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EC8395-COMMUNICATION ENGINEERING

UNIT I
ANALOG COMMUNICATION

Communication is the process of conveying or transferring of information from one point to another
point. Information can be image, text or any other data. Communication between any two points or places
requires a medium in between them. This medium can be wired or wireless medium. The information that needs
to be transmitted may not be in a form that is suitable for all medium. It needs to be processed. This processing
of raw information to convert it into a form that is suitable for a medium is called as modulation.

TYPES OF COMMUNICATION
Communication can be of two types- Analog & Digital

In Analog communication the transmit information is continuous in nature, whereas in digital communication
it is discrete in nature.

Transmitter Transmissio Receiver Destination

Source . : —— .

n

Basic block diagram for communication System

Information from the source should be modulated before transmission to enable proper transmission of
information from transmitter to receiver. The process of modifying or changing any characteristics of any
signal is called modulation. Any signal has three characteristic they are

1. Amplitude

2. Frequency

3. Phase
MODULATION:

The process of changing any one of the characteristics of carrier signal with respect to information signal is
known as modulation.

/ @ hd BN

Information {or ) message Carrier Information + Carrier = modulated signal
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TYPES OF MODULATION

Modulation is classified into two types they are, Analog modulation and Digital modulation. In
analog modulation both information and carrier signal are analog in nature, whereas in digital information signal
is digital but carrier signal is analog.

Modulation

Analog modulation Digital modulation

AM FM PM ASK FSK PSK QAM

AM (Amplitude modulation):

It is the process of changing the amplitude of high frequency carrier signal in accordance with
low frequency information signal. Here frequency and phase angle of carrier remains unchanged.

FM (Frequency modulation):

It is the process of changing the frequency of carrier signal accordance with amplitude of
information signal.

PM (Phase modulation):

It is the process of changing the phase of carrier signal accordance with amplitude of information
signal..

NEED FOR MODULATION

e Reduce height of antenna

e Transmit signal over a long distance
e Avoid noise and interference

e Multiplexing

Improve the signal to noiseratio

AMPLITUDE MODULATION

It is the process of changing the amplitude of a relatively high frequency carrier signal in proportion
with the instantaneous value of the modulating signal. AM is used for commercial broadcasting of audio and
video signals.

Applications of AM: 1. Two-way mobile radio, Audio and video broadcast

AM VOLTAGE DISTRIBUTION
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The modulating signal is represented as, em(t) = Em sinomt
The carrier signal is represented as, ec (t) = Ecsinoct

According to the definition, the amplitude of the carrier signal is changed after modulation.

Eam=Ec+ em(t) =Ect Em Sin(,l)mt (1)
= Ec [1+ (Em/Ec) Sin(l)mt ] (2)
EAM = Ec(1+ Ma sin omt ) (3)

Depth of Modulation/Modulation Index:
Coefficient of modulation and percent modulation:
If is defined as the ratio of maximum amplitude of the message signal to the maximum amplitude of the

carrier signal.

Em
Ma= —
Ec
Percent modulation is indicated as M
Em
M = x 100 or M=max100
Ec

Relationship between m, Em & Ec

From the figure.

; I\I’I\;
il

|
Em= % (Emax - Emin)
Ec=% (Emax + Emin)
Yo (EmaX' Emin) Emax - Emin
M= x100 = —— x100
Yo (Emax + Emin) Emax + Emin

Where ma.= Em/Ec Where mais the modulation index (or) depth of modulation. The value Em must be
less than value of E. to avoid distortion in the modulated signal. Hence maximum value of ma will be
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equal to 1. When ma is expressed in percentage it is called percentage modulation.

But the instantaneous amplitude of modulated signal, i.e at any time

eam(t)= Eam sinwct (4)
Substitute equation (3) in (4)
eam(t) = Ec (1 + ma sinomt)sinwct

= Ec sinmct + ma Ec sinomt sinoct

1) )

Erequency spectrum and Bandwidth of AM Wave

A Ean(t
E
A
LS us
mE. mk,
2 2 -~
Y T > w
0 vf;_fm(ma‘X/ 'ff' f(‘+fm(max)
BW=2
_________________ .»

e The figure shows the frequency spectrum of Am.

e It extends from f. -f,, (Mmax) to fc + fm (Max).

e The band of frequencies b/w f; and f. - fn (max) is called lower side band [LSB] and any frequency
within this band is called lower side frequency [LSF].

e The band of frequencies b/w fc and f. + f, (max) is called upper side band [USB] and any frequency
within this and is called upper side frequency [USF]

Bandwidth of AM.
The Bandwidth of Am wave is equal to the difference b/w the highest upper side frequency and

lowest lower side frequency.
B = fc+ fm (Max) — [fc - fm (Max)]
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fe + fm (Max) - fc + fm (Max)

BW

2fm (max)

AM Waveform

a) Message signal
b) Carrier signal

c) Amplitude modulated signal.

The shape of modulated waveform is known as AM envelope.

Phasor representation of AM

maTVC (USB)

m ~
\\
. \
Carrier AN
° > \» A
| el O
0 ;7 Vau(t)
4
4
,I
4
- a))?’i /
mlV
—4 < (LSB)

¢ Based on the modulation index modulation can k;e either,
(1). Critical Modulation
(i1). Over Modulation

(1ii). Under Modulation
e When En= Ec modulation goes to 100% this situation is known as critical modulation.
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leads to under modulation.

AM wave for m = 0.5

e En> Ecleads to over modulation.

Envelope of AM wave for m = 3/2

AM POWER DISTRIBUTION

e The modulated wave contains three terms such as carrier wave, LSB, USB.

e The modulated wave contains more power than the unmodulated carrier.
Total Power in modulated wave will be,
Pt=Pc+ Puss + PLss

i.e. total power P;of AM wave is the sum of carrier power and side band power.

Pc - Carrier power, Pusg - Upper Side Band power, Prsg - Lower Side Band power
The carrier power is

Ec (Ec /N2 )? Ec?
Pc = = =
R R 2R
The lower and upper sideband powers are same which is given by

(Ma B/ 2¥2)2  m%EQZ

Puse = Prsg =

R 8R
In terms of carrier power

(Ma Eo/ 2V2)? M2 E¢2 m?, Pe

Puse = Pisg =

R 8R 4
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Pt=Pc+ Pusg + PLss

Ma 2 Pe Ma %Pc
P =Pc+ +
4 4
Ma?
Pt = Pc |1+
2

AM CURENT DISTRIBUTION

The equation of Ptgiven by

)
[3)
|
N
INY
Py

N
I

N
[EEN
+

It: Ic 1+
2

Where  |t= Total(or)modulated current, Ic = Carrier current

Efficiency:

% m = Power in side band * 100
Total Power

= Prsg+PLse 100
PTotaI

ma?
= ——— *100
2+Mm; 2

Ifma=1 , Then%n=233.33%

In this only one third of total power is carried by the sidebands and the rest two third is wasted.

Modulation by a complex information signal:


http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/

If the modulating signal contains two frequencies say fm1 & fmz2, the modulated wave will contain the
carrier and two sets of side frequencies. Spaced symmetrically about the carrier.

Vam (t) = sin 2x fct + % sin 2wt (fc - fmy) t - %2sin 27 (fc+ fm) t
+34sin 27t (fc- fm2) t - ¥2sin 21 (fo+ fm2) t

The coefficient of modulation or modulation index is given by

m = Vmi® +mg?
In general for n different signals mt = Vmi2+ m2+ ... m 2
Pusst = Pisst = Pcm 2{ 4

Pi= Pe (1+m 2 £ 2)

Advantages, Disadvantages and Applications of AM (DSBEC)

Advantages

1.

2.
3.
4.

Simple and inexpensive receivers. Easy to detect with simple equipment even if the signal is not very
strong

Narrow bandwidth than FM

Wider coverage

Well-established, mature art used for broadcasting almost exclusively

Disadvantages

1. Received signal affected by electrical storms and other radio frequency interference
2. Receivers able to reproduce frequencies up to 5 MHz or less
3. Inefficient use of transmitter power
Applications
1. Low quality form of modulation that is used for commercial broadcast of both audio and videosignals

2.

Two way mobile radio communications such as citizen band (CB) radio

3. Aircraft communication in the VHF frequency range
TYPES OF AM MODULATION Carrier
L5E TUSE

1. Double sideband with full carrier

LiB UsEB

2. Double side without carrier | |

3.Single sideband with carrier

Carrer

L:B

4. Single sideband without carrier LSE
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LSB USB

5. Vestigial sideband W——wg[

Advantages, Disadvantages and Applications of AM (DSBEC)

Advantages
1. Simple and inexpensive receivers. Easy to detect with simple equipment even if the signal is not

very strong.
2. Narrow bandwidth than FM
3. Wider coverage
4. Well-established, mature art used for broadcasting almost exclusively

Disadvantages
1. Received signal affected by electrical storms and other radio frequency interference

2. Receivers able to reproduce frequencies up to 5 MHz or less
3. Inefficient use of transmitter power

Applications
1 Low quality form of modulation that is used for commercial broadcast of both audio and video

signals
2. Two way mobile radio communications such as citizen band (CB) radio
3. Aircraft communication in the VHF frequency range

AM modulating Circuits
e Based on the location in the transmitter AM modulating circuits are classified as
a. Low level AM modulator
b. High level AM modulator

Difference b/w low level and High level AM mod.

Low level AM modulator High level AM modulator

Modulation takes place prior to the final stage | Modulation takes place in the final element of
of the transmitter final stage.

Less modulating signal power is required More modulating signal power is required.

GENERATION OF AM-DSBFEC (AM MODULATORS)

The generation method of AM waves are broadly divided in to two types
e Linear modulator(or)large signal modulator(or)high level modulation
e Non Linear modulator(or)small signal modulator(or)low level modulation
LINEAR MODULATOR:
In this type of modulators the devices are operated in linear region of its transfer characteristics. Linear
modulators are also divided in to two types,
e Transistor modulator
e Switching modulator.
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NON LINEAR MODULATORS:
These modulators are operated in nonlinear region.These are used in low level modulation.
The types of non linear modulators are,
Square law modulator,
Product modulator,
Balanced modulator.
LOW LEVEL AM MODULATOR

e Class A amplifier can perform amplitude modulation.

e Amplifier must have 2 inputs one for the carrier signal & second for modulating signal.

e With no modulating signal present, the circuit operates as a linear class A amplifier, and the output is
simply the carrier amplified by the quiescent voltage gain .

e The carrier is applied the base and the modulating signal to the emitter. Hence it is also called as Emitter
Modulation.

e The modulating signal varies the gain of the amplifier at a sinusoidal rate equal to the frequency of the
modulating signal.

e The depth of modulation achieved is proportional to the amplitude of the modulating signal.

i AIA . | Mo:'iulating‘s»gnal ;
Modulated
©  output
Modulating
signal
(a) Circuit diaaram of low level AM modulator (b) Waveforms

e The voltage gain for an emitter modulator is expressed as,
Av=Aq (1 + msin 2nfmt)
Ay — Amplifier voltage gain with modulation.
Aq — Amplifier quiescent (without modulation) voltage gain.
sin 2nfmt varies from + 1 to -1

Hence, Av=Aq (1£m)
AV max = 2Aq, when m =+0
AV nmin = 0, whenm =-1

e The modulating signal drives the circuit into both saturation and cutoff, thus producing the nonlinear
amplification necessary for modulation to occur. The collector waveform includes the carrier and the upper



and lower side frequencies as well as a component at the modulating signal frequency from the waveform,
thus producing a symmetrical AM envelop at Vout.

Advantages of Low level modulation:
1. Less modulating signal power is required to obtain high percentage modulation.
2. Modulating circuit is designed for low power.

Disadvantage of Low level modulation
Amplifiers following modulator stage must be linear. At high operating powers linear amplifiers are very

inefficient.
HIGH POWER AM MODULATOR / MEDIUM POWER AM MODULATOR

e The class C amplifier is used. It operates nonlinear and is capable of nonlinear mixing (modulation).

e This is known as collector modulator because modulating signal is applied to the collector.

e When the amplitude of the carrier exceeds the barrier potential (0.7V) Q1 turns on collector current
flows.

Moedulating Vee

signal
s Power v v (1)
amplifier m
+
Ve

C 4

_[ : Modulated
RF output

RF bypass capacitor

RF drive

Bias I

e When carrier voltage drops below 0.7V Q1 turns off and collector current cases.
e The corresponding current and voltage waveforms are shown.
e When the modulating signal is applied it adds up with the Ecc and gets submitted from Ecc
producing an Am o/p.
Advantages of high level modulators;
e There is no constraint of linear operation on amplifiers preceding modulator stage.
e Power efficiency is good
Disadvantages of high level modulators:
e High modulating power is required.
e Final modulating signal amplifier has to supply all the sideband power.

AM TRANSMITTERS

Low Level AM Transmitter

e The block diagram of a typical AM transmitter is shown in which carrier source is a crystal oscillator.
The crystal oscillator is stabilized in order to maintain the carrier frequency deviation within a prescribed
limit.



Application of Low Level AM Transmitter: It is used in low capacity system such as wireless intercoms,

The crystal oscillator is followed by a tuned buffer amplifier (class B) and drive amplifier.

Antenna

Audio Audio ’“323,’2}“
input amplifier amplifier
: Modulator
Crystal Bufier Driver .
) v L= amplifier }—=
oscillator amplifier || amplifier (class C)

Linear

class B
power
amplifier

Matching
network

Low level AM Transmitter

Remote control units, pagers, shot range talkie.

High Level AM Transmitter

Audio Audio Mzgt’v‘:tm

input amplifier amplifier
Crystal Buffer | Driver '\;?T:’;:ﬁ;?_f = :2:?2.’:;
oscillator amplifier amplifier r’ (class C) bkt

High level AM Transmitter

Here modulating signal power should be higher than the low level.
The amplification takes place prior to modulation.

Application of High Level Transmitter: Used for long distance communications.

S

UARE L AW MODULATOR

The modulator circuit used is generally a class C power amplifier that is a collector modulator.
The audio signal is amplified by a chain of low level audio amplifiers and a power amplifier. This
amplifier is controlling the power being delivered to the final RF amplifier. Class B push pull amplifier
is usually used for this purpose.
The amplified modulating signal is applied to the modulator along with the carrier. AM wave is
got at the output of the modulator.
This AM signal is then amplified using a chain of linear amplifiers to raise its power level. Class B
amplifiers are used for this purpose. The linear power amplifier is used to avoid the distortion in the AM
wave.
The amplitude modulated signal is then transmitted using transmitting antenna. The matching network
matches the output impedance of the final amplifier to the transmission line and antenna.

