a technique for | transmit several
transmitting several | messages on one
messages on one | channel, message
l. channel by dividing | signals are
time domain slots. | distributed in
One slot for each | frequency spectrum
message such that they do
not overlap.
It requires
commutor 8 5| [ s
2. & modulator, filters
and a
and demodulators.
decommutator  at
the receiving end
it . Synchronization
synchronization .
. between transmitter
3 between transmitter . .
. . and receiver is not
and receiver is .
. required.
required.
Crosstalk problem FDM suffers from
is not severe in crosstalk  problem
TDM. due to imperfect
band pass filter.
It is usually | It is usually
preferred for digital | preferred for analog
signal transmission | signal transmission.
. I i 1
It does not require t requires complex
very Complex circuitry at
S transmitter and
circuitry. .
receiver.

02.

Sol: Given that,

Q=140

Local oscillator frequency fi o= 1010 kHz
Input signal frequency f;= 555 kHz
fro=1f+1

1010k = 555k + f;

.. fi=455kHz

.. Image frequency f; = f; + 2f;

fii= 555 +2x455=1555+910= 1465 kHz

Rejection ratio o =4/1+Q’p’

Where

£, f, 555 1465
o= 41+402 x(2.261)
a=904
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03.

Sol:

IF = Intermediate frequency = 450 kHz
Q=65

(a) fs = tuned frequency of circuit = 1200 kHz

f;=1.2MHz
fi=1f;+2IF=1200 +2x450=2.1 MHz
— fsi fs
fs fsi
b 2112
15 2.1

IRR = 1+ p°Q>

IRR = 4/1+(65)*(1.178)>
IRR = 76.61

(b) f, = 20 MHz

fi=f+21IF
=20 MHz +2x0.45
i =20.9 MHz
J209_ 20 0,
20 209
IRR =5.81
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Random Variables & Noise

Objective Practice Solutions

01.

Sol:

02.

Sol:

Ans: (¢)

A continuous Random variable X takes
every value in a certain range, the
probability that X = x, is zero for every x in
that range.

1 _ x4’
Given Py(x) = e 8 is a
3,27
continuous Random variable therefore

probability of the event {X =4} is zero.

Px(x) 1 . P{X=4}=0

e

Ans: (b)
Given,
X & Y are two Random Variables

Y = cosmx

-1 |
f(x) =1 —<x<—
(x) 5
=0 else where
fly)=?
dx
f(y) =t(x)—
dy
| R
X =—cos (y)
T
dx =—x -1 dy
T /1—y2
d_x_ -1
dy x 1-y°

03.

Sol:

04.

Sol:

05.
Sol:

f(y)=—F—
my1l—y

o,” =E[y’]-[E[y]]’

Ans: (d)

The probability density function of the
envelope of a sinusoidal plus narrrow band
noise is Rician.

2 +A’ Ar

i (1) = Gi exp(-— 5 ()

Ans: (a)
Given,
Differential equation of a system is
A 4y = 20 _x(o
Applying Fourier transform,
= Y(H)(1+ ;) = X()(Gf -1)
Y(f) -1+jf
X(f)  1+jf
The transform function of system is a All
pass filter

= Sy(f) = Sx(f)
Ans: (a)
10°
d
dt .
- ¥ -10 10 f

Syy (£) = [H(F)" S« (F)
H(f) = j2nf
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H(P)|" = 4n’f? 08. Ans: (b) 3
3 2
Sy (1) =418 1 (1) Sol: B = [xp(x)ds =l{"_} -
The Noise power at the output of the LPF is | 402,
10 3 33
N, =[Sy (D)df ECC) = [xPp(xydx =~ 2| =713
-10 e 403 ],
10
_ 202 -6
N, = [4n’f>x107df Var(X) = EOC) — [ECOT = g_I%
-10
10
= 2x4n’ x10°° [£2df
0 09. Ans: (d)
_ ) i ]03 Sol: Rxx(tl, tz) = E[X(tl)X(tz)]
2410 = E[Acosmt; Acosmt;]
= cosot cosot E[A?] [~E [A%]= 1/3]
.. N, = 0.0263W|
= g cosmt;cosmty
06. Ans: (a) fA‘(‘A)
Sol: Given, ,
1’] A SN(f) :
. _ 0 1
PSD of Noise =y No/2 E
T=27 C=300K | . , (1) , ] i .
° : ] o~ = -—%— —> variance 1 1
P —KTB PSD of Noise f(H,) /
E[A’] = o + [E[A]]’
no = KT 11
— -23 ¢ +_
1.38x107°%300 12 a
Mo
PSD=-"2 2 4 1
E[AY]=— ==
2 [A7] o3
=1.38x10% x150
207 10. Ans: (b)
= 107 Sol: Rxy (tl, tz) = E[X(tl)Y(tz)]
Lett, -t =7
07. Ans: (b) E[(Acosmt; + Bsinwt, )(Bcoswt; — Asinmt;)]
Sol: P,=K.T.B " E[AB] = E[A] E[B]
1 E[AB] =0
:(Ex1.38><1023><300j><2><106><2 E[BA]=0
E[A%Y]=0"
=8.28x10°W E[B] = &
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= cosot;.cosot,E[AB] — sinwt;sinmt,E[BA] Rxx(T) «—— Sxx(f)
- E[Az] cosmt;sinmty e Ty
" E[Bz] sinoot, cosets] Normalized Gzlussmn ﬁmCtle;l y
. . =|H =Arf +1)e”
=0-0- GZCOS(D'USIII(D'[Q + 02s1nc0t1coscot2 Syv(D) = [HOFSxx(f) = (4m e
=— GZ(COS(Dtlsin(th + sinwt;cosmty) 13. Ans: (d)
= — osino(tr—t) (" T = (tr—t1)) Sol:
= — o’sinot
+ 1Y
X(t) — | —
11. Ans: (b) ® a YO
Sol: X(t) = positive frequencies required Delay ’
E[X*(t)] and E[X(1)] 0.5 ms
200 1 I d
EIX'(0] = - j S xx (0)do Y = (X(O+X(1-1,)
— i —j2nfty
21(400%(2000))(6]: 6400 Y(f) = j2nf (1 +e 72 )X ()
T T Y(f
: H() =
E[X(H)]=0 X(f)
[~ The given function 1s periodic = 2mf(1+ e ™)
function] 5
|H(f )| = 4cos’nfty
Sx(®) )
A Syy(f) = [H®["Sxx(f)
4008(c—10°) = 47 (2cos(ntftq))*Sxx(f)
‘ At Syy(f) =0
nfty = (2n+1)L
2t
5 ” > (10%) .
2 f= (o)L
2x0.5x10"
12. Ans: (a) f=(2n+1)10°
Sol:
H(f) = j2nf f=(2n+1)fy
+ f() =1kHz
— Y(1)
X A 14. Ans: (b)
Sol:
Overall H(f) = j2nf -1 + Ny/2 H(f)
_1.”2 4 4 N0/2
Rx(t)=¢ —_—t —> —
Y(t) = X(1)*h(t) L
HDP = @n’f+1) - o o
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Uncorrelated = cov(t) = Rxx(t) —*x(1) 17.
cov(t) =Rxx(t) =R, (1)=0 Sol: Since
=Noy sin(2ot) = 0, sinCx = 0; x is an y(t) = gp () + X(t) +v3/2
integer and g, (t) and X (t) are uncorrelated, then
2ot=m Cy(1)=C, (1)+Cx (7).
=™ integerm=1,2,3....... Where Cgp(7) is the auto covariance of the

15.
Sol:

Ans: (b)
We know that,

ACF<EILs S,(H)

Taking Inverse Fourier Transform

F[S, (0]= |8, (t) e df

. B,
By _ N 2nfr |
R,(1)= j&eﬂ"ﬁdf F s
B, 2 2 | j2=mt
-B,
B NO ejZTEBOT __e—jZTrBOr
21t 2]
N
= Z—T:Tsin(ZnBor)
_N.B sin(2nB, 1)
o 2nB,T

R, (1) =N B,sinc(2B,7)

16. Ans: (b)
Sol: R (1)
NoBy

\\/kf\ e
MaT

2B, 2B, 2B, 2B,

1
2B, 2B, 2B, 2B,

JAVIVAY,
AV

1 t t)
|t1 —t2| = multipleof B

periodic component and Ci(t) is the auto
covariance of the random component Cy(1)
is the plot figure shifted down by 3/2,
removing the DC component Cgy(t) and
Cx(7) are plotted below

