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GATE SYLLABUS

COMMUNICATION SYSTEMS

Random signals and noise: probability, random variables,
probability d'ensity function, autocorrelation, power spectral
dehsity. Analog communication systemé: amplitude and
angle modulation and 'demodulation systems, spectral
analysis of these operations, superheterodyne receivers;
elements of hardware, realizations of analog communication
S);stems; signal-to-noise ratio (SNR) calculations for

amplitude_iﬁodulation (AM) and frequency modulation (FM)

1 for low noise conditions. Fundamentals of information theory
and channel capacity theorem. Digital communication
systems: pulse code modulation (PCM), differential pulse

code modulation V(DPCM), digital modulation schemes:

amplitude, phase and frequency shift keying schemes (ASK, |

PSK, 7 FSK), matched filter receivers, | bandwidth
consideration and-;ﬁrobability of error calculations for these

schemes. Basics of TDMA, FDMA and CDMA and GSM.

_

: Chaptér -1 Introduction

(Signals, Spectra and communication system)

Th_e main o_bjective of Communication is to transfer information from one point to another
point by using electrical signals

. Voice — 300:3.5KHz
~ Audio ---- 20Hz-20KHz
Video ---- 0-435MHz .

Signal is defined as a function of one or.more variables and represents a physical quantity

T .
e‘:np v(t)ori(t)
‘t\/\/\\/\"\
—» t —» t
7AM M 0
Non - electrical signal’ - Electrical signal
ityorviy
Elementary Signals:- t
. I,v
1. D.C Signal:-With respect to time the -
signal voltage or current is constant for all t’
. . —
2. Unit Step Signal: - u(t)=1, t>0 -0
“u () =0, t<0 -
I " 3. Unit ramp Signal:-
With respect
to time the signal
. R is increasing linearly
0 * U withslope =1 for t >0

4. Exponential Signal:-

— increasing

ot
Assume x(t)=e exponentially

Case (i) a>0(a=10)
x(t)=e'"
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Case (ii) :- 0<0 {o==-10] _ 8. Sinc Function:- - Sinc (A)
x(®)=e"" exponentially —3 !
’ ' decreasing Sinc (A\) = Sin ) !
) TA
O 7 t ,
Arcet (U/T '
Case (iii) - =0 . /N -2 \/-1 0 1 /\3\/4 —> )
1 X(t)= constant = ] 5. Rectangular Pulse:- - - A BT :
Pulse of amplitude A o The max value of sinc function equal to 1 occurs at A = 0 and o (1
and width T ventered Aetlan : and equal to zero (riulls) at
around the origin +—T—
0 —> 1
172 0 1/2 —> . 9. Signum function:- sgn (1)
y
6. Sinusoidal signal:- .
x(t) = A cos [w(,t +¢} A= Max amplitude, ¢ =* phase shifl s 1 For -+ve values of t the voltage =1
or A sin {w,t l¢}. wo=angular freq 2 n fo =2 n/ Ty (rad/sec) . ) 1 " For ~ve values of { the voltage=-1
X (t) ' . .
A T : . . sgn(t) =1t>0
: Cosine Signal for ¢ 0 - . E— =]t<0

/\ / \ /\ A ' Basic Qperations on signals:-
>
\/ 0 - \/ \/ ) B 1. Amplitude scaling:-

A ‘ ) _ Consider a signal x (1). Using this generate .

A Sine Signal for ¢ =0 yO=Cx(1); C=amplitude scaling factor

A'“/\\ | - = Amplifier gain ) -
/\', N\ /\ Co | KO, [ Rmpiifer PLO.10x( _

2. Addition or subtraction of signals:- X (t) and x; ()

7. Unit Impulse: - 15 (t) is an ideal signal existing only at t=0 with infinite ;clmplitude, but X1 (1) y () =x () +x3 (1)
with unit area under it. 4 4
& (t) can be considered as very very 5 5
narrow rectangular signal of area = 1 T » .
: 1004 3 3
] -10 0 ! : :
3(t)=0 =0 10 ) N
10 0 30 3 >t
# w0 0.1 Area:- | : _ > 10
i r’ 4% (1) YO=x10-x(t)
’ A
I Sty d()=1 2
-0 - R ——[ 3 1 3
olor.d 10 "t ; 0]_.3 ; I T
When the pulse width approaches zero, amplitude goes 1o oo, B ' :

10 39 3 i0
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4
’ t
3. Multiplication of signals: - x(t) ar?d X3 (t) 6y( )
y (1) = x1(8) Xx(t) .
30 3
4. Folding or Reflection of Signals: - y(®) =X -t
x (1) 1‘(-t)
t L 1t
30001 1 0 3
X (1) y@®=x=x@) .
ﬂ‘ ?1 " Whenever x(t)=x(-t} ,x (0 is an Even
! l signal‘
L] NI
-5 0 5 ' -5 0 5
yO=x()=x® ‘
' ‘t) 1) : Where ever x (1) =- X (- ), X (tyis an
1 odd signal

! 1.
L s
R [N B

-1 -1

- y(t) = x(t —to)—> delayed by t, se¢
=x(t+ io) __» advanced by t, s€¢

5. Time shifting of signals:

ut—>5
u(t) ( )
1
1 — -
t
- 4t 5 t

0 0 )
delayed

- Advanced
a().u(ts)=u(t-s),  u(t)utrs)=u(t)

ACE Acagem¥ Introduction to SignalsE Sgectra &cﬂmmunication5¥stems 5

x(t)
6. Time Scaling of signals:- IE
¥ =x(a ) g
-10 0 10
Whena> 1 Signal is compressed <«-—-20—-% 4
o<a<l Signal is expanded
2X(0.11) :
Ax(] 0t) g a=0.1
3 a=10 2
Lol 7100 0 1007
"____ Dy e 200 e

7. Convolution of the g(t) and gy(t) = g(t) = g)(t) * gy(t)

o o«
Def - g(t) =/ gi(1) @2 - D dr =l ;a( D) gi(t- D) dr
T=-00 ‘T = -0
This operation is useful in system analysis.
If x(t) is the input and y(t) is the output of an LTI system, impulse response is h(t) then,
y(@) = x(t)* h(t),

x (1) h® >y * - : o

A\ 4
-

-2 0 )

8(t) * &(t) = g(v), g(t) * 8(t-to) = g(t-to)
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FOURIER TRANSFQRM (SPECTRUM) H(D)
Using Fourier transform it is possible to convert a time domain signal into a frequency AT BW=1/2 Hz ‘r
domain signal . -~ ) ] 1

- Spectrum gives the frequenci.es- .present in the time varying signal.
-> Using spectrum we calculate the band width.

4

— > f L, f
6 T 0 T | -UT oyt
g® - : ' ' '
Spectrum ] .
BW-0KH7, The BW of a rectangular pulsetis-inversely proportional to the pulse width.
ﬁ -> Take a rectangular pulse whose pulse wid_th'T =1ms, A= 1000
'O . ) ) T . S . .
) Bw=1y/ =
| | KHz  10KHz ) 1000 Ims =1KHz
- . 1 —
Band width:- The range of frequencies occupied by the signal is called Bandwidth. — [€===F - -
: -05 0 +0.5 t
BW = fH - fL
: 1 BW=1/Ips = 1MHz 1
Fourier Transform:- Def: g(t)— G(f) © - _ i 10
« Q) {G(t)e*ﬂ"“ af M D
—
G =| g)e”™" dt - _ f= -0 7 0 » . - o [MHz !
_g - o IfPW  decreases BW increases.
. - Reducing the PW of rectangle to zero results in impulse.
AT ' E '
4g(1) \ » Main lobe 't - BW=e
PR | B N Side lobes
-t N\ -
- > f
T2 0 T2 2TAUT 0 T2t
T2 = ATsin 2T
) sinm .
G(f) =\[\Ac-121lfl dt ‘—-E—f_ =AT [ SlnC(fr)]
-T2

-)_Whil; calculating the BW-don’t consider the —ve side because —ve frequencies do not exist
practically
- In order to reduce the BW, eliminate the insignificant frequencies.

- 1n order to reduce the insignificant high frequencies, pass the signal through LPF (H(f)).

> At the o/p we will get only main lobe
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ls—_pﬂ‘ml—#——;—— )

03. Time Shifting property: gt o G()
-i2 i
| ) g(t- ) GMET™ g(1+1) G pe T
G = _ :
: 04. Frequency shifting property (or) Modulation property: g (1) < G (f)
1580 » ™ S5¢6-f) ¢ T S a6
. Properties of Fourier Transform:- . -~ - .. ' ' : gcos@afct) o, GE-fo)+ G(f +‘fc)7 g o sin.(2 nfe t). o G(f-fo)-G({+ 1)
o 2 . 4 )0 2.
01, Lincarity property: - mi(®——> GilD, g®—> G o :
'gl—(t) + go(t) = Gi(f) + G2 () J 05, Convolution property: If gi(1)> Gi(t), g2()> Go(t)
= gi(t) * g2(0) > Gi(t) Go(t)
E I Congider rectangular signals g (t) and g2 (t) gi(t) gAt) > Gi(t) *.Ga(t) - apply this to-an LTI system.
xample: — Consl ) ,
. x(t = *
gi () —> 40 sinc (200) a0 - —»XE f; h) s yO=x®*h@®
b N S nn - YO=X® HO
t : l 2 H(f)= X (Transfer function or frequency response of the system). Fil :lassified
0 0 - 10 — = X(6) q y resp ystem). 1.ters are classified as
gy () —12sinc (4f) -2 5 2 0 >l LPF, BPF, etc. according to the variation of H(f) with f. '
\ -10 -
3
I I ¢ _ ¢ 40sinc [ 20 {1+ 12 sinc | 4f} Fourier series : A periodic signal with period Ty and fundamental frequency £, =1/, can be
- 2 _ . _ : - _
2 exprcssed by fourier ser_ies as a sum of terms with discrete harmonic frequencies :nf, ,
02. Duality property: n=0,1,2,3, e ’
_*t «—G(f) ) © ) o o T2 .. - . . R
g0 BO=2 G, C= ng{:}eﬂf"ﬂ " dt
G(t) «—> g(-D -
® G(f) = AT sinc (T
g(t) =X a, cos (2 fy t) +b, sin 27n f t) o
T , |
. f C icati t
—> ommunication systems
l V74N N N -
—»>1 /T /T ;
“T/2 0 T/2 X . Generalized Block Diagram
14
AT Sinc (Tt) —* ‘ Transducer || Modulator | ( > Demodulator ——l ”l‘r::msducerl--~
0 73 —-f or Transmitter] or Receiver 3

a irrespective of the form of communication process being considered, there are three basic
o1, =8 1580, 8(0)=8¢D elements to every communication system, namely, transmitter, channel, and receiver. The
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one point in spacc, the receiver is located at some other poi‘nt separatic
d the channel is the physical medium that connccts th‘ctm: The pur 1‘{o§c
duced by the source of information into

transmitter is located at

from the transmitter, an the pt .
of the transmitter is to convert the message signal pro

a form suitable for iransmission over the channel.

an
llowever, as the tra S opagales B0
i > S rlering signals arc a 4
i : rcover, noise and Inte 8n: ‘ the ch: put,
imperfoctions. Mo ’ 1is a corrupted version of the transmitted s_xgnal.Jch receiver

S the reecived signa . druct 4 1¢ izable. form of
the rehsultt ﬂ;(at)f operating on the received signal so as to reconstruct a recognizable. f
has the tas

thc original mcssage signal.

. s cable. fibre oplic cable and
N iy used communication channels are twisted pair, coaxial cable. fibrc optic ¢a
ormall :

frec space.
Primary Communicati(m Resources:

jcation. § ) pri ources are cmployed: fransmitted power and
o Commumc?c:’;';m'Fli,zlfggst:;:le[glz?\%rr?: the average pzwcr of the lransmilleq s_lgnali‘
f-hannel banih d L'dl-h is defined as the band of frequencics allocated for the 1ransnussnoT1§)
the channe’ ba_n Wll A general system design objective is to- usc these (WO TESOUTCCs as
> r.nessage Slgm'ib-lc In most communication channels. onc source may be consndcrcq m'or(cj
f:fﬁ(:l:?tmli] ;Sagotfel oll;er Therefore, communication charmels are classified as power fimite
important the . ,

or band limited.

When the spectrum of a message signal extends cl()\ﬂ.f|1 to 7cro onb k:,\z which the
fi s, we define the bandwidth of the signal as lllat‘uppcr frequency a (?_ vhich the
o o t of the signal is negligible and therefore unnccessary for transmitting
ot Con't[?l? important point is unavoidable presence of noise in 2 .con1_111.un{lcalE()n
meﬂnalIl\?n'- recfe:'rsnﬁ) unwanted waves that tend to disturb the transmission_and’processing
?Il'stre\r:s.sagoel SSignals in a communication system. The source of no

external to the system.
A quantitative way to account for the effect of noise is to introduce signal-to-noise

receiver i as tio
io (SNR) as a system parameter. We may define the SNR at the receiver mp:l dlstl:c ::1 (c
i 1 o c :4
r;l‘li(;n ( average signal power to the average noise power, both being measured a m
of the

point.
Modulation:

Modulation is defined as * the process in which some characteristic parameter of a high
0 . - . ey
frequency carrier is varied linearly with the amplitude of the message signal ™.

Generally, the carrier is represented by c(t) = A, cos 2nft -t ¢).

The three characteristic-parameters of the carrier are A (peak amplitude), f, (frequency) and
 (phase). Accordingly

+eimne nf modulations are (1) Amplitude modulation (1?1\1\:\)
LI PRSP <

+d signal propag: 2 ¢ J it is distorted due to channel
itte ropagates along the channcl, 1118 .
e dded 1o the channel output, with .

isc may be internal Or— — -

ACE Academy _Introduction to Signals, Spectra & Communication Systems 11

In frequency domain, modulation is defined as “ the process of translating the spectrum of a

signal from low frequency region to high frequency region ™.

Modulator converts i) low frequency signal toa high frequency signal.
' ii) a wideband signal into narrowband signal.

i) a baseband signal into bandpass signal. R

Need for Modulation:
(1) To reduce the antenna height.

The antenna height required 10 transmit a signal depends on operating wavelength. For
efficient radiation, the minimum antenna height should be A /10. To transmit a low frequency

signél anlénna height required is very high. To reduce thc antenna height, the low frequency

signal is converted into a high I'réquency signal by modulation.

(2) For multiplexing of signals.
: _Multipléxing allows transmission of more than one signaf throu'gh_,thc samc communication

channel. By modulation it is possible to allot different frequencics 1o various signals so that
there 1s no interference.

(3) To reduce noise and interference.——

Some times the cifect of noise will be more at some frequencies and the effect will be less at

some other frequencies. If the effect of noise is more at some particular frequency, by

modulation the spectrum is shifted to higher frequencies where the effect of noisc is less.

(4) For narrow banding of signals.

Not onlv the antenna height, the antenna dimensions also depends on operating wavelength.
To transmit a wideband signal single antenna will not be sufficient because the ratio between

the highest frequency to lowest frequency is very much greater than one.

Modulation converts a wideband signal into a narrowband signal whose ratio betwecn highest

frequency to lowest frequency is approximately one and single antenna will be sufficient to

trancmit the cromal
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% >> 1 ——> Wideband signal
1.
= | ——> Narrow band signal
Eg:
. >
300 He | T R . T Wi 00T TMIZ IS K

( Spectrum is shifted by I MHz, using-modulator'}

ol
it

(5) To overcome equipment limitation.

Thev.d\esign\of a communication system may be constrained by the cost and
availability of hardwaré, hardware whose performance often depends upon the frequencics
involv\aa._,ModulatiOn permits the designer to place a signal in some frequency range that
avoids hardwqre'limiiations. A particular cléncern aloné t-_hi's line is the question of fractional
bandwidth, defined as absolute bandwidth divided by the center frequency. Hardware costs
and complications are minimized- if . the fractional ba_ﬁdwidlh is kept | to 10 percent.
Fractional-bandwidth considerations account for the fact that modulation units are found in

receivers as well as in transmitters.

@win the RACE join the ACD

CHAPTER -2
Tl Random Signals and Noise
RANDOM VARIABLES: -
X = x, Probability Distribution Function Fox) P[X <x] s X<
F(eo) = 1 F(xz) = F(x) ’
F(-0) =-0— - X 2 x | Slape, (d/dx) Foxy 20

Probability Density Function (PDF)
d

f) = — Fey.,

F(x) = [ f(x) dx
dX =y

X

fx) 20,  F(o) ! fix) dx = ] = Area

Xz
Pxi<x<x): [ fix) dx
X X1

f(x)

0 a

UNIFORM GAUSSIAN (NORMAL) RAYLEIGH
1
f(x) = [u(x—a)-u(x-b :
oy e ) - u(x - b)] fx) =-a; exp [x® /2a%Ju(x)
: 1 )
f(x) = exp [-x? /267]
2n -
F(x) F(x)
0.5
ol ~ ST x
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e ———

}oexp[-mz—] d=1, z=Vnt, (1/\[7;)1£_ixp[— 2dz =1,

t=-®

eV ) Iu expl-z7] dz + QR T) {, expl-z3 dz = 1
0

erf (u) + erfc (u) = 1 B ;
Q) = (R)-erfetu/V2) = e é""‘-’?zl dz

«w

= (N2n). fexpl-x2/2) &

u

Gau;sian . _ B
R = %[0 +ed (/V20)) = 1-% erfe (x/N20)

P(X>Ko) = P(X<-Ko) = QK)

Rayleigh

F(x) =1 -exp [’ /229,x 2 0
=0, x<0
STATISTICAL AVERAGES
E[x]=mx = § x f(x) dx = Average value of ‘X’
Bl = | g fx)dx= Expected value of ‘X’
X=-® B

E[Y} =MSVofX= 2*Momentof X'
= | xz'f(x)dx : I
VAR (X) = E[(X-my?] = MSV(X)~ (M.V)?

Standard Deviation (c ), VAR = ¢ 2

Rayleigh distribution : a2 a, 2a*

~

N Iw Oexp[- 2Ydz=1

= 1.Q@/0)

ACE Academy ____Random signals and noise i5.

Exp. Distribution:

f(x) = (1/a) exp[-x/a] , x>0

=0, x<0
Fx) =0, x<0 Laplace Dist.
= 1-exp[x/a] ;x>0 f(x) = (b/2) exp[-bix]]

MV - 0, VAR - 2/b*
MV =a,oc=a

Two Random Variables

X ox Yo y
Joint Probability Distribution function F(x, y)

Joint Probability Density function f(x, y)
o?
Fix,y) = P[X<x, Y $y] , fix,y) = — F(x,y)
Ox Oy

X

. y
F(x,y) = | ) f(x,y) dx dy
Volume = | [ f(x,y) dxdy=1-

- T mney, -] e
fix,y) = fx/y) f(y) = Ky/x) f(x)
Statistical Indepcﬁd.ence: fix, y). -=- f(x) fy)
RANDOM PROCESS: | ‘
RV : X : described by f(x), F(x), MV,.MSV, VAR, SD
2RV’s X,Y : descﬁbed by f(x, y), Fx,y), COR(X,Y), COV(X,Y), p

RANDOM PROCESSX(t) :{ xi(t) , Xo(t), .. Xp(t),....}Ensemble of sample functions shown
below:

EX: VOICE/ TV signals, Electrical Noise
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The RP observed att, , k=1,2, 3, -

t X)), X(t2), X(t3) can be considered as
continuous'

RV’s that describe the process. Each RV
above is

VAR, SD.

Two RV’s, for example, X(t;) & X(t,) are

described by joint cdf, joint pdf, COR
(auto)

COV(auto). .
Random process X(t) is said to be
STATIONARY

t  toorder ‘2’ (wide sense or weak
stationarity).

If pdf’s of RV’s are invariant under a time

shift: T.

. Xk(t‘) A /\ /\ Let b—-t;=1t, t=4+T, t=t+T, t4t; = 1

T \V/ to- ‘ . C
l \/ then pdf of X(t;) = Pdf of X(t;) ....= const, '

9] ty t3 ty
T T

independent of { .

o E[X(t] = E[X(t)] =const=my, k =12......
Also the joint PDF of X(t;) and X(t,) is same as joint pdf of X(t;) & X(ts)
- ACF of X(t1) & X(tz) = ACF of X(t5) & X(t5) = Ry(t)
© Where t=t;-t; =ty—t; = Time difference between the observation instants.

< ACF : Ry() =E[ X(t) X(1+1)] = E[X(t-1)X®] , ACV:Kx(x) = Rx(t) -my.

Properties:
1) Rx(0) = E[XXt)] = MSV = power 2) Rx(t) = Rx(-1), EVEN.

3) | Rx(t)] < Rx(0) 4) Re(1) > Sx (f); ACF — PSD

EX:

EX:

Funs
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Ex: RP X(t) = Acos[2nfyt+¢)], ¢ = UNIF DISTRYV, f5(0)=(1/2m), 0< p<2n
fy(9)
. 2n _
E[X(®)] - [Acos[2nfit+¢](12%) db = o 2 l
=0 . ’
_0_1 _ 2n 9

R = E[XOX(t+ 1)) =E[A? cos( ) cos( )]

=(1/2)E[ A%cos (2nfyt)] +E [(1/2) A? cos {4n fot +2n fot42¢} ]

Rx(t) = (A’72) cos 2n £ 1) ; Ry(0) = E X = (A%2).
-+ Rx(t) is also a periodic function of *1° with sarﬂe frequéncy “f.

Let Y(t) = X(t) -p X@a+1), tofind ‘p’ for nﬁn‘imizing MSV of Y(t) for given ‘1’

X(1), Y(t) zero mean station — R P’s > P & T are constants.
E[Y{] =E[(X-p Xesol] '

=E[X{’]- 20 E[ Xy Xpe] +p2 E[ Xiu]

=Rx(0) - 2p Ry (1) + p? Ry(0)

d
. Rx(1)
— E[Y{] =2 Ret) +2p Ry(0), Popt = =
dp , ' Rx(0)
, Ré(1) a
E[Ylmin = Rx(0) - _
o Rx(0)

Let X(t), Y(t) Wide - sense stat, R P’s with Rx(t) , Ry(t), Rxy(1), Ryx(t) as COR.

Show that |Rxv(x) | < (1/2) [ Rx(0) + Ry(0) ]

E[(X(t+1) +Y@))20 , (XYt +1) +E[Y(0)] + 2E[X(t+ 1) Y()] 20

: Rx(0) +Ry(0) £2Ryy ) Z_(; s T Rxv(t) £(1/2) [ Rx(0) + Ry(0)]

[Rxv(t) | < (1/2) [ Rx(0) + Ry(0)]
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_EX: ‘Random Binary wave : X{1) L x(D) Thermal Noise is Gaussian with MV =0,
A typical sample function x,(t) is shown : A Ava. Noisé Pow ( max ) =[ KT (aAf )] w
Duration of the pulse = T | _ - “ -- S ; KT -
In any pulse duration T, the value of x(t) 0 él "tz t ‘ Ava. Noise PSD = 2 - -2_ W /He i
is £s with equal probability . The value -A t.j . ‘Where n= KTV = Noise waer per unit BW.
<T—> :

S . . Thermal Noise is modelled as Whit ise .
of x(t) in a given pulse duration T is statistically independent of the value of x(t) in other clie ite Noise

durations of “T". The time of occurrence of the first pulse from the origin is shown as ty. It is PSD of white noise :  Sw (f) and ACF Rw(7) are shown below :

d variabie, Ta > tg,0<tg<T n
a random L d d Iy Sw(f) , Rw(t)=—38(1)
3 2
n/2
_ n/2
EfX(®] =0, E[Xt)X(t)] = Rx(v) = A{l-([t]/T)], |=}<T
=0, jt/>T : ' 0 f ol
Where 1= (t; -- t;) :
A2
Sx(f) = AT sinc(Tf) _ : " Ex-: White noise through Ideal LPF.
| | Sn(f)
T of T Y | - Filter n/2
: THERMAL NOISE i R H(D) RP 5 5
A | | Ideal (1,B)
A o _ : A ; Sn(f)=Sw(f) | H(f) |*, Rx(1) = 1B Sinc (2B 1)
R 3 Ideal ’ I : ,- Sketch Ry(7).
+ = R vin© = i G-Ideal : — - .
vos | T-N ™ () _ Ex -: White noise through simple practical RC LPF .
_ R
B = - B .: ° Wy -
L . B [ .
" Phy. (Noisy ) Res. G=1/R
-}’ ( y) . .C H(f) =
E &/TNZ %4[KTR(’Af) vV}, E [[TNZ } 4[KTG(Af) ]A2 _ : T L+ j(f/fo)

Where X =Boltzmann Constant= 1.38 X 10 % J/°K and T = Abs. Temp in (OK) Where f = 3dB BW =1/(2aRC)
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|H(f)|?
1 n -1t
Ry(1)= exp
AN 4RC RC
o] f
Sn(f) 7
n/2|
0 ) f (S) " T
* BP Noise Process:n(t), ¢.f='f,, BW=2B. N
A typical P.D.S: Sy (f) is shown below
- Normally f. >>2B. - S
'fc 0 - ¢ je——
T > I 2B

. n(t) is referred to as Nar.rOW Band noise .
Similar to a deterministic BP signal g (t):

n(t) =n.(t) Cos(2nf.t)- ng(t) Sin(2nfit) =r(t) Cos [27f.t + yw(t)]
ne(t)=n(t) Cos'(2nft) + B (t) Sin(2nfit)

ng(t)="n(t) Cos (2nfet) - n(t) Sin (27 1)

SNC‘(f) = Sns(f)= Sn(f—£) +Sn(f+£) ,:| f|<B

Rye(7) = Rus1)75 o CifpsB.

— The power spectral density ( PSD ) of a noise process is given vy

— 10 [f]-10° |f]<10°
£y = I+ ——
o Sn(f) o 10 |f|>10%

The noise is passed~thfough a unity-gain ideal bandpass filter , centered at 50 MHz and

having a bandwidth of 2 MHz .
a) Sketch neatly the PSD of thg output noise process .

b) Determine the output noise power . s
<) Using the bandpass representation for the output noise process, skeich the PSD of the

. : i i wers.
" inphase. and quadrature noise components, and determine their respective po

01. The probability density function (PDF)
_~ of d random variable X is as shown
" elow.

1| PDF

-1 0 1

The corresponding cumulative
distribution function (CDF) has the
form -

®)

02.Noise ~ with  double-sided power

spectral  density of K over all
frequencies is passed through a RC

Llrow pass filter with 3 dB cut-off

frequancy of £,. The noise power at the
filter output js

@K ®KL ©Knf @)oo
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Chapter -2

03.

