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COURSE GUIDE

Course Introduction

In general, this course focused on the followingjds viz: Modulation and detection; amplitude

modulation: square law modulator and detector,chwigy modulator, envelope detector, double
sideband suppressed carrier (DSBSC) modulationergéon of balanced modulator, ring

modulation, coherent detector of DSBSC waves, dsbhlanced modulator; Single sideband
modulation (SSB) and demodulator; vestigial sidebamodulation (VSB); frequency modulated

(FM) systems,; high frequency oscillators, highuhimpedance circuits.

You will learn about the four essential pillars thfe course. The four modules includes:
communication system model, amplitude modulatigme$y detection/demodulation strategies,
and frequency modulation/ultra high impedance sgystgo simplify the course modules, each
module has been broken down into units.

We started with Module 1 which introduced the comioation system model. Under this
module, Unit 1 discussed the model of a commurdoatystem; Unit2  presented noise
analysis; Unit 3 discussed signals computation evlihit 4 looked at the introduction to
modulation /types of modulation.

Module 2 focused on the amplitude modulation typéisder this module, Unit 1 presented the
amplitude modulation concepts. Unit 2 focused om types of Amplitude Modulation (AM)
techniques. Unit 3 presented amplitude moddlaignal generation while Unit 4 presented
Amplitude Modulation Techniques.

Module 3 of this course presented Frequency Morumatnd Ultra High Impedance Systems. In
Unit 1 of this module, you will learn about the cept off frequency modulation and its related
concepts. In Unit 2, you will learn about FrequeMuydulation Transmitters. In Unit 3 you will

learn about ultra high frequency tubes and osoiat Unit 4 focused on high impedance circuits

In Module 4, we introduced detection/demodulatitrategies in communication systems. The
emphasis on AM detection/demodulation.

As you have seen, these subjects are well understtbin the context of the communication
systems.

In each unit, we outlined the focused objectivesinmcontent, conclusion, summary and
references. This makes for a simplified readingeemnce.

We wish you success.
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1.0INTRODUCTION

With advancements of every society regarding efitutal, business, manufacturing, computing,
agricultural sectors etc, there became an interes@red for individuals (humans), as well as
objects to communicate with other individuals suelatives, friends, associates, etc across the
globe. Interactions such as such Human to humahiiYH@achine to Machine (M2M), or even
human to machine (H2M) usually involves communaati The science of communication
involving long distances is called Telecommunicataerived from the word “tele”, meaning
long distance.

In technical context, communication defines trarssion, reception and processing of
information by electronic means. The original commication systems viz: line telegraphy was
invented in the eighteen forties. But radio comroation became a reality in the beginning of
the 20" century with the invention of triode devices. Radiommunication has evolved
immensely from the™ world war till date. This is as a result of thepksion in the invention of
transistors, integrated circuits and other semdaator devices. Moore’s law of transistor count
still drives the electronic industries supportietetommunication till date. In the recent years,
communication has become more widespread with feeaf satellites, fiber optics, and long
term evolution networks (3-5Gs). Telemetry and raglstems play vital role in our military
defense, navigation and even scientific researgagaments.



Generally, a comprehensive learning of telecommatimn systems as highlighted above will
stimulate critical thinking on how to match humawolgems with technological solutions. Here,
you will learn about communication systems modehstituents of communication system
models, examples of communications systems incgudendwidth requirements. Towards the
end of this unit, the concept of frequency specti@mmunication systems will be explained.

2.0 OBJECTIVES

After going through this unit, you should be alde t

understand the concept of communication systems
differentiate between different elements of comroation systems
understand the importance of using high carriegdeancies
compare the different RF spectrum

Understand the limitations of electrical commurnmatsystems.

ANANANA Y

3.0 MAIN CONTENT

3.1.Model of Communication System
To transfer information from poi to pointB, another form of link is required between the
two pints. A communication system therefore spesithe totality of mechanisms that offers
the needed information link. For example, an elegkrcommunication system could serve
this purpose being the information link. The malea behind any communication system is
to successfully replicate the source informatiorthat destination. As such, for successful
communication to be achieved, the message receivted destination must remain identical
to the original message evolving from the sourcEhe different steps involved in the
transmission of information are enumerated below.
I. Origin of information in the mind of the person wivants to communicate.
il. Generation of message signal carrying the infolonati
iii. Converting the message signal into electrical fuming a suitable transducer.

iv. Processing the message signal such that it wik llag capability to travel for a long
distance.

V. Transmission of the processed message signal ttetiee destination

Vi. Reception of the processed message signal at siredeestination

Vil. Processing the received message signal in suchyaomaecreate the original non-
electrical form

viii.  Finally, delivering the inform from the messagensigto the intended person

A clear understanding of the basic issues in thevalsteps independent of the type of
communication system will lead to comprehensive eusdnding of any communication
system such as telephony, radio broadcasting,iseédevbroadcasting, radar communication,
satellite communication, fiber optics communicatioomputer communication and wireless
communication. These are typical examples of comoation systems.

We can use a block diagram to represent all forinsoonmunication systems. Let us
consider a typical communication system model iguF@ 1, and discuss the various
constituents that functions to achieve a relialdenmunication sequence. Generally, any
communication system will have five blocks. For theposes of simplicity, we shall focus



on three blocks only (transmitter, channel and ivecg since we have little or no control
over information source and destination.

Information Transmitter Channel Receiver

»| Encoding Modulation _ ) | Encoding Modulation | |
(Distortion) (distortion)

(distortion)

Destination

Noise Sources
and Interference

Figure 1.1. Block diagram of a general communicatio system

3.1.1. Subsystems of Communication Systems

From Figure 1.1, modern communication system casulbemarized into:

I. Collation/sorting, processing and storage of infation

il. Actual transmission of information involving furthprocessing and also reducing
noise.

iii. Reception of information involving such processstgps as decoding, storage and
interpretation.

In context, we shall define and discuss a few irtgodrterms such as information, message,
and signal, channel, noise and distortion, modutedind demodulation etc.

3.1.1.1. Information Source

As previously explained, the aim objective of amgmenunication system is to convey
information form one point to another. The informmatcomes from the information source
which originates it. Messages originate in the rimfation source. Essentially, there may be
several messages in form of words, group wordse sgchbols, etc.

From various messages, other desired messagee@texskbnd transmitted. This is especially
applied in telegraphy rather than entertainmenadcasting. It however, still applies to all

forms of communications. The information in conteepresents the abstract level of
anything intended for communication such as nepsesh signal, written script or picture. It

is converted in form a physical quantity.

Also, in electrical communication systems, we aterested in transmitting the information
presented as the message signal to the receiving a® efficiently as possible. However,
this message signal will be in non-electrical form.

For the purposes of electrical communication, tosld be converted to electrical signal
from using a suitable transducer. Transducers evieels used to convert energy in one form
to another. For instance, if | choose to conveythoyight that want to buy a new television
to my friend via speech mode, then the informatidhbe manifested as the speech sighal.



want to buy a new televisias the information and the speech corresponding i® the
message signal. The speech signal is the acousssyre variations plotted as a function of
time.

These acoustic pressure variations are converteceiactrical form using microphone as the
transducer. The electrical version of the messagfgei actual input to the transmitter block of

Figure 1.1.
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Figure 1.2b. WiMax Radio model design (Voice)
Figure 1.3 shows a physical antenna (as a trangdused to transmit the modulated signal from
the modulator into the atmosphere. It convertssigaal energy in guided wave form to free
space electromagnetic waves.

Figure 1.3. Radio antenna model

3.1.1.2. Transmitter Block

The main objective of the transmitter block is tdlate the incoming message signal and
modify it using a suitable signal conditioning eate (transducer) such that it can be
transmitted via the chosen channel to a receivesgiation shown in Wimax setup in Figure
1.2b. Figure 1.4 shows the block diagram of a heylel amplitude modulated broadcasting
transmitter. The channel is the physical mediuat tionnects the transmitter block with the
receiver block. The functionality of the transmitidock is mainly determined by the nature
and type of the channel chosen for the communicatio long distance radio broadcast
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communication, signal amplification is employeddsefmodulation. The signal or message
in a radio transmitter is amplified in several stagf small signal amplifiers (voltage

amplifiers) and large signal amplifiers (power aifigrs) and may be encoded to make it
suitable for transmission and subsequent reception.

Finally, the signal or information amplitude modekathe carrier (high frequency sine wave)
as shown in Figure 1.4. The actual modulationrt&gre will of course differ from system to
system. As such, the modulation may be done dt bagrier level or low carrier level.
Figure 1.4 illustrates the high level modulatiosteyn. In this case, the stable carrier voltage
of desired frequency is generated via a mastelatscisuch as crystal oscillator.

The buffer amplifier stage follows the oscillatdoak interface and it is used to isolate the
master oscillator from the influence of modulataone at a later stage. The buffer amplifier
is followed by a chain of R.F voltage and power &afieps and finally fed to the RF output
power amplifier where the carrier gets amplitudedmiated. We can equally call Figure 1.4
a high level broadcast transmitter.

Transmitting antenna

Y

Master Oscillator RF Buffer RF Voltage and RF output Power
or Crystal > Amplifier Power Amplifiers > amplifier
Oscillator -

7'y
Modulating Modulating Process Modulating Modulating Power
Frequency Signal > > Frequency > Amplifier
Voltage Amplifier

Figure 1.4: A Typical block diagram of a radio broadcast transmitter

In general, the transmitter block diagram of Figdrd has several operations such as
amplification, generation of high-frequency carrsggnal, modulation and then radiation of
the modulated signal. The amplification procesemrsslly involves amplifying the signal
amplitude values and also adding required powesisev

Now, the high-frequency signal is basically cargyimut the modulation operation.
Remember that this high-frequency signal commomaled the carrier is generated by the
stable crystal oscillator. The carrier signal isreltterized by these three parameters viz:
amplitude, frequency, and phase. Again, the moubmairocess (which we shall discuss in



details in Unit 2) involves varying one of theseagmeters in accordance with variation of
the message signal.

3.1.1.3. Channel

As shown in Figure 1.1, the channel also calleddlor wave is the physical medium which
connects the transmitter with the receiver. Exasplesuch physical medium include copper
wire, coaxial cable, fiber optic cable, wave guadel free space or atmosphere. The choice
of a particular channel depends on the feasibditgl also the purpose of communication
system. For instance, if the aim is to provide emivity for speech communication among a
localized segment of people, then copper wire maythe best choice. If the information
needs to be sent to scattered geographically keaddio and television broadcasting, then
free space or atmosphere will be the best optitre. fErm channel is used to indicate the
frequency range allocated to a given service amstrassion. A television channel for
example occupies a bandwidth of 7MHz while an atugé broadcast channel occupies a
bandwidth of 10Khz.

The nature of modification of message signal intthasmitter block is based on the choice
of the communication channel. This is because thssage signal should smoothly travel
through the channel with least opposition so thakimum information can be delivered to

the receiver. The message signal in the modifieah fivavels through the channel to each the
entry point of the receiver.

During the process of transmission and receptibg, gignal gets deteriorated due to i)
distortion in the system and ii) noise introducedhe system.

This is illustrated in Figure 1.5. The noise sodduced is an unwanted energy, usually of a
random character and may be caused by variousesurthe noise gets superimposed on
the signal. With sever noise; the signal-to-noise/gr ratio becomes so poor that the signal
becomes unintelligible and hence useless. Noiseechdd Figure 1.1 has its greatest
damaging effect when the signal is weakest. Thigiga that the noise in the channel or at
the input to the receiver is most effective in detating the signal-to-noise ratio.

T | “_: | S (i L i £V n i Dy (o £l

n
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Figure 1.5. Channel noise signal deterioration impa on a communication system

3.1.1.3. Receiver Block
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The receiver block receives the incoming modifiedsion of the message signal from the
channel and processes it to recreate the origiai-€lectrical) form of the message signal.
There are a great variety of receivers in commuioicasystems, depending on the
processing required to recreate the original messagal and also final presentation of the
message to the destination. Receivers in commumicaystems are of widely different

varieties depending on the system requirements asamodulation system used, operating
frequency, range of the system, type of display, et

Most of the receivers do conform broadly to theesupeterodyne type, as does the simple
broadcast receiver whose block diagram is showrFigure 1.6.The super heterodyne
receiver includes processing steps like recep@omplification, mixing, demodulation, and
recreation of message signal. Among the differeotgssing steps employed, demodulation
is the most important one which covers the messagel available in the modified form to
the original electrical version of the message.

Hence, demodulation is usually the inverse oparatfomodulation. The purpose of receiver

and the form of output display influence its constion as much as the type of modulation
system used. Accordingly, a receiver can be a siemple crystal receiver with headphones,
to a far more complex radar receiver, with its iwved antenna arrangements and visual
display system. The output of a receiver may betéed loud speaker, video system unit,
teletypewriter various radar displays, televisiactyre tube, pen recorder, computer. In each
instance, different arrangements must be made, affetting the receiver design. Usually,

the transmitter and receiver must be compatibleh vaippropriate modulation methods,

coding methods, time or synchronization and theives demodulation methods etc.

Receiving antenna

nd

RF Amplifier Stage Mixer

Audio Voltage
& Power
Amplifiers

Frequency Intermediate Demodulator
Frequency > /Detector

A 4

Master Oscillator
or Crystal
Oscillator

Figure 1.6. Channel noise signal deterioration ichpa a communication system

Let's now discuss the pathology of Figure 1.6. Nawthe simple super heterodyne broadcast
receiver shown in Figure 1.6, the voltage inducethe receiving antenna (such as Figure 1.3) is
fed to R.F amplifier. The amplified carrier voltafyem the R.F amplifier and the local oscillator
voltage are heterodyned or mixed in the mixer stagellting in intermediate frequency (I.F)
voltage. This I.F voltage is amplified in I.LF anfi@dr and then fed to the detector, at the output of

11



which we get the original signal voltage. This audbltage is amplified and fed to the loud
speaker or any other output interface as explgmediously.

Figure 1.7 shows a simplified block diagram of pitgl colored television receiver. We will
refer to it throughout this book. It shows that amceiver must be capable of extracting
information from the incoming channels to whiclisituned. The shaded blocks show examples
of where demodulation or detection occurs for tise® and audio signals.

Generally the sound uses frequency modulation (Rihile the video signal uses amplitude
modulation (AM). The age of digital television ambdern data communications will use other
techniques. All these methods will be discussest iatthis book.

o " .
Adgk_r fll]Ll 'Quadrature /— To picture tube
Méi:c]:‘llﬁllfr detector
o LSS
Chrominance
circuits
F - - - -
Vision | L<Vision | Luminhnce :
Tuner — ' —= To picture tube
IF Amp | L detector”] Amp .
IF Amp _,-"r.“ Fl\'i -"rl‘:-"_ xAUdiO
i detector 1 Amp

Figure 1.7: A simplified block diagram of a typicadlored television receiver.

3.1.1.4. Destination Block

Recall that from Figure 1.1, it was establishedt tie destination is the final block in the
communication system which receives the messagealsighich is processed in order to
comprehend the content information it carries.

The human beings are usually, the destination bldbk incoming message signal via speech
mode is processed by the speech perception syst@oniprehend the information. Similarly,
the message signal via video or visual scene antemrscript is processed by the visual
perception system to comprehend the informatiore @dmprehension of the information from
the message signal requires a robust human pereptstem in extracting the information even
under very noisy condition otherwise it will amouotwaste of efforts.

3.2. High Carrier Frequency in Communication Systers
A good question usually posed to students is whyvdmeed high frequency carrier in Figure
1.1? We shall discuss few concepts in this redstbw. We must understand that the
communication carrier frequency is determined lgyftllowing factors such as:

I. Radiation efficiency

il. Size of antenna

iii. Ease of selection of radio signal in the receiver

iv. Range of communication distance

V. Operating frequency etc.

12



The transmitting antenna radiates efficiently, iradiates a fraction of the total power fed ti it

its dimensions are comparable with the carrier Vemgth. The size of the antenna conductor
(see Figure 1.3), is therefore inversely propodidon the carrier frequency. The implication is
that the higher the carrier frequency, the smaltet hence economical is the antenna structure
needed. In this regard, higher carrier frequenaiesmostly preferred in communication systems.
Furthermore, the higher the carrier frequency iter is the selection of signal in the receiver.
In this regard also, higher carrier frequency &fgired.

3.3. Modulation requirement

It is known that to transmit information some fooh frequency transformation is necessary
since we cannot send input signals directly over ¢hannel. As such as carrier wave (radio
frequency signal) whose attributes are well suttedhe transmission medium is modified to
represent the message signal.

By definition, modulation is the process of varyisgme characteristics of a high frequency
sinusoidal voltage called carrier voltage in corsme with the instantaneous value of another
voltage called the modulating voltage. The caw@tageV, is usually represented by

Ve =V, Cos(ws+¢) (1.1

Where

V. = is the instantaneous value of carrier voltage

I, = is the amplitude of the carrier voltage

w; = is the angular frequency of the carrier voltageadians/second

¢ = is the phase angle relative to some reference

From Equ (1.1), we can vary any of the three patamquantities viz: amplitude, frequency,
and phase angle in consonance with the modulatoiage. The resulting modulations are
referred to as the amplitude modulation (AM), freqay modulation (FM) and phase
modulation (PM) respectively. The reasons for nation and the various types of modulation
is discussed in Section 3.3.1.

3.3.1. Reasons for Modulation
Are there reasons for modulation? Sure! Regarddésbe type of modulation methods used
(amplitude, or angle), analogue or digital, thesogws for modulation include:

1. For Ease of radiation since by utilizing the fregeyetranslation property of modulation,
signals can be impressed on a high frequency cathereby permitting substantial
reduction of antenna size.

2. For frequency Assignment. Modulation allows seveasdio and TV sources to broadcast
simultaneously at different carrier frequencies alows the owner of a radio or TV set
the option of selecting one of the several statienen when all the stations are
broadcasting similar program in the same transonssiedium.

3. For Noise and Interference reduction. By usingatertypes of modulation schemes that
enforces wide band noise reduction, this can addrese and interference issues at the
expense of Bandwidth for noise suppression.

4. For Signal multiplexing involving several signalartsmitting between the same two
points. Modulation by signal multiplexing allows Hiple-signal transmission on one
channel such that signals can be picked out aetteving end.

5. Equipment Limitation. Using modulation to achiduequency translation eradicates the
constraints of communication system equipment ufeibty. Modulation can be used

13



to convert wideband signal to a narrowband sigm&reby optimizing equipment
availability issues.

3.4. Bandwidth requirement

The frequency bandwidth required for a given trassimn depends on the maximum
modulation frequency and the nature of modulafidre modulating voltage signal is hardly ever
a single sine wave voltage. In practical contaxtonsists of several sine voltage waves having
frequencies extending over the audio frequency baidis electrical signal produced by a
speech or musical instrument may extend over td@dtequency range of 20Hz to 20Hz. This
is rather a wastefully large frequency bandwidtlenek, in practice, it is narrowed to range O-
3kHz for telegraph, 0-5kHz for AM broadcast andSkHz for FM broadcast. Radio telephony
or carrier current telephony uses a single sidelam#ting using amplitude modulation. Hence,
bandwidth requirement per channel is basically Z.kFHAM broadcast uses double-sideband
system thus requiring per channel bandwidth of 24®kHz. FM produces sidebands extending
theoretically up to infinity. However, the signifint sidebands extend usually only up to fifth
order sideband. Hence, with maximum modulating desgy of 15 kHz, the total bandwidth
requirement per FM broadcast channel is 2x5x15G=-kKtf.

From the above explanations, we have seen thatahdwidth of the modulating transmission
depends upon the bandwidth of the modulating sigtsalf. In case the modulating signal
consists of sinusoidal signals, the bandwidth omxljequals the frequency range between the
lowest and highest sine wave signals. Instancesoof sinusoidal wave signals are quite
complicated. The frequency spectrum occupied by-sioasoidal wave signals can be
determined by using Fourier series analysis.

3.5. Non-sinusoidal wave Frequency Spectra

It is important to understand that any non-sinuslgihgle valued periodic wave such as square
wave, triangular wave or saw-tooth wave may bededi via the process of Fourier series
analysis into a series of cosine and sine wavesistimg of a fundamental frequency (equal to
the repetition rate of the non-sinusoidal wave aighand harmonics as well. There are an
infinite number of such harmonics.

Hence, a non-sinusoidal periodic wave of repetitiate 100times per second will consist of
terms of i) Fundamental frequency 100Hz and amntonics at 200Hz, 300Hz, 400Hz, etc. It
cannot contain any other frequency componentsotmesinstances, only even harmonics or only
odd harmonics may be present depending on the wawedf non- sinusoidal wave. Although
the harmonics theoretically extend up to infinibyt in general, the higher the harmonic, the
lower its relative amplitude. The presence of siiae components as given by Fourier series
analysis may be verified by the following two medko

I. Graphical synthesis involving the drawing of sinever components taken from the
Fourier series analysis formula and adding uphalldomponents
il. Wave Analyzer which is a high gain tunable amplifigth a narrow pass band. In
this case, we may tune to each component sine wavern and measure its
amplitude.
We shall talk more on Fourier series analysis it @rof this lecture course material.

14



3.6. RF Spectrum

We shall discuss the classification of the RF spectconsidering the wide range of frequencies
available within the communication systems modd&le RF spectrum covers carriers of wide
range of frequencies used in radio communicatiostesys for different services. Table 1.1
shows the classification of electromagnetic spectused for radio communication. It presents

the propagation characteristics and the type ofces it supports.

Table 1.1: Standard Classification Spectrum of eagy used in communication

Radio Carriel Free Spac Clas: Propagatior
Frequency Wave length Characteristics | Radio Services
(meters)
10-30KHz 3 x 1¢*-10° Very low Available at all | Long Distance
Frequency (VLF)| times of day and| Point to Point
year. Attenuation Communication
is Low
30-300KHz 10*-10° Low Frequency | Duringday time | Long Distance
(LF) absorption Point to Point
exceeds that with Communication
VLF. During Navigation
night time,
propagation is
similar to VLF
30C-3000KH: 10°-10° Medium Day time Broadcasting
Frequency (MF) | attenuation is ship to shoe
Low communication
(lonospheric
propagation)
3-30MHz 10*-10 High Frequenc' | lonospheric National anc
(HF) propagation international
broadcast; point-
to-point
telephone and
telegraph
communication,
Aviation
30-300MHz 10-1 Very High Tropospheric Radar;
Frequency propagation Television; F.M
(VHF) (typical range Broadcast, Short
equals line of distance
sight) communication
30C-3000MHz 1-0.1 Ultra High Sami Facsimilg
Frequency Television Relay
(UHF) Air navigation
300(¢-3000MHz | 0.1-0.01 Super High Sami Radar
Frequency (SHF Navigation,
Radio Relay

15



4.0 CONCLUSION

In this introductory unit, you have learnt aboug thasic concepts of a general communication
system. You have not only learnt about the prilesipf communication system, but also about
the basic constituent of a communication systéypscal examples of communication systems,
High Carrier Frequency in Communication Systems,dMation requirement, Bandwidth
requirement, Non-sinusoidal wave Frequency Spectdsthe classification of RF spectrum.

5.0 SUMMARY
In this unit, we have learnt about the basic cotxced a communication system. Its basic
elements include:

e The signal collation/modulation, encoding, procegsind storage of information units

e Base band transmission of information through ckann

e Signal reception involving decoding, storage artdrpretations

We have learnt that transmitters consist of:

Transducer which converts information into eleetrgignals.

Modulation processing units with frequency voltage high power amplifiers.
Master oscillator.

RF buffer amplifier cascade for isolation of thestea oscillator.

RF Voltage and power amplifiers.

RF output power amplifier comprising the modulageadplifier.

The transmitting antenna.

We explained that the channel denotes the mediwd tespropagate the message from the
transmitter to the receiver while the receiver suwsh super heterodyne radio receiver
normally consist of

e RF amplifier used to amplify deteriorated weak Rfhals

e Local oscillator.

e Frequency mixer used to mix or heterodyne RF sgyméth the local oscillator output,
hence producing an intermediate frequency sigiad (I

IF amplifier.

Detector circuits used to re-generate the origaake band/ audio signals.

Audio frequency voltage and power amplifiers.

Speaker transducer to reproduce the original seigral.

Also, we explained the need for high carrier fraguyein relation to transmitting antenna and
showed the classification of RF spectrum viz: Vieny Frequency (VLF)- 10-30KHz, Low
Frequency (LF)- 30-300KHz, Medium Frequency (MFRPO3BOOOKHz, High Frequency
(HF)- 3-30MHz, Very High Frequency (VHF)- 30-300MH4ltra High Frequency (UHF) -
300-3000MHz, Super High Frequency (SHF)- 3000-30BaM

6.0 TUTOR-MARKED ASSIGNMENT

1)Mention the elements of a communication systemiefly describe their individual
functionalities using a labeled diagram.
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2) List the basic functions of a radio transmitted the corresponding functions of a receiver.
3) Enumerate the typical frequency ranges for thiewing RF spectrum classification: MF, HF,
VHF, and UHF.

4) Explain why radio wave carrier performs criticale in radio communication.

5) Explain the difference between the term “messagd “information”.

6) Draw the block diagram of a typical high-levalbbddcast A.M transmitter. Discuss the
function of each stage.

7) Why is a high carrier frequency needed in a compation system?

8) List the factors that the bandwidth requirenafred communication system depends on.

7.0 REFERENCE/FURTHER READING
George Kennedy, “Electronic Communication Systen®§” Edition, McGra Book Company,
New York.

G.K. Mithal, “Radio Engineering”, 12 Edition, ISBN: 81-7409-014-2, Romesh Chander
Khanna Publishers, Delhi, India.

James Flynn and Sharlene Katz(2010); Introductiom €ommunication Systems,
https://www.csun.edu/~skatz/katzpage/sdr projecdtschm intro 07 01 2010.gdf Date
Accessed 10/10/2017.

John G. Proakis Masoud Salehi (2002) Communicatiystems Engineering By Prentice-Hall,
Inc. Upper Saddle River, New Jersey, ISBN 0-13-0956

Upamanyu Madhow (2014); Introduction to CommunmatSystems University of California,
Santa Barbara January 17. Online URL -
http://www.ece.ucsb.edu/wcsl/Publications/intro_oomsystems_madhow_jan2014b.pdf

Jossey-Bass/Pfeiffer (1998); Basic Communicatiod&oThe Pfeiffer Library Volume 25, 2nd
Edition.

17



UNIT 2 NOISE IN COMMUNICATION SYSTEMS

CONTENTS

1.0Introduction
2.0 Objectives
3.0. Main Content
3.1. Classification of Noise
3.1.1. External noise
3.1.2. Internal noise
3.2. Atmospheric Noise
3.3. Extra-terrestrial Noise
3.3.1. Solar noise
3.3.2. Cosmic noise
3.3.3. Industrial/Man-made noise
3.3.4. Thermal Agitation noise
3.3.5. Short noise
3.3.6. Transit Time Noise
3.4. Internal Miscellaneous Noises
3.5. Noise cascade in Complex Networks
3.5.1. Derivation of Additive Noise
3.5.2. Practical Additive Noise
3.5.3. Noise in Reactive Circuits
3.6. Signal-to-Noise Ratio
3.7. Noise Figure
3.7.1. Noise Figure Computation
3.7.2. Determination of Noise Figure in Terms ofilzglent Noise Resistance
3.7.3. Measurement of Noise Figure
3.8. Noise Temperature
4.0Conclusion
5.0 Summary
6.0 Tutor-Marked Assignment (TMA)
7.0References/Further Readings

2.0INTRODUCTION

Noise is a very important topic in communicatiostsyns that must be properly studied in order
to understand its underlying implications in commeation systems. Electrical disturbances
normally interfere with systems thereby producitgsa in the output of the electrical system. It
is always present and in most cases affects thetopeal performance of critical systems.

Its measurement and evaluation seems to be quigblea owing to its nature. For example, in

an A.M broadcast receiver, noise may cause higsitoudspeaker output.

In a Television receiver, noise may appear in toupe tube in the form of “snow” (in black and
white TV receiver) or colored snow (in color TV eieer). In pulse communication system,
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noise may result in unwanted pulses or may caneelay more wanted pulse thereby causing
serious errors in reproduction. Similarly, in Radgstem, noise produces spiky pulses in the
output reproduced on the indicator. It extensiadfgcts the sensitivity of a receiver by placing a
limit on the weakest signal that can be amplifiedmost electronic communication system such
as Radar system, noise tends to impose a limhebandwidth of the system.

2.0 OBJECTIVES
At the end of this unit, you should:
v be familiar with the concept, types and sourcesoige.
v understand the methods of calculating noise pratibgerarious sources.
v' demonstrate the understand noise metrics suclhgaal4o-noise ratio, noise figure and
noise temperature.
v be able to solve problems involving resistancetantperature induced noise.

3.0. MAIN CONTENT

3.1. Classification of Noise

A good question is what is Noise?

In electronic communication systems, noise may dfendd as any form of energy which seeks
to interfere and distort with proper reception aeg@roduction of wanted signal. Numerous

disturbances of electronic or electrical formatdsgenoise in the output of the system. There are
different forms of noise whose categories are ghveliow.

3.7.1. External noise-its sources are external to the receiver of thmmonication. External
noises may be classified into the following thrgeets:
i. Atmospheric noises
ii. Extraterrestrial noises
iii. Man-made noises or industrial noises

3.7.2. Internal noise-Here, its sources are obtained within receiver & tommunication
system. Internal noise may be classified into dilewing categories:
i Shot noise
ii. Transit time noise
iii. Miscellaneous internal noises.

It is difficult to handle external noises quantitaty and in a given geographical location,
these forms of noise are uncontrollable. Therefaraeduce the adverse effect of external
noise, the best option is to shift the system wtteer location having smaller noise level. For
this reason, radio telescopes are always locatexry dmem industrial areas where various
electrical processes produce large electrical noise

Similarly, satellite earth stations are locatedaise free valleys. Internal noises on the other
hand can be handled quantitatively and can alsedheced by proper receiver design. Since
this noise is randomly distributed over the entiiegjuency spectrum, the noise present in a
given bandwidtiB is the same at any frequency in the frequency gpactThus the random
noise power is proportional to the bandwidth ovdrioh it is measured. Considering the
above enumerations, we shall now discuss themtailsle
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3.8. Atmospheric Noise

This is also referred to as static noise and iseauy lightning discharges in thunderstorms and
other natural electrical disturbances occurringhie atmosphere. These electrical impulses are
random in nature. Hence, the energy is spread thecomplete frequency spectrum used for
radio communication. Atmospheric noise basicallynsists of spurious radio signals with
components spread over a wide frequency range.eTssrious radio waves constituting the
noise get propagated over the earth in the sanmofass the desired radio waves of the same
frequency. In context, at a given receiving pothg receiving antenna picks up not only the
signal but also the static from the entire thunidens, local or remote.

The field strength of atmospheric noise varies agipnately inversely with the frequency. Thus
large atmospheric noise is generated in low andunedtequency (broadcast) bands while very
little noise is generated in the VHF and UHF bardsther VHF and UHF components of noise
are limited to the line-of-sight (less than aboQk®) propagation. For these two reasons, the
atmospheric noise becomes severer at frequenaeg@xg about 30MHz.

3.9. Extra-terrestrial Noise
There are numerous types of extraterrestrial nasespace noises depending on their sources.
However, these may be classified into two majougsoviz: Solar noise and cosmic noise

3.9.1. Solar noise

This is the electrical noise emanating from the. dunder quiet conditions, there is a steady
radiation from the sun. This results because tmeiswa large body at a very high temperature
(exceeding 6000 deg C on the surface), and radiédeetrical energy in the form of noise over a
wide frequency spectrum including the spectrum dsedadio communication. This solar cycle

creates electrical disturbances with an increagstémsity.

3.9.2. Cosmic noise

This is found in distant stars or suns having \Jegh temperatures. These stars therefore radiate
noise in the same way as sun. The noise receioed finese distance stars is thermal noise or
black body noise) and is distributed almost unifigrover the entire sky. Noise is also received
from the center of our own galaxy (the Milky wajfpm other galaxies and from other virtual
point sources such as quasars’ and pulsers. Tlastiganoise is very intense but since it comes
from very distance sources, the angle subtendetédgarth is very small. Hence, the strength of
galactic noise received on earth gets diminished.

At this point, it is feasible to conclude that thgace noise is significant at frequencies in the
range from about 8MHz to somewhat above 1.43gigeeh@GHz), where this frequency
1.43GHz corresponds to 21cm hydrogen line. In thguency range of 20 to 120MHz, the space
noise forms the strongest noise component nexttortlye man-made noise.

However, below 20MHz, not much of the space no&®efrates through the ionosphere to reach
the earth. Also, the space noise disappears aidreies in excess of 1.5GHz probably due to its
absorption by hydrogen in interstellar space.

3.9.3. Industrial/Man-made noise

This refers to the electrical noise produced by@esisuch as auto-mobile and air craft ignition,
electric motors, and switch gears, leakage fromh higltage lines, fluorescent lights, and
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numerous other heavy electrical machines. Sucles@se produced by the arc discharge taking
palace during operation of these machines. Thessesicexceed all other sources in the

frequency range extending from about 1MHz to 600MHz

The nature of industrial noise is highly variabfeznce it can be analyzed only statistically.

Hence, man-made noise increases as the receivéwladh increases.

3.9.4. Thermal Agitation noise

The noise generated in a resistance or the resistmponent of complex impedance is called
thermal agitation, white or Johnson noise. It osalue to the rapid and random motion of the
molecules (atoms and electrons) inside the compotsetr.

From the perspective of thermodynamics, kineticotheexplains that the temperature of a
particle is a way of expressing its internal kinethergy. Thus the “temperature” of a body is the
statistical root mean square (rms) value of theacrgl of motion of the particles in the body.
From this theory, the kinetic energy of these phketi becomes approximately zero (i.e. zero
velocity) at the temperature of absolute zero, Qaleg K (nearly -27°&). Hence, it valid to say
that the noise generated by a resistor is propwtito its absolute temperature, in addition to
being proportional to the bandwidth over which tloése is to be measured.

B,aTAB (2.1)
Therefore, we can obtain the following mathematioaldel for the maximum power outpBi

of a resistor.

P,=K=TB (2.2)

K = Boltzmann constant (1.880723 joule/deg.K)

T= Absolute temperature, K =2%3 + deg.C

B = Band with in hertz.

Note that random noise is always expressed in tefmss value and not its instantaneous
value. The peak noise voltage hardly ever exceétisiés the rms value.

From Equ (2.1), we can draw an equivalent circtiitesistor as a noise generator as shown in
Figure 2.1.

Figure 2.1. Resistor as a noise generator.

From this equivalent circuit, we may compute tr&st®r's equivalent noise voltagk Now let
a noiseless load resistBr be connected across the noise generator as sinokigure.2.1. For
maximum power transfer from noise souiMe to load resistoiR_ it is pertinent to maintain
R_- R.Then, the maximum noise power so transferred isrgby Equ. 2.3.

_ VR _vE_ (w2 VR
R b (2.3)
V2 = 4RP, = 4ARK * TB (2.4)
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V, = VARK + TB (2.5)

From Equ. 2.4, we conclude that the square ofrieennoise voltage associated with a resistor is
proportional to the absolute temperattiref the resistor, valuR of resistor and the bandwidth B
over which the noise is measured. This is becaogens random and as such on an average
evenly distributed over the spectrum.

Example 2
A resistor of value 2QR is connected at the input of an amplifier opeatwver the frequency
range 10 to 11MHz. Compute the rms noise voltageeinput of the amplifier if the ambient
temperature is 2.
Solution:

Now T = K =273C + deg.C = 27% +24C = 397C.

K = Boltzmann constant (1.880723 joule/deg.K)

R= 20KQ.

B =11-10MHz

From Equ.2.5,

V, = V4RK * TB

V, = V4x1.38x10723x(273 + 24)x20x103x(11 — 10)106 volt = 18.JuV.

Example 3

The noise output of a resistor id simplified by aiseless amplifier having gain of 40 and
bandwidth of 40 KHz. A meter connected to the otigfithe amplifier reads 4mV rms. a) if the
resistor is operated at %47, what is its resistance? b) If the bandwidthhef amplifier is reduced
to 10KHz, its gain remaining constant, what wikk timeter read now?

Solution:

V, = VARK + TB
2

Hence R = —=

4RK*TB

Thermsnoise voltage generated in the resiglgr = ‘T—O”:lOQlV
_ (100x1076)2
T 4x1.38x10~23x(273+27)40x103

R =15.1x10° Q

b) Initially, B = 40kHz
Then,V,=V4RK * TB,

Vo = AVARK * TB
WhereA is the amplifier again. The subsequent bandwidttrapped to 10kHz, ie. B’ = B/4.

HenceV, = A [4RK * T (2) = 2 AVARE = 1x4my = 2mv.

Example 3
A parallel tuned circuit having Q=10resonanceslz with 10pF capacitor. If this circuit is

maintained at C, what noise voltage will a wide band voltmeterasige when placed across
it?

Solution.
1 B R,
(‘)OC Qn
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This implies that,

R. =20 _ 10
U woC T (2mx107)x10x10~12
Ry = 15.9kQ.
7
B=L=20=10%Hz
Qo 10

HenceV, = \/4x1.38x10‘23x(273 + 27)x15.9x103x106V =16.224V.

3.9.5. Short noise
Another form of noise is the short noise which hssfriom short effect present in all amplifying
devices and virtually all active devices. This aised by random variations in the arrival of
electrons or holes at the output electrode (orectdkr in the case of CE amplifier) of an
amplifying device. Hence, the noise voltage appesgsa randomly varying noise current
superimposed on the direct current in the outprdudi of the amplifying device. The noise
voltage gets amplified by the subsequent amplifigtagges and when fed to a loudspeaker causes
noise as though a shower of lead shots were fabimga metal sheet. This substantiates the
concept of shot noise.
In an active device, the average output currengaserned by the different bias voltages.
Obviously, the number of electrons migrating at d¢put electrode varies randomly with time.
In bipolar junction transistor, this result mainlye to random drift of the discrete charge carriers
(electrons or holes) across the junctions. Thesptken by different carriers are random and
hence unequal. Hence although the average collegtognt is constant, minute variations result.
Several variables are involved in the generationsiodt noise. Hence usually approximate
eqguations are used for shot noise except in the aba diode. For a diode, thes shot noise
current in amperes is given by current in amperdsqu. (2.6),

I, =./2ql,B (2.6)

Whereq = Magnitude of the charge of an electron (11®%’coulomb)
I, = Direct diode currenfbmp

B= Bandwidth of the systerilertz

3.9.6. Transit Time Noise

In the very high frequency (VHF) range, the tratisite (i.e., the time taken by an electron to
travel from say the emitter to the collector inransistor) becomes comparable to the periodic
time of the signal being amplified. In this regafdansit time effect is said to taken place. As a
result of this, the input admittance of the tratmsisncreases. The thermal noise generated in this
input resistance then represents the noise cotitibaf the transit time VHF domain. You must
understand that in a typical transistor, at fregiesnbeyond the one at which transit time noise
becomes perceptible, this noise goes on increagiigthe increase of frequency at a rate which
soon approaches 6dB/octave. At such high frequentties noise predominates over other noise.
Hence at such high frequencies, it is preferabla¢asure the noise rather than make an attempt
to calculate the input equivalent noise resistafssentially, an RF transistor, however, have
remarkably low noise.
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3.10.Internal Miscellaneous Noises
We shall look at few of these types of noises below

- Flicker Noise: Flicker noise otherwise known as maton noise is the type that often
appears in transistors operating at low audio fegies. Flicker noise is proportional to
the emitter current and junction temperature oframdistor. However, this noise is
inversely proportional to the frequency. As suctewfneglected at frequencies above
about 500 Hz, and therefore presents serious proioig@ractical circuits.

- Transistor Thermal Noise: Within the bipolar julctitransistor, thermal noise is caused
by the emitter, base and collector internal rese#a. Out of these three regions, the base
region contributes maximum thermal noise. Essdwntia a BJ transistor operating in the
low frequency region from about 500Hz to about B,Aalpha cut off frequency); the
transistor noise is essentially constant. Hencesenoontributions by both shot noise and
transistor thermal noise may be represented byjaivaent input resistancReq

- Partition Noise: In transistor, partition noisecsused by the random fluctuation in the
division of current between the collector and thed

- Frequency Mixer Noise: Generally, Frequency miXxemse more noise than amplifiers

using identical devices, except at microwave fregies. The higher noise in mixers

have been attributed to the following two reasons:
Conversion transconductanggof mixers is much lower than the transconductance
gnof the amplifiers

il. Whenever, an image frequency rejection is inadequhe noise associated with the

image frequency also gets accepted. This creagéeihnoise in frequency mixers.

3.11.Noise cascade in Complex Networks

3.11.1.Derivation of Additive Noise

This refers to the additional noise elements dwset@ral sources. Now, consider several thermal
noise sources in series producing noise voltdges;, V,, etc., as derived in the previous
sections.

Now, Let,

V,, = V4kTBR, (2.7)
V,, = 4kTBR, (2.8)
2

Then the sum of those rms noise voltages in sexigiwen by the square root of the sum of their
squares then the resultant rms noise voltagesén diy,

V
ny= \/V,%l + V2, + V2, +=\[4KTB(Ry 4 Ry+R3 +......)

=J/4kTBR (2.9)

WhereR is the sum of the individual resistances andvsmgby,
R - Rl +R2 + R3 + ... (210)
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The same procedure applies if one of these resis¢als the equivalent input noise resistances
amplifying devices. For computing the resultantseoroltage due to several resistors in parallel,
we find the total resistances by standard methaldtfaen substitute this value Bfin Equ. (2.9).
obviously the total noise voltage is less than ttaised by any of the individual resistance.
However, the noise power remains the same.

Example 4.

Compute the noise voltage at the input of a vidempldier using a device having 300
equivalent noise resistances and @Q0Aput resistors. The bandwidth of the amplifiei7dHz
and the ambient temperature iSQ7

Solution.

T =273 + 27 = 300k

R = (300 + 400) = 700

Then the noise voltage is,

V, = V4kTBR = J4x 1.38 x10~*x 300 x 7x106x 700 volt.= 9 uV.

3.11.2 Practical Additive Noise

Figure 2.2 shows a good scenario for addition o$endue to several amplifiers in cascade. It
illustrates a number of amplifier stages in cascadeh having a resistance at its input and
output. One might be required to find their combirdfect on the noise of the overall system.
Recall that in a super heterodyne receiver, tist fitage is usually the R.F. amplifier while the
second stage is a frequency mixer.

Let us look at finding the equivalent input noisdtage and its equivalent noise resistance for
the complete receiver. This is the resistance wkdhproduce the same amount of random
noise in the output of the complete circuit as dtrereceiver. Accordingly, let us replace the
actual receiver by an ideal noiseless receivens arnt equivalent noise resistance located as its
input. This method enables us to compare sevecalvers regarding noise and permits us to
compute the lowest input signal which the receivery amplify without drowning it under
noise.

Consider the first two stages of the multi-stagepldier depicted in Figure 2.2. The amplifier
have gainsd; andA,respectively; with input resistanc&; and R,respectively.R;Forms the
output resistance
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Figure 2.2. Noise of several amplifier stages sreade.

Thermsnoise voltage at the output dueRpis given by,

V, = V4kTBR; (2.11)

The same noise voltage is present in the outposiéad ofR;we have resistand@;at the input

of stage 2.
] 2.12
Then Vn3=1%3= 1/4K[’1I'ZBR3= [AKTBR, ( )
WhereR;' is given byr; = j—i
2

Equ. (2.12) shows that a noise resistance on keamgferred from the output of a stage to its
input gets divided by the square of the voltagen gdithe stage. The noise resistance already
present at the input of the second stagds .idHence the net noise resistance at the inputeof th
second stage including the contribution mad&bys given by,

R3

RZt = R2 + R3 = R2 +F (213)
2

This resistanc®,,; may be transferred to the input of the first staigecontribute equivalent
noise resistan@y’ given by,

_ Ree_ RatRyd3 Ry | Ry
Ro= 5= "2"=% *ua (2.14)
Hence, the net noise resistance at the input dfrtestage is given by,
, R R
Req= Ri+R,=R; + A—g + Agj@ (2.15)

With Equ. (2.15), it is possible to expand up-stage amplifier.

Usually, it does not make sense to consider maae three stages since the noise resistance at
the input of the first stage is the most significemntribution to noise while the stage beyond the
third stage contribute insignificantly to noise.iF s true since the denominators in Equ. (2.15)
have terms lika?, A2, A2, etc.
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Example 5

The first stages of a two stage amplifier has outesistance of 2@k, voltage gain of 10, input
resistance of 50@ and equivalent 200Q. The second stage has output resistance of @00 k
voltage gain of 20, input resistance of 80 &nd equivalent noise resistance of 1B Compute
the equivalent input noise resistance of the tvegestamplifier. Also compute the equivalent
input noise voltage given that the bandwidth of #maplifier is 10 kHz and the ambient
temperature is 300 K.

Solution.

Given thatR;= 400K2,R,
R3
AjA%

Thatis,R,, =2500 +

_ 20x80
20+80

kQ +10kQ = 26kQ, R; = 500Q +2000€2 = 2500€2.

Ry
Req - Rl + A_:ZL +
26,000 400,000
(10)2 (10%20)2

ohms = 2670

Vieq=.|4kTBR,, = = V4 x 1.38 x 10-* x 300 X 10* x 2670 volt =0.677uV

Example 6
A three stage amplifier operates over a bandwiflttOckHz at a temperature of 300 deg. K. the
stages have respectively
i. voltage gain of 20, 25 and 25
il. input resistor of 60@, 40k and 80 K
ili. equivalent noise resistance of 15006 k2 and 10 K2 and
iv. Output resistor of 30 100kand 1 M2. Compute the equivalent input noise resistance of
the overall 3-stage amplifier. Also company the ieglent noise voltage of the first
stage.

Solution.

R, = 600Q + 1500Q2 =2100Q

R, = 40x30 kQ + 6kQ = 23.14kQ
2740+ 30 I
Ry = 21990 + 10 kQ = 54.44 kQ= 1MQ
80+100
Hence,
_ R, R3 Ry
Req = Rt Gt T o T Gantiy?
= 2100 +23140 54.44x10% 106
- " 400 (20x25)2 | (20%25%25)2

= 2100 +57.85 + 0.217 + 0.006 = 2158

Hence Vg = /4I?TBRneq=\/4 %X 1.38 X 10723 x 300 x 10% x 2158volt
=0.59qv
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3.5.3. Noise in Reactive Circuits

Figure 2.3a) shows a reactive circuit in which ggital resistoR is placed in parallel with a
parallel tuned circuit. The tuned is theoreticalbiseless. Then, the presence of this tuned circuit
does not affect the noise generated by the reRistor

However, on either side of the pass band, the tunedit attenuates both the signal and the
noise in the same fashion. Thus the tuned ciramitd the bandwidth of the noise source by
disallowing noise outside its own pass band.

a) Amplifier circuit with ideal tuned circuit in theaput
b) Amplifier circuit with non-ideal tuned circuit irhé input

c) Noise Equivalent circuit
Figure 2.3. Noise in a tuned circuit.

Figure 2.3 b) shows a practical case when thisttwireuit is non-ideal, i.e. the inductbrof the
tuned circuit possesses a small resistive elefRgrst shown. This resistive elemd®fgenerates
noise.

28



Recall that in preceding sections, we have consdi@hysical input resistor as the source of
noise. It may, however, be clearly understood that noise producing resistance need not
necessarily be a physical resistor. Thus, in FigRr2, if we use parallel tuned circuits having
equivalent parallel resistances equalRp Rand Rsrespectively, then the noise contribution
remains the same. This is established below udiegptactical tuned circuit of Figure. 2.3
(b).Thus, the series resistarik@f the coil forms the noise source generating aeebltagd/,

as shown in Figure. 2.3(b).

From Figure. 2.3, we are required to calculate ribise voltage across the capaci@ri.e.,
across the input to the amplifier. From this, weyrmalculate the resistance which may be said to
be generating noise. Now, the noise current irRb€circuit is given by,

Wherd,, = =
Z=R;+jX,—X,) (2.20)
At resonanc&; = X, so that,In

Hence, the magnitude of the n0|se voltage appeakngss the capacit@is given by,
_ VnXy _ VnQR

V=l X =" =0 = 0,

Since X, = Q.R, at resonance Then

V2 =V2=Q*kTBR, andV = /4 kTBR,

Wherel = the noise voltage is across the tuned circugttduthe internal resistan&s
Rp= Equivalent parallel impedance of the tuned ctratiresonance and equatsQ?.

Equ. (2.20) shows that the equivalent parallel id@oee of a tuned circuit equals its equivalent
resistance for noise.