Cep(J)
0.5
\/ 0 \/
05
C(D)
1.0
]
-T 0 T
Cx(J)
1.0
J
-T 0 T
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Both gy(t) and X(t) have zero mean, The ac power contained in X(f) is
Average therefore equal to fj.
(a) The power of the periodic component
g,(t) is therefore, (d) If the sampling rate is fo/n, where n is an
1 (2, 1 integer, the samples are uncorrelated.
T_LTO 1280 (t)dt = Cgp (0)= P They are not, however, statistically
. T}(; - q independent. They would be statistically
(b) The average _power 0 the  random independent if X(t) were a Gaussian
component x(t) is process
E[X" (1) ]=C«(0)=1 '
18. 19. Ans: (a)
Sol: Sol: T, = 50%
(a) The power spectral density consists of two
components: Pre amp
. .. NF=2dB |——
(1) A delta function 8(t) and the origin, G=40dB
whose inverse Fourier transform is
(2) A triangular component of unit logo NF = 0-% |
amplitude and width 2f;, centered at _ NF = 10™
the origin; the inverse  Fourier Noise temperature = (F 321) T,
transform of this component is f =(10""-1) 2900
sincz(for) . ‘ =169.36 K
Therefore, the autocorrelation function of Noise power 1/213 =k T.B ]
X(t) is =1.38 x 107" x (169.36 + 50) x 12 x 10
Rx(1) = 1+f; sine? (fo1) Noise power at o/p = (3.632 x 10 %) x 10*
_ 10
Which is sketched below: =3.73 %10 watts
Lif 20. Ans: 100 W
Rx(t) / \ Sol: E[x*(t)] = E[(3V(t) — 8)*]
=E[(9V(t)* + 64 — 2x3V(t)x8]
= E[(9V*(t) + 64 — 48V (1)]
= 9E[V*(t)] + E[64] — 48E[V(1)]
T T T L T T [Hv(t)]zo’ EIVz (t)]:MS:R(O) :4e_5(0) :4’
i i i 1 i Lo E[constant ] = constant ]
3 22 21 ) | 2 3 ¢ E[x(t)] = 9x4 + 64 = 36 + 64
T T  F P =100
0 fO f0 f() f0 fo
(b) Since Rx(t) contains a constant é})l Ans: (b)
component of amplitude 1. It follows that ’
the dc power contained in X(t) is 1. l
_l’_
(¢) The mean-square value of X(t) is given by W O — Y (t)
E[X’(t)]=R«(0) Delay T, B
= 1+f()
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Y (1) = X(t) - X(t - To)
ACfofo/p=Ry (1) =E [y(t) Y(t + 7)]
Ry () =E [(X() - X (t - To)] [X (t+ 1)
- X(t+1-Ty)]
Ry (1) = E [(X(1) X (t + 1) - X()X (t+1-To)
- X (t—T,) X(t+ 1)
+ X (t—To) X (t+1—T,)]
Ry (1) = [Re (¥) = Ry (¢ = To) = Ry (1 + To)
+ R« (7)]
Ry (1) =2 Rs (1) =R (1 -To) =Ry (t + T)

Conventional Practice Solutions

01.
Sol:

The auto correlation function
RXX (T)I e(_#/z&) —0<T1<L00

From the wiener-khinchin theorem auto
correlation function and power spectral
density form a fourier transform pair

R, (1)>8,(F)

Where Sx(f) is PSD (Power
density) of the signal.

SXX (f) = '[RXX (T)e_ﬂ”ffd,c

spectral

o0
—12/26% _—j2nfi
Sxx(f)= Ie Tiso e M e
-

Normalized average power

Pan - .[SXX (f)df = \/ﬁ Je’zﬁznzt‘zdf

_ 2 T _
=+/210 ‘/26271_2 =1W
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02.
Sol: (i) Given values

gzlo“vz/Hz
3dB bandwidth of RC filter is wq
= 2m(1000)
The frequency response of an RC low
pass filter is H(w) with a 3dB cutoff
frequency is given by
1

O e,

Now output Noise power Ny is given by
1 ©n 2
N, =E|n;(t)|=— [ = [H(0)| do
o =Elni0]=5 [ H)

Substituting value of H(®)
nl e 1

In
Ny=——o
0 22 0

= %XIO_12 x 21t x1000W

[ @, =21(1000)]
=3.14 x 10~ Watts
=3140uWatts

(i) Ry(t) = 2¢
Ry(t) = e
Ri(t) = E(x(t) r(t+7))
=R[(s(t) + n(t)] [s(t+7) + n(t+1]]
= E[s(t)s(t+0)[*E[s(Dn(t+1))]
+ E[s(t+t)n(t+1) [+E[s(t+1)n(7)]

Since s(tf) & n(t) are

independence

E[s(t+t)n(t)] =0

E[s(t)n (t+t1)] =0

Ry(7) = E[s(t) (t+1)] + E[n(t)n(t+7)]
=R (1) + Ry(7)

Ry(t) =2¢ "+ ¢

R/(0) gives total power of r(t)

. Total power = R(0)=2¢ " + ¢

=3W

statistically
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Noise in Analog Communication

Objective Practice Solutions

01.

Sol:

02.

Sol:

Ans: (d)
Output of the multiplier
= m(t). cosw,t cos(m,t + 0)

()[

cos(2m,t+ 0)+cos 6]
Out _ m(®)
put of LPF V(t) = 5 ——=cos9

1
= — cosf m(t
5 cos O m(t)

Power of o/p signal = 1t 1 J ve (t)dt
T T g

1 (1 ’
= TI;tw¥ I (Zcosem(t)j dt

<T>

2
= —cos 0 m (t)dt}
4 |:T <JF.>
2
= —cos 0 P
Ans: (a)
— T Rx —
Video signal P,=40 dB=10*
W=100 MHz
nj = No

n; =ng xW =107 x 100 x 10°

P
S— oMWy g
P, 10
n;=1072° %100 x 10°
-7
5 _ 10 - =10°=50dB
n, 1072
S—=50dB
n.

1

03. Ans: (b)

Sol: Af=75kHz
f,= 15 kHz
[Ej =40dB =10"
N 0
3 Af
FOM ==B*; B=—
2l3 B P
)
NO ZEB2
S. 2
)
S/)_(8) .2, 1
) (NJ 5

04. Ans: (¢)

Sol: (Ej =10dB ; FOM = l
N/ 3
(E) = l><10 =3.33
NJ, 3
05. Ans: (a)
Sol:
DSB
Pl: ) FOM=1
Au@’ TX RX
P,= 40 dB=10*
BW=10kHz

06. Ans: (a)
Sol: For SSB modulation

S, S,

=—=10*
N, N\,

n,

=),

_104
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(Only SSB modulation in one sided n/2) Conventional Practice Solutions
Py=7? tn/2

01.
izs_o ~10* Sol: White noise PSD is,
n;, n, > Gn(f)
Si=10"x 10 x 10’ x 2 x 10~ w/Hz n2
Si=20x 107"
[H(D)
(Si)aB = (Py)a — (Py)aB
+ +
(Po)a = (Si)as + (PL)aB ¢+ B ,B By . B
° 2 2 ° 2 ° T2
P, = SiPL =20 x107°x10" ,
_ Output PSD = input PSD x [H(f)|
H(f)=1 f,——<[f]<f, +—
2 2
07. Ans: (c) = Output PSD = input PSD ;
Sol: For AM f _§g|f|gf0 +§
.
FOM = 3 (ifp=1) Output power
B B
So _(1)S0 =2 “*2(output PSD )df = [ A g{ﬂjdf X2
NO 3 Ni fo _E fo—— 2
S n
= S, =3 —* |xN, =2 x—[B]=nB Watts,
N, 2
=3x10*x2x107° x10kHz 02
=06 Sol: Resistance of antenna R, = 50Q2
P =S, xP, Equivalent noise resistance
=0.6x10" B =300
_ R
=6KW f=1+ eq:l+£
R, 50
08. Ans: (b) f=16
f(dB)=2.04 dB
SNR
Sol: Noise figure = @ =101log 1.6
(SNR),,» f(dB) = 2.04 dB
Nf,q5 = SNR; 5 — SNR te=To(f~1)
& @ i But T, =290 = 17°C
SNRo/p.a8 = SNRypa — Nfgp
B 03.
=37-3 Sol: Given data
=34 dB Noise resistance (Req) = 220Q
Input resistance (R) = 300Q2
Bandwidth of Amplifier (B) = 6MHz
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Temperature (T) = 18°C =273+18 = 291K
~.Rp=Req+ R =220+ 300v = 520Q

Noise voltage (V) = \/4KTBR

= J4x1.38x102 x291x520%6x10°
=6.89 pV

04.
Sol: ! = ! + ! + !
(S/N)overall (S/N)l (S/N)Z (S/N)3

Given that (Ej =(§j :(E} .
N 1 N 2 N 3
(Ej _ 60dB
N 1

:(Ej =10°
N 1

I UV S
(S/N),..y  10° 10° 10°

[ S j 10°
= — =—
N overall 3

6
(E) =1010g[%}=1010g106—1010g3
overall

(Ej =60—-4.771=55.228dB.
overall
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Chapter Baseband Data Transmission

Objective Practice Solutions

01. Ans: (d)

S 01 . — max min

=0.0125

02. Ans: (3)
Sol: (BW)pCM = ans

Where ‘n’ is the number of bits to encode
the signal and L = 2", where ‘L’ is the
number of quantization levels.

L1 =4 = n = 2

L2 =64 = n,= 6

(BW), n, 6

=—=—=3
(BW), n, 2
(BW),=3 (BW),
03. Ans: (¢)
Sol: Given,
Two signals are sampled

with f;=44100s/sec and each sample
contains ‘16’ bits

Due to additional bits there is a 100%
overhead.

Out put bit rate =?