Antenna
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» The non linear portion of V-1 characteristics of diode is used as a element for non-linear modulators.
» This is suited at low voltage levels because of the fact that current-voltage characteristics of a diode is
highly popuularly in the low voltage region as shown in figure.
A

Diode Voltage

»
>

0

» A square law modulator has three features shown in figure.
» Summer - To sum carrier and modulating signal

» A non linear element

» Band pass filter for extracting desired modulating products.

Nonlinear
device

mt)

|
vy (8) vy (t) ” R,

|

A, cos(2nf )

) Modulated
Modulating

Principle of operation:
From the figure the non linear device diode is used to produce low level amplitude modulation.

Here the carrier and modulating signals are applied across the diode.

A dc battery Ecc is connected across the diode to get a fixed operating point on the V-1 characteristics
of the diode.

This amplitude modulation that is low level can be explained by considering the fact when two
different frequencies are passed through the non linear device.

So when we apply carrier and modulating frequencies different frequency terms appear at the output of
diode.

These different frequency terms are applied across the tuned circuit which is tuned to carrier frequency
and has a narrow bandwidth just to pass two sidebands along with the carrier and reject other
frequencies.

YV ¥V VYV VVV
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» So the output of the tuned circuit will be carrier and two sidebands that is amplitude modulated wave
is produced.

Mathematical analysis:
Let the modulating voltage will be

em(t): Em Sil’l(Dmt (l)

Let the carrier voltage will be
ec(t): Ec Sin(Dct (2)

So the input voltage applied to the diode will be
e1(t) = emtec
= Em sinomt+ Ecsinoct 3)

We know that the current and voltage relationship of a linear circuit is,
i=av
where i=current through linear device
v=voltage through the linear device
a=proportionality constant

» The current and voltage relationship of a nonlinear circuit may be expressed as,
i=aVitb Vi2+c Vi34 - - - - - - - - - -
» This means that due to non-linearity in the V-1 characteristics of a non-linear circuits, the current
becomes proportional not only to voltage but also to the square, cube and higher powers of voltage. So
i= a1Vi+az Vi2+az Vi=°o+ 4)
Where ai, a2, azare proportionality constants and Vis the input voltage applied to the diode or FET.
> Sub egn (3) in (4)then
i= a1(Em sinom t+ Ec sinwc t)+ a2(Em sinom t+ Ec sinwg t)?+------------
= a1 Em sinom t+ a1 Ec sinoe t+ a2 EM? sino ;2 t+ a2 Ec? sinw 2 t+
2a2EmEc sinom tsinwc t+---

Neglecting second and higher order terms, we get
i(t)= a1 Em sinom t+ a1 Ec sinwct +a2EmEc sinomt sinwc t+---
= a1 Em sinom t+ a1 Ec sinoc t +a2EmEc [cos(mc-om)t - cos(wctom)t]

» The tuned circuit is tuned to the carrier frequency and it allows only w¢, wctom, ®c-omterms and
eliminates all other terms.hence we obtain

i(t)= a1 Ec sinoct +a2EmEc [cos(mc-om)t - cos(mctomyt]

I(t)= a1 Ec sinoc t +a2EmEc cos(mc-mm)t - a2EMEC cos(mctomyt------- 5)

(carrier) (LSB) (USB)

» The
main drawback of using diode modulator is it does not provide amplification and a single diode is
unable to balance out the frequency completely. These limitations can be eliminated by using
amplifying devices like transistor, FET in a balanced mode.

» We can also use the square law modulator with FET instead of diode.
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» From the final equation we know that it consists only the carrier and USB and LSB frequency
components and all the components are removed.

BALANCE MODULATOR METHOD

It is assumed that the two transistors are identical and the circuit is symmetrical. The operation is confined
in the nonlinear region of the active devices employed in this circuit. The carrier voltage across the upper
and lower part of the secondary windings of the center tap transformers are equal in magnitude and opposite
in phase.

e |

output voltage

BALANCED MODULATOR
> &E@iﬁfg?ncﬁmgé \/pbletggq/aoross the two windings of a centre tap transformers are equal and
be

> Input voltage to the transistor T1 is given by,
Vbe :eC(t)'I' em(t)

Vbe= Ec¢ sinwct +Emsinomt 1)

» Similarly Input voltage to the transistor T2,
V’pe = -€c(t)+ em(t)

V’be=- Ecsinoct +En sinomt )
By using the non-linearity property the collector current can be written as per square law equation

ic = a1 Ve + a2 Ve’ + ....... (3)

i’ =a1 V’pe + @2 Vb +....... (4)
On substituting egn 1 and 2 in 3 and 4 we get,
ic = a1 [Ec sinwc t +Em sinom t]+ a2 [Ec sinoc t +Em sinom t]?
ic= a1 [Ecsinwct +Em sinom t]+ a2E% sinoc t+a2E2%m sinom t+2a2Em Ec sinom tsinoct ----(5)
i’c = a1 [-Ec sinwc t +Em sinom t]+ a2 [-Ec sinwc t +Em Sinom t]?
i’c = a1 [-Ecsinmct +Em sinomt]+ a2E ¢? sin®oc t+azEm? sinom t-2a2Em Ec sinomtsinmct-- (6)

The output AM Voltage Vo is given by Vo = K [ i¢—i¢” ] --------=-=-=-==m=mmmmmm oo (7
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since ic, i’c flows in the opposite direction and ‘K’ is a constant depending on impedance or other circuit
parameters.

On substituting equation 5 and 6 in 7 we get,
VO: K [ ic— i(;’ ]
Eo= K [2 a1 Ec Sinwct + 482 Em Ec Sinomt Sinwct]

= 2KEc a; Sinwct E + 2 a2 EmSinomt J
ai

= 2KEc a1 Sinoact[l + ma Sinomt ]

where ma= 2 a2 Em is the modulation index
al
This equation represents the output modulated voltage which contains carrier and side band

terms but no modulating terms. Thus this circuit is used as AM modulator. The advantage of this circuit is that
the undesired harmonics are automatically balanced out and hence there is no need for separate filter.

DEMODULATION/DETECTION OF AM-DSBEC (AM DEMODULATORS)

» Demodulation or detection is nothing but the process of extracting a modulating or information signal
from modulated signal. Otherwise in other words, demodulation or detection is the process by which
the message is recovered from the modulated signal at receiver.

» The devices used for demodulation or detection are called as demodulators or detector

» For amplitude modulation, the detectors or demodulators are categorized are

Square law detectors or nonlinear detectors
Linear detectors
» The low level modulated signals are using non linear detectors to recover the original message signal

SQUARE LAW DETECTOR

The square law detector circuit is used for detecting low level modulated signal.

Here the diode is used in VV — | characteristics of the device i.e. non linear characteristics of the diode.

The square law detector is similar to the square law modulator. The only difference lies in the filter

circuit.

In square law modulator we are using band pass filters, in square law detector; a low pass filter is used.

The operation is limited to the non-linear region of the diode characteristics, so the lower half portion

of the modulated waveform is compressed.

» This produces the envelope distortion, so the average value of the diode — current is no longer constant

and varies with time. The average diode current consists of steady DC component and time varying

modulation frequency. Due to nonlinear region the lower half of its current wave form is compressed.

This may cause envelope distortion due to this diode current will not be constant, and varies with time.
I

>
>
>
>

Non Linea

linear r

region regio
n

e
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\
2

SQUARE LAW DETECTOR

The distorted output diode current is expressed by the non-linear V-1 relationship (i.e. square law) is,
i0=a1 eam + azeam 1)
where eam =i/p modulated signal.
» The equation of AM wave is

eam = Ec (1 + masinomt) sinoct (2)
On substituting equation 2 in 1 we get
io=a1 Ec (1 + masinomt) sinoct]+az[Ec (1 + Masinomt) sinoct ]2
i 0= a1 Ec sinwct + a1 My EC sinwct sinomt + a2 EC? sinoct (1 + Ma sinomt)?
= a1 Ec sinwct + a1 M, Ec sinoct sinomt + a2 EC? sin®wct(1 + a2 sin? omt + 2 Masinomt )

= a1 Ec sinwct + a1 My Ec sinmct sinomt + a2 EC? (1 + Ma? Sin? omt + 2 Masinomt ) [ 1-cos2act J

2
= a1 Ec sinoct + a1 Ma EC sinoct sinomt + a2 EC? - a2 Ec? cos2oct + a2 EC? ma?sin® omt +
2 2 2
- ap Ec?2mg? sinomt cos2oc¢t + a2 EC? Masinomt - a2 EC? Masinomt cos2oct

2
The carrier term is filtered by using a low pass filter and high frequency term are also reduced then,
i0= a2 EC? Masinomt

So the final output contains a signal with modulating frequency. Hence original signal is recovered.

ENVELOPE DETECTOR

» A detector circuit whose output follows the envelope of the modulated signal which is used to
reproduce the modulating or message signal is called as “Envelope Detector”.

» This is most popular commercial receiver circuits since it is very simple and not expensive, and also it
gives satisfactory performance.An envelope detector of the series type is shown in Figure which
consists of a diode and a resistor capacitor filter a time constant network.
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(c) Demodulating Signal

Modulated signal is applied to the series combination of diode and the load impedance consisting ofa
resistor R and C.

Operation takes place over the linear region of VI characteristics of Diode.

For positive cycle of carrier signal the diode D conducts thereby the capacitor charges to the peak
voltage with the time constant T =R C of the carrier signal through the resistor R.

As the input falls below the peak value, the diode reaches cut-ff. The diode acts as open switch and
hence the capacitor gets discharge path through R.

During negative half cycle the diode is reverse biased and the carrier voltage is disconnected from the
RC circuit. So the capacitor discharges continuously until next positive cycle appears.

From the peak of one positive cycle to the next the capacitor discharges slowly and this process
continues.Thus the voltage across ‘C’ is same as the envelope of the modulated carrier but spikes are
introduced. So the output voltage across capacitor is a spiky modulating or base band signal. So the
envelope is detected at the output of capacitor. Thus from the average value the original signal is
recovered by extracting the envelope.

The spikes can be reduced to a negligible amount by keeping the time constant RC large so that the
capacitor C discharges negligible amount.

CHOICE OF TIME CONSTANT RC

>
>

>

Large (or) small value of time constant makes problem. So time constant is important consideration.
If time constant RC is quite low: Discharge curve during non conductive period isalmost
vertical, so fluctuations may occur in output voltage. This results in Diagonal clipping
If RC is very large: Discharge curve is almost horizontal, so several peaks will be missed in the
rectified output voltage. This results in negative peak clipping.
Distortion in diode detector:
There are two clippings i.e. distortions available
Negative peak clipping
Diagonal clipping.

Diagonal clipping:

It results when time constant of detector is not selected properly. If the modulating
voltage is faster than the rate of voltage fall across RC combination resulting in distorted output. This
type of distortion is called diagonal clipping which results in distorted output.
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N

» To avoid the diagonal clipping proper value of RC needs to be selected. The voltage across RC

combination during the non-conducting period of diode is V¢ at an instant t which is given by
t

Ve(t)=Vee
The rate of slope in capacitor due to period discharging is calculated by differentiating Vc(t) So

_t
dVCt _ dVC _ _Voe RC _ _VC (t) (1)
ot it . rC
The decrease in capacitor voltage must follow the modulation envelope if distortion is to be avoided.
The envelope of the modulated voltage is given by
€ = Ec(1+m,coswmt)

The slope of the envelope is given by

d
dz% = E[Ec(“ m, cos@mt) |
=—m, Ecom sin axt m=mmmmmmmenee -(2)

To avoid the clipping the slope of capacitor voltage V¢ should be algebraically equal or less than the

slope of envelope volta\ge, 39
- o <-Emaowsinwt
RC C a m m

Ve (t) > Ecmaa)nfin w 'En

EC(1+ m, COS it
RC

>E.m,» sin omt
m
Mathematically the above equation is written as
1 Ma@m SIiN omt
-2
RC (1 +m,cosanm) = -(3)

To find the maximum amount of RC differentiate the equation 3 and equate it to zero
d Ma @m sin omt -0

dt { + m,cos@ nt )

(1+ m, cos® mt )cOS@ mt@ m—sin @mt( M, (—sin @mt) om

ma  n =0
@ (1+mcoswt)

©m cos ®mt + (Ma COS?0mt)mm + (Ma Sinomt)om =0
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©m cos ®mt + Ma ®m (COS?Omt+ sinomt)=0
®m cos ®mt + Ma®m =0

cos Mmt=-my (4)

on substituting the value of cosmmtin cos?omt+ sin“omt =1 we get sinomt = VT-ma2 " (5)

1. Mawm +v1- ma2
2

substituting equation 4 and 5 in 3we get RC 1-m?
1— 2
By simplifying RC > M
maa)m

So RC depends on the ma value. So the RC to be selected by satisfying the condition in order to avoid
distortion and the modulation index value should be correct, if it is large then it will provide negative
peak clipping. So the envelope detector will be changed for smooth functioning by attaching a =
section low pass filter at the output.

Neqgative peak clipping:

> The 2" source of distortion in linear diode detector is the curvatures of the diode characteristics. So as
a result the efficiency varies. It will be reduced by selecting load resistance value large. So when Rc is
large then mawill be low and signal becomes clipped at the negative peaks.

» The negative peak clipping provides ac and dc load impedances unequal.

DOUBLE SIDEBAND SUPPRESSED CARRIER (DSBSC) MODULATION

In AM with carrier scheme, there is wastage in both transmitted power and bandwidth. In order to save
the power in amplitude modulation the carrier is suppressed because it does not contain any useful information.
This scheme is called as the double side band suppressed carrier amplitude Modulation (DSB-SC). It contains
LSB and USB terms, resulting in a transmission bandwidth that is twice the bandwidth of the message signal.

Let us consider the message and carrier signal as,
em(t) = Em Sin omt ------------ (1)
ec(t) = Ec sin wet------------- )

For obtaining the DSB-SC wave multiply both carrier signal and message signal hence,
e(t)ose-sc = em(t).ec(t)
=Em.Ec sinomt sinmct
e(t)oss-sc=Em.Ec [ cos(wc - ®m )t - cos(mc + om)t]
2

uUSB LSB
From this equation we know that the carrier is suppressed in double side band suppressed carrier.

Graphical Representation of DSB-SC AM:
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It shows that carrier term ¢ is suppressed. It contains only two sideband terms having frequency (oc - ®m)
and (¢ + om). Hence this scheme is called as DSB-SC AM.

Phasor representation of DSB-SC AM:
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POWER CALCULATION:



The total power transmitted in AM is
Pt =Pcarrier +PLsg +Puss

If the carrier is suppressed , then the total power transmitted is
P  =PiLss+Puss

We know that, Prsg=Pusg= ma?2Ec?

R
Py = ma2Ec? + ma2Ec?
8R 8R
= ma2Ec? = ma?Pc
4R 2

Therefore the power saving with respect to AM is

Power Saving = Pt- Py’ x 100
t

= [1+ma?/ 2] Pc- [ma?/ 2] Pc

[1+ ma?/ 2] Pc

[1+ ma2/ 2] Pc

% Power Saving=__ 2 x 100
2+ m,?