3.12.Signal-to-Noise Ratio
Usually, the equivalent noise resistance of an dimipis calculated for two major reasons:
I. For comparing two circuits for evaluation of thperformance
il. For comparison of noise and signal at the samet poiensure that the noise is small
relative to signal.

For this second purpose, it is advantageous to aterghe so called signal- to noise ra&iN
this is defined as the ratio of signal power torthesse power at the same point in the system.

S_PS_VSZ/R_ Vs\2
ThusS =2 =228 - (%) (2.21)

P, VZ/R Vn
In Equ. (2.21), it is assumed that both the sigmal the noise are developed across the same
resistoRr. It is desirable to keep tl#/N ratio as high as possible.

3.13.Noise Figure

This is a metric benchmark used to evaluate thiopeance of a system regarding noise at a
glance. This factor is referred to ldeise Figure Fof the system. By simple definition, the noise
figure F is defined as the ratio of the signal-to-noise poswgplied to the output terminals of
the system (amplifier or receiver) to the signaptwer supplied by the system to the output
load impedance. Mathematically, this is given by E@.22)

Hence, Noise Figure,
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S .

—attheinput
F=&— (2.22)

ﬁattheoutput
In electronic communication systems, most elemeqsh as amplifier or receivers have
different input impedances. This makes it pracljcamnpossible to compare their relative

performance regarding noise from the knowledgéeit tequivalent noise resistance.

Assuming that a receiver have impedance d® &hd R.,= 102 while another have input
impedance of 40 andR,, =450Q.

Now, although the second receiver has highgrbut still, it is better regarding noise.

Any practical receiver generates some noise an&MNewill deteriorate as we move towards the
output. Hence, in a practical receiver, the ou will be lower than the input S/N and hence
the noise figure exceeds unity. In an ideal receime additional noise is introduced by the
various stages of the receiver so that the naggediis unity. Hence, we may find noise figure in
an alternative manner. Thus noise figikrequals the S/N of an ideal system divided by tin¢ S/
at the output of the receiver or system under bedt) systems working at the same temperature,
over the same bandwidth and fed from the same solncaddition, both the systems must be
linear.

Noise figureF may be expressed either as a ratio or in decild&dsse figure of a practical
receiver should be as small as possible. It makelpé low by a suitable choice of the transistor,
by proper circuit design and by use of low noisssters. Thus, in a practical receiver operating
at frequencies up to a few Giga-hertz, the noigeré may be kept below a couple of decibels.
Noise figure generally deteriorates with increaseoperating frequency. However, even at
frequencies exceeding a few giga-hertz, noise éigoay still be kept below a couple of decibels
(dbs) by use of devices which themselves use thestnit-time effect or are relatively
independent of it.

3.7.1. Noise Figure Computation

The noise figure of an receiver or amplifier maydadculated by treating the entire system as a
two port network having input impedarite output impedanc&;and overall voltage gaiA.

Let the system be supplied from a source (or amtenhinternal impedancg,which may or
may not be equal t&,.. Figure 2.4 gives a contextual the block diagrdmir@uit arrangement.
We shall now look at the calculation of an amptifier receiver) noise in Figure 2.4.
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Figure.2.4. Noise Figure Block diagram.

Considering Figure 2.4, we want to calculate Foé an amplifier (or receiver). In this case, the
following procedure has been enumerated to be addpt calculating the noise figure of this
system, viz:

i. Determine the input signal pow&r

il. Determine the input noise powsy

iii. Calculate the input signal- to- noise power ratip

iv. Determine the output signal pow&y

V. Determine the output noise powéy
Vi. Calculate the output signal-to-noise power &jjQ,
vil. From steps (iii) and (vi) calculate the noise figr

From Figure. 2.4, it is worthy to derive that,

VR1
Si= Ra+R1 ] (2.23)
Vi Vsre \ 1 VZ Ry
HencesS;, = =+ = (—‘)— ==t 2.24
Si Rt Ra+R¢/ Rt (Ra+Rryp) ( )
Input noise voltage is given by,
v? Rar, (2.25)
ni= 4KTB——
Ra+ Rt
Hence input noise power is,
N._@_ 4KTBRa (2.26)
R¢ Rgy R¢
The input signal power is given by,
ﬁ _ VSZRt (Ra+Rt) _ VSZRt (2 27)
N; (Ra+ Ry 4KTBRq 4KTBRq (Rg+Ry) )
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The output signal power is given by,

S va(avg @Vsg, 4
TR, R =Ra+RtRL

_ A%ER?

 (Ra+Re)?Ry

Let N, indicate the noise output power. Then the oufgytpower ratio is given by,

S. _ A?VZR}

N, (Ra+R)?RLNo (2.29)

Hence the noise figure is given by,

E= Si/N; _ Vs2Re (Rg+Re)*RN,

S./N, 4kTBR4R,+R; A2VZR?

— RLNo(Rq+Rt)

" 4KTBA2 R,T:

(2.28)

(2.30)

Equ. (2.30) gives an estimate theoretical resthts real formula for the noise figufemay be
obtained by substituting for the output noise poaefrom the value of equivalent resistance or
from measurement.

3.7.2. Determination of Noise Figure in Terms of Egjvalent Noise Resistance

Recall from Equ. (2.15), the equivalent noise tasises of an amplifier or receiver equal the
sum of i) input resistance of the first stage tije equivalent noise resistance of the first stage
and iii) noise resistance of the subsequent stefgered to the first stage.

All these resistances get added up to conshifyven a lumped resistance which corresponds
to all the noise making of circuit. The rest of iecuit may now be assumed to be noiseless.
With reference to Figure. 2.4, this implies thdtthkese noise resistances get added up to the
parallel combination oR,andR, In order to correlate the noise figure and the \emaint noise
resistance we define the teRy, as the noise resistance not includiigrhen,

Req =R.; _R; (2.31)

eq —

The total equivalent noise resistance of this rexas then given by Equ. (2.32)

RqR:
R =R.qs -
9% R.+R:

The equivalent noise voltage effective at the ingfuhe receiver is then given by,

V,; = V4kTBR (2.33)

With all the noise components included into thalteqquivalent noise resistanRethe amplifier
could now be assumed as noiseless with voltageajain In this regard, the output noise power
is now given by Equ. 2.34
2 2 74
N, = Vitg _ (AVy;) _ A?4KTBR (2.34)
R Ry Ry
On substituting the value of, from Equ. (2.34) into Equ. (2.30), we now obtain
_ RL(Rg+Ry) A%?4kTBR
" 4kTBA2R,R; Ry

Rq+R RgR Rg+R Rg+R
= RECR _ (Ry, 4 Jaf) Koty qpp, Rt (2.35)
RgR: 9 ° Ry+R;) R4R: 49 R-R

(2.32)
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It is pertinent to state that Equ. (2.35) gives tioese figureF in terms of the equivalent noise
resistancg,,. Also, from Equ. (2.35), we conclude that for maiing the noise figure for a
given value of antenna resistarR,g the ratio R, + R)/R,R; must be minimum, i.&R; must be
made much larger thary,.

The inequalityR, . R; represent a condition of impedance mismatch, umndhéch condition,
the transfer of power from source (antenna) tosfstem (receiver) is not maximum. However,
this mismatch is often used for reducing noise. é&nextreme conditiorR, > R, the ratio
(Rs + Ry)/R; approaches unity and Equ. (2.35) for noise figedces to the following simple
form:

F= 1+’;ﬁ (2.36)

a

Example 7.
Compute the noise figure for the amplifier of Exden if the amplifier is driven by a generator
whose output impedance is &0

Solution.

Req=Req — Ry =2670 -500= 217@

F= 1Ry s = 14 2170 * —o 0 = 59,6,
RgXR1 404500

Example 8.

The first stage of two stage samplifiers has outpsistance of 25¢k, voltage gain of 12, input
resistance of 600k, voltage gain of 25, input resistance of 100 knd equivalent noise
resistance of 8@. The amplifier is driven by a generator of outpgistance 5@. Compute for
this two stage amplifier: (i) equivalent input mdigesistance (ii) equivalent input noise voltage
given that the bandwidth of the amplifier is 10 kifmd the ambient temperature is 330K and (iii)
noise figure of the complete system.

Solution.

R; = 300kQ

R, = 100 x 25 kQ + 8 kQ = 28kQ
27100+ 25 N

R, = 600Q + 2400 Q = 30000
R, R, 28,000 300 x 103

R,y =R, +— =300 Q = 3198 Q
ea =M 2 Ay Ayt azx2s)
Vieq = J4kTBR,; = V4 x 1.38 x 10~ x 330 x 10* x 3198Volt
=0.720/
Req = Req—Rt=3198—600=25980

F=1+R
eq

50 +600 _

=49.5.
50 X600

xBa*Rt_ 17508 x
Rq ‘R¢

3.7.3. Measurement of Noise Figure

Basically, Noise figure may without loss of gengyabe calculated using of Equ. (2.35), once
the equivalent noise resistan®g,andR; are known. But at very high frequencies wheresitan
time becomes prevalent, using Equ. 2.35 becomedsiple. When this becomes the case, the
best alternative is to use a measurement testh@eteéomine the noise figure.
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An example of this type of testbed is a diode ngeeerator circuit model shown in Figure 2.5
depicting the circuit arrangement in such a case.

Figure. 2.5. Circuit arrangement for noise figureasuremeﬁts.

From Figure 2.5, the diode noise generator makesafisshot noise generated by a diode
operated under temperature limited condition. EQU5) gives the plate noise current of a
vacuum diode. This plate noise current is contdollg varying the filament voltage by means of
a potentiometer. The output capacitance of the ediadd its associated circuit is made to
resonate at the operating frequency of the recebwerusing a variable inductance. The
capacitance may be neglected and the output impedahthe noise generator is simply a
resistoR,. Then the noise voltage supplied by the noise gmeto the input circuit of the
receiver is given by,

RqR RqR¢./2q1,B
Vo = InZn = In gt = =20 (2.37)

The noise generator is connected to the receivear(lifier) under test and the noise output
power of the receiver is measured with zero diddeeurrent, i.e. with noise diode plate supply
switched off. Next the diode plate supply is swadhon and the filament potentiometer is
adjusted to allow the plate current to assume sisch value that the noise power developed
acrossR; becomes twice as large as the noise power inlibenae of diode plate current. This
value of diode plate current is measured by a mdter. Under this condition, the additional
noise power provided by the diode equals the nomo@e power output of the receiver. This
enables us to express the noise power output aetever in terms of the diode plate current.
Thus, we have

A2RZRE2q1 5

_ VRe _ (AV)? _ p
No = R, R, Ry(Rq+Rp)? (2.38)

Now the value olN, as given by Equ. (2.38) may be substituted into.£2.30) to get
_ RL(Rq+R)N, = R, (Ry + R;) AZRaZRtZZquB
A2 4kTBR,R, A? 4kTBR,R,; R, (Ry + R.)?

= _GRaRe (2.39)

" 2kT (RaRt)
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As usual, from the consideration of minimizing r@ithe system is kept mismatched. Thus, let

R; > R, so that Equ. (2.39) reduces to the following sarfpkm:

F=21kp (2. 40)

If the above described procedure is repeated fiwenvery beginning for a matched system, it

may be proved that Equ. (2.40) applies exactlyuths matched system instead of being a good
approximation. Thus Equ. (2.40) is valid for botlatohed and mismatched conditions. This is

the merit of this noise diode measurement.
Finally, from Equ (2.40), we can (i) substitute tredue of g (1.6x 10‘196) (ii) substitute the
value ofk (1.38x 10~ joules/deg K) and (iii) put T = 300 K. then EqR.40) reduces to,

19
Ralq (1.6x107")
2 %138 x 10 x300 103 Ralp (2.41)

WhereR, is in ohms and, is in amperes.

3.8. Noise Temperature

A very useful indicator of noise performance ofeasaiver system is the noise figure. However,

when dealing with UHF and microwave low noise anten receivers or devices, noise figure is

not always the most convenient measure of noiseseNtemperature is extensively used for

antennas and low noise microwave amplifiers. A frarh the ease of measurement, the concept
of noise temperature permits addition similar tesagower. As such we can now rewrite Equ.

(2.1) below while giving the total noise power fre@veral sources,

Pt:thB (2-42)
This may be put as,

P,= P, + P, = kBT, + kBT, (2.43)
kBT, = kB(T, + T,) (2.44)
T,=T, + T, (2.45)

Wherep, andp, are the two individual noise power which may respely be the noise powers
received by the antenna and the power generatdtelsntenna.

T, andT, are the individual noise temperature corresponttn® andP, and respectively and
T, is the total noise temperature.

The use of noise temperature has additional adgest®r use at low noise level in that for any
given noise level, it shows greater variation tdaas the noise figure.The term equivalent noise
resistance has been defined earlier. This resstsne fictions one having no physical presence.
But the term is frequently used because of its enmnce. In the same manner, the equivalent
noise temperature of a receiver or amplifier may used, if convenient. In defining the
equivalent noise temperatufg, of a receiver, it is assumed tRyf, = R, if this assumption
result in correct value of noise output power, tRgnhmust be at a temperature other than that of
all the components including, then we may use Equ.(2.36) to relate the noiserdid- and
equivalent temperatuf®, as below:

F=lt =4 Hea?lea _ gy Tea (2.46)
Rq kT, BR, Ta
Where Ry = R, as assumed in the definitionBf,

T=27°C=300°K
T.q= equivalent noise temperature of the receiveramnplifier under consideration.

From Equ. (2.46).T ,r_ 1 . Teq
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Hencel,, = T, (F — 1) (2.47)
Knowing the noise figure F, Equ. (2.47) enablesousalculate the equivalent noise temperature
Teq.

Example 9

A receiver having equivalent noise resistance dd02& and input resistance of 500 is
connected to an antenna of resistanc&5@ompute the noise figure (in dBs) and equivalent
noise temperature for the receiver.

Solution.
R,
F=1+ X
+ R
Req = Reg — Ry = 2500 — 500 = 2000 Q
F=1+ 2000 _ 41
= =g =

FindB =10 log,, 41 = 16.12 dB
T,y = T,(F —1) = 300 (41— 1) = 1200° K.

4.0 Conclusion

Reliable electrical communication systems dependh@n accurate the receiver can determine
and distinguish between wanted and unwanted sighhks presence of noise makes it possible
difficult to have a perfect signal identificatioNoise is will always be found in communication

systems since there is a default thermal noisecadsed with conduction. If the signal strength is
insufficient, adding more stages of amplificatiantlae receiver is useless since noise will be
distributed alongside with the amplified signal.

5.0 Summary

This unit has explained the concepts, types andceswf noise. A good understanding of the
methods of calculating noise produced by variousrces has been presented. We have
discussed noise metrics such as signal-to-noige ratise figure and noise temperature and have
eqgually solved some simple problems involving tasise and temperature induced noise even
in cascaded mode.

6.0 Tutor-Marked Assignment (TMA)

1. What is meant by the term “noise” as used in comoation system?

2. Name the different sources of random noise and isepooise external to a receiver.
How can these be avoided or at least minimizedXWisi the strongest extra- terrestrial
noise?

3. Name the different noise which may be created withieceiver or amplifier. Discuss the
effects of these noises on the performance ofavec

4. Give reasons for the following noise in a transig#) flicker noise (b) transistor thermal
noise device, (c) partition noise.
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5. State reasons why frequency mixer stage produces nwse than the amplifier using
the same device.

6. In a multistage amplifier, derive expression foe thet equivalent noise resistance in
terms of resistancg; R, R; etc at the input of first, second, third etc. staggpectively
and the voltage gains of the individual stages.

7. Show that in a parallel tuned circuit, the equinalparallel impedance at resonance
eqguals its equivalent resistance for noise gerwerati

8. Describe the method of measurement of noise figufrea receiver using a diode
generator.

9. Defined the equivalent noise temperature of a vecar amplifier. Under what condition
is the quantity noise temperature more useful dtyamthan the noise figure? Give
reasons.

10.Defined thermal noise. Given the mechanism of garer of thermal noise. Write
expression for thermal noise power in a resistdr éeg K.
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1.0 INTRODUCTION

In electronic communication systems, the study mihas is very important.Signals are
detectable quantities used to convey informatioouaktime-varying physical phenomena.
Common examples of signals are human speech, tatoper pressure, and stock prices.
Electrical signals, normally expressed in the farhvoltage or current waveforms, are some of
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the easiest signals to generate and process. Matitalfty, signals are modeled as functions of
one or more independent variables. Examples opiea@ent variables used to represent signals
are time,Frequency, or spatial coordinates. Sigassapplied in so many areas of electronic
communication systems. This unit will lay the thetaral foundation for future dealings with
electrical signals.

3.0 Objectives

After going through this unit, you should be alde t

understand the concept of signals in communicaystems

differentiate between different types and clasatfan of signals

understand the different application of signals

compare the different signal Fourier analysis

Understand the importance of Fourier analysis

know the formulation of the four Fourier analysisedels in communication system.

ANANANANANY

3.0 Main Content
3.1. Signal Definition

In electronic communication systems, and signalc@seing, asignalis a function that

"conveys information about the behavior or att@subf some phenomenon. In the physical
world, any quantity exhibiting variation in time eariation in space (such as an image) is
potentially a signal that might provide information the status of a physical system, or convey
a message between observers, among other pogssbiliihe term signal includes audio, video,

speech, image, communication, geophysical, soadarr medical and musical signals.

In science and human engineering, signals are dllpiprovided by a sensor, and often the
original form of a signal is converted to anoth@mi of energy using a transducer. For example,
a microphone converts an acoustic signal to a gelt@aveform, and a speaker does the reverse.

The formal study of the information content of stmis the field of information theory. The
information in a signal is usually accompanied bise as discussed in the previous chapter.
Since noise is an undesirable random disturbancejnwanted signals conflicting with the
desired signal, prevention of noise deals with @igecovery which is an aspect of estimation
theory, a probabilistic approach to suppressindoandisturbances.

In the context of signal processing, arbitrary byjndata streams are not considered as signals,
but only analog and digital signals that are regméstions of analog physical quantities. Recall
in our previous study itommunication systematransmitterencodes anessag#o a signal,
which is carried to a&eceiverby the communicationshannel For instance, the words "Obi is a
boy” might be the message spoken into a teleph®he. telephone transmitter converts the
sounds into an electrical voltage signal. The digharansmitted to the receiving telephone by
wires; at the receiver it is reconverted into saunth telephone networks, signaling, for
example common-channel signaling, refers to phomenber and other digital control
information rather than the actual voice signalisTinit will focus on signal classifications,
applications, analysis and mathematical formulatiofhsignals including Fourier analysis.
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3.2. Signal Classification

A signal is classified into several categories dejpey upon the criteria used

classification. In this section, we cover the fallog categories for signals:
i.  Continuous-time and discrete-time signals;

ii.  Analog and digital signals;

iii.  Periodic and a periodic (or non-periodic) signals;

iv.  Energy and power signals;

v. Deterministic and probabilistic signals;

vi. Even and odd signals.

3.2.1. Continuous-Time and Discrete-time signals

for its

If a signal is defined for all values of the indedent variabld, it is called acontinuous-time
(CT) signal. Consider Figure 1.1 as examples griads and systems with important attributes

below.
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Figure. 3.1. Examples of signals and systems. Rii&), and (f) are output signals generated,
respectively, by the systems shown in (a), (b), @nd

Consider the signals shown in Figures3.1(d) and S&jce these signals vary continuously with

time t and have known magnitudes for all time instantsythre classified as CT signals. On the
other hand, if a signal is defined only at discretdues of time, it is called discretetime
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(DT)signal. Figure 3.1(f) shows the output tempenaif a room measured at the same hour every
day for one week. No information is available fbe ttemperature in between the daily readings.
Figure 3.1(f) is therefore an example of a DT slgira our notation, a CT signal is denoted by
x(t)with regular parenthesis, and a DT signal is deshetith square parenthesis as follows:

X[kT], k=0+1,£2,43, . . .,

Where T denotes the time interval between two consecutamapdes. In the example of Figure.
3.1(f), the value of is one day. To keep the notation simple, we deaot@e-dimensional (1D)
DT signalx by x[k]. Though the sampling interval is not explicitigcluded inx[K], it will be
incorporated if and when required. Note that all $dnals are not functions of time.

Electronic
Transducer Processors Transmitter
e e L
LV
Receiver Transducer

Electromagnetic v, .. At + ;
wave ¢ DD Elgetronic

Figure 3.2. Signal Transmission using electrorgaais

An analog signal, denotedt), is a continuous function of time and is uniquegtetmined for
all t. When a physical signal such as speech igsaxted to an electrical signal by a microphone,
we have an electrical analog of the physical wavefoAn equivalent discrete-time signal,
denoted ag(kT),exists only at discrete instants.

R

It is characterized by a sequence of values thiat ak specific timeskT, where k is an integer
and T is normally a fixed time interval. On the othembaa continuous time signal may be
restricted to a set of discrete amplitudes. A digimat is discrete in both time and amplitude is
referred to as a digital signal. Furthermore, thdserete digital signal amplitudes can be
represented by a set of numbers (codes) and, hscart be stored in a computer memory. Pulse
code modulation (PCM) is an example of a digitghal. These categorizations are illustrated in
Figure 3.3.

42



= Continuous Time Discrete Time

=

—

= | Height of Patrons

= Entering a Theatre
———

- ek

o \'. r_,J"' "‘l'.

= * \

= i s h >y o

= '-..__\_'_’/'

=

= Temperaiure vs tme

=

O Analog Signal Discrete Time Signal

-, Cruantized 1 leight

= 20008

E — 1 50h

T 180

. 170 ?

= 160 T T - o

- ()]

= Mumber of Telephone Calls

= 1700 1RO TR 190

E 5 s ¥ s s L d el et l LI =

o Discrete Amplitude Signal Digital Signal - discreie ampliude

= - discrete time

Figure 3.3. Concept of Analog and Digital Signals

Please note that signals moves with energy. Bugniesgy waveform has finite amplitude and it
either exists for a finite duration or it decaysztero over time. An energy signal has finite
energy but zero average power. A power waveform fiae amplitude and semi-infinite
duration, thus, it has finite average power butisafmite energy. The signal is considered to be
continuous over the observation period. Energy@owler classifications are mutually exclusive;
a signal must be one or the other. Periodic sigmal<lassified as power signals.

As shown in Figure 3.3, Signals can be categoriredrarious ways. The most common
distinction is between discrete and continuous epdhat the functions are defined over, for
example discrete and continuous time domains. Bisdime signals are often referred to
as time series in other fields. Continuous-timenaig are often referred to as continuous
signals even when the signal functions are noticootis; an example is a square-wave signal.

A second important distinction is between discretleied and continuous-valued. Particularly
in digital signal processing a digital signal isr&times defined as a sequence of discrete values
that may or may not be derived from an underlyiogtmuous-valued physical process.

In other contexts, digital signals are definedhesdontinuous-time waveform signals in a digital
system, representing a bit-stream. In the firse casignal that is generated by means of a digital
modulation method is considered as converted taratog signal, while it is considered as a
digital signal in the second case. Another impdrtaproperty of a signal is

its entropy or information content which has towdth statistical signal class definition. Signals
in nature can be converted to electronic signalgdmpus sensors as seen in Figure 3.2.

3.2.2. Analog and Digital Signals

A second classification of signals is based onrtheiplitudes. The amplitudes of many real-
world signals, such as voltage, current, tempeeatand pressure, change continuously, and
these signals are calleshalogsignals. For example, the ambient temperature loduse is an
analog number that requires an infinite number igftsl (e.g., 24.763578. . .) to record the
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readings precisely. Digital signals, on the othamdy can only have a finite number of amplitude
values. For example, if a digital thermometer, véathesolution of °IC and a range of [1T, 30
‘C], is used to measure the room temperature atedéstime instants,= kT, then the recordings
constitute a digital signal. An example ofa diggagnal was shown in Figure3.1(f), which plots
the temperature readings taken once a day for aek.wi his digital signal has an amplitude
resolution of 0.XC, and a sampling interval of one day. Figure Bdws an analog signal with
its digital approximation. The waveform for the mwasignal is shown with a line plot the
guantized digital approximation is shown with anstglot.
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.65 /
0.375 / \
0O.125 / \

"

sienal value

|
=}
J
A

—0.375 \
—D.625 \

—0D.8BTS5

—1.125

[0 ] 1 2 3 <4 5 [ 7T B
sampling time ¢ = &T

Figure 3.4. Analog signal with its digital approtion.

The analog signal has a limited dynamic range batwel1, 1] but can assume any real value
(rational or irrational) within this dynamic randéthe analog signal is sampled at time instants

= kT and the magnitude of the resulting samples aretmeainto a set of finite number of known

values within the range [-1, 1],the resulting sigmecomes a digital signal. Using the following

set of eight uniformly distributed values,[-0.87%).625, —0.375, —-0.125, 0.125, 0.375, 0.625,
0.875],within the range [-1, 1], the best approxioraof the analog signal is the digital signal

shown with the stem plot in Figure 3.4. .As we sar From Figure 3.3, the analog and digital
signals are the major two main types of signal®entered in practice. We shall further discuss
both analog and digital signals as individual sshsy to place them in perspective.

3.3.2.1. Analog signal

An analog signal is any continuous signal for whick time varying feature (variable) of the
signal is a representation of some other time waryuantity, i.e.analogouso another time
varying signal. For example, in an analog audimaigthe instantaneous voltage of the signal
varies continuously with the pressure of the sowales. It differs from a digital signal, in
which the continuous quantity is a representatioa $equence of discrete values which can only
take on one of a finite number of values. The temalog signal usually refers to electrical
signals; however, mechanical, pneumatic, hydrablicnan speech, and other systems may also
convey or be considered analog signals.
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An analog signal uses some property of the medmroonvey the signal's information. For
example, an aneroid barometer uses rotary posasaie signal to convey pressure information.
In an electrical signal, the voltage, current,regtiency of the signal may be varied to represent
the information.

Any information may be conveyed by an analog sigoedten such a signal is a measured
response to changes in physical phenomena, sudouad, light, temperature, position,
or pressure. The physical variable is converteant@nalog signal by a transducer. For example,
in sound recording, fluctuations in air pressutefltis to say, sound) strike the diaphragm of
a microphone which induces corresponding fluctution the current produced by a coil in an
electromagnetic microphone, or the voltage prodimed condenser microphone. The voltage or
the current is said to be an "analog"” of the sound.

3.3.2.2.Digital signal

We need to understand the meaning of a digitalasighthis point. A digital signal is a signal
that is constructed from a discrete set of wave$oofa physical quantity so as to represent a
sequence of discrete values. A logic signal isgatalisignal with only two possible values and
describes an arbitrary bit stream. Other types igital signals can represent three-valued
logic or higher valued logics.

Conversely, a digital signal may be consideredetthie sequence of codes represented by such a
physical quantity. The physical quantity may be aiable electric current or voltage, the
intensity, phase or polarization of an optical ¢inev electromagnetic field, acoustic pressure,
the magnetization of a magnetic storage mediatertreDigital signals are present in all digital
electronics, notably computing equipment and datasimission.

With digital signals, system noise, provided ihist too great, will not affect system operation
whereas noise always degrades the operation a@rsanals to some degree. Digital signals
often arise via sampling of analog signals, fornepke, a continually fluctuating voltage on a
line that can be digitized by an analog-to-digdahverter circuit, wherein the circuit will read
the voltage level on the line, say, every 50 miecosds and represent each reading with a fixed
number of bits. The resulting stream of numberstased as digital data on a discrete-time and
guantized-amplitude signal. Computers and othataligevices are restricted to discrete time.
We shall introduce you to various forms of signacuwrences and their representations in
graphical formats.

3.2.3. Periodic and aperiodic signals

A CT signalx(t) is said to bgeriodicif it satisfies the following property:

X(t) = x(t + Tp), (3.1)

at all timet and for some positive constafit The smallest positive value ©f that satisfies the
periodicity condition, Equ. (3.2), is referred ®thefundamental periodf x(t).

Likewise, a DT signak[k] is said to beperiodicif it satisfiesx[k] = x[k + K] (3.2)

at all-timek and for some positive constafy.

The smallest positive value obkhat satisfies the periodicity condition, Equ.3)3is referred to
as the fundamental period of x[k]. A signal thant periodic is called an aperiodic or non-
periodic signal. Figure 3.5 shows examples of Ipathodic and aperiodic signals. The reciprocal
of the fundamental period of a signal is calledftmelamental frequency.

Mathematically, the fundamental frequency is expedsas follows
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f, = T—lo for CT signals, df = kl—o for DT signals, (3.3),

Where T, and K are, respectively, the fundamental periods of @eand DT signals. The
frequency of a signal provides useful informati@garding how fast the signal changes its
amplitude. The unit of frequency is cycles per selfo/s) or hertz (Hz). Sometimes, we also use
radians per second as a unit off requency. Sineethre & radians (or 36Y) in one cycle, a
frequency off,hertz is equivalent torf, radians per second. If radians per second areased
unit of frequency, the frequency is referred tahesangular frequency and is given by Equ.(3.4).

w0=i—ﬂf0r CT signals, of), = f{—“ for DT signals, (3.4),
0 0

A familiar example of a periodic signal is a sindlsd function represented mathematically by
the following expression:
X(t) = Asin(wyt + 6). (3.5),

A /\/\M\

™\

@ (d)

1

- . -2 6 ..

S ST e ST s
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Figure 3.5.Examples of periodic((a), (c), and &)l aperiodic((b), (d), and (f)) signals. The
line plots (a) and (c) represent CT periodic signaith fundamental period$, of 1.5and 3,
while the stem plot (e)represents a DT periodiaaligvith fundamental periold o= 10.
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3.4. Periodic Signal Determination and Fundamentatequency

As we can see in Figure 3.6, periodic signals abé #ike time loop movies. We can allow a
periodic signal to do anything it wants for a liedtinterval of time (i.e. the period). The length
of the period will be referred to % seconds. When the periodic signal reaches theokrtd
period, it must immediately jump back to the vo#taghad at the start of the period, and trace
out the same path. This pattern repeats eVegeconds. This is called a Sisyphean signal. A
periodic signal can be observed by making a grdpgheovoltage, and looking for this repetitive
pattern. The signal below is periodic, with a peérad To = 3 seconds.
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Periodic Signal
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Figure 3.6. Periodic Signal waveform

Sometimes it is difficult to spot the period frongieaph. At first glance, the signal in Figure 3.7
appears to have a period of 3 seconds again. Bouiflay a straight edge across the peaks, you
will find the one at 3.5 seconds is a little bitvier than the peaks at 0.5 and 6.5 seconds. This
means this signal doesn't have a period of 3 se¢aindas a period of 6 seconds. That's one of
the problems with just looking at graphs. You magsma small variation in the signal, which has
a big impact on the period.

Periocdic Signal - Easy to Get Period Wrong

1
o 2 & B B 10 12
Time (sec)

Figure 3.7. Periodic Signal waveform variationgabeconds.

Complex periodic signal is most challenging to wartkSometimes, it is most impossible to
figure out the period from a graph. The signaliguFe 3.8 has a period of 1 second. If you look
at the pattern of unusually high peaks, you mighdsg this was the period. However, the rapid
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variations in the signal makes it look like a binost of the time, and it's impossible to tell from
the graph if the blur from 0 to 1 second exactlychas the blur from 1 to 2 seconds.

FPernocdic - But Canm't Tell From SGraph

25 T T T T T

=20
25 i L i 'l i
Lk .5 1 1.5 = =2 5 = 2.5 3
Time (sec)
Figure 3.8. Complex periodic signal.
In some case, signals are clearly not periodicaperiodic. For instance, polynomials are
aperiodic, like the one shown in Figure 3.9.
Aperiodic Signal
10 T T T T T
5 = —
ﬂ . -
-5 - -]
10— -1
15—
=20 = -
-25 - -1
an i ] I [ Il 1
0 0.5 1 1.5 2 2.5 3 a.s 4

Time (sec)

Figure 3.9. Aperiodic Signal representation.
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Finally, there are signals that at first glanceklperiodic, but when you try to carefully compare
voltages and times, you find out they are aperidéar a signal to be periodic, each period must
be identical to every other period. The signal shawrFigure 3.10 ripples back and forth in very
similar ways, but it never exactly repeats a preyibme interval, so it is aperiodic

Kind of Periodic - But Mot Really
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Figure 3.10. Aperiodic Oscillatory Signal.

3.2.4. Energy and Power Signals

Before presenting the conditions for classifyingignal as energy or a power signal, let us now
present the formulas for calculating the energy power in a signal. Thestantaneous power
at timet = t, of a real-valued CT signalt) is given byx’(to). Similarly, the instantaneous power
of a real-valued DT signafk] at time instank = ko is given byx?[K]. If the signal is complex-
valued, the expressions for the instantaneous paveemodified tox(to)|* or k[ko|*,where the
symbol| - | represents the absolute value of a exnmpimber.

Theenergypresent in a CT or DT signal within a given tim&mval is given by the following:

CT signals in Equ. (3.6)

Eqr,my =l Ix(®)[2dt in intervalt = (T, T,) withT, > T); (3.6)
DT sequences in to
En, ny) = ZﬁiNle[k]Iz in intervalK = [N; N,] with N; > N, (3.7)

Thetotal energyof a CT signal is its energy calculated over thenralt =[-,]. Likewise, the
total energy of aDT signal is its energy calculatedr the rang& = [-o0,0]. The expressions for
the total energy are therefore given by the folloyvi

CT signals
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E.= [ |x(t)[?dt ;

DT sequences

E, = Y=, |x[k]|? dt ;

Since power is defined as energy per unit time atrerage powepf a CT signak(t) over the

intervalt = (—o0,00) and of a DT signal[k] over the rangé& = [-o,0] are expressed as follows:
CT signals

. T/2
P, =limy_,,, > [1” |x[k] |2t (3.8)
DT sequences

1
X 2K+1

Zk= —x|x[k]I*(3.9)

Equations (3.8) and (3.9) are simplified considsr&tr periodic signals.
Since a periodic signal repeats itself, the avemameer is calculated from one period of the
signal as follows:

CT signals

1 t1+To

t
P, = EfTo|x[t]|2 dt = Tl_oftl |x[t]|% dt (3.10)

DT sequences

| . | et ) (3.11)
Py = — | x[k]]” = — (x[k]I o
1 K{} R:Z:::K'[,:: K(} I‘LZZI‘LI

Wheret; is an arbitrary real number akd is an arbitrary integer. The symbhjsandK, are,
respectively, the fundamental periods of the Chalig(t) and the DT signat[k]. In Equ. (3.10),
the duration of integration is one complete pewwer the ranget], ti+ To], wheretl can take
any arbitrary value. In other words, the lower timf integration can have any value provided
that the upper limit is one fundamental period gfiemm the lower limit. To illustrate this
mathematically, we introduce the notatigfig)to imply that the integration is performed over a
complete period, and is independent of the lower limit.

Likewise, while computing the average power of a $ignalx[k], the upper and lower limits of
the summation in Equ. (3.11) can take any valudsrasg as the duration of summation equals
one fundamental peridg.

A signalx(t), orx[kK], is called arenergy signaif the total energf¥ex has a non-zero finite value,
i.e. 0< Ex<co. On the other hand, a signal is callgabaver signalf it has non-zero finite power,
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i.e. 0< Py<oo. Note that a signal cannot be both energy andnepsignal simultaneously. The
energy signals have zero average power whereagativer signals have infinite total energy.
Some signals, however, can be classified as ngtheer signals nor as energy signals.

For example, the signal®e(t) is a growing exponential whose average power aate
calculated. Such signals are generally of littieeriest to us. Most periodic signals are typically
power signals.

Example 3.1
Consider the CT signals shown in (a) and (b) bel@alculate the instantaneous power, average
power, and energy present in the two signals. @jasese signals as power or energy signals.
Solution

(a) The signak(t) can be expressed as follows:

5 —2<=r =2
X(r) = T
0 otherwise.

The instantaneous power, average power, and enétheg signal are calculated as follows:
Instantaneous power

25 —2<=r=<22
Pr) = { 0 otherwise:
Energy
oo 2
Ey = [ |x()2dt = flﬁ di = 100;

—o0

Average power

. 1
P, = lim ?E_,,— — ]

|
T — oo

Because&(t) has finite energy (& Ex = 100<) it is an energy signal.

(b) The signak(t) is a periodic signal with fundamental period 8 aexpressed as follows:

5 2 <=2
Z(t) = .
0 2 <|t] <4,

Withz(t + 8) = z(t). The instantaneous power, average power, andyeredrthe signal are
calculated as follows:

Instantaneous power
P.(t 2 —2st=2
AN & =
z 0 2<l|t|<4

andPz(t + 8) =Pz(t);
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Average power
2

4
1 " 1 100
P, = — lz(t)|"dt = = 254t = 12.5;
5. S
4

Energy

Lo
— f lz(£)]|?dt = oo.
—

Example 3.2
Consider the following DT sequence:

—0.5k

e k=20
kKl = _
A { 0 k=<o.

Determine if the signal is a power or an energnaig

)

Solution

The average energy present in the DT sequencee'a by

o0 oD
; 3 | )
Er= Y |flkl>=Y|e*%| Z{ = ——5 ~ 1.582.
o k=0 k=0 .

Because fis finite, the DT sequenddk] is an energy signal.

Example 3.3
Determine if the DT sequenggk] = 3cosfrk/10) is a power or an energy signal.

Solution
The DT sequencg[k] = 3cos {tk/10) is a periodic signal with a fundamental perdd0. All

periodic signals are power signals. Hence, the &jusncea[k] is a power signal.
Using Equ. (1.15), the average powegf is given by

19 19
1 Tk 9 | 2K
PE — ﬁ LJLIJ"\ (ﬁ) — 4}0 Z 3 []_ —|—L|:'!"\ ( IU )}

k=0 k=0

9 & 2k
:4{12 +4{}Z (T)

k=0 k=0

lcrm | l;rm 11

Clearly, the summation represented by term | eq@g8)40 = 45. To compute the summation
in term 1l, we express the cosine as follows:
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g 19 19 5 18

) oo 9 T 9 o
term Il = — Z _[el™k/3 4 eIWk[3] = Z{L%J“-"ﬁ e — Z CREE
: 5 : =
40 it 80 i 80 o
Using the formulas for the geometric progressioR)(&eries yields
19 _ ral®m/5420 _ @l e
Z{EJW’GJR S j_s: —— Ci—.-a = — jL--: =0
— | — (ed7/2) | — (ed™/2) 1 — (i)
and
& | — (e7im/3520 | — i [ — 1

Z '[L‘f__iwl,a'ﬁ ]r{' = — — = ___ 0
k=0 I — (™) 1 —(el™/5) 1 — (ei™/5)
Term I, therefore, equals zero.

The average power ofk] is therefore given by
Pg=45+0 =45.

3.2.5. Deterministic and Random signals

Let us look at these two types of signal represemtehere. If the value of a signal can be

predicted for all timet(or k) in advance without any error, it is referred tadeterministic

signal Conversely, signals whose values cannot be gestigith complete accuracy for all time

are known asrandom signals Deterministic signals can generally be expresseda

mathematical, or graphical, form. Some exampletetérministic signals are as follows.

CT sinusoidal signak,(t) = 5 sin(2art + 6);

CT exponentially decaying sinusoidal signaft) = 2e-t sin(7#);
. . N _ (et t| <5

CTfinite duration complex exponential signajt) == f(x) = {0’ elsewhere;

DT real-valued exponential sequenedlk] = 4e-Xk ;
DT exponentially decaying sinusoidal sequenx&gk] = 3e—Xkx Sin(%)

ok 0w MR

Unlike deterministic signals, random signals canmetmodeled precisely. Random signals are
generally characterized by statistical measures sisc means, standard deviations, and mean
squared values. In electrical engineering, mostningéul information-bearing signals are
random signals. In a digital communication systéwn,example, data is generally transmitted
using a sequence of zeros and ones. The binarglagynorrupted with interference from other
channels and additive noise from the transmissiedia) resulting in a received signal that is
random in nature. Another example of a random signealectrical engineering is the thermal
noise generated by a resistor. The intensity ofttieemal noise depends on the movement of
billions of electrons and cannot be predicted aately.

The study of random signals is beyond the scopéehisf book. We therefore restrict our
discussion to deterministic signals. However, npostciples and techniques that we develop are
generalizable to random signals. The readers arseatito consult more advanced books for
analysis of random signals.
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Consequently, a signal can be random or deternunidte establish that a random signal is one
in which there is some degree of uncertainty befomecurs. A non-random or deterministic
signal is one in which there is uncertainty inviédues. Signals may be classified as predictable
or as unpredictable, as analog or discrete anthité for infinite duration. Deterministic signals
are defined exactly as a function of time. They barperiodic (such as a sine wave or square
wave) or they can be an aperiodic “one shot” sigsatxplained in Section3.2.3.

Deterministic signals contain no information be@atiseir future is completely predictable by
the receiver. They are easy to model and are uskité they can provide a reasonably accurate
evaluation of communication system performancecl@tstic signals, on the other hand, are
unpredictable and thus can communicate informatidithough the time waveform of a
stochastic signal is random, the signal power neapredictable. Examples of stochastic signals
are thermal noise in electronic circuits, (i.e.ckground hiss”) and information signals such as
voice or music as depicted in Figure 3.2.

3.2.6. Odd and even signals

Periodic functions or signals can be classifiedoating to their symmetry. A function may be
Odd, Even, or Neither Even nor Odd. All periodiadtions can be classified in this way. Let us
look at various signal appearances that could Berwbd in Figure 3.11.

I. EvenSignal
A CT signalx(t) is said to be an even signal if
X(t) = xe(-).
In order words, functions are even if they are swtimoal about thg-axis.
f(x) = f(-x) (3.12)
For instance, a cosine function is an even function

il. Odd Signal
A CT signalx,(t) is said to be an odd signal if
Xo(t) = —Xo(-1).
As such, a function is odd if it is inversely syntnieal about they-axis.
f(x) = -f(-x)

The Sine function is an odd function.

A CT signalxdK] is said to be an even signal if
Xe[K] = X [—K]. (3.13)

Conversely, a CT signal[K] is said to be an odd signal if

Xo[K] = =Xo[-K]. (3.14)
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Figure 3.11. Example of (a) an even signal andubddd signal.

Most practical signals are neither odd nor evethag do not exhibit any symmetry about jhe
axis. We shall look at this category below

iii. Neither Even nor Odd Signal

Some functions are neither even nor odd. Howewarh $unctions can be written as a sum of
even and odd functions. Neither odd nor even sggoah be expressed as a sum of even and odd
signals as follows:

X(t) = Xe(t) + Xo(t), (3.15)

Where the even componex(t) is given by
X(t) = 1/2(t) + x(-1)], (3.16)
While the odd componemng(t) is given by

Xo(t) = 1/2(t) — x(-1)]. (3.18)

Example 3.4
Express the CT signal below as a combination ehaam signal and an odd signal.

o (F) = r 0<t <l
' |0 elsewhere

Solution
In order to calculate(t) andx(t), we need to calculate the functiefrt),which is expressed as
follows:

(1) = -t 0=—-t1t<1 |-t —-1<t=0
' | 0 elsewhere | 0 elsewhere.
Using Equ. (1.20), the even compongeyit) of x(t) is given by
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=fr <1

1
X () = ;I_r{r} + x(—n)] =

1| = 19| —

—

—1 =r =0

i alecastrhara

while the odd componerg(t) is evaluated from Equ. (3.18) as follows:

o

O=1r =1

1
Xolt) = ;Ix{r} —x(—1)] =

-

—1 ==f <=0

| =] =

0O elsewhere.

The waveforms for the CT signglt) and its even and odd components are plottedguar€i
3.11.

(1)

0.5

(251

0.5 __///]

-2 —1 ] 1
0.5+
(c)
Figure 3.12(a) The CT signalt) for Even component of(t) and Odd component &f{t).

So far, we have established that any funct{ghcan be expressed as a sum of an odd function
and an even function:

]

iv. Half-wave Symmetry

Another form of signal representation is shown iguFe 3.13. To determine if a signal with
period 2 has half-wave symmetry, we need to examine aesipgliod of the signal. If, when
shifted by half the period, the signal is foundot the negative of the original signal, then the
signal has half-wave symmetry. That is, the follogvproperty is satisfied:

fe—1)= —f(0)
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Figure 3.13. Half-Wave Symmetry representation.

As shown in Figure 3.13, the half-wave symmetry lisgpthat the second half of the wave is
exactly opposite to the first half. A function witfalf-wave symmetry does not have to be even
or odd, as this property requires only that théesthisignal is opposite, and this can occur for any
temporal offset. However, it does require that D@ offset is zero, as one half must exactly
cancel out the other. If the whole signal has adif€et, this cannot occur, as when one half is
added to the other, the offsets will add, not chnce

Note that if a signal is symmetric about the hafipd point, it isnotnecessarily half-wave
symmetric. An example of this is the functinperiodic on (-1, 1), which has no DC offset and
odd symmetry about0. However, when shifted by 1, the signahdad opposite to the original
signal.Half wave symmetric signals doesn't havenégsme and cosine" harmonics

V. Quarter-Wave Symmetry

If a signal has the following properties, it iscs& quarter-wave symmetric as shown in Figure
3.13:

e Itis half-wave symmetric.
e It has symmetry (odd or even) about the quarteiedeoint (i.e. at a distance of L/2 from an end or
the center).

A\ i
| /L
a. Even Signal with Quarter-Wave Symmetry b. Odd Signal with Quarter-Wave

Figure 3.13. Quarter-Wave Symmetry.

57



Any quarter-wave symmetric signal can be made eveydd by shifting it up or down the time
axis. A signal does not have to be odd or everetquarter-wave symmetric, but in order to find
the quarter-period point, the signal will need &ghifted up or down to make it so. Figure 3.14
is an example of a quarter-wave symmetric sigreal)(that does not show this property without
first being shifted along the time axis (green hdéal

Figure 3.4. Asymrr{etric Signal with QQart-Wave Symmetr

An equivalent operation is shifting the intervad ttunction is defined in. This may be easier to
reconcile with the formulae for Fourier seriesthis case, the function would be redefined to be
periodic on {L+4,L+4), whereA is the shift distance.

Vi. Discontinuities

In a graphical sense, a periodic signal as shovavelhas discontinuities whenever there is a
vertical line connecting two adjacent values of dignal. In a more mathematical sense, a
periodic signal has discontinuities anywhere that function has an undefined (or an infinite)
derivative. These are also places where the fumclaes not have a limit, because the values of
the limit from both directions are not equal. Thare some common periodic signals that have
their specific names. We will list those signalsehend discuss them below

I. Sinusoidal wave
The quintessential periodic waveform. These caaither Sine functions, or Cosine function.

V, Sin(2mft).

il. Square Wave

The square wave is exactly what it sounds likearges of rectangular pulses spaced equidistant
from each other, each with the same amplitude.

iii. Triangle Wave

The triangle wave is also exactly what it sounks:la series of triangles. These triangles may
touch each other, or there may be some spaceweberteach wavelength.Example: Sinusoid,
Square, and Triangle Waves
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Sqquare

Triangle

. Sawtooth

Figure 3.15. Common periodic Signalrepresentations

Vil. Time discretization

We must know that one of the fundamental distimgtibetween different types of signals is
between continuous and discrete time. In the madiieal abstraction, the domain of a
continuous-time (CT) signal is the set of real nemsb(or some interval thereof), whereas the
domain of a discrete-time (DT) signal is the setntégers (or some interval). What these
integers represent depends on the nature of thalsigost often it is time. As shown in Figure

3.16, if for a signal, the quantities are definetiyan a discrete set of times, we call it a ditsre
time signal.

CIE i Y

.....
|||||

hatHiiii

Figure 3.16. Discrete time Signal from a continusigmal by Sampling

A simple source for a discrete time signal is tamgling of a continuous signal, approximating
the signal by a sequence of its values at partictime instants. A discrete-time real (or
complex) signal can be seen as a function fromuf@sest of) the set of integers (the index
labeling time instants) to the set of real (or ctexp numbers (the function values at those
instants).A continuous-time real (or complex) signa any real-valued (or complex-

valued) function which is defined at every tina an interval, most commonly an infinite

interval.
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viii.  Amplitude quantization

If a signal is to be represented as a sequencaimbers, it is impossible to maintain exact
precision such that each number in the sequencelmaus a finite number of digits. As a result,
the values of such a signal belong to a finite isegither words, it is quantized. Quantization is
the process of converting a continuous analog asdjoal to a digital signal with discrete
numerical values. See Figure 3.17.

0]

—
—

L
Figure 3.17. Digital signal from Approximation Amalogue signal.