R, = n‘fs‘

f,' = 2f, = 2 [44100]

(-two signalssampledsimultaneously)
n'=2n
(" due to overhead by additional bits)
Ry = 4 (nf;) = 2.822Mbps

04.
Sol:

05.
Sol:

06.
Sol:

07.
Sol:

Ans (¢)
Number of bits recorded over an hour
=Ry x 3600 = 10.16 G.bits

sin(4nWt)
AnWt (1-16 W? t%)

At t = L ; P L — 9
4W 4W 0
Use L-Hospital Rule
Ltl p(® = Lt 4tW cos(4nWt)

(o L AnW-64T W (3t%)
4W

4w

p(t) =

4TW (1)

4nW-64n W3 | .
16 W

-4 W N
-8 W

0.5

Ans: 35

Given bit rate Ry, = 56 kbps, Roll of factor
a=0.25

BW required for base band binary PAM
system

BW = %[1 +a] = %[1 +0.25]kHz

= 35kHz
Ans: 16
Ry, = nf; = 8bit/sample x 8kHz = 64 kbps
R
(BT)min =—_°
2log, M
_ R, R,
2log,4 2x2
_R,_64
4 4
= 16kHz
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08. Ans: (b) Option (a) is correct if pulse duration is
Sol: Given f; =1/T; = 2k symbols/sec from —1 to + 1
F.T . . . .. .
IfP(f) & p(b), Option (c) is correct if the transition is from
Condition for zero ISI is given by 0.8t01.2,-0.8t0 1.2
1 & Option (d) is correct if the triangular
T Z P(f —n/T,)=p(0) duration is from —2 to +2
= P(f—-n/T,)=p(0)T
n;c ( ) =PO)T, 09. Ans: 200
p(0) = area under P(f) Sol: m(t) = sin 1007wt + cos 1007t
p(f) = /2 cos [100mt + ¢ ]
1
A=0.75= Vmax ; Vmin — \/E _IS_\/E) _ Zf
fkH
T2 08 0 08 12 [6H2)
1 L= & ~4=2"
Area = 2 xE(l)(0.4)k +2x0.8k = 2k S 075
1 Son=2
p(0) Ts= 2k x ET 1 f=50 Hz so Nyquist rate = 100
i So, the bit rate = 100 x 2 = 200 bps
= Y P(f-n/T)=1
10. Ans: (b)
The above condition is satisfied by only sl Gt
Option (b) fml = 36kHZ = fsl = 72kHZ
iP(f—n?.k) £, =f, =12kHz=f =f =24kHz
n=—-o 4 fs = fsl F fsz + f3
= 12kHz
. “ No. of Levels used = 1024
i\\v/li i\\ //E i\\lvlli i\\ /,E —~n= lObltS
< :// \\: :/, \\: :/’ \\: :// \\: > [© Bit rate = nfS
_ _ f (kH
2-12-08 o 0812 2 G ~10 x 12 kHz
U =120 kbps
| 11. Ans: (a)
) : Sol: (fs)min = (fs] )min+ (fs2 )min
) 0 > + (£, Jmin + (£, imin
o =200+ 200 + 400 + 800
) P(f-n2k)=1 = 1600 Hz
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12. Ans: (¢ 2" =500
Sol: n=9
Ry, = n(f; +9
CConn Cx s = D(fs)rom
fs = RN + ZO%RN = RN + 02RN
4+r fs =12RN=1.2 x2x®
Wi fs = 2.4 K samples/sec
«— T —— (fs)rpm = 3(fs)
N =5x24K
Minimum B.W of TDM is ZWi = 12 K sample/sec
i=1
Rb = (nfs) + 0.5%(Ilfs)
13. Ans: (b) =(9 x12k) + £(9x12k)
Sol: Number of patients = 10 100
ECG signal B.W = 100Hz = 108540 bps
(Qe)max < (0.25) %V max
2V 3 0.25 15. Ans: (b)
2%2" T 100 ™™ Sol: To avoid slope over loading, rate of rise of
2" > 400 the o/p of the Integrator and rate of rise of
n238.64 the Base band signal should be the same.
n=9
. . .. Af; = slope of base band signal
Bit rate of transmitted data = 10x9x200
— 18kbps Ax32x10° =125
A=2"*Volts.
14. Ans: (a)
Sol: Peak amplitude —> A, 16. Ans: (b)
Peak to peak amplitude A, Sol: (1) = Emsin2nfu(t)
A A A |dm® — slope overload distortion
— SQe=— T dt
2 2 s
A takes place
PCM maximum tolerable — = 0.2% A,
Peak to peak 2A/m 0.2 Af,
A= = = Am —3 <Epfn wA=0.628
L 2L 100 = on ( )
2A .
(A= 0my N 0.628 x 40K <Ef.
L 21
=L =500 fs =40 kHz => 4 kHz < Epfy,
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Check for options

(@) Enxfn=03x8K=2.4kHz
(4K ¢ 2.4 K)
(b) Em x fn=1.5x4K =6 kHz
(4K < 6 K) correct

(€) Em x fn=1.5x 2K =3 kHz
(4K ¢ 3K)

(d) Em x fn =30 x 1 K =3 kHz
(4K ¢ 3K)

17. Ans: (a)

Sol: Given
m(t) = 6 sin (2nx10’t) + 4 sin (4nx10%t)
A=0314V

Maximum slope of m(t) = %(m(t))/ = 5

= 2nx10°(6) + 4nx10°[4] = 287x10°

18. Ans: (¢)

Sol: Pulse rate which avoid distortion

d
Af. =—m(t
ST (t)
f 281 x10°
) 0.314

f, = 280x10° pulses/sec

T
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Conventional Practice Solutions

01.

Sol

(i) A PCM Generator or Transmitter
The elements of a PCM system (i.e., transmitter, transmission path and receiver). Here we shall
discuss the PCM generator (i.e., transmitter) from a practical point of view. Figure shows a
practical block diagram of a PCM generator.

Bandlimiting v-digits
Low pass Sampl Bi o parallel PCM
amples x(nT, mary "| Parallel to
X(®) | Filter with and hold ( J a-level [ Xa (0T Jepeoder serial M,
continuous | Cut-off freq (S/H) circuit [pAM | quantizer | QUaNUZed) (qiisizery L] converter | T = Vi
time message |_f= iy . signal PAM —
signal D.1g1tally encoded
Signal
f
@—> Timer
{21,

Figure (1): A Practical PCM generator

In PCM generator of figure (1) the signal x(t) is first passed through the low-pass filter of cut-off
frequency f,,, Hz. This low pass filter blocks all the frequency components which are lying above
f, Hz.

This means that now the signal x(t) is band limited to f,, Hz. The sample and hold circuit then
samples this signal at the rate of f;. Sampling frequency f; is selected sufficiently above nyquist rate
to avoid aliasing. i.e., fy >2f,

In figure (1) the output of sample and hold circuit is denoted by x(nT;). This signal x(nT) is
discrete in time and continuous in amplitude. A g-level quantizer compares input x(nTs) with its
fixed digital levels. It assigns any one of the digital level x(nT;) with its fixed digital levels.
It assigns any one of the digital level to x(nTs) which results in minimum distortion or error.
This error is called quantization error. Thus output of quantizer is a digital level called xq(nT5).

Now, the quantized signal level x4(nT;) is given to binary encoder. This encoder converts input
signal to ‘v’ digits binary word. Thus x4(nT;) is converted to ‘v’ binary bits. This encoder is also
known as digitizer.

Also, an oscillator generates the clocks for sample and hold circuit and parallel to serial converter.
In the pulse code modulation generator discussed above, sample and hold, quantizer and encoder
combinely form an analog to digital converter (ADC).
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PCM Receiver:

Here we shall discuss a PCM receiver from practical point of view. Figure 2(a). shows the block
diagram of PCM receiver and figure 2(b). shows the reconstructed signal. The regenerator at the
start of PCM receiver reshapes pulses and removes the noise. This signal is then converted to
parallel digital words for each sample.

Now, the digital word is converted to its analog value denoted as x4(t) with the help of a sample
and hold circuit. This signal, at the output of sample and hold circuit is allowed to pass through a
lowpass reconstruction filter to get the appropriate original message signal denoted as y(t).

v digits
pooming Clean » Digital to Sampl Low pa
i i ple pass
PCM+ pCcmM | Serial ) % (0) s |
WIW’ Regenerator > to parallel ! analog (D/A) sjandhold LT, ﬁl_ter with
¢ converter |, |converter (S/H) circuit f.=f,
f, fy
sync _,| Timer
(a)
x(t) Xq(t)
\.D S,
5/q 4 g
X(kTs) 6
3/q+¢ B

1/q4 g— —

—l/q ,0"— kTs

(b)

Figure (2) : (a) PCM Receiver (b) Reconstructed waveform

Applications of PCM
Some of the applications of PCM are as under:
(i) In telephony (with the advent of fibre optic cables)

(i1) In the space communication, space craft transmits signals to earth. Here, the transmitted power is
very low (10 or 15W) and the distances are huge (a few million km). Still due to the high noise
immunity, only PCM systems can be used in such applications
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Advantages of PCM

Following are the advantages of a PCM system:

(1) Very high noise immunity

(i) Due to digital nature of the signal, repeaters can be placed between the transmitter and the
receivers. The repeaters actually regenerate the received PCM signal. This is not possible in analog
systems. Repeaters further reduce the effect of noise

(111) It 1s possible to store the PCM signal due to its digital nature.

(iv) It is possible to use various coding techniques so that only the desired person can decode the

received signal

Disadvantages of PCM:

A PCM system has few drawbacks as under:
(1) The encoding, decoding and quantizing circuitry of PCM is complex
(i1)) PCM requires a large bandwidth as compared to the other systems

Quantizer: A g-level quantizer compares the discrete —time input x(nT;) with its fixed digital levels.
It assigns any one of the digital level to x(nTs) with its fixed digital levels. It then assigns any one
of the digital level to x(nTs) which results in minimum distortion or error. This error is called
quantization error. Thus, the output of a quantizer is a digital level called xq(nT;).

Classification of Quantization process:

Quantization

l

Uniform quantization Non-uniform quantization

l l

Midtread type Midrise type

Figure (3) : Classification of quantization process

The quantization process can be classified into two types as under:
(1) Uniform quantization

(i1) Non-uniform quantization

This classification is based on the step size.

(i) Uniform Quantizer
A uniform quanitzer is that type of quantizer in which the ‘step size’ remains same throughout

the input range.