If ma =1, then power saving  (2/3) x 100 = 66.7 %
66.7% of power is saved by using DSB-SC-AM.

Advantages
DSB-SC is more efficient in transmitted power as compared to DSB-FC.

DSB-FC hs better signal to noise ratio as compared to SSB transmission.

Disadvantages
Bandwidth remains same as DSB-FC even though the carrier is suppressed.

GENERATION OF AM-DSBSC

1. Balanced Modulator Method
2. Ring Modulator Method

BALANCE MODULATOR METHOD
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» The same circuit can be used to generate AM with carrier. The main difference between AM with
carrier generation and DSB-SC —AM is the feeding points of the carrier and modulating signals are

interchanged.
» The transistor is operated in a balanced mode thus heavy filtering is not required to remove the

unwanted harmonics.
> It is assumed that the two transistors are identical and the circuit is symmetrical. The operation is

confined in the nonlinear region of the active devices employed in this circuit. The carrier voltages
across the upper and lower part of the secondary windings of the center tap transformers are equal in
magnitude and opposite in phase.

WL

\‘I
QOutput, voltag

00000000

| LIU:J

BALANCED MODULATOR

Principle of operation:
» The modulating signal is applied as the input to the transistor T1and T2 and the carrier signal is

ﬁ%gfﬁmeﬁea%%ﬂgpaiﬁ&%tp%% QH%B%I\%@I_WH configuration. Because of centre tap

> Input to the transistor T1 is given by,

Vbe = Em(t)+ ec(t)

Vbe = Em sinomt +Ecsinoct --(1)
> Similarly Input to the transistor T2,

V’be =- em(t)"' ec(t)

V’pe = - Emsinomt +E¢ sinoct -(2)

i’c=a1 Ve + a2 Vie2 +....... 4)
On substituting eqn 3 and 4 in 1 and 2 we get
ic = a1 [Em sinom t +Ec sinwc t]+ a2 [Em sinom t +E¢ sinoc t]?
ic= a1 [Em sinomt +Ec sinoc ]+ a2E2%m sinom t+azE. sinoc t+2a2Em Ec sinom tsinoc t ------ (5)
Similarly
ic = a1 [-Em sinomt +Ec¢ sinoc t]+ a2 [-Em sinom t +E¢ sinao t]?

ic= a1 [-Em sinom t +E¢ sinwc t]+ a2E%m Sin“om t+a2E% cos?oct - 282Em Ec sinom tsinoe t ----------- (6)

The output AM voltage Vo is given by Vo = K[ i¢—1’¢]-=-=-=m=======mmm=mmmmmmmmm oo eeeeoe (7)
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Because ic,i’c flows in the opposite direction and *K’is a constant depending on impedance or other circuit
parameters.

On substituting equation 5 and 6 in 7 we get,
VO: K[ ic— i’c]
Vo = K [2a1 Em sinomt + 432 Em Ec sinomt sincoct]

The output contains the original modulating signal and the two sidebands. The modulating signal has been
suppressed by tuning the tank circuit to the center frequency +wc

Vo= 4Kaz Em Ec sinomt sinoct
= 2Kaz Em Ec[ cos(wc - om )t - cos(mc + om)t]

» So only the side bands are present in the o/p. Hence the DSB-SC-AM generated.
» The main advantage of this modulator is saving power and efficiency because of the suppressing of
the carrier.

RING MODULATOR METHOD

» The balanced Ring modulator circuit is widely used in carrier telephony suppresses both unwanted
modulating and carrier signal in its output.

» Ring modulator is a type of product modulator which is used to generate DSB-SC Signal.

» The band pass filter is not used at the output hence the harmonic frequencies are automatically
controlled.

» In aring modulator circuit four diode are connected in the form of ring in which all the four diodes
are connected in the same manner and are controlled by a square wave carrier signal
ec (t).

» The carrier signal acts as a switching signal to alternate the polarity of the modulating signal at the
carrier frequency.

» When no modulating signal is present diode Dy and D, or Dz and D4 will conduct depending upon
polarity of the carrier.

POSITIVE HALF CYCLE OF CARRIER:

» Diodes D1 and Dz are forward biased. At this time D, and Ds are reverse biased and act like open
circuits. The current divides equally in the upper and lower portion of the primary winding T2.

» The current in the upper part of the winding produces a magnetic field that is equal and opposite to the
magnetic field produced by the current in the lower half of the secondary.

» Therefore the magnetic fields cancel each other out and no output is induced in the secondary. Thus
the carrier is effectively suppressed.

NEGATIVE HALF CYCLE OF CARRIER:

» When the polarity of the carrier reverses. Diodes D1 and D> are reverse biased and the diodes D3 and
D4 will conduct. Again the current flows in the secondary winding of T1 and the primary winding of
T2.

» The equal and opposite magnetic fields produced in T2 cancel each other and thus result in zero carrier
output. The carrier is effectively balanced out.
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PRINCIPLE OF OPERATION

» When both the carrier and the modulating signals are present, during positive half cycle of the carrier
diodes D1 and D> conduct, while diodes Dz and D4 doesnot conduct.
> During negative half cycle of the carrier voltage diodes Dz and D4 conduct and Dy and D2 does not
conduct.
» When polarity of the modulating signal changes the result is a 180 phase reversal. At the time
Dz and Dsare in forward bias.
Let us consider the modulating voltage,
em(t) = Em sinomt 1)
ec(t) = Ecsin wct (2)
The output voltage is Vo(t) = em(t).ec(t)
:Em.Ec Sin(,Om tSin(Dct
Vo(t) =Em.Ec [ cos(wc - om )t - cos(wc + wm)t] 3)
2

LSB USB
The equation 3 shows that the o/p is free from the carrier and other higher order terms and it contains upper and
lower sidebands only. The ring modulator circuit is also known as double balanced modulator because it is
balanced with respect to both the baseband signal and the square wave carrier. The main advantage is the o/p is
stable and long life, no external source to activate the diodes.
Circuit diagram: Waveform:

T1
Modulating DSB8
signal output

Carrier oscillator

(a)
7

I—DSB

signal

(a)

DEMODULATION/DETECTION OF AM-DSBSC

o SYNCHRONOUS OR COHERENT DETECTOR

(a) Equivalent circuit of balanced modulator

showing positive half cycle of carrier ) COSTAS PLL DETECTOR

(b) Equivalent circuit of balanced modulator
showing negative half cycle of carrier

SYNCHRONOUS OR COHERENT DETECTOR




The coherent detector uses exact carrier synchronization for retrieving the message signal from
modulated signal. These types of detectors are mainly used for detecting DSB&SSB signals.

It consists of a product modulator with a low pass filter.

For detecting signal local oscillator at the receiver end is required. The frequency and phase of the
locally generated carrier and transmitter carrier must be synchronized that is exactly coherent.

All types of linear modulation can be detected by using synchronous detector. It consists of a product
modulator with LPF.

Incoming V1 Non-linear Low pass D;:moclulatcd

. - —> o
signal device output | signal

A

Vs

VvV V¥V

A\

Carrier signal

» The incoming signal is first multiplied with locally generated carrier and then passed through low pass
filter. The filter bandwidth is same as the message bandwidth wm

» Tthe local oscillator should be exactly synchronized with carrier signal in both phase and velocity.

» Considering the case of DSB-SC signal, the signal 1/p is

e1(t)= Em.Ec sinomt sinoc t
e2(t)=E sinwct

The output of the non linear device which acts as a multiplying device is given by
e(t): e1(t). e2(t): Em.EcE sinomt Sinz())ct

2
After passing through the LPF the second order harmonic term is eliminated.

e(t)= Em.Ec Esinomt { 1-cos2mct ]

e(t): Em.Ec ESinO)mt
2
Assume the local oscillator carrier to have a phase difference with the transmitted carrier. The carrier is

represented by
e2(t)=Esin( wct+ ¢ )

The output of the non linear device is given by
e(t)=eu(t). e2(t)= Em.Ec E sinomt sinoct sin (oct+ @)

= Em.Ec E sinomt sinwct [ sinwctcosg + coswctsing |
=Em.E¢E sinomt sin? act cos® + Em.Ec E sinomt sin mct cos mct sing

=Em.Ec E sinomt cose E-coscht J + Em.Ec E sinomt Sin oct cos o t sing
2

=Em.Ec E sinomt cos@ - Em.EcE sinomt cos@cos2mct + Em.Ec E sinomt sin ¢t cos mct sing
2 2

After passing through the LPF the second order harmonic term is eliminated.

e(t)= Em.Ec Esinomt cos@
2
If @ = 0 then e(t) is maximum e(t) = En.Ec Esinon t
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If ¢ = 90 then e(t) is minimum e(t) =0

The demodulated signal Vo(t) is therefore proportional to the message signal when the phase error, ¢
= 0 and it is minimum (zero) when ¢ = :Ig " . Thus the phase error ¢ in the local oscillator causes the

detector output to be attenuated by a factor equal to cos¢g. As long as the phase error is constant, the
detector provides an undistorted version of the original baseband signal.

COSTAS PLL DETECTOR

Product LPF I-channel Output -
» modulator > -
A \ 4
DSB- v VCO J P.has.e .
90° phase < discriminato
— shifter 4
.| Product LPF
"| modulato > Q-
channel

» Costas receiver is one of the method for obtaining a practical synchronous receiver suitable for
demodulating DSB-SC waves. It consists of two coherent detectors supplied with the same input signal.

» One detector is supplied with the DSB-SC AM and locally generated carrier which is in phase with the
transmitted carrier. This detector is known as “In-phase coherent detector or | channel”.

» The other detector is supplied with the DSB-SC AM and locally generated carrier which is quadrature
phase with the transmitted carrier. This detector is known as “Quadrature coherent detector or Q
channel”.

» These two detectors are coupled together to form a negative feedback system designed in such a way as

to maintain the local oscillator synchronous with the carrier wave.

Operation of the circuit:

In this case I channel output contains the desired demodulated signal where as Q channel output iszero
due to the quadrature null effect of Q channel.

Suppose there is some phase shift ¢ radians between local oscillator carrier and the transmitting carrier
then I channel output will remain essentially unchanged. But Q channel output contains some signal
which is proportional to sin ¢

This Q channel output will have same polarity as the | channel output for one direction of local oscillator
whereas the polarity will be opposite to the | channel for the other direction of phase shift.

Thus the I and Q channel outputs are combined in phase discriminator

The phase discriminator provides a d.c. control signal which may be used to correct local oscillator
phase error.

The local oscillator is a voltage controlled oscillator. Its frequency can be adjusted by an error control
d.c signal.

The costas receiver ceases phase control when there is no modulation and that phase lock has to be re-
established with reappearance of modulation.
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SINGLE SIDEBAND SUPPRESSED CARRIER

In AM with carrier both the transmitting power and bandwidth is wasted. Hence the DSB-SC AM
scheme has been introduced in which power is saved by suppressing the carrier component but the
bandwidth remains same.

o Increase in the saving of power is possible by eliminating one sideband in addition to the carrier
component because the USB and LSB are uniquely related by symmetry about the carrier frequency. So
either one sideband is enough for transmitting as well as recovering the useful message. The block
diagram of SSB-SC AM is shown in figure.

e As for as transmission information is concerned only one side band is necessary. So if the carrier and
one of the two sidebands are suppressed at the transmitter, no information is lost.

e This type of modulation is called as single side band suppressed carrier-AM and the SSB system reduces
the band width by half.

Block diagram of SSB-SC AM is shown in figure.

® =90° el | am
em() ® = 90°
ec(t > SSB-
sC
AM
e

e The single side band suppressed carrier can be obtained as follows,
e In order to suppress one of the sideband, the input signal fed to the modulatorl is 90° out of phase
with that of the signal fed to the modulator’2’.
Let e1(t) = Emcosomt .Eccos mct
€2 (t) = Em sinomt .Ec sinoc t
Therefore, e(t) sse = ei(t) + ex(t)
= Em Ec [cosomt. cosmct + sin omt. sinwct]
e(t)SSB = EmEccos (OJC - COm) t.
We know that for DSB-SC AM
epsa-sc (t) = Em EC [cos(wc +om )t + cos(mc - om)t]
2
When comparing equations of e(t) ssa-sc and epss-sc (t) , one of the sideband is suppressed. Hence this scheme
is known as SSB-SC AM.

Frequency Spectrum Of SSB-SC-AM:
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e The Frequency spectrum shows that only one side band signal is present , the carrier and the other
sideband signal are suppressed. Thus the bandwidth required reduces from 2 om to omi.e., bandwidth

requirement is reduced to half compared to AM & DSB-SC signals.

Phasor representation of SSB-SC-AM:

AN Resultan
ec e ‘< \\
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.
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»< A

carrie x eam(t
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v

Power calculation:

Power in sidebands P> =P 1 sg = P uss = ma?V 48R = m,Pc / 4
Power saving with respect to AM with carrier
Power saving = Pt- Py’x100

Pt

where P¢= Total power transmitted.

Power saving = [ 1+ ma?/ 2] Pc - [ma?/ 4] Pc =

[1+ ma?/ 2] Pc
2

m

1+74 100

m2

1+7

4+m?
—Ix 100
2+m?

2

44+m?
=[1* x100
4+2m;

If ma=1 then %power saving= (5/6) x100=83.3%
So we can save 83.3% of power with respect to AM with carrier.

Pc+[ma?/ 2] Pc-[ma?/ 4] Pc

[1+ ma2/ 2] Pc
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We can also find the power in SSB-SC-AM with respect to AM with DSB-SC system,

powersaving = 2Pt 100

Pt
m2P m?2P
:—ﬁﬁ_xloo

m 2P
2

If ma=1 then %power saving=50%.therefore 50%power is saved with respect to DSB-SC System.

Applications of SSB
1. Used to save applications where such a power saving is warranted, i.e., in mobile system, in which

weight and power consumption must naturally be kept low.
2. Single sideband modulation is at a premium. Point-to-Point communication, land, air, maritime mobile

communication, TV, Telemetry, Military and Radio navigation are the greatest use of SSB in one form
or another.

SSB Advantages
Power conservation: Much less total transmitted power required to produce the same quality signal.

Bandwidth conservation: Half of the bandwidth of conventional AM bandwidth.

Selective Fading: Not present in SSBSC.
Noise Reduction: Since SSB uses half the bandwidth, the thermal noise power is reduced to half.

Hence immunity to selective fading is improved.

SSB Disadvantages
e Complex Receivers: Required carrier recovery and synchronization circuit adds cost, complexity and

size.
e Tuning Difficulties: Complex and Expensive Tuning Circuits.