Let us now look at some practical examples of dggna

e« The motion of an object that can be monitored bgiows sensors to provide electrical
signals. For example, radar can provide an electgmmtic signal for following aircraft
motion. Orientation signals can be generated usiggroscope.

e Sound vibration of a medium (such as air). A sosigdal is converted to an electrical signal
by a microphone, generating a voltage signal aaraog of the sound signal, making the
sound signal available for further signal procegsin

e Images of picture orimage which consists of a lirighs or color signal as a function of a
two-dimensional location. The object's appearascpresented as an emitted or reflected
electromagnetic wave, one form of electronic sighalan be converted to voltage or current
waveforms using devices such as the charge-coupdatice. A 2D image can have a
continuous spatial domain, as in a traditional pgcaph or painting; or the image can be
discretized in space, as in araster scanned ldigitage. Color images are typically
represented as a combination of images in threegoyi colors, so that the signal is vector-
valued with dimension three.

e Videos. A video signal is a sequence of imagesoitpin a video is identified by its two-
dimensional position and by the time at which icas, so a video signal has a three-
dimensional domain. Analog video has one continudoain dimension (across a scan
line) and two discrete dimensions (frame and line).

« Biological membrane potentials. The value of tlgmal is an electric potential i.e. Voltage.
However, this area is very complex in terms of wsial Actually,
some cells or organelles have the same membrarent@bt throughout; neurons generally
have different potentials at different points. Tdesgnals have very low energies, but are
enough to make nervous systems work; they can lasumned in aggregate by the techniques
of electrophysiology. Other examples of signals @re output of a thermocouple, which
conveys temperature information, and the outputa@H meter which conveys acidity
information.
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3.3. Analysis of Periodic Signal Theories

A signal is a periodic signal if it completes atpat within a measurable time frame, called a
period and repeats that pattern over identicalesyeent periods. The completion of a full pattern
is called a cycle. A period is defined as the amairtime (expressed in seconds) required to
complete one full cycle. The duration of a periegresented by T, may be different for each
signal but it is constant for any given periodignsil.

We will discuss here some of the common terminoldmst pertains to a periodic function.
Letg(t) be a periodic function satisfyirgft + T) = g(t) for all t.

3.3.1. Period

The period is the smallest valueTo$atisfyingg(t + T) = g(t) for allt. The period is defined so
because ifj(t + T) = g(t) for allt, it can be verified tha(t + T') = g(t) for allt whereT' = 2T,
3T, 4T, ..In essence, it's the smallest amount of timekigeor the function to repeat itself. If
the period of a function is finite, the functiondalled "periodic". Functions that never repeat
themselves have an infinite period, and are knasvtaperiodic functions".

The period of a periodic waveform will be denoteithva capitall. The period is measured in
seconds.

3.3.2. Frequency

The frequency of a periodic function is the numblecomplete cycles that can occur per second.
Frequency is denoted with a lower-césk is defined in terms of the period, as follows:

F=1/T (3.19)

Frequency has units bertzor cycle per second.

3.3.3. Radial Frequency

The radial frequency is the frequency in termsadiians. It is defined as follows:
w = 2nf (3.20)
3.3.4. Amplitude

The amplitude of a given wave is the value of tlavevat that point. Amplitude is also known as

the "Magnitude" of the wave at that particular poifhere is no particular variable that is used

with amplitude. The letters in capitalM andRare most commonly used.The amplitude can be
measured in different units, depending on the digrmare studying. In an electric signal the

amplitude will typically be measured in volts. Ibailding or other such structure, the amplitude

of a vibration could be measured in meters.

3.3.5. Continuous Signal

A continuous signal is a "smooth" signal, where signal is defined over a certain range. For
example, a sine function is a continuous signaljsaan exponential function or a constant
function. A portion of a sine signal over a randetime 0 to 6 seconds is also continuous.
Examples of functions that are not continuous wdiddany discrete signal, where the value of
the signal is only defined at certain intervals.
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3.3.6. DC Offset

A DC Offsetis an amount by which the average value of thegerfunction is not centered
around thec-axis.A periodic signal has a DC offset compongéittis not centered about thxe
axis. In general, the DC value is the amount thadtrbe subtracted from the signal to center it
on thex-axis. Now, by definition:
T2
A =/T)= | fla)da (329
-T2

With A being the DC offset. o = 0, the function is centered and has no offset.

3.4. Signal processing

In this subsection, it pertinent to note that sigmracessing deals with the analysis, synthesis,
and modification of signals. These are broadlyrdfi as functions passing information about
the behavioral attributes of signals such as soumajjes, and biological measurements. For
instance, signal processing techniques are usedpmve signal transmission fidelity, storage

efficiency, and subjective quality, and to emphasar detect components of interest in a
measured signal.The various types of signal praugsse primarily highlighted below.

3.4.1. Analog signal processing (ASP)

This ASP is for signals that have not been digitjzes in traditional radio, telephone, radar, and
television systems. This involves linear electrarircuits as well as non-linear ones. The former
are, for instance, passive filters, active filtedditive mixers, integrators and delay lines. Non-
linear circuits include compandors, multiplicato(Bequency mixers and voltage-controlled
amplifiers), voltage-controlled filters, voltagertoolled oscillators and phase-locked loops.

3.4.2. Continuous-time signal processing (CTSP)

CTSP is essentially for signals that vary with tbleange of continuous domain(without
considering some individual interrupted points).Thethods of signal processing include time
domain, frequency domain, and complex frequency aonihis technology mainly discusses
the modeling of linear time-invariant continuoussteyn, integral of the system's zero-state
response, setting up system function and the aomiis time filtering of deterministic signals.

3.4.3. Discrete-time signal processing (DTSP)

DTSP is meant for sampled signals, defined onldistrete points in time, and as such are
guantized in time, but not in magnitude. In thiggaw, an analog discrete-time signal

processing is a technology based on electroniccdsevsuch as sample and hold circuits, analog
time-division multiplexers, analog delay lines amhlog feedback shift registers. This

technology was a predecessor of digital signal ggsing (see below), and is still used in

advanced processing of gigahertz signals.The conmegiscrete-time signal processing also

refers to a theoretical discipline that establisteesmathematical basis for digital signal

processing, without taking quantization error inbmsideration.

3.4.4. Digital signal processing (DSP)

This is a very import subject in electronic comnaation. DSP simply means the processing of
digitized discrete-time sampled signals. This pssesy is realized by general-
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purpose computers or by digital circuits such a#CASfield-programmable gate arrays or
specialized digital signal processors (DSP chipgjical arithmetical operations include fixed-
point and floating-point, real-valued and complexesed, multiplication and addition.

Other typical operations supported by the hardwane circular buffers and look-up tables.

Examples of algorithms are the Fast Fourier transi®-FT), finite impulse response (FIR)

filter, Infinite impulse response (IIR) filter, aradiaptive filters such as the Wiener and Kalman
filters.

3.4.5. Non-linear signal processing (NSP)

NSP involves the analysis and processing of sigoralduced from nonlinear systems and can be
in the time, frequency, or spatio-temporal dom&ioslinear systems can produce highly
complex behaviors including bifurcations, chaosptanics, and sub-harmonics which cannot be
produced or analyzed using linear methods.

Some devices applied in signalprocessing include

I. Filters — for example analog (passive or activaligital (FIR, 1IR, frequency domain
or stochastic filters, etc.)

il. Samplers and analog-to-digital converters for digaequisition and reconstruction,
which involves measuring a physical signal, stoongransferring it as digital signal,
and possibly later rebuilding the original signaha approximation thereof.

iii. Signal compressors
In communication systems, signal processing mauroatc

- 0OSl layer-1 of the Tlayer oSl model, the physical

Layer (modulation, equalization, multiplexing, &tc.

- OSllayer 2, the Data Link Layer (Forward Error &ation);

- OSI layer 6, the Presentation Layer (source codinggcluding analog-to-digital

conversion and signal compression).

3.5. Mathematical methods of Signal processing

In electronic communication systems, there arers¢wveathematical approaches used for signal
analysis. These include: differential equationgsureence relation, transform theory, time-

frequency analysis (for processing non-station@gpads), spectral estimation (for determining

the spectral content (i.e., the distribution of powver frequency) of a time series), statistical
signal processing (analyzing and extracting infdromafrom signals and noise based on their
stochastic properties), linear time-invariant sgstbBeory, and transform theory, system

identification and classification, calculus, vecgpaces and linear algebra, functional analysis,
probability and stochastic processes, detectioaryhestimation theory, optimization, numerical

methods, time series, data mining (for statistazadlysis of relations between large quantities of
variables (in this context representing many phalssignals), to extract previously unknown

interesting patterns). Each of these mathematwathods can be further studied from the
references given in the reference section. We simdy lay emphasis on Fourier analysis owing
to its over-riding relevance in communications syss.
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3.5.1. Fourier analysis

In this course, we assert that the process of dposimg a function or signal into oscillatory
components is referred to as Fourier analysis,emté operation of regenerating the function
from these pieces is referred to as Fourier syrghes

Take for example, in determining what componenjudencies are present in a musical note, this
would involve computing the Fourier transform o$@ampled musical note. One could then re-
synthesize the same sound by including the frequeomponents as revealed in the Fourier
analysis. In mathematical contexts, Fourier analgsnply refers to the study of both operations
mention above.The decomposition process itselled a Fourier transformation as shown in

Figure 3.18. In this case, the signalon the lefit lba viewed as a typical noise signal (A) while

the signal function processing technique calledrieodransformation(B) reveals that it contains

5 well defined frequency components.

m“ Amplitude A 5. Amplitude A
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Figure 3.18. Noise and its Fourier Transformation

Figure 3.19 shows a Fourier transform and 3 dist#aciations causeby periodic (at interval
and /or periodic summation (at interval P) of tmelerlying time-domain function. The relative
computational ease of DFT sequence and thghnhst gives intdS (f) make it a very widely
accepted analysis tool.
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’ . Transform of the periodic summation of s(t)
Fourier transform of a function s(t) (which is not shown) aka "Fourier series coefficients”
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Figure 3.19. Fourier transform by Periodic Sumnmatio

Readers must understand that Fourier analysis lzamgy/ recientific applications but we shall
focus on its application in signal processing.

3.5.2. Fourier Applicationin Signal Processing

When processing signals, such as audio, radio wdiglg waves, seismic waves, and even
images, Fourier analysis can isolate narrowband pooents of a compound waveform,
concentrating them for easier detection or remoMaimerous signal processing techniques
consist of Fourier-transform of signal, and the mpalation of Fourier-transformed data in a
simple way, and reversing the transformation.Tyipplication scenario includes:

o Equalization of audio recordings with a seriesaridipass filters;

o Passive sonar used to classify targets based omimeag noise

» Digital radio reception without a superheterodyirewst, as in a modern cell phone or radio
scanner,

e Image processing to remove periodic or anisotropaponents from interlaced video, strip
artifacts from strip aerial photography, or wavétgxas from radio frequency interference in
a digital camera;

o Cross correlation of similarity images for co-ahgant;

o Generation of sound spectrograms used to analyrelso

o X-ray crystallography to reconstruct a crystal stuwe from its diffraction pattern;

o Fourier transform ion cyclotron resonance masstep@etry to determine the mass of ions
from the frequency of cyclotron motion in a magodield;

e Many other forms of spectroscopy, including infche:nd nuclear magnetic
resonance spectroscopies;
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3.5.3. Fourier Analysis Methods
There are different Fourier methods available foalgzing continuous-time and discrete-time
signals. We shall however, focus on four major Eeruanalysis methods namely:

i. Continuous-time Fourier series (CTFS)

ii. Discrete-time Fourier series (DTFS)

iii. Continuous-time Fourier transform (CTFT)

iv. Discrete-time Fourier transform (DTFT)

3.5.3.1. Continuous-Time Fourier Series (CTFS)
In the CTFS method, for a continuous-time sigfgl the Fourier series representation of a
signal over a representation titge<t <t, + Ty is defined
] as
2Tkt -
x(H= 2 X[kl " (3.29)
k=—noo
WhereX[k] is the harmonic functiorkis the harmonic number afig= 1/Te. The harmonic
function is computed as
_ (3.29)
1 [hutT: — 2rkfot
X[k]=—f x(t)e T gt
Te Iy
The signal and its harmonic function form a pahnich is indicated by the notation
FS
x(t)e=X[k]
The left hand side of the above relation represtatsignal in time domain while the right hand
side represents the transformation of the signal"ttarmonic-number" domain.

3.5.3.2. Discrete-time Fourier series (DTFS)
For a discrete-time signa(n), the Fourier series representation over a reptasemn

N-=n<n-+MhN. . !
0= 0" "'F s defined as

- ) (3.24
x[n]= Z X[k]eﬁmmfh',_

k=< N>
WhereX[K] is the harmonic function and the harmonic functtan be found as

time

1 I".'D+N.:_1 2 J,r
X[kl=— X x[nle [N (3.25)
NF n=my

The discrete-time signal and its harmonic functanm a pair which is indicated by the notation
below

x(n)=X[k] ( )

2

=<Ng>

Where'Ng' is the representation time and the nota ¢
range of consecutivi&' exactlyNg in length.

meansnation over any
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3.5.3.3. Continuous-time Fourier transform (CTFT)
In this method, the continuous-time Fourier transf (CTFT) is defined as

X (F) = f_x x(H)e "2 gy (3.27)

x () = f_x X (e gf

The forward and inverse transforms are almost samly, the sign of the exponent and the
variable of integration change.The continuous-timsignalx(t)and its Fourier

transformX(f) pairs are indicated by the notation below.
T (3.28)

x(t)e=X(f)

3.5.3.4. Discrete-time Fourier transform (DTFT)
In DTFT, the discrete-time Fourier transform isidedl by

x[n]= fl X(FredFrgrF

and
- (3.29,
X(F)= 2. x[nle T
nN=—oo
The signal and its harmonic function form a paiiakhs indicated by the notation below
FT
x[n]=X(F)

There still some salient properties of Fourier gsial methods which areexhibited by the
continuous-time as well as discrete-time Fouriangform/Fourier series. This is outside the
scope of this module. Besides, there are many aitn)s among different Fourier analysis
methods and their relationshipprovides the basiprotessing of the analog signal in digital
domain.

When one wants to compute an arbitrary number (N\Jiscrete samples of one cycle of a
continuous DTFT Sl/T(f) it can be done by computing the relatively glenDFT of §[n], as

defined above. In most casékis chosen equal to the length of non-zero portibs[rg.
Increasing N, known as zero-padding or interpoiatr@sults in more closely spaced samples of
one cycle o"Sl/T(f) Decreasing N, causes overlap (adding) in theeddomain (analogous

to aliasing), which corresponds to decimation mfilequency domain. (Sampling the DTFT).
The DFT can be computed using a fast Fourier teams{FFT) algorithm, which makes it a
practical and important transformation on computers

4.0 Conclusion

We have shown that signals plays a very prominelg in conveys information in electronic

communication. These signals could be audio, videpeech, image, communication,

geophysical, sonar, radar, medical and musicalisg®By understanding the complex behavior
of signals, we can minimize noise effects in comivation systems by using estimation theory
as probabilistic approach to suppressing randotanttiances. This conclusive unit has dealt with
these issues.
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5.0 Summary

In this unit, we have discussed the concept of @ayralysiswith broad perspectives. We showed
that signal analysis is very essential especialgases where noise as an undesirable random
disturbancesignals conflicts the desired signad. prevention deals with signal recovery
techniques discussed in this unit. We have discugise concept of signals in communication
systems. A good classification of signals, its a@ion and attributes was presented. The
different types of signal Fourier analysis as vaslthe mathematical formulations were explored.
The next module will focus on signal applicationthe context of modulation and demodulation
systems.

6.0 Tutor-Marked Assignment (TMA)

1. What is Fourier analysis and outline four typéBourier analysis methods namely:

2. Discuss the various OSI layers where signalgasing may occur in communication systems
3. What are the 6 major classifications of sigraad discuss them briefly?

4. List five examples of signals and outline thagtributes.

5. What is a Sisyphean signal? Distinguish betwsiodic and aperiodic signals.
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MODULE 2 MODULATION FUNDAMENTALS
UNIT 1 AMPLITUDE MODULATION CONCEPTS

1.0 Introduction

2.0 Objectives

3.0 Main Content

3.1 Expression for Amplitude Modulation Voltage
3.2 Waveform of Amplitude Modulated Voltage
3.3 Sidebands Produced in Amplitude Modulation
3.4 AM Power and Current Derivations

3.4.1. Power Computations in Amplitude Modulatedv&/a
3.4.2. Amplitude Modulated Current Computation
3.4.3. Modulation by Sine Wave Cascades

4.0 Conclusion

5.0 Summary

6.0 Tutor-Marked Assignment (TMA)
7.0References/Further Readings

1.0 INTRODUCTION

The concept of modulation is very important in &f@cic communications systems. In Section
3.3, a good definition of modulation is given ag trocess by which some characteristics,
usually amplitude, frequency or phase of a voltagaually sinusoidal voltage) is varied in
accordance with the instantaneous value of somer ethitage, called the modulating voltage.
We explained that the term carrier is applied ® \thltage whose characteristic is varied and
the term modulating voltage (or signal) is used tfag voltage in accordance with which the
variation is made. The carrier frequency is thequency of the carrier voltage being
modulated.Usually the modulation frequency is cdesably lower than the carrier frequency.
But this is not inherent in the definition and ixceptional cases, the carrier frequency may be
lower the modulation frequency as in carbon buttwansmitter or a vacuum tube
amplifier.Here, you will learn about AM mathematieapression, the power equations, and the
different types of AM systems, their applicatiors)d topologies. We shall also examine
various concepts on amplitude modulation systenwsvafds the end of this unit, samples
tutorials will be discussed.

2.0 OBJECTIVES
After going through this unit, you should be alde t
understand the concept of amplitude modulatioresyst
differentiate between different types of amplitudedulation systems
understand the different application of amplitudedmlation systems
compare the different amplitude modulation systems
Highlight the importance of amplitude modulatiorstgms
know the importance of using amplitude modulatigstsms
understand the mathematical models of amplitudeutatidn by sine wave cascading.

AN NANA N Y N
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3.0 MAIN CONTENT

3.1. Expression for Amplitude Modulation Voltage

The modulation process usually involves varying afighe following three quantities: (i)
amplitudef, (ii) frequencyw, and (iii) phase anglé of the carrier voltage, in accordance with
some function of the instantaneous value of theutatthg voltage.

Accordingly modulation process could be amplitudeequency or phase modulations
depending upon whether the amplitude frequencyw, or the phase anglé of the carrier
voltage is varied. In most cases, the frequencyutatidn and phase modulation are classified
together under angular modulation. It is possilde produce simultaneously, amplitude,
frequency and phase modulation of the carrier geltay varying all the three parametéfsy,
and @ simultaneously but is commercial radio transmsiteyare is taken to produce only one
type of modulation with the exclusion of the othe&o.

As we have seen in Equ 1.1, let the carrier voltagieepresented by the expression.

Ve = v.c0s [w.t + 0(t)]

Wheret = time (3.1)

w. =Angular frequency of the voltage in radians/second

And 6 =Phase angle (3.2
w, = 21f,

Wheref, is the frequency of the carrier voltage in Hz

In amplitude modulation, the amplitude of the earwoltage varies in accordance with the
instantaneous value of the modulating voltage esijnal be given by the expression,

U = Vp cosw,,t (3.3)
Wherew,, is the angular frequency of the signal &pds the amplitude.

Let the carrier voltage be given by the expression,

v, = V. cosw,t (3.4)

In Equ. (3.4), for convenience in calculation, gtease anglé has been taken as zero, since it
does not play any part in the modulation procebss fiowever, does not in any way reduce the
generality of the expression.On amplitude modufatiamplitude of the carrier no longer
remains but varies with time as given by the folloyvexpression:

V(t) =V, + KV, cOS Wt (3.5)

Wherek, V;, cosw,,tcrepresents the change in carrier amplitude.

The instantaneous value of modulated carrier veliaghen given by,

v=V(t)cosw,yt (3.6)

orv = [V, + K;V,, cos w,,t] cos w, .t (3.7)

Equ. (3.7) may be written as,

KqV,
v=1V, [1 += COS(,()mt] COS Wt
(o}
v=V[1+m, coswyt]cosw,t (3.8)
Wherem,is the modulation index or modulation factor or thepf modulation and is given
by,
KV
a — VC
Now, by establishing that0n0 x m,, this then gives the percentage modulation.

(3.9)
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3.2. Waveform of Amplitude Modulated Voltage

Figure 3.1 (a) shows the waveform unmodulated eawbltage. Figure. 3.1 (b) gives the
waveform of sinusoidal modulating voltage. Figusel (c) gives the waveform of amplitude
modulated carrier voltage.

Now, from Figure 3.1, we can see that frequencgaofier remains unaltered but its amplitude
varies in accordance with the variation of the matinig voltagev,,

It may further be seen that,
__ Vemax-V,

m, = (3.10)
Ve _

Also,m, = V, — <= (3.11)

Hence, m, = V. max— V; min _ V,max -V, min (3.12)

2V Vemax+V, min

With the help of Equ. (3.12), the modulatiery may be experimentally determined by applying
the amplitude modulated voltage to Y-Y deflectidatps of a cathode ray oscilloscope and
applying a suitable sweep voltage (time-base veltag the X-X deflection plates. The pattern
shown in Figure 3.1, then appears on the screerthef CRO from which values of

Vimax and V..., may be observed. The modulation index may therabmilated

Figure 3.1. Waveform of amplitude modulated cawvigtage.

3.3. Sidebands Produced in Amplitude Modulation

The lower sideband term and the upper sideband &erlocated in frequency spectrum on
either side of the carrier at a frequency inteofab,,, as shown in Figure 3.2a, the magnitude of
both the upper and lower sidebandsjgs /2 times the carrier amplitud& If modulation index
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m, is equal to unity, then each sideband has amglihalf of thecarrier amplitude. Figure
3.2a, shows a plot of the frequency spectrum oathplitude modulated voltage.

Amplitude modulation thus shifts the intelligendem audio frequency level to the level of
carrier frequencyo.. Also, the intelligence appears in the form of tsideband symmetrically
placed relative to the carrier frequengy Each of these sideband carries the complete
intelligence original as contained in the signdiobe modulation. The intelligence occurs twice
in amplitude Modulation carrier.

Figure 3.2a. Plot of frequency spectrum of ampétutbdulated voltage

Equ. (3.8) for amplitude modulated carrier may keagded in the following form
m,V,

v=V,cosw. + % [2 cos w .t oS W]

or v= V. cosw. + %VC cos (we + wy)t + %Vccos (we — W) t(3.13)

Equ.(3.13) reveals that the sinusoidal carrieragdton being amplitude modulated by a single
sinusoidal modulating voltage consists of the fwlltg frequency terms:

0] Original carrier voltagé. cos w.« of angular frequency,.
(i) Upper sideband terﬂ'%ﬂllc (w. + wy)tof angular frequencyl, + wy,).

(iii)  lower sideband ter%ﬁ V. cos (w. — w,y,)tof angular frequencyf, — w,,).

Equ. (3.13) reveals that the amplitude Modulatedieavoltage consists of the Sinusoidal
voltages of amplitudés,%l/;and%Vc,respectively and angular Frequenay, (w, +
wmyand (v, — wy,) respectively. These may, therefore, be represemgdthe phasor
representation of Figure. 3.3 which shows two sidels of amplitud%‘iVC each rotating with
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angular velocityw,. with respectively to the carrier of annular fregogw,. the resultant of
these three phasor gives the amplitude of thdteedamplitude modulation voltage.

Figure. 3.3a). Phasor representation of modulatmitage and amplitude modulated voltage.
Figure.3.4b)Frequency spectrum of a complex ang#itonodulating voltage.

So far we have assumed the modulating signal t@ lsngle frequency tone. In practice,
however, the modulating voltage has a complex wawefIf the modulating voltage is periodic,

it may be represented Fourier series. On the dtlaad, if the modulating voltage is non-
periodic, it may be represented by Fourier integrabny case, the modulating signal consists of
a band of frequency of different amplitudes andsplaas shown Figure 3.4 (ly). Each
frequency term in this modulating signal producesymdulation a pair of sideband terms. The
entire modulating signals then produces two sidébaymmetrically dispose about the carrier as
shown in Figure 3.4. Herew,andw, are the lowest and the highest frequencies in the
modulating signal.

3.4. AM Power and Current Derivations

3.4.1. Power Computations in Amplitude Modulated Wae

We have seen that the carrier component of the immpl modulated wave has the same
amplitude as the unmodulated carrier. However, dhwlitude wave contains two sideband
components as well. Evidently, therefore, the matthd wave contains more power than the
carrier before modulation. Further since the amgét of the sideband depends on the
modulation index, the total power in the modulateale will also depend on the modulation
index. The total power in the modulated wave magxmessed as Equ. 3.14.

Pt=PC+PLSB+PUSB (314)
p, — Yearr + Visp + Vise (3.15)
t— R R R .

Where all the three voltage aren.s values and R is resistance in which the powedissipated
the first term on the RHS in Equ. (3.14) is the odolated carrier power and is given by

p = Véarr _ (V22 _ V2 (3.16)
¢ R R 2R )
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I VA
Slmllarly,PLSB = PUSB = LI::B

ma 2 m3Vz m3 V2

2
=5 V2 ) e = 8R 4 2R (3.17)
Substituting Equ. (3 16) and (3 13) into Equ. (3.1¢e get
2 2 2
p =Y ymali mala_p +m“P+ P (3.18)
2R 4 2R 4 2R
P =P(1+2 (3.19)

Equ. (3.19) relates the total pow&gm the amplitude modulated wave to the unmodulateder
power. The equation reveals that the maximum pawtre AM wave i, =1.5P, when m=1.

3.4.2. Amplitude Modulated Current Computation

Often it is relatively easy to measure the moddlaed unmodulated carrier current. Such as a
situation arise when the antenna current of a tnéttey is metered. We may the compute the

modulation indexn, from these two currents.

Let I.be the unmodulated current and Igtbe the total or the modulated current of an AM

transmitter both currents being RMS values. LeteRthe resistance into which these current
flow.Then,

P, I!}R I m2

= =—t2=1+—
P 1R - Q) 2

NE:
QN

(3.20)

orl, = Ig |1+ (3.21)

3.4.3. Modulation by Sine Wave Cascades

Hence,l—t = |1+
Ic

In several sine waves scenario in practice as showigure 3.5, the carrier is usually modulated
by several sine wave simultaneously. It is of ies¢to calculate the resulting power condition.
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Figure 3.5. Plot of Time domain representatiorhef AM wave.

The procedure includes calculating the total mathdaindex and the substituting it in Equ.
(3.19) to compute the total powBr. There are two methods of computing the total nadcn
indexm;_these are given below.

Methodl.
LetV, V, Vs etc. be the simultaneous modulating voltages. Tthertotal modulating voltageé,
eqguals the square root of the sum of the squardseahdividual stages.

Thus,V, = JVEVFVZ + -
On dividing both sides by. we get

v, V24 VZ+V2i4.... v V: V2

Ve (YT Ve TV 16 SRS R

e A |20 2 A

Hencem, = m? + m2 + m3 + - (3.22)
Method II.

Equ. (3.19) may be written as,
m2
Py =P +P.7t =P+ Py (3.23)

WherePggis the total sideband power and is given by,
PSB - PC mTIZI (324)

When several sine simultaneously modulate theesaite carrier poweP, remains unaltered
but the total waves sideband pow&gr is now the sum of the individual sideband powers.
Thus, we get

76



Pspr = Pspy + Pspy + Pspg + - (3.25)
On substituting Equ. (3.24) into Equ. (3.25), wé ge

Pcm? _ Pcm%+ +
2 2 2 2

Pm3 4 Pemi

+ ces
Hencem? = m? + m% + m3 + - (3.26)

It may be noted that total modulation index must not exceed unity or else distortion will
result.

4.0 Conclusion

So far, we have provided a fundamental understgtalithe concept of amplitude modulation
systems. In order to reinforce our knowledge, wHedintiated between different types of
amplitude modulation systems. A good understandinthe different application of amplitude
modulation systems has been presented. We havpaced between the different amplitude
modulation systems while highlighting the importarat amplitude modulation systems.

5.0 Summary

e We have seen that the concept of modulation is Jemportant in electronic
communications systems.

e The modulation process usually involves varying ohthe following three quantities: (i)
amplitudef, (ii) frequencyw, and (iii) phase angle of the carrier voltage, in accordance
with some function of the instantaneous value efrtfodulating voltage.

e In amplitude modulation, the amplitude of the earwoltage varies in accordance with
the instantaneous value of the modulating voltageesignal.

e Amplitude modulation thus shifts the intelligencerh audio frequency level to the level
of carrier frequencw,.

e the carrier component of the amplitude modulategtenN@as the same amplitude as the
unmodulated carrier.

e Modulation by Sine Wave Cascades can enable tlealaibn of the calculating the total
modulation index

e The total modulating voltagg equals the square root of the sum of the squdréseo
individual stages.

5.0 Tutor-Marked Assignment (TMA)

We shall present some Self-Tutorials for studyrasation. Please pay attention to the steps.
Example 1.

A sinusoidal carrier of frequency 1 MHz and amp@ul00 volts is modulated by sinusoidal
voltages of frequency 5 kHz producing 50% modufati@alculate the frequency and amplitude
of upper and lower sidebands considering Figure 3.6
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Figure 3.6.a) Amplitude of an AM wave b) Fueqcy spectrum of an AM wave.

Solution.
Frequency of upper sideband =1 MHz +5 kHz = 1003.kH
Frequency of lower sideband =1 MHz — 5 kHz = 9Bz k

Amplitude of each sideband terfﬁvc = % X 100 = volts. Ans.
Example 2

The tuned circuit of the oscillator in a simple Ak&nsmitter uses a coil of 40 UH and shunts
capacitor of value 1nf. If the oscillator outpunm®dulated by audio frequency up to 5 kHz, what
is the frequency range occupied by the sidebands?
Solution.
1 1

fe= =

2nVIC 2740 x 10~° x 1x 10~°

=796 kHz.

Since the highest modulating frequency is 5 kHe, flequency range will extend from 5 kHz
below to 5 kHz above the carrier frequency, i.enfr791 to 801 kHz.

H =796 x 10°4%

Example 3

A sinusoidal carrier voltage of amplitude 100 soi$é amplitude modulated by a sinusoidal
voltage of frequency 10 kHz resulting in maximumdulated carrier amplitude of 120 volts.
Compute the modulation index.

Solution.

Vemax—" 120 —100
m, = v = 100 = 0.2.Ans.
Example 4.

A sinusoidal carrier voltage of frequency 1200 kidzamplitude modulated by a sinusoidal
voltage of frequency 20 kHz resulting in maximund aninimum. Modulated carrier amplitude
of 110 volts and 90 volts respectively. Calculagthie frequency of lower and upper sidebands
(b) the unmodulated carrier amplitude (c) modutatiaex and amplitude of each sideband.
Solution.
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(a) Lower sidebands frequency= (1200-20) kHz = 1180.kHz
Upper sideband frequency= (1200 +20) kHz = 1220.Khz

. . V, +V,
(b) Unmodulated carrier amplituge= -max™-c72%
(110+90)
2
L 14 Vo 110-90
(c) Modulation index, my = & Vemin _ ) — 01
chax+chm 110490

(d) Amplitude of each sidebané “V = 0.05 X 100 = 5 volts. Ans

Example 5.

The rms value of a carrier voltage is 100 volts. Computerims value when it has been
amplitude modulated by a sinusoidal audio voltage depth of (a) 20% and (b) 40%.

Solution.

2
P = P[1+71]

Or.Vers — charr [1 + m_z
2 2 2

2
Hence ’Vrgns = Vc121rr 1+ %

= 100 volts.

Or 4 = Carr

™rms
=10 ’1 + = 101 volts
Voms = 100 |1+ (";”2 = 103.9 volts

Example 6.

The rms of a radio frequency voltage is 80 volts. Afterpitnde modulation by a sinusoidal
audio voltage. Thems value of the RF voltage becomes 88volts. Compluée mhodulation
index.

m

Solution.
2

mg
Vims = Vearr [1 +T]

Hencem, = JZ[ (fmeye — 1] = \/2[(%)2 — 1] = 0.6481.

Vcar

Example 7.

Unmodulated RFcarrier power of 10kw sends a cuméd amp rms through an antenna. On
amplitude modulation by another sinusoidal voltage,antenna current increases to 11.6 amps
calculate (a) the modulation index and (b) capiwver after modulation.

Solution
Letrmsantenna current before and after modulatiak &ed! respectively.
Then 2[()2 - 1] = Y2[(5D) = 0.8314
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Power of carrier after modulation is given by,
P=P[1+2] =10 [1+ 92 = 13456 kw.
Example 8.
Thermsvalue of a carrier voltage after amplitude modatato a depth of 40% by an sinusoidal
modulating voltage is 55 volts. Calculate thmas value of carrier voltage when amplitude
modulated to a depth of 80%.

Solution.
Vims 55

= = = = 52.93 volts.
J1+m2/2) 1+ (0.4)%/2

Vearr =

At 80% modulation, the modulated carrier rms vadt@ggiven by,

’ 0.8)2
Vrms = Vcarr\] 1+ m,zl =5293 |1+ ( 2) = 60.81 volts.

Example 9.
An |kW carrier is modulated to a depth of 60%. Q#dte the total power in the modulated wave.

Solution.

m2 (0.6)?
Po= |1+ 2t =114 = Lis k.

Example 1Q
A broadcast radio transmitter radiates 8 kW whenrtiodulation percentage is 50. What is the
unmodulated carrier power?
Solution.

Py
P = =

1+mZ/2 1+ (0.5)2/2

Example 11.
A broadcast transmitter radiates 4.72 kW when tloelutation percentage is 60. Calculate the
total power when the modulation has been reducd@ foer cent.
Solution.

P, 4.72 kW

T1+m, 1+(06)2/2

=7111kW.

P, 4kW

With 40 per cent modulation,
(0.4)?
2

Pt=4kW[1+ l=4[1+0.08]= 432 kW.

Example 12

A radio telephone transmitter using amplitude matah has unmodulated carrier output power
of 20 kW and can be modulated to maximum depth08b &y a sinusoidal modulating voltage

without causing overloading. Find the value to whignmodulated carrier power may be
increased without resulting in overloading if thexamum permitted modulation index is

restricted to 60%.

Solution.
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Modulated carrier power

m; (0.8)
Pt=Pc<1+7>=20[1+ >
This is the maximum power which can be handled bhg transmitter without causing

overloading. The increased unmodulated carrier passden is given by,
(0.6)%

] = 26.4

264Pg[1 +—~] = 1.18P,

Hence,

P, = 264 _ 22.38 kW
07118 °™ '

Example 13.

A radio transmitter radiates 10 Kw with the caruemodulated and 11.25 kW when the carrier
is modulated by a sinusoidal voltage. Calculate iwulation index. Another sine wave is
capable of producing 30% modulation. If both theeswaves simultaneously modulate the
carrier determine the total radiated power.

Solution.

m% P; _112 1= 0125
2 P 10 o
Hence

m, =v2 x 0125 = 0.5

With simultaneous modulation by the two sine waweis, now gives

m, = |m?+m2=,/(0.5)2+ (0.3)2 = 0.58

Hence,
m? 1+ (0.58)2
P=Py[1+—|=10|————| =117 kW.
2 2
Example 14.

The tuned circuit of the oscillator in a simple AMnsmitter employs a 50-microheary (50-puH)
coil and t 1-nanofarad (1-nF) capacitor. If theiketor output is modulated by audio frequencies
up to 10 kHz, what is the frequency range occupiethe sidebands?

Solution
1 1
Je= 2mVLC  2m(5 X 1075 x 1 x 1079)1/2
1

— 1 —
2m(5%x10-14)1/2  2m\/5x10-7 7.12x16
Since the highest modulating frequency is 10 kH® frequency range occupied by the
sidebands will range ‘from 10 kHz above to 10 kidioty the carrier, extending from 722 to 702
kHz.

Example 15.
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A 400-watt (400-W) carrier is modulated to a deptlY5 percent. Calculate the total power in
the modulated wave.

Solution
2 2
Pay = Pc[]- n m?] =400 [1 + % = 400 x 1.281
=512.5W.
Example 16

A broadcast radio transmitter radiates 10 kilowét® kW) when the modulation percentage is
60. How much of this is carrier power?

Solution
SR S 20 _ 847KW

T 1+m2?/2  1+0.62/2  1.18

c

Example 17

The antenna current of an AM transmitter is 8 ampd8A) when only the carrier is sent, but it
increases to 8.93A when the carrier is modulateda lgingle sine wave. Find the percentage
modulation. Determine the antenna current whempéreent of modulation changes to 0.8.
Solution

IAE

L1
[IC] +
m? I

7=l -

m2
2
2

Here,

2
m= [2 [(87;’3) - 1] = 2[(1.116)2 — 1]
J2(1.246 — 1) = V0,492 = 0.701 = 70.1%.

For the second part, we have |

I, =1 1+m2—8 1+0'82— 1+0'64
t— “c 2 2 2

=8V1.32 =8x1.149 = 9.194

Example 18

A certain transmitter radiates 9 kW with the carnimmodulated, and 10.125 kW when the
carrier is sinusoidal modulated. Calculate the ntetthn index. If another sine wave is
simultaneously transmitted with modulation inde4, @etermine the total radiated power.

Solution
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m? P, 10.125

T p 17 ~1=1125-1=0.125
m? = 0.125 X 2 = 0.250

m =+0.25 = 0.50

For the second part, the total modulation index lvél

m, = /mf +m?2 =,/0.52 + 0.42 = 0.25 + 0.16 = V0.41 = 0.64

m? 0.642
Paw =P 1455 ) =9(1+-5—) = 9(1 +0.205) = 10.84KW

Example 19

The antenna current of an AM broadcast transmithelulated to a depth of 40 percent by an
audio sine wave, is 11A. It increases to 12 A assalt of simultaneous modulation by another
audio sine wave. What is the modulation index duthis second wave?

Solution

| I, B 11 B 11 B
¢ J1+m?2 J1+04%2/2 J1+0.08
From the modulation index Equation, here the maehriandex is the total modulation index,
we obtain

10.58

Iy

e o[ ] fllwse) -] v

=42 x0.286 = 0.757.
We obtain

m, = y/m? —m? =0.7572 — 042 = /0.573 — 0.16 = 1/0.413= 0.643.
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UNIT 2 TYPES AMPLITUDE MODULATION (AM) TECHNIQUES
1.0 Introduction

2.0 Objectives

3.0 Main Content

3.1. Double Sideband Suppressed Carrier (DSB-SSB{/C) Technique
3.1.1 Frequency Spectrum of the DSBSC Wave

3.1.2Time Domain Representation of the DSBSC Wave

3.1.3. Power Computations in the DSBSC Wave

3.1.4. Demodulation of DSBSC Wave

3.2.Single Sideband (SSB or SSB-AM) Technique

3.2.1. Frequency Spectrum of the SSB Wave

3.2.2. Time Domain Representation of the SSB Wave

3.2.3. Power Computations in the SSB Wave

3.3. Vestigial Sideband (VSB) Modulation TechniqU&BMT)
3.3.1.VSB Instantaneous Voltage

3.3.2.VSB Wave Power Computations

4.0 Conclusion

5.0 Summary

6.0 Tutor-Marked Assignment (TMA)

7.0 References/Further Readings

1.0 INTRODUCTION

In the last unit, we looked at various AM conceplsw, generally, Amplitude modulation (AM)
is a modulation technique used in electronic comoation, most commonly for transmitting
information via a radiocarrier wave. Usually, in ANhe amplitude (signal strength) of the
carrier wave is varied in proportion to the wavefdseing transmitted. That waveform may, for
instance, correspond to the sounds to be reprodogedloudspeaker, or the light intensity of
television pixels. This technique contrasts wittgiuency modulation, in which the frequency of
the carrier signal is varied, and phase modulatiorwhich its phase is varied. AM was the
earliest modulation method used to transmit voigeddio. Today, it is actively in use in many
forms of communication e.g. used in portable twgrwadios, VHF aircraft radio, and in
computer modems (in the form of QAM). AM is oftased to refer to mediumwaveAM radio
broadcasting. In the context of analog modulation which the modulation is applied
continuously in response to the analog informasiigmal, this unit shall discuss common analog
modulation techniques under amplitude modulatidnoliog double sideband suppressed carrier
(DSB-SC)/(DSB-WC) technique, single sideband (SSBS8B-AM) technique and vestigial
sideband (VSB) modulation technique (VSBMT)

6.0 Objective
After going through this unit, you should be alde t
v explain the concept of double-sideband modulatigh earrier (DSB-WC) (used on the
AM radio broadcasting band).
v understand the concept of double-sideband suppressaer transmission (DSB-SC)
v understand the concept of Single-sideband modul§8SB, or SSB-AM)
- Understand the concept of vestigial sideband maidnlgVSB, or VSB-AM).
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3.0. Main Content

3.1. Double Sideband Suppressed Carrier (DSB-SC)/@B-WC)Technique

Double-sideband suppressed-carrier transmissiorB{®S) or wave is transmission in which
frequencies produced by amplitude modulation (AK) symmetrically spaced above and below
the carrier frequency and the carrier level is ceduto the lowest practical level, ideally being
completely suppressed.

In the DSB-SC modulation, unlike in AM, the waverea is not transmitted; thus, much of the
power is distributed between the sidebands, whighlyi an increase of the cover in DSB-SC,
compared to AM, for the same power used.DSB-SCstrassion is a special case of double-
sideband reduced carrier transmission. It is ugedaflio data systems.

In terms of spectrum shown in Figure 2.1, DSB-S@aisically an AM wave without the carrier,
therefore reducing power waste, giving it a 50%cefhcy. This is an increase compared to
normal AM transmission (DSB), which has a maximuficiency of 33.333%, since 2/3 of the
power is in the carrier which carries no intelligen and each sideband carries the same
information. Single Side Band (SSB) Suppressedi€ras 100% efficient. DSB-SC is generated
by a mixer. This consists of a message signal pligtl by a carrier signal.

fc- fm fc+

fm fm
Figure 2.1. Spectrum plot of a DSB-SC signal.

Mixer

Meassage Signal ‘FU‘D:‘J“"' 4)—@)—}- Modulated Cutput

AAA

Carrier Signal

Figure 2.2. DSB-SC generat
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Now, its demodulation is done by multiplying the SC signal with the carrier signal just like
the modulation process. This resultant signales thassed through a low pass filter to produce a
scaled version of original message signal. DSB-8K lme demodulated by a simple envelope
detector, like AM, if the modulation index is legn unity. Full depth modulation requires
carrier re-insertion.

Recall that in the previous section, we establishad the AM signal as derived in the previous
section is given by

. %
Vay = Vesinw t + —=cos(w, — wy) t — mz “cos(w, + w;) t (2.1)

Thus, the AM signal has three components, namelgadulated carrier, LSB and USB. The
message be transmitted is present only in LSB a8&.UFurther, if we consider the power
relation given by

mV,
2

Therefore, the power required for the carrier congoa is given by
P. = PaMm (2.3)

m2
(1+2)

Let the modulation index be unity, i.e., m = Inénce, we now have
2

P = gPAM (2.4)
From Equ.3.30, two-third of total AM power is w#d for the transmission of carrier
component, which does not bear any message. Thysiiet unacceptable, but a significant
saving in power requirement can be achieved by eggpg the carrier before transmission.
This is the major reason behind the AM DSBSC teginai Basically, the instantaneous voltage
of DSBSC may be related to that of AM as
Vpspsc = Vam — VeSinw,t (2.5)

Substituting folV/,,,from Equation (2.1), we get

mV,
2

mV,
2

Vay = cos(w, — wy,) t ——<cos(w, + wy) t (2.6a)
From Figure 2.2, the DSB-SC is generated by a miXéis consists of a message signal
multiplied by a carrier signal. The mathematicgresentation of this process is shown in Equ.

(2.6a) where the product-to-sum trigonometric idgm$ used
V,,Cos(wmt) * V Cos(w,t) = VmTVC [cos((Wm + we)t) + Cos((wm — w()E)](2.6b)

Message-Carrier = Modulated Signal

The next question will therefore be why AM is stilluse? The significant power saving in case
of DSBSC does not come without price. DSBSC tedmigccordingly adds complexity at the
receiving point to recover the message. Thus depgrah the application, we can go either for
AM or DSBSC. Suppose your application requiremeititrmake the cost of receiver needs to be
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significantly low, then, AM is preferred, as in thase of AM broadcasting. Alternatively, if the
application is meant for point-to-point serviceettDSBSC is preferable.

3.1.1. Frequency Spectrum of the DSBSC Wave

Using the AM frequency spectrum of the DSBC, thaagion of instantaneous value of DSBSC
wave is illustrated in Figure. 2.3. This plot showesv the maximum amplitude of the DSBSC
modulated voltage is made to vary with modulatimfage changes. It could be observed that
when there is no modulation, the instantaneousevaizero and is expected, since there is no
carrier component in this case. From Figure. 2.3, possible to write an equation for the peak
amplitude of the DSBSC modulated voltage. In tlaise; we have

A = v, =V, sinw,,t = mVsinw,,t (2.7)
4
|

Y

Figure. 2.3. Amplitude of a DSBSC wave.
The instantaneous voltage of the resulting amm@itombdulated wave is given by
Vpspsc = Asinf = Asinwptsinw,t (2.8)
This equation may be expanded to give
Vpspsc = mTVCcos(a)C —wp)t — mTVCcos(a)C +wy)t (2.9)
Thus, the equation of DSBSC wave contains two temasely, LSB and USB, as discussed

earlier. The bandwidth required for DSBSC is twiice frequency of the modulating signal, as in
the case of AM. That s,

Bpsgsc = (fe + fm) — (e = fm) = 2fm (2.10)

The frequency spectrum of DSBSC wave is shownguféi 2.4 as obtained using the Equ. (2.9).
As illustrated, DSBSC consists of two discrete treicies separated by /2 and having equal
amplitudes.
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Figure.2.4. Frequency spectrum of the DSBSC wave

3.1.2. Time Domain Representation of the DSBSC Wave

As you can see, the appearance of the DSBSC waphkiex the difficulty in recovering
message from it as shown in Figure 2.5for one cgttee modulating sine wave.

-

Vi sin .t

Figure 2.5. Time domain representation of the DSB&{e.

It shows the amplitude called the top envelopeh®f DSBSC wave given by the relation

A =V, Sinw,t

The maximum negative amplitude or bottom envelspgiven by-A = =1}, Sinw,,t

The modulated wave extends between these two tignginvelopes and has a repetition rate
equal to the unmodulated carrier frequency. Faebelistinction, the bottom envelope is shown
as dotted line. The top envelope crosses belowdhe reference amplitude value and similarly
the bottom envelope crosses above the zero refegmplitude value.

However, in case of AM wave, this will never happéhthe most, the top envelope can touch
the zero reference, but cannot cross it. Same tbkitigie with respect of bottom envelope also.
Thus, the information from AM can be recovered ueig either from top or bottom envelope
by a simple envelope detector circuit (assume,i@dedrectifier for time being). But this is not
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the case In case of DSBSC. This is the price webhyaguppressing the carrier. There are ways to
overcome this problem for recovering message.

3.1.3. Power Computations in the DSBSC Wave
We have established that the carrier componenuppressed in DSBSC wave. Now, the
modulated wave contains energy only due to thestdleband components. Since, the amplitude

of the sidebands depends on the modulation erﬁtldt( Is anticipated that the total power in

theDSBSC modulated wave will also depend on theutadidn index. The total power in the
DSBSC modulated wave will be

Vise | Vise
Ppspsc = "R + R (2.11)

Where all the voltages armsvalues andR is the resistance in which the power is dissipated

mVC
VZ —_— ZVCZ 2 VCZ
P = Pusp == () 7 = = @12)

Substituting Equ.(2.11) in (2.12), we have

m2vZ  m2vz
4 2R 4 2R

(2.13)

Ppspsc =

m

2
Ppspsc = Fe (7) (2.14)
Equ(2.14) relates the total power in the DSBSC natdd wave to the unmodulated carrier
power. It is interesting to know from Equ (3.40atthhe maximum power in the DSBSC wave is
Ppspsc = P./2 whenm = 1. Thus we need only maximum of 50% of unmocdatarrier power
for the transmission of DSBSC wave. This is corasb, because, in case of AM wave, two-
third of total power is utilized by the carrier cpanent alone and rest one-third by both the
sidebands. This one-third constitutes 50% of unraidd carrier power.

3.1.4. Demodulation of DSBSC Wave

Demodulation is done by multiplying the DSB-SC sigwith the carrier signal just like the

modulation process. This resultant signal is thasspd through a low pass filter to produce a

scaled version of original message signal. DSB-8K lme demodulated by a simple envelope

detector, like AM, if the modulation index is legn unity. Full depth modulation requires

carrier re-insertion.

Modulated Signat carrier = Original message

Ve
2

= G VCVC’) V,Cos(wmt ) + iVCVC’Vm[Cos((wm + 2w,)t) + cos (((wm — 2w,)t)](2.15)

[cos((wm + w)t) + Cos((Wm — W) * V. Cos(wpmt )

Equ. 2.15/ 3.41 shows that by multiplying the maded signal by the carrier signal, the result is
a scaled version of the original message signa plsecond term. Sinee. > w,,,this second
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term is much higher in frequency than the origim&ssage. Once this signal passes through a
low pass filter, the higher frequency componemémoved, leaving just the original message.