Objective Questions

If R(z) is the autocorrelation function
of a real, wide-sense stationary random
process, then which of the following is
NOT true?

@R =R(-1)

(b) IR(T)I <R(0)

() R() = -R(-1)

. (d) The mean square value of the

04.

0s.

Process is R(0)

I S(f) is.the power spectral density of
a real, wide-sense stationary random
process, then which of the following is
ALWAYS true? '

@SO25()  (©)s¢)>0
@86 =-5() @ s af—o

During _ transmission over a certain
binary communication channel, bit
erors  occur- independently  with
probability p. The probability of AT
MOST one bit error in a block of n bits

is given by

@p" (b) 1-p"
© np(1-p)"+(1-p)" (d) 1-(1-p)"
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Statement for Linked Answer Questions
08 & 09.

06. A wuniformly distributed random
variable X with probability density
function

fi(x)=1/10(u(x+5)--u(x--5}

where u (.) is the unit step finction
is passed through a transformation
given in the figure below. The
probability density function of the
transformed random variable Y
would be

y

L

-25 25

@& (y) = 1/5 (ﬁ(y £2.5)-u(y-2.5)
“(b) 1 (y) ~ 0.58(y) + 0.55(y 1) _

(©) f, (y) = 0.258(y +2.5)
+0.258 (y —2.5) + 0.58 (y)

(@) G, (y) =0.258 (y +2.5)
+0.258 (y - 2.5)
+1/10 (uy 42.5) —u (y— 2.5))

07. A zero -- mean white Gaussian noise
is passed .through an- ideal lowpass
filter of bandwidth 10 kHZ. The
output is then uniformly sampled
with sampling period t; = 0.03 misec.
The samples so obtained would be
(a) correlated
(b) statistically independent

(c) uncorrelated

(d) orthogonal

The following two questions refer to widc
sense sfationary stochastic progesses -

08.

09.

10.

1t is desired to gencratc a stochastic
process (as voltagc process) with

power spectral density

.16
§ (@)= 16 + *
by driving a

Linear - Time - Invariant systems by
zero mean white noise (as voltage
process) with power spectral density
being constant ‘cqual to 1. The

_system which can perform the
desired task could be

(a) first order lowpass R -- I filter
(b) first order highpass R —C filter
(c) tuned L -- C filter

(d) series R --L - C- lowpass filter

The parameters of the syStem
obtained in Q78 would be

(a) first order R -- L lowpass filter
would have R=4 QL4 H

(b) first order R - C highpass.filter.
‘would have R =4 QC=0.25F

(c) tuned L. — C filter would hay¢
L==4H C=4F

(d) series R 1. - C lowpass filter
would have R =1 Q, L = 4H,
C=4F

Noise with uniform power spectral -
density of Ng W /Hz is passed
through a filter H (0) =2 exp
(- jotg) followed by an ideal low
pass filter of bandwidth B Hz. The
output noise power in Watts is

(@)2NeB . (b)4NyB -

(c)SNgB (d)16 Ny B

ACE Academy
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An output of a communication
channel is a random variable v with
the probability density function as
shown in fig. The mean square value
ofvis

P (v)

(a)4 b)o

(c) 8 (d)9

12. A white noise process X(t) with

two - %ded power spectral density

1 xlO.' W/Hz is input to a filter whose
magnitude squared response is shown
below.

Y,

The'power of the output process Y(t) is

given by
@5x107w

©2x10°w

b)Ix10°W
@1xi0°w -

13. If the power spectral density of

stationary random process is a
Sinc ~ squared function of frequency,
the shape of its autocorrelation is

(@) R(7) (b) R(7)

14. If the variance o,4? ofd(n) = x(n) —

x(n - 1) is one-tenth the variance oy’
of a stationary zero-mean discrete-time
signal x(n), then the normalized
autocorrelation function Ru(k) / 5,2 at

k=1is .
a) 0.95 b) 0.90
c) 0.10 d) 0.05

15. The PD¥ of a Gaussian random

variable X is given by px(x)
(1/3V2m) exp[-(x-4)'/ 18].

The probability of the event {X = 4)
'is o '

a) 112 b) 1/(3V2m)
-e) 0 d)y 1/4
16. During  transmission  over a

communication channcl, bit errors -
occur independently with probability -
'p’. If a block of n bits is transmited.
.1he probability of at most one bit error
isequalto

a) 1-(1-p)"
b) p(n=1) (1 - p)

¢) np(l - p)"3!

&) (1=p)"+np(l - )"’

17. The PSD and the power of a signal g(1)

arc, respectively, S ,(0) and P,. The
PSD and the power of the signal ag(t)
are, respectively .

a) a’ Se(w)and a? P,

b) a® S,(w)and a P,
¢) a S,(w)and a? P,

d) a S,(@)and a P,

18. The amplitude spectrum of 4 Gaussian

pulse is
a) uniform”  b) a sine function
¢) Gaussian  d)an impulse function
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19. The ACF of a rectangular pulse of
duration T is
a) arectangular pulse of duration T
b) a rectangular pulse of duration 2T
c) atriangular pulse of duration T
d) atriangular pulse of duration 2T

20. The probability density function of the
envelope of narrow band Gaussian
noise is
a) Poisson b) Gaussian
¢) Rayleigh d) Rician

. A probability density function is given

2

—

-byp(x)=Kexp(—x2/2),—co<x'<oo.-, :

The value of ‘K’ should be
a) 1\2n b) 2/
o) 1/2Vn d) 1/n\2

22.The power spectral density of a
dcterministic signal is given by
{sin(f)/f | where f” is
frequency.  The autocorrelation
function of this signal in the time
domain is
a) arectangular pulse
b) a delta function
¢) a sine pulse
d) atriangular pulse

23. The autocorrelation function of an
cnergy signal has :
a) no symmetry
b) conjugate symmetry
¢) odd symmetry
d) even symmetry.

24. For a narrow band noisc with Gaussian
quadrate components, the probability
density function of its envelope will be
a) uniform — b) Gaussian
c) exponential d) Rayleigh

95 Two resistors Ry and R; (in ohms) at
temperature T\° K and T° K
respectively, arc-connected in series.
Their equivalent noise temperature is

K. - '

26.For a random variable ‘X’
following the  probability density
function, p (x), shown in figure, the
mcan and the variancc  are,
respectively, e

1p(x:)""'”
1/4
-l[__0 3 "X
"'"'a) 1/2and2/3 b) 1and 4/3
¢) land2/3 ° d) 2and 4/ 3

7. Zero mean Gaussian noisc of variance
N is applied to a half wave rectificr,
The mean squared value of the
rectifier output will be :
(a) Zero, (b)N/2
A(N/N2 (@N

28. In a digital communication system,
transmissions of successive bits
through a noisy channel are assumed
to be independent events with error
probability p. The probability of at
most one error in the transmission of
an § - bit sequence is

C@T(p)/8+p/8
() (1-p)*+8p (1)
©@a-p+a-p)
@1+ (1 -p)

29. The variarice of a random variable X
is o’ Then the variance of --kx
(where k is a positive constant) is.

@ o (b)- ko

©k ol ) @K o

Chapter- 3: Analog Communications Systems

{A) Amplitude Modulation (AM)

In AM, the peak amplitude A; cos(2nft + ¢) of the carrier is varied linearly with the

amplitude of the message signal.

s(1) ,

‘ O<p<l
- m(t) ‘

Message e AM signal

_ Time domain equation of A.M :

Ac 1 +K,m(t) | Cos 2nf. 1

I

s(t) = AcCos 2nfet + AcK,m(t) Cos 2nfc t

. The amplitude of the carrier before modulation is A. and the amplitude of the
carrier after modulationis A. [ 1 + K,m(t) ]. (After modulation, the carrier amplitude

depends on the message signal), K, = amplitude sensitivity of the modulator

S 8(H) = _2&;[ S(E—£) +8(F+£) )+ Ac Ko M(F~ £) + M+ £))
-, . 2 ' .
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.

-fe-W  -fc -fe+W fc-wW fc fc+W
) '& 2w —>|.

. dwidth efthe AMsignal = 2W _
Bandvt = 2 x message bandwidth, Bandwidth of USB = W
Bandwidth of LSB = W
Single tone Modulation of AM: : :

When the message contains smgle frequency or smgle tone, then the modulation is called
single tpne modulation.

m(t) = An Cos Qnfty

M) = A (5 —n) + 505+ fa)

-

-fm 0 fm

The time domain equation of A.M for single tone modulation is

s(t) = Ac Cos (21:]%‘c H+A, Ka Ay Cos (2nfy t) . Cos (21tfc t)

and the amplitude of the carrier after modulationis A, [1 + p Cos @2nfat)],
the maximum value of the positive envelope is A; [I + p],
" the minimum value of the positive envelope is A; [1 — p].

plor

ACE/K'cadém Analo Commun'ication Systems 2
\M\—Y\

zlic_
-fe-fm  -fc -fec+fm 0 fe-fm fc l'cf.fm > f
f€&— 2fm—>|

B.W.= 2f, = 2 x Highest frequency of message signal

Power calculations of A.M : .

P=In’R orVos °/R
Assuming AM signal as voltage signal , Vims Ac

2
A ? A2
Pfc=‘—l‘[_] = —
R 2R

(AR A
Pfc+fm= - - |= .
R vz ) w

Aczllz

P =
S8R

ACZ . uz
Total Power == — . [l + —]

2R 2

S AR AR -

_ =+ & [note If RIS not-givenin thepmblem_
2R 4R always normalized power is calculated

by considering R as 1 Q]

-P( = P +

Carrier  Sidebands (USB & LSB)
Power Power

Power in the sidebands

Modulai_ion Efficiency =
' Total Power

Pep?r2 p?
n= = .
P (1 +p2/2) 2+p?

~N
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Multi-tone Modulation: |
When the message contains. more than one frequency, it is called multi-tone modulation.

For 2 - tone modulation
m(t) = Ami €08 27 fi t+ Amz cos 21 fmzt

(fmZ > fml)
s(t) = Ag [l +Ka m(t) ] cos 2n f. t
= A, €08 2T fct + A Ka [ Aml cos 21: fml 1+ Ap COS 27t fmz_] cos 2% ft

os(t) = Ac[1+pcos2mfmt +p2¢0521tfmzt]c0321cfct

o Ao,
= Accos2nfct + [c0s21t(fc4 fa)t + ‘cos 2n(f; - fml)t]
2
A2 ] .
+ [ cos 2 (f, + fm2) t + cOS 2n (fo—fu2) t]
2

Ka Amt = i, Ka Am2 = 2

st

Assume pj > 12

Acft

fo—fmp fo—fm £ fotfmi fc+fmz

A2

B.W = 2 f,;= 2 (Highest frequency of message signal)

Normalized power - ,
Pearrier = Ac 12

A Al p?
Peeel = | — = | T

22 8

A} ASwY
Prifm = —| =

22 8
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A, 2 H 2 Acz IJ-ZZ
PUpper sideband frequencies = +
8 8
A2
= 7 [p-lz+l-"2 2] = P Lower sideband frequencies
Al AP Al m: o’
Po= — +— (m’+m?)=— |1+ —+ —
2 4 - 2 2 2

P
P |1+ —
N2

" 'f the messagg contains ‘n’ frequencies,

where p’= p+py?

=_p12+}122 S ST

Power in sidebands P l/2 it ?
T‘ = = —
Total Power P.(1+m2/2) 24 p,?

Example : Determine 1 and the percentage of the total power carried by ;hé sidebands of the
'AM wave for single tone modulation when (a) p=0.5 and (b) i =

"Sol : Forp=0.5, .
' ' TR ©(05)?

x100% = ———— x100% = 11.11%
2+p? ‘ 2+(0.5)2 '

- T']=

Hence, only about 11% of the:total power is in the s1debands

Forp=0. 3 . T ' . o
(0.3)°
n= ——— x100% = 4.3%
2+(0.3)2 :
Hence, only 4.3% of the total pc.)Wef is the-useful power (power in sidebands).
Generation on AM signals :
(1) Square Law Modulator :

m(t) —9 on-linear BPF
Device v; v

AM signal

A, cos 2nfct
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_vit) = mt) +cos 2nft

va(t) =Ky i) + Ka vi (1)

VQ=K| Vi+K2Vi2 ]
If K;=0, it becomes a square law device.

v.z.(t). =K, m(t) + K;Ac cos 2nf; t+ K.z m*() + Kz Ac? cos? 2nf, t + 2K m(t) A cos 2nfet

vit) = Ky Accos 2nf;t + 2 K m(t) A cos 2nf. t,

2 K2 | « .
A the
= e m(t) lcos 2nf; 1, the other terms are eliminated by
o [1 ' m( )} _c BPF with centre frequency ‘f’and

K;
BW=2W
o 2K,
Amplitude Sensitivity Ka= ——
Switching Modulator:
D

m(t)

@ . . ¥R

<

C ()Accos 2nf: t

7 Q/l(t) = m(t) +Accos2nf.t ;
=  o)>0

= () ;. C(t)(O

—=- (or)
vz () = m(t) + Accos 2nf: 15 » c(t) > 0
va {t)y=0 N () <0
Analytically

vz (1) =w1 (t) x gg(t)

_ACE Academy Analog Communication Sy ste:ﬁs 31

g!}; ®

T() =1 /fe

-To Te/4 0 To/d To .

Fourier serious fo g, (t): the periodic functions
g M) = (12)+(@2/m) cos2nfet) - @/3m)cos @r3L) 4...... S

~va () = [m(t) + Ag cos 2nf; t ] [(1/2) + (2/m) cos 2nf; 1 = (2/3n)cos 2m 3t ... ]
If the above signal is passed through a BPF,
v (t) = (Ac/2) cos -(2nfc t) 4 (2/m) m(t) cos 2nf; t)
Demodulation of AM signals -

(1) Square Law Demodulator (Detector) :

AM signal —»«—| Non-linear LPF message signal

Vi Device V, V,

Vi = A [l + K, m(t)} cos 2nf 1)
Vs = KjA, cos 2nf, 1+ K 1AK, m(t) cos 2xf, t + KoAZ cos® 2nf, t

+KaAZK,? mz(t)_c_q§ 2 2nf, 1+ 2 KoAZ K, m(t) cos? 2nfct

CKeAL 2KAZKam)  KAZ K2 mi()

V3 = + +
2 2 2
Kz Ac2 - . K2A¢:2 Kaz mz(t)
-- = [1+2Kam()] + —————
: 2
The ratio between wanted component to unwanted component is
2 KaA Kam(t)
2 2
KA. Ka? m’(t) K. m(t)
2
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The ratio should be as high-as possible..
2
~ Ratio = _ , for single tone modulation
Kq A cos 2nfi, t ‘
2 2
- Ratio(Min)= —— = -~ (Ratio s high only when p << 1)
KAn A _

(2) Envelope Detector :
R

AM wave O ) - R, % vo

Charging time constant RsC should be very very low. Discharging time constant R .C should

be very very large.
Ty very larg Vo\(t)
A

Don

. For an input of A; [1 + K, m()] Tos 2xf; t, the output of envelope detectoris -
-~ A.t AK, m(t). The envelope of the input must be positive to get the exact message signal.

i0<psty —
o Ac[]+“]- - p<l

A1 -plf

0
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4 u>1
© 2Ac T Over modulated
signal
0 e S | . w
\/ o t
: Aci i WYL WL
2Aci ™

~ An Over modulated si

gnal can’t be demodulated
Balope e ated by a Square law demodulator and

3. Synchronous Detector: -

AM —— vt 2
—WavE Multiplier _'() ey o ACZKa m (t)

A cos2nf, t '

Oscillator

Be M) =[Ac cos 2af, t+ Ac Kym(t) cos 2xf. t] Ac cos 2nf; t
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DSBSC Modulation

In AM the power?équired to transmit the carrier is very high when corapared to the -

sidebands. So the modulation efficiency is very less. Always the power in the sidebands P. 2
should be as high as possible. To increase the modulation efficiency the carrier is = = = 1on
suppressed and only the sidebands are transmitted. P, (1+1212) 242 b~

s(f) = A.m(t) cos 2xf . t + A; cos 2nf.t [ Time domain Equation of AN] Generation of DSB-SC signals :

sty = Acm(t) cos 2nf.t [ Time domain Equation of DSB, carrier is supbre;sed] (1) Balanced modulator

s(t) = m{f)c(t) (2) Ring modulator

A ,
S(f) = — [M(f 1)+ M({F+1)] . [ Frequency domain Equation)
) ) ’ Bal d mod :
M() ) s() alanced modulator
: ' AM
mr modulator|
. A
f f A cos 2xf_ t

w0 w 1, of .f?»W f. fwW ' ) d}:}—oﬂr DSBSC signal

BW.= 2w = 2 (Highest frequency component of the message) -

Power required to transmit a DSB wave is very less compared fo AM, but the - mt) , AM
bandwidth is same as AM. - ) ' modulator]
Single-tone modulation of DSB-SC : ' - ' O = Ac[1 + K, m(t)] cos 2nf t - Ac[1- K, m(t)]cos 2nf, t
m(t) = Ap cos 2nfy t _ = 2 A. K, m(t) cos 2xf, t
SO = Aohccos2nlct cos2fat - -+ S = 2Ky m() )
AcAm Coe= ) R B Ring modulator:
= (08 28~ fa) t+ 05 2x (1 + ) t ) g moddiator
) .
s — ,
A . | T
Lol _ .
) (t) olp =m(t)c(t
- BW.=2f, : il P o= ()C_()
. » f
St fetfn [0 fef foHn
—o Carrigro——

. AczAmz AczArn2 e +1
Prsp = Pysg = ; P = H n=1 - HH“ H
. -1
8 4 0
Power saved

% Power Saving = ——————— x 100
Total power




" N
0 ' =t

(_1) ll-- 1

@

o) = (4lm) T

cos [ 2nf. t(2n-1)]
2n-1

s:(t) = mi) )

- _1) n;1
= (4/n) m(t) ¥ cos [ 2nf. t (2n-1) ]
Con=t 2n -1 .
= (4/m) m(t) [cos 2af, t — (1/3) cos 6xf. t + (1/5) cos 2x Bt — .o ] :

W A
A

By passing the output of Ring modulator s¢(t) through a BPF with centre frequenéy £
and bandwidth 2W, we can get DSB signal, s(t) = 4/ m(t) cos(2nft)

Demodulation of DSB signals: ' _

Coherent Detection : ) - RISV .
' . o Vi V2
s (t) P22y} Muttiplier LPF
A _ .

A cos 2nf .t

| Oscillator I

s{t) = Accos (2nf; t) m(t)

vilt) = AZ cos® (2nf. t) m(t)

A
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Al AZ
vi) = — [1+cosanfct] mt), v ) =— mey)
2 . : . 2

M(f)

. -
W > f.
/\ ")
, 0 tow oW > f
Vi)
/N /N
: L —h >
% ‘- w - 0w ot
vi{t) = AZ m(t) cos 2xf. t x cos (2xf. t + §)
AZ m(t) : o
= [cos¢+cos (47rfct+¢)]
2
AZ m(t)
voft) = cos ¢
9 o
- - AZm(Y) -
0=0 = vt) = —
’ 2

=90 > va(t) = 0 o (Quadrature Null effect)

Synchronization circuits are neceésary are to overcome the Quadrature Null
Effect. So the complexity of the receiver is increased.
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Single Sideband (SSB) Modulation

| SSB modulation is used. In
In order to reduce the bandwidth required to transmit the signa

this technique only one sideband is transmitted (either USB or LSB) So the bandwidth and
power required to transmit the signal, is reduced.

_ DSB
0] ol
S(f)
B A LSB A :f
-fc-wuss-fc' ol fcusfc+w 'f of  Lw f,
1 .
A K o
2 w 0w 2f,

st) = m() A cos 2f ¢
= Am A cos 2nf, t cos 2, t, For single tone modulation

A A . o
cos 2xn (f. - fn) t
2 .

VAR, T
cos 2n (fo+fm t-+ -

T sy =

AcAn .
s(t) = ——— cos2n (fo +fm) t
S _

(if USB is transmitted )

Ac A

TE(t) = ——— cos 2x (f =t (fLSBistransmitted) -
2

AcAn
s(t) = ——— cos2x (f, 1)t

AcAn _
= {cos 2nf.t cos 2ndyt T sin 2nf.t sin 2nf, t )
2 .
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The generalized equation is

A _
st) = — [_rp(t) cos 2nf,t ¥ () sin 2nf,t )
2 L :

A A 2
P = ’
PetPussorbiy Pt PR (4+p?)
Power saving = = = —_—
T P P. (1+%2) 2(2+pu3

Generation of SSB signals :

"(1) Frequency Discrimination Method
(2) Phase Discrimination Method

Frequency discrimination Method

~ PM i ..
m(t) Product BPF SSB signal
-~ | Modulator :
T A cos 2nf. t

The output of PM is a DSB signal. If the DSB sngnal is passed through a
bandpass filter, the upper sideband or lower sideband is suppressed

If the baesband is from f; to f.+ W, we will get the USB.

Phase Discrimination method :

A A .
s{) = — m(t) cos 2nf.t T — m(t) sin 2xf_ t
2 2

m(t) - Product
"1 Modulator
4
A sin 2nf_ t

+
m®) | [Wideband , C}, SSB(USB/LSB)
| Phaseshifte 90° T
(90%) Phaseshifte, .
m(Y N A, sin 2nf, t
m(t) Product .
1 Modulator
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Demodulation of SSB signals : Vestigial sideband (VSB) modulation

SSB Product LPF SSB signal

This is mainly used for the transmission of video signals. /
s(t) | Modulator{ - vy V2 (1 \fdeo signal has S|gmﬂcant low frequency components.
T A cos 2af.t (2). Highest frequency vanes from 2 MHz to 4 MHz.
A A N
s) = — mt)cos 2nfct F — m(t) sin 2xf t
—2 2 - o
Al Al : o
w(t) = [1+cosdni t)m{t) T — M) sin 4rd. t
: 4 4 : _ . ] _ ~2MHz 2 MHz _ >
A2 . : DSB
voft) = —— m(t) )
4 : .
Consider the locally generated signal as A cos (2xf. t + ¢), ’ ’ o fe—amiz > f
. i - . A ¥
Ac2 h . . ) /\
v = — [cos m(t) T (W sin¢) . -
4 .
A2 : 0 f. ftw >f
$=0", vty = — m(t) . 4
- 4 : 1
¢=90°,-v2<)=<A2/4)m(t> —
3 - [So no Quadrature NuIl effect mﬂTe‘case of SSB, ‘whichisa -
- = . major advantage over DSB]
R Zfe >
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Noise affects the video signal especially at low frequencies. Generation of VSB signal :

7

m{t) Product { DSB | BPF | - » V5B signal
, e Modulator [~ v(t) |_H® s(t)
q o ™ f ’
A cos 2nf, t

Vi) = Acmift) cos 2n, t
| s(t) = v(t) ® h(t)
0
S() = V(). H)
A
=— (ME-f)+ME+£) JHO
W A 2
BW=w+f, )
, A
S(f-1) = — [M(-26) +M@) | HE-£)
i 2
A
S(E+6) = — [ M(F+26) + MO H(F+ 1)
2

_Demodulation of VSB signal :

s(t) Product LPF [, SSB signal
. Modulator ‘ -

T A co?anJ

The output of PM is A, s(t) cos 2xf, t.

. A -
_ . : £ — [s-f)+S(f+f)
ol f 2 ( )
Acz

= —4— [[M(f—ch)+M(f)] H(f o) + [M(f +2fc) + M(f) ] H(f+fc)}

‘;f

W o W The output of LPF is

... Power required to transmit a VSB signal is same as SSB (ideal).

Ac2
> (MO HE-1) + W) HE+1) )

BW. = W+f,

Acz
e M [ HE- 1) + H( 12 )

Wi
1l
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To get the exact message signal H(f ~f) + H(f+f)shouldbea constant (K).
2 Mi’ser:
Output of LPF = — Km(t) H(H L. . Lo :
PR | Mixer is a device which is usgd to change the carrier frequency of a modulated signal.
s(t) Modulated Product J BPF e v !
— f _ ‘ ! ) _ s1gnal Mo Vi
-fc'W fe ol fcriiifc"'ivv o - : o T . ‘A ’ fc> fL
H(f fo) + H(f + o o : ' 7 l Oscillatorl
w 0 w > f ' _ s(t) = m(t) cos 2nfc t
For an ideal BPF, H(f—f) + H(f+ 9= m(t) .
. vi®) = — [cos2n (F i)+ cos 2m (i - f)t)
}H(f) 2
K .
. . Vit
A | | | /\ /\
'fc'fv -fe ’fc"'fv 0 fc T forw i . . fc fL f°+fL-w fc+fL f + fl +w
For active filters K> 1 fo-fi s+ 1y . BPF
For passive filters K< 1 _ _ . . H()
' . ' Vxf) .
H(f - ) /
_ : _ When the carrier frequency is mcreased it is called upconversnon
: Vi(f)
. : > f :
W :
» — H{E+E)
""" i o © BPFF
0 fa W i H(H)
| ; ‘K : 0' —P f
H (f-£) +H(f+ £) =K e | ' Vi) =
[ — > f
wd, 0 fw : : /L\ ;
. . : 0 I v >
o
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If only SSB is used, then the spectrum of the combincd signal is

{f the carrier frequency is decreased, it is said to be downconverted.

Iffi>f
RIRY:14)) (USB is transmitted)
SRRV b down
conversion ol ok .
4 > Hz
of. S - fife FDM Receiver : !
"Frequency Division Multiplexing (FDM) : - o * BPF J)em'oaulatdr - my(1)-

mic®) AAW _A_ -1
PP : Ghanmet ma()

o 1 Lcth vt | i
LPF 10kH3! Modulator — ‘ : '

e, % _ | ﬂ
[0 KHz M _ Tuning Carrier
) ’ fe, fca fes

1\ fes _ By tuning we can change the resonant frequency to carrier frequency of the required
- channel. - e

my(1)

The carrier frequencies must be selected in such a way that there should not be any
interference.