(ii) Non Uniform Quantizer
A non-uniform quantizer is that type of quantizer in which the step-size varies according to the

input signal values.
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A uniform Quantizer

A quantizer is called as an uniform quantizer if the step size remains constant through out the
input range.

Types of uniform quantizer

There are two types of uniform quantizer as under:
(1) symmetric quantizer of the mid-tread type

(i1) symmetric quantizer of the midrise type.

Basically, quantizer can be of a uniform or non-uniform type. In a uniform quantizer, the
representation levels are uniformly spaced. Otherwise, the quantizer is non-uniform. Now, let us
consider only uniform quantizers.

The quantizer characteristics can also mid-tread or midrise type. figure 4(a). shows the input-
output characteristics of a uniform quantizer of the mid-tread type, which is so called because.
The origin lies in the middle of tread of the staircase like graph. Figure 4(b). shows the
corresponding input-output characteristics of a uniform quantizer of the midrise type, in which
the origin lies in the middle of a rising part of the stair case like graph. It may be noted that both

the mid-tread and mid-rise types of uniform quantizer illustrated in figure (4). are symmetric
about the origin.

output output

level level

4t 4t

3t ‘ 3+ —

2 2

1+ 11
] 1 1 1 ] J Il > } J } J 0 J ] 4 1 > In t
- - - ——+——+—+——nput - - - - - +——+——+—— 1npu
3 2 1|00 1 2 3 4 le\I/)el -4 -3 -2 - | 1 2 3 4 level

11 15

12 L3

13 — L 4

4
(a) (b)

figure (4) Two types of uniform quantization: (a) Mid-tread, and (b) Midrise

2 . 2
Quantization error = A = M
12 12
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Postal Coaching Solutions

It can be reduced.

(1) By reducing the step size

(2) By increasing the level of quantizer
(3) By reducing the amplitude range.

(ii) (%L = 101og10(%j =20

02.

Sol:

(i) Xonax = 3.8V

P=30 mW
§ B 3p.2%Y
N x>

max

2
P= [Ej_xmg
N)3.2

2
30x107° =P=100x(33'282)V
52 _ 100 x (3.8)’

3x30x107°
() - 10x3.87
3x107"
2V =@
3

V =log, 126.66
V =6.98 = 7 bits
V=7 bits

The samples of a signal are highly correlated with each other. This is because the signal does not
change fast. This means that its value from present sample to next sample does not differ by large
amount. The adjacent samples of the signal carry the same information with a little difference.
When these samples are encoded by a standard PCM system, the resulting encoded signal contains
some redundant information. To overcome this redundancy, DPCM is used.
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Differential Pulse Code Modulation (DPCM) Transmitter

<

Sampled
Input + e(nTy) . eq(nTy)
» Quantizer > Encoder [— DPCM
x(nTy) signal
o)
" Z
2
Prediction
filter xy(nTy)

Fig: A Differential PULSE CODE MODULATION Transmitter.

Working Principle:

The DPCM works on the principle of prediction, the value of the present sample is predicted from
the past samples. The prediction may not be exact but it is very close to the actual sample value.
The sampled signal is denoted by x(nTs) and the predicted signal is denoted by )A((nTs )

The comparator finds out the difference between the actual sample value x(nTs) and predicted
sample valueX(nT,). This is known as Prediction error and it is denoted by e(nTs). It can be

defined as,
e(nT;) = x(nTs) — f((nTS ) e (D)

The error is the difference between unquantized input sample x(nTs) and prediction of it )Z(nTS )

The predicted value is produced by using a prediction filter. The quantizer output signal gap
eq(nTs) and previous prediction is added and given as input to the prediction filter. This signal is
called x4(nTs). The prediction is more close to the actual sampled signal. The quantized error
signal eq(nTs) is very small and can be encoded by using small number of bits. Thus number of
bits per sample are reduced in DPCM.
The quantizer output can be written as,

eq(nTs) = e(nTy) + q(nTs) .....(2)

Here, q(nT;) 1s the quantization error. The prediction filter input x4(nTs) is obtained by sum )Z(nTS)
and quantizer output i.e.,

x4(nTy) = R(nT,) + eq(nTy) ..... (3)

substituting the value of eq(nTs) from equation 2 in equation 3, we get,
xq(nTy) = X(nT, )+ e(nTy) + q(nTy)
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Equation 1 is written as,

e(nT;) = x(nTs) — ﬁ(nTs)

. e(nTy) + X(nT,) = x(nTy)
Xq(nTs) = x(nT;) + q(nTy)

This equation does not depend on the prediction filter characteristics.
Hence, the quantized version of the signal x4(nTs) is the sum of original sample value and
quantization error q(nTs). The quantization error can be positive or negative.

DPCM receiver:
The decoder first reconstructs the quantized error signal from incoming binary signal.
The prediction filter output and quantized error signals are summed up to give the quantized

version of the original signal.

Thus the signal at the receiver differs from actual signal by quantization error q(nT;), which is
introduced permanently in the reconstructed signal.

DPCM

signal
——| Decoder

Output

>

Prediction
filter

Fig: DPCM receiver

Table: Comparison between PCM and Differential Pulse Code Modulation

S.No Parameter of Pulse Code Differential Pulse Code
“" | comparison Modulation (PCM) Modulation (DPCM)
Number of bits. It can use 4, 8 or 16 bits Bits can be more than one but less
1.
per sample than PCM
Levels and ste The number of levels depend on
2. . P umber of bits. Level size is Here, fixed number of levels are used.
size
kept fixed
3 Ezﬁisrvsilstfn Highest bandwidth is required | Bandwidth required is lower than
' since number of bits are high PCM.
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03.
Sol:

(1)

(i)

(iii)

Here an accuracy is given an * 0.1%. this means that the quantization error must be +0.1% or the
maximum quantization error must be +0.1%.

Thus, gmax = £ 0.1% = +0.001

We know that the maximum quantization error for an uniform quantizer is expressed as

A
Smax =I5

.
‘é =0.001
2

Therefore, A = 0.002
We know that the step size, number of quantization levels and maximum value of the signal are
related as

2
A - Xmax (1)
Q
Given |xmaX =10volts

From equation (1)

Q = 10000

The maximum frequency in the signal is given as 100Hz, i.e,
fm = 100Hz

by sampling theorem minimum sampling frequency should be
fi> 21,

fy > 2x100

f; > 200Hz

We know that minimum 10,000 levels should be used to quantize the signal. If binary PCM is used,
then number of bits for each samples may be calculated as under i.e.,
v
q=2
Here, V = bits in PCM
Q = number of levels.
10000 = 2"
10g1010000 =V 10g102
—=0=13.288

2
08

V = 14 bits

V=

The bit rate or signalling rate is expressed as
r 2> vi

r> 14x200

r > 2800 bps
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(iv)

04.
Sol:
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the transmission bandwidth for PCM is expressed as
BW >~
2

BW > 2800

BW >1400Hz

Regenerative Repeater:

A digital communication system is more robust to the noise and distortion. The main reason for the
superiority of digital systems over analog is the viability of regenerative repeaters. Repeater
stations are placed along the communication path of a digital system at distances short enough to
ensure that noise & distortion remain within limit.

At each repeater station, the incoming pulses are detected & new clean pulses are transmitted to
the next repeater station with repeaters, we can transmit signals over longer distances with higher
accuracy.

On the other hand, the distance in analog communication is limited by the transmitted power.

An amplifier strengthen the applied signal upto some extent i.e., an amplifier multiplier the signal
with a fixed gain, where as a repeater, the values are saturated i.e., the output values can be logic 1
or logic 0 respective levels.

Below figure shows the block diagram of regenerative repeater.

; Decision

ANN R T
I

Amplifier
—> &

‘J\'\ /N\ Equalizer
\/

A4

Regenerator [—»—

T'imir'lg _T

circult J_l_l_l_

Repeaters are actually amplifiers with suitable frequency response characteristics, placed at the
regular intervals along the transmission channel.

Repeater:

The repeaters are used in a digital link are necessarily regenerative, i.e., they amplify as well as
regenerate the error free transmitted signal from distorted and attenuated received signal through a
decision device at the receiver end.

Three basic functions are performed by regenerative repeater as follows.

(1) Reshaping of the incoming pulse train using an equalizing fitter.

(i) Extracting necessary timing information for sampling

(ii1) Decision making based on the state of transmission from sampled values.

Equalizer:

The function of equalizer is to shape the received pulse so as to compensate the phase and
amplitude distortion by the transmission channel.

An equalizer is a filter that compensates for the dispersion effect of the transmission channel.

Timing circuit:
Timing circuit produces train of pulses in order to take decision at regular intervals i.e., bit
duration (tp).
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05.
Sol:

Companding is non uniform quantization. It is required to improve the signal to quantization noise

ratio of weak (or) low level signals.
2

The quantization noise is given by N =—. In the uniform quantization, once the step size is
12

fixed, the quantization noise power remains constant but the signal power is not constant which is
proportional to the square of signal amplitude. Hence signal power will be small for weak signal,
but quantization noise power remains constant. Therefore, the signal to quantization noise for the
weak signals is very poor. This will affect the quality of signal. The remedy is to use companding.
Companding is a term derived from two words i.e., Compression and expansion. It is the process
of compressing and then expanding.

Input
—>| Compressor [

Output

Uniform —>| Expander —o

Quantizer

With companded systems, the higher amplitude analog signals are compressed before the
transmission and then expanded in the receiver. Companding is a means of improving the dynamic
range of a communication systems and increasing the SQNR for low level signals.

Analog Companding:

In the transmitter of PCM, the dynamic range of the analog signal is compressed, sampled and then
converted to a linear PCM code. In the receiver of  PCM, the PCM code is converted to a PAM
signal, filtered and then expanded back to its original dynamic range.