For demodulation, the demodulation oscillator'sj@rency and phase must be exactly the same
as modulation oscillators, otherwise, distortiom/an attenuation will occur.To see this effect,
take the following conditions:

« Message signal to be transmittgd:

e Modulation (carrier) signatos(w.t )

o Demodulation signal (with small frequency and phdeaations from the modulation
signal):V.' Cos[(w, + Aw)t + 6]

The resultant signal can then be given by
F() * V.Cos(wt) * V, Cos[(we + Aw)t + 6]= GV C’) V.V F(O[Cos((Aw.t + 6)) +

(Vv ) Vv £(0) cos[ (R + dw)t + 6)] - (V1) f()Cos[(aw + 6t (2.16)

From Equ (2.16), th€os[(Aw + 6)t] terms results in distortion and attenuation ef ¢higinal
message signal.

Example 20.

A 400W carrier is amplitude modulated to a depti@®%, Calculate the total power in case of
AM and DSBSC techniques. How much power savingWinis achieved for DSBSC? If the
depth of modulation is changed to 75%, then how mpower (in W) is required for
transmitting the DSBSC wave? Compare the powensined) for DSBSC in both the cases and
comment on the reason for change in the powerdevel

Solution
Case 1:
Given, R=400 W and m = 1.

Total power in AMP,,, = P, (1 + m;) =400 (1 + %) =600 W.

m?2

Total power in DSBS DSBSCPyspsc = P (%) = 400 (1) = 200 .

2
Power saving (in W) 24y — Ppsgsc = 400 W
Thus we require only 200 W in case of DSBSC whglone-third of total AM power. This is
the gain we achieve using DSBSC.

Case 2:
Given,P. = 400 W and m=0.75
(0.75)2

. m?
Total power in DSBSCPpspsc = P- (T) = 400 (T) = 1125 W.

The power required in this case is lower than m eage. This infers that the total power in
DSBSC also depends on 'the depth of modulatiomilllbbe maximum, that is, one-third of total
AM power when m =1 and less for< 1.
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Example 22

A DSBSC transmitter radiates 1 kW when the modohatpercentage is 60%. How much of
carrier power (in kW) is required if we want to nismit the same message by an AM
transmitter?

Solution

GivenPpspsc = 1KW and m = 0.6.

Carrier powerpP. = Ppgpsc (%) =1 (é) = 5.56 KWWV.
We require 5.56 kW to transmit the carrier compdreong with the existing 1 kW for the
sidebands whem=0.6.

3.2. Single Sideband (SSB or SSB-AM) Technique

In radio communications, single-sideband modulat{®$B) or single-sideband suppressed-
carrier modulation (SSB-SC) is a type of modulatiaeed to transmit information, an audio

signal, by radio waves. It is a refinement of atuyole modulation which uses transmitter power
and bandwidth more efficiently. Amplitude modulatiproduces an output signal that has twice
the bandwidth of the original baseband signal. Bksgdeband modulation avoids this bandwidth
doubling, and the power wasted on a carrier, attis¢ of increased device complexity and more
difficult tuning at the receiver.

We must understand that the basic version of AMmizdified by suppressing the carrier
component to yield DSBSC technique. The bandwiddquirement of DSBSC is still same as
that of AM. Both the sidebands, namely, LSB and U&Bry the same information. Hence,
saving in bandwidth can be achieved by suppressiegof the sidebands. This thought process
led to the development of another variant of AM,top of DSBSC termed as single sideband
suppressed carrier (SSBSC) technique.

This is generally referred to as SSB. In this Ubdth SSB can be used interchangeably with
SSBSC. Since only one of the sidebands is seldotettansmission, SSB needs a bandwidth
equal to that of message. That is,

Bssg = fm (2.17)
Wheref,,is maximum frequency component in the message.

The DSBSC signal is given by

mV, m
Upsesc = = cos(w, — wpy) t —

ZVC cos(w, + wy) t (2.18)

If LSB is chosen for transmission in case of S$Bnt

Vssp = mTVCcos(a)C —wp)t (2.19)
Alternatively, if USB is chosen for transmissionem
Vssp = — mZVC cos(w, + wy)t (2.20)

Compared to AM and DSBSC, SSB significantly savasqy, since carrier and one sideband are
suppressed and saves bandwidth, since only onbasidds chosen for transmission. Then the
next question is why not use only SSB? The anssvsaime as in the case of existence of AM,
even after the development of DSBSC technique. 388 technique further complicates the
receiver structure to recover message. As wilbgdagned later, an equally important limitation
of SSB is the practical difficulty in suppressirg tunwanted sideband, since it lies close to the

92



wanted sideband. Therefore still all the three ioars of AM, namely, AM, DSBSC and SSB
coexist in the analog communication field.

3.2.1. Frequency Spectrum of the SSB Wave

One way of viewing SSB is DSBSC followed by bandphitering, as illustrated in Figure2.6.
The mathematical treatment here follows this assiempThe situation of instantaneous value of
SSB wave is same as in DSB, illustrated in Figuse ®hich shows how the DSBSC modulated
voltage is made to vary with modulating voltagergyes. From Figure 2.5. It is possible to write
an equation for the amplitude of the DSBSC moddlatdtage.

DSBSC Bandpass
vm | modulation filter

|
|

DSBSC SSB
Up
Figure 2.6. Block diagram representation of SSBegation by band pass filtering

mV,
2

Vpspsc = mTVCcos(wc — W)t ——=cos(w, + wy,)t (2.21)

Now, for generating the SSB, the DSBSC is passeulgfn the bandpass filter. Depending on
the cut-off frequencies, either LSB or USB comes$ olithe bandpass filter if the cut-off
frequencies aréf-f)) andf., then LSB is chosen for transmission and instanianeoltage of
SSB signal is given by

Vssg = mTVCcos(wc —wy)t (2.22)

Alternatively, if the cut-off frequencies afeand if. + “1", the instantaneous voltage of theBUS
chosen for transmission is given by

Vssg = mTVCcos(wc + wy)t (2.23)

It has thus been shown that the equation of SSB2wawtains one term, that is, either LSB or
USB. The bandwidth required for SSB is the freqyerfdhe modulating signal. That is,

Bssp = (fe-fm) - fe=fc- (fo-fm) = fm (2.24)
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The frequency spectrum of SSB wave is shown in€igR.7. Using the equations of SSB as
illustrated, SSB, consists of one discrete frequeiher aff-f,, or fo+ fp,.

'{ sSssB = Use

fe— T e fe + iy

(a)

SSB = LsSB

f=— .I"',.,.-_r =

"
+|—
'1
3

(b)

Figure. 2.7. Frequency spectrum of the SSB wavect®pm for (a) SSB = USB, and
(b) SSB = LSB.

3.2.2. Time Domain Representation of the SSB Wave

Figure 2.8 shows the time domain representatioBSB wave for one cycle of message signal.
The modulated wave will have only one sine wavee ©hly wave to distinguish is to compare
with carrier signal. Its frequency will be eitherwler or more than carrier frequency by an
amount of modulating signal frequency. The envelop&SB does not contain message and
hence a simple envelope detector circuit is nofulider recovering the message. This is the
price we pay by suppressing the carrier and orteeoSidebands. Of course, here also, there are
ways to overcome this problem to recover message.

L2

" :F_____ m___ﬂ___ﬂ__ﬂ__'ﬂ SSBr:LSB

Figure 2.8. Time domain representation of the S&Beaw
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3.2.3. Power Computations in the SSB Wave
Form the discussions above, It has been showrththatarrier component and one sideband are
suppressed in the SSB wave. The modulated waveaiosn¢énergy only due to one sideband

component. Since amplitude of the sideband dependse modulation inde‘e/V@the total power

in the modulated wave will depend on the modulafimex also. The total power in the SSB
modulated wave will be

VA VG
Pssp = % = UTSB (2.25)

Where all the voltages armsvalues andR is the resistance in which the power is dissipated

Vip mTVC . _m*VZ
Pisp = Pysp ==~ = 7z TR=--—C (2.26)
Substituting Equ. (2.25) in (2.26), we have
_ m?2 V¢
Psgp = T (2.27)
m2
Pssp = e (2.28)

Equ. (2.28) relates the total power in the SSB natdd wave to the unmodulated carrier power.
It is interesting to know from Equ.(2.28) that timaximum power in the SSB wave Rgsp =

P . .
:thenm = 1. Thus, we need only maximum of 25% of unmodulatadier power for the

transmission of SSB wave. This is correct alsoabee, in case of SSB wave, one-sixth of the
total power is utilized by the sideband and thisstidutes 25% of unmodulated carrier power.

Example 23.

A 400 W carrier is amplitude modulated to a dedthh@%. Calculate the total power in case of
SSB technique. How much power saving (in W) is eekd for SSB compared to AM and
DSBSC of Example 207 If the depth of modulationhanged to 75%, then how much power (in
W) is required for transmitting the SSB wave? Corapghe powers required for SSB in both the
cases and comment on the reason for change irotherpevels.

Solution
Case 1Given,R=400 W and m = 1.

. m? 1
Total power in SSBPssg= P, (T) = 400 (E) =100 W.
Power saving (in W) compared to AM #\R Pssg = 500 W.

Power saving (in W) compared to DSBSCszdc- Pssg= 100 W.
Thus, we require only 100 W in case of SSB whiobnis-sixth of total AM power.
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Case 2Given, R=400 W and m = 0.75
2 2
Total power in SSBPssg= P. (mT) = 400 (@) =56.25W

The power required in this case is lower thas 1 caseThis infers that the total power in SSB
also depends on the depth of modulation. It willbaximum, that is, one-sixth of total AM
power when m =1 and less foK1.

Example 24

A SSB transmitter radiates 0.5 kW when the modotapercentage is 60%. How much of
carrier power (in kW) is required if we want to rismit the same message by an AM
transmitter?

Solution

Given,Pssg= 0.5 kW and m = 0.6.

Carrier poweR, = Psgp (%) =0.5 (0%) =5.56 KIV..
We require 5.56 kW to transmit the carrier comparedang with the existing 0.5 kW for one
sideband and 0.5 kW more for another sideband wen0.6. In total 6.56 kW is required by

the AM transmitter.
Example 25

Calculate the percentage power saving when theecamd one of the sidebands are suppressed
in an AM wave modulated to a depth of (a) 100 pet,cend (b) 50 percent.
Solution

@ Py =P (1+2) =P (1+2) = 15R.

Saving = T = E = 0.833 = 833%

(b) Pay = (1+%5) = 1.125P,
Psss = P (%) = 0.0625P.

1.125-0.0625 _ 1.0625
1.125 1.125

Saving = = 0.944 = 94.4%

3.3. Vestigial Sideband (VSB) Modulation TechniquéVSBMT)

Vestigial sideband (VSB) is a type of amplitude miation technique that encodes data by
varying the amplitude of a single carrier frequeriégrtions of one of the redundant sidebands
are removed to form a vestigial sideband signab-called because a vestige of the sideband
remains.In AM, the carrier itself does not fluceian amplitude. Instead, the modulating data
appears in the form of signal components at freqgiesrslightly higher and lower than that of the
carrier. These components are called sidebands.

The lower sideband (LSB) appears at frequencieswbehe carrier frequency; the upper
sideband (USB) appears at frequencies above therciequency.
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The actual information is transmitted in the sidets rather than the carrier; both sidebands
carry the same information. Because LSB and USBessentially mirror images of each other,
one can be discarded or used for a second chanfegldiagnostic purposes.

Again, the VSB transmission is similar to singldetiand (SSB) transmission, in which one of
the sidebands is completely removed. In VSB trassioin, however, the second sideband is not
completely removed, but is filtered to remove ait the desired range of frequencies.The main
limitation associated with SSB is the practicafidiflty in suppressing the unwanted sideband
frequency components. It was observed in practiaeduch a process results in eliminating even
some portion of the wanted sideband.

This is because, in many cases the message hasatiion starting from zero frequency and
spreads up to a maximum faf Hz. In such a scenario the first wanted and unedhfrequency
components lie very close to each at the carreguencyf.. Therefore an attempt to attenuate
unwanted component will in turn leads to attenuatef wanted component. One way to
compensate for this loss is to allow a vestigerace or fraction of unwanted sideband along
with the wanted sideband. This thought process tedlde development of AM variant known as
vestigial sideband suppressed carrier (VSBSC) igalenVSBSC is more commonly termed as
VSB representing vestigial sideband and suppressetr as implied.

3.3.1. VSB Instantaneous Voltage Expressions

Now, the DSBSC signal is given by Equ 2.29.

mV,
2

Vpspsc = mTVCcos(wC — W)t ——cos(w, + wy,)t (2.29)

If LSB is wanted sideband in case of VSB, the intgtaeous voltage of the VSB signal may be
expressed as

mV,
2

Vysg = mTVCcos(wC —wy)t+F (— cos(w. + wy,) t) (2.30)

Alternatively, if USB is wanted sideband, the imétaneous voltage of VSB may be given by
mV, mV,
Vysg = — Tcos(wc —w)t+F (T cos(w, — wy,) t) (2.31)

Wherd represents the fraction. The power and bandwigduirements in case of VSB will be
slightly m than SSB, but less than DSB. The fregyspectrum andtime domain representation
of the VSB Wave have their mathematical relatiopshihich could be directly derived from
DSBSC. Let us quickly look at the power computationVSB wave.

97



3.3.2VSB Wave PowerComputations
In the VSB wave, it contains one sideband completeld a vestige of other sideband. The
modulated wave contains energy due to these twgooants. Since amplitude of the sidebands

depends on the modulation in@the total power in the modulated wave will depemdtioe
modulation index also. The total power in the DSB8@ulated wave will be

Vise |, Viss
Ppspsc = ==+ (2.32)

Where all the voltages armsvalues andR is the resistance in which the power is dissipated

V2 m—VC m2v2 m2 V2
PLSBZPUSB=%=<%>/R= SRC zfi (2.33)

Substituting these equations in the total poweaggo, we have

Ppspsc = 4 2R ' 4 2R (2.34)
If LSB is wanted sideband in VSB, then

2 2
PVSBzmTPC‘l'F(mTPC) (235)
Alternatively, if USB is wanted sideband in VSBeth

2 2
Pysg=F (5-R)+ =P, (2.36)

4

Equ. (2.36) relates the total power in the VSB niatha wave to the unmodulated carrier power,
It is interesting to know from this that the maximyower in the VSB wave Rgs5 = PC/4 +

f(PC/4)Whenm =1. Thus, we need only maximum 0f25% to 50% of unntated carrier power

for the transmission of VSB wave. This is corrdsbabecause, in case of VSB wave, one-sixth
of total power is utilized by one sideband andaation of one-sixth for the transmission of the
vestige.

Always remember that the limitation of single-sidal modulation being used for voice signals
and not available for video/TV signals is what tedhe usage of vestigial sideband. A vestigial
sideband (inradio communication) is a sideband hlagtbeen only partly cut off or suppressed.
Television broadcasts (in analog video formats) ths® method if the video is transmitted in
AM, due to the large bandwidth used. It may alsaubed in digital transmission, such as the
ATSC standardized8VSB. The Milgo 4400/48 modemyadb1967) used vestigial sideband and
phase-shift keying to provide 4800 bit/s transmoissdver a 1600 Hz channel.The broadcast or
transport channel for TV in countries that use NT&CATSC has a bandwidth of 6 MHz to
conserve bandwidth, SSB would be desirable, buvitheo signal has significant low-frequency
content (average brightness) and has rectangulachsynizing pulses. The engineering
compromise is vestigial-sideband transmission.dstigial sideband, the full upper sideband of
bandwidth W = 4.75 MHz is transmitted, but only W& 1.25 MHz of the lower sideband is
transmitted, along with a carrier. This effectivethakes the system AM at low modulation
frequencies and SSB at high modulation frequenclde absence of the lower sideband
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components at high frequencies must be compeng$atednd this is done by the RF and IF
filters

Example 26
A VSB transmitter that transmits 25% of the othideband along with wanted sideband radiates

0.625 kW when the modulation percentage is 60%. Hawch of carrier power (in kW) is
required if we want to transmit the same messagenbdM transmitter?

Solution
Given, Risg = 0.625 kW and m = 0.6.
Carrier powerP. = Pygp (1254—mz) = 0.625 (1.2;0.36) = 5.56 kW.

We require 5.56 kW to transmit the carrier comparadong with the existing 0.625 kW for one
side band and 0.375 kW more for rest of the otldband when m = 0.6. In total 6.56 kW is
required by the AM transmitter.

4.0. Conclusion

This unit has explained the concept of double-addbmodulation with carrier (DSB-WC)
while presenting a simplified perspective on theaapt of double-sideband suppressed-carrier
transmission (DSB-SC). We have equally gained htsig the concept of Single-sideband
modulation (SSB, or SSB-AM) and have understoodigies sideband modulation.

5.0. Summary
e Double-sideband suppressed-carrier transmissiorB{®S) or wave is transmission in
which frequencies produced by amplitude modulaaM) are symmetrically spaced
above and below the carrier frequency and the eraleivel is reduced to the lowest
practical level.
e DSBSC wave contains two terms, namely, LSB and USB.
e Demodulation is done by multiplying the DSB-SC sibwith the carrier signal just like
the modulation process.
e For demodulation, the demodulation oscillator'sjflency and phase must be exactly the
same as modulation oscillators; otherwise, digioréind/or attenuation will occur.
e Vestigial sideband (VSB) is a type of amplitude miation technigue that encodes data
by varying the amplitude of a single carrier freqgeye
e Compared to AM and DSBSC, SSB significantly saves/gr, since carrier and one
sideband are suppressed and saves bandwidth, amigeone sideband is chosen for
transmission.
6.0 Tutor marked Assignments
How do you distinguish between analog and digibamhmunication?
Define amplitude modulation?
Write the expression for the instantaneous volt#fgeM wave?
Define modulation index of amplitude modulation?
Derive the expression for the total modulation mdecase of modulation by several sine
waves?
A 360-W carrier is simultaneously, modulated by tawdio waves with modulation
percentages of 55 and 65, respectively. What isofa sideband power radiated?

ohwnNPE

o
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7. A transistor class C amplifier has maximum pernbisscollector dissipation of 20 Wand
a collector efficiency of 75 percent. It is to bellector-modulated to a depth of 90
percent, (a) Calculate (i) the maximum unmodulatadier power and (ii) the sideband
power generated. (b) If the maximum depth of motihdais now restricted to 70 percent,
calculate the new maximum sideband power generated.

8. Derive the expression for the instantaneous voltd@@SBSC wave?

9. What is the difference between SSB and DSBSC wave?

10.Derive the expression for the instantaneous voltd@ESB wave?

11.Derive the expression for the total power in cds83B wave?
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UNIT 3 AMPLIUODE MODULATED SIGNAL GENERATION
1.0 Introduction

2.0 Objectives

3.0 Main Content

3.1. Generation of AM Signal

3.1.1. AM Generation Using Analog Multiplier

3.1.2. AM Generation Using a Nonlinear Resistanegite
3.2. Generation of DSBSC Signal Using a Balancedutor
3.3. Generation of SSB Signal

3.3.1. Analog multiplier

3.3.2. Filter Method

3.3.3. Phase Shift Method

3.3.4. Weaver Phase Shift Method

3.4 Generation of VSB Signal

3.4.1. Using Analog Multiplier

3.4.2. Using the Filter Method

4.0. Conclusion

5.0. Summary

6.0 Tutor-Marked Assignment (TMA)

7.0. References/Further Readings

1.0 INTRODUCTION
In this Section, we shall discuss the principleammplitude modulation generation.

3.00bjectives
4.0 After going through this unit, you should be alde t
v explain the principle of AM signal generation usirggious techniques
v' distinguish between the various methods of AM siiggeneration
v explain DSBSC using balanced modulator.
v analyze VSB using filter and analog multiplier nath

2.0MAIN CONTENT

3.1. Generation of AM Signal
The following are the key methods of AM signal gextien

3.1.1. AM Generation Using Analog Multiplier

Figure 3.1 illustrates a conceptual way to redlie=generation of AM signal with the help of an
analog multiplier and a summer connected togethshows a block diagram representing the
generation ofAM signal using analog multiplier.
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Figure 3.1. Block diagram representation of getimmaof AM signal using analog multiplier.
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The output of the analog multiplier is given by

v = v,V = V,sinw,tV.sinw t = mZVC cos(w, — wy)t — mZVC cos(w, + wy) t (3.1)

Thus, at the output of the analog multiplier, weéntwo sidebands.

By adding the unmodulated carrier component tq thesnow get the requisite AM signal and is
given by

. m
V=0, + v,V = V.sinw.t =

mZVC cos(w, + wy) t.

ZVC cos(w, — wy) t —

3.1.2. AM Generation Using a Nonlinear ResistancedVice

The relationship between voltage and current ineal resistance is given by

i =bv (3.2)
Wherd is some constant of proportionality. If the ab@gpiation refers to a resistor, thiems
obviously its conductance.ln a nonlinear resistarthe current is still to a certain extent
proportional to the applied voltage, but no londjeectly as before. If the curve of current versus
voltage is plotted, as in Figure 3.2, it is fourmdhtt there is now some curvature in it. The
previous linear relation seems to apply to cerfmt, after which current increases more (or
less) rapidly with voltage. Whether the increasenmre or less rapid depends on whether the
device begins to saturate, or else some sort dfastae current multiplication takes place.
Current now becomes proportional not only to vadtégt also to the square, cube and higher
powers of voltage.This nonlinear relation is mastweniently expressed as

i=a+bv+cV?+ dV3 + higher powers (3.3)

% Positive C

Negative C

= -

Figure.3.2. Nonlinear resistance characteristics.
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The reason that the initial portion of the graplinsar is simply that the coefficiewtis much
smaller tharb. A typical numerical equation might well be soniethlikei =5 + 15v + 0.2\ in
which case curvature is insignificant untiequals at least 3. Thereforein practical nonlinear
resistances is much greater thédynwhich is in turn larger than the constants preggdhe
higher-power terms. The devices like diodes, tsinss and field effect transistors (FET) can be
biased with suitable' voltage to constrain theraxbibit the negative resistance property. Figure
3.3shows the circuit in which modulating voltadg and carrier voltag#,,. are applied in
series at the input of the diode. The output ofdloele is collected via a tuned circuit tuned to
the carrier frequency with bandwidth of twice thessage bandwidth.

B . ‘ | T
|
|
!

[ L

b1 v v

Figure 3.3. Generation of AM signal using nonlinessistance characteristics of diode.

The diode is biased such that it exhibits the negaesistance property. Under this condition, its
output current is given by Equ 3.4

i = o+ b(Vin+ Vo) + C(Vin+ Vo)2 = a + b(Vin + Vo) + (VP + Ve + 2VinVo) (3.4)
Substituting fovm = VSinwnt andve = VsSinont,we get,

i = o + b(Vasinont + Vesinod) + c(Vim?sirfont + V2 sirfod + 2VaVsSinomtsinod)

(3.5)
Using the trigonometric expressions,
Sinx Siny = 1/2 [Cos (x - y) - Cos(x + y)] and i 1/2(1 - cos2x).
We get,
i = o + b(Visinont + Vsinod) + ¢ Vinid2(1 - cosont) + VA2(1 - cosd) + VmVe(cosb. -
wm)t + CoSc+ wm))t (3.6)

i = (a0 + CVid/2 + cVZ/2) + bVisinwnt + bVesinod - (1/2c\Vcos2ont + 1/2CViicos2od) +

In the above equation the first term is the D.C ponent, second term is message, third term is
carrier, fourth term contains the harmonics of ragesand carrier, fifth term represents the lower
sideband and sixth term represents the upper sideldde requisite AM components can be

selected by using the tuning circuit that resonateke carrier frequency with a bandwidth equal

to twice the message bandwidth. At the output efttming circuit the current will be
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i = bVCSIFIa)Ct + CVmVC COS@C = a)m)t = CVmVCCOS@)C + a)m)t (38)

If Ris the load resistance, then the amplitude moeldlabltage is given by

mV;
2

v = iR = V,sinw,t + cRV. 22X cos(w, — )t — cRY, cos(w, + wy)t
c (5 c 2 (5 m c (5 m

(3.9)
cos(w, + w,,) t (3.10)

mV,
2

mV,
2

v = iR = V,sinw .t + ¢ —<cos(w, — wy) t — ¢’

Where' = cRV.,.

The above equation has the standard AM signal campgs. In this way, we can generate me
AM signal with the help of device that exhibits tiopar resistance property.

3.2. Generation of DSBSC Signal Using a Balanced Malator

From our previous studies, we already know thaba-lmear resistance or non-linear device
may be used to produce Amplitude Modulation i.ee earrier and two sidebands. However, a
DSB-SC signal contains only two sidebands. Thuswd non-linear devices such as diodes,
transistors etc. are connected in a balanced nwdleas they suppress the carriers of each other,
then only sidebands are left and a DSB-SC signgémerated. Therefore, a balanced modulator
may be defined as a circuit in which two non-lindavices are connected in a balanced mode to
produce a DSB-SC signal.

This section shall discuss a balanced modulat@uitiusing diodes. Figure 3.4a shows the
balanced modulator using diodes as non-linear devitie modulating signal(t) is applied
equally with 180phase reversal at the inputs of both the diodesigih the input center tapped
transformer.The carrier is applied to the centprofthe secondary.

T - Pt j_ .

(t) % (t) cosw_ t
LR LY
Modulating i + () ] Vo DSB-SC Output
Signal 5 Nl |
% (t) Carrier

l _ V;H > R L-l_ | * o

L~

D;
Figure3.4a. DSB-SC signal balance modulator.

From Figure 3.4a, a balanced modulator can be eatst using the non-linear devices like
diodes and transistors. The balanced modulatogusia diodes is given in Figure 3.4a. The
diodes use its nonlinear resistance property fovegeing modulated signals. Both the diodes
receive the carrier voltage in phase; whereas thduhating voltage appears 1800 out of phase at
the input of diodes, since they are at the oppa=ies of a center-tapped transformer. The
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modulated output currents of the two diodes arelioed in the center-tapped primary of the
output transformer. They therefore subtract, agatdd by the direction of the arrows in the
Figure3.4a. If this system is made completely symiced, the carrier frequency will be
completely canceled. No system can of course blegBr symmetrical in practice, so that the
carrier will be heavily suppressed rather than detefy removed. The output of the balanced
modulator contains the two sidebands and some evfriiscellaneous components which are
taken care of by tuning the output transformertosdary winding. The final output consists
only of sidebands.

As indicated, the input voltage will b€, + V) at the input of diod®; and V. + V,;,) at the

input of diodd, . If perfect symmetry is assumed, the proportidpaonstants will be the same
for both diodes and may be called (1, b, and d)edsre.

o
AVALS)

Yo

Figure 3.4b. Generation of DSBSC signal using kbmddnmodulator based on nonlinear

resistance characteristics of diode
From Figure 3.4Db, the two diode output currentslve

g1 =a+b(w, +v,) +c(v, + v,)? (3.11)
ig1 = @+ bv, + bvy, + cv? + cv? + 2cv, v, (3.12)
g2 = a+ bW, — vy) + c(V; — Vp)? (3.13)
gy = @+ bv, — bvy, + cv? + cv? — 2cv, v, (3.14)

As previously indicated, the primary current iseqivby the difference between the individual
diode output currents. Thus

i, =igq —lgy = 2bvy, + 4cv, v, (3.15)
Substituting forns,,,andv, and simplifying we get
i; = 2bV, sinw,,t + 4cmTVCcos(a)C —wp)t — 4cmTVCcos(a)C +w)t (3.16)

The output voltagis proportional to this primary current.
Let the constant of proportionality doéhen

mV, mV,

vy = aiy = 2baV, sinw,,t + 4ac > cos(w, — wy) t — 4ac > cos(w, + wy)t (3.17)
Let, P2abV,,andQ = 2ac mZVC, Then
vy = Psinw,,t + 2Qcos(w, — wy)t — 2Qcos(w, + wy)t (3.18)
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This equation shows that the carrier has been tEhaorit, leaving only the two sidebands and
the modulating frequencies. The tuning of the outpansformer will remove the modulating
frequencies from the output.

vy = 2Qcos(w; — wy)t — 2Qcos(w, + wy)t (3.19)

3.3. Generation of SSB Signal

3.3.1. Analog multiplier

In this case, using analog multiplier, the concabtuay to realize the generation of SSB signal

is with the help of an analog multiplier followeg & bandpass filter as shown in Figure 3.5. The
block diagram represents the generation of SSBasigging analog multiplier.

Analog Multiplier Bandpass Filter vV
|7 g P P

m

Vi

V.

o

Figure 3.5. Generation of SSB signal using analadiptier.

The output of the analog multiplier is given by

mYV,

> <cos(w, + wp) t (3.20)

V1 = UmVe = VpSinwp, tV.sinwt =

Thus, at the output of the analog multiplier, wevehthe DSBSC signal. This signal is passed
through a bandpass filter which, depending on theoff frequencies, will attenuate one
sideband and allows the other to pass througheltdwer sideband is passed out then the output
of the bandpass filter will be

mZVC cos(w, — wpy) t (3.21)

Alternatively, if upper sideband is passed outnttiee output of the bandpass filter will be

v =

V= —mZVC cos(w, + wy) t (3.22)

Equ. (3.22 (3.89)results in the generation of SigBad.

3.3.2. Filter Method

We must understand that the justification for thleerf method is that after the balanced
modulator, the unwanted sideband is removed blyes.flhe block diagram for the filter method
of SSB generation is given in Figure 3.6. The ba¢éahmodulator generates the DSBSC signal
and the sideband suppression filter suppressesirtivanted sideband and allows the wanted
sideband. As derived in the previous section, titpwt of the balanced modulator isgiven by
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vy = 2acVy v, (cos(we — W) t — cos(we + W) t) (3.23)

The sideband suppression filter is basically a pasd filter that has a flat bandpass and
extremely high attenuation outside the bandpaspebaing on the cut-off frequency values we
can represent the output of the filter as

v = 2acvp v, cos(w, — W) t (3.24)
v = —2acvy, v, cos(w, + wy) t (3.25)
- ) V
Balanced Modulator Sideband Suppression
Vm Filter
vy

1.

Figure. 3.6.Generation of SSB signal using filtethod

Using Figure. 3.6, the SSB is generated vis-ahaditter method
3.3.3. Phase Shift Method
This approach eschews or avoids filters and sonhef inherent disadvantages. It however

makes use of two balanced modulators and two pslaiftng networks, as shown in Figure.
3.7.This shows a representation of generation & S&nal using phase shift method.

Balanced
modulator
| 24

]

| 90" phase :
} shifter

Um ‘

Carrier
source
Balanced
920° phase modulator
shifter Mz | ©=

Figure.3.7. Generation of SSB signal using phagembthod.

One of the balanced modulatdv, receives the 90° phase shifted carrier and is@lmaessage
signal, whereas the otha¥l, is fed with the 90° phase shifted message anchase carrier
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signal. Both the modulators produce the two -siddsaOne of the sidebands, namely, the upper
sideband will be in phase in both the modulatoflsemsas, the lower sideband will be out of
phase. Thus by suitable polarity g, output and adding witM; output results in suppressing
one of the sidebands.

Let v, = V,sinw,,tbe the message ang = V_sinw.tbe the carrier. The 90° phase shifted
versions of them aré, sinw,,t andV_sinw_ trespectively.

The output of the balanced modulakty is given by
Vy = Uy UcSinwy,tcosw t = % (sin(w¢ + wpy) t + sin(w, — wy,) t) (3.26)

The output of the balanced modulakbsis given by

VmVe

Uy = Uy UcCOSWptSinwet = = (sin(w, + wy) t — sin(w, — w,,) t) (3.27)
The output of the adder is

v=VzxV (3.28)
In one case, we have

v =V, V.sin(w, + wy,)t (3.29)

In the other case, we have
v =1,V sin(w, —wy,)t (3.30)

Thus resulting in the generation of SSB signal.

3.3.4. Weaver Phase Shift Method

Another approach of generating SSBis the Weaversehshift method which retains the
advantages of the phase shift method, such adilisydo generate SSB at any frequency and
use of low audio frequencies without the associdisddvantage of an audio frequency phase
shift network required to operate over a large eaafaudio frequencies.The block diagram of
this third method is shown in Figure3.8.

It could be seen that the later part of this cireziidentical to that of the phase shift methaat, b
the way in which appropriate voltages are fed ®I#st two' balanced modulators {lsihd M,)

has been changed. Instead of trying to phase tl@ftwvhole range of audio frequencies, this
method combines them with an audio frequency aqagwie which is a fixed frequency in the
middle of audio frequency band. A phase shift entlapplied to this frequency only, and after
the resulting voltages have been applied to tisé fiair of balanced modulators {lnd M), the

low pass filters whose cut-off frequencyads ensure that the input to the last pair of balanced
modulators, results in proper eventual sidebangmgsion.
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Balanced | o, Low | u», | Balanced o
— modulator —*| pass filter f——'— modulator
M1 Ft Mﬂ
I 2 cos apt 2 cos @yl
90" phase _EJE)” phase
shifter shilter
7 — T 2 sin ot T 2sinent _ |
m e b .
Audio Camu Adder =
frequency frequency e T
generater genarater *
2 sin ayt P 2 sin wpt
- Balanced Low ' [ Balanced
‘——| modulator ——| pass filter —— modulator
Figure.3.8.Generation of SSB signal using WeavassPIshift Method
The output oM is
v; = 2sinw,tcosw .t = cos(w,, + wy) t) + sin(w,, + wy)t (3.31)
The output oM is
v, = 25inwy, tsinwyt = cos(w,, + wy)t) — cos(w,, + wy)t (3.32)
The output of the low pass filté is
v3 = sin(w,, — wy)t (3.33)
The output of the low pass filtep i5
v, = cos(w,, — wy) t (3.34)
The output of M is
Vs = 2c05w,t sin(w,, — wg) t = sin(w; + (W — wg)) t — sin(w, — (W, — W)t
(3.35)
The output of M is
Ve = 25inw,t cos(w,, — wy)t = sin(w, + (W, — wg)) t + sin(w, — (W, — Wy))t
(3.36)
The output of the adder is
V=VetVs (3.37)
In one case we have
v = sin(w, + (W, — W)t (3.38)
In the other case we have
v = sin(w, — (W, — wo))t (3.39)

Thus resulting in the generation of SSB signalieythird method.

109



3.4 Generation of VSB Signal

3.4.1. Using Analog Multiplier

The conceptual way to realize the generation of \&dhal is with the help of an analog

multiplier followed by a bandpass filter as shownFigure. 3.5. Thus, the basic blocks remain
same as in the case of SSB generation and theddfdyence is in the cut-off frequency values
of the bandpass filter. The output of the analodfiplier is given by

vy = UpVe = VypSinwy,tVsinwt = mTVCcos(a)C — W)t — mTVCcos(a)C + wy)t (3.40)

Thus at the output of the analog multiplier we h#tve DSBSC signal. This signal is passed
through a bandpass filter which, depending on thteotf frequencies, will pass one sideband
completely and a vestige of the other sidebandhéf lower sideband and vestige of upper
sideband are passed out, then the output of theéplaas filter will be

v= mZVC cos(w, —w,)t—F (mZVC cos(w, — wy,) t) (3.41)
Alternatively, if upper sideband is passed outnttiee output of the bandpass filter wilt be
vV=— mZVC cos(w, + wy) t +F (mZVC cos(w, — wy) t) (3.42)

This results in the generation of VSB signal.

3.4.2. Using the Filter Method

The basis for the filter method is simple. Now.eafthe balanced modulator, the unwanted
sideband is removed by a filter. The block diagfanthe filter method of VSB generation will
also remain same as that of SSB case given in &gdir The balanced modulator generates the
DSBSC signal and sideband suppression filter sggpeemost of the unwanted sideband and
allow a vestige of it along with other sideband.desived in the previous section, the output of
the balanced modulator is

v, = 2acvy, v (cos(w, — wy,) t — cos(w, — wyy) t). (3.43)
The sideband suppression filter is basically a pasd filter that has a flat bandpass and-

extremely high attenuation outside the bandpasgebding on the cut-off frequency values, we
can represent the output of the filter as

v = 2acV, V. cos(w, — wy) t — F(RacV,,V. cos(w, + wy) t) (3.44)
or
v = =2acV,V. cos(w, + wy,) t + F(2acV,,V. cos(w, — wy) t) (3.45)

In this way VSB is generated in case of filter noeth

4.0. Conclusion

This unit began with the definition of analog anditl communication. The block diagram
description of analog communication system was rde=sg¢ next to illustrate the fact that the
signal at all stage with analog in nature. The theaf basic amplitude modulation and its
variants together DSBSC, SSB and was presented Wextunderstood that the study of all the
amplitude modulation techniques gives a better tgtdeding about their nature in time and
frequency domains, and power and bandwidth req@résn The basicAM technique needs
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maximum power and bandwidth among all its variafitse SSB technique needs minimum
power and bandwidth. The requirement of DSBSC a88 V6 in between these two cases. This
was followed by the study of different methods tloe generation of AM and its variants. The
method using analog multiplier is conceptually denpo understand. Other methods are
relatively different, but provide practical apprbas for the generation.

5.0. Summary

e The major methods of generating AM signals include
- Using Analog Multiplier
- Using a Nonlinear Resistance Device

e DSBSC Signal can be generated using a Balanced Istodu

e The relationship between voltage and current innaal resistance is given by =
bvwhereb is some constant of proportionality.

e Generation of SSB Signal = Analog multiplier + bpass filter

e In generating the SSB Signal, the balanced modufz#¢aerates the DSBSC signal and
the sideband suppression filter suppresses thentadaideband and allows the wanted
sideband.

e Phase Shift Method avoids filters and some of timkierent disadvantages while. making
use of two balanced modulators and two phase syiftetworks.

e \Weaver phase shift method is another approach woérgéing SSB which retains the
advantages of the phase shift method.

e The VSB Signal can be generated using Analog lpligtiand the Filter Method

6.0 Tutor-Marked Assignment (TMA)

1. Describe the AM Wave Generation process UsinglégMultiplier?

2. Analyze the AM Wave Generation process UsinglBiAs Nonlinear Resistor?
3. Explain DSBSC Wave Generation Process Usingdnilultiplier?

4. Describe The DSBSC Wave Generation Process Batanced Modulator?
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UNIT 4 AMPLITUDE MODULATION TECHNIQUES
1.0 Introduction
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3.2.1. Linear Shunt Plate Modulation/Anode Chokedilation/Heising Modulation
3.2.2. Linear Series Plate Modulation
3.2.3 Analysis of Linear Series Plate Modulation
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3.2.8. Suppressor Grid Modulation
3.2.8.1. Advantages of Suppressor Grid Modulation
3.2.8.2. Limitations of Suppressor Grid Modulation
3.2.9. Screen Grid Modulation
3.2.10.Collector Modulation
3.3. Classification of Square Law Modulation Methods
3.3.1. Square low Diode Modulation
3.3.2. Van der Biji Modulation
3.4. Suppressed Carrier Balance Modulation
3.5. Balanced modulator
3.6. Ring Modulation
3.7. Switching Modulator
4.0 Conclusion
5.0 Summary
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7.0 References/Further Readings

1.0 INTRODUCTION

In the previous unit, you have learnt about amgétuinodulated signal generation using analog
multiplier, and nonlinear Resistance device. Thi also explained the generation of DSBSC
Signal using a Balanced Modulator. We explained gheeration of SSB signal using analog
multiplier, filter method, phase shift method andawer phase shift method. Finally, the unit
discussed the generation of VSB signal using analafjiplier and filter method. As you can
see, the AM signal generation are well understooteims of the elementary concepts on the
principle of electronic communication. With theseckground, it is now important to understand
the different classifications of amplitude moduwatitechniques so as to put the module into
context. You will learn that about the differenassification of amplitude modulation techniques
and then make your choice in any application cdantex
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2.0 OBJECTIVES
After going through this unit, you should be alde t
v explain the different classifications of amplitushedulation techniques
v' distinguish linear modulation methods from gridsmodulation
v' analyze the square law diode modulation, Van dgrrBodulation, suppressed carrier
balanced modulation, balanced modulation ring matibdl, and switching modulator
with their various block diagrams/schematics
v' relate spatial coherence with the visibility ohfye pattern, and
v derive mathematical models for problems based berence.
3.0 MAIN CONTENT
3.1. Classification of Amplitude Modulation Methods

Now, you may ask: What are the different types & generation methods? Well, generally there
are two basic AM generation methods. These metimutisde:

- Linear Modulation Methods: Theses utilize the line®gion of the current-voltage
characteristics of the amplifying device, i.e.ngs&tor (or electron tube).

- Square Law Modulation Methods: These methods atitize square-law region of some
current voltage characteristics of a diode or istas or electron tube. This will be discussed
later on in this unit while highlighting the oth&M modulation techniques.

3.2. Classification of Linear Modulation Methods

A large number of linear modulation methods havenbe@evised and have used to varying degree.
However, the more important amongst these methodside: Linear shunt plate modulation or
anode choke modulation or heising modulation, lire=aies plate modulation, grid-bias modulation,
cathode modulation, suppressor modulation, screehngodulation, and collector modulation.It is
very necessary that we discussthis classificabopfoper understanding.

3.2.1. Linear Shunt Plate Modulation/Anode Choke Mdulation/Heising Modulation

A good question is what is linear shunt plat motiafe? This is the method of modulation previously
used for AM but owing to its inefficiency, the lime series plate modulation for high-level
modulation system is preferred. It may be used @oryow level modulation systems. Figure (4.1)
shows the basic circuit. Here, the carrier volttgée modulated, drives a tuned cl&sasmplifier
using tub&,. Modulating voltage,, is applied at the input of an audio class. Ametifising tub&’;
and associated circuit. The plate current of botbe T; and T,flow through the audio choke.
Looking from the plate supply source side, the pAate current find parallel or shunt paths through
tubeT, and T, and hence the name shunt plate modulation is divéins system of modulation.

As the modulation voltage,,, at the input of modulation tul¥#® varies, the plate current of tuje
through the audio choke varies and this changesptag potentials of tub&,. Thus, in the
modulation amplifier, the carrier voltage appears in the grid circuit. Anode-choke modutat®
conventionally used because anode modulation ocaakes place through the action of the choke.
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In general the frequenay,, of the modulation voltage is very smell as comgaséth the carrier
frequencyw, so that any variation in plate voltage of moduatdéass C amplifier caused due to
modulating voltage may be considered to be notbirgslow variations in the plate supply voltage.
Thus the instantaneous total plate supply voltage consist of a steady componéfj, pulse the
time varying componeri,,,,, cosw!, caused by modulation voltage.Hengg,may be expressed by
relation,

Vbb + Vbb COoS wmt (4-1)

WhereV,,, is the plate supply voltage of the of the modulaenplifier tubeT, in the absence of the
modulating voltageV,,,is the maximum variation of plate voltage as cabgethe modulating
voltage.

Figure 4.1. Basic shunt plate modulation/heistiragioiation

Figure. 4.2. Variation of plate tank current ingléx plate modulation.

The amplitude of the plate tank currdp), = V21,is also linearly related witly,,. Hence aw,,
varies in accordance with Equ. (4.1), plate tankent amplitudd,,, also undergoes similar changes
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as shown in Figure. 4.2. The R.F output voltagelduge being linearly related with,, changes in
accordance withy,,. The instantaneous tank currénbeing equal ta/21, sin w! varies as shown in
Figure 4.2.By suitable selecting the value of mating voltage amplitud&,; maximum variation
V.m INn the plate supply voltage for tulie may be made equal 19, and thus 100% modulation

may be obtained.

3.2.2. Linear Series Plate Modulation

In this section, we shall discuss linear seriesepfaodulation This modulation method also makes
use of linear class C tuned amplifier shown in Fegd.3.

Figure. 4.3. Basic circuit of linear series modehtlass C alifiér ‘

i

Figure 4.4. Plate Modulator

AF In

RF
In

—o Ve +Vbb

Thelinear series plate modulation derives its namesumse, the message signal AF is superimposed
on +Vsb and -Vsb and the applied to the plate ¢ficale tube. A brief explanation of how the
modulation occurs in Figure 4.4 is described. Nth&, audio voltage (AF) is paced in series with the
plate supply voltage +Vbb of a class C amplifier.dctual circuitsas shown in Figure 4.4, this
condition is obtained by applying AF signal to #ie driver transformer which varies the grid bias of
both triodes in accordance to the message sign@.t®which the plate currents of both triodes vary
with respect to the frequency of AF signal hence thltage +Vbb applied to the pate of class C
amplifier vary in accordance to the amplitude & &F signal
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Figure 4.5. Class C Amplifier of plate modulator

3.2.3. Analysis of Linear Series Plate Modulation
From Figure 4.3, It is assumed that carrier fregyep > w,,. At the grid of class C modulation
amplifier we have

Vg = Vym COS @t (4.2)
andv, = Vic + vgr = Ve + Vymeosa,t (4.3)
The modulation voltage in the modulated amplifiext@ circuit is given by,

Uy, = VpmCosw,, t (4.4)
Instantaneous plate supply voltage in modulatedliierp is given by,

Vpp = Vip + Vi = Vip + Vipmcosw,, t (4.5)
= Vpp[1 + mycoswp,t (4.6)
Where modulation indem,is given by,

m, = mm (4.7)

Vbb
But from Figure. 4.3, we see that linear relatiowists between (iy.m.s.tank currentl, andv,,.

This may be as,

Iy = k¢ vpp (4.8)
Ip = kp. pp (4.9)
Ipp = kp-Vpp (4.10)
Combining Egns. (4.6) to (4.10), we get

I; = ki vpp (1 + mycosw,,t) (4.11)

I, = kp.vpp (1 + mycoswy,t) (4.12)
Orly = I, (1 + mycosw,, t) (4.13)

The instantaneous tank current is given by,

ir = V21, sinw,t (4.14)
Oriy = V21V, (1 + mycoswy,t)sinw,t (4.15)
Ther.m.svalue of our potential across the tank circugiigen by,

Ve = jXI, = XI1,290° (4.16)
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WhereX= reactance of inductance or condenser in the tameudit.

Hence instantaneous output voltage is given by,

v, = V2XI, sin(w,t + 90°)

= V2Xk,V,, (1 + mycosw,,t)cosw,t (4.17)
Plate-to-cathode voltage of modulated amplifiggiien by,

Vp = VUpp — Ut

Or v, = v,,(1+mycosw.t) —2xk,Vy, (1 + mycosw.t)cosw,t

Or v, = vy, (1 + mycosw, t)[1 — \/zxktcosa)ct (4.18)
Ther.m.svalue of plate current at resonance frequencivisngoy,

Vi L I
Iyy = é ~ jat = 54900 (4.19)

Hence, instantaneous plate current is given by,
py = \/flpl sinw.t = \/fg—tsin(a)mt +90°) = %ktVbb(l + mycosw.t)cosw,t

(4.20)

Average power supplied by d.c plate power sourggvisn by,

Tm
Pbb == ifo Vbblbdt (421)
Wherd,,is the periodic time of the modulation cycle
OF Py = [, Vool (1 + Mg cOS w,t)dt (4.22)
= Voplpp = kabe (4.23)
Average power supplied by the modulating voltagee® s,

Tm
P, = i S " vmlpdt (4.24)
Substituting the value af,andl, from Eqs.(4.4) and (4.13) respectively into Equ24)
B, = ifonvmcoswctlbb(l + mycosw,,t)dt (4.25)

2 2

= melbb% = VppIpp % = Ppp % (4.26)

Thus, modulating power provides an average pawgf2 times the average power from dc plate
power source.For 100 percent modulation with sidedanodulating voltage, the modulation source
is required to provide an average power of one-tiathat delivered by the d.c plate power source.
The modulating amplifier must accordingly be deemyito deliver this large amount of power. The
total average input power is then,

2
Pi=Pbb+Pm=Pbb (1+%) (427)

The a.c out power across the tank circuit is givgn

Py=f My dt = ifonRm. i2,dt (4.28)

_Tm

Or P, = ifon R,2 (k"‘;%)z(l + m, cos w,,t dt)?cos? wt dt

, Ty,
_ (*Vbb\2Ro 1 + m2 cos? w,,t + 2my cos w,t)dt (4.29)
Q Tm =~ ©
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In Figure 4.29averaging of power over the audiaqdency periodic timeT,, has beendone.