To avoid interference,

fc; 2 fe; +20KHz

2

foy 2 o+ 20KHz

— ; 4 > f
T -t y >

0_| k- 60 KHz 3

If a guard band of 2 KHz is allowed, then the spectrunrw_ili be ' . ) ) ) - R

K %K
B.W. = 64 KHz
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(B) Angle Modulation:

Angle modulation is defined as the process in which the angle of the carrier (exther frequency
or phase) is varied linearly according to the message signal. So there are two types of angle
modulation. :

(1) Frequency Modulation
(2) Phase Modulation

Phase Modulation :
Changing the phé;according to the message signal is called Phase Modulation.
s(t) = Accos [ 2nf; t+ K, m(t) ]
b0 =Kem®
K; = Phase sensitivity of the modulator (radians / volt)
_ Fof single tone modulation ..

¢ () = Ky Amcos 2ufyt - ¢max = Ky Am = Phase Deviation

Frequency Modulation :

* Changing the frequency of the carrier accordmg to the.message signal is. called Frequency
Modulation. _

fi(t) = £ +Kem(t)
K¢ = Frequency senisitivity (Hertz / Volt)

For single tone modulation
(1) = £+ KAy cos 2nfin t

max = £+ KeAg
—— - fi min = £-KeAn
Af = KeAp = Frequency deviation

Carrier Swing or Total variation of carrier frequency =2 Af
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e e 40

/\ Message {Modulating) signal
\/ 7 t

/\ /\ /\ /\ ACamer signal

VvV VvV

AL AL /\A 1.

Lets(t) = A, cos 8(t) be the FM wave

0(t) = 2xft
do(ty/dt = 2nf,
1 deq)
— ——=f
2t dt
0t) = 2n [ fu dt
8(t) = 2n [ [ f.+Kym(t) ] dt
0(t) = 2nf. t+2nK; | tm(t) dt -
s(t) = A, cos [2nfc~t+2an0f m(t) dt] —> FM
s(t) = Ac cos [ 2nf, t+ K, m(t) ] —> PM

For a single tone modulation

m(t) =-Ay cos 2af,, t

- 2n KfAm N
s(t) = cos 2nfe t + ————— sin 21tfmt)J
2n o, ’

f KrAn
=A; [cos 2nf .t + sin 2af,, t)
fm
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KrAn Af

&l &1

_ Modulation index of FM = B =
<< I, Narrow band FM

B >> 1, Wide band FM

Narrow Band FM—-

s(t) = A, cos 2nf, t -+ sin 2nf, t)

A [cos 2nf. t. cos (B'sih 2afy t) — sin 2af; t . sin (B sin 2nf, 1))

A, cos 2nf, t — A B sin 2nf. t sin (2n fut), for B << 1

n

.Ac B .
= A.cos2nfi t —— ( cos 2= (f; — f,) t ~ cos 2n (f; 4 f) l]
2
Spectrum of NBFM :
Acp . Acp
s(t) = Accos2nf t+ —— cos 2n (f; + ) t + — cos 2n (f, —f) t
2 2
- Acl2
' T A.B/4
fofn | > f
l &I ﬂﬁ—&
Acpra

B.W of NBFM = 2 f;,

The spectrum of AM and FM are identical except that the spectral component at

f, — £ is 180° out of phase.

P, =P (1+$2/2)
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Generation of NBFM signal :
Product
An cos 2nfy, t Modulator
A sin 2nf; t)

90°
4

.Z,

A 4

Accos 2nf, t
o I Oscillator I
Wideband FM : |
) = A, cos [Zn"fc't + B sin 2xfy, t ]
Bessel function of order ‘n’ is given by
1) = (1128 &m0 go
Properties : - | -

I(x)- = (-1) " fx) |

© -

.gp(t) = z Cn ej21mt/’l'0

n=-ow

- . ToR2 =
Ca=(17/To) [ geft) e 2t/ o g
- ToR2 - ——

cos@ = Re[e®] :
s(0) = Ay Re e @rfet+ Bsin2nfmy)

. ;"Ac Re ejZnﬁ:l . ejﬁsinanm l_

-]
= AcRe ™' ¥ (¢ Wit

n=-oco
V2fm |
C, ﬁ*’(l /TO) j‘ chsinanml‘ e .—j21mfml dt T
=1/ 2fm .
M 2fm

Cy=f, I g (Bsin2nfm ( - 2natin ¢ dt
- 1/2fm

s(t)
NBFM

signal
A;cos (2xf 1)

’
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Compare this with standard form of Bessel function,

="2nfyt
SRS SRR S
C, = I .eJ(ﬂ 5ind — n9) do
2nfy "
Co = 1(B)
s(t) = Ac Re ejznfcl MR () ejZnnfmt

n=-o

- 'ACIRC 2: J“(B)ejlnfcl. ejZnnfntl

n=-»

o

A T ey

= A.Re Z Ju(B) cos [ 2n (f; + nfm) t] n=0,%1,%2,...... T oo

s(t) = Ac Jo(B) cos 2nf. t+ Ac Ji(B) cos 2m (fe + f) t+ Ac J.(B) cos 2m (e fm) ¥+
Ac Jo(B) cos 27 (£ +2f) t+ A; L.o(B) cos 2m (e - 2t eeeees

g(t) = A Jo(B) cos 2. t4 A J l(B)[ cos 2m ({ + fm) t - cos 21 (fe ~ fw) J -

T Ac JZ(B)( cos 2m (£, + 2f) 1+ cos 27 (. — 2fw) t]

AcJof E )
2
Ac J l{@}
] 2 Ac JZ(B)
Ac 22(@) I
fm f
OI _f;:_ me o fc ' fc‘i' fm fc'}' 2fm
-A J I(B)
2

Theoretical bandwidth of a WBFM is ‘w0’ '
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Characteristics of a WBFM signal :

(y WBEM spectrum consists of carrier and infinite number of sidebands, each
separated by fn

Magnitude
spectrum ’
-'MATT TTTt o
-0 ety fo fotfn

- (2) The amplitudes of the spectral components depends on the Bessel function coefficients

Ju(B) which decease as ‘n’ increases. So the amplitudes of the spectral components also
decreases on both sides of the camer

(3) In WBFM spectrum amphtude of carrier component depends on Jo (B) and hence on
modulation index f.

1(B)

The Bessel function coefficient Jo(8) = 0, when B =2.4, 5.5, 8.6, 1.8, ....

For these values of B, the amplitude of the carrier component in the spectrum is zero
and the modulation efficiency is 1.

Cw R
“P?z Pearier = —
2
A THB)
Pr+fm = ——
2
Ac2 JIZ(B)
Pfc—fm = -
2

P1%yder sideband = Ac” I 2(B) o
Py der sideband = A’ 32 %(B)

anorder sideband = Ac2 In z(l})
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A2 Al A2

Al ¢
RIB) +—— M@ T e
.2 2

Total Power = J¢’(B) + 1B) +
" 2 2

2 2
A » Ac
Y e = — = Unmodulated Carrier Power

2
The total power is independent of modulation index. AM takes more p
compared to FM for the same message and carrier.

OWCT

Calculation of practical B.W of WBFM using Carson’s rule :

gnal is bandlimited using Carson’s

Theoretical bandwidth of FM is {0* but practical'l'y the si
al density gives how the power is

rule by passing the FM signal through BPF. Power spectr

distributed among different frequency components.
Carson stated that only certain frequencies will have significant amplitudes.

p=2

1 T T T T ,]\B.W-»;ef;

b fc+3 fm - fc'}'me 'fc"'fm - ﬁ fc fc'l'fm fc"'zfm 11‘3 l‘m

By using BPF, the higher components of the FM signal are suppresscd so that

the powet 1n the remaining sidebands is 99% of the total powcr.

- Carson has proved that the number of sidebands having significant
amplitudes containing 99% of the total power is, g+l

2@+ 1D fm

Af
2 {—+1]| fu = 246f + 2y

fm

B.W

hi

Example: An angle-modulated signal with carrier frequency @ =2m x 10 3 js-described by

the equation

oem = 10cos (@ct+5 sin 3000t + 10 sin 2000 1)
(a) Find the power of the modulated signal.

(b) Find the frequency deviation.

(c) Find the deviation ratio B.

{d) Find the phase deviation AJ.

() Estimate the bandwidth of @em (1)-
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Sol: The signal bandwidth is the highest frequency in m(t) (or its derivative). In this case

B = 2000m /2 = 1000 Hz.

(a) The carrier amplitude is 10, and the power is

P=102/2 = 50
(b) To find the frequency deviation Af, find the instantaneous frequency o; givc; by
d 1
@ -;— 6(t) = o+ 15,000 cos 3,000 t + 20,0007 cos 20007 ¢
t

T:e carri-er dcviat.ion is 15,000 cos 3,000 t + 20,000 cos 2000 t. The sinusoids will add in
phase at some point, and the maximum value of this expression is 15,000 - 20,000x. This is

the maximum

©

(d) The angle 8(t) ~ ot + (5 sin 3000t + 10 sin 2000x t). The phase deviation is the

carricr deviation Aw. Hence,
Ao
Af = — 12, 387.32 Hz
2n

Af 12,3872
p= — =T = 1237
B 1000

maximum value of the angle inside the parenthesis, and is given by A¢ = 15 rad

() Bem = 2(Af+B) = 26,774.65 Hz

-Generation of WBFM sighal :

(1) Direct Method
(2) Indirect Method (or) Armstrong Method -

Direct

Method :

A voltage controlled oscillator is used to generate FM signal.

1
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For a Hartley oscillator,
1
f=s= —m L| Lz
2nVL +L0y C L
1\
1 o
f= Z
2 V(L + L) (C+Cy) T wve
k m(t) 3| .
Ci is (WC) voltage variable capacitor and depends upon m )
Indirect Method :

In this method, NBFM signal is converted into WBFM signal.

mo) NBFM NBFM WBFM
b

Modulator{  s(t)

.| Frequency
multiplier | S(t)

Ac cos 2rf. t
s(t) = A cos (anc, t+ By sin 2nfy, t)
s(t) = A cos (nanc. t + nf, sin 2nf;, t)
= A, COS [2nfc? t+B; si:n'2~nfm t)
B2=np,

where fo =nfc) ;

_ Demodulation of FM signals :
- Slope Detector : R

Figure shows the schematic diagram for a single-ended- slope detector, which is the simplest
form of tuned-circuit frequency discriminator. The single-ended- slope detector has the most
nonlinear voltage-versus frequency characteristics. However, its circuit operation is basic to
all tuned-circuit frequency discriminators.

FM in ' o l | * Vou /
L, fca LG 3R
111 AR

<5
-AlC +Af
Fig.(a) Fig.(b)
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In fig.(a), the tuned circuit (L, and C,) produces an output voltage that is proportional to the
input frequency. The maximum cutput voltage occurs at the resonant frequency of the tank
circuit (f,), and its operation decreases proportionately as the input {requency deviates above
or below f,. The circuit is designed so that the IF center frequency (f;) falls in the center of
the most linear portion of the voltage-versus-frequency curve, as shown in fig.(b). When the
intermediate frequency deviates above f, the output voltage increases; when the intermediate
frequency deviates below f;, the output voltage decreases. Therefore, the tuned circuit
converts frequency variations to amplitude variations (FM-t0-AM conversion).

D;, Ci, and R; make up a simple peak detector that converts the amplitude variations to an
‘output voltage that varies at a rate equal to that of the input frequency ehanges- and whose
amplitude is proportional to the magnitude of the frequency changes R

Balanced Slope Detector :

 The figure shown below is the schematic diagram for a balanced slope detector.

A single-ended slope-detector is a tuned-circuit frequency discriminator, and a balanced slope
detector is simply two single-ended slope detectors connected in parallel and fed 180° out of

- phase. The phase inversion is accomplished by center tapping the tuned secondary windings
of transformer T;.

T i —0

FMin

3|
LAY
o
—|
o
Z

C------45

NN
o
=
B el
o

_p \V4
K
a

L}
>
T”
—

c

I Fig(a) ' ~ Figih)

In Fig.(a), the tuned circuits (L,, Ca, and Ly, Cy) perform the FM-to-AM conversion, and the

~batanced peak detectors (D4, Ci, Ry and D, C;, R;) remove the information from AM

envelope. The top tuned circuit (L, and C,) is tuned to a frequency (f;) that is above the I
center frequericy (f) by approximately 1.33 x Af (for the FM broadcast and this is
approxnmately 1 33 x 7.5 kHz = 100 kHz) The lower tuned c1rcu1t (Ll7 and Cy) i is tuned to a

The output voltage from each tuned circuit is proportional to the input frequency, and €ach
output is rectified by its respective peak detector. Therefore, the closer the input frequency is
to the tank-circuit resonant frequency, the greater the tank-circuit output voltage. The IF
center frequency falls exactly halfway between the resonant frequencies of the two tuned
<ircuits. Therefore at the IF center frequency, the output voltages from the two tuned circuits
are equal in amplitude but oppose in polarity. Consequently, the rectified output voltage
across R} and R;, when added, produce a differential output voltage Vo, =0 V. When the IF
deviates above resonance, the top tuned circuit produces a higher output voltage than the
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lower tank circuit and Vo, goes positive When the [F deviates below resonance, the output
voltage-from the lower tank circuit is larger than the output voltage from the upper tank

circuit and Vo goes negative, The outpul-versus-frequency response curve is shown in

fig{b).

The slope detector is simplest FM detector. It has several disadvantages, which include poor

linearity, difficulty in tuning, and lack of provisions for limiting.

Foster-Seeley Discriminator :

A Foster-Seeley diseriminator (phase shiftdiscriminator) is a tuned-circuit frequency
. discriminator whose operation is very similar to that of the balanced slope detector. The
schematic diagram for a Foster-Seeley discriminator is shown in fig.(a).

Co . Veu=V+Vy - D
- N
Vin N
FM input +
ul
& T Vol
Nlp
VDl Vm
VLa ;_.—-ls-“
v
Vs
Fig.(b) ' ~ Fig(©) Fig.(d)

The capacitance value for C, C, and C; are chosen such that they are short circuits for the IF
center frequency. Therefore, the right side of Lj is at ac ground potential, and the IF sxgnal
(Vi) is fed directly (in phase) across L (Vy3). The upcoming IF is inverted 180" by
transformer T; and divided equally between L, and L;. At the resonant frequency of the
second tank circuit (the IF center frequency), the secondary current (I;) is in phasc with the
total secondary voltage (V) and 180° out of phase with V3. Also, due to-loose-coupling, the
primary of Ty acts as an inductor, and the primary current I is 90° out of phase with Vi,, and,
because_magnet-ic induction depends on primary current, the voltage induced in-the secondary
is 90° out of phase with ¥;, (V(;).The voltage across the top diode (V) is the vector sum of
V15 and Vy,, and the voltage across the bottom diode Vp; is the vector sum of Vi3 and Vi

The corresponding vector diagrams are shown in Fig.(b).
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The figure shows that the voltage across the diodes D; and D, are equal. Therefore, at
resonance, [; and I; are equal and C; and C; charge to equal magnitude voltages except with
opposite polarities. Consequently, Vou = Vo1 — Ve =0 V. When the IF goés above resonance
(X, > Xc), the secondary tank circuit impedance becomes inductive, and the secondary
current lags the secondary voltage by some.angle | 0, which is propomonal to the magnitude of
the frequency deviation. The corresponding phasor magram is shown in Fig.(c). The figure
shows that the vector sum of the voltage across D, is greater than the vector sam of the
voltages across D;. Consequently, C; charges while C; discharges and Vou goes positive.
When the IF goes below resonance. (X;, < X¢), the secondary current leads: the secondary
voltage by-some-angle 0, which is again proportional to the magmlude of the chau,- in
frequency. The correspording phasors are shown in Fig.(d). It can be seen that the vector sum
of the voltages across Dy is now les than the vector sum of the voltage across D,.
Consequently, C; discharges while C, charges and V,, gocs negative. A Foster-Seeley
discriminator is tuned by injecting a frequcncy equal to the IF center frequency and tuning C,
for 0 volts. As shown in figurc.1, the output voltage from a Foster-Seeley discriminator is
directly proportional to the magmlua’e and direction of the frequency deviation.

VOl.Il

Bandwidth = [f; - f]

£

I
Z,

——- AL
£, .

Fig:2

~ Fig.2- shows a. tybic;l- -voltage-versus-frequency response - curve for-a Fostér-Seeley

discriminator. It can be seen that the output voltage-versus-frequency deviation curve is more
linear than that of a slope detector, and because there is only one tank circuit, it is easier to
tune. For distorsionless demodulation, the frequency deviation should be restricted to the

linear portion of the secondary tuned circuit frequency response curve. As with the slope

_ detector, a Foster-Seeley discriminator responds to amplitude as well as frequency variations

and, therefore, must be preceded by separate limiter circuit.
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Ratio Detector :
The ratio detector has one major advantage -over the slope detector and Fostcr-Seelcy
discriminator for FM demodulation: A ratio detector is relatively immune to amplitude

variations in its input signal. The schematic diagram for a ratio detector is shown in fig.(a).

C. D,

N
A
FMin “E“

\
1/
Q

Fig.(a)

As with the Foster-Secley discriminator, a ratio detector has a singlc tuncd circuit in the
. transformer secondary. Therefore, the operation of a ratig detector is similar to that of the
Foster-Seeley disciminator. In fact, the voltage vectors for D and D, are identical. However,
with the ratio detector, one dlode is reversed (Dz) and current (lg) can flow around the
outermost loop of the circuit, '[herefore after several cycles of the input signal, shunt
capacitor C, charges to approximately the peak voltage across the secondary winding of T).
The reactance of C; is low, and R srmply provrdes a dc path for drodc current. Thereforc the
time constant_for R; and Cs i rs suff crently—long s that rapid changes in t the amplrludc of the
input signal due to thermal noise or other interfering signals arc shorted to ground and have
no effect on the average voltage across C,. Consequently, C;_and C; charge and discharge
proportional to frequency changes in the input signal and are rclatively immune to amplitude
variations. Also, the output voltage from a ratio detector is taken with rcspect to ground and
for the diode polarities shown in fig.(a), the average output voltage is positive. At resonance,
the output voltage is divided equally between C; and C, and distributed as the input
frequency is deviated above and below resonance. Therefore -changcs in Vyyu are duc to

changing ratio of the voltage across C; and Cy;while the total voltage is clamped by-Cy:——
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-Figure below shows the output frequency response curve for the ratio detector. It-can be seen

that at resonance, V, is not equal to 0V but, rather, to one-half of the voltage across the

secondary windings of T;.

Maxrmum positive output

Average positive voltage
fin> 1,

Because a ratio detector is relatively immune to amplitude variations, it is often selected over
a drscrlmmator However, a discriminator produces a more linear output voltage-versus-

frequency response curve.
Phase Modulation :
S(t) = Ac cos [ 2af, t-+ K, m(t) ] © forPM
s(1) = Accos [ 2nf t+2nK; [ m(t)dt] " for FM
For an angle modulated w;re o
s(t) — Accos [ 2nf t-+ ¢(t) |

§(t) = K,ym(t) for PM-

= 27K [m(p) dt  forFM
me | M- Accos [ 2xf, t+K,m(t) ]
Modulator

FM can be generated using Phase Modulator by prior integration of m(t)

mit) I modmm; Accos [ 2nf, t+ 21K [ m(t) dt |

FM wave

INT



62 : munication Systems ACE Academ

PM can be generated using FM signal.

mt) M Accos [ 2nf, t+ 21Ky [ m()dt)
Modulator
d m(t)
m(t) dt Frequency Accos[2nfe 11Ky, m(®) ]
—»! Differentiator Modulator ‘—’_—’P M wave

i"m: sinusoidal signal and exponential , there is no difference between FM amnd P except fpr

a phase shift of 90", d/ dt or Integration of sinusoidal signal is again a sinusoidal signal but

with a phase shift of 90°.

As frequency is conﬁh‘uously changing in PM, the phase is also changing.
For singlc-toﬁc modulation ,
o(t) = Ky m(t)
- Kp Am €08 27fn t
Ad = KpAm = Brm

s(t) = A cos | 2nf; t '+ P Mcos 2nfn t ]

— —The bandwidth and power of PM are-same as that of FM.

BW = 2(Bem+1)fu

Al

_7P7PM _
2

B of PM is independent of message frequency.
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(C) Receivers:

/

- AM Recelvers

(1) Tuned radio frequency (TRF) Receiver

(2) Superheterodyne Receiver ’
“TRF Receiver :
Loud
speaker
RF Demodulator Audio Power
Amplifier | amplifier { = | amplifier

f:—> 550 to 1650 KHz

Bandwidth allotted for each channel in MW is 10 KHZ Message frequency should be limited

LAAA A

345 550 555 630

Tonospheric propagation is used for medium wave. No two stations can have same carrier
frequency. The received signal strength is of the order of mW or pW.

RF amplifier must be low noisc amplifier. RF amplifier itself acts as a BPI. RF amplmer
itself consists of a tuned circuit. Thus it is called tuned RF amplifier.

je 10Ky
By tuning arrangement we are making the resonant frequency of the tuned circuit equal to the
carrier frequency of the required channel. The bandwidth of the tuned circuit should be
10 KHz. -

Characteristic parameters of Receiver :

Sensitivity is defined as the minimum signal that should be applied at the input of a receiver
to get a standard output. Sensitivity depends on the gain of the amplifier.
If the gain of the RF amplifier is high, the sensitivity is also high.

Selectivity is defined as the ability of the receiver to reject unwanted components (or) ~
Sensitivity is defined as the ability of the receiver to select wanted component. The receiver
is having very poor selectivity.
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Fidelity is defined a$ the abilify of the receiver to reproduce all frequencies equally in t
entire tuning range. .

I 550 1650

The disadvantage of TRF receiver is poor selectivity.

.Superheterodyne Receiver :

Tantenna .'
RF Mixer . IF Demod’ AF Power

" |Amplifier amplifier] mplifier ampliﬁe:l

T : Loud

Local * speaker
Oscillato;

In the superheterodyne receiver the signal voltage is combined with the local oscillator
voltage and’converted into a signal of lower fixed frequency. The signal at this intermediate
frequency contains the same modulation as the original carrier and is now amplified and
detected to reproduce the original information. A constant frequency difference is maintained
between the local oscillator and the RF circuits.

In mixer, down conversion is dorie: with respect to the tuned circuit. Tuning means changing
the local oscillator-frequency. Mixer will change the carrierfrequency from f; to fir.
-~ Intermediate frequency for MW is 455 KHz. ’

Image frequency :

fi=f+2IF
Image section can be suppressed using a tuned circuit. Image frequency should be removed
- before the mixer stage.

Demodulator AF
amplifie

Tuned Mixer IF
circuit T~ |amplifier

Local
l Oscillator
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Image(Frequency) Rejection Ratio :

Gain at f;
IRR = —— — ¢
Gain at

Gainat f; << 1

"By increasing the Intermediate frequency; TRR can be increased. By increasing the

bandwidth, the gain at f;; can be decreased so that IRR increases.

1
IRR o« ——
B.W

A minimum of 10 Kz bandwidth should be maintained at the first tuned circuit that is
placed before mixer.

IRR « Q
IRR = ‘]1+Q2p_2
i . &
where p = — - —
' fs fi

IRR should be as hfgh as possibie. If two tuned circuits are cascaded then the overall IRR

=V1+Qlp? N1+Q?p?

RF amplifier :

(1) IRR increases

(2) The overall gain of the receiver also increases.
(3) The sensitivity of the receiver increases.

{4) SNR at the output of the receiver increases.

Mixer: The purpose of the mixer is to down convert the incoming signal. The output of the
mixer is always equal to the difference of the input frequencies. If f; is the incoming signal
frequency and f; is the local oscillator frequency the output of the mixer is equal to f; — f..
Always the local oscillator frequency should be greater than the signal frequency. If the
receiver is tuned to f,, the local oscillator frequency should be adjusied so that the output of

the mixer is equal to IF.

IF amplifier : )
It is a tuned amplifier. For a medium wave receiver, Q = 45.5, then we will geta bandwidth

of 10 KHz. The resonant frequency of TF tuned amplifier isconstant i.€., IF.

fi~f, = I¥
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Choice of IF:

01. If the IF is too high poor selectivity and poor adjacent channel rejection. 7
02. A high value of IF increases tracking difficulties.

03. If IF is very low image frequency rejection becomes poorer

04. If the IF is very low, the frequency stability of the 16¢al 5stillator should be very hlgh
05. The IF must not fall with in the tuning range of the receiver.

Tracking of a Receiver:

It is not possible to make a recciver.track perfectly over an entire wide range of frequencies:
The perfect situation occurs when the RF amplifier and mixer tuned circuits are exactly
together and the LO is above these two by an amount exactly equal to the IF frequency. The
following steps are employed for tracking.

01. A small variable capac1tance in parallel with each section of the ganged capacitor,
called the srimmer, is adjuslcd for proper operation at the hlghest frequency. The

highest frequency requires the main capacitor 1o be at its minimum value. “The-

trimmers are then adjusted to balance out the remaining stray capacitances to provide
perfect tracking at the highest frequency.

02. At the low frequency, when the ganged capacitors are fully meshed, a small variable
capacitor known as the padder capacitor is put in series with the tank inductor. The
padders are adjusted to provide tracking at the low frequency in the band.

03. The final adjustment is made at midfrequency by slight adjustment of the mducthe
in each tank.
Adjust local oscillator frequency 5o that the output of the mixer is always IF.

fi-f; = IF
When fi - f; # IF, then it is called tracking error. For a medium wave, it will be within
2 KHz.. ' ' ’ N ' '

Casei) fi—f; = IF

- 1
[ 100K

Caseii) fi—f; = 450

LSB will be
suppressed

=] PO

S
a
o
-
3

455

Tracking error canbe minimized using Padder capacitor & Trimmer cirucuit.
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f=——"T" .
2n¥(L;+Ly) C O FO\___
Ly Lz
Changing C is nothing but tuning of the receiver.
Adjusting Padder capacitor is called fine tuning of a —
receiver. Cc .
1 —] ¢
fi = G

P (RIS Y e )

Fine tuning is always done to) reduce the tracking error. When the tracking error is high,
trimmer capacitor is placed in { seried with C.

c.cr
+ Cp =

C+Cy

EXamnle : A superheterodyne receiver is tuned to f; = 555 kHz. Its local oscillator frequency .
is 1010 kHz. Calculate the IRR when the antenna of this receiver is connected to a mixer

through a tuned circuit whose quality factor is 50.