GENERATION OF SSB

1. Filter Method
2. Phase Shift Method
3. Modified Phase Shift Method or Weaver Method

FILTER METHOD

Crystal
oscillator
SSB out to
linear amplifiers
Balanced Sideband
Buffer suppression Balqnced
modulator T filter : mixer
— |
H i
KES [ Aiidtic ] : ! Filter ; Crystal
IN Oy araplifier b= fpr other = oscillator or
sideband synthesizer

In this method of SSB generation, after the BM, the unwanted sideband is removed (actually heavily
attenuated) by a filter and hence this name. The filter may be LC, ceramic or mechanical depending upon
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the carrier frequency and other requirements. Such a filter must have a flat bandpass and extremely high
attenuation outside the passband.

In radio communication system, the frequency range used for voice is 300 Hz to about 2800 Hz in most
cases. If it is required to suppress the lower sideband and if the transmitting frequency is fc, then the lowest
frequency that this filter must pass without attenuation is fc+300 Hz whereas the highest frequency that
must be fully attenuated is fc-300 Hz. So we need a filter whose transition band is very low. This situation
becomes worse if lower modulating frequencies are employed, such as the 50 Hz minimum in AM
broadcasting. In order to obtain a filter response curve with skirts as steep the ‘Q’ of the tuned circuits must
be very high.

The initial modulation takes place in the balanced modulator at a low frequency (such as 100 kHz)
because of the difficulty of making adequate filters at higher frequencies. The filter is a BPF with a sharp
cutoff frequency at either side of the bandpass to obtain satisfactory adjacent sideband rejection. The
filtered signal is up-converted in a mixer to the final transmitter frequency and then amplified before being
coupled to the antenna. The integrated ceramic filters are used as sideband filters. The drawback of filter
method is that it requires sharp filtering, which requires filters with high Q. Primary modulation cannot be
done at the transmitting frequency which is another drawback of the filter method.

PHASE SHIFT METHOD

» This method avoids the prime disadvantage of filtering method. That is requirement of a sideband
filter with a narrow transition band and it cannot be used for very low and very high frequencies.

» This method does not have any sideband filters and the primary modulation can be done at the
transmitting frequency. The unwanted sideband can be removed by generating the components of
sideband out of phase.

> If the undesired sideband is LSB then the two LSB are generated such that they are 180 out of phase
with each other. So that USB add with each other and LSB cancel each other. When two undesired
sideband components are added they cancel each other with only the presence of desired signal.

» Two balanced modulators and two phase shifters are used. One of the modulator BBM1 receives the
carrier voltage shifted by 90° and the modulating voltage, where as another balanced modulator BBM2
receives the modulating voltage shifted by 90° and the carrier voltage.

» The carrier signal is cancelled out by both the balanced modulator and then unwanted sidebands cancel
at the output of the summing amplifiers and hence produces SSB signal.

Balanced V1

Modulating signal Modulator
BM1

Audio T
amplifie

A 4

A 4

Carrier Adder SsB
90° ’

Phase
v

Carrie

_,
<4 %

y
Balanced

0
A'; 90 Modulator 7
Phas BM2

A 4

A 4
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PHASE SHIFT METHOD

Mathematical analysis:
For modulatorl (BM1)

ec(t) = Ecsin(oc t+900) = Eccosoct
em(t): Em Sin(Dmt

For modulator2(BM2)
ec(t) = Ecsinmc t
em(t)= Em sin(om t+ 90°) = Em cosomt

Output for modulator(BM1)isV1

V1=E; cos®ct Emsinomt

Output for modulator(BM2)isV>

1)

Vo=E; sinwct. Emcosomt
The output of adder is

Vo=V1i+ V>

()

Vo= Ec Em cosoct sinomt + Ec Em sinw¢ tcosom t

=Ec Em sin(w¢ + om)t

(3)

Thus one of the side band is cancelled where as the other is reinforced. This method avoids the use of filters.

MODIFIED PHASE SHIFT METHOD (OR) WEAVER’S METHOD

» The modified phase shift method overcomes the limitation of phase shift method. That is AF phase
shift network is required to operate over a large range of audio frequencies but also retains the
advantage like its ability to generate SSB at any frequency and use of low audio frequency.

» This method provides both RF and AF oscillator phase shift and also used in low frequency and so it

can be used for both audio and radio frequencies.

el e3 e5
» BM (1) | LPF | BM (3)
A (T y
AF ilp RF . i
¢sinmct| gpo SSB-SC-
— 9(r)]° Oscillato phase Adder AM
phase shifter
shifter A —
2Eosinwot + AF _ ‘
< carrier
Y BN (4)
> BM (2) | LPF .
e4 €6

e2
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WEAVER’S METHOD

» Modulators 1 and 2 both have the unshifted modulating signal as inputs. BM1 takes low frequency
subcarrier with a 90 phase shift from the AF oscillator. BM2 receives the subcarrier signal directly
from the oscillator.

» This method tries to aEoid the phase shift of audio frequencies and combine the audio frequency
carrier with AF which lies in the middle of audio frequency.

» The low pass filter at the output of BM1 and BM2 with cut off frequency ensures the input tothe
balance modulator BM3 and BM4. The output of BM3 and BM4 gives the desired sideband
suppression.

MATHEMATICAL ANALYSIS

The modulating signal is em=Em sinomt D
The A.F carrier(sub carrier signal) eo(t) = 2Eo sinmot (2
The R.F carrier ec(t)= 2Ec sinoct 3)

The input for Balanced modulator 1(BM1) is
em(t)= Em sinomt
eo(t).= 2Eo sin (o t +90°)

The output for Balanced modulator 1(BM1) is
el = Em sinomt 2Eo sin (mo t +90°)
= Em Eo[ cos(wo t+90° - omt) - cos(wo t+90%+ wmt)]--------- 4)

The input for Balanced modulator 2(BM2) is
em(t)= Em sinomt
eo(t) = 2Ep sinmo t

The output for Balanced modulator 2(BM2) is
€2 = Em sinomt 2Eo sinmo t

=EmEo[ cos(mwot - omt) - cos(wot+wmt)] (5)

The LPF1, 2 eliminates the upper sidebands of the modulator. Hence USB is suppressed

The Output of LPF1 is e3= Em Eo[ cos(wo t+90° -mmt) (6)

The Output of LPF2 is e4= Em Eg cos(mot - omt) @)
The output of LPF1, 2 are given to BM3,BM4.
The input for Balanced modulator 3(BM3) is
e3= Em Eo [ cos(wot+90° - omt)
ec(t) = 2Ec sinwct

The output for Balanced modulator 3(BM3) is
e5 = 2Em Eo Ec cos(mo t+90°- omt ) sincoct

Assume Em =Eo=Ec=1,then
5= 2c0s(wo t+90%- omt ) sincwct
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=sin[(mc+ mo— mm)t +90°] + sin[(wc - 0o + ®m)t - 90°] ------------- (8)

The input for Balanced modulator 4(BM4) is

e4=Em Eocos(wot - ®mt)

ec(t) = 2Ec sin (¢ t+90°)
The output for Balanced modulator 4(BM4) is

e6 = Em Eo cos(wot - omt) 2Ec sin (o t+90°)
Assume Em =Eq =Ec=1,then

e6 =2 cos(wot - ®mt) sin (mct+90°)

= sin[(o¢ + 0o — om)t +90°] + sin[(wc - o+ @m)t + 90°] ------------ 9)
The output of adder is e ssa-sc(t) = €5 + €6
= sin[(oc + 0o — om)t +90°] + sin[(wc - o + wm)t - 90°] +
sin[(oc+ 0o — om)t +90°] + sin[(wc - 0o + wm)t + 90°]

=2 sin[(wo + wc— om)t+90°]

The other two terms cancel with each other because it is out of phase.
esse-sc (t) = 2cos[(mo + ¢ — Om)]t

The final RF output frequency is mo+ ¢ — ®m Which is essentially the lower side band of RF carrier

o+ 0.

DEMODULATION/DETECTION OF AM-SSBSC

SYNCHRONOUS OR COHERENT DETECTOR

>

>
>
>

The coherent detector uses exact carrier synchronization for retrieving the message signal from
modulated signal. These types of detectors are mainly used for detecting DSB&SSB signals.

It consists of a product modulator with a low pass filter.

For detecting signal local oscillator at the receiver end is required. The frequency and phase of the
locally generated carrier and transmitter carrier must be synchronized that is exactly coherent.

All types of linear modulation can be detected by using synchronous detector. It consists of aproduct
modulator with LPF.

Incoming V1 Non-linear l Low pass D§:nwoclelat(:d

e SR | Recatd

signal e device | output | signal

Carrier signal

The incoming signal is first multiplied with locally generated carrier and then passed through low pass
filter. The filter bandwidth is same as the message bandwidth wm

Tthe local oscillator should be exactly synchronized with carrier signal in both phase and velocity.
Considering the case of SSB-SC signal, the signal I/p is

e1(t)= Em.Ec cos (¢ - omt
2
e2(t)=Esinoct
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The output of the non linear device which acts as a multiplying device is given by
e(t)=ex(t). e2(t)= Em.Ec E cos (¢ - omt sinoct
2

2 2
The first term of the output is the modulating frequency signal that is passed on to the output. The second
component is a RF component and is attenuated by the filter. Thus the synchronous detector is capable of
demodulating SSB-SC signal

e(t)= En.EcE Lsinwmt + sin (2oc - ®m)t

e(t): Em.Ec ESil’l(Dm t
4
The synchronous detector is effective only when locally generated carrier is properly synchronize with
the transmitter power. Assume the local oscillator carrier to have a phase difference with the transmitted
carrier. The carrier is represented by

ex(t)=Esin( owct+ )

The output of the non linear device is given by
e(t)=ex(t). e2(t)= Em.Ec cos (0 - omt Esin (wct+ )
2

= Em.EcE cos (oc- omt sin (@ct+ @)
2
=Em.Ec E ( cosmct cosomttsinomt Sin oc t)(sinmct cose + cosmet Sin ¢ )
2

=Em.EcE [ cosoct COSomt sinwct cos + sinomt Sin? ¢t cose +
2
Co0s 2mc t cosomt sin @ + cosoct sin wct cosomt cos |

=Em.E¢ E [ cosect cosomt sinwct cose + sinmmt coscp[ 1-cos2wmct J
2 2
Cos 2m¢ t cosomt sin @ + cosect Sin ¢t cosomt cose ]

After passing through the LPF the second order harmonic term is eliminated.

e(t)= Em.Ec Esinom t coso
4

If ¢ = 0 then e(t) is maximum e(t) = Em.Ec Esinom t
4

If @ = 90 then e(t) i1s minimum e(t) =0
Thus there is a phase delay due to improper synchronization.

VESTIGEAL SIDE BAND MODULATION

Definition : One of the sideband is partially suppressed and vestige (portion) of the other sideband is transmitted,
This vestige (portion) compensates the suppression of the sideband. It is called vestigial sideband transmission.

Generation and demodulation of VSB:
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A VSB signal is obtained as shown figure below by suppressing one of the sidebands of a DSBSC using
a VSB filter.

il DsB-sC |‘osbscl!) | VSB flter

——— Sysp.scll)
modulator Ho)

V/SB filter is a BPF having an asymmetric frequency response in the transition band, positioned in such
a way that the carrier frequency corresponds to the middle of the transition band. From the figure,
Spsp-sc (t) = Acrm(t)cos(cct)
The transfer function of the VSB filter is Hy(w).

H(w)

Antisymmeiric response about @,

— @, 0 @, @, + W, w

VSB filter characteristics

The coherent detector is a sort of universal detector of AM signals in the sense that DSBSC, conventional
AM and SSBSC can all be detected successfully by using it. It would be natural to expect that coherent detection
to work for the VSB-SC signal too.

Multiplier
Sysg.scll) LU Lowpass y(1)
filter ¥
I
A, cos(w.r)

The output of the multiplier in the VSB demodulator in the figure is given by

It is assumed perfect synchrony between the transmitter and demodulator carriers.

Taking FT on both sides of equation (3), we obtain,



The signal is passed through an ideal filter (LPF) to obtain If the VSB modulation is successful, then
should be proportional to the message signal,

It is observed from are high pass terms, since they represent
translated by These terms are blocked by the LPF which yields an output signal with the FT
given by

VSBSC modulation and demodulation is considered to be successful if, where k is proportionality
constant. Hence, for perfect demodulation, the required condition

This is called vestigial symmetry condition.

Hw)

wv
/ 1 l
w.-(w./2) O @, + @y [0}

@
‘__ﬁ B =m, + -2; -——D‘

Transmission bandwidth of a VSR-SC signal

It is seen that the VSB bandwidth exceeds the corresponding SSB bandwidth w., by w/2. Thus, the
filter transition bandwidth w, is an important parameter which decides the VSB bandwidth. It is observed in
filter design that spectral components that lie in the transition region suffer distortion causing phase shifts.

Magnitude Response of VSB Filter
Fig. shows the magnitude response of VSB filter.
> Here observe that fc to fc+W is USB. It's portion from fc to fc
+fv is suppressed partially. fc to fc - W is LSB. It's portion from fc -fv
to fc is transmitted as vestige.
» Observe that H(fc)=1/2. And the frequency response fc-fv < H(f)< fc+fv exhibits odd symmetry. The
sum of any two frequency components in the range is

fe-fu< f <fc+fy
equal to unity. i.e H(f-fc) + H(f+fc) = 1
Phase response is linear



Suppressed

IH(f)| § Vels-tngBe of " portion of USB

LSB —t= USR -

Spectrum of VSB filter

Advantages:
1. Low frequencies, near fc are, transmitted without any attenuation.

2. Bandwidth is reduced compared to DSB.

Applications:
VSB is mainly used for TV transmission, since low frequencies near fc represent significant picture details.

They are unaffected due toVSB.

UNIT -2

Angle Modulation
Definition

We know that amplitude, frequency or phase of the carrier can be varied by the modulating signal.
Amplitude is varied 'in AM. When frequency or phase of the carrier is varied by the modulating signal, then it

is called angle modulation, There are two types of angle modulation.

1. Frequency Modulation :

When frequency of the carrier varies as per amplitude variations of modulating signal, then it is called

Frequency Modulation (FM). Amplitude of the modulated carrier remains constant.
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2. Phase Modulation :

When phase of the carrier varies as per amplitude variations of modulating signal, then it is called Phase

Modulation (PM). Amplitude of the modulated carrier remains constant,
Frequency Modulation:
The frequency of the high frequency carrier signal is carried in accordance with the modulating signal.

Vm = Emsin 2xfmt

Ve = Ecsin 2nfct
Vim = Ecsin (2rfct + mssin 2nfmt)
Vim = Ecsin (wct + mgsin wmt)

ms — modulating index of fm

Relationship/Difference between FM and PM:

e The basic difference between FM and PM lies in which property of the carrier isdirectly varied by
modulating signal. Note that when frequency of the carrier varies,phase of the carrier also varies and
viceversa.

e But if frequency is varied directly, thenit .is called FM.,

e And if phase is varied. directly, then it is called PM.