There are two methods of analog companding being used that closely approximate a logarithmic
function and are often called log-PCM codes.

The two methods are

I. p-law. 2. A-law.

p - law: The compression characteristics for p —law is

V.
In (1 + MVmJ
Vout _ max : 0 < Vin < ‘I

V...  In(l+p) \%

max max

It is the process of compressing and then expanding.

1.0

0.8—

0.6—

0.4—

Relative Output Amplitude

No compression

0.2—

<

[ I
02 04 06 08 10

Relative Input Amplitude
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V = maximum uncompressed analog input amplitude (V)

max

<

V. =amplitude of the input signal at a particular instant of time (V)

p = Parameter used to define the amount of compression (unit less).
V ou = compressed output amplitude.

It is mainly used in USA and JAPAN.

For example 8 bit code

2% =256(0-255) ..u =255

For Early Bell System 7 bit code p =100

The minimum dynamic range of voice transmission is 40dB. For a relatively constant SQNR and

40dB dynamic range,
a n>100 is required.

p law is linear at low levels, u |V | <<I and logarithmic at high input levels p|V_, | >>1.

2. A-Law Companding: The compression characteristics for A-Law Companding is

A Vin
Vmax : OS Vin Si
V. |1+hnA V. A
V... A
max I+1In| A Vin
Vmax 1 \%
S < <
1+InA AV

‘A’ is the compression coefficient and the practical value of A = 87.56.
For a special dynamic range, A law companding has a slightly flatter SQNR than p - law

A-law companding is inferior to p- law in terms of small signal quality (idle channel noise).
It is mainly used in INDIA & EUROPE, the ITU - T has established an approximate true

logarithmic companding.

3 10—f+—-———————"—"="==== ]
E |
% 0.8— A=100 I
< |
B 0.6 _ I
& A=87.56 |
=
° |
E 0.4 — I
= A=2 |
&’ 0.2— :
|
o T 1 T

02 04 0.6 08 1.0
Relative Input Amplitude
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Vl min

output(V,) T

V2max

1> With compression

“—> Without

compression

0

V2min

A/ Imax —> input(Vl)

SQNR

Input signal power

0 —>

Input signal power

Fig: Without Compression Fig: With Compression

Advantages of Companding

1. Companding improves the S/N ratio in voice circuits up to 25 dB
SQNR is more uniform for all signal levels.
The process of non-uniform quantization is based on the method of companding

The use of non-uniform quantization leads to increase in SNR for low level signal.
A non-uniform quantizer is basically a compressor followed by uniform quantizer

Pl
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Chapter

Bandpass Data Transmission

Objective Practice Solutions

01. Ans: (¢)
Sol: (BW)gpsk = 2f;, = 20 kHz
(BW)QPSK = fb =10 kHz

02. Ans: (b)
Sol: fy=25kHz; {.=10kHz
.. Center frequency

_ (25+10j i

2
=17.5kHz
.. Frequency offset,

Q=21 (25-17.5)x 10’
=2m (7.5) x 10°
=15 x 10°x rad/sec.

The two possible
orthogonal, if 2QT =nn

= 2(15m) x 10’ x T=nn
= 30 x 10’ x T = n (integer)
This is satisfied for, T =200usec.

FSK  signals

03. Ans: (a)
Sol: 1, =8 kbps
Coherent detection

Best possible n = 1
Af = 8K _ 4K

2
To verify the options Af = 4k
1.€. fcz _fCI =4K
(a)20K-16 K=4K
(b)32K-20K=12K
(c)40K-20K=20K
(d)40K-32K=8K

arc

04.
Sol:

05.
Sol:

06.
Sol:

07.
Sol:

Ans: (a) & (¢)

Non coherent detection of PSK is not
possible. So to overcome that, DPSK is
implemented. A coherent carrier is not
required to be generated at the receiver.

Ans: (¢)
In QPSK baud rate = bit rate = %
=17 Mbps
Ans: (d)
b(®) ;Z o/p b (1)
Delay
b(t) 01 |0]0 |1
b’ (t)Retit) | O 110
Phase n|lmn|0|m|m
Ans: (b)
Given

Bit stream 110 111001
Reference bit = 1

Q(t)

bl(t) = b(H® Q1)
1 10111001

S 4— —

N

S — —

W
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08.  Ans: (d) ; Conventional Practice Solutions
Sol: ,=1.544 x 10
a=0.2 oL
BW = b (1 + oc) Sol: The below circuit shows FSK generator
log)' using IC-555. Ve
6
10 02) (o Mm=a)
=R,
4 8
3 Binary i/p
BW =926.4 x 10° Hz T 7 3 ——wFSK output
2R, £ 1C555
09. Ans: 0.25 {2 5 1
Sol: BW = 1500 Hz o7 Tcz
BW required for M-ary PSK is -
Rpyfl+af _ 1500Hz e  Basically the above circuit is an astable
log, 16 multivibrator, whose frequency is controlled
— Rb [1 + OL] =1500 x 4 = 6000 by the traHSlSt9r T .
o Since a carrier is shifted between two
_ 6000 different frequency and this frequency
=>(l+a)=——
4800 depends on logic state of digital input,
hence the data transmission is said to be
Roll off factor = o = 6000 _ 1=0.25 frequency shift keying technique.
4800 e  The below figure shows wave forms when
10.  Ans: (d) the binary input ‘1’& ‘0’ is applied
Sol: Vo 4
Here only phase is changing. — t et ]
From options (d) is the optimum answer. LT
11. Ans: (b)
Sol: Here 16-points are available in constellation For V;;=0T; =ON
which are varying in both amplitude and
phase. So, it 16QAM. Vot
12. Ans: (d)
Sol: BW=—"2(1+q) >
log, M - >

36x10° = %’(l +0.2)(+ M = 4,QPSK)

1, =60x10°bps

— T, —>

For V;,=1T, = OFF
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When Digital 1 is applied

I
T =t, +t, =—
1 1 2 fm
—f = 1070 (- Given)
(R2 +2R3)C1

(R, +2R,)C, =1.35x107 sec — (1)

When 0’ is applied
T, =t +t) :ti

S

- 1.45
2R,C

s
31

=1270 (Given)

1.45
Let R,C, = T

& 0.57x107sec — (2)

Let C] = luF
0.57x107  0.57x10
R3 = = %
C, 1x10
R3 =~ 570Q2

Substituting the value of R3 in eq (1)

-3

R 1307
1x10
R, =210Q

.. The required value of Ry& R; are 210Q
& 57002 respectively and R; is the current
limiting resistor.
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Chapter

Noise in Digital Communication

Objective Practice Solutions

01.

Sol:

02.

Sol:

03.

Sol:

Noise Ratio

Ans: (b)

Signal to quantization noise ratio only
depends on no. of quantization levels (L)
and no. of bits per sample(n)

For sinusoidal input SQNR = 1.76+6n dB

=1.76 + 6x12
=73.76 dB
For uniform distributed signal = 6ndB
=6x12
=72 dB
Ans: (a)
For Bipolar pulses,
2
PSD =M_ sin? ol
T, 2
The zero magnitude occurs for
f= n/Tb.
.. The width of the major lobe = 1/T},
(B-W)min = fb

Here, Data rate = nf;
= 8(8 kHz) = 64 kbps
2 (B.W)min = 64 kHz

Ans: (¢)
Since the signal is uniformly distributed,

f(x) = L for —-5<x <5
10

=0 : else where.

04.
Sol:

0s.
Sol:

5
Signal Power = j x” f(x)dx = %mmz
-5

\Y%
Step size = —2> = 2 =0.039V
L 2

AZ
Ng= —=0.126 mW
12

Signal to noise ratio, SNR in dB is

SNR = 10 log (s1g1.1al powerj
Noise power

< 8l 0.126x10°

= 48 dB

Ans: (b)
For every one bit increase in data word
length, quantization Noise Power becomes

1
Zth of the original. Hence, Data word

length for n = 9 bits is,
L L=2"=2=512
Ans: (¢)
VP—P =-5V to5V
20logL. =43.5
L =10%7

=149.6

_Vu-Vi
L
_5-(=5)
- 102175
A=0.06683

=A
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26-] Ans: (c) = 2(125x10’6+125><10’6) + ?[(0.025)%(0.025)3]
ol: 4
fx
) = §(125x10*6+125x10*6)+g(3.125x10*5)
o 05V fzso 312.5 :
L 10 20107 42224107
O.IV\\‘-L : il 3 3
I =520.83333 x 10°°
—S14. 9 -4.8 op 05 X (SNR);, = 10log [%}
_495 485 0025 3x5.2x10
=42.04dB
— 50 i, 100 ~ 42 dB
levels levels
Ry(x)
5 1 A !
Signal power E[X°] = J.xz (—j dx L
-5 10 | X
1(x° i 25 i i
= —|= :—250——W — > X
10[ 3 j 5 (0= 3 I i<
— A 3é
Quantization Noise power 20 2
= E[[X - QXTI
[[X - QEOT 07. Ans: (b)
s Sol: E[X - Q(x)]*
= [x-QMT* fyx(x)dx |
s = [(X=0)*(dx [ (X - (0.7))* (1)dx
49 0 0.3
= [ caosr dx : [X_ } {(x_oqf]
48 3 0 3 0.3
+ [x—(-4385y ] dx +.....(50 times) (03 (037 (0.4
-49 — . + . + .
005 3 3 3
+ J(x 0.025) —dx =0.198
08. Ans: (b)
! OIOS[(X 0.079° ] o X *--(100times) Sol: Since, all the quantization levels are
» oo equiprobable,
=50 [(x+4 95) —dx+100 f (x—0.025)> —dx 2 1 2
[fdx=2 =a==
+4.95)° " ~0.025)° " v ’
:5[—(X :29) } +10{—(X 025) }
3 = 3 0 09. Ans: (a)
5 2/3 1 2/3 4
3 [(0.05) +(0.05)°]+2 [(0.025)3 +(0.025)°] Sol: I x> f(x).dx = — j' x2dx =—
3 -2/3 4 -2/3 81
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Matched Filter

01. Ans: (d)

Sol: The time domain representation of the o/p of
a Matched filter is proportional to Auto
correlation function of the i/p signal, except

for a time delay
107

Ry (1) = j S(t).S(t + 1)dt

1074

= IlOsin(2n x10°t).10sin (2 x 10° (t + 7)]dt
0

107

=50 [[cos(2nx10°7) ~cos(4mx10°t+ 27 x 10° )] dt
0

=50 x 10" cos(2m x 10%) 1
.. The Peak is SmV

02. Ans: (b)
Sol: The matched filter has maximum value of
output at t =T is energy of the signal

1 3
—E, =J’A2dt+jA2(l)dt
0 2
=A*+A% =2A°
03. Ans: (d)
T

N
T

B2
7.