Sol : [F = 455 kHz
fs = 1465 kHz

IRR = V1+Q?p?

1465 - 555
Where p=— - —— =22608 .
_ 555 1465
IRR = 113.04 . =

Automatic Gain Control (AGC) :

The purpose of AGC circuits in a receiver is to maintain a constant output irrespective of -
variations in the input signal strength. If the input signal strength increases the gain of the
receiver is reduced or if the input signal strength” decreases the gain of the receiver is
increased so that the output level is constant. - e

The following list gives some of the problems that would be encountered in 2 receiver
without this provision.

01. Tuning the receiver would be nightmare. So as to not miss the weak statlons, we
should have the volume control {in the non-AGC set). -

02. The received signal from any given station is constantly changing as a result of
changing weather and ionospheric conditions. The AGC allows to listen to a station
without constantly monitoring the volume control.
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03. Many radio receivers are utilized under mobile conditions. For instance, a standard
broadcast AM car radio would be virtually unusable without a good AGC to
compensate for the signal variation in different locations.

The signal from the antenna is not always constant due to fading. . =~
Fading : Variation in signal strength at the input of the receiver due to almosphen'c
conditions.

If the receiver gain is constant, then we will hear a loud voice whenever the signal strengith is. -

large and we will hear a feasible sound Whenever the signal strength is small.
In AGC, we are changing the gain of the receiver according to the input signal strength, so
that the output of the receiver is always constant. In AGC, the output of the receiver is

constant irrespective of signal strength.

Types of AGC: (1) Simple AGC

(2) Delayed AGC
Simple AGC :
The initial value at the time of tuning is taken as reference level. .
Strong - Weak
station station
Large Small

Disadvantage: It provides some gain reduction even to very weak signals. - -

Delayed AGC :

Delayed AGC does not provide any.gain reduction until some arl"aitrary signal level is attained

and therefore has no gain reduction for weak signals.

AGC section is delayed until the input reaches the reference level. After the reference level
AGC circuits work and the gain decreases so as to get a constant output.

The characteristics of AGC are shc;wh below.
Simple AGC

Gain Delayed AGC
reduction

No AGC (no gain reduction)

Received signal strength

ACE Academy Analog Communication Systems _ 69

Squelch circuit :

The purpose is to switch on the receiver when the signal is present and to switch off the
receiver when the signal is absent.

Double Spotting : Y

1600 KHz station is selected when the local oscillator frequency is 1100 KHz as well as 2100

" KHz for an IF of 500 KHz. So each station is selected twice on the frequency scale. This is

called double spotting.
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{D) Noise in-Analog Modulation
Noise Analysis of AM: /

Si. o .. So
—— Receiver ———
Ni No

* The output signal to noise ratio must be as high as possible.-Assume that the channel as -
AWGN (Additive White Gaussian Noise) channel.

Thermal noise is white noise. It effects all frequencies equally.
P=KT.B ; KT = PSD of thermal noise

" T. = Noise equivalent temperature of the receiver
Te=(F-DTo ; F = Noise figure

No n
KT. = — = PSD of a white noise = —
2 . .- 2
No. .
PSD| 2 °

_ Total power is uniformly dlstnbuted to
all frequencies.

f

We assume that the noise at the input of the recelver follows Gaussian pdf, thls canbe
justified by central limit theorem.

Central Limit Theorem :

Under certain conditions, the sum of a large number of independént random variables follows
a Gaussian function irrespective of individual distributions.

Z=X+Y
F(z) = fu(x) * f(y)
Uniform .___ Rayleigh

R

Transmitter| - — Receiver

X3 T Gaussian
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NG

4 A

LT, o [, o

Gaussian

v

Noise Power = Mean Squaré \)alue
ACF at origin = RX(O-).. = Sx(ﬁ daf = Area under PSD graph

Noise Power -~ Mean square Value = fx* fi(x) dx

= R.X(O) = f Sx(f) df == Area under PSI) graph

figure of Merit :

S Se
——— Receiver
N; : N,

Power of the modulated signal

(S/N)i = (Si/Ny) =
Power of noise in message bandwidth

e : Power of the demodulated sigmal
(S/N} =(So/Np) # ——=— - o

Power of noise in message bandwidth

) (S/N), 1 B
Figure of Merit = = —
(S/Ny; Noise Figure
(S/Nj -
Noise Figure =
(S/N)o

Figure of Merit of a2 DSB system :

2 2.2
5 - [A”“‘)] A0 e

2 P where m%(t) = = power in the
2 4 message signal

=P



72 Conimunication SyStems ACE Academy

For a single tone modulation

Am’ AlAL
P=— ; S§=
2 4
N; = WNp
, AP
) (S/N); =
2WN,

Input to the PM is DSB signal + Narrow band noise

= A, m(t) cos 2nf; t + ni(t) cos 2af; t — ng(t) sin 2xf; t

Output of the PM

= A, m(t) cos’ 2nf, t +ni(t) cos? 2nf, t— ng(t) cos 2nf; t sin 2nf 1

Output of the LPF
Acm(t)  nit)
y —
2 2
A.m®))?  AZmi) AlP
So = = =
2 4 4

"Ny = (1/4) [ In phase comporient noise power ] ™

= (1/4) [2WNo] = (NoW) /2

. AlP
(S/N) =
2WN,
AZP/2WN,
. Figure of merit = ————— = 1
AZP2WN;

Figure of Merit of a SSB system :
<

AZP 2WN,

4 2
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AZP
(S/N); =
4WN,

Input to the PM = SSB + Narrow band Noise

= [A. m(t) cos 2af L+ A, ﬁ(t) sin 2nf; t]. %2 + ni(t) cos 2af; t —ng(t) sin 2af; t

A, m(t) ni(t)
Output of LPF == - — .
4 2 -
AP
So o
6. . v
Ny W
No = (1/4) [No| x W =
4
AZP/16 AZP
(S/N) = =
NeW / 4 4ANgW
) AZPT4WN,
- Figure of merit = ——————— = |
AZP/4WN,

Noise in AM :

s(t)am = Ac- cos 2xf; t + A, K, m(t) cos 2xf,

Al A2K, P

S = L

2 — 2 T

Acz
Si= — (1+K’P) N; = WNo -

2 .

AZ(1 +K72P)
Si/N) = ———
2WN,

Input to the Envelope Detector = AM signal + Narrow band Noise

= A cos 2xf, t+ A, Ka m(t) cos 2xf, t -+ ni(t) cos 2nf; 1 ng{t) sin 2nf, {

Output of Envelope detector = V[ A.+ A Ka m(l)‘+bni(t) 12+] ng(t) | 2

= Ac - A K, m(t) + ni(t)

z
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8 = AZKZ2mi(t) = AZKSP ; Np = 2WN,
CASKSEP
{S/N) =
2W Ny
K.P o K An’ u?
Figure of Merit = — — . = = 7 [modulation efficiency|
+K2P 2+KZ2ALE 24p?
Noise in FM :

t
s(t) = Ac cos [ 2nf, t+ 21K OI m(t) dt ]

Al : 3ACKP
(S/N) = (S/N) = -
o 2WNy 2Ny W°
3KSP 3 :
Figure of Merit = = - B2 (For single-tone modulation)

- w? 2
Example : Calculate the transmission bandwidth By and the required transmitter power St of
DSB, SSB, and AM systems for transmitting an audio signal which has a bandwidth of
10 kHz with an output SNR of 40 dB. Assume that the channel introduces 240 dB power
loss and channel noise in AWGN with power spectral density n/2 =10~° W/Hz. Assume u

Sx = 0.5 for AM. _
Sol: For DSB and SSB: . -
(S/N) = (Si/nB) = 10*(=40dB)

and S =nB(10% = 2(107°)(10%)¢10% = 02 W

Since the channef power is 40 dB, the required transmitted power St is
Sy = 0.2(10% = 2000 W = 2 KW {in the case of DSB and SSB]

For AM: (S/NYy = (1/3)(S;/ 1 B)
Thus, the required transmitted power is 3 times that for the DSB or SSB systems, that is,

ST = 6KW-

Chapter -3

0l. The message signal contain three
frequencies SkHz , 10kHz, 20kHz
respectively. The bandwidth of thc AM

signal is
a) 40 kHz b) 10kHz
¢) 20kHz = d)30kkHz

02. If the carrier of a 100 percent
modulated AM wave is suppressed, the
percentage power saving will be
a) 50 b) 150
c) 100 d) 66.66

03. The modulation index of an AM

wave is changed from 0 to 1. The
transmitted power is :
a) unchanged

b) halved

¢) doubled

d) increased by 50 percent

04. A carrier is simultancously modulated
by two sine waves with modulation
indices of 0.3 and 0.4; the tolal
modulation index :

_.a) sl —7C

‘b) ¢an not be calculated unless the

phase relations are kniown
c) is0.5
d) is0.7——

05. Amplitude modulation is used for

broadcasting because

a) It is more noise immune than othér
modulation systems

b) compared with other systems it
" requires less transmitting power

¢) its use avoids receiver complexity

d) no other modulation systenican
provide the necessary bandwidth for
high fidelity
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Objective Questions Sct - A

06. The positive RF pcaks-of an AM
voltage rise to a maximum value of
12V and drop to a minimum value of
4V. The modulation indcx assuming
single tone modulation is

a3 b3 o d) Yo~
07. The most suitable method for detecting
a modulated signal (2.5 1 5 cos o l)
cos M L is
a) cnvelope detector
b) synchronous detector
¢) ratio detector
d) bothaand b

08. The main advantagce of
superheterodyne recceiver is,
a) simple circuit
b} better trackm&,
¢) improvement in sclectivity and
sensitivity
d) better alignment

09. The received signal frequency at any
time of a superheterodyne receiver
having Il - 456 KHz, is 1 MHz. Thc

-corresponding signal is

a) within its medium band

b) outside the medium band

¢) depends on modulation index

d) depends on modulating frequency

10. The resonant frsquency of an RFF _
amplifier is 1 MHz and its bandwidth
is TO K1z The Q-factor will be
a) 10 b) 100
c) 0.01 d) 0.1

. A plot of mrodulation index versus
<carrier amplitude yields a
a) horizontal {ine b)_vertical line
c) parabola d) hyperbola
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12. A carrier is amplitude modulated to a
depth of 40%. The increase in power is
a) 40% b) 20%

7 e) 16% d) 8%

13. Following is not the purpose of
modulation
a) multiplexing
b) effective radiation
" ‘¢) narrowbanding
d) increase in signal power

14. An AM wave is given by eam = 10
(1+0.4cos 103t +0.3 cos 10*t )cos
10° t. The modulation index is -

a) 04 b)05 c) 03 d)09

15. The intermediate frequency-of a
supreheterodyne receiver is 450 KHz.
If the image frequency of a station is
2100 KHz, its actual frequency is

a) 750 KHz b) 900 KHz
- €) 1200 KHz d) 1010KHz -

16. In AM wave has modulated index of
- 100%. If the carrier is suppressed, the
percentage power saving will be

a) 50% b) 66.6%
). 75% d) 333%

17. The modulation index of over-
modulated wave is
a) <1 b) >1
c) infinity d) 1

18. If the-modulation index.of an AM
wave is changed from 0 to 1, the
transmitted power

'a) increases by 50 %
b) increases by 75 %
:c) increases by 100 %
d) None

19. In an AM wave, the total power
content is 600 W and that of each
sideband is 75 W. The modulation

index is

a) 53.5% b) 60.7 %

c) 81.6% d) 40.3%
20. In the above question, the carrier

power is

a) 325w b) 450 W

c) 525 W d) 425W .

2

—

. The AM broadcast band is given by
a) 10KHzto 30 KHz -
b) 500 KHz to 1500 KHz
¢) 3MHzto 30 MHz
d) None

22. The nuniber of AM broadcast stations
that can be accommodated in a 100
KHz bandwidth for the highest
modulating frequency of 5 KHz will be

a5 b 10 )20 d) 50
23.In AM, if the modulation index is morc
than 100 %, then

a) Power of the wave increases

- b) Efficiency of transmission increases
c) The wave gets distorted =~ —
d) None

24. In AM transmission, the frequency
which is not transmitted is

a) Upper side frequency
b) Lower side frequency
¢) Audio frequency

d) None

-25. An audio signal 15 sin 2z (1500 t)

amplitude modulates 60 sin 2 (10° t).
The modulation index will be

2)20% b) 25%
c) 50% d) 5%
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26. In the above question, the total
bandwidth required to transmit the AM

wave is
a) 1.5KHz b) 3K
¢) 100 KHz d) 10KHz

27. An AM wave is given by eay = 10
(1+0.4cos 10° t+ 0.3 cos 104t_)cos
10 8 t. The message bandwidth is

— a) 1KHz . _. b) 2KHz

¢) SKHz d) 10KHz

28. An AM wave is given by eay = 10

- (104 cos 107 1403 cos 10 t )eos

10° t. The bandwidth of the AM signal
is
a)SKHz  b) 10KHz
¢) 20KHz d) 30 KHz

29. An AM wave is given by eam = 10
(1+0.4 cos 10 t++.0.3 cos 10*t )cos
10°t. The following frequency will not
be present in the spectrum
a) IMHz. b)) 2MHz
¢) 1010KHz  d) 990 KHz

30. An AM wave is given by eay = 10
(1+04cos 10 t+40.3¢cos 10"t )cos
10°1. The highest frequency of the
signal after modulation is
a) 1 MHz b) 2 MHz

¢) 1010KIiz d) 990 KHz

Key :

0l.a 02.d 03.d 04.c 05.c¢ 06.d

07.¢ 08.¢ 09.a 10.b 11.d 12.d

13.d 14.b 15.¢ 16.b 17.b 18.a

19.9¢ 20.b 21.b 22.b 23.¢ 24c

25.b 26.b 27.d 28.¢ 29.b 30.c
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01.

0.

03.

04.

Indicate the false statement
regarding-the advantages of SSB
over double sideband, full-
carrier AM.

a) More channel space is
available.

b) Transmitter circuits must be -
more slable, giving better
reception. .

c) The signal is more noise-
resistant.

d) Much less power is required for
the same signal strength.

When the modulation index of an
AM wave is doubled, the antenna
current is also doubled.

The AM system being used is

a) Single-sideband, full carrier
(H3E)

b) Vestigial sideband ( C3F )

¢) Single-sideband, suppressed
carrier { J3E )

d) Double-sideband, full carrier
(A3E)

Indicate which onc of the following

advantages of the-phasc

cancellation method of

obtaining -

SSB over the filter method is_‘false :

a) Switching from one sideband to

the other is simpler.

b) It is possible 1o generate SSB at
any frequency.

c) SSB with lower audio
frequencies present can be
Yenerated.

d) There are more balanced

modulators; therefore the
carrier is suppressed better.

The most commonly used filters in
SSB generation are
a) mechanical

c) RC

b) LC
d) low-pass
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Objective Questions Set- B

05. In an SSB transmitter, one is most

likely to find a

a) class C audio amplifier
b) tuned modulator

c) class B RF amplifier
d) class A RF amplifier

06. Indicate in which one of the

08.

09.

10.

- following only sideband is

transmitted.
a) H3E b) A3E
c) BSE d) C3F

"07. One of the following cannot be

used to remove the unwanted
sideband in SSB. Tlm is

the

a) filter system

b) phase-shift method

¢) third method

d) balanced modulator

R3E modulatlon is eomcumcs used

10

a) allow the receiver (o have a
frequency synthesizer '

b) simplify the frequency stability
problem in reception

"¢} reduce the powet that must be

transmitted

-d)-reduce the bddeldth requm:d_

for transmission

"T'o provide two or more-voice
circuits with the same carrier, it is
necessary to-usc

a) ISB

b)-carzier reinsertion —
¢) SSB with pilot carrier

Id) Lineompex

Vestigial sideband modulation {

C3F ) is normally used for

a) HF point-to-point
communications

b) monaural broadcasting

<) TV broadcasting

d) stereo broadkasting
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11.

12.

13.

4.

Which of the following AM
techniques provide the advantages
of greater signal power and
reduction of bandwidth ?

a) DSB-SC b) SSB

c) USB d) None

Completely suppressed carrier ——---

transmission is

a) cheaper in cost

b) simpler in design

¢) never produced commercially

d) None

Which of the following techniques
is acceptable for voice

communication ?

a) DSB-SC b) SSB
¢) Both d) None
The DSB-SC signal is detected by

. a) removing the carrier

b) removing one sideband
c) reinjecting the carrier

d) None

.-The VSB signal is produced from

the DSB signal by employing
a) Simpler filters

b) Balancéd modulator

¢) Ring modulator

d) None

§

16. The SSB can be obtained from

balanced modulator by connecting
at its output a
a) Buffer

o) Filter

~b) Clipper
“"d) None

rd

. In phase-shift SSB modulatqr, the

input signals to one of the balanced -
modulators are phase-shifted by
a) 45° b) 90° ¢) 180° d) 30°

. The SSB modulator is known as

a) Balanced modulator
b) Product modulator
¢) Amplitude modulator

d) None

. The advantage of SSB-SC system

is that it provides

a) Higher frequency of
transmission - - .

b) Better quality of

communication

) Simplerla'nd ine-xpcnsivc'

circuitry

d) None

20. The filter required to obtain SSB

Key :

0l b
07.d
13.b
19.a

from DSB signal is

a) LPF b) HPF

c) BPF d) Nonc
02.¢ 03.d 04.a 05.¢ 06.a

08.b 09.2 10.c¢ 11.b-  12.c¢
I4.¢ 15.¢ 16.¢ 17.b 18.b
2. ¢
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Chapter -3

01. In the stabilized reactance modulator
AFC system,

a) the discriminator must have a

fast time constant to prevent
demodulation
b) the higher the discriminator
frequency, the  better the

.oscillator frequency stability
c) the discriminator frequency
not be too low, or the ‘
fail -
d) phase modulation is ‘converted
into FM by the equalizer circuit

must
system will

02. In the spectrum of a frequency-
modulatcd wave

a) the carrier frequency dissipates

when the modulation index is

 large

b) the amplitude of any sideband
depends on the modulation index

c) the total number of sidebands

~ depends on the modulation index

d) the carrier frequency cannot
disappear

03. The difference between the ph‘asc-ﬁ«mdk .

frequency modulation

a) is purely theoretical because they
are the same in practice

b)is too great to make the two
systems compatible

c) lies in the poorer audio response of
phase modulation

d) lies in the different definitions of
the fodulation index

04. Indicate the false statement regarding
the Armstrong modulation system

a) The system is basically phase, not

frequency, modulation. ,

b) -AFC is not needed, as a crystal

oscillator is used.
¢) Frequency multiplication must be
used.

Objective Questions Set - C.

05.An FM signal with a modulation index
myis passed through a {requency tripler.
The wave in the output of the tripler
will have a modulation index of
a) me/ 3 by mp
¢y 3 my d) 9mp

06. An FM signal with a deviation & is
passed through a mixcr, and has its
frequéncy reduced  fivefold. The
deviation in the output of the mixer is
a) 53 b) indcterminate
c) &/5 ~d)

07. A pre-cmphasis circuit provides extra

noisc immunity by

) boosting the base frequencics

b) amplifying the higher audio
frequencies )

¢) preamplifying the whole audio
band ’ :

d) converting the phase modulation 1o

FM

08. Since noisc phase-modulatcs the FM

wave, as the noisc s_id@__ba;l_d frequency” —

-approaches-the carrier froquency. the
noisc amplitude

a) remains constant b) is decreased
¢) is incrcascd d) is cqualized—

09. When the modulating-frequency is
doubled, the modulation index is
halved, and -the-“modulating voltage
remains constant. Thc modulation
system is
a) amplitude modulation
b) phase modulation
¢} frequency modulation
d) any of the three

10 Indicate which one of the following is
not an advantage of F'M over AM
a) Better noise immunity is provided
b) Lower bandwidth is required
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11. One of the following is an indirect way
of generating FM. This is the
3) rcactance FET modulator
b) varactor diode modulator
¢) Armstrong modulator
d) rcactance  bipolar
modulator

transistor

12. In an FM stereo multiplex
transmisston, the
a) sum signal modulates the 19 kHz
subcarrier
b) difference signal modulates the
19 kHz subcarrier _
c) difference signal modulates the
38 kHz subcarricr
d) difference signal modulatc$ the
67 kHz subcarricr

13. Ammstrong F.M transmitter: performs
frequency multiplication in stages
a) to increase the overall $/N ratio
b) to reduce bandwidth
¢) 1o find the desired value of carrier
frequency as well as frequency
deviation
d) for convenicnce
14, Limiter is not esscntial in the following °
detector
a) Foster - Secley
b) balanced slope

¢) ratio
d) None
15. Figure of merit is always unity in
a) SSB--SC b) AM
¢) F'M d) All the three

16. The output Vg of the ratio detector is
related with the output Vi of similar

Foster -- Seeley discriminator as
follows :

a) V[: = VR

b) V> Vg

C) VF =(.51 VR

d) Vp = 2 VR

17.

18.

19.

20., The

21.

2.

Which onc is an advantages.of AM

over 'IM e

4) M is more immune 0 ;{(ﬁsc '

b) FM has better fidelity -

c¢) Probability of noisc
generation is less in AM

.d) FM has wide bandwidth

spike

The message carrying efficicncy is best
in

a) FM b) AM

t) AM--SC

d) Phase modulation -

Following is not advantagc of F'M over

AM. _
a) noisc immunity b) fidclity
¢) capture cffect

d) sputtering cffect

modulating  frequency  in
frequency modulation is increased

from 10 KHz to 20 KHz The
bandwidth is
a) doublcd b) halved

) increases by 20 KHz

d) increases tremendously

A narrowband FM does not have the'

following feature:

a) it has two sidebands

b) both sidebands are cqual in
amplitude ’

c) both sidebands have same phase
differencc with respect to carrier

d) - it docs not show amplitudc
variations :

In time division multiplexing, the F'M

detector has

a) more b) less
c) equal

d) unknown

noise contribution

. In a single-tone FM discriminator

(So/Ny) is
a) proportional to deviation
b) proportional to cube of dcvia_tion
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24.  Assuming  other  parameters
unchanged, if the modulating
frequency is ‘halved in a modulation
-system, the modulation index is
“doubled. The modulation system is .

a) AM b) I'M
¢) Phase modulation

d) Angle modulation

25. Which of the following processes is a
linear modulation process ?

- a) NBFM b). WBFM
¢) NBPM d) None

26. An increase in the modulation index
leads to mcrease in bandwndth in case

of
a) AM- b) FM
¢) PM d) None

27. FM broadcast band lies in
@) VHFband  b) UHF band
¢) SHF band d) None

28. The _tllre_shold in FM dependsof
S é)_Freqixency devlot.ion—r —_—
b) Power level of frequencies radiated
at the receiver T
) Both (2) & ()
d) None
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29. In NBFM, the maximum modulation
frequency is 3 KHz and maximum
deviation is 5 KHz. The modulation

index is
a) less than 1 b) equalto 1
¢) Greater than 1 d) Nonc

30. The disadvantage of FM over AM is
that -
a) Noise is very high for high

frequency signals

b) Larger bandwidth is required

¢) High modulating power is required

d) None
Key :
Ol.e 02.b 03.d 04.d 05.c 06.d
07.b 08 b 09.¢ 10.b 1l.e¢ 12.¢
13.¢ 14.¢ 15.a l6.¢ 17.¢ 18.¢
19.d 20.¢ 2l.c 22.b 23.4 24.b

25.¢ 26.b 27.a 28.¢ 29.a 30.b

ACE Academy - énalgg Communication Systems 83

Chapter -3
0l.

02.

03.

04.

05.

06.