The instantaneous phase deviation is denoted by 6 (t). It is the instantaneous change in phase of the carrier
with respect to reference phase. The instantaneous phase of the carrier is precise phase of the carrier at a given

instant .It is mathematically expressed as,

Instantaneous phase =

Here 0(t) is the instantaneous phase deviation and wc is the carrier frequency. Now the instantaneous frequency

deviation is defined as

’ % o(y=0'()yHz @)
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Definition for instantaneous frequency deviation: It is the instantaneous change in carrier frequency. It is

equal to the rate at which instantaneous phase deviation takes place.
Definition of instantaneous frequency:It is the frequency of the carrier t a given instant of time. It is given as

d
[nstantaneous frequency = o; (f) = = [0 t+0(1)]

= o +0'(t) rad /sec

Instantaneous phase deivation 0(t) is proportional to modulating signal voltage
O(f) = k €m (f) I‘ad ) (4)

Where K is the deviation sensitivity of phase

Similarly the instatneous frequency deviation is proportional to modulating Signal

0'(t) = kien(f) rad/sec

Where k1 is the deviation sensitivity of frequency.
From equation (2), We have
0(t) = I 0’ (1) dt
= J‘ ky em (F) dt

Let the modulating signal be given as

em (£) = Ey cOSoy, ¢

Using the equation in equation (6)

0(t) = k,J‘ E, cosw,, tdt

Ei. ..
ki == sin, t

Wy
....................... (7
The angle modulated wave is mathematically expressed as
e(f) = E.sin|o t+0(t
() L Ol (8)

Using the value of 8(t) in the above equation from equation (7)
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!)JH’

kiE, .
FM equation : e(t) = E. sin [(’)(r" L sin:wy; t}

(9)

Similarly using the value of 8(t) from equation (5) in equation (8) we get

PM equation : e(t) = E; sinfo, t + kEy cosw, ]

FM and PM waveforms:

F (W ANATAWATAVAWAWAWAWAWAWAWAWAWASNS
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i : |
1 ] 1
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L/—_deviation\‘i
e ANYAWANIVITITANAWANA
F&\Uﬂ\lf\\/ /" U UUVUVU VUV

From the

-

above

FM and PM waveforms

waveform we can
note the following

e For FM signal maximum frequency" deviation takes Place when
Modulating signal is at positive .and negative peaks.

e For PM signal the maximum frequency. deviation takes place near zero crossings of the modulating
signal.

e Both FM anid PM waveforms are identical except the phase shift.

Definition of Modulation index of PM and FM

The modulation index of PM is given as



M=KEm
For FM It is the ratio of maximum frequency deviation (8) to the modulating frequency (fm).

Maximum frequency deviation o
mf: =
Modulating frequency fm
e The maximum frequency deviation is the shift from centre frequency fc when the amplitude of message

IS maximum.
AT = Ky Em (H2)
Ki: = Deviation sensitivity.

The Bandwidth of FM:

e By Carson’s rule the Bandwidth needed by fm is given as,
Bo = 2 (6 + fmmax)

5 - Maximum frequency Deviation
fmmax is Maximum modulating frequency.

Deviation Ratio :

The modulation index corresponding to maximum modulating frequency is called deviation ratio.

Maximum frequency deviation
Deviation Ratio =

Maximum modulating frequency

Frequency Spectrum of angle modualted wave :

e FM and PM analysis is quite complicated. It is derived with the help of Bessel function.

Efm = Ecsin (wct + mf cos wmt)
Using Bessel function this can be expanded as,
Efm = A {Jomf sin wct + Jimf [sin (We + Wm)t — sin (We - Wm)t]
+ Jomf [sin (W + 2wm)t — sin (We - 2Wm)t] + Jamf [sin (We+ 3wm)t

—sin (We - 3wm)t] + Jamf [sin (we + 4wm)t — sin (We - 4wm)t] .....}
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Jo, J1, J2, J3.... Are Bessel functions. The value of this depends on modulation index ms.

i | Lo

4
O e

From the figure the Bandwidth of FM is given by

B= fc+ nfm—fc+ nfm
BW = 2nfn

Bessel Function Table :

m 30 1 2 3 /! J5 36 37 8 39 J10
0 1 - - - - - - - - - -
025 |098 012 |- - - - ; . i ] ]
05 094 |024 |003 |- - - ; ; ] ] ]
1 077 | 044 011 [002 |- - \ ; ] ] ]
15 051 |056 023 [006 |001 |- ; ] ] ] ]
2 022 |058 035 [013 [003 |- - ; ; ] ]
25 005 | 050 |045 |022 |007 [002 |- - - - -
3 026 |034 |049 [031 [013 |004 |001 |- - - -
4 004 |-007 |036 [043 [028 |013 |005 |002 |- - -
5 018 |-033 |005 [031 [039 [025 [013 |005 |002 |- -

Classification of FM:

1. Narrowband FM
2. Wide band FM
Narrow band FM:

When the modulation index is less than I, it is called narrowband FM. The FM Equation given by eg. 9
can also be expressed as,

e(t) = E. cos|iml.t + k1Ewm sin (o,,,t—l

(P
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k.l E.lr.'

(i

= i,

e(t) = Ec.cos [2nf.t + m sin 2nfy,t]
Expanding the equation
¢(t) = E. cos (2n fet) cos [m sin (2 fut)] — Ec sin (2n fit) sin [m sin (2n fut)]

For narrowband FM, the modulation index, m is very small therefore following approximations can be
considered.

cos [m sin (2n fut)] = 1

sin [m sin (2r fint)] = m sin (27 ft)
Using this in equation (2)
e(t) = Eccos (2nfit) — m Ec sin (2n fet) sin (2n fut)

Expanding
e(t) = E:cos (2n fit) + % mEc {cos2n(f. + fi, )t = cos2n(f, — f,, )t}

This equation gives the spectrum of narrowband FM. Observe that there is carrier frequency fc, upper sideband
(fc + fm) and lower sideband (fc - fm).

Wide band FM

If the modulation index is higher than 10 it is called as wide band FM

e(t)

E: cos[2nf.t + msin 2nf,, t
RQ[E,; t,;'(213(.4 +msin 2 fio f )]

E: Re[E‘» ej2nfd | pjmsin 2nfut ]

Let x(t) = E.p/imsin2n fiu t _
(H)=F " then the above equation becomes

e(f) = Re[xt)e/2n /et | (1)

” at b ] i - . . .
Here x(t) = E.e/™sin2nful js periodic with fundamental frequency of f,,. It can be
expressed with the help of Fourier series as,

— S 2] 27 N fiy
0= Soomm

fl==>
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where Ci = fa J' X(t) e~) 2vnfut g

o fm I E( cjmsin 2w fint e J2nn figt Al
1

- ;flu

fin

= ﬁn E. J. (,i(msin 2n fut =2%0 fut) dp

P3| —

-% £

put y = 2xf, t hence the limits will change from —nton

E: i
C,, 2 _i_;%'[ L,;(msmy u_u)dy

The above integral is known as the nth order Bessel function of the first kind. It is given as

= 1 T ’i(msmu-uu)
Julm) = Et:[!( dy
‘Cl.‘ = !,,(PTI)EC

Using the value of Cn in equation (2)

x(t) = i ["(m)E‘_ el2%n ful

M= - o0

Using the value x(t) in equation (1)

oft) = Re[ $ (s 2 nfet eiani |

|
HN=—w !

- -

E. i Re[l..(_m)e’?“(.fl-w fon )r]

n=—m

E. 2 Jn(m)cos[2n(fe +nfin)t]

= -0

The Fourier transform of the above equation becomes
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E(f) = % i j,,.(m){ﬁ{f—-ﬁ- =1 fin ) +0(f + fe +”_jrm)}

This equation shows that there are infinite number of components located

fctfm, fe£2fm,fc £3fm................

Comparison between FM and PM

Frequency modulation Phase modulation

1 The maximum frequency deviation depends | The maximum phase deviation depends only
upon amplitude of modulating voltage and | upon the amplitude of modulating voltage
modulating frequency

2 Frequency of the carrier is modulated by Phase of the carrier is modulated by modulating
modulating signal signal

3 Modulation index is increased as modulation | Modulation index remains same if modulating
frequency is reduced and vice versa frequency is changed

4 Noise immunity is bette than AM and PM Noise immunity is better than AM but worse

than FM




Generation of FM waves:
Fm Modulators: There are 2 types of FM modulators.

1. Direct Method
2. Indirect Method

Mehtods of FM generation

|
[ I

Direct FM Indirect FM
I
Reactance Varactor Dicde Armstrong
Modulator modulator method

Direct FM Modulators : In this type the frequency of the carrier is varied directly by the modulating signal.

Indirect FM Modulators: In this type FM is obtained by phase modulation of the carrier.

Generation of Narrow band FM:

Modulating Phasa Modulati it i
waye —o  [nbegrator ‘ ™ modulatee [T FM wave quaur: ™ —== Diffarantiater n-ﬁ:::g Pl wanve
- f " !
A wos (2wl i) A eos (Zwfil
) s}

llustration of the relationship between FM and PM
Fig (a) Generation of FM using PM
Fig (b) Generation of PM from FM

]
| II

Madulating Prod uct e Narowband

way o BN L lakor =ET v

i .
! 1 4, sin (2, !
] o Sin "J{'ﬂl |
F |
| |

I =o0 Carrier wawa

| phase-shftar A, o (Bl

Marmowband phase modulator

Binck disgram of 8 method for generating o narrowband FM signal.

Direct FM reactance modulator.



X >> R

T oy e
\ |

FET reactance modulator

It behaves as reactance across terminal A-B.

e The terminal A-B of the circuit may be connected across the tuned circuit of the oscillator to get fm o/p.
e The varying voltage (modulating voltage) V, across the terminals A-B changes the reactance of FET.

e This charge in reactance can be inductive or capacitive.

e Neglecting the gate current, let the current through C & R be 1.

e Atthe carrier freq. the reactance of C is much larger than

V
R&Ii=
R+ 1/ jwc
Jwc >>R
L = jweV
From the Circuit,
Vg = hR = jwerv
Id = nggS = ngg
lg= JWCRng
From the circuit impedance of the FET is,
Vv
Z=——
Id
V 1 1
jwCR gm V jw (gmCR) Jw (Ceq)

e The impedance of FET is capacitive.
e By carrying the modulating voltage across FET, the operating paint gm can be varied and hence Ceg.

e This change in the capacitance will change the frequency of the oscillator.

Frequency Modulation using Varactor diode.
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Varactor diode for FM generation

We know that the junction capacitance of the varactor diode changes as the reverse bias across it is

varied.
e L1 & Ciforms the tank circuit of the carrieroscillator.
The capacitance of the varactor diode depends on the fixed bias set by R1 & R2 & AF modulating signal.

e Either R1 or R2 is made variable.
The radio frequency choke [RFC] has high reactance at the carrier frequency to prevent carrier signal

from getting into the modulating signal.
At +ve going modulating signal adds to the reverse bias applied to the varactor diode D, which decreases

its capacitance & increases the carrier frequency.
A —ve going modulating signal subtracts from the bias, increasing the capacitance, which decreases the

carrier frequency.

Direct Fm Transmitters :

fo = 5.1 MHz

Modulating Freq. modulator Frequency 18 f_
signal and ot Power
oscillator multiplier amplifier oTE N
% Hz
e e e e e e e e e T
8 0000 T e e T T T R A e o . ey ey
: 6f. = 30.6 MH i
! ° 286 MHz :
! Lowpass 3 H
1 filter Mixer Crystal H
: oscillator o
N 1
.: DCvco“rarection ‘: AFC
[ oltage i loop
1
f_ =2 MHz 1 Discriminator Z ]
m T |tuned to 2 MHz Amplifier :
1
H
'

Crosby direct FM transmitter
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Fig. shows the FM Crosby transmitter with an AFC loop. (Automatic frequency correction loop).

The Frequency modulator can be either a reactance modulator or voltage controlled oscillator.

The carrier freq is 5.1MHz. which multiplies by 18 in three steps to produce a final frequency of 91.8
MHz.

When the frequency modulated carrier is multiplied, its frequency & phase deviations are also
multiplied.

The rate at which the carrier is deviated is unaffected by the multiplication process. Hence the
modulation index is multiplied.

When an angle modulated carrier is heterodyned with another freq in a non linear mixer, the carriercan

either be up converted or down converted.

AFC loop :
Reactance L-C T Power ‘
o— > > M | i - % |
AF modulator oscillator uHiples amplifier
IN
i
Discriminator = Amplifier | Mixer o Crystal
oscillator

Fig. 2.3.1 Typical AFC circuit

The purpose of the AFC loop is the achieve near crystal stability of the transmit carrier freq. without
using a crystal in the carrier oscillator.

The cassier frequency is mixed with a local oscillator freq and then down converted in freq. & the fed
to a frequency discriminator.

Frequency discriminator is a device whose o/p voltage is proportional to difference b/w i/p freq and its
resonant freq.

Discriminator responds to low freq changes in the carrier center freq because of master oscillator freq
drift.

When the discriminator responds to frequency deviation, the feedback loop would cancel the deviation
and this remove the modulation.

The dc correction voltage is added to the modulating signal to automatically adjust the master oscillator’s

centre frequency to compensate for low freq drift.



PLL Direct FM transmitter:

Divide Nf,
fo by N
Crystal
reference cor:haset Low pass 5
oscillator | f, parator filter ummer vCo FM output
Correction
voltage
Modulating
signal

Block diagram of PLL direct FM transmitter

e Fig shows a wide band FM transmitter.

e The VVCO o/p freq is divided by N & fed bark to the PLL phase comparator, where it is compared to a
stable reference freq.

e The phase comparator generator a correction voltage that is proportional to the difference b/w the 2
frequencies.

e The correction voltage is added to the modulating signal & applied to the VCO i/p.

e The correction voltage adjusts the VCO centre freq to its proper value.

e The LPF prevents the changes in the VCO o/p frequency due to the modulating signal from being
converted to a voltage & fed back to VCO.

e The LPF also prevents the loop from locking onto a side frequency.

Indirect Fm transmitter

Crystal fe «|  Buffer Carrier Combining FM
oscillator f network output
c
fC
AM at f,
AF Audio fm Balanced M 90° phase
in amplifier modulator f shifter
c

Block diagram of Armstrong method to generate FM


http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/

B
Carrier Modulating
A signal

0
90" phase shift
A B

Resultant vector

fatt)

Phase deviation
O

e Here the modulating signal directly deviates the phase of the carrier, which indirectly changes the
frequency.

e The carrier source is a crystal oscillator hence stability can be achieved without a AFC.

e A carrier is phase shifted to 90° & fed to the Balanced modulator. Where it is mixed with the i/p
modulating signal.

e The o/p of balanced modulator is DSBSC.

e The o/p of Balanced modulator is combined with original carrier in the combining N/W. to produce a
low index, phase modulated wavefrom.

e Fig (b) shows phasor of original carrier, modulating signal and the resultant Vector.

e Fig (b) shows the phasors for the side freq. components of the suppressed carrier wave. As suppressed
carrier is out of phase with V¢, the upper & Lower side bands combine to produce Vm — 90° with Vc.

e The phase modulated signal is obtained by vector addition of carrier and modulating signal.
e Modulating signal vector adds to the carrier OA with 90° phase Shift.
e The resultant phase modulated vector is OB with phase shift 6.

e This works only if both have the same frequency. The means carrier & modulating signal should have
same frequency. Under this condition phase modulation produces FM o/p.