E
Sol: (SNR)y= —*
NO

vy

2N

LNO

v

04. Ans: (b)
Sol: Given,
Su() _Su(® _ 2B, _2E,
N N N N

2
B A B
2

NG

AT

05. Ans: (d)

Sol: Output of the matched filter is maximum
which is equal to the energy in the signal

E= jl.tzdt + i(l)dt
0 1

1 1

—H AP
- 1
3 0

1
—_—41-4
_3+1_A

The time instant which occurs the maximum
value is its time period T = 2

06.
Sol:

Ans: (¢)
Given,
—jot

H(f) = l-e¢

Jo
—jot

H(f) =
]jO

jo

Applying LLF.T

h(t) = 0.5(sgn(t) — sgn (t — Ty))

[ F(sgn(t)) = .ij
jo

=0.5[2 u(t) = 1 — [2u(t-To) — 1]]
= [u(t) ~ u(t— To)],

We know that

h(t)=s'(t-T)

~Si(0) 0 T t
07. Ans: (d)

Sol: The maximum value in the output is energy
inside the signal
S(t)
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Postal Coaching Solutions

T
=8, (t) = Jzz.dt
%

T
:4]1.dt
%

=4T-T4)]
=2T

Probability of Error

01. Ans: (d)
Sol:

—=0.707d

=1 =

S, = =1.307d

2 sinE
8

02. Ans: (d)

Sol: 4-PSK, 8-PSK both have same error
probability when both signals have same
minimum distance between pairs of signal

points.

P, =2Q [ 2;; sinz(lclj}

Where E; is the average symbol energy

03.

Sol:

Given  both
same i.e.,d’

constellation  dgnin 1S

Average Symbol Energy:
E, +E +E  +E
(Eupsk = - '

4
Where E_ is the symbol ‘S’ Energy

= (distance from the origin to the symbol
3 Ska )2
RS R S S

(Es)4PSK = f =1

Similarly, For 8 PSK

(E)gpsk = r22

(E9)gpsk _| & ’ _(1.307dj2
(E,) psk T, 0.707d

In dB,

E. —(E, =101Io
( 5)8PSK(dB) ( s)4PSK(dB) g[0’707

=5.33dB
(B )gpsk = (E.)ypsx +5.33 dB

8 PSK required additional 5.33 dB

1.307 Jz

Ans: (b)

Constellation 1:

si()=0;

)= —2 adi +v2 ad

s3(t) = —2\/Ea.¢1 ;

ss)=—+2 adi— 2 ad

Energy of Si(t) =Eg; =0; Es; = 4a° ;
Es; = 8a’; Ess = 4a’

Average Energy of constellation 1
= Es1 +Esz +Ess + Es4 = 432

4
Constellation 2:

Sl(t) = 3(1)1 = E51 = az
s:(t)=a.dy = Egp= a2
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s3(t)=—a.p; = Eg3= 32
sf(t)=-a.¢; = Esy=a’
Average Energy of constellation 2
= ESI +ESZ +ES3 +ES4 — 32
4
The required Ratio is 4

04.
Sol:

Ans: (a)
The distance between the two closest points
in constellation 1 is d; = 2a.

The same in constellation 2,

dzz\/Ea

Since d; > d,, Probability of symbol error
for constellation 1 is lower

05. Ans: (a)

Sol: S(t) = /2—E[cos (0.t + 256 —1)}
T, m
= 2E{cosu)ct..cos(E (i- I)J —sin(oct.sinE (i- l)}
T, m m
= \F cos (ut\/liicos(gt (i—l)j— F sinoact\/ﬁsinzlc i-n
T, m T m

Given binary digital communication m = 2

2
—coso tVvE cosm
Tb

" basic function=2cos®_t
=T, = %

ZCoswct(\/E cosm(f — 1))— [2 sinc)ct]«/E sinm(i—1)

Distance between two points is:

\/(\/E+\/E)2 +0
J4E =2E

(VE0)

(-VE.0)

Energy of the signal:
A’T
2

AT A*xT,
:>d=2\/ b =2\/ T
2 2

(’.'Tb=%) L d=

Ty
I(A cosm t)’ =
0

=A

A

06.
Sol:

o’T, o

2 2R,

o =4mV, Ry = 500 kbps,
N, = 10 "*W/Hz.

E, 16x107°

N, 2x500x10° x10

P, = Q}Vi6)=Ql4]

E,

=16

07.
Sol:

Ans: (d)
fR/l (I‘)

1/6

h

1/4

0 1
P(0) = 1/3; P(1) = 2/3

The probability of error of the symbols 0 &
1 are not the same.
.. The intersection point of the two pdf’s is

not the threshold of detection.
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Assume the threshold value to be Vi P(x;)=0.75, P(x;)=0.25
fi(t/1) 12O g 025]_ o
2 0.75 2
1/6 A
! So x should be strictly negative.
T for g s T
£ {1/0) 4 i i 09. Ans: (¢)
| 4 Sol: Y=X+Z
:| : I . Z is Gaussian RV with mean x
-3 E OE El x € {—a,ta}
— when p=0 E[y]=E [x] +E[z]
> : >r E[y] =E [x] =
o [y]=E [x]
=a
For minimum error the Vg should lie in the _ \ 3
area of intersection of the 2 pdf’s. =P RY < 10
V- e'e] —v2 —v2
TH 1
= j ( Jd —(Vyy +1) Q(v):—z_nje 2 duze ’
_I( jd Ly Q@) =1x10"~e”
VTH
a=6
Decision error probability when B =-0.3 mean=6 x —0.3 =-1.8
=P, P(0)+P,P() s0 B (y) = B)+E(2)
1 1) 1 2 _ >
:Z(]—VTH{EJ.FE(]_FVTH{EJ =6—-1.8=4.2
1=V, 2(0+V —42)”
p 1=V 20 V) soBER=Q(@42) = ¢ 2
12 18
For minimum decision error probability, = 0.0001
1<V <1 =10 -4
For VTH =-1 >
R = U L i vatue) 10. Ans: 1.414
12 Sol: When the signal is transmitted through a
.. Decision error probability = 1/6 channel BER = Q[ Jr ]
08. Ans: (¢) WON
Sol: The optimum threshold value is Channel 1
A 2 2 2 _— —
v=_0 {gnp(xz)_i_)% 2"2} X
X, — X, P(x,) 20 WON
_ _ Channel 2 |
x1=1,x,=-1
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At the input of the receiver signal amplitude
is doubled. But when two independent
Gaussian Random Variables are added, the
resultant random variables is also a
Gaussian random. The pdf 1is the
convolution of individual pdf’s.

The variance indicates the noise power
But the variance is doubled.

Signal power increased by a factor of
4(mean is doubled).

But the noise increases by a factor of 2

So the signal to noise increases by a factor of 2

Sob=+2=1414

BER = Q[v/2r] = Q[v2+r] = Q[l.414+r]
Sob=1.414

11. Ans: (a)

Sol: Probability of error for an AWGN channel

for binary transmission is given as

neol i)

Where E, = [ [s,(0)-s, () dt

Given s, (t) =g(t)

s, (t)=—g(t)
E, = [ [a()- (a0 dt
=4 J.ng(t)dt

1
L =4{Wd
0

1/2 1
4[] (2tFdt+ [(-2t+2) |dt
0

1/2

=4j'(1—t)2dt:—

4
—+
6

o NN
(USRI

12.

Sol:

13.

Sol:

= 4J1'(t)2dt =—

P. is minimum when E4 is maximum

Eq4 of signal (a) is more when compared to
Eq of other signals.

..Probability of error is minimum for
signal (a).

Ans: (b)

o/p Noise Power = o/p PSD x B.W
=102 2 x 10°
=2x 10w

Since mean square value = Power

% =2x10M = a =10
o

Ans: (d)

When a 1 is transmitted:
Yi=a+ Ng

Threshold Z = % =10

—a=2x10"°
For error to occur, Yy < 10°
2x107° + N < 107
N <-— 10_6

-10°°

~PO/1)= [P(n)dn:

-107°

= [(0.5)a.e™ dn, with =10’
=05x%xe'?