Sincew, > w,,, the average value of c@s ¢ is zero. Similarly average value 2, cos w,,t
is zero. Hence,

_ (kiVbb\2Ro [ Tm 2
P, = (T) afo (1 + m5cos wyt)dt

By integrating, we get

_ p (kiVbb2(1 4 Ma
PO—RO(Q)(1+2) (4.30)
_ Rokf mg
= 2ot Py, (1+22) (4.31)
2
=P, (1 + %) (4.31a)
WhereP, = R, < p 4.31b
ere c Oszb bb ( . )

P.represents the unmodulated carrier power sidebane s Pcm(zl / 2.But Equ. (4.26) shows that
the average power supplied by the modulating veltsgurce isn2 /2 times theP,,, the average
power from the plate supply source. We therefore,can conclude that the d.c plate source
. . k?
supplies the carrief, = R, —— Py,
Q%kyp

2
Whereas the modulating amplifier suppliers the agerpower(Pm = %Pbb)toproduce the
2
sideband powgl; P..

The plate circuit efficiency of this linear ser@ate modulated amplifier is given by,

2 2 m_(zl
P N Y. kp)(14725) _ Rk 32)
O P, Ppp+Py kbb<1+m7(21> 02k,

Equ. (4.32) clearly shows that in a linear serilegepmodulation amplifier, plate circuit efficiency
remains constant @&, k2/Q?%k, irrespective of the degree of modulation. For\aegilinear series
plate modulated class Camplifier, we may simplewdate the plate circuit efficiency of this class C
amplifier under unmodulated condition. The sameai@aiolds good when this class C amplifier is
plate modulated. Plate dissipation, plate dissypa given by,

Py =P =Py = P(1—=11) = (Byp + Bu) (1~ 11p)
= Ppp (1 +%) (1=mp) (4.33)
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When modulation index is zerB,, = P,,(1 —1,) (4.34)
Equ. (4.33) may then be putBs= Py, (1 + mTa) (4.35)

Equ. (4.35) shows that plate dissipation with tbevgr of modulation index,. Care must therefore
be taken in choosing plate supply voltage and naigudl powerP, so as not to exceed the
maximum allowed plate dissipatign

The following two systems of linear series platedoiation with clas€ modulation amplifier exists
viz: Linear series plate modulation with cladsmodulating amplifier and Linear series plate
modulation with class C modulating amplifier.

3.2.4. Linear Series Plate Modulation with Clas#& Modulating Amplifier
This uses small values of carrier power and a siogkration for both the modulated amplifier and

the modulating amplifier. Its overall efficiency tie system is then low but it is not a serious
drawback at low carrier power level. Figure 4.6v8the schematic circuit.

Figure. 4.6. Linear series plate modulation witiseA modulating amplifier

Both modulating and modulated amplifiers use diyebeating tungsten cathode in order to have
large current ratings. To avoid uneven heatinglafment, a high resistance is connected across the
filament and circuit connection is made at the eepbint. An RF filter consisting of RF choke and a
bypass capacitor is provided in the grid circuiptevent the RF current from entering the cathode
circuit. Suitable combination of fixed bias and dgreak bias is used to have desired linear
modulation. Shunt feeding of the anode is preferred

It is observed that average overall efficiencyho$ tmodulation system is very low and the variation
in efficiency is high. In order to increase the @leefficiency and reduce the variation in overall
efficiency, class B modulation amplifier is nornyalised.

3.2.5. Linear series plate modulation with Clas€B modulating amplifier
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For high carrier powers, high overall efficiencyasolutely necessary. Hence, class B modulating
amplifier is used. Further for large power handloapacity and for reduction of distortion push-pull
operation is used in both the modulated amplified anodulating amplifier. Figure 4.7 gives the
basic circuit.

Figure. 4.7. Basic circuit of linear series platedulation with clas8
Push-pull modulating amplifier

The modulation amplifier is required to feed laagaount of the power to the modulated amplifier.
To provide such a large amount of power, the gridwodulating push pull amplifier are required to
be to be driven positive for a part of the cyclel ahe impendence looking back into the previous
stage will be different stage for the case whergtigkcurrent flow and the grid current to not flow

Nonlinear distortion will be caused then. Such atadtion is reduced by using for driving
transformind’;, a step-down transformer. As an additional remeesistorsR, (400 or 500 ohms)
are connected across the secondary of drivingfaanerT; .

Cross neutralization is used in the R.F modulagiomplifier to neutralize the feedback effect of grid
to-plate capacitance of amplifier tubes.Overallcgghcy of this system including both the modulated
and modulating amplifiers may be calculated forfedént values of modulation index. With this

system of plate modulation, the overall efficiensy high and further the efficiency remains

appreciably constant for various values of modakathdex.

3.2.5.1.Advantages of Linear series plate modulato

Linear series plate modulation is widely used ighhpower radio transmitters. The merits of this
system of modulation are:

1. Distortion is small
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2. Plate circuit efficiency is high and
3. Adjustment is easy.

3.2.5.2. Disadvantages of Linear series plate modaidilon

The main drawback of this method of modulationhatta large amount of modulation power is
required. This necessitates a heavy, bulky andycostdulation equipment.

3.2.6. Grid Bias Modulation

Grid bias modulation consists in feeding the audmdulating voltage in series with the fixed grid
bias in the grid circuit of a class C amplifier.gkie 4.8 shows the basic circuit of grid bias
modulated amplifier. In this case, we thus haveaholtages in series in the grid circuit namely:

i Fixed grid biad/,,
il. Modulating voltager,, and
iii. Carrier voltageyy

It assumed that modulation frequengy, is much smaller than the carrier frequengythen from
the point of view of the carrier voltage, the matigdn voltagev,, together than constitute the
variation grid biags,,together than constitute the variable grid hias

3.2.6.1.Analysis of Grid Bias Modulation System

We must understand that the analysis of grid biadutation amplified may be done in a way similar
to that of linear series plate modulation.

Now, let the carrier voltage be given by, = V;, sin w.t (4.36)
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The modulation voltage is,, = V,,,,,cos w.t

Total varying gridv,. is given byy.. = Vymcos w.t

Total grid-to-cathode voltage. is given by

Ve = Vgi + Vge SIN Wt + Vipp€os et + V.

Let ther.m.svalue of tank current for linear modulation chaeastic be given by,
Iy = ki Wee — Veo)

WhereV_,is grid-to-cathode voltage for zero tank current.

But the instantaneous tank current varies at freque,. and is given by,
it = Iy Sin w,t

Wherel,,, is the amplitude of the tank current.

Hencei, = V21, sin w,t

Ori, = V2k,. (Ve — Vo) Sin w,t

= 2k [Vipm€0S Wme + Vie — Voo sin w,t

When the modulation voltaggis zero, tank current is given by,

ito = V2k¢[Vee — Vol sin wet

Ito = ltmo SIN Wt

(4.37)

(4.38)

(4.39)

(4.40)

(4.41)

(4.42)
(4.43)

(4.44)

(4.45)

(4.46)

Wherel,,,,is the amplitude of the tank current with zero nmatan voltage and is given by,

Itmo = \/Zkt[vcc - Vco]

Equ. (4.44) may be written as

v, wet] .
ir =V2k (Ve — V) [1 + ";"L;“] sin w,t
cc” Veo

i: = Iimo [1 + cos a)ct] sin w.t

me
VCC ~VYco

iy = Itmol1 + mycos w, t] sin w,t

(4.47)

(4.48)

(4.49)

(4.50)
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Wherem,is the modulation index and is given by

mg = —mm_ (4.51)

VCC_VCO

Now since the grid bias is no longer constant lmusests of a steady componéfit and variable
componentv,, the d.c plate current, is no longer constant but varies in accordancé wie
variation of variable grid biag.. as given b the relation.

Iy =k (Vee = Vio) (4.52)
The steady value C.D plate currentis given by,

Ipp = Ky (Ve = Vo) (4.53)
Substituting the value af.. as given by Equ. (4.38) intoEqu. (4.52), we get

Iy, =k (Vcc — Vinm€0S wct — Vcc)

Vmm cos w¢
= ki (Ve = Vi) [ 1 + 2oz ot (4.54)
=k, (Ve = Vipm) (1 + mycos w,t) (4.55)
= I (+mgycos w,t) (4.56)

Tank circuit voltage is the desired A.C output &gk and given by,

V, =jXI, (4.57)
Where X is the reactance of either the inductarapacitors at the resonant

frequencyw, Equ. (4.57)may be put as,

Vo =J X ke(Vee — Voo ) (1 + mgcos wct) (4.58)

The instantaneous output voltage is given by,
Vo = V2X ke (Vg — Voo )(1 + mgcos wet) sin w,t 90°)
=2k,(V.. — V.,)(1 + mycos w,t) cos w,t (4.59)

D.C input power. The average input power fromBh@ plate source is given by,

Tm
Pbb == ifo Vbblb dt (460)
WhereT,, is the periodic time of the modulating voltags,.

Putting the value af, in Fig (4.60), we get
1

Pbb = T_f(;Tm Vbblbb(l + mg,cos (,()Ct)dt
m

On integration, we get

Ppp = Vpp-Ipp (4.61)

Thus the D.C input power from the plate supplyreeuemains constant for all values of modulation
indexn,. The A.C output power is given by

P, = iff"‘ Voipdt = iff"‘ R,.i2dt (4.62)
Wherei, the a.c component of is plate current at fundaeddrequency an®, is the impedance of
the tank at resonance of the frequency.
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3.2.6.2.Characteristics of Grid Bias Modulation

As you might want to know, we have features assediith grid bias modulation. Now, the grid
bias modulation has the following salient features:

i. The amount of power required from modulating &mep is small as compared with plate
modulation.

il. For 100% modulation, the peak amplitude of matkd voltage is twice the amplitude of the
unmodulated carrier and hence assuming the samagsdrle peak power for a tube, the maximum
carrier amplitude that may be used in grid bias utmtdd amplifier is half of that permitted in the
classC amplifier using the same tube. Thus, the carreavgr that is obtainable from the modulated
amplifier is roughly one-quarter of that obtainafdethe same tube when used as c@ssodulated
amplifier.

iii. Plate circuit efficiency at zero modulation olassC amplifier offers an increase of modulation
index. At 100% modulation, the plate circuit effiocy is about 51%.

3.2.6.3.Performance comparison between Linear Sesélate and Grid Bias Modulations

We now want to make some basic comparisons betWesar series plate and grid bias modulations.
The following are the identified comparison regaglplate and grid bias modulation.

i. Plate Circuit Efficiency: Grid modulation ampéif has a low plate circuit efficiency of 34 to pér
cent whereas the series plate modulated amplifiedrge plate circuit efficiency of 75%.

il. Power output in problem: This is small in ghths modulation but large in plate modulation.

iii. Amount of modulation power: Grid bias modutati requires small modulating power whereas
plate modulation requires large amount of modudgtiower.

Point i and ii above supports the plate modulatidrereas iii supports grid bias modulation. As a
result of modulation, the overall efficiency coresishg both the amplifier modulated, is more or less
the same in the method of modulation. Further, blo¢hmethods are capable of giving almost 100%
modulations with good linearity of modulation

Thus, there is no clear preference of one methed the other. However the circuit adjustments in
grid bias modulation are more sensitive to changesarrier voltage, plate supply voltage and load
impedance and hence it is usually very difficult @ohieve and maintain perfect linearity of
modulation index.

From the consideration of ease of adjustment, affjbiency plate modulation is generally employed
in amplitude modulation radio transmitters opeigtm medium and sort waves. However in spite of
difficulty of adjustment, grid bias modulation dadst RF power amplifier is used in high power
television because of large width (about 7MHz)r& frequency band involved.

3.2.7. Cathode Modulation
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In cathode modulation, the modulation voltage tsoiuced in the cathode circuit of the modulation
amplifier as shown in Figure 4.9. The cathode druicommon to both the grid circuit and plate
circuit, hence the modulating voltage appears ih tttoe grid and the plate circuit. Both the gridsi
modulation and the plate modulation of the cartieerefore, take place.

MODULATED
VOLTAGE

Figure 4.9. Basic circuit of cathode modulation.

Cathode modulation therefore has characteristiesnrediate between those of plate modulation and
grid bias modulation. Thus, the plate circuit afficcy, power output and modulation power
requirement are less than those of plate modulétidmimore than those for grid bias modulation. The
proportion of grid bias modulation and plate motialadepends upon the circuit adjustments.

Thus the proportion of plate modulation may beeased by (i) increasing the grid bias and (ii) by
increasing the modulating voltage amplitude. Withl deak biasing arrangement, grid bias may be
increased by increasing the value of grid leakstasceR,. Thus, depending upon the relative
proportion of gird bias modulation, and plate madioh, the cathode modulation may have (i) plate
circuit efficiency ranging from about 40% corresgomy to grid bias modulation at about 70%
corresponding to plate modulation and (ii) modolagpower requirement ranging from about 5% of
the output carrier power corresponding to plate ueitbn. The exact values of plate circuit
efficiency and modulation power requirement depepdn plate supply voltage, grid bias tank
circuit impedance, modulation index, slope of ctnsht grid bias modulation and plate modulation
curves and upon the degree of linearity of modaihaior optimum operation, grid bias is kept much
greater than that for normal class C operation thedinput carrier amplitude is nearly half. The
cathode modulation amplifier is thus driven lighaly compared with conventional class C amplifier.

3.3.8. Suppressor Grid Modulation
This is a method of modulation that uses a peniadelass C modulation while applying the

modulating voltage to the suppressor grid. The seggor grid is biased sufficiently negatively and
the modulation voltage and this bias are so adjuiiat the modulation characteristics lies almost
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entirely in the region of negative suppressor gadtage. The suppressor grid current is zero and
hence modulation power required is zero. Figur® 4tiows the basic circuit arrangement.

Figure 4.10.Basic circuit of suppressor grid Motiedeamplifier with the modulation characteristic

This method of modulation in Figure 4.10 is basedtioe property that the amplification factor
between plate and control grid remains a funabibthe suppressor grid voltage.

3.2.8.1. Advantages of Suppressor Grid Modulation
From the foregoing, the suppressor grid modulat@s the following merits:

I Low modulation power required by the suppressoeiger positive.

il. High linearity of modulation over the range of pmrtage modulation for which the
modulations effective used. i.e upto maximum motlta

iii. The carrier voltage is applied to the control gwtiereas the modulation voltage is
applied to the suppressor grid. Hence no limitatbthe RF range occurs when selective
circuits are used for separating the modulatioquemcy and carrier frequency current.
This is an important advantage on long wave ciscuit

iv. Neutralization is not required.

V. Adjustment of modulated amplifier is simple.

3.2.8.2Limitations of Suppressor Grid Modulation
The limitations of this method of modulation are:
I This may be used for low carrier power only, i.p.to about 500 watts

il. The circuit is very sensitive to change in bias Hatube parameter. Distortion is caused
thereby.

3.2.9. Screen Grid Modulation

This method of modulation is similar to grid biasdualation and suppressor grid modulation.
However as compared with the other two methods, tiethod has the disadvantage that it requires
somewhat greater modulating power but has the daddge that the screen gird input varies little
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during the modulation cycle. Thus the modulated ldmp presents to the modulating amplifier
almost constant load impedance thereby keepindigtertion low.

3.2.10.Collector Modulation

Modermn low AM transmitters use transistor for prohg carrier power upto a few hundred watts. In
this regard, the two types of AM modulation aréhg collector modulation and (ii) base modulation.
These methods of modulation correspond respectitelfthe anode modulation and grid-bias

modulation. Evidently collector modulation is preéx and more properly used. Figure 4.11 gives
the basic circuit of collector modulated class (phirer in which modulation is performed at the RF

power amplifier stage. This modulated amplifieal&ways a push-pull amplifier. In this case, thé&klea

type bias is used.
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Figure 4.11. Collector modulation Schematics

Collector modulation is superior to base modulafimnthe following reason: (i) better linearity of
modulation (ii) higher collector circuit efficiencgnd (iii) higher power output per transistor.
However, it has the drawback that it needs highedutation power. Further 100 percent modulation
cannot be achieved in collector modulation systarma tb collector saturation. In several cases,
therefore, we use a compound form of modulation.

Figure 4.11 shows one such arrangement. Connecti@te as shown by the dotted lines. This
produces collector modulation of the output R.F epwmplifier as well as the driver. Another
alternative is to use simultaneously collector mation and base modulation of the same stage. Here
again leak-type bias is used but such bias mayrbecexcessive and the power output may drop.
Accordingly simultaneous base and collector modbdabn the same pattern as in Figure 4.11 is
preferred. Simultaneously drain and gate moduladidfET amplifier is also sometimes used.

3.3. Classification of Square Law Modulation Methods
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So far, we have introduced various types of amgéditimodulation generation schemes. Again, in
AM, we have the square law and switching modulasicimeemes. In Square law modulator, the circuit
makes use of nonlinear current-voltage characiesisf diodes triodes and are, in general, suibed f
use of low voltage. Also, in this type of modulatevhen the output device is not directly
proportional to the input throughout the operatitre device is said to be non-linear. Important
square law modulation methods include: Square lasded modulation, Van der Bijimodulation,
balance modulation and switching modulation. Thersediscussed below.

3.3.1. Square low Diode Modulation
It utilizes the non-linear region of current vokadynamic characteristic of a diode. This dynamic

characteristic is highly nonlinear in the low vaiaregion as is obvious from Figure 4.11a.The A.C
current may then be expressed as function of tevaltage as given by the following Taylor series.

ig = a,.vs + a,v? (4.72)
Wherea, anda, are Taylor series coefficient,, is the A.C anode current; is the A.C anode

voltage.Figure 4.11a shows the basic circuit aramnt of square law diode modulation with the
Current voltage dynamic characteristic of a diodpife 4.11b shows the simplified diagram.
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Figure 4.11b. Square Law modulator.

From Figure 4.11b, the input-output relation ofom+inear device can be express as
VO = aO + alvin + aZVii + a31/i§l + a4Vi;l-l + el

When the input is very small, the higher power ®oan be neglected. Hence,, the output is
Approximately given by V, = ay + a,V,, + a V3.

When the output is considered up to square ofrthetj the device is called a square law
device and the square law modulator is shown inreig.11b. Now from Figure 4.11a,
Let the carrier voltage be given by,

v, =V, cos w,t (4.73)
Let the modulation voltage be given by,
Uy =V, cos w,t (4.74)
Then the entire A.C plate voltageis given by

Vp = Uy + Uy, = [V, cos w.t + 1V, cos w.t] (4.75)
Hence,

g = 0.5+ v = q;[V, coswt +V, cosw.t]+ a,[V, cosw.t+ V,cos w.t]?
=4[V, cos w.t +V,, cos wct]
+a,[V2 cos? w,t + V,2cos?w,, + 2V, V,, cos w.t cos w,t] (4.76)

The various frequency components may be identifideéigure 4.12 as below
1.i,V,, cos w.t —Carrier frequency component of frequenoy
2.a, V, cos w.t —Modulation frequency component of frequengy

2 2 _ 2 |1+ cos 2 wct
3.a, Vs cos” w.t =a,V; [f

This consistent of d.c componentV,? / 2and a component of frequenzy.,..

2
4.a, V2 cos? w,t =% [1+ cos2 wt].
This consistent of d.c componentV,? / 2and a component of frequen@yw,,
52a, V.V, cos 2wt cos 2 w.t = a, V, V,,[cos(w.wy,) + cos(w, — wy,)t].
Here, a, V.V, cos(w. — wy))t is the upper sideband term of frequeficy— w,)
Whereas, V. V,,(w. — wy)t is the lower sideband term of frequehcy

As such,we have in all 6 terms of different frequiea in addition to the d.c component. The load
impedance is a tuned circuit which is tuned toieafrequencyw,.It responds to a narrow band of
frequencies centered about the carrier frequenenckl, the components which are developed in the
output are terms of frequeney,(w, — w,,) assuming thaw,, < w.. The rest of the frequency
terms will not produced appreciable output voltageoss the tuned circuit. Hence the desired anode
current is given by,
i, =a,V.cosw.t + a, V. V,cos(w, + wy,)t + a, V. V,cos(w, — wpy)t 4.77)

=a, V. cos w.t + 2a,V.V,, cosw.t cos w,,t
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Or i, =a;V, [1 + M] cos w,t (4.77a)

ai

Or i, = a;V.[1+m,cos wt]cos w.t (4.78)
Where modulation indem,, = Za; Vm (4.79)
1
The modulation output voltage is then given by,
v, =, ,Rt (4.80)

WhereRt is the impedance of the tuned circuit at resonance
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Figure. 4.12. Waveshapes of applied voltage andtieg currents in square law diode modulation

The operation of the diode square law modulatioflustrated diagrammatically in Figure 4.12.
Because of the nonlinearity of the dynamic cursaritage characteristics of diode, the amplitude of
the carrier component in the current waveform dythe positive half cycle of modulating voltage to
greater than the corresponding amplitude duringhéfgmtive half cycle of the modulation voltage as
shown in Figure.4.12. This waveform shown in Figl®2 corresponds to Equ. (4.76) for diode
current. This current has an average componengatelwver carrier frequency cycles. This average
component consists of a steady comporgnand component varying at the modulation frequency.
Similar treatment applies in the case of a highuuat diode of a semiconductor diode. However
vacuum diode square law modulations are no longed.u

3.3.2. Van der Biji Modulation

From Section 3.9.1, we have established that theai®glaw modulation could be achieved by
making use of some nonlinear-voltage characteristi@a vacuum diode. The carrier voltage of
frequency w, and modulation voltage of frequenay,, may each be applied either in the plate
circuit or in the grid circuit. This presents th@ldwing four possibilities of square law modulatio
using triode.

I. Both carrier and modulating voltage applies indghd circuit
il. Both carrier and modulating voltage applied in e circuit.
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iii. Modulating voltage in the grid circuit and the earwoltage in the plate circuit.
iv. Modulating voltage in the plate circuit and thermarvoltage in the grid circuit.

Out of these methods, method (i) is commonly usad B called Van der Bijimodulation.
Essentially, Van der Biji modulation is presentotigh in a very limited quantity, in every cla&s
amplifier since nonlinearity of the dynamic trarrsfaaracteristic is always present to some extent.

The Van der Biji modulation uses the dynamic transgharacteristic of a clagsamplifier whereas

the grid bias modulation was once widely used thoscarcely used these days. Figure 4.13 shows
the basic circuit arrangement of Van der Biji Magtidn with its dynamic transfer characteristic
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Figure 4.13. Basic circuit of Van der Biji Modulai with dynamic transfer characteristic.

Evidently both the carrier and the modulation vgdtaare applied in series in the grid circuit angl th

modulated voltage is developed across the tuneditin the plate circuit. On modulation, both the

sidebands appear. Since in common radio broadcastiqe, maximum modulation frequency of 5

kHz is used, the total frequency spectrum occupiethe modulation carrier voltage is 10 kHz and
the tank circuit should have such selectivity asmtiude both sidebands up to 5kHz on either side.
On the right hand side of the plot, the figure shdhe dynamic transfer characteristic of the triode
used in the circuit, the nonlinear portion AB ofiathis used in the modulation method.

Because of the nonlinear portion of the dynamiodfer characteristic used here, the AC plate
currenti, may be expressed in terms of the A.C grid voltagey the following Taylor series
expressed:

ip =a; vs+ a, v (4.81)
Wherea, and a,are Taylor series coefficients.
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The total A.C grid voltage. is given by,
Vs = VU, + v, = V.cosw.t + V,, cos w,,t
Where v, and v,,are respectively the carrier and the modulatiotagss.

Then,
Ip = a1[V; coswct + Vi, cos wpt] + [V cos wt + Vi t]? (4.82)
a,V?
i, = a,V; coswpyt + Vi coswpt + ZZC (1 +cos2w,t
2
+ % (14 cos2w.t) + a,V,V.[cos(w, + wy)t + cos(w, — wy,)t] (4.83)

In general, the carrier frequenegy > w,,So that the tuned circuit to carrier frequengyesponds to
the terms of frequenay.(w, + w,,).The rest of the terms in Equ. (4.83) do not prodaymereciation
output across the tuned circuit. Hence the degila@®@ current component are given by,

i, = a;V; cosw.t + a; Vi, Ve[cos(w, + W)t + cos(we — wm)t].

Or i,=a [M] cos w,t (4.84)

a
or i, = a,Ve[1 + my coswpt] coswt (4.85)

It is important to note that in Van der Biji modtiden, grid current is very small so that little pemis
required from the source of carrier voltage and watibn voltage. This is an important advantage
over the square law diode modulation where appoéeipower from the carrier and modulation
voltage source is required. The plate circuit eficy of Van der Biji modulation is, however, small
because of relatively large D.C plate current. ¢éean der Biji modulation is used for only low
power applications such as in carrier current tedey or for measurement and control applications.
For such low power applications low plate circuificeency is no serious drawback.Van der Biji
modulation should be used only where percentageautatdn is required at small power output.This
is because, the ratio of the amplitudes of the sine@ side frequencies to the desired side
frequencies increase with the increase of moduratidex.

3.4. Suppressed Carrier Balance Modulation

Recall from Equ. (3.3), we already established thatcarrierV}, cos w,,t contain no information (or
message). The information is contained in eachhefdidebands. Accordingly, the carrier may be
dropped or eliminated without losing any informatid-urthermore, the carrier takes up a large
proportion of the total modulated carrier power.oldinary AM radio broadcast carrier is allowed
along with the two sideband and the system is medfeto as the double sideband (DSB) system.
Carrier is necessary for reproduction of modulatsognal in the detector stage of radio receiver.
Now, in an ordinary AM broadcast, we allow the marto propagate and use a simple diode detector
in the radio receiver. If we eliminate or supprdss carrier, the system becomes suppressed carrier
double sideband system (DSB-SC). In this case,eed meinsert the carrier in the radio receiver and
the circuit of the receive becomes complicated@slly. Hence, suppressed carrier DSB-SC may be
used in point-to-point communication system.Thigpessed carrier balanced modulators may be of

the following types viz Suppressed carrier balanoeodulator Transistors, Suppressed carrier
balanced modulator Transistors, Suppressed CaB@danced Modulation using Field effect transistors
(FETS) and Suppressed carrier Balance Modulatiorgus/o diodes. These are outside the scope of
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this work. Interested readers can refer to thebiskeed references. However, we still must noté¢ tha
the generation of suppressed carrier amplitude hatido voltage is done in balanced modulator
which is briefly discussed below.

3.5. Balanced Modulator

In simple terms, a balanced modulator basicallyesithe audio signal and the radio frequency
carrier, but suppresses the carrier, leaving ohly sidebands. The output from the balanced
modulator is a double sideband suppressed cargealsand it contains all the information that the
AM signal has, but without the carrier. In orderrds it is possible to generate an AM signal by
taking the output from the balanced modulator asidserting the carrier.To understand how a
balanced modulator works it is necessary to rethsitamplitude modulationoperation in the previous
units.

Figure 4.14a shows the basic circuit of a balamuedulator. It serves as a relatively simple method
for generating a DSB-SC AM signal by using two cemvonal-AM modulators arranged in the
configuration illustrated in Figure 4.14a using fygiare law AM modulator.

m(t) AM A1 + m(t)] cos2mf.t
modulator
A
T u() = 24.m(1) cos 2m fit
A cos 2w f.t -

y

—m(t
m() | AM

modulator A [1 — m(t)] cos 2mf.t

Figure 4.14a. Block diagram of a balanced modulator

Now, the AM is a method of changing the strengthtred carrier (amplitude) in sync with the
modulating audio. While the power output does cleangvith modulation, because any AM
modulator generates two sidebands, one above antbeow the carrier. As power goes into these
sidebands, the power output increases. The amelitoadulated signal, then, consists of a constant
strength carrier and two sidebands. The sidebaady the information and the carrier just goes
along for the ride. The carrier can be removetiattansmitter and reinserted at the receiverlidoval
the transmitter to put all the power in the sidelsaRigure 4.14b shows the basic circuit of
suppressed carrier balanced modulator using ttansis

133



Ty
Vs ) . s
% + Mgdulated
"'*l' output
Ve

| |

Carrier

Figure. 4.14b. Basic circuit of suppressed cab@anced modulator using transistors.

For a Suppressed carrier balanced modulator Ttarsjg-igure 4.14bgives the basic circuit. The
carrier voltage is applied in parallel to the inpfithe two matched transistBy and T, whereas the
modulating voltage is applied in pushpull to theneawo transistors. Suppression of carrier result i
economy of power. Suppressed carrier balance mtoduis commonly used in carrier current
telephony in which one sideband is usually filteocetl to reduce the width of the channel required fo
the transmission and the remaining sideband istnéted to the receiving end. At the receiving end,
a local oscillation add the carrier frequency vgpétadf suitable amplitude and phase to the sideband
voltage and then the two together are fed to arsqlew detector to produce the modulation
frequency voltage.For a Suppressed Carrier BalaMmdllation using FET, Figure 4.15 gives the
basic circuit. Here again the carrier voltage is applied in parallel to input of the matchedTBE
T,andT, whereas the modulation voltage is applied in puho the same two FETS.

Figure. 4.15. Basic circuit of suppressed carraaihced modulator using FET’s.
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For a Suppressed carrier Balance Modulation using Diodes, Figure 4.16 gives the basic circuit.
In this case the carrier voltageis applied in parallel to the two matched diodgand D, while
modulating voltage is applied in pull-push

Figure. 4.16. Basic circuit of suppressed carraaibced modulator using two diodes

The analysis is exactly similar to that for thecait of Figure 4.15. In this circuit using two diesl
we need a parallel tuned circuit in the outputdmeove the modulating frequency term from the
output. However this removal of modulation frequeterm my alternatively be achieved by using
two more diodes to the diode balanced modulatdfigfire 4.16 resulting in the circuit of Figure
4.17.

In the case of Suppressed Carrier Balanced Modulatsing four diodes,Figure 4.17 gives the
basic circuit. It uses four diode in a lattice dgafation.The carrieg(t) has high amplitude.
Then the carrier g(t) appearing across termifigded T, is square wave signal having the same
phase as g(t). During the positive halfggf), diode D;and D, conduct while diode®;andD,

are baised to cut-off. Hence during this half cydignalp(t) reaches the output. During the
other half cycle, Diode®;and D, conduct while diode®;and D, are baised off. Hence during
this half cycle, singngd(t) reaches the output with opposite sign. The pldEiglire 4.17 shows
the waveforms of carrier voltage (left hand sidej the waveforms of modulated output voltage
(right hand side).
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Figure. 4.17. Suppressed carrier balanced modulatng diodes

3.6. Ring Modulation

This is another form of balanced modulator. In #ase, the carrier is applied to the mid-points
of the input and output transformer. Ring modulatmould be primarily seen as a signal-
processing function in AM or an implementation AN or frequency mixing, performed by
multiplying two signals, where one is typicallyiaeswave or another simple waveform.Hence, a
ring modulator is an electronic device for ring mtadion, used for amplitude modulation or
frequency mixing. It is referred to as '"ring" modtibn because the analog circuit of diodes
originally used to implement this technique took g#hape of a ring. This circuit is similar to a
bridge rectifier, except that instead of the diotkesng "left” or "right", they go "clockwise" or
"counterclockwise".

The carrier, which is AC, at a given time, makesg pair of diodes conduct, and reverse-biases
the other pair. The conducting pair carries thaaidgrom the left transformer secondary to the
primary of the transformer at the right. If thetle&rrier terminal is positive, the top and bottom
diodes conduct. If that terminal is negative, thiem "side" diodes conduct, but create a polarity
inversion between the transformers. This actiamugh like that of a double pole, double throw
(DPDT) switch wired for reversing connections.

As shown in Figure 4.18a and b, the ring modulatoludes an input stage, a ring of four diodes
excited by a carrier signal, and an output stagee ifiput and output stages typically include
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transformers with center-taps towards the diodg. riinis important to note that while the diode

ring has some similarities to a bridge rectifiex thodes in a ring modulator all point in the same
clockwise or counter-clockwise direction. Other dgpof ring regulators are the Chopper and
transistor based ring regulators

’ : “Hk 2
k*
Input y @ " Cutput
| e

—

] Carrier L
Figure 4.18a: Diode ring modulator.

Both Figure 4.18a and Figure 4.18billustrates agoti@ipe of modulator (ring modulator) for
generating a DSB-SC AM signal.A peculiar feature tb& ring modulator is that it is
bidirectional, i.e., the signal flow can be reversdlowing the same circuit with the same carrier
to be used either as a modulator or demodulatoexXample in low-cost radio transceivers. Ring
modulators can frequency mix or heterodyne two \icaves, and output the sum and difference
of the frequencies present in each waveform. Thesgss of ring modulation produces a signal
rich in partials. As well, neither the carrier ribe incoming signal are prominent in the outputs,
and ideally, not at all.

.

B

-

| T

Square-wave carrier

atf=f - - i o o

Figure 4.18b: Ring modulator for generating a DSBAM signal

In this case, the switching of the diodes is cdltoby a square wave of frequenfty denoted
asc(t), which is applied to the center taps of the twogtfarmers

Whenc(t)> 0, the top and bottom diodes conduct, whiletthe diodes in the cross-arms are off. In
this case, the message sigméis multiplied by 4
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Whenc (t)< 0, the diodes in the cross-arms of the ring cehdwhile the other two diodes are
switched off. In this case, the message sigifgls multiplied by-1.

Consequently, the operation of the ring modulatay ime described mathematically as a multiplier of
m(t)by the square-wave carrieft), i.e. .V, (t) = M(t)C(t).

3.7. Switching Modulator

Another method for generating an AM-modulated signd®y means of a switching modulator. The
generation of AM waves using the switching modulatould be explained by observing the
switching modular diagram in Figure 4.19. The shiitg modulator using diode is depicted. The
semiconductor diode is used as an ideal switchhiwlwthe signalc(t) = A.Cos(2nf,t) and the
information signaim(t) are simultaneously applied in Figure 4.19a andbl Tl total input for the
diode at any instance is given by

c(t) = A.Cos(2mf.t) + M(t). (4.86)

. .
Figure 4.19a. Switching modulator and periodic shiitg signal.

=

& Vg{t} = "urj_{'t}
forc(t)=0

vz(t) =0 for ope =1

cft) <0
.

Figure 4.19b. Switching modulation characteristics.

i1

The periodic functions(t) can be represented in the Fourier series, whie desired AM-
modulated signal is obtained by passify§t)through a bandpass filter with the center frequency
f = f;and the bandwidtBW.At its output, we can then have the desired conaeat AM signal.
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4.0. Conclusion

We have seen that amplitude modulation (AM) classibns as used in electronic
communication could be useful for transmitting mmf@tion via a radio carrier wave. We have
addressed all the stated objectives in this uné.fivist note that without the established methods
and techniques for amplitude modulation signal ¢gien, we cannot appreciate sounds to be
reproduced by a loudspeaker, or the light intensitielevision pixels. A good understanding of
the techniques of amplitude modulation methodsbleas laid so far.

5.0 Summary

So far, we have discussed the various techniquampfitude modulation methods with their unique
characteristics, merits and demerits. Some the Akthods previously explained includeLinear
Modulation, Square Law Modulation, Linear Seriesddiation, Cathode Modulation, Suppressed
Modulation, Grid Bias Modulation, Screen Grid Moalinn, Collector Modulation Van der Biji
modulation, Suppressed carrier Balance Modulatorg Rnd switching modulations. The Merits and
demerits of linear series plate modulation as aglbther types were discussed.

6.0 Tutor-Marked Assignment (TMA)

1.

wN RO

Explain the principal of grid bias modulatiorral& the basic circuit grid bias modulated amplifier
and explain its working. Obtain expressions for Dr(ut power, A.C out power, plate efficiency
and plate dissipation.

. Discuss the relative performance of linear seplate modulation and grid bias modulation. Give

the basic circuit cathode modulation and explamibrking. Comment on the performance of the
circuit relives to plat modulation and grid biasduatation.

. Give the principle of square modulator. Draw Hesic circuit of square law diode modulator.

Describe the working of this circuit

. Give the principle of Van der Biji Modulatoriv® the basic circuit of this Modulator. What are

the principle applications of the Modulator?

. Give the principle of suppressed carrier baldmoedulator. Draw the basic circuit of suppressed

carrier balance modulator using transistor. Ob¢aipression for the output A.C voltage.What are
its merits?
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1.0 INTRODUCTION

In the earlier modules, you have studied the varimodes of AM which have some distinct
characteristics. In these modes, usually each igpecomponent of the baseband signal
occasions a rise to one or two spectral componaritse modulated signal. These components
are separated from the carrier by a frequency réiffee that is equal to frequency of the
baseband component. Again, their modulators ark that the spectral components generated
depend mainly on the baseband and carrier fregeencin these types, the amplitude of the
spectral components of the modulator output coelgedd on the amplitude of the input signal.
Their system operations could be either additivdgtsctive or even multiplicative, as such
exhibits linear operations. This is why we call lsugpe of modulation linear or amplitude
modulations.In this unit, we shall look at anottigpe of modulation devoid of the above
described characteristics. This type is called engbdulation because in such modulating
systems, in consonance with a carrier of constanplitude, an angle which is a function of the
baseband signal is made to respond to a baselgmal.dilence, angle modulation then involves
staying at a constant carrier-amplitude while altaythe angle to fluctuate in proportion to the
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modulating signal. We shall look at frequency matan as an angle modulation. Comparisons
will be made with reference to linear modulation

2.0 Objectives

After going through this unit, you should be alde t

explain the concept ofFrequency modulation and @mith Angle modulation.
discuss the various concepts FM signal wave.

explain the merits and demerits of FM

relate Stereophonic FM Multiplex Systems with Widetd FM and Narrowband FM
discuss Pre-emphasis and De-emphasis in electommunication systems

relate noise triangle in relation to bandwidth optation

frequency spectrum computation using FM Bessel iamg Analysis

solve numerical problems based on coherence.

A AN N N N NI

5.0Main Content

3.1 What is Frequency Modulation?

One might ask, what is? We define frequency moaras a system whereby the amplitude of
the carrier is made to be constant or fixed whaefrequency is varied about its unmodulated
frequency in a manner determined by the amplitddeeomodulating signal. Thus the amplitude
of the carrier does not change due to frequencyufatidn. This is an advantage since any
incidental disturbance such as atmospheric distcd@r man-made static primarily appears in
the form of variations of amplitude of the carneitage and may be eliminated in a frequency
modulation receiver which is made insensitive topkimde variation. Now, one might be
wondering the implication this. Angle modulatioashbetter detection performance than linear
modulation though at the expense of greater chanaedwidth. It is also immune to channel
non-linearity. This is because the information eomtis not conveyed in an envelope format
which makes for a constant information flow devofdlistortion.

We can also say that Frequency modulation (FM) lvesthe encoding of information in a

carrier wave by varying the instantaneous frequasfae wave. This contrasts with amplitude
modulation, in which the amplitude of the carrieaws varies, while the frequency remains
constant. In analog frequency modulation, such Msr&dio broadcasting of an audio signal
representing voice or music, the instantaneousuéegy deviation, the difference between the
frequency of the carrier and its center frequerscgroportional to the modulating signal.

Frequency modulation can be classified as narrod/fifatihe change in the carrier frequency is
about the same as the signal frequency, or as amtkl the change in the carrier frequency is
much higher (modulation index >1) than the sigmatjfiency. For example, narrowband FM is
used for two way radio systems such as Family R&8diwice, in which the carrier is allowed to

deviate only 2.5 kHz above and below the centeyueacy with speech signals of no more than
3.5 kHz bandwidth. Wideband FM is used for FM bieting, in which music and speech are
transmitted with up to 75 kHz deviation from thente frequency and carry audio with up to a
20-kHz bandwidth and subcarriers up to 92 kHz.

Figurel.1a shown the carrier voltage for simplicity voltage is also assumed to be sl
and let it be given by Equ 3.3 as previously esghbl in this course work (Module 2, Unit 1).
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Figurel.1. Waveform of frequency modulated carrigtage.

Figurel.1lb shows the modulating voltage, Figure 1.1c shows the resulting frequency
modulated carrier voltage. Figurel.1ld shows theatiran of instantaneous carrier frequency
with time. It may be seen that this frequency \tarrais identical in form with the variation with
time of the modulating voltage. Evidently, the fnegcy variation called the frequency deviation
is proportional to the instantaneous value of tloeluhating voltage.

The rate at which this frequency variation takescelis obviously equal to the modulating
frequency. The amplitude of the frequency modulaidier remains consists at all time during
frequency modulation. Before proceeding furthee, stall first describe critical terminologies
that go with FM considering Figure 1.1.

3.2.  FM Wave Signal Concepts
Considering Figure 1.1, it is very key to describe convection terms associated with FM for
ease of understanding and application.FM signalsbeagenerated using either direct or indirect
frequency modulation:
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o Direct FM modulation can be achieved by directlgdmg the message into the input of a
voltage-controlled oscillator.

e For indirect FM modulation, the message signalntedrated to generate a phase-
modulated signal. This is used to modulate a drgstatrolled oscillator, and the result is
passed through a frequency multiplier to produceFdh signal. In this modulation,
narrow band FM is generated leading to wide bandl&ist and hence the modulation is
known as indirect FM modulation.

I. Frequency Deviation — This is referred to as thakpdifference between the
instantaneous frequency of a FM wave and the cafreuency in a cycle of
modulation. It is proportional to the amplitudetbé modulating signal and may be
increased by increasing the amplitude of the mdahgasignal.FM applications use
peak deviations of 75 kHz (200 kHz spacing), 5 KB& kHz spacing), 2.5 kHz (12.5
kHz spacing), and 2 kHz (8.33 kHz spacing).

il. System Deviation- It is obvious that in any kind @&kquency modulated
communication system, there is a benched markednmax frequency deviation
referred to as rated system deviation. This capttire maximum possible amplitude
of modulating function which can be accepted by slgstem. An over-modulation
occurs when there is a large frequency variatibtie system deviation is referred to
asfq, the frequency deviation for other than maximunduaiation signal is denoted
by K fg whereK is the ratio of the amplitude of the informationmodulating signal
and the maximum rated amplitude for the system.

iii. Modulation index- As in other modulation systening odulation index indicates by
how much the modulated variable varies around nimadulated level. It relates to
variations in the carrier frequency. It is defined the ration of the frequency

deviation to the modulating frequency given/by: %.
3.3.  Waveform of Frequency Modulated Voltage

Let the carrier voltage, have amplitudes, and frequencyw, radians. This has already been
given by Equ. 3.3 previously in Module 2, Unit lvas= V, sin w_t.

The above equation is the case without a phasegng|

3.4. Mathematical Expression for Frequency Modulated Valage
Let the sinusoidal modulating voltage be givenlmy éxpression given in Equ 3.4in Module 2,

Um = Vin cos Wt
Wherew,, is the angular frequency of the modulating voltagead/sec andt,, is its amplitude
in volts.
Let the carrier voltage be given by,
v, =V, sin (w.t + 0) (1.1
Wherew, is the angular frequency of the carrier in rad?sec
I/.is the amplitude of the carrier in volts afydis the phase angle in radians.
Let
¢ =w,+06 1.2)
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In Equ. (3.31) is the total instantaneous phase angle of theecawltage so that Equ. 1.1 may
be put as,

v, =V, sin ¢ (1.3)
Obviously the angular frequenay. is related to the phase angldy the relation,

. 1.4
we =~ (1.4)

Regarding FM, the frequency of the carrier no longenains constant but varies with time in
accordance with the instantaneous value of the tatdg voltage. Thus, the frequency of the
carrier voltage after frequency modulation is gign

W=W, + Kf. Uy (1.5)

= W + Kp Vi COS Wyt (1.6)
Wherek, is the constant of proportionality.

Integration of Equ. 1.6yields the phase angle of timodulated carrier voltage.
Thus we get
¢ = [wdt = [[w; + Kf Vy cOs w,ye] dt (1.7)

Or¢p = w.t + kamwisin Wyt + @4 (1.8)

Whereg, is the constant of integration and represent steom phase angle?
Angle ¢; may be neglected in the following analysis sirtas insignificant in the modulation
process.

Hence the frequency modulated carrier voltageviergby,

=V, sin [wt + kf Sin w,,¢] (1.9)
From Equ 1.6 (3. 35) mstantaneous frequency maeeldil@arrier voltage in Hz is given by,
f=—=f+ kf—cos Wyt (1.10)
The maX|mum value of frequency is given by,

V)

fmax = fe + k.- (1.11)
The minimum value of frequency is given by,
fmin = fc — f - (1.12)

Thus the frequency deviation, i.e. the maximumatarn in frequency from the mean value is

given by,
Vin

fa = fmax — fe = fe — fmin = f o (1.13)
Modulation indexmy is the ratio of frequency deviation to modulativequency and is also
indicated by
Thus,
5 = mf_fdzﬂz"fﬁ (1.14)
fm Wm Wm
Thus the expression for the frequency modulatetagelis given by,
v =V, sin (Wt +mg sin w,,¢) (1.15)
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It may be noted that as the modulating frequewgy decreases and the modulating voltage
amplitude remains constant, i@, remains constant, the modulation index increatas
forms the basis for distinguishing frequency motaiafrom phase modulation.

Example 1.

In an FM system, the frequency deviation is 5 kHemwthe modulating frequency is 400 Hz and
the audio modulating voltage is 2V. Compute the oatibn index. Also compute the frequency
deviation and the modulation index if (i) AF voleags increases to 6 V keeping modulation
frequency unaltered (ii) AF voltage is increased8td/ while the modulation frequency is
reduced to 200Hz.

Solution.
With AF frequency 400 Hz and AF voltage 2 M,= 5kHz

Hence modulation index
f_d _ SkHz

fm  400Hz
Recall thatf; « V.
Hence ,
fd S5kHz .
=% = —— = 2.5 kHz/volt (of modulating voltage)
Vin 2 volts
Case 1 Vp=6V
Hence fa =2.5x6=15kHz
Hence my = Lo _ DKz _ 375
fm 400Hz
Casell. Vi =8V; fn =200Hz
Hence fa = 2.5 x8=20kHz
Hence my = fa _ 2002 _ 4,
fm  200Hz
Example 2

An FM wave is represented by the voltage equatios, 20 sin (5 x 108t + 4 sin 1500 t).
Find the carrier and modulating frequencies, theluhtion index and the maximum deviation
of the FM.What power will this FM voltage dissipatea 20 ohm resistor?

Solution.
FM voltage is given by, =V, sin [w.t + j—isin Wpt]

Obviously then fo= 5x10° Hz =796 x 107 Hz, f,, = %HZ =238.7 Hz

21

Modulation index  m; = 4.
Frequency deviationf; = mg f;, = 4 X 238.7 Hz

2 2
p= Vims — (20/y2) — 400 = 10 Walts.
R 20 2%20

3.5. Frequency Spectrum of the FM wave
In amplitude modulation, only two sideband terme roduced namely the upper sideband term
and the lower sideband term. Situation is more dexn;m F.M. when a carrier voltage. is
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frequency modulated by a single sinusoidal voltagethe modulated carrier voltage is given by
Equ. 1.15 reproduced here:

v = v.sin(w,t + § sinw,¢) (1.19
This equation involves sine of a sine. Hence tHetism involves the use of Bessel functions. A
simplified explanation of Bessel functions is givarSection 3.6 below.

3.6. FM Bessel Functions Analysis

For the case of a carrier modulated by a single siave, the resulting frequency spectrum can
be calculated using Bessel functions of the filedkas a function of the sideband number and
the modulation index. The carrier and sideband #ngds are illustrated for different
modulation indices of FM signals. For particulalwes of the modulation index, the carrier
amplitude becomes zero and all the signal power tke sidebands.Since the sidebands are on
both sides of the carrier, their count is doub&d then multiplied by the modulating frequency
to find the bandwidth.

Knowing the modulation index, you can compute toenbher and amplitudes of the significant
side-bands. This is done through a complex matheatgrocess known as the Bessel functions.

The typical Bessel function graph is shown in Tahlka. The left column gives the modulation

index. The remaining column indicates the relatingplitudes of the carrier and the various pairs
of side-bands. Any side-bands with relative caraewmlitude of less than 1% (0.01) have been
eliminated. The total bandwidth of an FM signal t@ndetermined by knowing the modulation

index and using the Table.

For example, assuming the modulation index is ZeiiRag to Table 1.1b (3.1b), you can see
that this produces significant pairs of side-barfide Bandwith can then be determined with the
simple formula

BW = 2Fm x Number of significant side-bands.

Using the example above and assuming a highest latody frequency of 2.5KHz, the
bandwidth of the FM signal is given as

BW = 2(2.5)(4) = 20KHz.

An FM signal with a modulation index of 2 and aliegt modulating frequency of 2.5KHz will
then occupy a bandwidth of 20KHz.