FM Demodulators / Detectors
FM demodulator must satisfy the following requirements

e It must convert the frequency variations into amplitude variations
e This conversion must be linear and efficient.

e The demodulator circuits must be insensitive to amplitude changes.
e It should not be too critical in its adjustment and operation.

Types of FM demodulator:
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e Round Travis Detector or Balanced discriminator.
e Foster — Seley Discriminator or Phase discriminator.

e Ratio Detector.

Slope Detector / Round Travis Detector :

+
+ ] /

ID/' + l«———— Useful range

° 1
eV
o1 f— of fo L
= = — f
/—‘f—! i Vout -1 i+ of
fe e Vo?

O D2 T*

NI i ! o

Balanced slope detector Characteristic of balanced slope detector, or ‘S’-curve

e Consists of 2 identical circuit connected back to back.

e FM signal is applied to the tuned LC circuit.

e Two tuned LC circuits are connected in series.

e The inductance of the secondary tuned LC circuit is coupled with the inductance of the primary LC
circuit this forms a tuned transformer.

e Upper tuned circuit is T1 & lower tuned circuit is Ta.

e |/Pside LC is tuned to be

T1is tuned to fc + of - max freq fm.
Tis tuned to fc - 6f - max freq fm.

e Secondary of T1 & T.are connected to diodes D1 & D, with RC loads.
e The total o/p is equal to difference b/w Vol & Voz2.
e When i/p freq is fc, both T1 & T2 produce the same voltage hence o/p = 0
e When i/p freq is fc + &f, the upper circuit T1 produces maximum voltage since it is tuned to this freq.
Hence this produces maximum votalge.

Vo1 is high compared to Voo.

Vout = Vo1 - Vo2 is positive for fc + of.
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e When i/p freq is fc - df. T> produces maximum signal since it is tuned to it. But T1 produces minimum
voltage. Hence o/p Volt = Vo1 — Vo2 is negative. Thus we get a modulating signal.

Foster - Seeley Discriminator :

(b)

(a) Basic Foster—Seeley discriminator
(b) Voltage generator equivalent circuit

e The primary voltage is coupled through C3 & RFC to the centre tap on the secondary.
e The capacitor C3 passes all the frequencies of Fm. The voltage V1 is generated across RFC.

e RFC offers high impedance to frequencies of Fm.



0.5V,  Vpg =V +0.5V,

P e

90° phase shift
between V; &V,

atf;

-0.5V,

Phase shift
is reduced due to
increase in frequency

(b)

05V,

05 V2 """"""""" ‘\.VD1

Phase shift ()

is increased due to
reduced frequency

05V,

(a) At center frequency, phase shift between
Vi and V; is 90°. "Hence |Vp4|=|Vp;|

(b) For the frequencies above center frequency, the phase
shift between V; and V; is reduced. Hence Vpi| > Vi,

(c) For frequencies below center freq.}Jency, the phase shift
between V4 and V; is increased. This makes |Vpi| < |Vp|
The voltage V1 thus appears across centre tap of secondary and groundalso.
The voltage of secondary is V2 & equally divided across upper half & lower half of the secondary.
In the figure the voltage across diode Dy is Vpi= V1 + 0.5 V2 and that across D2 is Vpz = V1+ 0.5 V>

The o/p of upper rectifier is Vo1 and lower rectifier is Voo.

The net o/p Vo= Vo1— V2= Vo=|Vp1|-| Vb2|

At carrier frequency Vp1 X Vp2 are equal hence the net o/p of the discriminator will be zero.

When the i/p frequency increases above fc the phase shift b/w V1 & Vareduces | Vb1 | > | Vb2 | hence
Vo1=|Vb1| - | Vb2 | will be +ve.

When the i/p frequency reduces below fc then | V1| > | Vb2 | hence Vo1 = | Vb1 | - | Vb2 | will be —ve.



Ratio detector :

| {
1€ L [
4"’01 D,
o 1
. ? v o T Vo'l t
From M B +
limiting =, V. T = A v, — T V. A~
IF amplifier T | A b ° a: s
s
1 <y V.
1v, t o2 |
S K] 1 !
Vozf D,

Ratio detector can be obtained by sight modifications in the foster-Seeley discriminator. Fig shows the
circuit diagram of ratio detector. As shown in the diagram the diode D is reversed, and output is taken from
different points. In the above circuit the regular conversion from frequency to phase shift and phase shift to
amplitude takes place as in faster—Seeley discriminator. The polarity of voltage in the lower capacitor is
reversed. Hence the voltages Vo1 and Vo2 across two capacitors add. (Note that these voltages subtract in faster-
seely circuit). And we know that when Vo1 increases, Vo2 decreases and vice-versa as we have seen in faster-
Seeley circuit. Since, Vo' is sum of Vo and Voo, it remains constant. From the circuit of Fig we can write two
equations for the output voltage Vo (Note that Vo is the net output voltage and taken across points A and B).
The First equation will be,

Vo =% V'o— Vo2
and Vo=-%V'o— Vo
adding the above two equations,
2Vo=Voi- Vo
Vo =% (Voi-Vn)
Since Vo1~ | V1| and | Vo2 | above equation will be,

Vo=% (| Vb1|-|Vb2|)

e Here Vp1 & Vp2are obtained as discussed earlier in foster seeleycircuit.

e From the equation we know that the output of ratio detector is half compared to that of Foster-Seeley
circuit
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As frequency increases above fc' | Vo1 | > | V2| hence o/p is +ve.

111 Y as frequency decreases below fc = | Vb2 | > | V1|, hence o/p is —ve.

Advantage :

Reduced fluctuations in the o/p voltage compared to foster seeley circuit

PLL Demodulator circuit

FM
signal

V
| Phase Low pass v 0 Demodulated
detector filter Amplifier output
f(1
VCO -

Fig. shows the block diagram of PLL FM demodulator.
The output frequency of VCO is equal to the frequency of unmodulated carrier.

The phase detector generates the voltage which is proportional to difference between the FM signal and
VCO output.

This voltage is filtered and amplified. It is the required modulating voltage.

Here frequency correction is not required in VCO since it is already done at transmitter

Comparison of FM and AM

Amplitude Modulation Frequency Modulation

1. | Amplitude of the carrier is varied | Frequency of the carrier is varied
according to amplitude of modulating | according to amplitude of the
signal. modulating signal.

2. | Am has poor fidelity due to narrow Since the bandwidth is large,
bandwidth. fidelity is better.

3. | Most of the power is in carrier hence less | All the transmitted power is useful.
efficient.

4. | Noise interference is more. Noise interference is minimum.

5. | Adjacent Chennai Interference is present | Adjacent Chennai Interference is

avoided due to guard bands.
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Am Broadcast operates in MF and HF
range

FM Broadcost operates in VHF and
UHF range.

7. | In Am only carrier and two sidebands are | Infinite number of sidebands are
present present
8. | The transmission equipment is simple. The transmission equipment is
complex.
9. | Transmitted power varies according to Transmitted power remains constant
modulation index. irrespective of modulation index.
10. | Depth of modulation have limitation. It | Depth of modulation have no

can not be increased above I.

limitation. It can be increased by
increasing frequency deviation.




UNIT3& 4
1. Determine the irreducible limit below which a signal cannot be compressed.

2. Deduce the ultimate transmission rate for reliable communication over a noisy

channel.
3. Define Channel Capacity - the intrinsic ability of a channel to convey information.
Communication system

The function of any communication system is to convey the information from source to

destination.
Discrete message
Message which is selected from a finite number of predetermined messages.

During one time one message is transmitted. During the next time interval the next from

the set is transmitted.
Memory source

A source with memory for which each symbol depends on the previous symbols.
Memoryless source

Memoryless in the sense that the symbol emitted at any time is independent of previous

choices.

Probabilistic experiment involves the observation of the output emitted by a discrete
source during every unit of time. The source output is modeled as a discrete random variable,

S,which takes on symbols form a fixed finite alphabet.
S=s0,s1,82, - -,sk-1
with probabilities

P(S=sk)=pk,k=0,1,--- K-1

We assume that the symbols emitted by the source during successive signaling intervals are
statistically independent. A source having the properties is described is called discrete
memoryless source, memoryless in the sense that the symbol emitted at any time is

independent of previous choices.


http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/

Source alphabet

The set of source symbols is called the source alphabet.
Symbols or letters

The element of the set is called symbol.
Uncertainty

The amount of information contained in each symbols is closely related to its uncertainty

or surprise.
If an event is certain (that is no surprise, of probability 1) it conveys zero information.

We can define the amount of information contained in each symbols.

I(sk) = logs(1/ px)

Here, generally use log2 since in digital communications we will be talking about bits.
The above expression also tells us that when there is more uncertainty(less probability) of the

symbol being occurred then it conveys more information.
Unit of the information

The unit of the information depends on the base of the logarithmic function.

UNIT b VALUE
Binit 2
Decit (OR) Hartley 10
Natural unit(nat) e

When pk =% ,we have I(sk) = 1 bit.
Some properties of information are summarized here:

1. For certain event i.e, pk = 1 the information it conveys is zero, I(sk) = 0.
Absolutely certain of the outcome of an event.

2. For the events 0 < pk < 1 the information is always I(sk) =0.Either provides some
or no information, but never brings about a loss of information.

3. If for two events pk > pi, the information content is always I(sk) < I(si).

The less probable the event is, the more information we gain when it occurs.
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4. I(sksi) = I(sk)+I(si) if sk and si are statistically independent.
Proof:
p(sj, sk) = p(sj) p(sk) if sk and si are statistically independent.
| (sj, sk) =log (1/p(sj, sk))
=log (1/p(sj) p(sk)
=log (1 /p(sj)) + = log (1/ p(sk))
= I(sy) 1(s)

Average information or entropy

The amount of information I(sk) produced by the source during an arbitrary signalling
interval depends on the symbol sk emitted by the source at that time. Indeed, 1(sk) is a discrete
random variable that takes on the values I(s0), I(s1), - - -, I(sK-1) with probabilities pO, p1, - - -,
pK-1 respectively.

The mean of I(sk) over the source alphabet S is given by

H(F)

i

E[I(ss)]

= Eﬂ pellsy)

k

K—1 1
P Z P logz(“‘“)
k=0 i)

k

The important quantity H(p) is called the entropy of a discrete memoryless
source with source alphabet @. It is a measure of the average information content per source
symbol. Note the entropy H(¢) depends only on the probabilities of the symbols in the alphabet

¢ of the source.
Problem

1. A DMS has four symbols S1, Sz, Sz S4with probabilities 0.40, 0.30, 0.20,
0.10
a. Calculate H(¢).
b. Find the amount of information contained in the message S1S2S3 Sa
and S4S3S3 Sz, and compare with the H(gp).
Solution
a. H(p) = 3 Pk log2(1/ PK)

=-0.410920.4 - 0.310g20.3 - 0.2l0g20.2 - 0.1l0g20.1
=1.85 b/symbol


http://www.learnengineering.in/

b. P(S1S2S3S4) = (0.4)(0.3)(0.2)(0.1) = 0.0096
1(S1S2S3 S4 )= - log2 (0.0096) = 0.60 b/symbol
1(S1S2S354 ) < 7.4 (4 H(p))

P(S4S3S3 S2) = (0.1)(0.2)? (0.3) = 0.0012
1(S4S3S3 S2) = -l0g2(0.0012) =9.70 b/ symbol
1(S4S3S3S2) > 7.4 (4 H(p))

Some properties of entropy

The entropy H(¢) of a discrete memoryless source is bounded as follows:
0 < H(e) < log2(K)

where K is the radix (number of symbols)of the alphabet S of the source.

Furthermore, we may make two statements:

1. H(p) = 0, if and only if the probability pk = 1 for some k, and the remaining

probabilities in the set are all zero; this lower bound on entropy corresponds to nouncertainty.

2. H(p) = log2(K), if and only if pk =1/ K for all k; this upper bound on entropy

corresponds to maximum uncertainty.

Proof:
H(¢p) 20.

Since each probability pk is less than or equal to unity, it follows that each term

Pk logo(1/ pk) is always nonnegative. So H(g) 0.

The term Pk log:(1/ px) is zero if, and only if, pk = 0 or 1. That is pk =1 for some k and

all the rest are zero.
H(p) < log2(K)
To prove this upper bound , we make use of a property of the natural logarithm.

logx=x—-1, x=0

To proceed with this proof, consider any two probability distributions {p0, p1, - - -, pk-1}
and {q0, g1, g2, - - -, gk-1 } on the alphabet ¢ = {sO, s1, s2, - - -, sk-1 } of a discrete

memoryless source. Then changing to the natural logarithm, we may write
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K1 _ =
logs| &) = ‘i‘_ls)
gﬂ Px Dg“(!‘-'&) kz Pr lﬂg(m

Hence, using the inequality, we get

K=1 1 K—-1
E Pe 1052(57:) = —= Z PJ@:(ﬁ - )

k=0 log 2 i=6 i
1 K—1
= log 2 gﬂ {ge — P&
1 K=1 E=1
= - =1
ll:'g, 2 (kgﬂ qi Eﬂ‘ pk)

We thus have the fundamental inequality
k=1
> b lage(ﬂ) =
£=0 L

Where the equality holds only if pk = gk for all k. Suppose we next put

KE-1 .1
> ba 1‘352(—) = log, K
£=0 P

So H(¥) < log, K

Thus H(g) is always less than or equal to logzk. This equality holds only if the symbols

are equiprobable.
Entropy of a binary memoryless channel

Consider a discrete memoryless binary source shown defined on the alphabet ¢ = {0, 1}.

Let the probabilities of symbols 0 and 1 be pO and 1- p0 respectively.

The entropy of this channel is given by



H{¥) = —py logz po — P, log; py
= —po loga s — (1 = po) loga(l — po) bits

From which we observe the following:

1. When po=0, the entropy H(¢p) =0.
When po=1, the entropy H(¢)=1.
The entropy attains its maximum value, Hmax= 1 bit, po= p1= 1/2., that is, symbols 1

and 0 are equally probable.