07. An amplitude modulated voltage in volts is given by v ==

'a) 20 b) 202

Additional Objective Questions Sct-D
A sinusoidal voltage of amplitude 1 kV is amplitude modulated by another sinusoidal
voltage to produce 30 % modulation. The amplitude of cach sideband term is

a) 300 volts b) 150 volts ¢) 500 volis d) 250 volts

A smusoxddl ‘voltage amplltude modulates anothcr sinusoidal voltd;,c of amplitudc
1 kV to result in two sideband terms of amplitude 200 volts each. The modulatton
index is ,

a0l = - )02 )04 . : d) 0.5

A carrier voltage of unmodulated carrier power of 1 kW, on being amplitude
modulated by an audio sinusoidal voltage to a depth of 100 %, has total modulated
carrier power of

a) 1.25 kW d)4kw

b) 1.5kW ¢) 2kW
In AM broadcast , the maximum modulation frequency is restricted to

a)3 kHz b) 5 kHz ¢) 10 kHz d) 15 kHz

A sinusoidal carrier voltage of amplitude 100 volts is amplitude modulated by a

sinusoidal voltage of frequency 1 kHz resulting in maximum modulated carrier

amplitude of 130 volts. The modulation index is

) 0.03 b)0.3 : c) 1.3 d)0.13

An amphtude modulated voltage in volts is given by v+ 20 ( 14-0.5 sin 6280 t)

sin (6.28 x 10° Yt. The rms value of the unmodulated carricr voltage in volts is
)10 d) 10 A2

20 (1 +0.5sin 6280 1)
sin (6.28 x 10%) 1. The rms value of sideband voltage in volts is

a)5/\2 b5 €)05 d)lO/\/Z

08. An amplltude modulated voltage in volts is glven by v~:20{ 1+ 0.5 sin 6280 t)’

sin (6.28 x 10° ) t . The pefcentage modulation index of the modulated voltage is
a) 25% b) 50 % c)50/V2 % d) 100 %

. 09. An amplltude modulated voltage in volts is given by v == 20 ( 1 +0.5 sin 6280 1)

sin (6.28 x 10° ) t. The modulated frequency is
a) 500 Hz b) 1000 Hz c) 6280 Hz

d) 2000 Hz

10. An amplitude modulated voltage in volts is given by v =20(1+ 0 5 sin 6280 t)

sin (6.28 x 10°)t. The carrler frequency is

2) 6.28 x 10° Hz b)lO Hz ¢)2x 10°Hz d)().leO"Hzl

11. In amplitude modulation system, if modulation index is raised from 1 to 1.2, then

b) Efficiency of transmission increases -

a) Power of the wave increases
«d) The signal gets distorted

c) Bandwidth increases
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12. An amplitude modulated voltage has modulation index of 100 %. If the carrier is
suppressed, the percentage power saving is

a) 50 %  b)66.6% )75 % d)25%

13. In amplitude modulation , the modulation envelope has a peak value double the
unmodulated carrier value. The modulation index is
a)25% b) 50 % c)75% d) 100 %

14. A sinusoidal carrier voliage of frequency 1200 kHz is amplitude modulated by a
sinusoidal voltage of frequency 20.kHz resulting in maximum and minimum
modulated carrier amplitudcs of 110 volts and 90 volts respectively. The
unmodualted carrier amplitude is
a) 110 volts b) 90 volts c) 100 volts d) 50 volts

15. A sinusoidal cartier voltage of frequency 1200 kflz is amplitude modulated by a
sinusoidal voltage of frequency 20 kHz resulting in maximum and minimum
modulated carrier amplitudes of 110 volts and 90 volts respectively. The modulation
index is . S -

a)0.1 b) 0.2 c)04 - d) 0.05

16. A sinusoidal carrier voltage of frequency 1200 kHz is amplitude modulated by a
sinusoidal voltage frequency 20 kHz resulting in maximum and minimum
modulated carrieramplitudes of 110 volts and 90 volts respectively. The amplitude  of
each sideband is h
a) 10 volt b) 5 volts ¢) 20 volts d) 40 volts
< 17. A carrier voltage of rms value 100 volts is amplitude modulated by a sinusoidal audio
voltage to cause modulation index of 0.2. The rms value of carrier on modulation is

a) 101 volts b) 102 volts c) 104 volts d) 120 volts

18. One of the advantages of base modulation 6ver collector modulation of a classC”

Camplifieris— - 7 T , '

“a) better-frequency b) lower modufation power requirement
¢) better linearity of modulation d) higher power output per transistor

19. In AM transmission, the frcquencs' which is not transmitted is
a) upper sideband b) lower side band
c) carrier frequency d) audio frequency
© 20. The antenna current of an AM transmitter under unmdoulated condition is 10 amp. The
current increases to 10.4 amp on amplitude modulation of the carrier . The modulation
index is )

2)02 b) 0.4 ¢)0.04 4)08

21. A carrier is simultaneously amplitude modulated by two sine waves causing individual
modulation of 30 % and 40 %. The overall modulation index is-
a) 50 % b) 35 % ¢) 70 % d) 40 %

Analog Co
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22. In an AM transmitter, the unmodulated output current is l¢. The modulated current I,
equals
a) e V1 +m? b) leV14 (m¥%2)  ¢)leVTim d)Ic (m/2)

23. In an amplitude modulated-cartier, the total ‘power is 1160 watts while that of cach
sideband is 80 watts. The unmodulated carrier power is !
a) 1000 watts b) 1040 walts ¢) 1080 watts d) 500 watts

24. In an AM signal, the peak antenna current is 13°‘Amp and the minimum current is

7 Amp. The percent modulation is

2)20% )30 % ¢) 50 % d) 100 %
25. Which system is frec from noise ?

- a)FM - b)AM -¢) Both F'M & AM  d) Nonc of the above
26. The draw back of I'M relative to AM is that

a) noise is very high for high modulation frequencics

b) larger bandwidth is required

c) higher modulating power is required

d) higher output power is required

27.An AM signal is detected using an envelope detector. The carricr frequ. ney and
modulating signal frequency are 1 MHz and 2 KHz respectively. An appropriatc
value for the time constant of the envelope detector is

a) 500 p sec b) 20 p sec c) 0.2 pscc d) 1 psec
28.In FM broadcast, the maximum modulation frequency is restricted to
a) 5 kHz b) 10 kHz ¢) 15 kHz. . d) 20 kHz.

29. In frequency modulation, if the amplitude of the modulating voltage is doublcd7 the™
* maximum frequency deviation e T :
a) doubles b) becomes four times
¢) becomes half d) remains unaltered

- 30. In frequency modulation , if the frequency of the modulating voltage is doubled, the rate
of deviation of carrier frequency ,
a) doubles b) becomes four times
¢) becomes half - d) remains unaltered o
31. In frequency modulation , if the frequency of the modulating voltage is doubled, the
maximum frequency deviation
a) doubles
c) becomes half

b) becomes four times
d) remains unaltered

32, A frequency modulated voltage with modulation index ‘my“is passed Ehro_ugh a frequency
doubler. The FM signal in the output of the doubler will have modulation index of
a) 2my ‘ b) m, ‘c)my d)4d my
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33. An FM signal with frequency deviation 8 is passed through a mixer and has its frequcncy
reduced three fold. The frequency deviation in the output of the mixer is

a) 3/3 b) & c)39d 4938

34. The bandwidth requirement of a telephone channel is : .»:;.,:
a)3 Hz b) 5 kHz ¢) 10 kHz : d)15kHz

35. A 4 volt audio modulating signal changes the carrier frequency from 200 kHz 10
210 kHz, the frequency deviation is - '

a) 5 kliz b) 10 kHz ¢) 15kHz d) 20 kHz

36. In FM, the carrier frequency deviation is determined by
a) Modulating voltage b) Modulating frequency
¢) Both modulating voltage & frequency -  d) None of the above

37. A 2.5 volt 500 Hz voltage frequency modulates the carrier to cause frequency deviation
of 5 kHz . The modulation index is

a) - b) 25 . ¢)5 d) 50

38. A 2.5 volt 500 Hz voltage frequency modulates the carrier to ca?ée frequency deviation
of 5kHz . On increasing the modulating voltage to 10 volts, the frequency deviation
becomes -

a) 8 kHz b) 16 kHz )4 kHz d) 1 kHz

39. In FM, the carrier frequency deviation, on having increased the modulating voltage to 10
volts, the modulating index becomes

a) 16 b) 4 © 08 d)32

40. ‘A 2 volt, | kHz signal, frequency modulates a carrier voltage to cause {requency
deviation of 5 kHz. If the modulating voltage is changed to 20 volts, 200 Hz, the new

-—frequency deviationis - - : S K
o a)5kHz b) 50 kHz c)0.5 _ d) 100 kIz

41. A 2 volt, 1 kHz signal, frequency modulates a carrier voltage to cause frequency
deviation of 5.kHz. If the modulating voltage is changed to 20 volts, 200 Hz, with.
modulating voltage 20 volts , 200 Hz, with modulating voltage of 20 volts, 20 [z
a)5kHz b) 50 kHz c) 250 d) 100

42. A 1kW carrier is modulated to-a depth of 60 %. The total power'in the modulated carrier
is

a) 1 kW b) 1.06 kW ¢) LIS kW d) 1.6 kW

- The carrier frequency is .
2)628x 108 Hz b)3.14x10°Hz  ¢) 108 Hz d)2x 10°Hz

43. A frequency modulated carrier is represented by v = 20sin (6.28 x 105t - 4sin 628 1) .

44. A frequency modulated carrier is represented by v = 20sin (6.28 x 108 t -+ 4sin 628 1).
The modulation frequency is
a) 628 Hz b) 100 Hz ) 200 Hz d)314Hz
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45. A frequency modulated carrier is represented by v = 20sin (6.28 x 108t +45in6281)

The frequency deviation is
a) 400 Hz b) 628 Hz ¢)2512Hz d)314Hz

46. In frequency modulation
a) noise decreases by increasing frequency deviation
b) noise decreases by decreasing frequency deviation
¢) noise is unaffected by change of frequency deviation ’
~d) noise decreases by increasing the bandwidth

47, In frequency modulation, for a given frequency deviation, the modulation varies
a) inversely as the modulation frequency
b) directly as the modulating frequency
¢) inversely as the square of modulating frequency
d) directly as the square of modulating frequency

48. In FM system, if the depth of modulation is doubled, the output power
a) increases by factor of \2 b) increases by factor of \3
¢) increases by factor of 2 d) remains at unmodulated value

49. In FM, frequency deviation is
(a) proportional to amplitude of modulated signal
(b) proportional to frequency of modulation signal
(c) directly proportional to amplitude and inversely proportional to the frequency
of the modulating signal.
(d) None of the above

50. Which of the following statements is not true for FM 2~
a) the carrier never becomes zero
b) the J — coefficients occasionally are negative o
 ¢) the total power remains constant in spite of change of modulation index
d) the total bandwidth increases with increase in modulation index -

51. In FM, the output noise may be decreased by . o
a) decreasing frequency deviation b) increasing frequency deviation
¢) by keeping, deviation constant d) None of the above

52.In a frequency modulated voltage, the maximum modulating frequenC)" is 15 kHz and the
aximum frequency deviation is 75 kHz. If the significant sideband pairs extend upto
8™ | the theoretical bandwidth required is : -
a) 30 kHz b) 150 kHz ¢) 180 kHz d) 480 kHz

53. In the above question the practical bandwidth is
a) 30 kHz b) 150 kHz ¢) 180 kiiz d) 240 kHz

54.In a FM system, modulation index is 7 and the practical bandwidth is 160 kHz. The

frequency deviation is ) .
2) 20 kHz b) 35kHz ¢) 70kHz d) 140 kHz
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55.In a FM system, th.e carrier frequency is 200 MHz, maximum modﬁlating frequency is
10 kHz and maximum frequency deviation is 1 MHz. The practical bandwidth

requirement is
a) | MHz

b) 2 MHz ) 2.5 MHz d)4 MHz

56. In the‘ above question, if the modulating signal amplitude is doubled, the practical . -
bandwidth required will be : SEE——

a) 1 MHz b) 2 MHz ¢)2.5MHz d)4 MHz

57. In wh_ich of the following modulation systems does the increase of modulation. index
result in increase in bandwidth ? - ; o
a) amplitude modulation

¢) phase modulation

b) frequency modulation ~
d) both frequency and phase modulations

58. Practical bz.lndwidth of a wideband FM sighal (1 <38 <100 ) with modulating frequency
/i and maximum frequency deviation f; approximately cquals

)2 fn b) fa ¢)2fa D2(fa V)
59. Practic_al bandwidth of a narrow band FM signal (8 < 1) equals

a) fu b) 2/ ¢) fi a2 s
60. Practical bandwidth of a very wideband FM signal approximately equals

) fo b) 2/ ) fi 2 /i
where f;, is the modulating frequency and Ja is frequency deviation. )

- From bandwidth point of view, narrow band FM is equivaleﬁl to
a) AM b) Phase modulation c) SSB d) Suppressed carrier - DSB

62. Ina TV systems, the modulation methods employed for video and audio signals arc
a) both amplitude modulation
b) both frequency modulation
c) respectively amplitude modulation and frequency modulation
d) respectively frequency modulation and amplitude modulation

6

—

63. Two carriers 40 MHz and 80 MHz respectively are frequency modulated by a signal of
frequency 4 KHz, such that the bandwidths of the FM signal in the two cases are the
same. The peak deviations in the two cases are in the ratio of

a)l:4 b)1:2 c)l:l S d)2:1

64. Pre-emphasis in FM systems involves
a) compression of the modulating signal
b) expansion of the modulating signal
¢) amplification of lower frequency components of the modulating signal
d) amplification of higher frequency components of the modulating signal

65. As the modulation index of an FM signal with sinusoidal modulation is increased from

zero to three, the power in the carrier component will :
b) decrease continuously
c) first increase, attain a maximum and then decrease

* a) increase continuously

d) first decrease, become zero and then increase
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66. An FM signal with a deviation 8 is passed through a mixer and has its frequency reduced
five fold. The deviation in the output of the mixer is
a)5§ b) intermediate c)(8/5) d) 8

67. Let x(t)=5 cos (50 t -+ sin 5t). Its instantaneous frequency (in rad/s) at t =~ 0 has the value

a5 - b) 50 ¢) 55 d) 250

68. An FM wave uses a 2.5 V, 500 Hz modulating frequency and has a modulatipn index of
50. The deviation is

. a)500 Hz. b). 1000 Hz d) 25000 Hz

. ¢€) 1250 Hz
69. In the speeteum of a FM wave
a) the carrier frequency cannot disappear
b) the carrier frequency disappears when the modulation irdex is large
c) the amplitude of any sidcband depcnds on the modulation index
d) the total number of sidebands depends on the modulation index

70. In FM reception, amplitude disturbances due to static change
a) reduce the signal frequencies b) increase the signal frequencies
¢) disturb the signal frequencies d) do not affect the signal frequencics

71. The FM modulation index is given by

Maximum frequency Minimum frequency

a) ~ Minimum frequency b) Maximum frequency
Modulating frequency Maximum frequency deviation
¢) - Maximum frequency dgviation  d) Modulating frequency

72. Under identical conditions FM & PM are indistinguishable for a single modulating
frequency. Now if the modulating frequency is increased,
a) PM modulation index will remain constant, where as FM modulation index
will increase o '
b) PM modulation index will remain constant, where as FM modulation index

will decrease . -
¢) PM modulation index will decrease and FM modulation index will increase

d) Both PM as well as FM modulation indices will increase

72. The image channel selectivity of superheterodyne receiver depends upon
a) IF amplifiers only . b) RF and IF amplifiers only
c) Preselector, RF and IF amplifiers d) Preselector, and RF amplifiers only

73. The image channel rejection in a superheterodyne receiver comes from
- a)- IF stages only b) RF stages only
c) detector and RT stages only d) detector RF, and IF stage

74. The image (second) channel selectivity of a superheterodyne communication receiver

is determined by
a) antenna and preselector
¢) the preselector and IF amplifier

b) the preselector and RF amplifier
d) The RF and IF. amplifier
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75.A superheterodyne radio receiver with an mtennedmte frequency of 455 Kliz is

- oy . N . S{“ - 1‘:
tuned to a station operating at 1200 KHz. The associated image frequency is Chapter -3 Additional Objective Questions ‘
76. A superheterodyne receiver is to operate in the frequency range 550 kiiz 1650 klHz, 01. Consider the amplitude modulated 5.A message signal with b.ar.d\\-’u‘.th. B
with the intermediate frequency, of 450 kHz. (AM) signal A; cos @ t + 2 cOS & t 10kHz is L9wcr - Side Band SSB
Coax o e - ' cos . t. For demodulating the modulatc% with carrier frequency
LetR = denote thie required capacitance ratio of the local oscillator and I signal using envelope detector, the iy = 10 ® Hz. The resulting sigaal is
: Coin minimum value of A. should be then passed through a . S
denote the image fi requency(m kHz) of the mcommg sngnal If the receiver is tuned (a)2 by 1 _ Namrow B_and rrvsucicy
to 700 kHz, then - _ e (©) 0.5 ()0 Modulatg)r' with carrier frequc ey
,,,,,,, a) R=4.41,1-~1600 ) R= 2.10, I=1150 : . f2=10" Hz. The bandwidiii-af e
¢) R=3.0, I= 1600 d) R=90,I=1150 : 02. Consider the frequenicy modulated output would be
ional 10cos [2r x 10°t + Ssin 2n x S .
77. An AM superheterodyne receiver with IF of 455 kHz is tuncd to the carrier frequcncy of Sll5g00t) 7. 55151 (x x 10000)] (4x10*Hz (b)2x 10° Hz
1000°kHz. The image frequency is ' ) th frequency of 10° Hz. The - - 3
- a)s4SkHz  b)1 MHz o) 1455 kHz | © d) 1910 kHz il CarTer e ©@2x10°Hz  (@)2x10°Hz
78. A broad cast radio receiver with IF = 455 kHz is tuned to 1500 kHz. The image _ » @125 ()10 (0 75 (d)5 06. An Amplitude Modulated signal is
frequency will be _ v _ givenas : '
2) 1045 kHz 6) 1500 kHz €) 1955 ktz ' d) 240k 03. The signal coso 1 + 0.5c0somt sinoct xam (1) =100 (p (1) + 0.5 g (1))
: is cos @t in the interval 0 <t < 1,where
79. tl‘;}’[atlchtl st - T with Llst H and select the correct answer by using the codes given bclow p(ty-u(t)- -u(t-1) and g(t)- p(t)_*p(t)
e lsts: . ) (a) FM only : +' denotes -convolution. One set of
List—1 . List-II 1 (b) AM only ' possible values of the ‘modulating
A. RF amplifier 1. Amplifies received carrier and sidebands v signal and modulation index wouid he
B. Loudspeaker 2. Gives acoustic output f _ (c) both AM and F ) @1,0.5 ) (b) 10
C. Demodulator . " 3. Has IF input and AF output _ - @ neither AM nor FM. . T
D. IF amplifier 4, Fixed tuned to intermediatc frequency : o ) (©) l, 2 0 (d) r,05
A B C D A B c D 04. The diagonal clipping in Amplitude
- ) — Demodulation  (using  envelope Statement for Lmkcd Answcr Questlons
a. 1 . 2 _ 3 4 b 2 1. i 3 4 . o ) detector) can be avoidcd_ifR)C L 07 &08 - o
c) 3 4 1 2 d) 1 4 3 2 - time — constant of the envel(?pe -
~ _ detector  satisfies the following Consider the following Amplitude
80. An AM superheterodyne receiver with IF of 455 kHz is tuned to the carrier condition, (here W is message Modulated (AM) signal, where fn <B:
frequency of-1000 kHz. The image frequency is bandwidth and @, is carrier
a) 545 kHz b) 1 MHz ¢) 1455 kHz d) 1910 kHz frequency both in rad / sec) xam () =10¢( i 0Ssin27fat)
. : 1 cos2nf:t
81. The correct sequence of subsystems in an FM receiver is (@) RC < W e _
a) mixgr; RF amplifer, limiter, IF amplifier, discriminator, audio amplifier ) : i - 07. The average sidc — band power for
" b) RF amplifier, mixer, IF amplifier, limiter, discriminator, audio amplifier () RC > W the AM signal given aboye is
c)RF a?pliﬁer, mixer, limiter, discriminator , IF amplifier, audio amplifier - © RC < 1 ‘ ()25 ' (b) 12.5
d) mixer, IF amplifier, limiter, audio amplifier, discriminator o ' 625 @3 12} o
; c) 6.
82.. A superheterodyne teceiver has an 1F of 465 kHz. If it is tuned to a station : ©) RC > 1 )
‘broadcasting at 500 kHz ahid-its oscillator is operatmg at 965 kHz, then the . (i
1430 kHz frequency would be the '
a) adjacent channel frequency ) image frequency ) gyro frequency




92 ___Communication Systems __ACE Academy

08. The AM signal gets added to a noise

MM

with Power Spectral Density S,.(f)
given in the figure below. The ratio
of average sideband power to mean
noise power would be:

Sn (f) il

No/2

Vi

-£-B-f.-f,+B T £-B f f+B [
(")_s—ﬁfT (b)“ﬁ%
(°)‘2;305T 02—

09. Which of the following analog

modulation scheme requires the .
" minimum transmitted power and
minimum channel bandwidth?

(a) VSB
(c) SSB

(b)DSB - SC
(d) AM

10. A device with input x (t) and output

yt) is characterized by: y () =x* ).
An FM signal  with frequency
deviation of 90 kHz and modulating
signal bandwidtlrof 5 kHz is applied

“to this device. The bandwidth of the

output signal is

(a)370 kHz .
(c) 380 kHz

- (b) 190 kHz
~ (d) 95 kHz

11. A carrier is phase modulated (PM)

with frequency deviation of 10 kHz
by a single tone frequency of 1 kHz.
If the single tone frequency is
increased to2 kHz, assuming that
phase deviation remains unchanged,
the bandwidth of'the PM signal is

(a) 21 kHz
(c) 42 kHz

(b) 22 kHz
(d) 44 kHz

12. For a message signal m(t) = cos

(27 £ t) and carrier of frequency f,
which of the following represents a
single side — band (SSB) signal?

(a) cos 2n £y, t)' cos (2x f, t)

(b) cos (2n £ t)

(c) cos [ 2x (fc + fm) t ]

(d) [ 1+ cos (27t £ t] cos (27t fe 1)

13. A message signal given by

m (t) = (1/2) cos ot - (1/2) sin & 1 is
amplitude -- modulated with a carrier
of frequency e, to generate
s(=[1+m(t)]cosat

What is the power efficiency achieved
by this modulation scheme?

@) 833% (b) 11.11%
(©)20 % @)25%

14. A communication channel with

AWGN operating at a signal to noisc
ratio SNR >> 1 and bandwidth B has
capacity C;. If the SNR is doubled
keeping B constant, the resulting
capacity C, is given by

(a)C2~2Cl (b)C2~C||B
(C)C1~C142B (d)Cz C;+0.3B

15. An AM signal is detected using an

envelope  detector. The carrier
frequency and modulating signal
frequency are 1 MHz and 2 KHz
respectively. An appropriate value for
the time constant of the envelope
detector is )

a) 500 p sec b)' 20 p sec.

c) 02 psec d) 1 psec

16. An AM signal and a narrow-band FM

signal  with  identical carriers,
modulating signals and modulation
indices of 0.1 are added together. The
resultant signal can be closely
approximated by

a) broadband FM
. b) SSB with carrier
¢) DSB-SC
d) SSB without carrier

17. A 1 m W video signal having a

bandwidth of 100 MHz is transmitted ~~

to a receiver through a table that has

40 dB loss. If the effective one-sided -

noise spectral density at the receiver is

10~%° W/Hz, then the signal-to-noise
- ratio at the recetver is

a) 50dB

- ¢) 40dB

b) 30dB
d) 60dB

18. A 100 MHz carrier of 1 V amplitude
and a 1 MHz modulating signal of 1 V

amplitude are- fed 10" a balanced
modulator. The output of the
modulator is passed through an ideal
high-pass filter with cut-of frequency

of 100 MHz. The output of the filteris -

added with 100 MHz signal of 1 V(1)

amplitude and 90 ° phase-shift. The
envelope of the resultant signal is

a) constant

b) V1+sin(rx10°1)
¢) Vv 5/4—sin (2 x 10%t)
d) V5/4+cos2n x 1051)

1 MHiL}_’ Balanced R HPF + :
Modulator {1 100 MHZ %+
100 MHz, 1V, 90°
100 MHz, 1V

19.

20.

21.
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Two sinusoidal signals of same
amplitude and frequencies 10 KHz and
10.1 KHz are added together. The
combined signal is given to an ideal
frequency detector. The output of the
detector is
a) 0.1 KHz sinusoid ’

b) 20.1 Ki{z sinusoid
c) .a linear function of time
d) aconstant
Choose thecorrect one from among
the alternatives A, B, C, and D after
matching an item from Group ! with
the most appropriate item in Group 2.
Group 1 Group 2

1. FM P : Slope overload

2DM  Q:p-law
3. PSK  R:Envelope detcctor
4. PCM S : Capturc cffect

T : Hilbert * transform
U : Matched filter

(@1-T,2-P,3 U4--S
®1-S,2-U3-P,4-T
(©)1-8,2-1,3-U,4-Q
d1-U,2-"R,3-85,4-Q
Consider a system shown in fig. Let
X(f) and "Y(f) denote the Fourier
transforms of x(t) and y(t) respectivcly. -
The ideal HPF - has the cut-off

' frequency 10 kHz. -

Balanced HPF Balanced | y(t
—>| 10 kH Moduk
10kHZ X(f) l3kHz—
) 3 f '-l ! : ' :; F(ktiz)

The positive frequencies where Y(f)
has spectral peaks are

a) 1 kHz and 24 kHz

b) 2 kHz and 24 kHz

¢)'1 kHz and 14 kHz

d) 2 kHz and 14 kHz
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22. A DSB-SC signal is to be generated
with a carrier frequency f . = 1 MHz
using ‘a non-linear device with the
input-output characteristic

Vo =ay Vi-t ay v; '
where a, and a, are constants. The
output of the non-linear device can be
filtered by an appropriate band-pass

“ - filter. Let v; = A, cos (2&f, t) + m(t) -

" where m(t) is the message signal.
Then the value of * £ *(in MHz) is

a) 1.0 b) 0.333

¢)0.5 430
The data for Q.23 — 24 is given below :
Let m(t) = cos. [(4n x 10 *) 1] be the

message signal and c(t) = 5 cos
[(27 x 10°) 1] be the carrier.

23. ¢(t) and m(t) are used to generate an
AM signal. The modulation index of
the generated AM signal is 0.5.

. Total sideband power

Then the quantity Carrier power is
a) 1/2 b)1/4
d 13 a8

24. c(t) and m(t) are used to generate an
FM signal. If the peak frequency
deviation of the generated FM signal is
three times the transmission bandwidth
of the AM signal,-then the coefficient
of the term cos [2r (1008 x 10 ? t)] in
the FM signal (in terms of the Bessel
coefficients) is

a) 514(3)
<) (512) 13 (4)

b) (5/2) Js 3)
d) 514(6)

ACE Academ

25. Choose the correct one from the

alternatives A, B, C, D after matching
an item in group 1 with the most
appropriate item in group 2.

Group1

P: Ring modulator 1 Clock recovery
Q:VCO 2 Demodulation of

Group 2

: . M
R Foster-Seely
discriminator 3 Frequency
conversion ’
S Mixer 4 Summing the two
: inputs
S Generation of FM
-6 Generation of
DSB-SC

@ ® @ @@
P-1, P-6, P-6, P-5
Q-3, Q-5 Q-1, Q-6
R-2, R-2, R-3, R-1
§-4, S$-3, S§-2, S-3

©26. A superheterodyne receiver is to

operate in the frequency range
550 kHz -~ 1650kHz, with the

, intermediate frequency of 450 kHz.

27.

max

LetR= gm;n denote  the required
capacitance ratio of the local oscillator
and I denote the image frequency

(in kHz) of the incoming signal. If the
receiver is tuned to 700 kHz, then
a) R=441,1=1600

b) R=2.10,1=1150

¢) R=3.0,1=1600

d) R=9.0,1=1150

The input to a coherent detector is
DSB - SC signal plus noise. The noise
at the detector output is
(a) the in -- phase component
(b) the quadrature component
(c) zero
(d) the-envelope
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28. The noise at the input to an ideal

frequency  detector is white. The
detector is operating above threshold.
The power spectral density of the noise
at the output is

(a) raised — cosine  (b) flat

(c) parabolic (d) Gaussian

29.A linear -;.)hase channeél with; phase
—delay 1, and group delay T, must have

a) 1, =1y =constant
b) tpcfand toocf
¢) Tp=constant and 'cgcc'f:

d) tpocf and 1 4= constant

30,A 1 MHz sinusoidal carrier is

31.