When a 0’ is Transmitted:

Yk = Nk

-6
For error to occur, Y, > 10

. P(1/0) = J-P(n) dn = 05xe"

1076
Since, both bits are equiprobable, the
Probability of bit error

= % [P(0/1) + P(1/0)]
=05x¢el°
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14.
Sol:

15.
Sol:

(1)

2)

3)

4

16.
Sol:

17.
Sol:

Ans: (a)

P(0/1)=P(1/0)=p

= P(1/1) =P(0/0) = 1-p.

Reception with error means getting at most

one 1.

.. P(reception with error)
=PX=0)+PX=1)
=3, (1-p)"p’ + 3¢, (1-p)'p’
=p’+3p(1-p)

Ans: (d)

p = probability of a bit being in error = 10~
q = probability of the bit not being in error
=1-p=1-10~
=0.999

Total number of bits = 10;

P. = probability of error
=1-P(X=0)

P(X = 0) = Probability of no error

~P=1-["C,(107)°(1-107)""] = 0.00995

Total number of bits = 100

P =1-[""C,(107)°(1-107)""]
=0.0952

Total number of bits = 1000

P, =1-["""C,(107)°(0.999'"")]

P.=10.632

If total number of bits = 10, 000
— 1 _ [(10,000 CO)(I _ 10—3 )0 (0.999)10,000]
=0.9999

Conclusion: As the number of bits

increases, the probability of error increases
and it approaches unity.

Ans: (a)

Higher modulation techniques requires
more power i.e., to achieve same probability
of error, bit energy has to be increased.
So, power also increased.

Ans: (a)

Higher modulation techniques requires
more power i.e., to achieve same probability
of error, bit energy has to be increased.
So, power also increased.

18. Ans: 0.125
Sol:

fn(n)
0.5

R
X =+1

R 1 >0J+P(X=I)P(

= 0.5P(x+N>0) + 0.5 P(x-+N<0)
= 0.5 P(—1+N>0) + 0.5P(1+N<0)
=0.5 P(N>1) + 0.5P(N<-1)

=0.5B%(1)}+0.5Bﬂ

=l=0.125
8

“

19. Ans: 0.5

Sol: x={-0.5,0.5}

Px=-0.5)="%,P (x=0.5)=3/4

; y A 4 (o5 | : ] 1/2 X
x=—05 SLsoa 05 y
Y - ?I_“_ﬁi 12
fl—2
x =+0.5 } I v >
05 @ :

P. in the overlap region — 0.5 <a < 0.5

' os-0)3(2arog
2

P :ZE(OS—(X)'F
53
+|———= |
8 8
8

0.5
.. Pe 1s minimum for o =— 0.5

LS
8

+—a

8
2
8
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Conventional Practice Solutions p. = L oixtsoixtxt
2 2 2
1 1
01. =0.1x—x2x—=0.05
Sol: The pdf’s of received symbol are given as 2 2
The optimum threshold is considered to be 0
f(z/s)
f(z/ [ f(z/s1) 02.
(#/s2) <1 | 127 Sol: a = 1
> 7 ap=-—1
-1.9 0.1 0 0.1 1.9 (a) The symbols are given to be equiprobable
.. The decision threshold
1 (s, ). 1 (s, a,+a, 1+(-1)
=—p — [+<p — M=—"1—"2== =0
P 2p(52] 2p[s]J 2 2
S .. According to optimum decision rule:
p(—l = probability that s, is sent and s; is Threshold value
s <
2 ho=0
received
. (b) Pe=Q[—a‘+a2}
p| == |= probability that s; is sent and s, is 2o
S Given Variance
received. 6> =0.1
S, 1 = c=0.3162
— [=0.Ix—
P S, 2 =0Q —1_(_1)
| 2x0.3162
p S—2j=0.1x— P.=Q[3.162]
S, 2

X0 OB 03 T TR P IO IS0 N Hyderabad « Delhi « Bhopal « Pune « Bhubaneswar « Lucknow « Patna « Bengaluru « Chennai « Vijayawada ¢ Vizag « Tirupati « Kolkata « Ahmedabad




Chapter

Information Theory & Coding

Objective Practice Solutions

01. Ans: (b)

Sol: Huffman encoder is the most efficient

source encoder

05 |1]105(0
0.25 |00| 0.5
0.25 |01

L =1x0.5 +2x0.25 + 2x0.25
= 1.5 bits/symbol
Average bit rate = 3000 x 1.5
= 4500 bps

02. Ans: (¢)

Sol: Assuming all the 64 levels are
equiprobable, H = log, 64 = 6 bits/pixel

Total No. of pixels = 625 x 400 x 400
= 100 M pixels /sec
Data rate = 6 bits/pixelx100x10° pixel/sec
= 600 Mbps
03. Ans: (b)

S
Sol: C=Blog (1+—
g ( N)

Since E >>1. 1+§ =~ i
N N N
S
.. Ci=Blog —
1 g N

S
C,=Blog (2.—
2 g ( N)

=B log2 + B log (%)ZCl +B

04. Ans: (b)
Sol: Given
B. W=3kHz
SNR = 10dB
= 10 logjo (SNR) = 10
SNR=10'=10

Number of characters = 128
Channel capacity = B log, [1 + %)

=3 x 10’ logy(1 + 10)

=10378bps
05. Ans: (b)
Sol: Number of characteristics can be sent
without any error = © __°_ 1482.cps
log, M
06. Ans: (¢)
Sol: Aan
Ideal
AWGN
402
-B B

S
C = Blogy(1+—
22( N)

LimC = Lirn§><EBlog2 1+i
S nB

Bow B—x n

LimC=§log2 e

B—ow n
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(-~ Limxlog (1 + éj = loge)

LimC=1.44§

Bow n

07. Ans: (b)
Sol: Max. entropy = 512x512 x log, 8

= 786432 bits

08. Ans: (d)

Sol: Maximum entropy of a binary source:
H(x)/,, =log,M

H(x)/,,. =log,2 =1 bit/symbol

09. Ans: 04

Sol: P(X:IJZP(le,y:O)
y=0 P(y=0)

P(x =1)P(y=0)
_ x=1

) P(X=1)P(y=0)+P(x=0)P(y=OJ
x=1

x=0
0.8 ><1
_ 7
0.8 ><1+0.2 ><é
7 7

=04
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01.
Sol:

02.

Conventional Practice Solutions

Given k=20,t=1
t

Z [nj =2""* (Hamming Bound)
i

i=0

ég(?]:(nfjgyov+(nlfy11

_n! n( LICT) NP,
)]
2“”=1+n
log2™2” —log(1+n)

0.3n—6=log(1+n)

Given K = 20 so n should be > 20.
By trial & error method n = 25.

n — K= m (number of parity bits)
m=25-20=5

.. Five Hamming bits are required.

Sol: Huffman coding:

Yl: 0

X

woo

Entropy)H(X) =
C 1

n

6
P;1 ng —
i=1 H

1

= —[0.30log, (0.30) + 0.25log, (0.25) + 0.15log, (0.15)

+0.12 log, (0.12) + 0.10l0og»(0.10) + 0.08 1log»(0.08)]
= 2.42 bits/messages
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6

Average length (L) = z

i=1
=03 x2+025x24+0.15x3+0.12x3 +0.10 x3 +0.08 x3.=2.45

( ) 242

- Efficiency (1) = 100 = 272 %100 = 98.7%
y(n= 2.45 °

". Redundancy = l—n =1-0.9877=0.0122

03.
Sol: Shannon Fano Algorithm:
1) List the source symbols in the order of decreasing probability.
2) Partition the set into two sets, that are as close to equiprobable as possible, and assign ‘0’ to
the upper set and a ‘1’ to the lower set.
3) Continue this process, each time partitioning the sets with as nearly equal probabilities as
possible, until further partitioning is not possible.

Symbol | Probability P(x;) | Code word | No. of bits
X 172 0 1
X, 1/8 100 3
X; 1/8 101 3
X4 1/16 1100 4
Xs 1/16 1101 4
X6 1/16 1110 4
X7 1/32 11110 5
Xs 1/32 11111 5

Entropy H(x) = ZP log2 — bits/symbol

i=1 i

1 1 1 1 1
=—1 2+ —1 8+—1 8+—1 16+ 1 16 1 16 + —1 32
5 022 3 0g, ] 0g, 16 0g, 0g,16+— 16 0g, +32 0g,
1
+3—210g232
= 2.3125 bits/ symbol

Average length
(E) le1+gx3+ix4+ix5
2 8 16 32

= 2.3125 bits/ symbol
.. Efficiency (n) = ? x100
=100%
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04.

Sol: Conditional Entropy
The input probabilities - P(x;),
output probabilities - P(y;),

transition probabilities - P[EJ ,

joint probabilities - P(x;, y;).
H(x) is the average uncertainty of the channel input. H (X )= —Z P(x,)log, P(x,)
i=1

H(y) is the average uncertainty of
the channel output

H(Y)= —ZP(yj)logz P(yj)
J=1
The conditional entropy can be given as

H(X/Y)= Z ZP( x;, Y, )log, P { }

The condltlonal entropy H(x/y) is a measure of the average uncertainty about the channel
input after the channel output has been observed. H(x/y) is sometimes called the equivocation
of x w.r.ty.