1 1 1 1 1
fu] oz D4 05 0.6 0.8 1.0
Symbol probabifity, me

Figure - Entropy of a discrete memoryless binary source

Information rate

If the source of the message generates messages at the rate of r messages per second,

then the information rate is defined to be

R=rH = average number of bits of information / second.

Example problem

An analog signal is bandlimited to B Hz,sampled at the nyquist rate, and the samples are
qguantized into four levels. The quantization levels Q1,Q02,Q3,Q4(messages ) are assumed
independent and occur with probabilities P1=P4=1/8 and P2=P3=3/8. Find the information rate

of the source.

Solution
The average information H is
H= pilog2(1/p:) + p2l0g2(1/p2) + pslogz(ps) + paloga(1/ p4)
=1/8 log2(8) +3/8 l0g2(8/3) +3/8 10g2(8/3) +1/8 10g2(8)
= 1.8 bits / message
The information rate R is

R=rH =2B(1.8) = 3.6 bits /s.

Shannon source coding theorem
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An important problem in communication is the efficient representation of data generated

by a discrete source. The process by which this representation is accomplished is called source
encoding. The device that performs that representation is called a source encoder.
Variable length code

If some source symbols are known to be more probable than others, then the source
code is generated by assigning short code to frequent source symbols, and long code to rare

source symbols.

EX : Morse code, in which the letters and alphabets are encoded into streams of marks

and spaces, denoted as dots “.” And dashes “-“.

Our primary interest is in the development of an efficient source encoder that satisfies

two functional requirements:
1. The code words produced by the encoder are in binary form.

2. The source code is uniquely decodable, so that the original source sequence can be

reconstructed perfectly from the encoded binary sequence.

We define the average code word length, L, of the source encoder as
_SKk-1
L =220 pxlk

In physical terms, the parameter L represents the average number of bits per source
symbol used in the source encoding process. Let Lmin denote the minimum possible value of L.
We then define the coding efficiency of the source encoder as

I’] = Lmin/ L
The source encoder is said to be efficient when n approaches unity.
Source coding theorem:

Given a discrete memoryless source of entropyH(¢) , the average code-word length L

for any distortionless source encoding scheme is bounded as
L = H(op)

According to the source-coding theorem, the entropy H(@)represents a fundamental limit
on the average number of bits per source symbol necessary to represent a discrete memoryless
source in that it can be made as small as, but no smaller than, the entropy H(¢g).Thus with Lmin

= H(¢p), we may rewrite the efficiency of a source encoder in terms of the entropy H(¢)as
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n =H(p)/L
Data Compaction:
1. Removal of redundant information prior to transmission.
2. Lossless data compaction — no information is lost.

3. A source code which represents the output of a discrete memoryless source should be

uniquely decodable.
Prefix Coding

Consider a discrete memoryless source of alphabet {so, S1, S2, - - -, Sk1}
and statistics {po, p1, P2, - -+, Pr-i}-

For each finite sequence of symbols emitted by the source, the corresponding sequence
of code words is different from the sequence of code words corresponding to any other source

sequence. For the above mentioned symbol, let the code word be denoted by
{mwo, Mk1, Mk2, = + =, Mkn1}
— the element are Os and 1s.
n - denotes the code word length
Prefix condition

The initial part of the code word is represented by the elements {myo, Mk1, Mi2, - - -, My}

Any sequence made up of the initial part of the code word is called prefix.

Prefix code

1. The Prefix Code is variable length source coding scheme where no code is the prefix

of any other code.
2. The prefix code is a uniquely decodable code.

3. But, the converse is not true i.e., all uniquely decodable codes may not be prefix

codes.
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Table 1: Illustrating the definition of prefix code

Symbol  Prob.of Occurrence Code I Code II  Code 111

S0 0.5 0 0 0
s 0.25 1 10 01
So 0.125 00 110 011
55 0.125 11 111 0111

From 1 we see that Code | is not a prefix code. Code Il is a prefix code. Code lll is also
uniquely decodable but not a prefix code. Prefix codes also satisfies Kraft-McMillan inequality

which is given by

Code | violates the Kraft — McMillan inequality.
Both codes Il and 11l satisfies the Kraft — McMillan inequality, but only code Il is a prefix code.
Decoding procedure

1. The source decoder simply starts at the beginning of the sequence and decodes one
codeword at the time.

2. The decoder always starts at the initial state of the tree.

3. The received bit moves the decoder to the terminal state if it is 0,0r else to next

decision point if it is 1.

Initial State

Given a discrete memoryless source of entropy H(¢), a prefix code can be constructed

with an average code-word length I, which is bounded as follows:

H(p)sL< H(gp)+1
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The left hand side of the above equation, the equality is satisfied owing to the condition

that, any symbol sk is emitted with the probability
Py = 2=k

where, Ik is the length of the codeword assigned to the symbol sk.

Shannon - fano coding
Procedure

1. List the symbols in order of decreasing probability.
2. Partition the set into two sets that are as close to equiprobable as possible, and assign
0 to the upper set and 1 to the lower set.
3. Continue the process, each time partitioning the sets with nearly equal probabilities as
possible until further partitioning not possible.
Example problems
1. A DMS has six symbols Sz, Sz, Sz S4, Ss, Se, with corresponding probabilities 0.30,
0.25, 0.20, 0.12, 0.08, 0.05. construct a Shannon — fano code for S.

Sk pk Step 1 Step 2 Step 3 Step 4 Step 5
S1 0.30 0 0 00
) 025 0 1
01

S3 0.20

1 0 10
S4 0.12

1 1 0 110
S5 0.08

1 1 1 0 1110
S6 0.05

1 1 1 1 1111

2. A DMS has six symbols S; | Sz, S5, Sqwith corresponding probabilities, 1/2 , 1/4, 1/8, 1/8,

construct a Shannon — fano code for S.

Sk pk Step 1 Step 2 Step 3 Step 4
S1 1/2 0
0

S2 1/4

1 0 10
S3 1/8

1 1 0 110
S4 1/8

1 1 1 111
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3. A DMS has five equally likely symbols S1, Sz, Ss Sa, Ss construct a Shannon — fano

code for S.

Sk pk Step 1 Step 2 Step 3 Step 4
S1 0.20

0 0 00
S2 0.20

0 1 01
S3 0.20

1 0 10
S4 0.20

1 1 0 110
S5 0.20

1 1 1 111

Huffman coding

It is to assign to each symbol of an alphabet a sequence of bits roughly equal in length

to the amount of information conveyed by the symbol in question.
Algorithm

1. The source symbols are listed in order of decreasing probability. The two source
symbols of lowest probability are assigned a 0 and a 1. This part of the step is reffered to as a

splitting stage.

2. These two source symbols are regarded as being combined into a new source symbol
with probability equal to the sum of the original probabilities. The probability of the new symbol

is placed in the list in accordance with its value.

3. The procedure is repeated until we are left with a final list of source statistics of only

two for which a 0 and a 1 are assigned.

Symbol Stage | Stage Il Stage I Stage IV
SO, 0.4 0.4 0.4 0.60
s1 0.2 0.2 0.4 WOAJ
S2 0.2 0.2 O o2 1

S3 01 O 0.21

S4 0.1—3%
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The code for each source symbol is found by working backward and tracing the

sequence of 0s and 1s assigned to that symbol as well as its successors.

Symbol probability code word

SO, 0.4 00

Sl 0.2 10

S2 0.2 11

S3 0.1 010

S4 0.1 011
Drawbacks:

1. Requires proper statistics.

2. Cannot exploit relationships between words, phrases etc.,
3. Does not consider redundancy of the

language. Lempel-ziv coding

1. Overcomes the drawbacks of Huffman coding

2. Itis an adaptive and simple encoding scheme.

3. When applied to English text it achieves 55% in contrast to Huffman coding which achieves
only 43%.

4. Encodes patterns in the text This algorithm is accomplished by parsing the source data

stream
into segments that are the shortest subsequences not encountered previously.
Problems
Let the input sequence be
000101110010100101. .......
We assume that 0 and 1 are known and stored in
codebook
subsequences stored : 0, 1

Data to be parsed:  000101110010100101. .......
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is 00

subsequences stored: 0, 1, 00

Data to be parsed:  0101110010100101. .......

The second shortest subsequence not seen before is 01; accordingly, we go on to
write Subsequences stored: 0, 1, 00, 01

Data to be parsed:  01110010100101. .......

We continue in the manner described here until the given data stream has been completely
parsed. The

code book is shown below:

Numerical positions: 1 2 3 4 5 6 7 8 9
subsequences: 0 1 00 01 011 10 010 100 101
Numerical Repre

sentations: 11 12 42 21 41 61 62
Binary encoded

blocks: 0010 0011 1001 0100 1000 1100 1101

Discrete Memoryless Channels

Let X and Y be the random variables of symbols at the source and destination

respectively. The description of the channel is shown in the Figure

Source, X Destination, Y
X Channel Y
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The channel is described by an input alphabet

{Xo, X1, X2, - - -, X34}, J — input alphabet size
an output alphabet
{yo, Y1, Y2, - + *, Yk}, K — output alphabet size

and a set of transition probabilities

p(yw/x) = p(Y=y«x/ X=x;) for all j and k

channel matrix or transition matrix

p(Yo/Xo) p(yi/Xo) ...l P(Yk-1/Xo)
p(Yo/X1) p(yi/x1) ...l P(Yk-1/X1)
P=
p(yo/xg.l) p(y1/XJ.1) ......... p(yK.lli.l)

each row corresponds to a fixed channel input.

each column corresponds to a fixed channel output.

Input probability distribution p(x;) , j=1,2,...... J-1, the event that the channel input X= x;
occurs with probability

p(x) = p(X=x) for all j.
joint probability distribution

P(X;, Yk) = P(X=X;, Y= yi)
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= p(yu/X) p(x)

Marginal probability distribution of the output random variable Y is obtained by averaging out the

dependence of p(x; yk) on X;,

Plys) = P(Y = 3}
-1
= ;Z) P(Y = y|X = AP(X = x))

-1
= plye|x)plx) fork=0,1,...,K -1
j=0

Binary Symmetric Channel
— A discrete memoryless channel with J = K = 2.

— The Channel has two input symbols(x0 = 0, x1 = 1)and two output symbols(y0 =0, y1 =
1).

— The channel is symmetric because the probability of receiving a 1 if a 0 is sent is same

as the probability of receiving a 0 if a 1 is sent.

— The conditional probability of error is denoted by p. Abinary symmetric channel is shown
in Figure and its transition probability matrix is given by

1—p P
P 1—p

I-p

I=p
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Mutual Information

If the output Y as the noisy version of the channel input X and H(X) is the uncertainity

associated with X, then the uncertainity about X after observing Y , H(X|Y) is given by

K-1
H(XY) = > H(XY =y)p(us) (1)
k=0
K-1J-1 1
= ; Jogy | —| (2
;:I ;p |y )p(ys)logs [p(ayya-)] (2)
K-1J-1 1
= > play, ) cugl ] (3)
k=0 j=0 (; |UA

The quantity H(X|Y) is called Conditional Entropy. It is the amount of uncertainity about
the channel input after the channel output is observed. Since H(X) is the uncertainity in channel
input before observing the output, H(X) - H(X|Y) represents the uncertainity in channel input that
is resolved by observing the channel output. This uncertainity measure is termed as Mutual
Information of the channel and is denoted by I(X; Y).

T(X;Y) = H(X) — H(X|Y) (4)
1(Y; X) = H(Y) — HY|X) (5)

Where the H(Y) is the entropy of the channel output and H(Y/X) is the conditional
entropy of the channel output given the channel input.

Properties of Mutual Information
Property 1:

The mutual information of a channel is symmetric, that is

I(X)) = 1(); &) (6)

10X; Y) = I(Y;X)
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Where the mutual information 1(X; Y) is a measure of the uncertainty about the channel input

that is resolved by observing the channel output, and the mutual information I(Y;X) is a measure

of the uncertainty about the channel output that is resolved by sending the channel output.

Proof:

P g T
Hix) = p(z;) log. )
(%) Z : |57
[ 1 1 K—-1
= 1) 10{1, P(yr|x; ]
;z;) 2 _])(.l’j>_ 12_:“ (Y lz;) (8)
jZUZ_ . o)
= 1) l// X 1) ()h T .
=0 E=0 ? I plaj)
J—-1K-1 i
= Z Z p(a e yi) logs [—] (10)
j=0 k=0 ( j)

Substituting Eq.3 and Eq.10 in Eq.4 and then combining, we obtain

J—1K-—1 ! l
Z ZP i, yr) logy [1(’“)1)] (11)

7=0 k=0 ])(

From Bayes’ rule for conditional probabilities, we have

plzjlye) — plyklz;)
p(z;)  ply)

Hence, from Eq.11 and Eq.12

J—1K-1

=YY plaj.u) log, [M] = I(V; X) (13)

§=0 k=0 P(ur)
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Property 2:
The mutual is always non-negative, that is I(X; Y) 20
Proof:

We know,

p(xj, yr)

p(xjlyr) = — (14)
p(yk)
Substituting Eqg. 14 in Eq. 13, we get
Jil -1 :
(5, yk)
I1(X;)Y) = o(x;, Y ) logy | ———| =1(V; X
A ; ,;,1( b RS [1)(-11;)1)(,1//.~)] S
(15)

Using the following fundamental inequality which we derived discussing the properties of
Entropy,

Drawing the similarities between the right hand side of the above inequality and the left hand
side of Eqg. 13, we can conclude that

I(X:y) >0
With equality if, only if,

p(Xi lyx) = p(x)p(y«) for all j and k.

Property 2 states that we cannot lose information, on the average, by observing the
output of a channel. Moreover, the mutual information is zero if, and only if, the input and output

symbols of the channel are statistically independent.

Property 3:

The mutual information of a channel is related to the joint entropy of the channel input and
channel output by

I(X: V)= HWX)+ H(Y) - H(X,))

where, the joint entropy (X, Y) is defined as
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pla;, yi) logy | ——
Z Z “) (1)(1:;'« .l/;l-)>

§=0' k=0

Proof:
J—-1K-1
(x5 ) plyk
Z P k) log, ple;)plue) + o (16)
J=L K==] l
plxj. ) logy | —— (17)
z_;) k=0 K ’ <P(-l'j)1)(.l//.-)>

J-1K-1 1 _
> > pla,yr) log, ( P(1;>P(Ul)> (19)

7=0 k=0
J—1 1 K-—1
— Zlohz ( — ) Z oz, yr)+ (20)
s p(x;) | =
K—-1 1 J—1
log:. (x5, Yk 21
,Z::(, 52 (P(llk) j:UI( j /L.) ( )

Therefore, from Eg. 18 and Eq. 23, we have

H(X, V) = —1(X;Y) + H(X) + H()
Channel Capacity
Channel Capacity, C is defined as ‘the maximum mutual information I(X; Y) in any single

use of the channel(i.e., signaling interval), where the maximization is over all possible input
probability distributions {p(x;)} on X”



C =maxI(X;)) (1)

p(x;)

C is measured in bits/channel-use, or bits/transmission.