32.

amplitude modulated by 4 symmetrical
square wave ‘of period 100 psec.
Which of the following frequencies
will NOT be present in the' modulated
signal? -
a) 990 KHz b) 1010KHz
¢) 1020KHz - d) 1030 KHz

An angle-modulated signal is given by
s(t)=cos 21 (2 x 10%t+ 30 sin 150 t +

40 cos-150 t).The maximum frequency—

and phase-de\}iatic')n's"of s(t) are )
a) 10.5 KHz, 140m rad
b) 6 KHz, 80 rad

¢) 10.5KHz, 100x r'g!d
d) 7.5 KHz, 100x rad

A bandlimited signal is sampled at the

Nyquist-—Tate:— The signal - can be—

recovered by passing the samples

through

a) an RC filter

b) an envelope detector

¢)aPLL _

d) an ideal low-pass filter with the
appropriate bandwidth

. 2
(C) Pm Sin 9

33. The amplitude modulated wave form

s(t) = Ac {1 + K, m(t)] cos ot is fed
to an ideal envelope detector. The
maximum magnitude of K, m(t) is
greater than 1. Which of the followirig
could be the detector output ?

a) Acm(t)

b) Ac’[1 +K,m()]’
¢) |Ac[l 4 Kym(t)] |
d) Ac[1+K,m()]*

34.Iri_an FM system , a carricr of 100

MHz is modulated by a sinusoidal
signal of 5 KHz. The bandwidth by
Carson’s approximation is [ MHz. If
y(t) = (modulated waveform) 3, then
by using Carson’s approximation, the
bandwidth of y(t) around 300 Mllz
and the spacing of spectral
components are, respectively

a) 3MHz,5KHz b) 1 MHz, 15Kz
¢) 3MHz, 15KHz d)1MHz, 5KHz

35. A message m(t) bandlimited to the

frequency fi, has a power of Py. The

. power of the output signal in the figurc
s

(multiply)fideal lowpass filter
t t P
m (t) cos oy ® >

Output signal

lcut-off f= £, (@0 .218.)
0 o m

Pass band gain = |

cos-{wpt + 6)

Pmcos 6 P
_mz_ (b) 7 )
@ Py cos” 0

4 4
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36.A system has a phase response given

by ¢ (0) where ‘@’ is the angular
frequency. The phase delay and group
delay at © = @, are respectively.given

by

SRR IR 1O '
0 =0
® ¢ ((00) JZL ’
=0y
(C) (O] ,- M
¢ (o) o do—5 = o
(d) aod(wp) ’j o (M) dA

37. The input to a channel is a band pass

38.

39

~ where a, o, and Aw are

signal. It is obtained by linearly
modulating a sinusoidal carrier with a
single-tone signal. The output of the
channel due to this input is given by
y(t) = (1/ 100) cos (100t -10"%)

cos (106 t-1.56)
The group delay (t ;) and the phase
delay (t ;) in seconds, of the channel
are

a) t,=107° tp-156
b) tg—156 t,=107¢
) tg=10% t,=1.56x 107¢
d) tg=10"%, 1,156
A modulated signal is given by,

s(t) =m(t) cos (2nfet) + my(t) - -

sin (2nf.t) where the baseband signals
my(t) and my(t) have bandwidths of
10 kHz and15 kHz, respectively. The
bandwidth of the modulated signal, in
kHz, is

a)l0 by 15 «¢)25 d)30

A modulated signal is given by

s) =& "' cos [(ac + Aw) 1] u(t),
posmve
constants, and @, >> Aw. The complex
envelope of s(t) is given by

a) exp(-at) exp{ j(o. + Am) t] u(t)
b) exp(-at) exp( jAot) u(t) ..

¢) exp( jAot). u(t)

d) exp[ j(a; + Aw) t]
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40. The image channel selectivity of

superheterodyne  receiver

upon -

a) IF amplifiers only

b) RF and IF amplifiersonly = .
c) Preselector, RF and IF ampllﬁers
d) Preselector, and RF amplifiers only

depends

. A DSB-SC signal is génerated using

the carrier cos (o, t + 0) and
modulating signal x(t).

The envelope of the DSB-SC signal is
a) x()

b)) [x()]

c) only positive portion of x(t)
d) x(t)cos @

42. The image channel rejection in a

superheterodyne receiver comes from

a) IF staées only
b) RF stagesonly
c) detector and RF stagés only

"d) detector RF, and IF stages

43.An FM signal with a modulation

index 9is applied to a frequency
- tripler. The modulation index in the
- output srgnal willbe - "0

A0 B3 99 27

44.

45.

The image (second) channel selectivity
of a superheterodyne communication
receiver is determined by

a) antenna and preselector

b) the preselector and RF amplifier

c) —the-preselector and IF amplifier
d) The RF and IF amplifier

A PLL can be used to demodulate
a) PAMsignals b) PCM signals
c) FMsignals  d) DSB-SC signals

E Acader . Analo

Match the following : ( Q. No.46-47)
46.a) AM system 1) Coherent
detection
b) DSB-SC system 2) Envelope
detection
¢) PAM system 3) Correlation
detection
4) PLL
5) LPF
47.2) AMsystem 1) B (Bandwidth of
the modulating _._ .
signal)
b) SSBsystem 2)2B
¢)PCM (nbit) . 3)BetweenB and
system 2B
4) 2nB
5) nB

48. v(t) = 5 [cos (10 nt) — sin (10 'rrt) X

sin (10 nt)] represents

- a) DSB suppressed carrier signal
b) AM signal
¢) SSB upper sideband signal
d) Narrow band FM signal

49. A

deviation

50. Match the following
a) SSB 1) Envelope detector
b) AM
¢) BPSK 3) Hilbert transform
4) Ratio detector
5) PLL

51.

—

20000 =t.
a) Envelope demodulator
b) Square-law demodulator
¢) Synchronous demodulator
d) None of the above

10 MHz carrier is frequency
modulated by a sinusoidal signal of -
500 Hz, the maximum frequency
being 50 KHz. The
bandwidth required, as given by the
Carson’s ruleis—— KHz .

2)  Integrate and dump

Which of the following demodulator(s)
can be used for demodulating the
signal x(t) =5 (1 + 2 cos 200 nt) cos

i
52.

53.

54.

55.

57.

A superheterodyne radio receiver with
an intermediate frequency of 455 KH -
is tuned to a station operating at 1200
KHz. The associated image frequency

is KHz.

The maximum power ¢fficiency of an -
AM modulator jg= .- '
a) 25% b) 50%

c) 5% d) 100%

In commercial TV transmission in

~——India, picture and speech signals-are

modulated respectively as
(Picture) (Speech)
a) VSB and VSB

b) VSB and SSB

¢) VSBand FM- -

d) FM and VSB

A 4 GHz camier is DSB SC
modulated by a-low pass message
signal with maximum frequency of
-2 MHz. The resultant sgnal is to be
ideally sampled. ~ The” minimum
frequency of the sampling
impulse train should be:

a) 4MHz  b) §MHz
c) 8GHz. d) 8.004 GHz

Which of the following schemes
. suffer(s) from the threshold effect?

(a) AM detection using envelope
detection.”

(b) AM detection using synchronous
detection.

(¢) FM detection
discriminator.

(d) SSB detection with synchronous
detection.

A signal x (t) = 2 cos (x 10° 1) Volts
is applied to an FM modulator with
the sensivity constant of
10 kHz / volt. Then the modulatron
index of the FM wave is:

(a)4 (b)2
©4/n @2/=

using a
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61. A carrier A; COS W, t is frequency
modulated by a signal E,.. COS Wi, t.

noise temperature, T. = 21 K, and a The modulation index is mg. .The

gain of 13 dB, followed by a cable expression for the resulting FM signal

with a loss of 3 dB. Assuming the is:

ambient temperature to be 300 K, we :

Chapter -4 ~ Fundamentals of information
_theory and channel capacity theorem:

Objective Questions

58. A part of a communication system
consists of an amplifier of effective

01. A memoryless source emits n symbols 05. Source encoding in:a data

have for this pat of the (@) Ac Cos {we t + my Sin Wi 1] each with a probability p. The entropy communication systém is dong in
communication system, (®) Ac Cos [W t +my Cos W ] of the source as a function of n order to
(a)-effective noise. temperature = 30 K. : c ' " (a) increases as log n a) enhanc.e t.he information
) éffective .r:]oise terﬁperature =36K () Ac Cos [we t +2m my Cos w t] (d) decreases as log (1 /n) b transmission rate
: e (c) increases asn- ) reduce the transmission errors
(c) noise figure = 0. 49 dB. ) 27 m¢ Em o (d) increases as n logn c) conserve the transmmed. power
' noise fi - 161dB (d) A; Cos [w t+ wi— Coswn t] d) facnllﬁate clock recovery in the
(d) noise figure = 1. : 02. Consider a Binary Symmetric Channel recetver.
(BSC) with probability of error being o _ )
59. In a superheterodyne AM réceiver p. To transmit a bit, say 1, we trans.mit 06.4 bblbn'ﬁ (: c;;urcz_o 2h alsf _sympol
the image charinel selectivity is’ a sequence of three Js. The receiver prczra “b;esk‘ ?2 " b lex.tensu:in
determined by: will interpret the received sequence to coding (blocks of 4 symbols) is used,
y: represent 1 if at least two bits are 1: the lower and upper bounds on the
(a) The preselector and RF stages The probability that the transmitted bit average code word length are
(b) The preselector, RE and If stages will be received in error is 3 Loi‘g;ér
(c) The IF stages @p'+3p’(1-p) B 07.An image uses 12 x 512 picture
(d) All the stages © (1-py’ (d) p3+p*(1-p) elements. Each of thef picture
elements can take any of the 8
60. In a radar receiver the antenna is 03. A source generates three symbols distinguishable intensity levels. The
 connected to the receiver through 2 with probabilities 0.25, 0.25, 0.50 at maximum enfropy in the above image
waveguide. Placing the preamplifier :rate of 3,030 S}’l:l\bOlS per se.cond% will be:
H : _Assuming independent generation o -
:;ht:: t?:rfn(:rtsl::ere(::iit\}:r‘gl:: gl::;: ______ - symbols, the most efficient source a)’ 2097152_ bits b) 78§432 bits
to: : B - encoder would have average bit rate ¢) 648 bits "d) 144 bits
. _ o _ as ‘ .
" (@) A reduction in the overall noise o } . 08. A source produces 4 symbols with
figure : (2) 6000 bits /scc probabilities 1/2,1/4,1/8, and
) ] 1 / 8.For this source, a practical
(b) A reduction in interference (b) 4500 bits /sec coding scheme has an average
. . g - ho its /symbols.
(c) An improvement in selectivity (c) 3000 bits /sec T eficieney of e code
characteristics. T — o1 <00 it '/ (a) 1 T(by778
{d) An improvement in directional (d) 1500 bits fsec ©172 @1/a
characteristics. 04. A video transmission system transmits
625 picture frames per second. Each
— - frame consists of a 400 x 400 pixel
grid with 64 intensity levels per pixel.
The date rate of the system is
a) 16 Mbps b) 100 Mbps
¢) 600 Mbps d) 6.4 Gbps
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09. A source deliver symbols X, X;, X;
and X4 with probabilities 1/2, 1/4, 1/8
and 18-respectively. The entropy of
the system is

" (a) 1.75 bits per second -
(b) 1.75 bits per symbol
(c) 1.75 symbols per second

(d) 1.75 symbols per bit

10. A telephone channel has bandwidth B
of 3 kHz and SNR (S/mB) of 30 dB. It

_ is connected to a teletype machine
“having 32 different symbols. The
symbol rate required for errorless
transmission is nearly

(a) 1860 ‘symbol.s/s

(b) 3000 symbols/s -
(c) 5000 symbols/s

(d) 6000 symbols/s -

11. In a single error correcting Hamming
-code, the number of message bits in a
block is 26. The number of check bits
in the block would be

@3 M4 ()57

" 172, To permit the selection of 1 out of 16
equiprobable events, the number of
bits required is- —

@2 L (b) logio 16

©8 - @4 _

13. When the channel is noisy, producing
a conditional probability of error p =
0.5; the channel capacity and entropy
function would be, respectively.

(@)land1 (b) 1 and 0.5

(d)0.5and 1 (d) zero and 1

14. A ternary source produces alphabets A,
B and C with probabilities
Pa = Pg = p and Pc. Which one of the
following gives the correct values for
the maximum value of the entropy of
the source: and the corresponding
value of p and the range of p?

() 158, 0.33, (¢,0.5)
(b) 1.0, 0.5, (0,1)
() 3.0,0.67, (0,0.5)

(d) 2.0,4.2, (0,0.3)

15 In order to permit the selection of

1 out 16 equiprobable events, what is
the number of bits required?

(a)8 (b)4
(C) logw 16 (d) 2

16. Match List — I with List - II and select
the correct answer using the code
given below the lists:

List—1

A. Entropy coding
—-—B. Channel capacity

_ __ C.Minimum length code

D. Equivocation
List-1I

1. McMillan’s Rule
2. Redundancy
3. Shannon Fano

4. Shannon law
Codes
S A B € D
(@ 1 2 3 4
® 3 4 1 2
© 1 4 3 2
@ 3 2 1 4

17.A communication channel has a
bandwidth of 100 MHz. The channel is
extremely noisy such that the signal
power is very much below the noise

power. What is the capacity of this

channel?  —~--x.
(2)100Mbps  (b) 50 Mbps
()2400bps - (d) Nearly 0 bps

18. A source generates four mességes with
-~ probability 1/8, 1/8, 1/4, and 1/2. -

What is the entropy of the source
(bits / message)? :
(a)1 ®)L75 (©)2 . (d4
19. A source produces 26 symbols with

equal probability. What is the average

information produced by this source?

(a) <4 bits / symbol

(b) 6 bits / symbol

.(c) 8 bits / symbol
(d) Between 4 and 6 bits / symbol

20. A good line code should have which of
the following?
1. Favorable psd
2. Low intersymbol interference
3. Adequate timing content
4. Transparency

Select the correct answer using the
code given below:

(b)1,2and 4
(d)1,22and3

(a)1,3and4
(€)2,3and 4

21. Which one of the following is
correct?

{a) Coding reduces the noise in the
signal -

(b) Coding deliberately introduces
redundancy into messages

(c) Coding increases the information
rate - _

(d) Coding increases the channel
bandwidth

22,
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Which one of the following is the codc
that is very close to
‘trellis code modulation’?

(a) Combines analog and digital
modulations

(b) Combines modulation and
encoding !

(c) Encodes following trellis diagram

'+ (d) Combincs amplitude and -

23.

.24,

frequency modulation

Source -S; Produces 4 discrete
symbols with cqual probability.
Source S;  produces ‘6 - discrcte
symbols with equal probability

If H; and H; are-the entropics of
sources S; and S; respectively, then
which one of the following is
correct?

(a) H, is always less than Ha
(b) H; is always greater than H,
“(c) H, is always equal toHy -
(d) H; is 1.5 times H;j only

The entropy of a digital source is 2.7
bits/ symbol. It is producing 10
symbols per second. The source
likely to "be which- one of ¢
following? .

(a) A binary source

(b) A quatenary source
(c) An octal source

(d) A hexadecimal source




Chapter - 5 Digital Communications
(A) Intreduction to digital communication, sampling, PAM, PWM, PPM,

PCM, DPCM, and DM

Introduction:
Advantages of Digital communication over Analog communication:

01. Digital communication is more rugged than analog communication because it can -
withstand channel noise and distortion much better as long as the-noisc-and the
distortion are within limits. '

02. The greatest advantage of digital communication over analog communication is the
viability of regenerative repeaters in the former.

03. Digital hardware implementation is flexible and permits the use of microprocessors,
miniprocessors, digital switching, and large-scale integrated circuits.

04. Digital signals can be coded to yield extremely low error rates and high fidelity as
well as privacy.

05. It is easier and more efficient to multiplex several digital signals.

06. Digital communication is inherently more efficient than analog in realizing the
exchange of SNR for bandwidth.

07. Digital signal storage is relatively easy and inexpgnsive. It also has the ability to
search and select information from distinct electronic storehouses.

08. Reproduction with digital messages is extremely reliable without deterioration.
- Analog messages-such as photocopies and films, for example, lose quality-at each
-successive stage of reproduction, and have to be transported physically from one
distant place to another, often at relatively high cost. '

09. The cost of digital hardware continues to halve every two or three years, while
performance or capacity doubles over the same time period.
Digital Communication is classified-into two types

(1) Baseband data transmission {2) Bandpass data transmission

[ B ] f I
Pulse analog Pulse digital Binary M-ary
| !
ol ASK QPS
PAM PWM PPM PCM DPCM DM ADM FSK 16 PSK.
PSK 32PSK
QAM
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The fundamental difference between baseband and bandpass data transmission is with respect
to channel. For bandpass, the channel is free space and for baseband, the channel is coaxial
cable or fibre optic cable or twisted pair.

Whenever the channel is free space, one can’t transit the digital data directly P
because the spectrum of digital data is a low frequency spectrum. The height of the antenna
required. is very large. So the baseband is converted into bandpass or vice-versa by using an

_ analog carrier,

Sampling Theorem :

Statement : It sates that “if the highest frequency in the signal spectrum is B, the signal can
be reconstructed from its samples, taken at a rate not less than 2B samples per second”.

By sampling, the continuous time signal is converied into discrete time signal but the

amplitude is constant.
Ideal sampling

A/D converter performis both sampling and >t -

quantization.

Disadvantage in having more number of samples

is the pulse width decreases, it increases the T T
0 T

The signal is defined only at 0, T, 2T, .....

where T; is the sampling period.

bandwidth required to transmiit the information.

N)

—
s Z1s

Analog | AD - Phys'icaIQ channel D/A | LPF .
converter

Signal - converter

Condition on T to get a faithful reproduction of the input analog signal is

1
T, < — ; £ 22W
- 2W

If the number of samples are more, the reconstructed signal is very close to the
input signal.

f. = 2Wis called the Nyquist rate.

. M)
Let us consider the speotrum as A "
m;&
) - £
W 0 w
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Fourier Transform of Idealty sampled signal is

= (UT) £ M(f-n/T) n=0,%1,42

= (UT) M(f) + (TYME- 1/ Ty (TIME -2/ Ty +

HTY M+ 1T + (1) M 27T+

K/T . -
I/ T >2W
W QI w TS 21 —
Baqdwidth of the signal after sampling is ‘’.
T ~1/2W
£=2W
-W l w ’.‘s —> f
In this case, ideal LPF is used to get back the message signal.
VT < 2w
U - —

Here, Aliasing effect occurs and we can’t get back the original message signal.

Practica'rS;n'[;liing :

N L e
—

Spectrum of sampling signal

B

= (AN/T) ¥ sinc 0T/ T)M(f-n/ Ty

ACE Academy _ Digital Communications 105

VA 0 1T

Here message signal can be recovered without distortion

The distortion is minimum whenever the pulse width is very small. After sampling, the
sampled value is held constant using sample and hold circuit.

Bascband data transmission:

Pulse Analog Modulation (PAM]) :

The carrier is high frequency periodic rectangular pulses. In PAM, i_he amplitude of the
pulses is changed according to the sampled -value.

m ] ] e

o® ) : >t

_PAM

Generation of PAM :

, , 1‘f\
m(t) PAM signal , G
—————» Multiplier > ” Sin@*\/

I c®)

By adding a d.c. level to double polarity PAM, we can get
single polarity PAM. .
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Pulse Width Modulation (PWM) :
The width changes according to the sampled value. We have to change the position of leading

edge or trailing edge according to sampled value.

< -t
Ts Ts+T 2Ts 2Ts+T 3Ts 3Ts+ T
»> 1
Ts Ts+il 2Ts 2Ts+12 ’
Generation of PWM :
m(t) -
> Slicer f———

)

Periodic sawtooth

y R . .
\ l\ [\ Position of Trailing edge is changed

Ts 2Ts

. /] . A Position of Leading edgeé is changed -

/ : /]\ /l\ Positions of both Trailing and Leading
- »edge are changed. ’
. —

periodic [\ [\
sawtooth : >t
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i/p to slicer [\
Va ‘ —d
I >t
ofp of slicer
‘ —>t

Pulse Position Modulation (PPM) :

- PPM waveform should start
B —i —l B at trailing edge of PWM waveform

ININIni.

PPM is used in satellite communication.

PAM, PPM, PWM are used in telemetry applications. Generation and demodulation is

complex in case of PPM. . :
triggerpulse T
PPM™

PWM

N y ’\_V_/\_
TS
L

If leading edges are modulated, we have to use a forward biased diode and
multivibrator with positive trigger pulse.
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Pulse Digital Communications :

There are four types of pulse digital communication techniques.

1. PCM 2. DPCM 3. DM 4 ADM

Pulse Code Modulation (PCM) :

In PCM, a message signal is represented by a sequence of coded pulses, which is

accomplished by representing the signal in discrete form in both time an amplitude. The LPF.

prior to sampling is included to prevent aliasing of the message signal. The basic operations
performed in the transmitter of a PCM sampling system are sampling, quantizing, and
encoding. The quantizing and encoding operations are usually performed in the same circuit,
which is called an analog-to-digital converter.

The incoming message signal is sampled with a train of narrow rectangular pulses so as to
closely approximate the instantaneous sampling process. To ensure perfect reconstruction of
the message signal at the receiver, the sampling rate must be greater than twice the highest
frequency component W of the message signal in accordance with the sampling theorem.

Quantizer converts a continuous amplitude signal but discrete in time to a discrete amplitude
discrete time signal.

The encoding process is used to translate the discrete set of sample values to a more
appropriate form of signals.

Source of PCM signal
continuous- ——{ LPF I—-{ Samplerl——h)uantlgl—{ Encodeti-—é applied to
nmemessage channel mput
signal . :
‘Transmitter
distorted PCM Regenerated
signal produced  ___| Regenerative I - Regenerative | PCM signal
at channel output | _repeater | repeater appliedto the
. receiver

Transmission path

Final
channel __ Regenerative] 5| Decoder Reconstruction } 5} Destination
output repeater | filter |

Receiver

Without quantization, it is not possible to have a unique code for each sampled value.
Quantizer rounds off the each sampled value to nearest quantizer level.

ACE Academy Digital Communications 109

f{egeneration of data is possible in case of digital communications. This is the major
advantage over Analog communications.

For n-bit PCM,
Number of quantization levels L = 2"
Vmax - Vmin .
Stepsized = ——
I L

Bit rate ( 1, ) = Sampling rate x n

n
= — xpn = —
T, Ts
_ T 1 -
Bitduration (Ty) = — = —
n Ip
n 1
Max.BW =.— = —
Ts Ty

Electrical Representation of Binary data :

(2) NRZ ( Non-return to zero )
(#) Bipolar signalling
(6) Manchester (split phase) enching

(1) On-off signalling
(3) RZ (Retum to zero)
(5) Differential encoding

1 o o 1 1 0

On-off*

Bipolar| -
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Differential Encoding :
& Time division Multiplexing (IDM) :
The binary data is encoded first and is represénted in on-off signalling.
o - Lpr {2
1 - previous state ma(1)
0 - previous level is LPF [
complemented Pulse o |Pulse T
o Modulator { . {Demodulator - AR m,(t)
Commutator ~Pecommutator
1
Input 1.0 o0 1 1 o ! Top It

Output-- 0 1. 0 1 0 0 0 i

- For bandlimiting of signals, Low pass filters are used at the input. The purpose of .
commutator is to sample the signals. The time taken to complete one full revolutionis Ts.

Manchester Coding :
1 Ty2 +Ve /\\"”
To2 C Ve - ' t
1
‘ 1
0 T2 -Ve \
| 2
Ty/2 +Ve' T ’ T /l\
1 0 0 - 1 1 0- o . : t ) - B A S AT

T2 iTo 3T62 410

U

For NRZ signali ity of exror is mini | o
generally i'sg;“; ing, the vrobabq:w of error is minimum. Thus for PCM, NRZ signaling is

Regenerative Repeater :

It is used to eliminate the effect of channel noise. It is nothing but one bit quantizer.’

| :
T, should be fixed in such a way that the scheme should be capable of reproducing all the

5V - signals at the receiver faithfully.
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Synchronization :
Numbser of signals = N
Number of biﬁs_‘:i_n frame ~=n N
For each fl:amcgome extra bits arc. a.c.ided for synchronization purpose.

InT; durat.10n7 we get nN ta !_)its,_ where a+ No. of bits used for synchronization

1, .
Bit duration Ty, == — without multiplexing
n
T
Lo .
= —— with multiplexing
nN
T,
= with multiplexing & synchronization
nN+a ' .
Signal to Quantization Noise Ratio : - fla) -
4
1/8
m(t) = Apcos2n f,t
Qe

Signal Power == A,2/2 : -5/2 312

Noise Power = [ x2 f(x) dx

. an
- Quantization Noise Power = [ q.2. f(q,) dg.
-8n

@ 82
=_£/2 q’.(18)dqe =-=——
12
Anl/2
SQNR =
: 8212
24,
8 =
2]1
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Am2/l2
SQNR = ———— = (32)2%
(4AR%12M™12

SQNR 4 = 1.8 +6n

Example : In PCM system, the minimum signal to quantization noise ratio should’be 23 dB.

Calculate the number of quantization levels required. .

Sol : © TSQNR = L8 +6n = 23
= n =4

No. of quantization levels = 2" =9t = 16

DPCM ( Differential Pulse Code Modulation) :

DPCM
wake

A 4

- ' ﬁl—u Delay <—-———J

Predictor

Transmitter , =

LPFl— &

——{Decoder |

Delay -

Receiver
In case of delay, input to the quantizer is present sample and previous sample.
In case of predictor, input to the quantizer is sampled value and its predicted value.

Predictor : It consists of delay elements- By observing the previous sampled values, it
predicts the present value. .
n
Bitrate = — = BW
g T,
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Delta Modulation (DM) :

It is used to decrease the bandwidth. Block sechematic is similar to DPCM but
the encoder is 1 bit encoder.

1

Encoder

Delay
- Predictor
" Transmitter
1 . N ' :
—0——‘ Decoder ~——'>@ ¥ LPF|——>
] Delay¥
o Receiver . . /
(1) Slope Overload error Slopc overload error A
(2) Granular noise ;
| 7
The input to the LPF is in multiples of 5. ) @

Slope overload error occurs when the step size is very low.
Granular noise occurs when the step size is high. —

When the slope of the transmitted waveform and slope of the reconstructed
waveform are same then there will be no error.