Table 1.1a. Bessel function of the first kind
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12.0 -p.05 |-0.22]-0.08] 0.20| 0.18]-007]-0.22]-017] 005|023 loz0| o3 lozefoiz|onr|ooz] oo
15.0 001 |o.21|004]| 019]-012] 03] 0.21 ]| 0.03 [-0.37]-0.22]-0.09 0.20]0.250.20] 0.25 | 028 0412
Table 1.1b.Bessel Function with Sideband amplitude
Modulation Sideband amplitude

index Carrier| 1 2 3 4 5 ] 7 8 9 10 1 |12 13 14 15 18

0.00 1.00

0.25 098 012

0.5 094 024 003

1.0 077 044 011 0.02

1.5 051 056 023 0.06| 0.01

2.0 022| 058 035| 013| 0.03

2.41 0| 052| 043 020| 006| 0.02

25 -005 050 045| 022| 007 002 001

3.0 -026| 034 049| 031| 013 004 001

4.0 -0.40 | -0.07  0.36| 043| 028 013 005 0.02

5.0 -018|-033 | 005| 036| 039 026 013 005|002

5.53 0/-034|-013| 025| 040| 032 019 009 003 0.01

6.0 015|-028 | -024| 011| 036 036 025 013|006 0.02

7.0 030 000 -030|-017| 016 035 034 023|013 0.06 0.02

8.0 017| 023 -011|-0.20|-0.10| 019 0.34| 0.32|0.22 | 0.13 0.06| 0.03

8.65 0| 027| 006|-024|-023| 003| 026| 034028018 0.10|0.05 0.02

9.0 -009| 025 014|-018|-027|-006| 020 033|031 /021 012 0.06 003|0.01

10.0 -025| 004 025| 006|-022|-023 -001| 022|032 029 021|012 0.06|0.030.01

12.0 005 -022 | -008| 020| 0.18|-0.07 | -024|-0.17|0.05|0.23 030|027 |0.20 012 |0.07|0.03| 0.01

On using Bessel functions, it may be shown thatE46 may be expanded to yield,
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v=V,[ Jo(&)sinw. + J;(8){sin (w, + wy,)" — sin(w, — w,,)t}

+ J2 5 {sin(w, + 2wyt + sin(w, — 2wp,) t}

+ J3(8){sin(w, + 3w,,) t — sin(w,, — 3w,,) t}

+/,(8){sin(w, + 4w, )t + sin(w, — 4w,,) t}

ton. etc. (2.17)
Equ.1.17reveals that the sinusoidal carrier voltadter frequency modulation by another
sinusoidal voltage consists of the following freqogterms,

0] Carrier voltage reduced in magnitude by the faff6¥).

(i) Infinite number of sideband terms on both lower apgher frequency sides of the
carrier frequency at intervals equal to the modormafrequency. The amplitude of
these sideband terms ave multiplied by various Bessel function of the firghd
different orders denoted by the subscripts.

Bessel functior, (8) is given by,

_ S\n [l (8/2) (8/2)* (6/2)¢
]n(5) o (2) [n! 1!(n+1)! t 2!(n+2)! t 3!1(n+3)! t ] (1.18)

In order to find the amplitude of a given pair @feband terms and the magnitude of the carrier,
it is necessary to known the value of the corredpan Bessel function. It is, however, not
necessary to evaluate the Bessel function usinglEisince the magnitude of Bessel function
of this type are readily available (in Table forag in Table 1.1 or in graphical form as in
Figurel.2.

Figure 1.2. Bessel functions of the first kind aifierent order.

Recall that the frequency modulation can be cleskiks narrowband if the change in the carrier
frequency is about the same as the signal frequemcys wideband if the change in the carrier
frequency is much higher (modulation index >1) thansignal frequency.

For example, narrowband FM is used for two wayaalistems such as Family Radio Service,
in which the carrier is allowed to deviate only RHz above and below the center frequency
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with speech signals of no more than 3.5 kHz bantwidVideband FM is used for FM
broadcasting, in which music and speech are tratesinivith up to 75 kHz deviation from the
center frequency and carry audio with up to a 2@-Wbandwidth and subcarriers up to
92 kHz.The following conclusions are drawn from fbeegoing study and from Table 1.1b and
Figurel.2.

(i) In AM only three frequencies namely the carrier #meltwo sidebands are involved. Fm, on
the other hand, has carrier and an infinite nundfesideband terms recurring at frequency
interval off;,,

(i) TheJ coefficients, in general, decrease with increaserdern but not in a simple way.
Figure 1.2. Shows that the valueg dfuctuate on both sides of zero and diminish gedigu
EachJ coefficient represents the amplitude of the cqoesding pair of sideband terms.
Hence the amplitudes of the sideband terms alsoteaky decrease but not past a certain
value ofn. The modulation inde& (or m,) thus determines the number of the significant

sidebands, i.e. sidebands having amplitude at I4sbvf the unmodulated carrier amplitude

Ve,

(i) The sidebands at equal frequency intervalsifip have equal amplitudes. Thus the sideband
distribution is symmetrical about the carrier freqay.

Table 1.1c. Bessel Functionmbrder

/ nor Order
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B0 04500 30 017 016 035 034 023 013 0 —
70 030 000 "1 -0.29 -010 0.19 034 032 022 013 006 008 —  — -
iy -0 018 027 006 020 033 030 021 012 006 003 001 —
e o 0 006 022 023 -001 022 031 029 020 0.12 006 003 00
100 -025 004 080 o0 0.18 -007 -042 -0.17 -005 023 030 027 020 0.12 0'
12-?J .2‘3? g%ﬁ 00 019 -012 013 021 003 -017 -022 009 010 024 028 0%
150 -001 021 004 -O.

(iv)From Table 1.1c, we find that &sncreases, value of any particulazoefficient say;, also

increases. Buf is inversely proportional to the modulating freqag. Hence the relative
amplitude of the distant sideband increases whemthdulation frequency is reduced.
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(v) In AM, with the increases of depth of modulatione tsideband power and hence the total
power increase. In FM, on the other hand, the ttaismitted power remains constant.
However, with increased value of modulation index(ormy), the required bandwidth for
relatively undistorted signal gets increased.

(vi)From Equ. 1.17, it is evident that the theoreticahdwidth required in FM is infinite. In
practice. However, bandwidth used is one includitighe significant sidebands under most
exacting condition. This implies that using maximdewviation by the highest modulation
frequency, no significant sidebands are excluded.

(vii)  In AM, the amplitude of the carrier component remsaconstant. But in FM, the carrier
component ig, which a function is af.

(viii) In FM, it is possible for the carrier componentitsappear completely. From Figure. 1.2,
we find that this happens for valuessfpproximately equal to 24, 5.5, 8.6, 11.8 etcs¢he
values of6 are called Eigen values

3.7. FM Bandwidth and Spectrum requirement

The students must understand that we have regylatalies for FM signal propagation and any
violation attracts serious sanctions. For examible,international regulations of FM broadcast
have prescribed the following values for FM signals

i. Maximum frequency deviationfg = +75 kHz;
ii. Allowable bandwidth per channel =200 kHz; (iigquency stability of carrier&=2 kHz.

From Table 3.1c, it is possible to find the magméof the carrier and each sideband term for
any specific value of modulation ind&xThus considering the modulating frequency of Hz k

if the frequency deviation i¢ 75 kHz, the deviation rati6 =75/15=5. The Bessel functions that
are then involved in representing the carrier dral dideband terms ajg (5) wheren varies
from zero to infinity. Value of,, (5) as a function oh may be obtained from graph such as in
Figure 1.2, (5) as a function of is plotted in Figure. 1.3.

Figure 1.3. J(5) as function of n.
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It is found that from Figure 1.3, (5) is about -0.18 amplifying that the carriealsout 0.18/,
similar J; (5) is about -0.33 amplifying that the first ord@deband terms have amplitudes of
0.33V, each function, (5) is very small, being about +0.05. Furtihe(5) is about 0.36 anfi

(5) is about 0.39. Beyond the found order sidelanais, the amplitudes of the sideband terms
fall off rapidly and all sideband terms beyond #ighth have amplitudes less than 1% of the
unmodulated carrier amplitudg i.e. they are not significant at may be neglecke.deviation
ratio of 5, the significant sideband terms exteptbiuthe eighth, i.e. up to 8x15 = 120 kHz on
either side of the carrier for modulating frequené€y5 kHz.

3.8. Phase Modulation

So far, we have looked at amplitude and frequenogutation. We shall now look at phase
modulation. Phase modulation consists in varying fthase angle of a carrier voltage in
accordance with the instantaneous value of the tatidg voltage. In this regard, the amplitude
and frequency of the carrier voltage remains uredteafter phase modulation. Like we have
done in the previous discussions, let us now astalthe expressions for Phase modulation
voltage.

3.8.1. Expression for Phase Modulated Voltage

From Equ 1.1, let the carrier voltage be given as

V. = V. sin (wt + 8,)

And from Module 2, unit 1, let the modulating vgjeabe,

Uy = Vi Sinw,, e

If the instantaneous phase of the carrier beforéutation is given by,

¢ = w.t + 6 (1.19)
After phase modulation, the instantaneous phasieeafarrier is given by,

0 () =ws+0p+ kyvy (2.20)
= wet + 0+ kpVy sinw, .t (1.21)
The phase modulated carrier voltage is then giyen b

v =V.sin [we + 0y + kpV, sSinw,,,¢] (1.22)

In phase modulation process, the constant phade anglays no part and hence for the sake
simplification8, may be omitted. Then the modulated carrier veltagiven by,

v =V sin [we + kpVp, Sinw,,¢] (1.23)
Clearly, the maximum phase deviatiok,j#,,. This may be indicated ks, then the modulated
voltage may be put as,

v =V, sin[w. + ¢, Sinw,,¢] (1.24)
or
v =V sin [w t + my, sin w,,¢] (1.25)

Wherem,, = ¢,, is the modulation index for phase modulation.

3.8.2. Comparison of Expressions for phase Moduladeand Frequency Modulated Voltages
There are technical points that must be understotd regards to phase modulated and
frequency modulated voltages. Now, considering Bged for phase modulated voltage, this is
identical with Equ.1.15 for frequency modulatedtage except that instead of deviation raitio
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(or my) in frequency modulation, we have maximum phaseiatien ¢,, accordingly the
frequency spectrum of the phase modulated voltaganiilar to that of frequency modulated
voltage. But the different is that:

In phase modulation,

bm = kam (1.26)

In frequency modulation,

§ = <Llm 1.27
=== (1.27)

From Equs. 1.26 and 1.27, we can see that in phas#ulation, phase deviatiop,, is
independent of modulating frequengy whereas in frequency modulation, deviation ratis
inversely proportional to modulating frequengyhence, in phase modulation, for all values of
modulating frequency, the phase deviatfgsremains constant.

However, for any single modulating frequengy the spectral distribution is similar to that in
frequency modulation, i.e. the sideband terms apgeiterval off,, and have similar relative
amplitude.

In order to compute the effect of variation of mtading frequency in the cases of frequency and
phase modulation, we take the following illustratitet ¢,,, in the case of phase modulation be
adjusted to be 750 radians. Evidently this situatior phase modulation corresponds to the
condition of deviation ratié =750 in frequency modulation.

Let this deviation ratid@=750 be obtained at a modulating frequency of 120THhe significant
sideband in frequency modulation will the extendoup50" order. In the phase modulation as
well as frequency modulation, the significant bardtlv at modulating frequency of 100Hz.
What is occupied by the channel is750x 0.1=150 kHz.

If now the modulating frequency is increased to ey maximum modulating frequency of 15
kHz, keeping/,, constant then in phase modulating still remains unaltered at the value 750
radians and significant bandwidth occupied by thannel is 2 x 750 X 15 = 22,500 kHz. On
the other hand, in frequency modulation, for motin¢a frequency of 15 kHz keeping,
unaltered, the deviation ratdboreduces to (75& 0.1 /15) =5.

For this value of deviation ratié =5, the significant sideband in frequency modalatextend
upto the eighth order.

Hence the significant bandwidth occupied in freqyemodulation with modulating frequency
of 15 kHz is = 2x 8 x 15 = 240 kHz. This bandwidth is very small as camgd with the
bandwidth of 22,500 kHz required in phase modutatibhus, it is concluded that keeping the
amplitudel},, of modulating voltage constant, as the modulatirguencyf,, is increased, the
significant bandwidth in phase modulation increggegportional to the modulating frequency
whereas in frequency modulation the bandwidth megoént increases only slightly.

In another explanation, in phase modulation thaig@nt bandwidth do not converge as the
order of modulation frequency is increased wheiliraffequency modulation, the significant,

sidebands converge rapidly in spite of increasesadulating frequency. This constitutes one
significant advantage of frequency modulation gueaise modulation. It may be noted, however,
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that if 1}, is varied to keepS and @,, identical for all modulating frequencies, then tbot
frequency modulation and phase modulation proddeetical sidebands

From Equ. 1.26 and 1.27, it is seen that exprassior § and ¢,,for FM (frequency
modulation) and PM (phase modulation) respectiaey exactly similar in form except that he
term w,, appears in the denominator of expressiondforhis provides a simple means of
covering PM to FM. All that is required to be daado convert the modulating voltage to a form
wherew,, appears in the denominator and then to use thasfime modulating voltage to phase
modulate the carrier. Termw,, may be made to appear in denominator of the esioredor
modulation voltage by simple integration. This pmpte has been utilized in the Armstrong
method of frequency modulation.

The above consideration lead to the following peatteffect: if an FM signal is receiver on a
PM receiver, the bass frequencies have considenaiolse deviation (of phase) than a PM
transmitter would have given them. The output oPM receiver is proportional to phase
deviation. Hence the signal would appear bass Hodtkernatively PM signal received by an
FM receiver would appear to be lacking in basssTaficiency can, of course, be corrected by
bass-boosting of the modulating signal prior to gghanodulating. This forms the practical
different between phase modulation and frequencguiation. But it is quite evident that one
type of signal can be obtained from the other wamply.

Example 1

A20 MHz 5V carrier is modulated by a 500 Hz sineveval’ he maximum frequency deviation is
15 kHz and the same modulation index is obtained&h FM and PM. Write expression for

this modulated wave for (a) FM and (b) PM. Nexthé modulating frequency is increased to 3
Hz, other things remaining the same, write new esgions for (c) FM and (d) PM.

Solution

The carrier frequency,. and the modulation frequenay,, in radians/sec are

w,=2m x20 x10° =1.25 x 108 Radians/sec

W, =21 X 500 = 3141 Radians/sec.

. . . 15000
The modulation index igy = my = m,, = oo =

Hence the expression for FM wave is,
v =5[1.25 x 108t + 30sin 3141 t]
The expression for PM wave is,

v =5[1.25 X 108t + 30sin 3141 ¢] .

30

The two expressions are identical simg= m, when the modulation frequency is increased
from 500 Hz to 3 kHz, i.e. made 6 times, the motiotaindexm,, for PM remains unaltered
while the modulation index, for FM reduces 6 fold (from 30 to 5). Hence thevised
expressions for modulated carrier voltage are:

FM:v = 5[1.25 X 108t + 5sin 3141 t]

PM:v = 5[1.25 x 108 t+ 30sin 3141 t].
Demodulation in FM is very unique. Many FM detectincuits exist. A common method for
recovering the information signal is through a EoSeeley discriminator. A phase-locked loop
can be used as an FM demodulator. Slope detectiomodulates an FM signal by using a tuned
circuit which has its resonant frequency slighfifiget from the carrier.
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As the frequency rises and falls the tuned cirgudvides changing amplitude of response,
converting FM to AM. AM receivers may detect soné ffansmissions by this means, although
it does not provide an efficient means of detection FM broadcasts. We shall now make
comparison between FM and AM as regards commuoitaiystems below.

3.8.3 Comparison of Frequency Modulation and Amplitde Modulation

Let us now establish the merits, demerits and coisqas of both FM and AM with regard to
electronic communication systems. We shall stétt fiequency modulation below.

The frequency modulation has the following advaetag

Vi.

The amplitude of the frequency modulated wave iderendent of the depth of
modulation whereas in amplitude modulation, it épendent on the modulation index.
This permits the use of low-level modulation in Ffnsmitter and use of efficient class
C amplifiers in all stages following the modulatéurther since all amplifiers handle
constant power; the average power handle equalpe¢b& power. In transmitter, the
maximum power is four times the average power. Ifina FM, all the transmitted
power useful whereas in AM, most of the power igieawhich does not contain any
information.

In FM there is a large decrease in noise and hgmeease in signal-to-noise ratio. This
result from the following two reasons: (a) theréeiss noise at carrier frequency at which
FM is used (typically VHF and UHF) and (b) FM regais can use amplitude limiters to
remove all amplitude variations caused by noise.

iii. In FM noise may be further reduced by increase atewi. AM does not possess this

feature.

International Ratio consultative committee (CCIR)}ree I.T.U. allows for a guard band
between commercial FM stations. Thus there isaggscent channel interference than in
AM.

FM broadcast transmitters operate in the upper Vaifge and in the UHF range. At
these high frequencies, there is less noise thaheirMF and HF ranges used for AM
broadcast.

Since FM broadcast takes place in the VHF and W&ifges, the propagation used is
space wave propagation. The radius of operatiéimited to slightly more than the line
of sight. This permits use’ of several independttransmitters on the same frequency
with negligible interference. This is not possilmieAM.

The following are the disadvantages of FM

A much wider channel typically 200 kHz is neededrM as against only 10 kHz in AM

broadcast. This forms serious limitation of FM.

FM transmitting and receiving equipments partidyl&r modulation and demodulation
tend to be more complex and hence costly.

In FM, the reception using conventional methodnstéd to line of sight. Thus the area
of reception of FM is much smaller than for FM. igmestriction is not due to the
intrinsic properties of FM but due to the carriegquencies (in VHF and UHF range)
employed for its transmission. This is, no doubtdisadvantage for FM mobile

communications over a wide area but forms an a@genfor co-channel allocations.

3.9. Noise and Frequency Modulation
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It is very pertinent to note that the FM is much remammune to noise than AM and is
significantly more immune than phase modulation. Mg¢e2under examine the effect of noise on
a carrier to establish the above facts and to oterthe extent of noise improvement.

3.9.1. Effect of Noise on carrier (Noise Triangle)

When you consider a single noise frequency. Thiddcnormally affect the output of a receiver
only if it falls within its passband. In that cadlke carrier and noise voltages will mix and the
difference frequency, if audible, will interfere ti the reception of the wanted
signal.Considering the single noise voltage vealiyrithe noise vector gets superimposed on the
carrier, rotating about it with relative angulado@ty (w,, — w.) as shown in Figurel.4. The
maximum deviation in the resultant amplitude frohe taverage value i§,whereas the
maximum phase deviation is

¢ = sin™ (V/V,). (1.58)

Figurel.4. Vector effect of noise on carrier.

Let the noise voltage amplitude be one-fourth efdhrrier voltage amplitude. Then, for AM, the
modulationm, = Vn/VC:i = 0.25 while the maximum phase deviatiogpis=sin 0.25 /1 =14".

Let us also assume here that AM receiver respontisto amplitude channel and does not
respond to phase changes.

We further assume that the FM receiver respondg tmlfrequency changes and does not
respond to amplitude changes since the amplitudéeli in FM receiver removes all the
amplitude variations. We now proceed to assesinthence of phase changes on FM receiver
and that of a amplitude changes on AM receiver.

We make this comparison under the most severe tondor FM. Let the modulating frequency
be 15 kHz and let us assume for the sake of siipticat the modulation index for both AM
and FM be unity. Then in AM receiver noise-to-sigrnaltage ration will be 0.25/1 =0.25.
Concerning FM, we convert the modulation index fronity devices to radians. Thus the ration
is14.5°/57.3" =0.253. Thus the noise-to-signal ration in FMustjslightly worse than in the
case of AM.

We next study the performance when the modulatequiency has been altered from 15 kHz to
the lowest value say 30 Hz. In AM, as the noisdeddht frequency(w, — w.)and the
modulating frequency are reduced from 15 kHz to Z0tHere appears no difference in the
relative noise, carrier and the modulating voltag®litudes. In order words, in AM variation in
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the noise and modulating frequencies do not vagynthise-to signal ratio. In FM, on the other
hand, since the ratio of noise to carrier voltagmains constant, the value of modulation index,
i.e. maximum phase deviation due to noise also irsr@nstant.

Thus, while the modulation index due to noise remaionstant (as the noise sideband frequency
is reduced), the modulation index caused by theasigoes on increasing in proportion to the
reduction in modulation frequency. Hence in FM, tiogse-to-signal ratio goes on reducing with
modulation frequency. At the lowest modulation fregcy of 30 Hz, the noise-to-signal ratio in
FM is (0.253 x 30 /15000) =0.000505. Thus the exdissignal ratio reduces from 25.3 percent
at 15 kHz to 0.05 per cent at 30 Hz.

We assume the noise frequency components to bdyespread across the pass band of the
receiver. Hence it is evident that the noise oufput the receiver decreases uniformly with
noise sideband frequency for FM. On the other hemAM it remains constant. Figure 3.13. (a)
illustrates these noise sideband distributionsAibr and FM. The triangular noise distribution
for FM is referred as to the noise triangle. Thessesideband distribution for AM is a rectangle
as shown in Figure 1.5a. From Figure 1.5a, we mapyclade that the average voltage
improvement for FM under these conditions is 31clBa conclusion is valid for average audio
frequency at which FM noise voltage appears todiethe AM noise voltage. In actual practice,
however, the situation is more complex and the awpment obtainable in FM over AM is only

a voltage ratio of/3: 1, i.e. power ratio of 3:1 or about 4.75 dB.

We have assumed in the beginning that the noigagmlis lower than the signal voltage. When
two signals are simultaneously received, the aomgitlimiter gets actuated by the stronger
signal and it tends to reject the weaker signatohdingly if peak noise voltage exceeds the
signal voltages, the signal will get excluded bg timiter. With very low signal-to-noise ratio,
therefore, AM is superior to FM. The exact values@nal-to-noise voltage ratio at which FM
becomes superior to AM depends on the value of Fddutation index. However, in general,
FM becomes superior to AM when signal-to-noiseagdtratio becomes 4(12 dB) or more at the
amplitude limiter level.
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Figure 1.5. Noise sideband distribution in AM arid.F

3.9.2. Noise Triangle formy > 1

You must recall that in AM, the maximum permissibiglue of amplitude modulation is 1,
i.em,=1. In FM, there is no such limit. In FM, the limig not the maximum frequency
deviation. Thus for FM VHF broadcast, maximum frexcy deviation is limited to 75 kHz.
Hence using even the highest modulation frequericy5okHz, the modulation index in FM
broadcast is as high as 5. At lower modulating desgries, the modulation index is
correspondingly higher. Thus, with modulation freqay of 1kHz;m, is 75. The signal-to-noise
voltage ratio in the output of the limiter in FMcesver will get increased in proportion to the
modulation index. Thus, witln=5 (the highest permitteth,for f,,=15 kHz), the signal-to-
noise improvement is 5:1 in voltages and 25:1 imvgro(14 dB). No such improvement is
possible for AM. With sufficient signal-to-noiseti at the receiver input as assumed earlier,
overall improvement secured in FM over AM is (4.18% = 18.75 DB. Figure 1.5b shows the
noise triangle fan,=5.

From the above considerations, it becomes evidwttih FM, we may use reduced bandwidth
and thereby achieve higher signal-to-noise ratiwhSa trading of bandwidth is not possible in
AM. It may also be noticed that just the increatdeviation (and hence the system bandwidth)
in FM, does not necessarily mean that more randoisenwill be admitted. In fact this extra
random noise produces no effect if the noise silfiiequency lie output the pass band of the
receiver. Hence from this consideration, the maxmdeviation and hence bandwidth, may be
increased without fear. Phase modulation also Hathe properties of FM except the noise
triangle. Noise now phase modulates the carrietthirere is no improvement as modulating and
noise sideband frequencies are lowered. Thus udeéeatical conditions, FM will be 4.7 dB
better than PM regarding noise. It is for this agathat frequency modulation is preferred to
phase modulation in practical transmitters.
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In practice, however, in FM, bandwidth and maximufaviation cannot be increased
indefinitely. Thus when a pulse is applied to aé&adt circuit, its peak amplitude is proportional to
the square root of the bandwidth of the circuitni&rly when a noise impulse is applied to the
tuned circuit in the IF amplifier of an FM receiyer large noise pulse results because of the
unduly large bandwidth needed to accommodate thlke Heviation. When the magnitudes of
noise pulses exceed about one-half of the carn®litude at the amplitude limiter, then the
limiter function fails. When the noise pulse magd# exceeds the carrier amplitude, the noise so
to say captures the signal. The maximum deviatiorbokHz is a compromise between the two
extreme conditions described above.

It may be proved that when impulse noise amplifyae 0.5 V. this impulse noise gets reduced
in FM to the same extent as random noise. AM comaation receivers use amplitude limiters.
Such a limiter does not limit random noise at al imits impulse by about 10 dB. Thus the FM
system is better than the AM system in this regardell.

3.9.3. Pre-emphasis and De-emphasis

We shall explain the meaning of these concepthigr$ection and even in subsequent sections.
Now, the noise triangle of Figurel.1 shows thatrtbese produces greater effect on the higher
modulating frequencies than on the lower oness,lttherefore, considered desirable that the
higher modulating frequencies be artificially baastp at the transmitter before modulation and
correspondingly cut at the receiver after demodhrdathis greatly improves the noise immunity
at these higher modulation frequencies. This bogsif the higher modulation frequencies at the
transmitter in any desired manner is called preteamis while the relative attenuation of these
higher modulation frequencies at the demodulatpudun the receiver is called de-emphasis.

Figure 1.6ashows a typical pre-emphasis circuitevRigure 1.6b shows the corresponding de-
emphasis circuit. The per-emphasis in USA FM braating and in the sound transmission
accompanying television has been standardized at Whereas several other services, such as
European and Australian broadcasting and TV sowatsinission, use pre-emphasis of &0
When using 7%us pre-emphasis at transmitter, correspondings/8e-emphasis must be used at
the receiver. This is necessary in order that étetive amplitudes of the modulation frequency
terms unaltered. Figurel.6ashows a C-R circuitimietconstantRC =50 us used for de-
emphasis. These values of L,R and C may be alterefitain pre-emphasis and de-emphasis of
75 us. A 50 us pre-emphasis corresponds to a frequency respwhi$ is 3 dB up at the
frequency whose time constant RC is /8 This frequency is given bf = R/2rL and is,
therefore 3180Hz.
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Figurel.6. 50us pre-emphasis and de-emphasistsircui

Figure 1.7 shows this pre-emphasis curve foruySOA 50 us de-emphasis corresponds to

frequency response which is 3 dB down at the saeguéncy 3180 H{3180 HZ_anRc)'

Figure 1.7shows this de-emphasis curve also forb 2120 Hz. We shall discuss the role of
pre-emphasis below.

Figure 1.7. 5Qis pre-emphasis and de-emphasis curves.
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Assuming there are two modulating signals havirgggame initial amplitude. Let one of these
(at higher frequency) be pre-emphasized to sayettyie amplitude whereas the order (at lower
frequency) be left unaffected. Then the receivdl maturally de-emphasize the first signal by

factor2 in order to ensure that both the signalehtae same amplitude in the output of the
receiver.

However, before demodulation, i.e. while susceetilol interference by noise the emphasized
signals has twice the deviation it would have haithaut pre-emphasis and is, therefore, more
immune to noise.Emphasis gives an improvement otig8.5 dB in signal-to-noise ratio and

relatively greater improvement with 75 emphasis.

It is important that care be taken such that thghdy modulating frequencies are not over
emphasized, or else over-modulation may take plattefrequency deviation exceeding 75 kHz
resulting in distortion. In practice, the order mk-emphasis used is a compromise between
protection for high modulating frequencies on oa@dand the risk of over modulation on the
great as in FM, since the modulating frequencied\ihare not unequally affected by noise.

3.10. Alternative Sources of Interference

Apart from noise, other forms interference are fbun radio receivers such as (i) image
frequency, (ii) transmitters operating on an adjahannel and (iii) transmitters operating on
the same channel. The first of the above mentiamtedference is discussed later. The other two
types are discussed here.

3.10.1. Adjacent Channel Interference

FM provides not only improvement in the S/N ratiat lalso greater discrimination against all
other interfering signals, no matter what theirrseu We have already seen in the preceding
section that FM with maximum deviation of 75 kHzda®0 us pre-emphasis provides noise
rejection of at least 23 dB better than AM. Accagly if an AM receiver needs S/N ration of
only 37 (=60 -23) dB. This result irrespective diether the interfering signal is due to noise or
adjacent channel signal. The mechanism of FM limitereducing interference is exactly the
same whether it is noise or adjacent channel signal

Further each FM broadcast channel occupies 200 ®Hrof this, only 180 kHz is actually used
while the remaining 20 kHz constitute the guard damhich reduces adjacent channel
interference further.

3.10.2. Co- channel Interference

The amplitude limiter used in FM receiver passesdtionger signal but eliminates the weaker
one. It is for this reason, as mentioned earll®t hoise reduction is obtained in FM provided
that the signal is at least twice the noise peahliamde. For the same reason, a relatively weaker
interfering signal from any other transmitter opigrg.on the same frequency as the desired one,
will be attenuated. Thus co-channel interferencigpressed in FM.

The possibility of co-channel interference arisepiiactice when a mobile receiver travels from
one transmitter towards another operating on timeestequency. Interesting phenomenon of
capture takes place. Thus in FM, as the mobileivecanoves from one transmitter to the
second, the second transmitter is virtually inaleddausing practically no interference so long as
the signal voltage from the second transmittereiss Ithan about half of that from the first.
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Beyond this point, the second transmitter becomei$e gqaudible in the background and

eventually predominates thereby excluding the firabsmitter. Thus, the mobile receiver gets
captured the second transmitter. When the recewverthe transition region, i.e. roughly in the

center zone and fading takes place, then signal® fthe two transmitters are alternately
stronger. Thus the receiver is captured alterndiglpne transmitter and then the other. This
switching from one transmitter to the other is marstoying and does not happen in AM system.
In AM receiver, capture effect is not obtainablethis case, as the mobile receiver travels from
one transmitter to the second, the nearer traremmibuld always predominate while the other
one would be heard as quite significant interfeee@though it may be very distant.

3.11.Wideband FM and Narrowband FM

Wideband FM is one in which the modulation indexmally exceeds unity. This is the one
which has so far been discussed. In wideband basadéVl the modulating frequencies extend
from 30 Hz to 15 kHz while the maximum permissid&viation is 75 kHz. Hence the maximum
modulation index ranges from 5 t02500. In narroveb&M, the modulation index is usually
about unity since the maximum modulating frequemysually 3 kHz and the maximum
deviation is usually 5 kHz.

The bandwidth used in any FM system depends orappécation. Large frequency deviation
and consequent large bandwidth has the advantagendiise is better suppressed. Care must;
however, be taken to ensure that impulse noisespgaknot become excessive. Wideband FM
system however, need large bandwidth, typicallytitdes that of narrow bandwidth system.
From these considerations, the wideband FM systemused in entertainment broadcasting
whereas narrowband FM systems are used for comatiomns.

Thus, narrowband FM is used by the mobile commuioica services such as police wireless,
ambulances, taxicabs, short range VHF ship-to-skotgces and defenses. In all such cases,
higher audio frequencies are attenuated as inabe of long distance telephone services but the
resulting truncated speech is still perfectly claad intelligible. The maximum deviation
permitted in such services ranges from 5 to 10 kiNarrowband systems with even lower
deviations are sometimes used. Pre-emphasis aathgkasis are used in such narrow band FM
system also, as in other FM systems.

3.12. Stereophonic FM Multiplex Systems

In stereo FM system, enough information is senth® receiver to enable it to reproduce the
original stereo material. Such a stereo FM systamecinto commercial usage in 1961, several
years after commercial monaural FM system. Thieest€M system had to be made compatible
with the existing monaural FM system. This resultedan unduly complicated stereo FM
system. Had we switched to FM stereo system stiaah the system would have been
considerably simpler. The situation is similar iattexisting for TV system in which colour TV
came later than the monochrome TV. Thus, from tresicleration of compatibility with the
existing commercial monaural FM system, it is nosgible in stereo FM to use a two channel
system with a left channel and a right channelstmaitted simultaneously and independently.

Figure 1.8 gives the block diagram of the stereoritiplex generator with optional subsidiary

communication Authorization (SCA), and follows te&andards laid down by FCC in 1961.
Hence the two channel outputs L and R are fedrtmatix which produces sum (L+R) and the
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difference (L-R) signals. The sum signals (L+R)frefjuency 50 Hz. To 15 kHz modulates the
carrier in the same way as the signal in a mondtaakmission. The sum signal is received by
the monaural FM receiver tuned to the stereo trassam and reproduced at its output as if it
were the complete signal sent.

The different signal (L-R) after demodulation iistareo receiver and on being added to the sum
signal (L + R) produces the left channel signal levlithe difference the sum (L +R) and the
difference (L — R) signals produces the right cledlnWe here study as to how the difference
signal is impressed on the carrier.

Both the sum (L + R) and the difference (L — Rnsigoccupy the same frequency range of 50
Hz to 15 kHz. If impressed together on modulatbese two signals, being in the same
frequency range will get mixed up. To avoid thise difference signal is shifted in frequency
from 50 -15000 Hz to a higher value. Such a stagloh signals in different parts of the
frequency spectrum is referred to as frequencyipieking and hence the name of this system.
The difference signal amplitude modulates a suberaat 38 kHz in a suppressed carrier
balanced modulator. At the output of the balancextiutator, the subcarrier gets suppressed
while the two sidebands alone are obtained extgna 15 kHz on either side of the sub-carrier
of 38 kHz and thereby occupy frequency range extenfilom 23 kHz to 53 kHz. The sideband
is added to the sum signal (L + R) occupying fremyerange 50-15000 Hz and a 19 kHz sub-
carrier signal. This combined signal then frequemeydulates the carrier. No interference
between the sum and the difference channel signaldccurs since they are stacked at different
frequency slots. This frequency modulated carrgerthen transmitted and receiver in the
corresponding stereo FM receiver. In the monaueaeiver, the audio frequency band
corresponding to this difference channel (23-53)kid4iltered out and discarded. In a stereo FM
receiver, on the other hand, the wanted differesigaal is extracted. To facilitate the tricky
extraction of difference signal and the demodutapoocess, a sub-carrier of 15 kHz (half the
suppressed sub-carrier frequency) is used for daelatdn. The sum and difference signals are
then added in one combining network and subtraicteshother combining network to yield the
left and the right channels. These two separate$ahsignals are amplified in separate chains
of audio amplifier and reproduced as the two chEnoithe system.
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Left
Channel SUM(L+R) 50 Hz~-15kHz

o DIFFERENCE
Right {L -R)
Channel

Figure 1.8. Stereo FM multiplex generator.

We can see that the Stereo FM multiplexing used défers from conventional multiplexing in
the fact that here the lowest audio frequency isH¥0 compared with 300 Hz normally
encountered in communication voice channel mukiplg. This low minimum frequency of 50
Hz makes it difficult to suppress the unwanted Isaael without affecting the wanted one. The
second problem which arises is that it is diffictdt extract the pilot carrier in the receiver.
However it is imperative to use some form of cart® ensure that the receiver has a stable
reference frequency for demodulation failing whatstortion of the difference signal occurs.

The 38 kHz sub-carrier is generated from 19 kHazllasar for a specific reason. It avoids the
difficulty of having to extract the pilot carrieroim among the close sideband frequencies in the
receiver.

As shown in Figure 1.8, the output of 19 kHz sulrtea generator is added to the sum and the
difference signals in the output adder precedirggftaquency modulator. This frequency of 19
kHz neatly fits into the space between the tophef sum signal and bottom of the difference
signal and is at the same time far away from edcthem. Hence, there is no difficulty in
extracting it in receiver and also in suppressimg tinwanted sideband without affecting the
wanted one. Thus both the problems mentioned ahmvevercome through use of 19 kHz sub-
carrier.

In the receiver, the 19 kHz signal is doubled egfrency and is then reinserted as the carrier for
the difference signal. This 38 kHz sub-carrieramserted at 10% level which level is adequate

but at the same time not so large as to draw updwer from the sum and difference signals or

to cause over modulation.
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In the system described above, a subsidiary conwation Authorization (SCA) signal may also
be transmitted shown by dashed line in Figurellts BCA may then provide a second medium
guality transmission used as background music statgants, stores etc. The SCA transmission
uses a sub-carrier of 67 kHz frequency modulated depth of+7.5 kHz by the audio signal
resulting in frequency band extending from 59.57#b5 kHz which fits in the frequency
spectrum sufficiently above the difference sigrabs not to interfere with it. Figure 1.9 shows
the overall frequency allocation within the modurgt signal of an FM stereo multiple
transmissions with SCA. However, care has beemtéiké&eep the amplitude of the sum and the
difference signals about 10% in the presence of &g which over modulation of the main
carrier may result. Figure 1.9 shows the spectristeseo FM multiplex modulating signal with
optional SCA.

oo Frequency
- (kH2)

4.0. Conclusion
In this unit, we have understood the meaning ofjke@cy Modulation, FM Wave Concepts, and

Waveform of Frequency Modulated Voltage while shayihe mathematical expression for
Frequency Modulated Voltage. Issues such as frexyu8pectrum of the FM wave, FM Bessel
Functions Analysis as well as FM Bandwidth/Spectregquirement were highlighted. Also, we
looked at phase modulation and its Expression®lfase Modulated Voltage. Comparison with
respect to the expressions for phase and frequandylated Voltages were discussed. We also,
highlighted the comparison of Frequency and Amgatiodulation. Other areas such as Noise
and Frequency Modulation, the effect of noise amiea Pre-emphasis and De-emphasis circuits
and interferences issues were analysis. We loak&dideband and Narrowband FM and ended
the unit with the Stereophonic FM Multiplex Systems
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5.0 Summary

This Section has discussed Modulation as the psobgswhich some characteristic, usually
amplitude, frequency or phase angle of a voltagdle@ the carrier voltage) is varied in
accordance with the instantaneous value of somer atbltage, called modulating signal. We
established that In amplitude modulation, the atagé of the carrier varies in accordance with
the instantaneous value of the modulating voltages following were established from the

study,
>

>
>
>
>

Modulating voltage Uy = Vi COS Wt
Carrier voltage v, = V. cosw,t
Modulated carrier voltage v = V,[1 + m, €OS w,,t] cOs w .t
L KqV, v —Vemi
Modulation index m, = ——*% =
) ) Ve Vemax t Vemin
Sidebands produced in AM

v=V.cosw. + %VC cos(w, + wp) t + %VC cos (we — Wpyt)

Power Relations in AMP; = P_gyrrier + Prsg + Pysp
2 2
Po=P. +"2P + 2P, = P [1+>m}]

4
2
I, =1, /1+%

Current in Amplitude Modulation

Other important points highlighted from the studglude:

>

Y

YV VYV

Y

YV VY

Modulation Index- This is the fraction by which theplitude of the carrier changes an
amplitude modulation.

Frequency Modulation- Frequency modulation involwesying the frequency of the
carrier voltage in accordance with the instantase@lue of the modulating voltage.
Modulating voltagev,, = V,, cos w,,¢

Carrier voltagez, = V. sin (w.t + 0)

Modulated carrier voltager = V, sin (w ¢ + m;Sin w )

Deviation Ratiod. It is the ratio of the frequency deviation to mtation frequency and

forms the modulation index; for frequency modulation.
KfVm

6 =mp = o
Sideband Term in Frequency Modulation - When aiearvoltage is frequency
modulated by a single sinusoidal voltagg there are produced numerous sideband
terms at interval of modulation frequermngy.

Significant Sidebands- In frequency modulation gigant sideband are those which
have amplitude at least equal to one per centeofittimodulated carrier amplitude.

Phase modulations - Phase modulation consistsryingathe phase angle of the carrier
voltage in accordance with the instantaneous vafltlee modulating voltage.

Modulating voltage is given by the equatimp = V,, sin w,,,¢

Carrier voltage is given by the equation= V, sin (w.t + )

Phase modulated carrier voltage is given by thagouw = V. sin (w.t + ¢y, Sin w,,t)
Modulation index is given bg,, = m,, = k,V;,
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Also,
>
i
ii.

iii.
iv.

V.

Vi.

we saw the merits and demerits of FM as sunzied below.
Merits of FM.
The amplitude of the frequency modulated wave ramanaffected.
In FM there is a large decrease in noise and hieccease in S/N ratio.
In FM, noise may be further reduced by increasiegation.
In FM, frequency allocation allows for a guard bamdis reduces adjacent channel
interference.
In the UHF bands where Fm operates, there is la@ise than in the HF or MF bands.
FM permits use of several independent transmittersthe same frequency with
negligible interference.
Disadvantages of FM
A much wider channel, typically 200 kHz, is needed.
Transmitting and receiving equipments are compflek@ostly.
Reception using conventional methods is limitetin®e of sight.
Pre-emphasis in FM.In FM transmitter the higher modulation frequescae boosted
up before FM modulation using typically a® L-R network.
De-emphasis When pre-emphasis is used in FM receiver at theut of detector, higher
modulation frequencies are relatively attenuatedriag them back to their original
relative values. Use of pre-emphasis and de-emphasult in improved S/N ratio for
higher modulation frequencies.
Adjacent Channel Interference in FM. In FM system, use of limiter results in
automatic reduction in adjacent channel interfeeerfdjacent channel interference in
FM is also reduced by the guard band provided inlffdhdcast channel allocation.
Co-channel interference in FM.Use of amplitude limiter in FM results in interdéeice
reduction provided that desired signal channeé&sonably stronger than the undesired
co-channel signal.
Wideband FM. It is used for broadcast. Typically the modulatingquencies extent
from 30 Hz 15 kHz. Modulation index exceeds uniflaximum permissible deviation is
=75 kHz.
Narrowband FM- We established that in narrowband FM:
Modulation index is usually about unity
The maximum modulating frequency is usually 3 kidd a
Maximum frequency deviation is usually = 5 kHzisltused by mobile communication
services.
» Stereophonic FM Multiplex System-This simply means that itdoes not use two
separate channels, rather the sum of the two clansesent as one signal and the
difference as the other signal. The sum signal ratelsi the FM carrier and is received by
monaural receiver and reproduced at output. THerdiice signal amplitude modulates a
sub-carrier at 38 kHz. Which sub-carrier is theppassed? The sidebands extending from
23 to 53 kHz then frequency modulates the cart@rgwith the sum signal.
1.0 Tutor-Marked Assignment (TMA)
Explain the concept of significant sidebands imfrency modulation.
Show the expression for the sinusoidal carrieragdtwhich has been phase modulated
by another sinusoidal modulating voltage.
Prove that the significant sidebands converge hapidspite the increase of modulation
frequency in FM but not so in phase modulation.

. Discuss the principle merits and limitations of FM?
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Explain the effect of noise on carrier in FM system

Why is it necessary to employ pre-emphasis andngghasis in FM system?

Draw typical pre-emphasis and de-emphasis circuits.

Explain how co-channel interference gets reduceldNh Also, explain how co-channel
interference gets reduced in FM system providedttteadesired signal is stronger than
the co-channel interfering signal.

9. Enumerate the salient features of wideband FM Byste

10. Outline the typical applications of narrowband Bistem.

11.With a well labeled block diagram, explain the piple of stereophonic FM multiplex
system.

®~N oo
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UNIT 2 FREQUENCY MODULATION TRANSMITTERS
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3.11. Need for Frequency Mixing
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3.14. Pre-Emphasis and De-Emphasis

3.15. Armstrong F.M. Transmitter
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5.0 Summary

6.0 Tutor-Marked Assignment (TMA)

7.0 References/Further Readings

1.0 INTRODUCTION

We shall start this section by saying that in etadts telecommunication, a typical transmitter/
or radio transmitteris an electronic systemwhictodpces radio wave propagation with
an antenna. The transmitter itself generates a réigquency alternating current, which is
applied to the antenna. When excited by this adamg current the antenna radiates radio
waves.Transmitters are necessary component pad#l efectronic devices that communicate
by radio, such as radio and television broadcastiagjons, cell phones, walkie-talkies, wireless
computer networks, Bluetooth enabled devices, gadagpr openers, two-way radios in aircraft,
ships, spacecraft, radar sets and navigational obsaclt is very pertinent to note that
term transmitter is limited to equipment that getes radio waves for communication purposes;
or radiolocation, such as radar and navigationahgmitters. Generators of radio waves for
heating or industrial purposes, such as microwaem®or diathermy equipment, are not usually
called transmitters even though they often havelainircuits.The term is popularly used more
specifically to refer to a broadcast transmittetramsmitter used in broadcasting, as in FM radio
transmitteror television transmitter. This usagpidglly includes the transmitter proper, the
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antenna, and often the building it is housed in.Anrelated use of the term is in
industrial process control, where a '"transmittes' & telemetry device which converts
measurements from a sensor into a signal, and sgndsially via wires, to be received by some
display or control device located a distance away.

In the previous unit, we established that the Feeqy modulation (FM) has numerous
advantages over AM such as better fidelity and en@ismunity. However, it is much more

complex to both modulate and demodulate a carrevewwith FM, and AM predates it by

several decades. The primary function of a frequemodulation generator is to produce a
carrier with variable output frequency, the frequervariation being proportional to the

instantaneous value of the modulating voltage. dther requirements are: (i) the unmodulated
carrier frequency should not get altered with thsertion modulation system and (ii) the
frequency deviation should be independent of mdahnafrequency. In case the modulation
system does not meet these requirements, correstimuld be introduced during the modulation
forces. This unit shall look at the methods efjirency modulation for FM transmitters.

3.00bjectives

After going through this unit, you should be alde t

understand the concept of frequency modulation

distinguish direct from indirect modulation techurs

relate modulation index with mathematical exprassio

explain frequency stabilization in FM.

explain frequency drift in reactance modulator FMASmitter
analyze the need for frequency mixing

explain Armstrong method of frequency modulation

explain the role of pre-emphasis and de-emphagtd/fifbroadcasting.

A AN N N N N NN

3.0 Main Content

3.1. Methods of Frequency Modulation

In general, there are two major methods of prodydnequency modulation. These may be
classified under two broad categories highlightedieectmethods and indirect methods

Now, you may ask Why the direct methods?

Well, In a direct FM system the instantaneous ferqy is directly varied with the information
signal. To vary the frequency of the carrier iuge an Oscillator whose resonant frequency is
determined by components that can be varied. To#ater frequency is thus changed by the
modulating signal amplitude. Direct method of prodg FM essentially utilizes an electron
device such as an electron tube, Field Effect Tistmrs Bipolar Junction Transistor or varactor
diode which offers a voltage variable reactancieeicapacitive or inductive. Such a device is
placed directly in shunt with the L-C tuned circudf an oscillator which synchronizes
frequencies. The oscillator frequency then variesaccordance with the modulating voltage
applied to the device resulting in frequency motioifa

By proper adjustment of circuit parameters and aijpgy conditions, an almost linear relation
may be obtained between the frequency deviatiortladhstantaneous modulating voltage.
There are five direct methods of producing freqyemodulation. These include the following
types:

i. Freguency modulation using reactance tube ,H-M-

il . Frequency modulation using reactance Fiel@&ff ransistor FM-RFET
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iii. Frequency modulation using reactance Bipolarclion Transistor, FM-RBJT
iv. Frequency modulation using varactor diode VD-VM

In FM, the various types of indirect method con§istPre-distorting the modulation voltage in
an integrator to make its amplitude vary inverseiyh its frequency and (ii) making this
modified modulating voltage to phase modulatesdheier. This method of modulation was
suggested by Armstrong and hence is referred tdhasArmstrong method of frequency
modulation. We shall now discuss the various dineethods of producing frequency modulation
below.

3.1.1. FM Reactance Tube Modulation

A reactance modulator changes the frequency ofahle circuit of the oscillator by changing
its reactance. This is accomplished by a combinatiba resistor, a condenser, and a vacuum
tube (the modulator) connected across the tankitiof oscillator and so adjusted as to act as a
variable inductance or capacitance. This is a aksmethod of producing frequency
modulation in electronic communication systemsoPto the advent of semiconductor devices,
this method was most popularly used. However, toildyas been largely replaced by the
varactor diode method. This method makes use ehatance tube, i.e. an electron tube which
offers between its plate and cathode terminalseactance varying in accordance with the
modulating voltage applied between its control gmdl cathode. This reactance tube is placed in
shunt with the tuned circuit of an oscillator. Thscillator frequency then varies in accordance
with the modulating voltage resulting in frequemgdulation. By proper adjustment of circuit
parameters and operating conditions, an almosaidimelation may be obtained between the
frequency deviation and the instantaneous modglatmitage.

The reactance tube may be either a capacitive aieeettube or an inductive reactance tube
depending upon whether it offers a capacitive eram or an inductive reactance across its
plate-to-cathode circuit. Further, this reactivieewperation may be achieved by use of either an
R-C network or an R-L networks. However R -C netwvisr preferred. In context, we consider
only the reactance tubes, using R-C network.