Example:

For, the binary symmetric channel discussed previously, I(X; Y) will be maximum when

p(Xo) = p(x1) = 1/2 . So, we have

(,v = [(X:y‘l,(‘r“):p(«lj):% (2>

Since, we know
plyolry) = plyLleo) = p 3)
p(yolro) = plyr1) =1 —p 4)

Using the probability values in Eg. 3 and Eq. 4 in evaluating Eqg. 2, we get

C'=1+plogyp+ (1 —p)logy(1—p)
— 1— H(p)

—~
[
~—

Channel capacity ¢
8]
4]}
!

|
Q 0.5 1.0
Transition probabitity p

FIGURE-Variation of channel capacity of a binary symmetric channel with transition

probability p.
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1. When the channel is noise free, p=0, the channel capacity C attains its maximum

value of one bit per channel use. At this value the entropy function attains its
minimum value of zero.

2. When the conditional probability p=1/2 due to noise, the channel capacity C attains
its minimum value of zero,whereas the entropy function attains its maximum value of

unity, in such a case the channel is said to be useless.
Channel Coding Theorem:

Goal: Design of channel coding to increase resistance of a digital communication system
to channel noise.

Channel coding

Mapping of the incoming data sequence into channel input sequence. It is performed in
the transmitter by a channel encoder.

Channel decoding (inverse mapping)

Mapping of the channel output sequence into an output data sequence. It is performed in
the receiver by a channel decoder.

The channel coding theorem is defined as process to introduce redundancy in order to

reconstruct the original source sequence as accurately as possible.
1. Let a discrete memoryless source
— with an alphabet ¢
— with an entropy H(¢)
— produce symbols once every Ts seconds
2. Let a discrete memoryless channel
— have capacity C
— be used once every Tc seconds.

3. Then if,

o~
ielle
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There exists a coding scheme for which the source output can be transmitted over the channel

and be reconstructed with an arbitrarily small probability of error. The parameter C/ Tc
is called critical rate.

4. Conversly, if

it is not possible to transmit information over the channel and reconstruct it with an arbitrarily

small probability of error.

Example:

Considering the case of a binary symmetric channel, the source entropy H(®) is 1. Hence, from

the above equation, we have

=
Ala

But the ratio Tc / Ts equals the code rate, r of the channel encoder.

l.._'l

i

T,

r:

r<C

Hence, for a binary symmetric channel, if r < C, then there exists a code capable of achieving an

arbitrarily low probability of error.

Information Capacity Theorem:



The Information Capacity Theorem is defined as ‘The information capacity of a
continuous channel of bandwidth B hertz, perturbed by additive white Gaussian noise of power

spectral Density NO/ 2 and limited in bandwidth to B, is given by

C' =DBlog, | 1+ m

where P is the average transmitted power. Proof:
Assumptions:
1. band-limited, power-limited Gaussian channels.

2. A zero-mean stationary process X(t) that is band-limited to B hertz, sampled at

Nyquist rate of 2B samples per second

3. These samples are transmitted in T seconds over a noisy channel, also band-limited
to B hertz.

The number of samples, K is given by

K =2BT

We refer to Xx as a sample of the transmitted signal. The channel output is mixed with additive
white Gaussian noise(AWGN) of zero mean and power spectral density NO/2. The noise is
band-limited to B hertz. Let the continuous random variables Yy, k =1, 2, - - - ,K denote samples

of the received signal, as shown by

k= Xg + Ng

The noise sample Nk is Gaussian with zero mean and variance given by
(_72 = JN"T[:]B
The transmitter power is limited,; it is therefore

E[X]=P


http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/

Now, let I(Xx; Yi) denote the mutual information between X« and Yi. The capacity of the channel
is given by

C= max [(X:Y): E[X7]=P

fX I (‘T )

The mutual information I(Xk; Yk) can be expressed as

[(Xp; i) = h(Yi) = h(Yi]X)

This takes the form
I(X:Yy) = h(Yy) — h(]N})

When a symbol is transmitted from the source, noise is added to it. So, the total power is P + o2
For the evaluation of the information capacity C, we proceed in three stages:

1. The variance of sample Yk of the received signal equals P + o2. Hence, the differential
entropy of Y is

h(Y:) = sloga[2me(P + o)

2. The variance of the noise sample Nk equals 0. Hence, the differential entropy of Nkis given
by

1 ;
h(Ng) = Slogz (2W€O’2)

3. Now, substituting above two equations into

I(X}):Y)) = h(Y)) — h(Ny) veilds

L1 P

bits per transmission.
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The number K equals 2BT. Accordingly, we may express the information capacity in the

equivalent form:

C' = Bloga (1 +

Jbits per second

NoB



UNIT-5

Spread Spectrum and
Multiple Access Techniques



Spread Spectrum

Analog or digital data
Analog signal
Spread data over wide bandwidth
Makes jamming and interception harder
Frequency hoping
— Signal broadcast over seemingly random series of frequencies
Direct Sequence
— Each bit is represented by multiple bits in transmitted signal
— Chipping code

Spread Spectrum Concept

Input fed into channel encoder
— Produces narrow bandwidth analog signal around central frequency
Signal modulated using sequence of digits
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Spreading code/sequence
— Typically generated by pseudonoise/pseudorandom number generator
 Increases bandwidth significantly
— Spreads spectrum
« Receiver uses same sequence to demodulate signal
« Demodulated signal fed into channel decoder

General Model of Spread Spectrum System

Input data Output data

| Channel
decoder

De-
modulator

Channel
encoder

Modulator Channel

Spreading
code

Spreading
code

Pseudonoise
generator

Pseudonoise

generator




Pseudorandom
Numbers

« Generated by algorithm using initial seed
« Deterministic algorithm
— Not actually random

— If algorithm good, results pass reasonable tests of randomness

« Need to know algorithm and seed to predict sequence

Frequency Hopping Spread Spectrum (FHSS)

Signal broadcast over seemingly random series of frequencies

Receiver hops between frequencies in sync with transmitter
Eavesdroppers hear unintelligible blips

Jamming on one frequency affects only a few bits
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Basic Operation

Typically 2% carriers frequencies forming 2* channels

« Channel spacing corresponds with bandwidth of input
« Each channel used for fixed interval
—300 ms in IEEE 802.11

— Some number of bits transmitted using some encoding
scheme

« May be fractions of bit (see later)
— Sequence dictated by spreading code

Frequency Hopping Example
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Frequency

Energy

5 8 3 6 1 7 4 2 f

(1 % B ([ 2 A A % | > >
7 f8 Frequency Time

(a) Channel assignment (b) Channel use



Frequency Hopping Spread Spectrum System (Transmitie)

FH Spreader

F————

binary data | Modulator | Sd(t) |

I
P (FSKor 1 l
BPSK) I
I I
I c(t) ;
| I

I | Frequency
| | Synthesizer |
I I
———————— I
I Pseudonoise > Channel | |
|| bit source Table |,

Bandpass
filter (about
sum
frequency)

Spread spectrum
signal

o
s(t)



Frequency Hopping Spread Spectrum System

FH Despreader

s et e ahe
|
Spread spelactrum s(t) | Bandpass Demodulato] binary data
Signa filter (about }——p] (FSK or -
13q(t} difference BPSK)
frequency)

c(t)

Frequency
Synthesizer

-------- 1

Pseudonoise »| Channel
| bit source Table




Slow and Fast FHSS

Frequency shifted every T. seconds
Duration of signal element is Ts seconds
Slow FHSS has T¢ [ Ts

Fast FHSS has T, < Ts

« Generally fast FHSS gives improved performance in noise
(or jamming)

Direct Sequence Spread Spectrum (DSSS)
« Each bit represented by multiple bits using spreading code

« Spreading code spreads signal across wider frequency band
— In proportion to number of bits used

— 10 bit spreading code spreads signal across 10 times bandwidth of 1 bit
code

«  One method:
— Combine input with spreading code using XOR
— Input bit 1 inverts spreading code bit
— Input zero bit doesn’t alter spreading code bit
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rate equal to original spreading code

« Performance similar to FHSS
Direct Sequence Spread Spectrum Transmitter

DS Spreader

- T 7' Spread spectrum
signal

binary data Modulator Sq(t) s

r (BPSK) s(D)

c(t)

L--1

Pseudonoise
bit source

r L ‘e— l

— — — — — — — — — w— w—



Direct Sequence Spread Spectrum Transmitter

DS Despreader

Spread spectrum
signal s(Y

| Pseudonoise
bit source

Demodulator

(BPSK)

o

binary data

>




Multiple Access Techniques

The transmission from the BS in the downlink can be heard by each and every
mobile user in the cell, and is referred as broadcasting. Transmission from the

mobile users in the uplink to the BS is many-to-one, and is referred to as
multiple access.

Multiple access schemes to allow many users to share simultaneously a finite
amount of radio spectrum resources.

— Should not result in severe degradation in the performance of the system as
compared to a single user scenario.

— Approaches can be broadly grouped into two categories: narrowband
and wideband.
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Multiple Access Techniques

« Multiple Accessing Techniques : with possible conflict and conflict- free
— Random access
— Frequency division multiple access (FDMA)
— Time division multiple access (TDMA)

— Spread spectrum multiple access (SSMA) : an example is Code division
multiple access (CDMA)

— Space division multiple access (SDMA)
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Duplexing

For voice or data communications, must assure two way communication
(duplexing, it is possible to talk and listen simultaneously). Duplexing may be
done using frequency or time domain techniques.

— Forward (downlink) band provides traffic from the BS to the mobile
— Reverse (uplink) band provides traffic from the mobile to the BS.



frequency division duplexing (FDD)

» Provides two distinct bands of frequencies for every user, one for downlink and
one for uplink.

« A large interval between these frequency bands must be allowed so that
interference is

minimized.
Reverse Forward
Channel Channel
) f fc,, frequenEy
Ce >

Frequency separation

Frequency separation should be carefully decided Frequency separation is constant
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TDD

* In TDD communications, both directions of transmission use one contiguous
frequency allocation, but two separate time slots to provide both a forward and

reverse link.

« Because transmission from mobile to BS and from BS to mobile alternates in
time, this scheme is also known as “ping pong”.

« As a consequence of the use of the same frequency band, the
communication quality in both directions is the same. This is different from

FDD.


http://www.learnengineering.in/
http://www.learnengineering.in/
http://www.learnengineering.in/

In FDMA, each user is allocated a unique frequency band or channel. During the
period of the call, no other user can share the same frequency band.

T Code

W // //

»
Frequency

Charnel 1

) Channel 2
{hanncl 3
Channel N




All channels in a cell are available to all the mobiles. Channel assignment
Is carried out on a first-come first- served basis.

« The number of channels, given a frequency spectrum BT , depends on the
modulation technigue (hence Bw or Bc ) and the guard bands between the channels

2Bguard . These guard bands allow for imperfect filters and oscillators and can be
used to minimize adjacent channel interference.

« FDMA is usually implemented in narrowband systems.

B

guard
e |




Continuous transmission : the channels, once assigned, are used on a non-time-
sharing basis. This means that both subscriber and BS can use their
corresponding allotted channels continuously and simultaneously.

Narrow bandwidth : Analog cellular systems use 25-30 kHz. Digital FDMA
systems can make use of low bit rate speech coding techniques to reduce the
channel band even more.

If FDMA channels are not in use, then they sit idle and cannot be used by other
users to increase capacity.

Low ISI : Symbol time is large compared to delay spread. No equalizer is required
(Delay spread is generally less than a few us — flat fading).
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Low overhead : Carry overhead messages for control, synchronization purposes. As
the allotted channels can be used continuously, fewer bits need to be dedicated
compared to TDMA channels.

Simple hardware at mobile unit and BS : (1) no digital processing needed to
combat ISl (2) ease of framing and synchronization.

Use of duplexer since both the transmitter and receiver operate at the same time.
This results in an increase in the cost of mobile and BSs.

Duplexer |g

Antenna <« »

>

FDMA required tight RF filtering to minimize adjacent channel
interference.
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« TDMA systems divide the channel time into frames. Each frame is further _
partitioned into time slots. In each slot only one user is allowed to either transmit
or receive.

« Unlike FDMA, only digital data and digital modulation must be used.

 Each user occupies a cyclically repeating time slot, so a channel may be _
thought of as a particular time slot of every frame, where N time slots comprise

a frame.
[ Code

/ / Channel ¥
7
/ /
Va

g
c,\“‘/ Channel 3
&\6& A Channel 2
/ Channct 1

Frequency

lAnc



Multiple channels per carrier or RF channels.

Burst transmission since channels are used on a timesharing basis. Transmitter can
be turned off during idle periods.

Narrow or wide bandwidth — depends on factors such as modulation scheme,
number of voice channels per carrier channel.

High ISI — Higher transmission symbol rate, hence resulting in high 1SI. Adaptive
equalizer required.



Features

« High framing overhead — A reasonable amount of the total transmitted bits
must be dedicated to synchronization purposes, channel identification. Also
guard slots are necessary to separate users.



TDMA Frame

) One TDMA Frame ‘
Preamble | Information Trail Bits
Slot 1 Slot 2 Slot 3 Slot N
Contr
Guard| Sync | ol Information CRC
Bits Bits Bits

A J

A

One TDMA Slot

A Frame repeats in time
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Code Division Multiple Access (CDMA)

In CDMA, the narrowband message signal is multiplied by a very large bandwidth
signal called spreading signal (code) before modulation and transmission over the
air. This is called spreading.

CDMA is also called DSSS (Direct Sequence Spread Spectrum). DSSS is a more
general term.

Message consists of symbols
— Has symbol period and hence, symbol rate
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Code Division Multiple Access (CDMA)

Spreading signal (code) consists of chips
— Has Chip period and and hence, chip rate
— Spreading signal use a pseudo-noise (PN) sequence (a pseudo-random
sequence)
— PN sequence is called a codeword
— Each user has its own cordword
— Codewords are orthogonal. (low autocorrelation)
— Chip rate is oder of magnitude larger than the symbol rate.

The receiver correlator distinguishes the senders signal by examining the
wideband signal with the same time-synchronized spreading code

The sent signal is recovered by despreading process at the receiver.
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_ CDMA Advantages
Low power spectral density.

— Signal is spread over a larger frequency band
— Other systems suffer less from the transmitter
Interference limited operation
— All frequency spectrum is used
Privacy
— The codeword is known only between the sender and receiver. Hence other users
can not decode the messages that are in transit

Reduction of multipath affects by using a larger spectrum



CDMA Advantages

Random access possible
— Users can start their transmission at any time
Cell capacity is not concerete fixed like in TDMA or FDMA systems. Has
soft capacity
Higher capacity than TDMA and FDMA
No frequency management
No equalizers needed
No guard time needed
Enables soft handoff
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