; 8
Slope of reconstructed waveform = ——
].s
. For no slope overloading error,
—— - d 5
PR— m(‘) = e
dt T;

If the slope of the reconstructed signal is low or high compared to d/dt m(t)
then slope overload error ( or Granular noise) occurs.

3 d
- <, — m(t) " Slope Overload error
Ts dt -
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) d
— > — m(1) Granular Noise

T, - dt

For m(t) = Apcos@nf,t)

d
— m(t) = — Ap 27 fy sin 2nfit
- dt —
d
— m(t) = Ap 27 fin
dt max .
s T 3
l: - = ‘A.m 2n fm l:
v T '

- Adaptive Delta Modulation (ADM) : ADM involves additional hardware designed to

provide variable step size, thereby reducing slope-overload effects without increasing the
granular noise. :

+ ] -
—> Integrator LPF —>
- (accumulator)

Integrator
(accumulator)

== - Transmitter Receiver
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Chapter — SA

01. The maximum permissible duration
between two samples of a 2 KHz
signal is

a) 1000 p sec b) 500 p sec
¢) 250 u sec d) Nonc
- 02.Pick the odd manout
a) PWM b) PPM
¢ PPM d) PLM

03. The main advantage of TDM over
DM is that it
a) needs less power
b) needs less bandwidth
c) needs simplc circuitry
d) gives better S/N ratio

04. The PWM needs
a) more power than PPM
b) more samples per second than PPM
¢) more bandwidth than PPM
“d) None of the above

05. The PAM signal can be detected by
- a) bandpass filter
b) bandstop filter
c) high pass filter.
d) low pass filter

State True or False
06 The guard time between pulses
' increases transmission efficiency
(a) True (b) False

07. Nise can be reduced by increasing
sampling rate

(a) True (b) False

08. Pulse st'ufﬁng_;i‘s used in

a) synchronous TDM
t) synchronous TDM
¢) any TDM

d) None of the above

Objective Questions

SET-A

09. In communications, the sampling
technique leads to
a) Betler cfficiency
b) Highest speed of
communication
c) Less costly equipment
d) None

10. The minimum sampling frequency _
is called R
a) Carlson frcquency
b) Pulse sampling ratc
- ¢) Nyquist sampling rate

d) Nonc

11. The sampling rate is always .
between :
a) 0and W b) Wand2W

c) 2Wand 4W d) Nonc

12. As the sampling {requency is
increased, the guard band becomes
a) Smaller
b) Remains same
¢) Larger
d) Nonc -

13. Which of the following pulse
modulation systems has no carrier-
wave equivalent ? R
a) PPM b) PDM
¢) PCM-  d) None

14. So far as noise is concerned, as
compared to direct baseband
transmission, PAM is

a) Better b) Similar
¢) Worst d) Same

15. The sampling in PDM is
a) Uniform
b) Non-unform
¢) Dependent on the nature of
message signal
d) None

ACE Academy

ACE Academy

16. The PDM signal is converted into
PPM with the help of a
a) Monostable
b) Flip-flop
¢) Timer
d) None

17. In PDM, the bandwidth
. requirement is a function of
a) the position of the pulse
b) Maximum pulse width
¢) Minimum pulse width
‘d)y None

18. Which of the following circuits
cannot be used to generate PDM ?
a) Monostable multivibrator

b) Bistable multivibrator - Key:

€)' 555 timer
d) None

Digital Communications _ 117

19. Apart from a dc component, the

PPM spectrum consists of
a. AM and PM sidebands of
all multiples of ‘f

b. Spectrum of message
derivative

c. Both of these

d. d) None

20. To generate PDM, the circuit

needed is

a) Sawtooth generator

b) clipping and squaring circuit
¢) Both of these

d) None

0l.c 02.b 03.¢ 04.a 05.d.
06.b 07.b 08.b 09.b.10.ec
ll.e 12¢ 13.¢ 14.b 15.b
16.b 17.¢ 18.b 19.¢ 20.c°
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Chapter - SA Objective Questions Set-B
08. The main advantage of PCM is
less bandwidth
less power
¢) better S/N ratio
d) possibility of multiplexing

01. Adaptive Delta Modulation is
preferred over Delta Modulation
because its step size changes as per the
requirement
(a) True (b) False

.. —09. The main disadvantage of PCM is

a) large bandwidth
b) large power

¢) complex circuitry
d) quantization noise

10. The main advantage of DM over PCM

03. Which of the following inodulation is is "
digital in nature? 2) lqss bandwidth
a) PAM b) PPM b) less power

¢) DM d) None of the above ©) l?ette_r S/,N rz'}tio -
d) simple circuit

02. In PCM, the quantization noise
dependson -
a) sampling rate
b) number of quantization levels
c) signal power
d) None of the above

04. Which of the following modulation is

analog in nature? 11. In a DM systcm, thc-g,ranular noise

occuifs when modulating signal

a) PCM 4 X
b) DPCM a) increases rapidly-
¢)D M b) decreases rapidly

¢) changes within the step sive

d) N f the ab : -
)— one of e abave d) has high frequency componcnt

05. In PCM,, if the number of quantization
levels is increased from 4 to 64, then

the bandwidth requircment wili_ m(.)qplat,in-;g._ sigp al ghapgg;_:—

approximately be -~ O —
- h? P 3 times v b) 4 times — = a) Less rapidly than the encoder can
. . . follow
c) 8 tim d) 16t
) ©s ) tmes b) More rapidly than the encoder can
follow

06. Quantization noise occurs in
a) PAM b) PPM
¢) bM d) None of the above

¢) None of these

13. In DM, in order 10 kecp S/N ratio
" nearly constant, the step size ‘a’ is kept
small but increases as the input signal
a) Increases b) decrcases
¢) Remains unaffected d) Nonc

07. Companding is used in PCM to
a) reduce bandwidth
b) reduce power
¢) increase S/N ratio

d) get almost uniform S/N rati -
)8 ! e 14. As compared to message bandwidth,

the PCM bandwidth is
a) much larger b) same
<) much smaller d) None

12. In DM, slope o§erload occurs when the -

=
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15.

16.

17.

18.

In PCM, the high noise immunity is
achieved with

a) increased bandwidth

b) decreased bandwidth

¢) None

In PCM, quantisation noise appears
as
a) thermal noise
b) Shot noise S
¢) White noise

For noise reduction in PCM, the
exchange of bandwidth for S/N ratio is
a) Linear C
b) Exponential

¢) Uniform

The bandwidth required for:
transmitting 4 KHz signal using PCM
with 128 quantising levels is

a) 8 KHz b) 16 KHz

¢) 24KHz d) 28 KHz

19. To gencrate PCM, the signal is

sampled and converted into
a) PWM

b) PPM.. ... .

c) PAM p

20. In PCM system, if the bandwidth of a

channel is increased, the S/N ratio
would .

a) Decreasc

b) Remain the same

¢) Increase

Key :
0l.a 02.b 03.c 04.d 05.a 06.c
07.4 08.c 09.a.10.d 1ll.c 12.b

13.a 14.a 15.a 16.¢ 17.b 18.¢

19.¢ 20.c
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Chapter — 5A Objective Questions Set -C

01. In a delta modulation scheme, the step height is 75 mV and step width is 1.5 ms. The
maximum slope that the staircase can track is
a)50 V/s b) 55 V/s -¢) 60 Vs d)65 V/s

02. The ramp signal m(t)=at is applied to a delta modulator with sampling period T, and
step size ‘3. Slope over load distortion would occur if _
Ca)d<a- b)é>a c)d<aT; ST d)é>aTs

03. In delta modulation which of the following drawbacks are existing?
1. Slope overload . 2. Serration noise - 3. Granular noise

ayl&2eonly b)2 & 3 only o1&3only  d)1,2&3

04. The signal to quantization noise ratio in an n — bit PCM system

a) depends-upon the sampling frequency employed
b) is independent of the value of n
c) decreases with increasing value of n

d) increases with increasing value of n

05. A speech signal occupying the bandwidth of 300 Hz to 3 kHz is converted into PCM
format for use in digital communication. If the sampling frequency is 8 kHz and
each sample is quantized into 256 levels, then the output bit rate will be
a) 3 kb/s b) 8 kb/s _c)64kbis &) 256kbls .-

06. Which of the following pulse communication system is inherently immune to noise?
a) PPM " b)PCM ¢) PWM d) PAM

07. Companding is used
a) to overcome quantising noise in PCM - RPN
b) in PWM receivers to reduce impulse noise
¢) to protect small signals in PCM from quantising noise

~ d) None of the above

08.In PCM for 132 standard quantising levels, the maximum error will be /
a) (1/66) of the total amplitude range ~b) (1/132) of the total amplitudc range
c) (1/264) of the total amplitude range d) (1/528) of the total amplitude range
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09. Quantising noise is produced n
a)FDM  b)PCM c) all modulation systems d) all pulse modulation systems

10. For a 10 - bit PCM system, the signal to quantization noise ratio is 62 dB. Ifthe number
of bits is increased by 2, then the signal to quantization noise ratio will
a) increase by 6 dB b) increase by 12 dB

~ ¢)decrease by 6 dB d) decrease by 12 dB

e

11. Four voice signais, each limited to 4 kHz and sampled at Nyquist rate, are' converted into L

binary PCM signal using 256 quantization levels—The bit transmission ratc for the
time -- division multiplexed signal will be —
a) 8 kbps b) 64 kbps ¢) 256 kbps - d) 512 kbps

12. A message signal band limited to 5 kHz is sampled at the minimum rate as dictated by the
sampling theorem. The number of quantization levels is 64. If the samples are encoded m
binary form, the transmission rate is ‘
a) 60 kbps b) 50 kbps ) 32 kbps d) 10 kbps

13. The peak-to-peak input to an 8-bit PCM decoder is 2 volts. The signal power-to-
quantization noise power.ratio (in dB) for an input of 0.5 cos (@ t) is
a) 47.8 b) 49.8 €)95.6 - d)99.6

14. Four independent messages have bandwidths of 100 Hz, 200 Hz, and 400 Hz,
respectively. Each is sampled at the Nyquist rate, and the samples are time division
multiplexed (TDM) and transmitted. The transmitted sample rate (in Hz) is-

a) 1600 b) 800 ¢) 400 d) 200

15. A TDM link has 20 signal channels and each channel is sampled 8000 times/sec. Each
sample is represented by seven binary bits and contains an additional bit for
- synchronization. The-total bit rate for the TDM link is . = ) .
a) 1180 K bits /sec b) 1280 K bits/sec c) 1180 M bits/sec d) 1280 M bits/sec

16. When the number of quantization levels is increased from 4 to 64, the bandwidth required
for the transmission of a PCM signal increases by a factor of
a) 3 b) 4 _ Y F R d)6
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GChapter — 5A

Common Data for Questions 01, 02 and
03:

A speech signal, band limited to 4 kHz and
peak voltage varying between +5V and
-5V, is sampled at the Nyquist rate.. Each
sample. is quantized and represented by 8
bits ' -
01. If the bits 0 and 1 are transmitted using

bipolar  pulses, the  minimum

bandwidth required for distortion free

" -transmission is

(a) 64 kHzl
(c) 8 kHz

(b) 32 kHz
- (d)4kHz.

02. Assuming the signal to be uniformly
distributed between its peak to peak
value, the signal to noise ratio at the
quantizér output is

(2) 16dB (by32dB
(c)48dB - - (d)'64_ dB

03. The number of quantization levels

required to reduce the quantization

‘noise by a factor of 4 would-be—
- =(a)1024 (b) 512
(€) 256 (d) 64

04. In delta modulation, the slope overloa(i -

distortion can be reduced by

(a) decreasing the step size
(b) decreasing the granular noise
(c)-decrgasing the sampling rate

(d) increasing the step size

Objective Questions

Set-D

Statement for Linked Answer Questions
05 & 06:

An input to a 6 - -level quantizer has the
probability density function f (x) as shown
in the figure. Decision boundaries of the
quantizer are chosen so as to maximize the
entropy of the quantizer output. It is given
that 3 consccutive decision boundaries are
“--1°,°0 “and ‘1.

f(x)

----a

— —1°¢

Re

-5 -1 01 5

: 05; The values of a and b are

(a)a=1/6and b= 1/12
(b)a=1/5 and b= 3/40
(¢c)a=1/4andb-:1/16
(d)a=1/3 and b~=1/24

06. Assuming that thc reconstruction
levels of the quantizer are the mid-
—points of the decision boundaries, the
ratio of signal power to quantization

noise power-is

152
@5 ®%

@?— @28
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07. A signal m (t) with bandwidth
500 Hz is first multiplied by a signal
g (1) where

8= (C1F8(1-05x 10*k)

10. In the following figure the minimum

value of the constant “C”, which is to
be added to y: {t) such that y,; (t) and
y; {t) are different, is '

The resulting signal is then passed

levels, Stepsizea |V i Same
* through an ideal lowpass filterwith - [~—*jallowable signal "Q—?Q“am'm L >
dynamic range|- V, V]

bandwidth 1 kHz. The output of the .

Quantizer Q with L K

I_T Q y2 (0 |

- == lowpass filter would be x (1) with
range fvV_ v _ ¢
(@) 3 (1) (b)m (1) f 2 2]
©o0 - @m 1) 5 (1) @A (A2
@A /12 @A/L

08. The minimum sampling frequency
(in samples / sec) required to
reconstruct the following signal from
its samples without distortion

, sin 2 & 1000t 3+7 sin 2 m 1000t
xO=5 T mt

would be
@2x10°  (b)4x10’
(©)6x10° (d) 8 x 10°

~ 09. The minimum step — size required for

" a Delta — Modulator operating at
32 K samples /sec to track the signal
(here u (t) is the unit — step function)

X (6) = 125tu(t) - u(t - 1)) +
(250-1251) (u (t— 1) —u (t—2))

so that slope —overload is avoided,
would be ’
@2°" ®)2°*
©27° @2

Statement for Linked Answer Questions
11 & 12: o

A symmetric threc - level midtread
quantizer is to be designed assuming
equiprobable occurrence of all
quantization levels.

11. If the input probability density
function is divided into three
regions as shown in fig. the value of

‘a’ in the figure is
’ p(x)

|

(@173

(b)2/3

—e)1/2 @174

12. The quantization noise power for

the quantization region between --a
and + a in the figure is
(a)4/81 b)1/9

) 5/81 «)2/81
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Common Data for Questions 13 and 14:
The amplitude of a random signal is
uniformly distributed between -5 V and
5V.

13. If the signal to quantization noise ratio
required in uniformly quantizing the
signal is 43.5 dB, the step size of the
quantization is approximately

 (2)00333V (b) 0.05 V
(c)0.0667V - (dy0.10 V

14. If the positive values of the signal are
uniformly quantized with-4 step size of
0.05 V, and the negative values are

- uniformly quantized with a step size. Pf
0.1 V, the resulting signal to
quantization noise ratio is

_approximately :
‘(a)46 dB (b)43.8dB
(c)42dB (d)40dB

15. In a PCM system .if the code word
length is increased from 6 to 8 bits, the
. signal to quantization noise ratio™ -
improves by the factor -
@86 @®I12 ()16 (d) 8
16 Inthe output of aDM speech encoder,
: the consecutive pulses are of opposite
polarity during time interval t; <t < t,.
This indicates that during this interval
-(a) the input to the- modulators.-
——essentially constarit
(b) the modulator is going through
slope overload

 Communication Systems

(c) the accumnulator is in saturation
(d) the speech signal is bemg sampled
at the Nyquist rate

17. A random variable X with uniform
density in the interval 0 to 1 is
quantized as follows:
If0<X<03, Xq=0
If0.3sX<1, Xq=0.7

“Where xq is the quantized value
of X. The root —mean value of the
quantization noise is
" (2) 0.573
{c) 2.205

(b) 0.198
(d) 0.266

ACE Academy.

18. Choose the correct one from among
the alternatives A,B,C, and D after
matching an item from group 1 with

the most appropriate item in Group 2

Group 1 Groub 2
1.FM P: Slope overload
2.DM Q: p-law
3.PSK R: Envelope detector
4. PCM S: Capture cffect

T: Hilbert transform
_ U: Matched filter
(a) 1-T, 2-P, 3-U, 4-S
(b) 1-S,2-U, 3-P, 4-T
(¢) 1-S, 2-P, 3-U, 4-Q
(d) 1-U,2-R, 3-8, 4-Q

19. A sinusoidal signal with peak-to-peak
amplitude of 1.536 V is quantized into
128 levels using a mid-rise uniform
quantizer. The quantization- noisc
power is
(a) 0.768 V
(b) 48 x 106 V2
(c) 12x 10° V2

I @3V L

20. The input to a linear delta modulator
having step size A = 0.628 is a sine
wave with frequency f;, and peak
amphtude Ep. If the sampling
frequency f; = 40 kHz, the combination
of the sine - wave frequency and the

— amplitude, where slope overload will

take place is

En fn
a)03Vv 8 kHz
b) 15V 4 kHz
alsVv 2 kHiz
)30V 1 kHz

CE Academ Di
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A signal i sampled at 8 kHz and is
quantized using 8 - bit uniform
quantizer. Assuming SNR, for a
sinusoidal signal, the correct statement
for PCM signal with a bit rate of R i is

(a)R =32 kbps, SNRq = 25.8 dB
(b) R = 64 kbps, SNRq = 49.8 dB
(c) R = 64 kbps, SNRq =55.8 dB
(4)R =32 kbps, SNRq =49.8 dB

22. Consider a sampled signal

23.

24.

25.

y(t) =5x10°x ()T 8 (t-nTy),
n=-otoc wherex (t)=10cos

(8n x 10*) t and T, = 100 psec. When y
(t) is passed through an ideal low pass
filter with a cutoff frequency of S KHz,
the ;output of the filter is

(@)5x 107 cos (87 x 10%)t
®)5x 107 cos (87 x 10°) t
(©)5x107 cos 8x x 10°)t -
(d) 10 cos (87 x 10°) t -

A signal x (t) = 100 cos (241: x 10%) tis
ideally sampled with-sampling period
of 50usec and then passed through an
ideal low — pass filter with cutoff
frequency of 15 KHz. Which of the-
following frequencies is / are present at
the filteroutput?

(a) 12 KHz only

(b) 8 KHz only

(c) 12KHz and 9 KHz

(d) 12 KHz and 8 KHz

The Nyquist sampling interval, for the
signal sinc (700t) + sinc (500t) is

(b) /350 sec

(a) 71 /350 sec .
(dyr/175sec

(c) 1/700 sec

The Nyquist sampling frequency
(in Hz) of a signal givenby
6x 10~ sinc? (400)* 105 sinc®
{doot)is
(2) 200
(c) 500

(b) 300
(d) 1000

ital Communications
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26. The peak —to peak input to an 8 - bit
PCM coder is 2 volts. The signal power - -
to quantization noise power ratio (in di3)
for an input of 0.5 cos (@, t) is

{a)47.8 (b)49.8

(c) 95.6 (d)99.6

rd

27. In a PCM system with unpiform

' .quantization, incteasing the number of bits -

from 8 to 9 will reduce thc quantization
noise power by a factor of’
@9 O3 ©4 (@2

28. Flat top sampling of low pass signals
" (a) gives'rise to aperture effect

(b) implies over sampling
(c) leads to aliasing
(d) introduces delay distortion

,29 Compressxon in PCM refcrq to relative

compression of -

(a) higher signal amplitudes
(b) lower signal amplitudes
(c) lower signal frequencies
(d) higher signal frequencies

30. A determiniistic signal has the power
spectrum given in figure. The minimum
sampling rate needed fo completely
represent this signal is

S

£\ LN,
2-15 -l 0 1 1.5 2 f(kHZ)
@ 1kHz  (b)2kHz
(c)3kHz (d) None-of the above

31. The number of bits in a binary PCM
system is increased form nto (n+ 1). Asa
result, the signal to quantization noise ratio
will improve by a factor . :

+1)/
(a) (21(1n+ l))ln n
(C) 2 2An+)/n
(d) Which is independent of n
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32. 1f the number of bits per sample 1n a
PCM system is increased from n to
{n + 1) the improvement in signal to
‘quantization noise ratio will be
(a)3dB (b) 6 dB
(c)2ndB (d)ndB

33. A 1.0 kHz signal is flat -- tap sampled
at the rate of 1800 samples / sec and
the samples are applied to an ideal
rectangular LPF with cut - off
frequency of 1100 Hz. Then the output
of the filter contains
(a) only 800 Hz component
(b) 800 Hz and 900 Hz components
(c) 800 Hz and 1000 Hz components
(d) 800 Hz , 900 Hz and 1000 Hz

components

34. The signal to quantization noise ratio

in an in— bit PCM system.

(a) depends upon the sampling
frequency employed

(b) is independent of the value of * n’

(c) increases with increasing value
of ‘n’

(d) decreases with the increasing value
of ‘n’

Match the following (Q.No. 35. 36.)

(1) Coherent
detection

(b) DSB — SC system (2) Envelope
detection

(3) Correlation
detection

(4)PLL

(5) LPF—

(c) PAM system

36.a) AM system 1) B (Bandwidth of
the modulating

e signal)
®)SSBsystem  2)2B
(c) PCM{n bit)
system {3) Between B and 2B
{4)20B
{5)nB

37. Increased pulse -- width in the flat

top sampling, leads to

(a) attenuation of high frequencies in
reproduction

(b) attenuation of low frequenc1es in
reproduction

(c) greater aliasing errors in
reproduction

(d) no harmful effects in reproduction

38. The bardwidth required for the

transmission of a PCM signal increases

byafactorof .~ when
the number of quantlzatlon levels is
‘increased from 4 to 64 °

39. Six independent low pass signals of
bandwidths 3 W, W ,2 W,3 Wand 2
W Hz are to be time — division
rultiplexed on a common channel
using PAM: To achieve this, the
minimum transmission bandwidth of
the channel should be Hz

40. A signal has frequency components
from 300 Hz to 1.8 KHz. The
minimum possible rate at which the
signal has to be sampled is

41. A 4 GHz carrier is DSB SC modulated

by a low pass message signal with
maximum frequency of 2 MHz. The
resultant signal is to be ideally
sampled. The minimum frequency of
the sampling impulse train should be:

(@4MHz  (b) 8 MHz
(©8GHz  (d)8.004 GHz

42. In a BPSK signal detector, the local
oscillator has a fixed phase error of
20°. This phase error deteriorates the
SNR at the output by a actor of

(a) cos 20° (b) cos? 20°
(a) cos 70° {b) cos? 70°

E A

43. A.signal having uniformly distributed
amplitude in the interval (- V, + V} is
to be encoded using PCM with
uniform quantization. The signal —to
quantizing noise ration is determined
by the
(a) dynamic range of the signal
(b) sampling rate
(c) number of quantizing levels.

(d) power spectrum of the signal.

44, A signal containing only tow
frequency components (3kHz and 6
kHz) is sampled at the rate of 8 kHz
and then passed through a low pass

filter with a cutoff frequency of 8 kHz.

The filter output

(a) is an undistorted verswn \of the
original signal

(b) contains only the 3 kHz component
(c) contains the 3 kHz component and

a spurious component of 2 kHz
(d) contains both the components of -

the original signal and two spurious

components of 2 kHz and 5 kHz

| Communication 2

45. Companding in PCM 'systems leads to
improved signal to quantization noise
ratio. This improvement is for:

(a) Lower frequency components-only
{b) Higher frequency components
(c) Lower amplitudes only !

(d) Higher amplitudes only
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(B) ASK, PSK, FSK, DPSK :

Band pass Data Transmission

) ' lon Ay
o ] e
ASK f+1/Ty

Encoder PSK

yany

Baseband data " 'Bandwidth = 2x UV Ty

‘ Banbpass data

Wt = 2 x bit rate
The output of the encoder has significant low frequency components. If it has to radiate Demodulation :
through antenna then antenna height will become a problem. So the encoder outputis | : . : A2
Itiplied b; 1 ier. :
multiplied by an analog carrier 1. Muttiplier . LPF
’ 0 0
Digital Carrier Modulation :
A cos 2xf; t

(1) Amplitude Shift Keying (ASK) .

i -1 = A, cos 2nfo t x Ao cos 2nfct = (Af/2)[l+cos 4nf 1]
on-oft signalling

ASK signal - _ Output of LPF = (A /2).

Multiplier
binary : fLPF = 0
data /]\ 0 -:: Qutput o

A cos 2nf, t '

The amplitude of the carrier is modulated

. . ift Keying : -
according to thc message signal. 1 0 1 1 0 Phase Shift Reying . NRZ —— 1
- : binary data - PSK signal |
Multiplier
T o 3Tb > NRZ g
A cos 2nfe t

oo WL |
S vvwvvvwvn |
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1 0 1 1 0

NN
ARIRANAY

- Frequency of the carrier must be a multiple of a bit rate.

To=n/f, =f=nn

Demodulation : - 1
: . Al 2 ——
PSK m(t)
Multiplier - LPF R PR,
. .
_AYy Y—
A. cos 2nf; t

I = Accos2nftxA;cos2nfet = (AZ/2) [1 + cos 4nf, t]

7. Outputof LPF = (A’/2)

0 = Outputof LPF = —(AZ/2)

Bandwidth = 2 x bit rate f.
Freauency Shift Keying

S(t) = Accos 2nf; t 1

= Accos2nf3t 0 fi>f

ACE Academy Digital Communications . 131

Generation :
vCO:
1
I —
= —
2 ¥ (LiH)IC + Cror G
1 0 1 1 0
N
——
HI : A, €OS 2nfy t
0 0 \ . |
+I| l l T + . AcCOSZ‘itf]t B
W_a | AcesRto T e
|

0
21rfzt _ T

A cos 2mfy t
Bandwidth = 2 Af+2 fw ) - -
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= fi-f+(2/Ty) ; fi-f =2Af
Demodulation :
—()- LPE_ _1
el O N
slignal__i » ‘ ~ 1\ — 0
L Go~——{ pF threshold, OV

! :

A cos 2nfy t
Cut-off frequency < f; — f)
1 = . Accos2nfitx Accos 2rfyt - ]
Ac cos 2nf) t x A, cos 2nf t . 2
=(Ac/2) [cos2m (f, - f) t+ ;:os 2n(f; - )]
0= Accos2mfytx Accos 2yt 1
A cos 2r fit) x A, cos (2 nfy )y 2

Differential Phase Shift Keying (DPSK) :

binaydata " [Differentil] [~ PSK | DPSK signal
on-off signalling Encoder Modulator
binary data - y  on-off NRZ DPSK signal
: i Amplitude »| Multiplier .4
) {level shiﬁeﬂ
Delay . T —_—
Ty

ACE Academy » Digita! Communications 133 .