H(Y/X)= ZZP( .y, )log, P (yi]

i=1 j=1
The conditional entropy H(Y/X) is average uncertainty of the channel output when x was
transmitted and y was received.
Redundancy: Redundancy is the number of bits used to transmit a message minus the number of
bits of actual information in the message. Informally, it is the amount of wasted "space" used to
transmit certain data. Data compression is a way to reduce or eliminate unwanted redundancy,
while checksums are a way of adding desired redundancy for purposes of error detection when
communicating over a noisy channel of limited capacity
The combined role of the channel encoder and decoder is to provide reliable communication over a
noisy channel. This is done by introducing redundancy in the channel encoder and exploiting in the
channel decoder to reconstruct the original encoder input as accurately as possible.
In source coding, we remove redundancy, where as in channel coding we introduce controlled
redundancy. Because of redundancy, we are able to decode a message accurately without errors in
the received message.
For example to the code words 0001 if we add a fifth pulse of positive polarity to make a new code
word 00011. Now the number of positive pulses is 2 (even).
If a single error occurs in any position, this parity will be violated. The receiver knows that an
error has been made and can request retransmission of the message. It can detect an error, but
cannot locate it.
Redundancy =1 — Efficiency
H(x)

L
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Given PO:E' P=é
8 8

)—U
o
N—
Il
1
o | W
oo | L
| I—

o123 p[0)_L,
0 4 1 16
o ! zl_p(szl_S
1 1 16
Pﬁjzl_p[ljzl
0 0 4
0 1
oL 3
p(Y)_ |44
)7 |Ls
1116 161,

()-8 St 3]

:i y P(xi)P[ﬁJlo;L

X;

1

1 1 0 1
= P(O).P(aj log——<+ P(l).P(Tj log—5 + P(O).P[gj log;o + P(l).P[lj log+
o) Al ()
0 1 0 1
334 51, 16 31, 4 515 16
=—.—log—+—.—log— +—.—log—+—.—.log—
84 °3 816 -1 84 ~1 81 15
3(3, 4 1 5[15. 16 1
=—|—log—+—log4|+—-| —log—+—logl6
8{4 837y g} 8{16 ®15 16 ¢ }
=0.515
H(X)=-[P(0)log P(0) + P(1)log P(1)]
__Flo 3.2 E}
g o8 8 °g
=0.530+0.423
=0.953

Y
Hl —
(X] _,_0515

H(X) 0953
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0s.
Sol:

i) Amount of Information per symbol H ZP log, —blts/ symbol

i=1 1

1 1 1 1 1
=—log,2+—log,4+—log,8+—log,16 + — —
5 og, y og, g 0g, T og, +3210g2 32+6410g2 64+ 2810g2128+ 2810g2128
1 1.3 1 5 6 7 7
=l—+—F+—F+—F+—F+—+—+—
2 2 8 4 32 64 128 128
=05+05+0.375+0.25+0.156+0.093+0.109
= 1.983 bits/symbol.

ii) Probability of occurring ‘0’ is
1 1

P(O)zl[—x3+—x2+lx2+Lxl+ix2+L><1+L><1+Lx0}
3|2 4 8 16 32 64 128 128
1[3 1 1 1 1 1 1}
e S » - 0 a7
3|2 2 4 16 16 64 128
1
=3(1.5+0.5+0.25+0.0625+0.0625+0.015625+7.8><10'3)
1
= 5(2.398):0.8

Probability of occurring ‘1’ is
1-P0)=1-0.8
=0.2

iii) Average length of the code
(L) ZP = 7—65 = 2.988 bits/symbol

11 1 1 1 1 1 1 1

Sl —F+—F+—+—+—+—+—|x3
{2 4 8 16 32 64 128 128}
0.54+0.25+0.125+0.0625+0.03125

= X
+0.015625+7.8x107° +7.8x10°°

=2999=3

?xloo 19383 100 = 66.10%

Efficiency of the code (1) =
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iv) Shannon Fano coding:
Symbol | Probability | Code No.
Ay 172 0 1
A; 1/4 10 2
As 1/8 110 3
Ay 1/16 1110 4
As 1/32 11110 5
As 1/64 111110 |6
A 1/128 1111110 | 7
Ag 1/128 1111 (7
v) Average length of the code:
. l><l+2><l+3><l+4><L
(L)ncw: 2 1 4 1 8 116 ,
+5Xx—+6x—+TxX—+—
32 64 128 128

= 1.98 bits/symbol.

New Efficiency
H(x) 1.98

n(new): o x100 = ——x100=100% .
L 1.98

new
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Chapter > Error Correcting Codes

Conventional Practice Solutions

01.
Sol:
Data word Code word
0 0 O 0 0 0 0 0 O
0 0 1 1 1.0 0 0 1
0 1 0 1 1.1 0 1 0
0 1 1 0 01 0 1 1
1 0 0 0 1 1 1 0 1
1 0 1 1 0 1 1 0 O
1 1 0 1 0 0 1 1 1
1 1 1 0 1. 0 1 1 O
From this code we can see that the distance between any two code words is at least 3.
Hence dpyin = 3
02.
Sol: - _
1 1 1
100 111 Lo
1 0 1
(@) G- 010110 o ygro
001101 L 00
0 0 1]
(b)
Data word Code word
0 0 O 0 0 0 0 O O
0 0 1 0O 0 1 1 0 1
0 1 O 0 1.0 1 1 O
0 1 1 o 1 1 0 1 1
1 0 0 1 0 0 1 1 1
1 0 1 1 01 0 1 O
1 1 0 1 1.0 0 0 1
1 1 1 1 1.1 1 0 0

(¢) The minimum distance between any two code words is 3. Hence, this is a single error correcting
code. Since there are 6 single errors and 7 syndromes, we can correct all single errors and one
double error.
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Communication Systems

(d)
E S
1 000 0 O0( 111
01 00O0O0OT] 110
001 00O 101
0001 O0O0OT] 100
0 00 0T1O0 010
000 0O0OT1T]O0O01
1 001 0O 0 1 1
s=eH'
()
r ) e C d
1 01100 1 10]01O0O0O0OO0O] |1 11 1T0®0]|1T11
o 00110 ] 110/} 01 0000 0O 1 01 1 0 1
1 01 01 O o0 0O0O0OO0OO0OO|]1 01 0107|101
03.
Sol:
(a)
Data word Code word
0 |0 0O |0 |0 |O
0 |1 0 |1 |1 |1
1 |0 1 [0 |1 |O
1 |1 1 |1 |0 |1

The minimum distance between any two code words is dni, = 4. Therefore, it can correct all
1-error patterns. Since the code over satisfies hamming bound it can also correct some 2-error and
possibly some 3-error patterns.

1 1 1 0
1 0 1 1
; |1 000 -
(b) H = 01 0 0 and s = eH
0010
10 0 0 1]
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6 single- error patterns<

7double- error patterns<

-

SO O PP PP PO O~
SO PR P OO, OO~ O
— OO~ OO~ OO0 —OO
— —m, OO0 0O OO0 O~,OOO
S P P OO RP OO~ OO OO0
— P OO R OO0, OO0 OO0
— O, OFRP P, OO0 —=— -
— )OO PRP PO, )OO, O O~
ORP O =L PO~ P OO ~,OOo ——
—_—m = = = O OO OO0 O —O

2 triple- error pattems{
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Chapter

Optical Fiber Communication

Objective Practice Solutions

01. Ans: (d)
Sol: NA =0.25

np,= 1.56

(NA)* =n} —n}

NA? +n§
=4/(0. 25 +2.4375

_ 10 _/s

02. Ans: (d)

2
Sol: Number of modes M = V— X
2 a+2
_1 %(NA) o
2 o+2

Here a = core radius
A = wavelength
o = refractive index profile.

03. Ans: (b)
Sol: Power loss = 0.25dB/km
For 100km, the power load = 100 x 0.25
=25dB

The optical power at 100km
=1010g0.1x107° — 25
=-65dB

04.

Sol:

05.

Sol:

06.

Sol:

In dBm
— —65dB +30=-35dBm.

Ans: (¢)

Numerical Aperture is used to describes
light gathering (or) light collecting ability of
an optical fiber.

Ans: (¢)
The refractive index of the cladding material
should be less than that of the core.

Ans: (d)
Fibers with higher numerical aperture
exhibit greater losses and lower bandwidth.
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Engineering Publications

Communication Systems

01.
Sol:

02.
Sol:

Conventional Practice Solutions

Core diameter (d) =50 pm
Core radius  (a) =25 um
NA=0.2
Wave length A =1 um
v = 2™ A
A
-6
_ 21t><25_>6<10 <02
10
=31.41

For a graded index fiber with a parabolic refractive index profile generally o = 2

The Total number of guided modes propagating in the fiber is

_e V?
£ oa+2 2
_ V(3141

4 4
=246

Given
Core refractive index n; =1.55

Cladding refractive index np=1.51
Wave length A =0.80 um
Core diameter d =50 um

Core radius a=25 um

V number = 2—;:a(n12 - nzz)%

-6
=—2“0X82X51X01_? J(1.55) —(1.51)

=68.69

Approximate number of modes it will propagate

2
MzV—=2359
2
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03.
Sol: Index Profile Typical
dimension
I m Fiber cross section and Ray Pathsy,, 125um
2 i 28 \ —cladding
B il -- WS'IQHm

Single-mode step-index fiber

\/125-400pum
(cladding)

n

2 } 50-200pum
—(core)

Multimode-step-index-fiber
\125-140pm
(cladding)

i‘;SO-lOOHm

(core)

— Multimode graded index-fiber \

Fig: Comparison of conventional single-mode and multimode step-index and graded index optical

fibers with ray transmission
Reflected ray

n, cladding

Neﬂected ray

Acceptance cone

n, cladding

1
Entrance rays

Fig: Meridional ray optics representation of the propagation mechanism in an ideal step-index
optical waveguide
Given core refractive index n; = 1.46
Core radius a=4.5 um
Relative index difference A = 0.25 %

=>A= 025 _ 0.0025
100

Cut off wave length A, the V number = 2.405

v, =?n1\/2A
-6
2.405 = wmwzxooozs = %, =1.213um = 1213nm

C
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