3.1.2. Capacitive Reactance Tube

Now, the reactance tube is nothing but a pentodeguan RC phase splitting network so
arranged that when an A.C voltage is applied betvpdate and cathode, the resulting A.C. plate
current is in phase quadrature with this applie€.Avoltage. Thus, the tube behaves as a
reactance to the A.C. Voltage applied betweenl#teand cathode. If the plate current leads the
applied A.C voltage applied by 90° then the reamatube behaves as a capacitance. On the
other hand, if the plate current lags behind thglia@ A.C voltage by 90°, then the reactance
tube behaves as an inductor.

Figure 2.1a gives the basic circuit-of a capacitiwactance tube while Figure 2.1b gives it's

A.C. equivalent circuit.In Figure 2.1a, if Rfég then currentl/, flowing through R and C

(assuming that grid draws no current) leads thdiepproltage by 90°. The grid-to-cathode
voltageVy,, being equal td. R, also leads the applied voltage by 90°. Plateeatil,, being in
phase withV,, also leads the applied voltage by 90°: The reaetdnbe thus behaves as a
capacitance.
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The value of effective capacitance Co offered gy bactance tube may be calculated. Thus in
the A.C. equivalent circuit of Figure 2.1b, let thébe offer an impedancg, to a voltageV,
applied between its plate the cathode, i.e., batweeninalst; andt,. Grid current is assumed to
be zero.

Let],be the current drawn by the reactance tube cificuit the applied voltage v

Let I, be current that flows through the capacitor C.nhes given by,

I — VO — VO

¢ R+— R
Jwc

WhereX . is the reactance of capaciorand equalsl/jwC.

(2.1)

(a) Basic circuit arrangement. (b) A.C. equivaldrcuit.
Figure2.1. Basic arrangement and A.C equivalestiiof a capacitive reactance tube.

Grid-to-cathode voItagEgk is given by.

Vo = R.1. = RR o (2.2)
The A.C current,, is given by
_ Vot 1V g
I, = —rp or (2.3)
I, = ;+ ; RR T (2.4)
Hencel, = I, + I, = 2 + g, R—2o— + Lo (2.5)
c = e = T Im e i, T R, '

Hence output terminal admittance is given by,
Yoozl e or (2.6)

Vsubo 1, R—-jXc R —jXe )
Yo=—+— (2.7)

" k= ] o€ (ym ngwC
Equ. (2.7) suggests that so far as the output teinimpedance concerned the capacitive
reactance tube of Figure2.7.

If, however, both n,and (R—jX.) are large compared with the impedance

(i — ] — C) then these may be neglected.
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Further, if~» 1, i.e.—— » i, theril/g may be neglected as compared with reactance
wCR ImRwC 9m m

1/ . Hence the output terminal impedanggf this reactance tubes becomes simply
ImwCR

]/ . This is then purely capacitive and is caused bgapacitancg,,CR. Thus the
ImwCR

reactance tube itself behaves as a capacitangg, GR. Figure 2.2 shows the A.C. equivalent
circuit of capacitive reactance tube of Figure. 2.1

Figure2.2. A.C. equivalent circuit of capacitivacéance tube

3.1.3. Capacitance Reactance Tube Modulator

The schematic representation of the capacitivetasae tube is depicted in Figure2.1. This is
obtained by keepin@ andR constant and by varying the mutual conductaggen accordance
with the modulating voltage. In this case, the cétpace offered by the reactance tube may be
varied and hence frequency modulating may be pextluc

Figure2.3 shows the basic circuit arrangement ef ¢hpacitance reactance tube modulated

oscillator.The reactance tube is placed in shutit thie tuned circuit of the tuned plate oscillator.
The modulating voltagE,is applied at the control grid of reactance tube.
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Figure2.3. Basic circuit of capacitive reactandeetmodulated oscillator.

3.1.4. Expression for Modulation Index in Capacitie Reactance Tube Modulated
Oscillator

We shall now establish an approximate expressiordwiation ratio considering a capacitive
reactance tube modulator oscillator for FM beloww\ Figure 2.4 gives the curve showing the

variation ofg,, of the reactance tube with the grid potenkjal

Theg,,versus grid voltage curve of Figure2.4 is lineaemmost of the negative grid voltage
region. This linear portion may be extended orgutgd on both side to cut g andV.axes
at pointsG.,and/.,respectively as shown.
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Thery,,, for any grid voltagd’, is given by the relation,

GCO
Im = Evc + Geo (2.8)
But
Ve = Vee + Vi (2.9)
= V.. + V, coswpt (2.10)
Hence,

VCC GCO

Im = —G¢o v + Geo — v Vi CcOS wp, t (2.12)

co
Hence effective output capacitance is approximajiign by,

Ce = gm
CR = CRGgo |1 = 12 = " coswpt | (2.12)

co
Hence, resonant frequency of the tank circuit given
1

Jo = o rateort 213)

1
27 \/LoCo+LGo CR [1-Vio/Veo)—(Vin/Veo) €OS wit]

orf, = (2.14)
Let us assume that the frequency of oscillatiothéssame as the resonant frequency of the tank
circuit. Then frequendfjas given by Equ. (2.14) gives the frequency ofltzdicin.

Further the carrier frequendggmay be either the same frequencyfasor a multiple thereof,

depending upon whether a harmonic generator is osedt Let us' assume tifat= f, , then
with zero modulating voltage, the carrier frequerscgiven by,

1

Zﬂ\/LO[CO+GO CR (1—%)]

fo = (2.15)

The ratio of the modulated carrier frequerftty the unmodulated carrier frequenity
then given

fo _ VCo+Geo CR[1=(Vec / Veo)]

Te \/\/Co"'Gco CR[1-(Vee / Veo) =V / Veo) €OS Wit

(2.16)

1

1_GO CR(Vm / Vco) cos (A)mt
Co+Cco CR[1-(V¢o / Vo)l
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= L 2.17)

1 VYm COS wmt
(CoVco /Geo CRY+(Veo—Vec)

The expression on the right hand side of Equ. {2114y be expanded by the binomial theorem.
Further assuming the frequency change to be sordl, the first term in the expansion maybe
considered. Accordingly, Equ. (2.17) may be put as,

I _ _l[ Vi COS Wyt

i 1 2 L(CoVieo/Co CRY+ (Vo =Viee) (2.18)
1 Vin

or=f[1+ P T T e T COS Wyt (2.19)

f = fc [1 = mg cos wyt] (2.20)

Wheremfis the modulation index and is given by,

1 Vi,
m= + (Vco - Vcc)

" 2" (CoVeo / GeoCR)
3.1.5. Inductive Reactance Tube Modulator

The electron tube of Figure 2.1a may be made tr @fiductive reactance between its anode and
cathode, instead of a capacitive reactance by exuhg the positions ofRand C letting R »
1/00 C. It may be shown that the tube then behawesinductor of value of CR4,,. This
inductive reactance tube may then be connectedsthe tank circuit of an oscillator exactly in
the manner shown in Figure2.3. Then keeping C amdri®tant and on varying the modulating
voltage applied at the 'control grid of the reactanube,g,,, of the tube varies, effective
inductance CRg,,. or the tube varies and hence the frequency oflascn of the oscillator
varies. ~ results in the desired frequency modutatit may be proved that,, of the inductive

tube is given by

Im = Geo [1 - % — ™ cos wmt] (2.22)

co

Hence, effective inductance offered by the tulgven by,

CR CR
Ly=—=

N Im N Geol1=(Vee/ Veo)—(Vim / Veo) €OS wpt] (223)

Hence, it may be proved that the frequency of tadwh of modulation/is given by,
f = fo [1+mg cos wpt] (2.14)

Whergf is the unmodulated carrier frequency amgdis the modulation index and is given by,

Vin
' (Vcc CR / GcoLo)++(Vcc_Vco)

1
my = (2.25)
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Wherd_,is the inductance of the tank circuit coil with nudation.

3.1.6. Distortion in Reactance Tube Frequency Modators

Recall that in capacitive reactance tube modulatdfigure2.3, the inductandefor the tuned
circuit is kept constant while the total shunt cafance varies as equivalent capacitance offered
by the reactance tube varies. Now this equivalep&citance is proportional dg,, while the
variations ig,,, are proportional to variations in the modulatvmgtage. These relations are
only approximately true. Thug,, — v.curve of Figure2.4departs from linearity. Also the
relation C, = g,,CR is only approximately true. Hence, distortion &used in the modulated
voltage. However, these two causes do not introédcessive distortion.

The more serious cause of distortion in reactanbe modulators the fact that the resonant

frequency of the tuned circuit of modulated ostiltéis given by the relations 1/2/LCso that
even ifcapacitance change is proportional to mdohgavoltage, the resultant frequency change
is not strictly proportional to the change in matinlg voltage. In other words Equ. (2.18) is
only approximately true. The higher frequency terare usually quite significant. The
percentage bandwidth is given by the expressicovbel

Peak — to — peak frequency swing

Percentage bandwidth =
Centre frequency

Accordingly in applications like sub-carrier frequoy distortion where large percentage
bandwidths are involved, it is not possible to wsactance tube modulation to produce the
desired large percentage bandwidth directly becthese the distortion is very large. However,
reactance tube modulation may still be used toyredmall percentage bandwidth at first and
the consequent small percentage distortion. Sulesgigu frequency conversion may be used to
increase the percentage bandwidth. This methodmimtaacrease the percentage distortion.

3.2.FM Reactance FET

Figure2.5agives the basic circuit of a reactanele feffect Transistor (FET) while Figure 2.5b
gives it's A.C equivalent circuit. The circuit shown Figure. 2.5a is the basic circuit of a
reactance FET which may be connected across thkectait of the oscillator to be frequency
modulated. The FET may be made to behave as capeeibr as an inductance depending on
the nature of circuit elemens andZ,. The FET acts as a capacitancé,ifis a capacitor and
Z,is a resistor an®»X,.Furthermore, instead ofR-C network, we may use Retwork. Then
for obtaining capacitive reactance; i& a resistor and «Zis inductor and X » R while for
obtaining inductive reactance & a resistor and R »X Any one of these four combinations
may be used to obtain variable reactance.

Table 2.2shows the four different arrangementseaictance FET. It also gives (i) the pre-

requisites for FET to behave as almost pure reaetand (ii) the formulae for output reactance.
The basic prerequisite in each case is that thie dtarent must be much greater than the bias
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network current.Out of the four configurationsddtn Table 2.2, the first one using RC network
is most commonly used.

.(a) Basic circuit. (b) A.C. equivalent circuit
Figure 2.5. Basic circuit of a reactance FET at'&lA.C equivalent circuit.

Table 2.2. Four Different Arrangement of ReactdREd

Circuit Arrangemer | Z; Z; Condition z;» Z, Reactance Formt
R C Capacitive C R X>» R Ce=0gmRC
R CInductive R C R» X¢ L= E

* Om
R L Capacitiv: R L R» X_ c o= 9mlL

, =2

R

R L Inductive L R X» R L= L

© __gmR

With reference to the equivalent circuit in Figlté®b, let the FET offer an impedange to
voltage 4 applied between its drain and source i.e. betvieeninals t and t. Gate current is
assumed to be zero. Lethe the current drawn by the reactance FET fromapiied source
V,o.From Figure 2.5b for open circuit output,

_ "
I, = 747, (2.27)
Vo+ UV,
I, = s (2.28)
Td
_ Zy
I{gs =V, 7tz (2.29)
_ Y, VotiVys  V, Vo Z, _
Hence IO = 11 + 12 = 747, r = 742, + a + ngO .Zl+Zz = [/O =
[ 1 i gmzz]
Zl+ZZ rd Zl+ZZ
Hence,
I 1 1 1
YO=—°— +—-+—— (2.30)

Vo Z1+Z;  Rg  gm[(Z1/Z2)+1]
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Let,Zl = ng and Zz = ng

Then,Y, = —~— + = + ! (2.31)

ZgatZgs Ta  (1/9m)[Zga /Zgs)+1]

Equ. (2.31) forms the general equation valid fothed four configurations listed in Table 2.2.

3.3. Capacitive FET
In this case, it is assumed that the bias networtent/; as depicted in Figure 2.6is negligible
compared to the drain currelt Hence, the impedance of the bias network (R-Chooation)
must be large enough to be ignored. We furtherragghat dynamic drain resistanggis very
large and hence may be neglected in the shunhatesicircuit of Figure. 2.6. It represents the
circuit corresponding to Equ. (2.32).
Zga=— and Zy =R

1 1 1

jwC
Hence Yo = o @/jon T re T Wgm) Mt/ jacR)] (2.32)

R y 1Igm§

—cC ——amCR

Figure 2.6. Circuit equivalent to capacitance FET.

The equivalent circuit for FET then reduced f@,, in series with capacitangg,CR.

1 1 1 X
Th =—4 ——=—|1—-j= 2.33
USZO Im jwgmCR Im J R ( )
If X, > R,Equ. (2.33) reduces to the following form
Z, = —j gXCR (2.34)
m
Then the impedance offered by FET is the capaadigaetance of a capacitGr given by
Ce = gmCR (2.35)

From Equ. (2.35), some very useful inferences @adrwn:

I. The equivalent capacitan€gdepends on the device transconductapgend may be
varied

il. The C, may originally be adjusted to any suitable desivadlie by varying the
components R and C
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iii. The termg,,,CR has the dimensions of capacitance.

We have assumed thé>> R. If, however X. is not much greater than R, the gate voltagets no
longer exactly 9Bout of phase with the applied voltagg, Wor with the drain current.IHence
the input impedance is no longer purely reactive has a resistance componery,l/as seen
from Equ. (2.35). This component }/garies with the applied modulating voltage andespp
directly across the tank circuit of the master wragyits Q and hence varying the output voltage.
This results in a small amount of undesired amgditmodulation. This is true for all types of
reactance modulators. If amplitude modulation islasirably large, an amplitude limiter is
placed at the output of the modulated oscillator.

3.4. Capacitive RC Reactance FET Modulator

Another FM modulator is discussed here and it isvkm as the capacitive RC reactance FET.
This type comes in shunt with the tuned circuit teasscillator, in this case a Clapp oscillator.
Figure2.7 gives the basic circuit. The Clapp oatll is most popularly used. However, we may
use any other oscillator such as Hartley, Colpitttumed-drain oscillator. These oscillators
require two- tuned circuits such as tuned gateeuwirain oscillator.

Figure2.7. Capacitive RC reactance FET modulator.
Furthermore, each of such oscillator must be foldvby a buffer amplifier to avoid direct
loading of the master oscillator. The RF choke¢him drain circuits are used to isolate various
points of the circuit for alternating current whiggmultaneously providing A.C paths. The
modulating voltage is applied at the gate of th& Bl keeping it in series witR. By keepingC
andR constant and by varying thg,gn accordance with the modulating voltage, theiajent
capacitance goffered by the reactance FET may be varied andehrrquency modulation may
be produced.The analysis for deriving expressioriife modulation index in the capacitive RC
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reactance FET modulated oscillator is exactly thenes for capacitive RC reactance tube
modulated oscillator.

3.5. Reactance Modulator Using BJT
This is the type of modulator where a BJTis opefatetively in conjunction with R-C or phase
splitting circuit while making a zero inductive oapacitive reactance between its collector and
emitter terminals. In similarity with FET, a BJT ssed may be in any of the four circuit
configurations as shown in Table 2.2. Further i ¢thse of BJT also, the most popular circuit
arrangement is R-C capacitive.

In this arrangemer#,(orZ,.) is a capacitorC with Z, (between base and emitter) is an
inductor.Further at the operating frequex¢cy>> R, then collector and emitter terminals of the
BJT offers a capacitan€g The modulating voltag€,, is applied in with the resistdtof R —
Cphase splitting network. Then as the modulatindagd varies, th€,varies. Figure 2.8 gives
the basic circuit of capacitive RC reactance tstnsimodulator. The effective capacitanGe
offered by collector-to-emitter circuit of reactanBJT comes in shunt with the tuned circuit of
the master oscillator. Figure2.8 shows a Clappllatmi. This oscillator circuit is the one most
popularly used although other circuits such aslegrColpitt or tuned collector oscillator may
also be used.

Further, the oscillator must be followed by a buféanplifier in order to isolate it from the
loading effect of the fell stage. The RF chokeghim circuit are used to isolate various points of
the circuit for alternating current, simultaneougigviding a D.C . path.

igure2.8. Capacitive RC reactance BJT modulator.

3.6 Frequency Modulator using Varactor Diode

In this type of frequency modulator, Figure2.9 givee complete representation of the circuit
using varactor diode. It uses the junction capac#éaof a reverse biased varactor diode placed
across the tuned circuit of an oscillator. The regebias of the varactor diode varies in
accordance with the modulating voltage placed inesewith the bias. The capacitance,
therefore, varies causing the frequency of osmitato vary. This forms the simplest reactance
modulator circuit.
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However, it has the disadvantage that it uses atéwuinal device making its application to be
seemingly restricted. However, the circuit is freqgtly used for automatic frequency control and
for remote tuning.

R.F Choke

Ci_|

Varactor Diode

Modulation L L
frequency Voltage T I

| Oscillator Tun'ed
Circuit

Figure2.9. Frequency modulator using varactor diode

The entire voltage applied to the varactor diodgiven by,
v=Vgg+tv, (2.38)
Wherevgj is the reverse bias, amg, is the modulating voltage. The capacitance ofvdmactor

junction varies a&,/V,,, where k is a constant.The frequency of oscillatsotihen given by,
1

f= (2.39)

21 |L(C, +KvY/?)

Wherd. is the Inductance of the tuned circuit coil, &sdthe total shunt capacitance of the
capacitors in the tuned circuit, then for smalluesl of modulating voltag, the frequency
fvaries almost linearly with the modulating voltdge.

3.7. Simple FM Transmitter using Reactance Moduladr

Basically, Figure2.10gives the block diagram of impe 96 MHz PM Transmitter using
reactance modulator. In this transmitter the readatube (FET or transistor) frequency
modulates the master oscillator of carrier freqyesayy 4MHz, producing frequency deviation of
say 3.125 kHz. The master oscillator is followed @yuffer amplifier to avoid loading the
master oscillator. Buffer amplifier is followed laychain or frequency multipliers to raise the
carrier frequency to the required frequency level.

Since the frequency multiplier follow the modulatedster oscillator, the carrier frequency as
well as the frequency deviation get raised by #maesfactor say n. The FM transmitter showed
Figure2.10 uses three frequency doublers and @widncy tripler. Frequency multipliers are
followed by a chain of RF power amplifiers to ratbe carrier power to the desired level. The
final output is then fed to the transmitting antenn
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Frequency Modulated carrier f, = 4Mc/s

Modulating fy = 3.125Kc/s
Voltage | AF Voltage Pre-emphasis Reactance ) /
s Amplifier |~ circut | >  Tube | ™| Oscillator fc

(50Kc/s- 15Kcfs)

Buft Antenna
u _er .| Three Frequency _ Frequency RF Po_wer
Amplifier Doublers tripler T Amplifier
f;=26Mc/s
f ;= 75Kcls
fo=32Mcs f,=96Mc/s
fa = 25Kcls fy = 75Kcls

Figure 2.10 Simple FM transmitter using reactance modulator.

3.8. Frequency Drift in Reactance Modulator FM Trarsmitter

It is very important that we understand that theieafrequency of reactance modulator FM
transmitter may drift due to one of the follow cassiamely.

i. Variation in supply voltage.

il. Variation in temperature and humidity.

iii. Aging of electron device.

Essentially, in reactance transistor modulatohassupply voltage varies the electrode voltages
of reactance transistor and master oscillator isgorsvary resulting in corresponding change in
the carrier frequency. Such a frequency drift maydduced by use of stabilized power supply
and use of parallel reactance transistor modulator.

Changes in temperature and humidity result in ceangomponent values and hence change in
master oscillator frequency. This trouble may lthieed to a large extent by placing the relevant
components constant temperature chamber.Carrigudrey may also vary with the aging of
electron device.

3.9. Stabilized Reactance Modulator FM Transmitter

It is important you know that the use of (i) stad®tl power supply, (i) parallel reactance
transistor modulator and use of constant temperatbember no doubt provide high order of
frequency constancy but for best results more pesinethods of frequency stabilization are
needed. The CCIR regulatory requirements for FMathoast require that the carrier frequency
FM transmitter be maintained constant with + 2 ldfithe declared value.

In AM transmitter use of Crystal oscillator as neasbscillator avoids all these troubles.

However in FM transmitter, crystal controlled mastescillator cannot be used since the
reactance transistor is required to vary the masseillator frequency in accordance with the
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modulating Voltage. A crystal oscillator may, howevbe used to provide a standard reference
frequency with which either the carrier frequencyasub-harmonic of the carrier frequency may
be compared. The frequency difference then indic#te drift in carrier frequency and this
frequency is used to operate control circuits whwaebrk in such a way as to reduce this
deviation.

The following methods of frequency stabilizationkimg@ use of crystal oscillator are popularly
used:

i.  Frequency stabilization using Automatic krency Control (AFC method).

ii. Frequency stabilization using Balanced Phasetefer (also called the Federal
Telecommunications Laboratory method).

3.10. Reactance Modulator FM Transmitter using AFCFrequency Stabilization.

This is also method of Frequency stabilization l®ven inFigure2.11. It shows the basic
arrangement. Here, the master oscillator whichrdaetance modulator operates cannot be a
crystal controlled oscillator. But it may be madéhtive the stability of crystal oscillator through
use of an automatic frequency control (AFC) syst&ime crystal oscillator frequency differs
from the centre carrier frequency of the masteillasar by a fixed value say 500 kHz. Thus, in
the transmitter of Figure. 2.11, the master odotllaentre carrier frequency is 4MHz, while
crystal oscillator frequency is 3.5 MHz the diffece being 500 kHz. This difference frequency
(or Intermediate Frequency) is amplified in an ldfplifier and then fed to a discriminator
designed for operation at 500 kHz.

f. = 4MHz
Modulating fa=9.12Hz
Voltage
Reactance | yiater Oscillator (—w| Buffer Amplifier |-»  Limiter | Freauency | IRF Pover|
Modulator Multiplier Amplifer | gy output to
Antenna
D.C Control f,
Voltage
F./n=500KHz
Discriminator < |.F Amplifier ~«———————— Frequency Mixer
f. - fo = 500KHz
Crystal
Oscillator
fo = 3.5MHz

Figure2.11. Reactance modulator F.M. transmitterqu8FC frequency stabilization.

This discriminator gives at its autta D.C . voltage which is positive or negativeeding
upon whether actual input frequency is greateess than the prescribed frequency (500-kHz in
this case) and the magnitude of this D.C . voltdgpends upon the shiff of the incoming
frequency from the prescribed value.
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This output voltage of the discriminator is fedth® base of the reactance BJT in such polarity ttheat
resulting change in the oscillator frequency tetadsancel the frequency drift and thus provide
correct prescribed frequency voltage to the diso@or resulting in zero D.C control voltage at
its output any incidental frequency drift is thussiderably reduced.

Evidently, for frequency stabilization, a contradltage is essential and this control voltage
results only when the input centre frequency to diseriminator differs from the prescribed
value i.e. when a certain drift, how so small existhus, perfect frequency stability is not
possible. However, the residual frequency variatoowell within the permissible limits of + 2
kHz.

The main circuit of the reactance modulator FM draitter is conventional and consists of the
reactance modulator, modulated master oscillataffeb amplifier to isolate the master
oscillator, limiter to remove any amplitude vamats, frequency multipliers to raise the master
oscillator frequency to the desired high value leé tarrier and the RF amplifier to raise the
master oscillator, limiter to remove any amplitudgiations, frequency multipliers to raise the
master oscillator frequency to the desired highuealf the carrier and the RF amplifier to raise
the power level of the carrier voltage to the debivalue. The final frequency modulated voltage
may then be fed to the transmitting antenna.

In the circuit of Figure2.11, the D.C control \age is fed to the reactance modulator.
Alternatively, this D.C control voltage may be féal a varactor diode connected across the
oscillator tank and this varactor diode may therused exclusively for the AFC. In yet another
system, this D.C control voltage may be amplifreiaiD.C voltage amplifier and fed to a servo
motor which is connected to a trimmer capacitorthie oscillator circuit. The D.C control
voltage then moves the motor and alters the setfinige trimmer capacitor and hence alters the
oscillator frequency by such amount as to brirtg the correct value.

3.11. Need for Frequency Mixing

Often, most people want to know the reason for rbdiging or frequency mixing in a
communication system. Now, if we can stabilize fiegjuency of the master oscillator directly
without mixing it with the output of a crystal okator, the resulting stabilization circuit would
be much simpler. But, then the quality suffers.sTisibecause the stability of the entire circuit
depends basically on the stability of the discriaam. If the frequency of the discriminator
drifts, the resulting output frequency of the emtisystem also drifts equally. Since the
discriminator is essentially a passive network @asdrequency stability is higher than that of
master oscillator by a factor of typically 3:1. Aoperly designed L-C oscillator may have drift
within 5 parts in 10,000 i.e. about 2kHz at 4AMHzende direct stabilization without use of
crystal oscillator would result in drift within abb700 Hz at best in this case. On frequency
multiplication the resulting drift will increase #0 x 24 Hz = 16.8 kHz, a very high value.
Consider now the situation depicted in Figure 218ing a crystal oscillator. In this case, the
discriminator has centre frequency of only 500 khitead of 4 MHz i.e. reduced by a factor of
20. Hence in the case, the actual drift is aboettwrentieth of that in the direct stabilization. i.e
only about 35 Hz.
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3.12. Federal Telecommunication Laboratory Frequeng Stabilization Method

Figure2.12gives the block diagram of a reactancelutador FM transmitter using federal
telecommunication laboratory method of frequencgbtization. In this case, the crystal
oscillator operates at the master oscillator fragyeand some sub-harmonics (sdy 8f the
master oscillator and the crystal oscillator freggies are fed to a balanced phase detector which
compares the phases of the two voltages of alrhestsame frequency. The output D.C voltage
of this phase detector is proportional to the pldiffierence between the two oscillator outputs.
This D.C voltage of this phase detector is prapodl to the phase difference between the two
oscillator outputs. The D.C voltage is fed to tfase of the reactance modulator transistor and it
changes the master oscillator frequency in suctay @ to make it coincide with the crystal
oscillator frequency. This system also does notdyigerfect frequency stability since a
controlling voltage is essential. However, it mains the carrier central frequency constant well

within £ 1 kHz which is less than the permissibégiation of+2kHz

t. = 4MHz
Modulating A
Voltage Reactance , Frequency RF Power
I 9 Master Oscillator —p» Buffer Amplifier %  Limiter O T e
Modulator Multiplier Amplifer F.M output
to Antenna

1

Fe In = 500KHz

Frequency
Divider a (Say 8)

Balance Phase

Low pass Filter —«¢| Modulator

Frequency
ty/n = 500KHz Divider n (Say 8)

Crystal Oscillator
Fo=4MHz

Figure2.12.Reactance modulator FM transmitter usatteral Telecommunication Laboratory
method of frequency stabilization.

3.13. Armstrong Method of Frequency Modulation

The Armstrong method generates a double sidebgmtessed carrier signal, phase shifts this
signal, and then reinserts the carrier to produckegquency modulated signal.A balanced
modulator mixes the audio signal and the radio Uesgy carrier, but suppresses the carrier,
leaving only the sidebands. The output from theabetd modulator is a double sideband
suppressed carrier signal and it contains all tif@mation that the AM signal has, but without
the carrier. It is possible to generate an AM sidgma taking the output from the balanced
modulator and reinserting the carrier.In the Arnmstr method, the audio signal and the radio
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frequency carrier signal are applied to the baldno®dulator to generate a double sideband
suppressed carrier signal. The phase of this osigogl is then shifted 90 degrees with respect
to the original carrier. The balanced modulatopotutan either lead or lag the carrier's phase.
The double sideband signal and the original casigmal are then applied to the mixer, and the
original carrier 90 degrees out of phase is retedeiThe output from the mixer is a frequency
modulated signal.

This method of frequency modulations consists (@-gistorting the modulating voltage in an
integrator to make its amplitude vary inverselyhwits frequency and (ii) making this modified
modulating voltage to phase modulate the carribusT consider the expressions for frequency
modulated voltage and phase modulated voltage direkerived (Module 2, Unit 2) and

reproduced below

For frequency modulated voltage= V, sin [a)ct — ’Z)ﬁcoswmt] (2.40)
For phase modulated voltages= V.sin [wct + K,sinwp,t] (2.41)
Where unmodulated carrier voltage is given by,

v = I sinw.t (2.42)

and the modulating voltage is given b= 1, sinw,, t (2.43)

Obviously then frequency modulated voltage as gierequ. (2.40/7.40) may be obtained by
actually using phase modulation and pre- distortthg modulating voltage such that its
amplitude varies inversely with its carrier. Nowgrh Figure 2.14

Vo [Ra/j wC)/[Ratg] L
v - R,+[R,/j wC [R 1 ] = Ry, . (2.44)
i RitlRo/jwCl / [Rptog]  (14p+j w CR,y)

If R,>>R, then(1 +52) ~ 1.
2

Further if frequencw is high enoughp CR; > 1, Hence, the Equ. (2.44) may be written as

Vo 1
V,  wCR,

(2.45)

R

«—F0

—F
|
I
(@]

Figure2.13. Basic pre-distorted circuit
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This voltagel,, then phase modulates the carrier to produce fre;yueodulation. It is pertinent
to note that in Armstrong modulation method, phasedulation is produced by special
amplitude modulation method. The modulating voltageplitude modulates the carrier in a
balanced modulator to produce the two sidebandsealBoth these sidebands are shifted in
phase 900 and are added to the carrier. This resylure phase modulation of the carrier
provided that the resulting phase deviation adss than 0.5.

Typically, prior to some processes such as trarsamsover cable, or recording to phonograph
record or tape, the input frequency range mosteqitde to noise is boosted. This is referred to
as pre-emphasis i.e., the process the signal wilkrgo. Later, when the signal is received, or
retrieved from recording, the reverse transfornmat® applied (i.e., de-emphasis) so that the
output accurately reproduces the original input.y Anoise added by transmission or
record/playback, to the frequency range previobslysted, is now attenuated in the de-emphasis
stage. The high-frequency signal components are hasiged to produce a more
equal modulation index for the transmitted frequespectrum, and therefore a better signal-to-
noise ratio for the entire frequency range. Emghasicommonly used in FM broadcasting.
These are discussed below.

3.14. Pre-Emphasis and De-Emphasis

We have discussed these concepts previously; hoyweeeshall still revisit it here to refresh
previous understanding. In processing electrondicasignals, pre-emphasis refers to a system
process designed to increase (within a frequenog)bne magnitude of some (usually higher)
frequencies with respect to the magnitude of offusually lower) frequencies in order to
improve the overall signal-to-noise ratio by miramig the adverse effects of such phenomena
as attenuation distortion or saturation of recaydimedia in subsequent parts of the system. The
mirror operation is called de-emphasis, and thdesysas a whole is called emphasis.Pre-
emphasis is achieved with a pre-emphasis netwoihwis essentially a calibrated filter.
The frequency response is decided by special tiomstants. The frequency can be calculated
from that value.Pre-emphasis is commonly wused laTtéenmunications, digital
audio recording, record cutting, in FM broadcastimagsmissions, and in displaying
the spectrograms of speech signals.

Now, in the modulating voltage, high frequency comgnts have small amplitudes and hence
these components produce frequency deviation $artlean the maximum permitted value of 75
kHz. Consequently the signal strength at these hmgHulating frequencies is very low relative
to the transistor and circuit noises which are amifly distributed over the entire spectrum
occupied by the channel. To improve signal/noid® rat these high modulating frequencies,
pre-emphasis circuits are used to emphasize tlefléaguency components prior to modulation.
The F.M. receiver then has the corresponding dehasip to restore the relative amplitudes of

all modulating frequencies. The pre-emphasis digemerally follows the following relation:
oo = — (2.52)

h )’ J1+(f_1)2

f
The usual value of & is equal to 50 uS di = 3100 Hz. Ratié‘;ﬂis almost unity for frequency
1

greater than 31,000 Hz, is equal2lfor frequencyf= 3100 Hz and equal to 1/10 ffer 310 Hz.
Thus the high frequency terms are relatively emizids
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Figure2.16 shows a plot of ratio i1 + (f1/f)? for different values of and for values &f
equal to 1600 Hz and 3100 Hz corresponding to tiorestant of pre-emphasis 100 pus 75 and 50
US, respectively.

Figure 2.16. Response of pre-emphasis circuit.

This pre-emphasis circuit may use either RL or R€uat as shown in Figure 2.17.

s (b B pre-em
re-emphasis circuits. £

(a) RL pre-emphasis circuit. (b) RC pre-emphesuits.
Figure 2.17. RL and RC Pre-Emphasis circuits

In RL pre-emphasis circuit of Figure 2.17a, the ns$far ratio is given by
14 | wL 1 1 _1 R

V—O:Rj(f’ - =—f = _tan 1—L (2.53)

1 tjw 1+m 1+(R) W
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If reference frequency; = R/L then Equ.(2.53)becomes,

14 1

N~ _tan 12 (2.54)

Vl a)l 2 w
1+(53)

In the RC, pre-emphasis circuit of Figure2.17b,

Vo_ R 1 _ 1 1 1

Vi R+— 14— T AR (2.55)
e e i)

1
If reference w1 = E,then Equ. (2.55) becomes

Vo _ 1 1 —1®1
Vi T4 T w1)2 tan w
o e

(2.56)

Furthermore, de-emphasis in FM systems is the canmght of pre-emphasis in the anti-noise
system called emphasis. De-emphasis is a systecegraesigned to decrease, (within a band of
frequencies), the magnitude of some (usually highreguencies with respect to the magnitude
of other (usually lower) frequencies in order topnove the overall signal-to-noise ratio by
minimizing the adverse effects of such phenomenatesuation distortion or saturation of
recording media in subsequent parts of the system.

In summary,the following are valid for Pre-emphasig De-emphasis circuits viz:

1. At the transmitter the modulating signal is pagdhrough a simple network which amplifies
the high frequency component more the low-frequesmyiponent. The simplest form of such
circuit is a simple high pass filter.

2. The pre-emphasis circuit increases the enefglgeohigher content of the higher-frequency
signals so that will tend to become stronger than High frequency noise component. This
improves the signal-to-noise ratio.

3. To return the frequency response to its norreaéll a de-emphasis circuit is used at the
receiver. This is a simple low-pass filter

4. The de-emphasis circuit provides a normal fraqueesponse.

5. The combined effect of pre-emphasis and de-esipha to increase the high-frequency
components during the transmission so that thelybeistronger and not masked by noise.

3.15. Armstrong F.M. Transmitter

Figure 2.18a gives the block diagram of Armstronlg.Rransmitter. A crystal oscillator is used
to provide the stable carrier frequency. A portafnthe carrier voltage is fed to a suppressed
carrier balanced modulator to which is also fed gheeemphasized pre-distorted and amplified
modulating signal. The modulating voltage amplitigléhen proportional Wfny,, whereVy, is the
original modulating voltage amplitude anfg, is its frequency. The resulting sideband
components are shifted in phase by 90° and aredbebined with the amplified carrier voltage
in a combining amplifier, the output of which isetldesired frequency modulated voltage.
Relative amplitudes of the modulating voltage dmel ¢arrier voltage are so adjusted that the
maximum phase deviation is small. This is necesisaoyder to avoid excessive distortion. As a
result, the frequency deviatidpis small.
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In the transmitter of Figure 2.18,is 12.2 Hz at the output of the modulator. Th&gfrency
modulated voltage is fed to 6 frequency doublergdbcarrier frequency of 12.8 MHz ahd=
0.78 kHz. At this stage, the carrier frequencyufficgently high but the frequency deviation is
low only 0.78 kHz. To increase frequency deviatiorther, the frequency modulated voltage is
fed to a frequency changer which shifts the cafrequency down to a low value (993 kHz in
this case). However, the frequency deviation remaimaltered. Subsequently frequency
multipliers raise the carrier frequency to desvatble of 95.3 MHz and frequency deviation to
the standard value, of 75 kHz. After power ampdifion in a few stages raising the power level
to the desired value, the output is fed to thestmatiing antenna. Figure2.18(7.18b) shows the
block diagram of indirect method of generating devband FM signal.

Carrier Combining X Six Doublers Frequency | :"relt:_uel_ncy R.F power
Amplifier Amplifier | 2° Changer uzéz:;ers > Amplifier /
t : To
) | Crystal Antenna
200KC 90" Phase Shift | . Osciilator
* | 11.07Mc
Buffer Balance .
Amplifier Modulator |
A A |
Crystal _ . A
Oscillator Pre-Emphasis |
A :
Pre-Distorter |
A |
Audio :
Amplifer I
Modulating VoltageL :
| Frequency Multipliers Frequency Changers & Power Amplifier

< Basic Armstrong Modulator e >

>

Figure 2.18a. Block diagram of Armstrong FM Traneni

Information
Signal Narrow-band Frequency
—»—— Integrator —»— . e
Phase Modulator Multiplier FM Signal

Oscillator

Figure 2.18b. Block diagram of Armstrong FM Tranteri
4.0 Conclusion
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This unit has explained the concept of frequencydufation in a transmitter system while
distinguishing between the direct and indirect mation techniques. We have presented
mathematical expressions on modulation index ifrlsinsystem. Frequency stabilization in FM and
frequency Drift in Reactance Modulator FM Transanritire discussed. We have understood the need
for Frequency Mixing. Indirect methods such as Arorsg frequency modulation as well as the role
of pre-emphasis and de-emphasis in FM broadcaatagll discussed.

5.0 Summary

There are two major methods of FM Generation \he: direct and indirect methods. The two
types of direct methods include reactance modulatak varactor modulator while Armstrong
method is the major type of indirect modulator.

>

In Reactance Tube Modulation thismethod of frequency modulation makes use of
a reactance tube, i.e. an electron tube which offetween its plate and cathode
terminals, a reactance varying in accordance viighrhodulating voltage amplified
between its control grid and cathode. This reaeadunbe is placed in shunt with the
tuned circuit of an oscillator.

Capacitive Reactance TubeThe tube offers a capacitive reactance betwegsladte
and cathode terminals. This may be realized by rtope with a capacitor C
connected between anode and control grid and stoe® between control grid and
cathode. Further R<<@C. Then reactance tube behaves as a capacitancduef
ImCR.

Inductive Reactance Tube The tube offers a inductive reactance betweepléte
and cathode terminals. It may be realized by aquenwith a capacitor C connected
between control grid and cathode and a resistoetiRden plate control grid. Further
we make R<<X4C. Then reactance tube behaves as an inductotud GR/g,.
Reactance FET An FET may be made to offer between its drain and source
terminals, a capacitive or inductive reactance twhiaries in accordance with the
modulating voltage applied between its gate andcgo his reactancEET may be
connected in shunt with the tuned circuit of anilzdor resulting in frequency
modulation.

RC Capacitive Reactance FETThe FET offers a capacitive reactance between its
drain and source terminals if (i) a capacitor €aanected between its drain and the
gate (ii) a resistor R is connected between ite gatl source and (iii) X>R. Then
the capacitance offered equals=(3,.CR.

RL Capacitive Reactance FET An FET offers a capacitive reactance between its
drain and source terminals if (i) a capacitor Raanected between the drain and the
gate (ii) an inductor L is connected between it® gad source and (iii) R>3XThen

the capacitance offered equals=Cg.L/R.

RC Inductive Reactance FET An FET offers an inductive reactance between its
drain and source terminals if (i) a resistor Rasmected between drain and the gate
(i) a capacitor C is connected between gate andR»>X.. Then the inductance
offered equals L= RC/gp.

RL Inductive Reactance FET An FET offers an Inductive reactance between its
drain and source terminals if (i) an inductor lcasnected between its drain and gate
(i) a resistor R is connected between gate andceoand (iii) X>>R. Then the
inductance offered equals £ L/(gmR).
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» RC Capacitive Reactance FET Modulatorlt uses an RC capacitive reactance FET
placed across the tuned circuit of the oscillamrbe frequently modulated. The
modulating voltage is connected in series withrégstor R between gate and source.
The oscillators popularly used are Hartley, Cadpattd Clapp.

» Reactance BJT A BJT in similarly with FET offers a capacitiver enductive
reactance between collector and emitter terminglgléicing phase splitting network
Z1-Z, and keeping £2>Z,. Thus for RC capacitive reactance BJT, a capacitis
placed between collector and base and a resistey Raced between base and
emitter. Further we make-X>R.

» RC Reactance Modulator using BJT It uses and RC capacitive reactance BJT
placed across the tank circuit of the oscillatorb® frequently modulated. The
modulating voltage is connected in series withrésstor R between the base and the
emitter. The oscillator to be frequency modulatedypically a Hartley, Colpitts and
Clapp oscillator.

» Frequency Modulation using Varactor Diode Frequency modulation may be
achieved on using the variable junction capacitari@ereverse biased varactor diode
placed across the tuned circuit of an oscillator.

» FM Transmitter using Reactance Modulator. In this transmitter, the reactance
FET or BJT frequency modulates the master oscillator whidoliswed by a buffer
amplifier, frequency multipliers and RF amplifier.

» Frequency Drift in Reactance Modulator Transmitter. Frequency drift may result
due to (i) variations in supply voltage (ii) var@ts in temperature and humidity and
(iil) aging of electron device.

» Reactance Modulator FM Transmitter using AFC Frequency Stabilization. In
this method, frequency of master oscillator (sayH#yl is compared with the
frequency of crystal oscillator (say 3.5 MHz) irfraquency mixer to give standard
difference frequency of 500 kHz. This is amplifiadd fed to a discriminator. The
discriminator gives at its output a dc voltage whig positive or negative depending
upon whether actual input frequency is greateess lthan the prescribed frequency
and the magnitude of this D.C . voltage dependtherfrequency shifaf. This D.C
voltage from discriminator fed to the base of thaatance BJT is in such a polarity
that the resulting change in the oscillator frequyetends to cancel the frequency
drift.

» Armstrong Method of Frequency Modulation. This method of frequency
modulation consists in (i) pre-distorting the mairlg voltage in an integrator to
make its amplitude vary inversely with its frequgrand (ii) making this modified
modulating voltage to phase modulate the carrier.

» Pre-emphasis It consists in emphasizing, i.e. providing highgain, to high
frequency components in the modulation signal ptiormodulation. Typical pre-
emphasis circuit consists in using a series capaaitd shunt resistor. Typical time
constant is 50us.

6.0 Tutor-Marked Assignment (TMA)
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1. Discuss the various methods of Frequency madualaDraw the circuit of a capacitive
reactance tube modulator and derive expressiaméomodulation index

2. (a) Draw the circuit of an inductive reactamgke using R-C network and explain how the
tube behaves as a inductance? (b) What is thessipn for effective inductance offered by this
reactance tube ?

2. Derive expression for the modulation index afuative reactive tube modulator using R-C
phase-shifting network.

3. a)What are the reasons for distortion in reastdnbe modulator? What means are adopted to
keep this distortion low? (b) Draw the basic citooi a reactance FET and describes how it
behaves as a reactance. Derive expression foutpetoadmittance between drain and source.

4. a) Draw the circuit and explain the working dfequency modulator using a varactor diode.
Draw the circuit and explain the working of reactammodulator FM transmitter usingFC
frequency stabilization.

5. (a) Give the principle of Armstrong method &duency modulation. (b) What are the sources
of distortion in' this method and how can this alison be kept low.

6. (a) Define by pre-emphasis and why is it neag8s@) Draw an RC pre-emphasis circuit and
obtain expression for ratio of output voltage tpuhvoltage, (c) Draw the block diagram of
Armstrong FM transmitter and describe its working.
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4.0 Conclusion

5.0 Summary

6.0 Tutor-Marked Assignment (TMA)
7.0 References/Further Readings

1.0 INTRODUCTION

The recent activity in the development of ultrahfgdbgquency communication has created a
demand for transmitting tubes having carrier poaetputs of the order of 30 to 60 watts at
frequencies as high as 150 megacycles and in sostances as high as 250 megacycles. In
order to clarify the tube-design requirements ividl to enumerate the more common uses to
which tubes are applied in ultra-high-frequency ommication. These uses include police,
aviation, marine, television, amateur, and poirpont communication and employ continuous
wave transmission, amplitude modulation, or freqyemodulation. A survey of these uses
yields some interesting requirements which canibeled in two classes: (1) those imposed by
service conditions; and (2) those imposed by tleguency spectrum in which the tubes are
operated. Conventional tubes intended for operaditowery high frequency depart for shapes,
connections and electrode structures from thettoadil ones. Until World War 1l (WWII) the
research for vacuum tubes capable of operatingmgtmgh frequencies was essentially pushed
by communication markets. Military carefully watchat new high frequency tubes usable for
radio localization sets, still experimental in s@veountries and later known as radars. Anyway,
we must consider that with few exceptions before NyWwhe early advanced television
transmitters used frequencies just above the bifrshort waves. In 1939 B.B.C,an experimental
high-quality transmission at 45MHz commence whiléARoperated its vision antenna on the
Empire State Building at some 54MHz. This unit Malbk at the requirements of tubes suitable
for operation in a frequency spectrum. Also, oatilis are discussed also.

2.0 Objectives
After going through this unit, you should be alde t
v explain the meaning of Ultra high frequency (UHF)
v' Understand Ultra High Frequency Tubes
v' Explain Parasitic Oscillation and suppression
v" Understand Multicavity Magnetron and the varioysety
v' Distinguish between semiconductor and tube osoilat

3.0 Main Content
3.1. What is Ultra high frequency(UHF)?

One might ask, what is UHF? UHF is the ITU desigmafor radio frequencies in the range
between 300 megahertz (MHz) and 3gigahertz(GHs) &hown as the decimeter band as the
wavelengths range from one meter to one decimBiadio waves with frequencies above the
UHF band fall into the SHF (super-high frequency)nmicrowave frequency range. Lower
frequency signals fall into the VHF (very high ftempcy) or lower bands. UHF radio waves
propagate mainly by line of sight; they are blocksdhills and large buildings although the
transmission through building walls is strong ertougr indoor reception. They are used
for television broadcasting, cell phones, sateltitgnmunication including GPS, personal radio
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services including Wi-Fi and Bluetooth, walkie-tak, cordless phones, and numerous other
applications.

At low frequencyj. e up to about 300 KHz (for the purpose of analysis)electron tube may be
represented by a simple a.c. equivalent circuitusTran electron tube with sinusoidal input
voltage E;ymay be represented (i) by a voltage generator ehogrcuit voltageu Eg,and
internal series resistanggEither of these equivalent circuit serves to repmégruly the electron
tube and explain all the observe phenomena. Howasdhe input signal frequency increase to a
few Mega-Hartz, inter-electrode capacitance becomigmificant. Also the stray wiring
capacitances come in shunt with the inter-electrodgacitance. These capacitance are then
required to be included in the equivalent circ@presenting the electron tube at such high
frequencies. When the frequencies of electron ekcalgout 30MHZ, the following two
quantities assume significan@@ self and mutual inductance of electrode leads(éinelectron
transit time from cathode to mode. Consequentlyltaa-high frequencies, we have to take into
account the following three quantities in represanthe electron tube trulyi) inter-electrode
capacitancegji) lead inductance andii) electron transit time. We shall study the eletsen
with respect to ultra high frequency tubes below.

3.2.Ultra-High Frequency Responses

3.2.1. Lead Inductance and Internal Capacitances

Lead inductance as well as inter-electrodecapamtais referred to as the distributed
elements.But for the purpose of analysis, we masider these as lumped quantities.Figure3.1
shows a triode along with the three inter-electrodgacitancenamely, C,, andC,, and three
leadinductance namely,, L,, andL,. Thesecapacitance are small, being the ordengf 5 for
receiving tubes.

We first consider the effect of grid-to-plate cafpauceCy, alone on the input admittance of the
triode; subsequently we will consider the effectoathode lead inductandg, and grid-ti-
cathode capacitanag, on the admittance. Hence, the effect of Input d@idemce on the variable
of Figure 3.1 shall be discussed below.

Figure3.1. Triode along with lead inductances amedrielectrode capacitances

3.2.2. Grid-To-Plate Capacitance Vs Input Admittane
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When you look at Figure 3.1, out of six reactiveneénts, the one which is of significance even
at low frequencies is the grid-to-plate capacitafigg. The input admittance caused by its
presence is considered here.

The assumptions made @ieC,, is a lumped capacitance ar(d) lead inductance are
negligible.Figure3.4a) show the circuit of a triode amplifier after inslan of admittance’,,
of C,,, Figure3.Zb) show the A.C equivalent circuit.By application\diiman theorem between
pointsP andK, we get

_ EYgp—UE{E;Yp

E,
Yop+Ypt+ Y

(3.1)

Wherey, = — (3.2)
P

But, Millman's theoremor the parallel generataottem) is a method to simplify the solution of
a circuit. Specifically, Millman's theorem is usedcompute the voltage at the ends of a circuit
made up of only branches in parallel.