Amplitude level shifter is used to .ehaﬂge on-off signalling to NRZ.

SV

I

By adding a negative dc level, we can convert an on-off signalling to NRZ.

A

1 0 1 1 0
0 0 1 -1 1 0

180° 180° 0o° o o 180°

= ' Decisipn ' '
Multiplier —+{ LPF —’1 »_device
DelayJ S T=

To_

Receiver

Advantage of DPSK over PSK is DPSK does not require a coherent carrier for demodu_:lgtiqn.
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{C) Matched filters / Correlation Receiver, B.W, Probability of error

Stt) (0
(2 filter | y(t) ~_ y(T) | Decision
* ht) | sample device
att=T
w (t)

Input tq the filter ~— Signal + White.noise
— s(t) +w()

Output of the filter: signal component
=) Ohwy
~ SO HO

s = I sou@ e it
_After sampling |
D) = T SOH@ T at-
Signal Power
i = | I sougetar 2

Schwartz inequality :

2

Teozoa| <[lsora [laofa

Signal Povier < | | H(){2df | 1S(6|2df

Max. signa’ Power < T |H(f) > df f [S(f) |2 df
H{) = S*(f)e >
h() = f S*(f) e PHT PR yf

No
Noise-PSD at the output of the filteris —— | H(f) |
2 ]

demy ' Digital Communication _135

No = )
Noise Power = — [ |H(f)* df
. , e
2 e 5
SNR < — [|s(D|*df
NO - i
o 2 - 2E
: (SNR) wax = —— (Energy of the signal) = ——
' " No No
h@t) = s*[-t-T] =s*(T-1)
Fbr' real signal s(t) = s* ()
$* (f) = S(-0)
. h() = s(T—t)_
- ' ) : h ()= s(To—1) -
‘S(t) . . 4 S("t) A
0 Th >t -Tb . 0 —> ) “0 T
We are-sampling the outputat Ty only
e because the signal is max. at Ty
—_— . L .
s(t) s(-1) h()
- _— - S —»t
o ! e mdl R
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y®

Probability of error:

0 0 0
0.9 .

0.9

Binary Nonsymmetric channel

Binary symmetric channel
P.=P(10) or P(01) '

si(t) «+ X.(t)

signal — filter | Zi(t) | Decision
* h(t) sample | .device |
T att=T
n()
s = s —— T —

= 5f) —— O —
 Inputto the filter = Xdt) = sit) + n(t). -
Output of the filter = Z;(t) = aj(t) + ny(t)
After sampling,  Zi(T) = a(T) + no(T)
 Zitatn
Z=atng —> 1
=gt —> 0
Assume the noise as Gaussian noise with mean = 0, when there- is no signal.

Z is a Gaussian Random variable with mean = 0

'égE Agggmx ' Digi;al _gggmgnication§ 137

1
flz) = ——— Exp[-z2/20°] ) f@
2nG

m = 0 .
Mean Square Value = my = Noise Power

62 = mjy (mean square value ) 0

f@z/sy)
When the input is ‘17, s1(0)

CL=atm

because of ng , Z is a random variable with mean ‘a; .

“Tayra; ay
Z

1. R
2
f(z s1) = ——— Exp[-(z-a)?/2067] —>
ol :

f(z/ s2)
When the input is ‘0”, s2(t)

Z=atmn . |
‘because of ng , Z is a random variable with mean ‘ay — '\
1 . ) az a|-|2- a;
fzs2) = Exp(-z-a)?/20") z—>
: ) o) X' RO ST
- N - ajtayr—— -
40" is decoded as 1’ when (az + ng) > a .

' 2 atTa

S &

aata

1’ is decoded as 0” when (a) + ng) <

X
P[X<x] = Fx(x) = _f fix) dx

Probability that 1 is decoded as zero is —

ajt+a
Peawy = P (Z < X
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M
1 (a+a)2

|
V2no? =
Probability of error when ‘0" is transmitted is

ajt+a J
2

1 (a) +a)2 -
exp[=(z=a)"/20*]dz

exp[—(z—a|)2/20'2]dz

Pc(O/l) =P [Z >

=1=

Vang? =

For binary symmetrical channel P70y = Peor1)

® -1
= pp—— exp[—(z—a2)2/20'2]dz
(ai+a)2 V2ng?
Z—-a
Lety =
c
ata aj—-a

z= _ y =

2 - 2¢

@ 1

: o

- —— exp[-y*/2] o dy
(ai—a)26 V2ngo?

1 m P A
= — | ep[-yU2]ey - -=
- N (a1 — a))20

i ay~a
P, =Q [ ] '
20 o

| - w
where Q(x) = —— [exp[-y%/2] dy
Var  x
1 [@-=a)?
P.=Q ] -
\ 42

ACE Academ __ Digital ommunications 13

: (a1—a)*? 2 Eq4
(a, - a2)* = Difference signal power = ————— = ——
(&) 2 Nu

2 Ed Ed

\ 4N0 2N0

On-off signaling :

Eg = | (s.—sz)2 dt

T o
Difference signal energy per bit = { (s1-s2)2 dt = A’

AT,
Pc :~.Q
2N,

NRZ signaling :
Tb
i 4A%dt = 4A’T,

2A'T,

P.=Q
J N

—Penrz < Peon-off

Correlation Receiver :

1(t) Filter | y(t) N Decision
h(t) y(T) | device

y(©) = _fm r(t) h(t - 1) dr

—_— @

= f ) s[T-(t-7)] dt

-

ht) = s(T- t)_

@

= | r@) s[T+t-t] dt

-
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After sampling ,
T (t) (1) s(t)

(1) = g -r(t)' s(t) dt x

’[\' A cos 2nf, t
In general , correlation receiver and matched filter are same.

" Eq

" Pe= Q
2Ny
ASK signal :
S; = A;cos 2n_fct

Sz=0

b
Eq = A’ ({ cos? 2af, t

. ™ | _
= A’ Io (1+cosdnf,t)/2 = A [To/2] = (A T)/2

ATy

P, =Q
4 Ng

Signal energy when ‘1’ is transmitted = A, [ cos®2nf,t dt =
, . Zaftdt =

Signal energy when ‘0’ is transmitted = 0

Al Ty
.. Average energy per bit = = Ep

4
4 E,
A = -
N Ty
aE,
st) =
N - T

cos 2xf t 5

Ac2 Tb

Digital Communications

ACE Academ
=0 KM
Eb
P.= Q
N No
PSK signal :
S; = A;cos 2nf. t
S = —A,;cosanct
™ 4A7Ty ,
Eq = 4Ac? ofcosz2nfct = =2AST,
B ' 2
. 2A’T, Al T
P.=Q ~ =Q
’ 2Np No

Pepsk < Peask

So generally PSK is preferred.

2E,
LPe=Q —_—
No
. .sit) = Accos2nf. t ‘1’
s (= =Accos2nft O o
I — . AT,
Signal energy when ‘1’ is transmitted =
: 2
Al Ty
Signal energy when ‘0" is transmitted = —2——
ATy

- Average energy per bit Ep = ———

‘ 2Ep
A = | —
T

2

b

141
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| 2E,
Sit) =
T,

b

’ 2E,
T

b

ACE Academy

cos 2xf, t ‘1’

cos 2rf. t 0

FSK signal: T
Si(t) = Accos2nfit

S (t) = ‘A cos 2nfy t

T
— a2 )
Eqs = A, g ( cos 21rf|_t_—cos 27tf21)3_ dt = Ac2 Ty

PSK i { : . ..
bandwidth arllilrlr’lzs preferred compared to ASK and FSK because it has minimum

:_‘,xar‘nple : Cons_icllg:r an AM system with additive thermal noise having a power spectral
4e]:1}sllty n2=10 ' W/Hg. A.ssu'me that the baseband message signal X(t) has a bandwidth of
z an the amplitude distribution shown figure. The signal is demodulated by envelo;
_detgctlon and appropriate postdetectlon ﬁltermg Assume = 1. ’ o
(a) g 1gld the minimum value of the carrier amplnuchc,that will ylcld (S / N(.) > 40
(b) Find the threshold value of A..

fx(xy——
1

Sol: (a) Xt) = A [1+X(0)] cos ot

- x l —_—
Sx = E[X%0)] = ] x> fx(x)dx =2 ] x®(x+1)dx = 1/6
-0 0

Sx 1/6
(S /N) = y=
1+8x - 1+1/6

y=0/Ty 2 10*
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Hence, y 2 7(10%)
AL(1 +1/6)

— > 7(10%)
4107 @07
A 31(10°)V = 31 my :
(b) S s/N =10
" TTherefore, ylal.u.,c,-.;old =i '-'-'-.2(SV/ N) 20 :
Al (1 +1/6) 7

L0 > A+ 052(107)V = 052mV
4107') (4) (10°)

- Chapter — 5A Objective Questions Set- A

06. Amplitude Shift Keying is also known
as on-off keying
(2) True (b) False

01. Which of the following gives
maximum probability of error?

a) ASK b) FSK
¢) PSK d) DPSK 07. Correlator is a coherent system of
signal reception
02. Which of the following gives : S -
minimum probability of error ? (a) True - (b) False
a) ASK _ by FSK 08. In differential PSK, the information is
- ¢) PSK ~..d) DPSK coded in terms of
: ' " a)'Absolute phase for: each symbol
b) Phase changes between adjacent
symbols
¢) None of these

State True or False

03. In DPSK, no synchrdnous carrier is
neéded at the receiver
09. Main disadvantage of DPSK is that
(a) True (b) False a) Power margin is very low
' _ b) It requires much large power

04. In FSK, no synchronous carrier is
needed at the recciver

(a) True . (b) False
. 05. Probability of error in DPSK is less

than PSK

(a) True (b) False

¢) Itis locked ona specific signaling
speed.

10. In FSK; the threshold level is
independent of
a) Carrier amplitude
b) Carrier frequency
¢) Both of these
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14.

15.

17.

In ASK, the threshold level is

a) Independent of carrier amplitude A,
b) Function of A

¢) None

. The QAM is a combination of the
a) ASK and PSK
b) ASK and FSK
¢) PSK and FSK

. The disadvantage of cohercrt-FSK—
detection is that
a) It lcads 10 high signal fading
b) It requires two synchronized
oscillations
c) Both of these
d) None

FSK is preferred to ASK in

applications where

a) Fading of signal is prevalent

b) Synchronous detection is not
feasible

c) Both of these

d) None

The disadvantage of ['SK is that

a) It does not provide sufficient S/N
ratio .

b) It does not have low error
probability

¢) Itis not efficicnt in 1ts use of ~
spectrum space ' ——

d) None '

. In contrast to analog transmission,

digital system can employ

a) Regeneration

b) Error control coding )
a)Both of these .
d) None

In coherent detection in digital

transmission, the received waveform is

) Compared with a reference
waveform

b) Compared with the possnble
transmitted waveform

c) None of these

Communication Systems

ACE Academy

18. In ASK, the transmission bandwidth s
equal to
a) Baseband bandwidth
b) Twicc baseband bandwidth
¢) Four times baseband bandwidth
d) Nonc

19. The total bandwidth required for a
raised cosinc spectrum is
a) W/2 by W
Q2w - - d) 4W

20.In u—ab); PSK channel, the information

ratc (binary bits/sec) can easlly be
increascd by
a) Increasing pu
b) Decreasing
¢) None
Key :
0l.a 02.c¢ 03.a 04.b 05.b 06.a
07.a2 08:b 09.¢ 10.a I1l.bh 12.a
13.b 14.¢ 15.¢ 16.¢ 17.b 18.b

9.¢ 20a

ACE Academy
Chapter-5SB & C

01. Consider a Binary Symmetric Channel
(BSC) with probability of error being
p. To transmit a bit, say |, we transmit
a sequence of three 1s. The receiver
will interpret the received sequence to
represent 1 if at least two bits are 1.

The probability that the transmltted bit

will be received in error is

@pP+3p’1-p) O)p

©a-p - @p3pip)

02. The raised cosine pulse p(t) is used for
zero ISI in digital communications.
The expression for p(t) with unity
roll-off factor is given by

@ = Sin4 n Wt
P AT Wi(1 - 16 WD)

The value of p(t)att=1/4W is

(@)-0.5 ®0
(©0.5 ()

03. During transmission over a certain
binary communication channel, bit
€rTors occur independently with
probability p. The probablllty of AT
MOST one bit in error in a block of n
bits is given by

@ )19

© np(l-p)""+(l-;5)" (d) 1-(1_-p)"
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Objective Questions Sct-B

Common Data for Questions 04, 05:
Two 4 ~ ary signal constellations are
shox:_azf;.' it is given that ¢ and ¢; constitute

an orthonormal basis for the two

constellatlons Assume that the four

symbols in both the constellatlons are
equiprobable. Let Ny / 2 denote the power

spectral dehsity of white Gaussian noise.

o Za LI Pz
e ) — e ¢
-Wa e 0T e '0 a1

~ l,'
¢ -\.F.'.'a

“f’-'a
Constellation 1

Constellation 2

following statements is true?

(a) Probability of symbol error for

Constellation 1 is lower

(b) Probability of symbol error for

Constellation 1 is higher

(c) Probability of symbol error is equal

for both the constellations  — - -

(d) The value of Ny will determine _
vs__'bich of the two constellations has

* alower probability of ‘symbol error




146 Communication Systems -

ACE Academy

Common Data for Questions 06,07:
Let g{t) =p (1) * p (1), where * denotes
convolutionand p ) =u () —u (t-1)
with u (1) being the.unit step function

Q06. The impulse response of filter
matched 1o the signal

s=g® S8 (t—2)* g () is given
(b)-s(1-¢)

©-s@ s

as
(@s(1-1)

Q07. An Amplitude Modulated sigrial is
given as :
xam (=100 (p (1) +0.5g (1)
-cos @ct inthe interval 0 <t < 1.
One set of possible values of the
modulating signal and modulation
index would be -
()t,0.5 (b)t, 1.0
() t,2.0 (@)%, 05
" QO08. A signal as shown in fig. is applied to
a matched filter. Which of the
following does represent the output
of this matched filter?

09.

Consider a  binary  digital

~ communication system with equally

10.

likely 0’s and 1’s. When binary 0 is
transmitted the voltage at the detector
input can lie between the levels

— 025V and + 0.25 V with equal -

probability; when binary 1 s
transmitted, the voltage at the detector
can have any value between 0 and 1 V
with equal probability. If the detector

has a threshold of 0.2 V (i.e., if the
received signai is greater than 0.2 V,
the bit is taken as 1), the ‘average bit
error probability is

a) 0.15 b) 0.2

¢) 0.05 )] 0.5

Choose the correct one from among
the alternatives A, B, C, and D after
matching an item from Group 1 with
the most appropriate item in Group 2.

Group 1 Group 2

1. FM P: Slope.overloa'd
2DM Q: p.-law-

3. PSK  R:Envelope detector
4, PCM S :Capture effect

T :Hilbert fransform
" U : Matched filter

@ 1-T,2-P,3-U,4-8
(b)1-8,2-U,3-P,4-T
(©1-8,2-P,3-U,4-Q
@) 1-U,2-R,3-8,4-Q
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11. A source produces binary data at the
rate of 10 kbps. The binary symbols
are represented as shown in fig.

. Binary 1 Binary 0

1V

The source output is transmitted
using two modulation schemes,
namely Binary PSK (BPSK) and
--Quadrature PSK (QPSK). Let B; and
B; be the bandwidth requirements of
BPSK and QPSK respectively.
Assuming that the bandwidth of the
above rectangular
pulses is 10 kHz, B; and B; are

a) B; =20 kHz, B, =20 kHz
b) B1=10kHZ,B2=20kHZ
¢) Bi=20kHz,B; = 10kHz
-d) B;=10kHz, B, =10kHz

12. If Ey, the energy per bit of a binary
digital signal, is 10~ watt-sec and the
one-sided power spectral density of the
white noise, N, =10~ 3 W/Hz, then the
output SNR of the matched filter is
a)26dB. . b) 10dB
¢) 20dB d) 13dB

- 13.If S represents the carrier

synchronization at the receiver and

p represents the bandwidth efficiency,
then the correct statement for the
coherent binary PSKis ™~

a) p=0.5, S is required

b) p =10, S is required

¢) p=0.5, S is not required

d) p=1.0, S is not required

0 01
: t (msec)
° T

14. At a given probability of error, binary

15.

coherent FSK is inferior to binary
coherent PSK by

(2) 6 dB
)2 dB

(b)3dB
") 0dB

For a bit-rate of 8 Kbps, the best
possible values of the transmitted
frequencies in a coherent binary FSK
system are

a) 16 KHz and 20 KHz

b) 20 KHz and 32 KHz.

- ¢) 20 KHz and 40 KHz

16. During

17.

a) Hvolts
<) W mitlivolts d) 5 millivolts

d) 32 KHz and 40KHz

transmission over a
communication channel, bit errors
occur independently with probability
‘p’. If a block of n bits is transmitted,
the probability of at most one bit error
is equal to

B 1~(-p)"
b) p+(n-1)(i-p)
¢) np(1~p)*~"

d) (1-p)"+np(l -p)"~!

In a digital communication system
employing Frequency Shift Keying
(FSK), the 0 and | bit are represented
by sine waves of 10 KHz and 25 KHz
respectively. These waveforms will be
orthogonal for a bit interval of

b) 200 psec
d) 250 psec

a) 45 usec
c) 50 psec

18. The input to a matched filter is give

by .

10 sin (21 x 10% £),0< 1< 10 ~*sec
s(t)=

0, otherwise

The peak amplitude of the filter output

is

b) 5 volts
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19. For a given date rate, the bandwidth B,
of a BPSK signal and the bandwidth By
of the OOK signal are related as
a) Bp=Bo/4 b) B,=B,/2

¢) B,=B, d) B,=2B,

20. The line code that has zero dc
component for pulse transmission of
random binary data is
a) Non-return to zero (NRZ)

b) Return to zero (RZ)
" ¢} Alternate Mark Inversion (AMI)
d) None of the above

21. A PAM signal can be detected by
using”
a) an ADC b) an mtegrator
¢) aband pass filter
d) ahigh pass filter

. 22. Match the following
a) SSB. 1) Envelope detector
b) AM.  2) Integrate and dump
c) BPSK 3) Hilbert transform
" 4) Ratio detector
5) PLL
23. The bit stream 01001 is
" differentially encoded using ‘Delay
and EX OR’ scheme for DPSK
transmission. Assuming the reference
bit as a *1” and assigning phases of
“0” and ‘n>for-1s and 0’s,
respectively, in the encoded
sequence, the transmitted phase
sequence becomes
2a)t0nn0
- ¢)0nnn o

b) 0.x= 00
d) anOnr

—  24. Coherent demodutation 6f FSK signal
can be effected-using

a) correlation receiver

b) bandpass filters and envelope
detectors ——

¢) matched filter

d) discriminator detection.
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25. Source encoding in a data

communication system is done in

order to

a) enhance the information
transmission rate

b) reduce the iransmission errors

c) conserve the transmitted power

d) facilitate clock recovery in the
receiver.

26. For the signal constellation shown in

the figure, the type of modulationis___ .

cos 2n(n /T)t
S. .S|
sin 2n(n /THt
* *
S3 S4

T = symbol duration

27. In binary data transmission DPSK is

preferred to PSK because:

(a) a coherent carrier is not required
10 be generated at the receiver

{b) for a given energy per bit, the
probability of error is less.

{c) the 180° phase shifts of the carrier
are unimportant

{d) more protection is provided
against impulse noise

28. The message bit sequence input to a

29.

DPSK modulatoris 1,1,0,0, 1, 1.
The carrier phase during the reception
of the first two message bitsis m, 1.
The carrier phase for the remaining
four message bits is
(@m0,
(€)0,m, 7,7

®)0,0,7,
dm, 70,0

In a digital communication system,

transmissions —of.- successive . bits -

through a noisy channel are assumed
to be independent events with error
probability p. The probability of at
most one error in the transmission of
an 8 — bit sequence is

(@) 7(1 - p)/8%p/8
)l p)+8p(1 p)
©0- p)+(1 p)

@ (1-p)* +p(t-p)’

Chapter -6

Basics of TDMA, FDMA, & CDMA and GSM

Objective Questions

01. Four messages band limited to W, W,

2W and 3W respectively are to be

“multiplexed _using” Time Division
‘Multiplexing (TDM). The minimum

bandwidth required for transmission of
this TDM signal is.

@OW B3V W @TW

02.Ina GSM ;ystem, 8 channels can

co-exist in 200 kHz bandwidth using
TDMA. A GSM based cellular
operator ~ is allocated 5 MHz
bandwidth. Assuming a frequency

reuse factor of 1 , i.e. a five-cell repeat
5

pattern, the maximum number of

simultaneous channels that can exist in
one cell is :

@200 M40 (©25 @S

03. In a Direct Sequence CDMA system

. the chip rate is 1.2288 x 10° ChlpS per

second. If the processing gain is
desired to be AT LEAST 100, the data
rate
(a) m.u.s.t be 'less fhan or“eciual to
12288 x 10° bits per sec
(b) must be greater than 12.288 x 10’
bits per sec
(c) must be exactly equal to
12.288 x 10* bits per sec
(d) can take any value less than
122.88 x 10° bits per sec

04. Three analog signals, haviné

bandwidths 1200 Hz, 600 Hz and

0s.

600 Hz, are sampled at their
respective Nyquist rates, ‘encoded

with 12 bit words, and time division

multiplexed. The bit rate for the
multiplexed signal is -

a) 115.2kbps .b) 28. 8 kbps
cy57.6kbps  d) 38.4 kbps
Four independent messages -have

bandwidths of 100 Hz, 100 Hz, 200
Hz, and 400 Hz, respectively. Each is
sampled at the Nyquist rate, and the

' samples are time division multiplexed

(TDM)  and transmitted.  The
transmitted sample rate (in Hz) is

2)1600  b)800 - c)400  d)200

06. Quadrature multiplexing is

a) the same as FDM
b) the'same as TDM

' c) .,a combination of FDM and TDM

d) quite different from FDM and TDM _
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07. 12 signals each band — uuuted to
5 kHz are to be transmitted overa
single channel by frequency division
multiplexing. If AM - SSB
modulation with guard band of 1 kHz
is used, then the bandwidth of the
multiplexed signal will be

(a) 51 kHz (b) 61 kHz
() 71 klHz __(d) 81 kHz

08. Time division multiplexing requires
(a) constant data transmission
(b) transmission of data samples
(c) transmission of data at random
(d) transmission of data of only one
measured

09. Quadrature multiplexing is
(a) same as FDM
(b) same as TDM

(c) a combination of FDM and TDM

(d) the scheme where same carrier
frequency is used for two different
signals

10. Four signals each band -- limited to
5 kHz are sampled at twice the Nyquist
rate. The resulting PAM samples are
- transmitted over a single channel after
time division multiplexing. The

theoretical minimum transmission

bandwidth of the channel should be
equal to

(a) 5 kHz (b) 20 kHz
(©40kHz (d)80kHz

—_—

. In a certain ‘12 channel TDM". system,
it is found that ehannel No. 3 and ..
channel No. 8 are connected to the
same input signal. The technique

(a) wastes the channel capacity

(b) takes eare of different samplin;
rates :

{c) isrequired when different
bandwidth signals are to be
transmitted

{d) reduces noise
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12. In asynchronous TDM, for n signal
sources, each frame contains ‘m’ sl?ts.
where m is usually

(a)lessthann (b)2n .
(S5 S (d) gredter than2n

13. In a cellular communications system,
path loss between transmitter and
" receiverisdueto <
(a) scattering from buildings, trees,
vehicles and other structures only
(b) rcason at (a) above and due to
reflections from ground only
(c) reasons at (a) and (b) above along
with reflection from ionosphere
only
(d) reasons at (a), (b) and (c) above
along with loss due to surface
wave phenomenon

14. The number of signalling bits per
channel per frame in T1 multiplexer
following CCITT hierarchy is
(a) 64000 (b) 128
©)4 (d) 400

15 Four signals g; (t), g2 (1), g3 (t) and
gs (t) are to be multiplexed and
transmitted. g; (t) and g4 (t) have a
bandwidth oi 4 kHz, and the

remaining two signals have bandwidth -

of 8 kHz. Each sample requires 8 bit
for encoding. What is the minimum
transmission bit rate of the system?

(@)512kbps (b) 16 kbps
(c) 192 kbps (d) 384 kbps

16. A 12 channel TDM system where
each channel signal is 4 kHz is
sampled at 8 kHz. What is the
bandwidth requirement?

(2) 12 kHz (b) 12 x 4kHz

(©)12x8kHz (d)12x8x4kHz

Lk R R R
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17. Assertion (A): TDM can be employed

to transmit channels having unequal
bandwidths.
Reason (R): If sampling theorem is
strictly followed, any analog signal
can be reconstructed from its
samples.

(a) Both A and R are true and R is the
correct explanation of A

(b) Both A and R are true but R is
NOT the correct explanation of A

(c) A is true but R is false

(d) A is false but R is true

18. In FDM systems used for telephone,
which modulation scheme is adopted?
(a) AM (b) DSB -SC
(c)SSB--SC  (d)FM

' 19. Which is the most important sub ~

system for recovering and

reconstructing signals in a TDM

system?

(a) Envelope detector followed by a
low pass filter

(b) Synchronization circuit for proper

_ timing : -

(¢) Band pass filters to segregate
channels

. (d) Coherent detector to ensure

frequency-and phase connection

20. Multiplexing is possible if signals are
sampled. =~ Two  signals  have
bandwidths A = 0 to 4 kHz and

=0 to 8 kHz respectively. The
sampling frequency choscn is 12 kiiz.
Which one of the following is correct?
This choice of thc sampling
frequency

(a) is correct since A and B have an
integral relationship of 2

-(b) will not lcad to aliasing .

(c) does not obey sampling theorem

(d) can never lead to multiplexing

21. Which one of the following is
correct? In a TDM system each .
signal is allotted in a frame a unique
and fixed

(a) frequency slot  (b) time slot
(c) amplitude slot  (d) phase slot
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