AISO, Ii = ng (El - EO)

Figure3.2. Triode amplifier including;,,

Substituting the value d, from Equ. (3.1) into Equ. (3.2), we get

Y nyY Y, +Y,+g

— gp + P | — 1’ p

Iy = Ygp |Ei — B 222 +Y] = Yy, E; [Y — +Y] (3.3)
gp pTi1 gpTipTt

Hence, input admittance is given by,

1 _ Yt+Yp+gm

3.4
E; 9P Y4y +Yy, (3.4)
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_ Vet Vot gm
=Jw Cgp Yot Yptj o Cypp (35)

From Equ. (3.5), we find out thaf, becomes infinite if (Y; + V,) = jw Cyp.
For values of; +Y,, near this value, the input conductance is lange @ositive depending
upon whether

(Y, +Ye) <Ygor(Y, +Y) > Yy,

Thus, we see that grid-to-plate capacitance magym® an input conductance which is relatively
large and either positive or negative. Oscillatiare likely to occur if the conductance is
negative. This depends upon the magnitude of aseacpositive conductance. This effect is
quite pronounced even at low frequencies. It wasphmary factors in the development of
screen grid greatly reduce the direct grid-plajgac#aance.

If Yy, is neglected in comparison wiflf, + Y;) Equ. (3.5) reduces to the following:

— Im | _ - UuR
Yi =jwCy, [1 + Yt+Yp] =j wCy, [1 — RPH";J (3.6)
Where R; =%
Or Yi=jwCyl[l—-A4] (3.7)

WhereA is the Voltage gain of the amplifier neglectifygy,.
To this input admittance, we may agid C,,, to get total input admittance due to b,
andCy,,.
ThusY; = jwCyi + wCyp (1 — A) (3.8)
This equation has already been derived earlier.

3.2.3. Cathode Lead Inductance and Grid-Capacitanc€ g, Vs Input Admittance

In modern tetrodes and pentodes with respect ® tiethnology, the input admittance du€jg

is negligible or small even at the highest freqyertowever, an input conductance which is
positive and large may result from the combinedoactf grid-cathode capacitaneg;, and
cathode lead inductancg, Figure3.3a) show the basic amplifier circuit including load
admittanceY;, admittanceY,, of C,;, and admittancel, of cathode and inductanck.
Figure3.3b) gives the incremental equivalent circuit.Tranisiet assumed to be negligible.
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(a) Basic circuit. (b) Incremental equivalent circuit
Figure3.3. Basic circuit and incremental equivaleintuit of vacuum tube amplifier having

includedC g andLy,

Application of Millman theorem between poinandE yields.

E1 Ygr+U EgYpe

(B = Egi) == (39)
1
Where,th = m
But, ng Egk = Ii (3.10)
On substituting value ofy, from Equ. (3.10) into Equ. (3.9), we get
I EiYgrtu thyl—ik
E,——= 9 (3.11)

ng th+Yk+ng

I; Ii
Or Ei [th + Yk + ng — ng] = a [th + Yk + ng] + ﬂypta

I; Y gk [YpetY
OrY,=-=L= gk[Ype+Yi (3.12)
E; [Yk+ng+(ﬂ+1)th

1 1
ButY,), = —— = —
Tp+Rt Tpt
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1
Also, (u+ 1)Y,, = ua = gm

. 1 1 . jw Ly

Jjw Cgk[rp +—ijk] Jjw Ck[1+ ™ ]
Hencel; = ——— - —

jolx +jwCgp+gm +Je W L Cgrtgm Jw L

. . 1
[1 - & Li Coi = jogmLi] [joCic — w?gm Ci 7
(1 — (,()ZLkCgk)z

Hence input conductance is given by,

1
(1—w2LkCgk)(—w2Lk Ckg$>+w2gmLkCgk

t (1+w? Lg Cg)?+w? g2, L2

1 1
szkCgk[—E+ w? Ly Cgk 5 +gm]

Giz

(- w? L Cp)?+w?gi Ly (3.13)

Even for the frequencies in ultra frequerrange w? Ly, Cy. 1« m — 1/1,) so that
T'p g p

numerator in Equ. (3.13) Simple reducesudL Cyk (gm — l/rp). Also the denominator in
Equ. (3.13) reduces to unity.

Hence,Gi = (,()ZLk Cgk (gm - Ti) (314)
14
In the case of pentodtrel- < gm SO that,
14
G; ~ W LiChrgm (3.15)

Equ.(3.15) show that input conductanégvaries directly as the square of theoperating

frequencyw. Hence, evenmoderate extension of the operatipgérecy may greatly increase
theinput conductance.

Figure3.4 givesthe greatly increase the inputcotathee (inu U) as caused by, and plotted
against frequency in MHz for a typical high freqogmpentode. Log scale is used for bGthand

the frequency range, the transit time effects agigible. The term input loading is often used
to indicate the input conductance since the coratheet from grid to cathode serves to load the
circuit which feed the grid.
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Figure 3.4. Input conductance Vs frequency curva typical High frequency pentode.

3.3. Tube Output Conductance

By analysis similar to that following for the inpadnductance, it may be shown that the output
conductance of triode and pentodes is increaseéadpeesence of lead inductance. However, this
effect is much less important that of input condace of often ignored.lIt is found that the multi-
grid tubes are, in general more subject to leaddtahce and inter-electrode capacitances that do
the triodes. The upper frequency for satisfactqgration of the multi-grid tubes is set by the
lead effect, whereas the upper limit for triodesasby the transit time.

3.4. Transit Time Effect in Diodes

Transit time in tubes of ordinary size and opemtt normal potentials is of the order of®10
second. This period is short compared with theogkeitime at lower frequencies and we may
consider that the electron reaches the plate imatedgliif it has been emitted from cathode. At
ultra-high frequencies however, transit time is panable with the periodic time. We therefore,
study the manner in which the transmit time effélaésoperation of an electron tube.

For the purpose of analyzing the effect of tratigie, let us that a plane parallel plate diode,
with a spacingl between electrodes small compared with the sizeeotlectrodes. The electric
field intensity between plates is the uniform. FgB.5 shows the arrangement whereby the
electric field intensity is given by

%4
E=~ N (3.16)

W e
Figure 3.5. Parallel plate diode.
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We assume that)(the initial velocity of emission is zero anid contact potential is zero.Then
the velocity of an electron on reaching the ansdgven by

v, = 2% (3.17)

=5.94 x 106\/V meters/sec (3.18)

WhereV is in volts.
Since the acceleration is constant, the averageigb is halfv,.

=—2_ second (3.19)

o d
Hence, transmit timg = 3= 29707
3.5. High Frequency Tube Current Flow

3.5.1. High Frequency Tube Condition of Current Flav

We must pay attention to appreciate the points.h&tdow frequencies, a large number of
electrons move from cathode to anode in extremeiglisinterval of time so that the charge
transferred equals the number of electrons thatenicmm cathode to anode multiplied by the
charge of an electron. Electric current is thenrti® of the charge transferred in time intetval
to this time intervat.

Now, at ultra-high frequencies, however, it is resagy to know over what interval of time does
the current flow associated with an individual &lee motion exists. This result may be
developed directly by an appropriate interpretatainMaxwell’'s equations. A development
based on the conservation of energy is given here.

With reference to Figure3.5 instantaneous poweplkeg by the external circuit equalsV,
wherei is the instantaneous current. A single electrorstgrg in the cathode anode space is
accelerated by the electric field and power suppbg the external circuit is converted into
kinetic energy by this process. The mechanical pasvgiven by the produdt, whereF is the
mechanical force acting amds the electron velocity.

But, forceF = qE

Hence,

V; = qEv (3.20)
P

==t (3.2)

Equ. (3.21) shows that a current that a curremtdlduring the entire interval when the electron
is in motion and that the current is proportiomealie instantaneous velocity of the electron.
Figure3.6 shows the current flow in the externeduwat for two different rates at which electrons
are freed from the cathode. In Figure3.6a, the €omnsrate is slow that one electron reaches that
plate before the next electron leaves the cathlodeigure3.6(b), the emission rate is such that
two electrons exist in the cathode-anode spaceydtime. The sharp corners in these waveforms
result in the shot noise.
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aﬁ Slow rate (b) Fast rate

Figure3.6. Variation of current with time in a deod

Although the above study is made for parallel platege configuration, the results apply for
cylindrical and other structure. In actual practioe any electron tube, a large number of
electrons are always present simultaneously andufrent never falls to zero. The net electronic
currents is then the sum of currents contributechbdividual electrons as given by qv /d.To
this current must be added the displacement curigm total current is then given by the
expression,

1=(pr+2)a (3.22)
Wherepv is the average of the product of charge densitiatocity in the space
dD/dt is the average displacement current density

D Is the average electric flux density
and A Is the area of the plates.

The above equation assumes the following:
i. Currenti is the same everywhere in the external circuit;

ii. The electric field is uniform throughout theage between the plates

3.5.2.Graphical Development of Current of Flow

We use Figure 3.7 to qualitatively study the tramdimme effects. In this case, a square wave
voltage is applied to a diode using parallel plptetes and the motion of individual electrons is
studied, i.e. effects of space charge are negladednow that under uniform acceleration the
distance travelled by a body is proportional to skj@are of the elapsed time. Accordingly the
distance curves of Figure 3.7 are parabolic.

Similarly, the kinetic energy of each electron iedtly proportional to the distance travelled. It
is readily seen that electrons which leave thecrihust before the reversal of voltage are not
able to reach the anode and return to the catitidee the accelerating force is equal is both
halves of the wave but opposite in directions,dis¢gance travelled by the electron at the time of
the reversal is exactly double before the electtons back towards the cathode. Hence, the
electrons which are already more than half wayhto glate at the time of the reversal of the
voltage reach the plate. The electrons which @® tlean half way to the anode are reversed and
returned to the cathode.
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Figure 3.7. Motion of electrons in a diode witheaftating squarvoltagle'. ‘

A current wave corresponding to Figure3.7 may bduded assuming that a large number of
electrons are emitted at a uniform rate and thatsfiace charge is negligible. The electronic
current may then be competed considering the numibelectrons in motion and there average
velocity.

Figure3.8shows this electronic current as a functd time. Also shown is the variation of

velocity of electrons emitted at different timesridg the positive half of the displacement

current in the case of square wave.

Figure 3.8. Current waveform in diode with squasv&voltage
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To the electronic current added the displacemenentiin the case of square wave voltage
applied between anode and cathode, the displacetuenrent takes the form of sharp impulses
at the instants of voltage reversal.The negatieetednic current which flows during part of

each cycle result from electrons which fail to fedlce anode and return to the cathode with

considerable velocity after a relatively long timeerval.

Figure 3.9 shows the time variations of distanagelled, by individual electron and current in
a diode with applied square wave voltage and vathd transit time. From the figure, we see
the current waveform may be different from the &ggplvoltage waveform in a diode with
transit time constituting a large portion of theipdic time.

TfME- -

—
-

/ T ]
[

| I _‘/a- CATHODE
i " ] ! TIME, £ — =
-:"f 1 : f ELECTRONIC
Lif ' - . CLURBENT
B = i ;

LSPL ACEMEANT

CLURRENnT
Figure 3.9. Current in diode with transit time.

Figure 3.9 clearly shows the effect of transit tiomethe current waveform. But this study suffers
from the following three limitationgi) in actual practice voltage waveforms other thamasg
waveform are usually applied (ii) in this study iféect of space charge is neglec{é&g no d.c
bias is assumed.

3.5.3. Transit Time effect in Triodes
From the previous explanations, we have seen ltieaturrent density in the space between two
parallels plate is uniform and is given by Figur®.3With a constant d.c applied voltage,

current is constant andD dt = 0. the produgtv is uniform over the volume. Thus, region

of high density near the cathode are of low vejoctonversely region of high velocity near the
anode has low charge density. From 3.10a) we Je®de with applied U.H.F. voltage having

directions that indicate electron flow, while b)sls the waveforms of voltage and grid current
lg. In effect, Figure 3.10 sows the transit time efffe a diode.
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(a) Triode with applied U.H.F. voltage (b) Wavetsr of voltage |
Figure 3.10. Transit time effect in a diode.

Now, we consider a plane paralleled plate triodewshin Figure3.10a, the structure may be
assumed to form an effective equipotential plan ¢bheent from cathode to anode may be
considered to be constituted by the following twamponents: (i) a current equal (pv+
aD/at) flowing in the cathode-grid space and (i) a cotref the same from flowing in the grid-
anode space. Under D.C conditi@is/dt is equal to zero and with grid negatively biasbe,
net current to the grid is zero. Hence the progucin the grid-anode region is the same as the
cathode-grid region.

Next, consider the condition with a small U.H.Ftage applied between grid and cathode. The
bias voltage is such that a typical cl#&samplification take place. In this also, the gridrent
may be considered as the sum of grid cathode dusrehgrid-anode current. The effective grid
current is zero only if these two current composeste equal in magnitude and opposite in
phase. The displacement current may be the lowéecy capacitance. However, our primary
interest lies in then electronic or conduction eatrwhich may have component both in phase
and in quadrature with the applied V.H.F. voltage.

During the positive half of applied U.H.F voltagée increment cathode currefy} also
increases with time but reaches its maximum vatumeesvhat later than the applied voltage. This
result because of finite curreigtlags behind by still greater angle.

The grid current,; constituting the difference curre(if-i,) varies as shown in Figure3.10(b).
The grid current becomes more and more out of phatbethe applied A.C voltage. However,
the main component of curreiy is seen to have as appreciable component in phitisethe
applied a.c voltage. However, the main componentuwfenti, is such as would flow in a
capacitive reactance.

3.6. Ultra High Frequency Tubes

So far, we have already discussed the effect efalectrode capacitance, lead inductance and
transit time on the behavior of an electron tubeuttra high frequencies. These various factor
limit the maximum frequency that may be guaranteea vacuum tube oscillator and maximum
frequency that may be useful amplified. We haveaaly discussed the Ultra-High Frequency

208



Responses but we shall now focus on the Electrbe tscillator. We must understand the
factors of resource constraints in Section 3.7.

3.7.Frequency Limit of Ordinary Electron Tube Oscilator.

The Three factors that limit the range of frequeotglectron tube oscillators include:
i. Lead inductance and inter-electrode capacitances

il. Reduction in tank circuit Q.

iii. Grid loading caused bg,, L, andtransit time.

These are discussed below.

3.7.1. Lead inductance and Inter-electrode Capacitances
The frequency of oscillator is determined primably the constants in the tuned circuit. This
frequency, neglecting the loss in the oscillatiirguat is given by.

1
f= - (3.27)
A typical oscillator circuit is shown in Figure3.1#&) in which only essential R.F components
are indicated. In order to increase the frequeri@soillation, the magnitude of inductance and
capacitance in the tuned circuit must be reducéiks Teduction may be carried to the point
indicated in Figure3.1Xb), where the physical lumped capacitance have beplage by
apparently open circuit and the inductor by ordmiretallic conductor. The diagram hardly
appears as a complete circuit.

However, when the inter-electrode capacitance @&ad linductance have been inserted, the
diagram so formed is shown in Figure3.d)lin the limit, the minimum values &fandC in all
oscillating circuit are the inductances that arespnt in the plate, grid and cathode leads and the
capacitance that exit between the tube lead amti@tke. Thus, the extent to which the constant
of the oscillating circuit can be reduced impose® aestriction upon the upper operating
frequency limit and is ordinarily determined by tigometry of the tube and associated circuit.

(@) Conventional oscillator  (b) Circuit on reducing (c) Equival'ent circuit
Circuits L and C to zero
Figure 3.11. Equivalent circuit of an oscillator @ducing physicdl andC to zero
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The method of raising the frequency of operationchginging the constant in the tuned circuit
produces upper limit between 10 and 60 MHz formady tubes but reaches as high as 700 MHz
for special tubes. Other specially constructeddutmve pushed this limit up to about 3000 MHz.

3.7.2. Reduction in Tank Circuit Q at High Frequency

This lowering of circuitQ with the increase of frequency is due principédlyincreasgi) skin
effect, (ii) dielectric losses in the tube base and envelog€ian radiation from the oscillating
circuit.

3.7.3. Grid Loading Caused byC €, and Ly and Transit time.

The grid-to-plate capacitanc%pmay cause the input conductance of the tube tantdesirable
large. Furthermore this conductance may be eitbeitipe or negative, depending principally
upon the impendence in the plate circuit. The ahead inductanck, in the conjunction with
Cyx has the effect of increasing the input and outporiductance of the tube. The input
conductance is generally more important and isrgbag

G; = LkCgk w2 (3.28)
This relationship is very nearly true for pentdus is quite approximate for triodes. The transmit
time cause an input conductance which increaseadiyn with the square of the frequency as
given by the relation,

Gp = Kymw?t (3.29)
Wheret is the transit time.

Equ. (3.29) applies for small values of transiteim

At extremely high frequencies, where the electrangit time reaches a half or even a quarter of
a period, this law no longer applies.

As the input conductance increases and greaterrpswequired to be fed to the grid. This grid
loading reduces the oscillator power output to mefically small values at frequencies in the
neighborhood of 40 or 50 MHz assuming operatiom winventional tubes.

3.8.Remedies for the Limitations

We shall now discuss the identified remedies feritfentified challenges below

i. Minimizing Tube Inter-electrode Capacitances and_ead Inductances.

The lead inductances and capacitance may be redwycstorter length of wire for the leads.
This also reduces the circuit resistance. The4electrode capacitance may be reduced by using
smaller electrodes. The capacitance may also lveaeed by increasing the spacing between the
elements, by unfortunately, this increase the trainse.

il. Preventing the fall of Tank Circuit Q

The losses due to skin effect may be reduced bwygusow resistance large-surface
conductance.Radiation losses may be reduce by sjEsng of the electrodes but unfortunately
very close resistance increase the R.F resistance.
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Dielectric losses may be minimized by bring elegérdeads directly through the glass envelop,
thus doing away with the ordinary sockets. Thisstauttion reduces the lead inductance and
capacitance also.

iii. Reducing the Transit Time

The transit time may be reduce @Y reducing the spacing between electrodes(éindncrease
the plate voltage to increase the electrode velddiere are however, limit for these
modifications. Thus the decrease in electrode sgatiakes the tube manufacture more difficult
and in other to keep the inter-electrode capac#tamom becoming excessively large, the
decrease in spacing must be accomplished by aatecie electrode surface area. This reduces
the allowable plate dissipation. The increase ateploltage is limited by the allowable plate
dissipation. As the plate voltage increases th&e plarrent increase resulting in increase plate
dissipation. For prescribed maximum plate dissgpatas the plate voltage is increases the
corresponding plate current must be reduced byuiti@rangement. The transconductance
reduces therefore.In pulsed operation, for use a@daR for instance, transit time generally
reduced by using very high plate voltage duringghkse. This is possible without plate current
reduction because the plate dissipation duringpihse is permitted to become thousands of
times greater than the average allowable dissipaliee to the inherent thermal of the plate
structure. Thus tubes may run at higher frequerveie=n pulse then when operated C.W

For pulsed operation, plate voltages of the ordéemthousand volts are used in order to obtain
high peak power and to reduce transit time. The#ages exert considerable influence upon the
mechanical features of the tube designs. The glaats between electrodes are separated as
much as possible in other to reduce the voltagdigma in the glass and on its surface. Further
sharp coroners on high voltage conductors are adoid order to reduce the possibility of
coroner

3.9. Typical U.H.F Tube Construction

We have clearly highlighted the various factordimitation above. Now, because of the factors
discussed above, special tube has been developedséo at ultra high frequencies. These
construction methods may be put into the followtimgee categorieswhich we shall be discussing
here namely:

i. Single ended construction

ii. Double ended construction

iii. Disk seal construction.

3.9.1. Single Ended U.H.F. Tubes

These are the conventional tubes inwhich care bas baken to reduceleads inductions, inter-
electrodecapacitance and transit time by redudmgg dize and spacingof the electrodes, by
suitableglass-metal seals. Figure3.12 (a) Shove#y@ingle ended tube. Figure3.12(b) show an
acorn tube which is also asingle ended tube bueletrodeterminal are brought out of envelop
around the periphery of the tube envelop. Grid @ate terminals are brought out on side of the
periphery while the filament terminals are brought on the other side. Figure 3.14 shows a
cross section of lighthouse tube.
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(a) Typical single ended U.H.F. tube (b) Acorngub
Figure3.12. Typical single ended U.H.F. tubes
2 25 RUlaiies Ly 0 L USRS
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Figure 3.14. Crbéé section of lighthouse tube.
3.9.2. Double Ended U.H.F Tube

This is another form of UHF tube construction methim such tube, each electrode has two
separate terminal brought out individual througlasgl envelope. These terminals are then
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connected symmetrically to the external circuitthat the lead inductances are effectively
paralleled. Another technique is to arrange thd laaide the tube such that they are extensions
of external resonant transmission lines. The t@l@sents are then maintained at the centre of a
resonant half-wave transmission lines system wihbrted ends. The lumped capacitance
between the electrodes is the assumed to be equizijed between the two quarter wave
sections on either side of the tube elements. Sulbbs will oscillate at higher frequencies
because the capacitance associated with a singlgdeguvave construction also reduces the
radiation losses and th&R losses in the leads.

Grid lead inductance may be reduced by using mralirs instead of more common helically
wound wire in the construction of the grid. FiguteB shows a typical double ended U.H.F
triode.

3.9.3. Disk Seal Construction
In this case, we need to know that improved glasskiwg techniques have permitted the
construction of tubes in which the electrode |daalse been replaced by sealed metal discs.

This makes the whole perimeter of the electrodelahe and allows the electrodes to be built
into tuned circuits directly, thus vyielding highe®’'s and frequencies of oscillation.
The light-house tubes are typical of this disk ssalstruction.

Figure3.14 shows the cross-section (principal camepts only) of a light-house triode.A solid
block is used as the anode, bringing it out etgrmalthe tube proper by disk seal construction
and then provides it with thermal radiating findeTsmall working surface area of the anode
near the grid and cathode reduces the tube capee#dut the large overall are plus the eternal
exposure to air increases the heat dissipatingtyalmf tube.Extremely close spacing of the
electrodes can be achieved by the parallel planstaaction. The disk seal tubes of this type
have been built with grid cathode spacings as sagzallmil. Table 3.1 gives the list of some of
the representative UHF tubes. It also gives foheaabe the type of construction and typical
services.

Table 3.1: Typical U.H.F Tubes

Name Type Construction Typical Service
GL 446 Lighthous Triode Disk ses Local Oscillator, R.F. Amj
GL 646 Lighthous Triode Disk sea U.H.F. Power Oscillatc
WE 316 A Door Kno Triode Single ende R.F.Oscillatol
WE 318 A Door Kno Triode Double ende R.F. Oscillato
708 A Grounded G Triode Single ende Mixer
811 Micrc-pug Triode Single ended grid | R.F. Oscillato
Double ended anode
832 and 829 Pushpull Single ende R.F.Oscillatol
beam
tetrode
88¢ Triode Single ended (wat¢| R.F. Oscillato
cooled)
954 Acorr Pentod Single ende R.F. Amplifier
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955 Acorr Triode Single ende Mixer

956 Acorr Pentod Single ende R.F. Amplifier

GL 8012 A Triode Double ende R.F. Oscillator and RF
Amplifier

3.9.4. Elimination of the Effects of Inter-electrode Capattances

We have explained the disk seal construction ablbweust be made clear that disk seal value is
very suitable for use with concentric line circustlich may be arranged one inside the other. In
this way, the resonant circuits can be placed batweathode and grid and between grid and
anode, care being taken to provide the necessarinsulation. This procedure eliminates the

difficulty of lead inductances but it leaves th@lpem of tube capacitances in a different form.

In a Disk Seal Tube, the effects of Inter-electr@igpacitances must be eliminated. Figure 3.15
illustrates the effect of a lump capacitance atdpen end of a line in increasing the resonant
wavelength.

Figure 3.15. Effect of a lump capacitance at thenopnd of a line in increasing the resonant
wavelength.

If the tube forms a shunt impedantgjwC at the end of a line of characteristic impedafige
the input impedancé;of a closed lengthis given by,

— = jwC + (3.30)

Zotanh yl
6X10107

Wherew = 2nf =
Let the losses in the line be negligible then= jg and,
tanhyl = jtan pl=jtan(Z) (3.31)

Hence, ~=jloc - o —L ] (3.32)
The line becomes resonanfiis infinite, i.e. when
tan () = (3.33)

A ZowC

A (3.34)

6mx1010%x2Z,C
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Figure 3.15 exhibits the mode of variatibwith A assuming g¢= 70Q and C =5 pu F. This
value of C is the inter-electrode capacitance @f wialue when placed in the circuit and is
typically 5p puF. The dotted line in Figure 3.15 wisd, =A/4. The difference betwednandly
gives the shortening caused due to C. it is cleatr for the values mentioned a concentric line
circuit can be used at wavelength less than 30 @yio a resonating mode higher than quarter
wave.

British and American disk seal valves use metajtess seals while German valves employ a
ceramic in place of a glass in order to obtain fgreaccuracy in electrode spacing. The ceramic
used has a lower loss factor than the glass but mé&yhave any significance except at the
highest frequencies.

In large UHF triodes, it has become a standardtipeato adjust the cathode relative to the grid
after manufacture. This gives greater uniformitg anproved performance.

3.9.5. Grounded Grid Operation of Disk Seal Triodes

Basically, the UHF triodes whether used as sigmapldiers or as oscillators are generally
operated in some form of grounded grid or commod-disk seal triodes are almost always
used as grounded-grid circuit. Figure 3.16 (a) shavsimple grounded-grid amplifid®, is the
load resistance arf&is the cathode resistance. Figure 3.16 (b) shoevsttremental equivalent
circuit.

(@) Circuit  (b) Incremental equivalent circuit  @jounded grid tuned amliﬁeru _
Figure3.16. Grounded-grid triode amplifier.

From the equivalent circuit of Figure3.16 (b), tredtage gaim is given by
A — & — (‘Ll,'l'l)RL
E; Tp+RL+(pL+1)Rk

(3.35)

Figure3.16c shows a typical R.F. grounded gridest&@r good voltage amplificatioBymust be
kept low. Coil and capacitor, forming the tunecdcait, may be used as frequencies as high as
400 MHz, with consequent ease of tuning and smalk.bAt frequencies above 400 MHz, it
becomes impossible to use lumped circuit elemerén eat the cathode. It then becomes
necessary to use transmission lines in both cathbdeode circuits. The input line should then
be of low characteristic impedance while the outpné should be of high characteristic
impedance.
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3.10.U.H.F Plate Cooling
Heating effect is another concern in UHF systemighHower operation of UHF tubes is
impeded by the reduction in electrode area necg$sasmall inter-electrode capacitances. The
small electrode area and the large anode voltagesmary for the reduction of transmit time
makes the problem of heat dissipation from the armmpdte difficult. The heat may be removed
more effectively by following means:
i. By adding cooling fins to the anode structure. Thiseases the thermal radiating surface
without changing the tube capacitance.
ii. By allowing an blast over the anode.
iii. By water cooling of anode used for high power opemnaand
iv. By using anode made of tantalum and by operatiacgatiode red hot. This allows higher
plate dissipation due to more rapid radiation o&ththrough operation at a higher
temperature.

3.11.U.H. F Filament Emission.
Now, itgood we understand that very large filamentissions are generally needed in UHF
tubes for the following two reasons:

() The large R.F displacement currents in the plateatbode capacitances are, to a
very large extent, supplied by the cathode.
(i) In pulsed operation, extremely large conductionrents are needed over short
duration of time.
Both these currents require actual cathode emissience, large filaments operating at high
temperatures are needed, adding to the problennb® tooling. Oxide coated cathodes are
occasionally used in lower power tubes. Howeveuwyittted tungsten is most commonly used
since it is less susceptible to positive ion damage can safely provide the require degree of
emission.The use of thorium on the filament howevesults in grid contamination due to
deposit on evaporation from filament. As the gtekif is generally quite hot, grid emission may
result causing a D.C current to flow in the grictait.

3.12.0scillators in UHF Domain
We have established various interesting perspectivéhe construction of UHF tubes. We shall
now look at the frequency oscillators that stimeiiégd processes below.

3.12.1.Single Tube UHF Oscillators

Normally, at ultra high frequencies, two signifitdieatures of oscillator need be noted: (i)
because of the presence of inevitable inter-eldetrocapacitances. For instance, Colpitts
oscillator circuit are more common than the Hartiéguits, (ii) difficulty of obtaining lumped
inductances and capacitances of required smallesahnd desired power handling capacity,
necessitates the use of resonant transmission lines

Accordingly, the physical appearance of a UHF dsoif may not seem to resemble either the
Hartley or the Colpitts circuit, and its true n&uwets revealed only when the circuit is reduced
to its functional form.
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3.12.2. Lighthouse Tube Oscillator

Recall in Unit 1, we mentioned superheterodyne ivece and its roles in communication
systems. In context, the lighthouse tube oscillat@y be used as a local oscillator in UHF
superheterodyne receivers. Figure 3.18 gives ttwaiitiof lighthouse tube oscillator. The R.F.
equivalent circuit may be developed in the follogimanner. The short circuited coaxial
transmission lines between cathode and grid anddeet grid and anode may be represented
respectively by inductancdsyk and Ly, Since they are assumed to be highly less thare thre
fourths of a wavelength.

ANODE -GRID COAXIAL LINE

CATHODE = GRID COAXIAL LINE
SHORT CIRCUITS

-a

¥ 7
7

=

= |

R-A CHOKE

TO00—0
E,,

Figure3.18. Lighthouse tube oscillator

The quarter wave choke (or R.F. choke, whichevarsied) is an R.F. open circuit so that all
elements connected to it may be neglected. Regjatia lines by inductances as mentioned
above, and including the tube inter-electrode céaaces the R.F. equivalent circuit of the light
house oscillator appears as shown in Figure3.197 (@ circuit may be rearranged by replacing
the cathode circuit elementsg, Cq) and grid-to-anodecircuit eleme(t,, C;,,) by reactance

Xg1 andXg, respectively.
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(a) Equivalent circuit (b) Modifid equiaierit@it '
Figure3.19. Equivalent circuit of lighthouse tulseiiator.

Please, you must know that for sustained osciltatibe reactance on either side of the tap must
be of the same type. Thus, the grid-to-cathodetaeaeX,, must be capacitive. Further grid to

anode reactanc&,, must be of opposite nature. i.e, it must be inglecin this case. The
resulting final R.F. equivalent is shown in FigueB(b). This obviously is a colpitts oscillator.
The tuning of grid-to-anode coaxial linee. position of the short circuiting plunger in thied,
determined the magnitude of the inductahgg which forms the principal factor controlling the
tuning of the oscillator to the desired frequentye grid-cathode line determine the amount of
feedback by establishing the valueé(g,ﬁc_ It has only a negligible effect upon the frequenty
oscillation which is given by,

1 1
fo—g

(3.36)

Lgp Co

_ Cgk.Cpk ~ .
Where(, = Cyp + CortCpr Cygp + Cpi since Cyy » Cpy.

3.12.3.Single Tube Oscillator using Open Wire Line

Figure3.20 gives the circuit of a single-tube UH$cibator using wire line as the frequency
determining circuit. Its R.F. equivalent circuit ynae developed in the same general way as
above. Capacito€,is a d.c open circuit but R.F short circuit. It pides the proper bias by grid
leak action and can be omitted from R.F equivatércuit. The chokes in the cathode leads are
R.F open circuit and may be neglected in the amalRgis a parasitic suppression resistor and
Ry is the grid lead resistor. Both these may be eahiftom the r.f equivalent circuit.
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Figure3.20. Single tube UHF oscillator using (alr Rquivalent (b) Modhﬁ‘igd R.F Parallel wire
line equivalent circuit

L

Figure3.21. (a) R.F equivalent (b) Modified R.FdMai wire.

The transmission line is short circuited for radiequencies byC;and is less than a quarter
wavelengths long. Hence, it can be replace by itahoeL;

The screw of Figure3.21 (a) represent the grid lead anode lead inductances respectively.
Figure3.21 (b) gives the modified R.F equivalemtwit in which element&,,, L, L, C and L,
have been grouped together to form a single remaclementX,,, This equivalent circuit of
Figure3.21 (b) show that this oscillator also bakycforms a colpitts oscillator. Reactance
X pmust be inductive for sustained oscillations.

3.12.4. UHF Pushpull Oscillators

UHF pushpull oscillate circuits have the same galnferm as at low frequencies except that
resonant transmission lines used in place of ordimaund circuits. Furthermore, the lead
inductance and inter-electrode capacitance mugtddeded in the analysis as shown in Figure
3.22. Thus typical UHF pushpull oscillators afgtuned-grid tuned-plate oscillator (TGTR)i)
tuned-grid tuned-cathode (TGTK) arfili) tuned-plate tuned-grid tuned cathode (TPTGTK).
Each of these oscillator circuits may be reducesirtple Hartley or Colpitts oscillator.
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Figure 3.22. Tuned-plate Tuned-gird Pushpull Cestzil

a) Equivalent Circuit

(b) Modified equivalent circuit (c) Final equistt circuit
Figure3.23. Equivalent circuit of TPTG pushpull idator.
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Figure3.22 show the circuit of pushpull tuned grgtillator. The bypass capacitarsC,C;and

C, appear as short circuit. The grid leak resigtprand parasitic suppressf may both be
considered as open circuits. The plat and gridslime= both less than a quarter wavelength and
circuit so that they may be represented by effedmductancd.,, andL,respectively. The plate
and grid inductance have been lumped viithand L, respectively. The center point of this
inductance is R.F ground potentials because optishpull balance-to ground connection. The
variable capacitorg, tune the cathode lead inductance to resonancendiroy the cathodes.
The R.F Equivalent then appears are as shown uwré&ig.23 (a). Since the circuits associated
with each tube are identical, analysis of a simgjee suffice for the whole circuit.

Considering with each are identical, analysis simgle tube will suffice for the whole circuit is
shown in Figure 3.13(b). Replacing the tuned ctr¢hj, — Cy, and L, — Cpy) by reactance
Xgr and Xy, result in the final equivalent circuit of Figur@3. (c) For sustained oscillation to
occur, both these reactandg, and X,, must be inductive. The circuit thus reduces to a
Hartley oscillator.

The small size of the electrode in UHF triodeseityvdifficult to obtain amounts of power even
from pushpull circuits. Hence, more tubes are fesdly required. The resulting circuit is called
a ring oscillator because several pushpull ungscambined around a ring and made to operate
as a single circuit. The tubes are so arrangedaitfiacent tubes around the ring are always in
apposite phases. Thus, any two adjacent tube fashgull circuit.

3.13. Parasitic Oscillation and Their Suppression

Parasite oscillation refers to unwanted oscillatigenerated wrongly. Now, the essential
components of an ultra tuned-grid pushpull are sheowFigure3.24. Since the tube operate in
pushpull, at some instant of time the anodes aedgtid must have the relative polarities
indicated in Figure 3.24. There are standing waweghe grid and plate lines due to their
resonant characteristics. A resonant line may bméd between the grid line and plate line of
each tube due to the open-circuited terminatiodws to short circuited termination if the lines
are by-passed to ground. This tends to cause asmillat another frequency in a wrong mode. It
may set up in-phase standing waves and the tubgsnmdonger operate in pushpull. This
constitutes parasitic oscillations.
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Figure3.24. TPTG pushpull susceptible to parasgillations

Parasitic oscillations occur in several ways. Thlethod given is typical and common and consist
in formation of resonant line between conductoes rarely of any use since the image formed
may cause parasitic to occur between the condwrdrits image. Parasitic oscillations at

frequencies other than of the main mode need beepted since (i) They lower the efficiency of

the system and (ii) may cause radiations at unaat frequencies. Further these parasitic
oscillations do not necessarily respond to thenyiaidjustment of the desired mode.

In terms of its suppression, wrong mode may be g3ed by keeping the parasitic lines from
being resonant. This can be accomplished by tetinmahese lines in their characteristic
impendence in such a way as to leave the operatidhe main mode unaffected. A method
commonly used consists in using parasitic supprgssisistorsK,in Figure. 3.24). The value of
these resistors is usually determined experimegraaltl it ordinarily ranges from 10 to 100 ohms
in transmitters and several thousand ohms in losaillators of super heterodyne receivers. The
other types of oscillator of UHF are discussed Wwelo

3.14. Multicavity Magnetron

The magnetron is a high-powered vacuum tube thaksvas self-excited microwave oscillator.
Crossed electron and magnetic fields are useceiméignetron to produce the high-power output
required in radar equipment.lt was developed dufsegond World War and it is the most
suitable microwave generator capable of delivelange power output at high efficiency under
pulsed condition. It was developed principally fmse in high pore microwave pulsed radar
(Radio detection and Ranging). The principal elemerd a typical multicalvity magnetron are
shown in Figure3.25. It consist of a cylindricalakerl oxide coated cathode surrounded by a
laminated copper anode structure that possessesb@entical cavities (usually 8 in number)
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opening into cathode-anode space by means of aoshown. The output power is drawn by

means of a coup long-loop as shown in Figure 261 by means of a trapered waveguide. The
magnetron requires an external magnetic field lpesillel to the axis of the cathode. This field

is usually proved by permanent magnet.

(a) Cathode structure (b) Cross-section
Figure3.25. Construction of multicavity magnetron.

Operationally, a high D.C potential is appliedts anode with respect to the cathode, thereby
setting up a strong radial electric field. An axiahgnetic field is created usually by permanent
magnet or sometimes by an electromagnet. Elecwarsmission from the cathode, experience
force due to both the radial electric field andatxnagnetic field. The electric field urges the
electron radically outward while the magnetic feeldxercise a force perpendicular to the
instantaneous directly of motion of the electros.&result of these combine force, the electron
follows a spiral path of curvature of which decesasvith the increase of the magnetic field
strength. Accordingly, for a given value of anodeCD poetical there is a critical value of
magnetic flux density for which the electrons jgsize the anode.

For magnetic flux densities exceeding this criticalue B, the electrons miss the anode and
spiral back to cathode as shown in Figure3.26. Magriiux densities of the order of one or two
timesB are normally needed for oscillations.

With zero magnetic flux densityBEO), an electron emitted the cathode directly towahas
anode. With weak magnetic fie(@ < B), the electron path gets deflected as shown by path
in Figure3.26.

However, with magnetic flux density exceeding thiéical value B, the electron is turned back
towards the cathode without ever reaching the araslby pati?, with B = B, the electron just
grazes the anode surface as shown by patWith B > B, in the absence of oscillation, all
emitted electron return to cathode and currengie.z
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Next let us assume that oscillationexist in theomast structure. Then it will be shown that
with B < B, there results an interaction between the electamaistheelectric field which under

favorablecircumstances causes the oscillationteeivec energy from the electronsin the
interaction space. Let usconsider the electronshé interactionspace. Let us consider the
m —modeof oscillations, i.e. oscillations withphasdfedtence ofm radians between adjacent

poles. These oscillations, in turn produce radeg@iency fringing field extending into the

interaction space as illustrated in Figure3.27.

In the absence of this R.F field, electrons emiétedoints 1 and 2 travels along the dotted paths
P, and P; as shown in Figure3.27. In actual practice, the flds act on these electrons and
modify the orbits as shown by solid lidfgsind P,. Electron emitted from point 1 has its
tangential velocity opposed by the R.F field. Henttes electron gets slowed down by the
oscillation. Further since electron slows down, dedlecting force exerted on it by the magnetic
field get reduced. Accordingly, this electron shiffoser to the anode and follows the solid path
Py,

i

Figure 3.27. Electron pathway in a magnetron undeillating 6hdition.

Let the d.c anode voltage and the magnetic fluxsig B be so chosen that the tangential
velocity of the electron makes the time of travéltlee electron from positiorf; to T,in
Figure3.27 approximately equal half the periodmetiof the R.F oscillation. Then this electron
on reaching the poirf, finds that the R.F field has reversed its polafiym that shown in
Figure 3.27. As a result this electron continuesltav down and drift towards the anode. The
velocity of this electron, however, does not alppreciably since the energy acquired by the
electron from the d.c anode-cathode voltage isgel@xtent delivered to the R.F. oscillation.
Finally electron strikes anode surface.
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Figure3.28. Rotating spa“charge under oscillatorglition

3.15. Magnetron Oscillator Conventional Tube Design
In a conventional model, we can identify the follogitypes of tube design.
3.15.1. Hull or Single-Anode Magnetron

At very high magnetic field settings, the electrame forced back onto the cathode, preventing
current flow. At the opposite extreme, with no diethe electrons are free to flow straight from
the cathode to the anode. There is a point betweenmwo extremes, the critical value or Hull
cut-off magnetic field (and cut-off voltage), whetee electrons just reach the anode. At fields
around this point, the device operates similar ttriade. However, magnetic control, due
to hysteresis and other effects, results in a glcmel less faithful response to control current
than electrostatic control using a control gridairconventional triode (not to mention greater
weight and complexity), so magnetrons saw limited in conventional electronic designs.

Evidently, when the magnetron is operating at titecal value, it would emit energy in the radio
frequency spectrum.This occurs because a few oéldetrons, instead of reaching the anode,
continue to circle in the space between the catlamdethe anode. Due to an effect now known
as cyclotron radiation, these electrons radiateorf@quency energy. The effect is not very
efficient. Eventually the electrons hit one of #ectrodes, so the number in the circulating state
at any given time is a small percentage of the aveurrent. It was also noticed that the
frequency of the radiation depends on the sizéneftabe, and even early examples were built
that produced signals in the microwave region.

Early conventional tube systems were limited toltlgd frequency bands, and although very
high frequency systems became widely availabldénlate 1930s, the ultra high frequency and
microwave regions were well beyond the ability oheentional circuits. The magnetron was
one of the few devices able to generate signaledmmicrowave band and it was the only one
that was able to produce high power at centimesaelengths.

3.15.2.Split-Anode Magnetron

Why Split-anode magnetron? Note that the originalgnetron was very difficult to keep
operating at the critical value, and even thenrnhmnber of electrons in the circling state at any
time was fairly low. This meant that it producedywk®w-power signals. Nevertheless, as one of

225



the few devices known to create microwaves, intarethe device and potential improvements
was widespread.The first major improvement wassfiig-anode magnetron, also known as
a negative-resistance magnetron. As the name isyphies design used an anode that was split in
two — one at each end of the tube — creating twédyéinders. When both were charged to
the same voltage the system worked like the origimadel. But by slightly altering the voltage
of the two plates, the electron's trajectory cdeddmodified so that they would naturally travel
towards the lower voltage side. The plates wereneoted to an oscillator that reversed the
relative voltage of the two plates at a given femggy.At any given instant, the electron will
naturally be pushed towards the lower-voltage sidihe tube. The electron will then oscillate
back and forth as the voltage changes. At the damme a strong magnetic field is applied,
stronger than the critical value in the originaside. This would normally cause the electron to
circle back to the cathode, but due to the osiitla¢lectrical field, the electron instead folloas
looping path that continues toward the anodes.

Since all of the electrons in the flow experient®d looping motion, the amount of RF energy
being radiated was greatly improved. And as theionadccurred at any field level beyond the
critical value, it was no longer necessary to edhgtune the fields and voltages, and the overall
stability of the device was greatly improved. Undmrately, the higher field also meant that
electrons often circled back to the cathode, déipgsiheir energy on it and causing it to heat up.
As this normally causes more electrons to be retbais could sometimes lead to a runaway
effect, damaging the device.

3.15.3. Cavity Magnetron

The major advancement in magnetron design wases@nant cavity magnetron or electron-
resonance magnetron, which works on entirely difiéiprinciples. In this design the oscillation
is created by the physical shaping of the anodleerdhan external circuits or fields.

Before we proceed, a basic understanding of arnlatsciis needed.

Now, an electronic oscillator can be made from ystkbn tube, by providing a feedback path
from output to input by connecting the "catcher"dafbuncher" cavities with a coaxial
cable or waveguide. When the device is turned lect®nic noise in the cavity is amplified by
the tube and fed back from the output catcher & kibncher cavity to be amplified again.
Because of the high @ the cavities, the signal quickly becomes a suawe at the resonant
frequency of the cauvities.

Mechanically, the cavity magnetron consists ofrgdasolid cylinder of metal with a hole drilled
through the center of the circular face as showhigure 3.29. A wire acting as the cathode is
run down the center of this hole, and the metatiblitself forms the anode. Around this hole,
known as the "interaction space, are a numbemaifasi holes (resonators) drilled parallel to the
interaction space, separated only a very shorauist away. A small slot is cut between the
interaction space and each of these resonators.r@3udting block looks something like the
cylinder on a revolver, with a somewhat larger cartole.

The parallel sides of the slots act as a capawitde the anode block itself provides
an inductor analog. Thus, each cavity forms its @@sonant circuit, the frequency of which is
defined by the energy of the electrons and theipllydimensions of the cavity.

The magnetic field is set to a value well below thiéical, so the electrons follow arcing paths
towards the anode. When they strike the anode, ¢hage it to become negatively charged in
that region. As this process is random, some amnglh®ecome more or less charged than the
areas around them. The anode is constructed ofjfdyhconductive material, almost always
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copper, so these differences in voltage cause rasri® appear to even them out. Since the
current has to flow around the outside of the gatiitis process takes time.

During that time, additional electrons will avoliethot spots and be deposited further along the
anode, as the additional current flowing arounaritves too. This causes an oscillating current
to form as the current tries to equalize one dpet) another.

The oscillating currents flowing around the cawtend their effect on the electron flow within

the tube, causes large amounts of microwave radjoéncy energy to be generated in the
cavities. The cavities are open on one end, scetiige mechanism forms a single, larger,
microwave oscillator. A tap, normally a wire formédo a loop, extracts microwave energy
from one of the cavities. In some systems the tap i& replaced by an open hole, which allows
the microwaves to flow into a waveguide.

As the oscillation takes some time to set up, anchherently random at the start, subsequent
startups will have different output parameters.deha almost never preserved, which makes the
magnetron difficult to use in phased array systémsquency also drifts from pulse to pulse, a
more difficult problem for a wider array of radarsgems. Neither of these presents a problem
for continuous-wave radars, nor for microwave ovens

Qutput coupling

loop Resonating cavity

Copper
anode block

Oxide-coated

«=— Leads to cathode
cathode n

& heater

Resonant cavity magnetron high-power
high-frequency oscillator
Figure 3.29. Diagram of a resonant cavity magnetron

3.15.4. Common Features of Magnetron

All cavity magnetrons consist of a heated cathddega at a high (continuous or pulsed)
negative potential created by a high-voltage, diceicrent power supply. The cathode is placed
in the center of an evacuated, lobed, circular dleamA magnetic field parallel to the filament is
imposed by a permanent magnet. The magnetic fialsses the electrons, attracted to the
(relatively) positive outer part of the chambersporal outward in a circular path, a consequence
of the Lorentz force. Spaced around the rim ofdin@mber are cylindrical cavities.

Slots are cut along the length of the cavities tpsn into the central, common cavity space. As
electrons sweep past these slots, they inducehaff@guency radio field in each resonant cavity,
which in turn causes the electrons to bunch intmugs. (This principle of cavity resonator is
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very similar to blowing a stream of air across dipen top of a glass pop bottle.) A portion of the
radio frequency energy is extracted by a shortrarat¢hat is connected to a waveguide (a metal
tube, usually of rectangular cross section).

The waveguide directs the extracted RF energyadahd, which may be a cooking chamber in
a microwave oven or a high-gain antenna in the obsadar.

The sizes of the cavities determine the resonagu&ncy, and thereby the frequency of the
emitted microwaves. However, the frequency is ngcisely controllable. The operating
frequency varies with changes in load impedanc#) shanges in the supply current, and with
the temperature of the tube. This is not a probilemses such as heating, or in some forms
of radar where the receiver can be synchronizeld awitimprecise magnetron frequency. Where
precise frequencies are needed, other devices asuitte klystron are used.

The magnetron is a self-oscillating device requgirito external elements other than a power
supply. A well-defined threshold anode voltage nhestapplied before oscillation will build up;
this voltage is a function of the dimensions of thgonant cavity, and the applied magnetic field.
In pulsed applications there is a delay of seveyales before the oscillator achieves full peak
power, and the build-up of anode voltage must berdinated with the build-up of oscillator
output.Where there are even numbers of cavities, dancentric rings can connect alternate
cavity walls to prevent inefficient modes of osatibn. This is called pi-strapping because the
two straps lock the phase difference between adfaavities at pi radians (180°).

The modern magnetron is a relativelyan efficientic® In a microwave oven, for instance, a
1.1-kilowatt input will generally create about 7@@tts of microwave power, an efficiency of
around 65%. (The high-voltage and the propertieshef cathode determine the power of a
magnetron.) Larg& band magnetrons can produce up to 2.5 megawatls p@ver with an
average power of 3.75 kW.Some large magnetronsvarer cooled. The magnetron remains in
widespread use in roles which require high powetvihere precise control over frequency and
phase is unimportant

WAVEGUIDE
ATTACHING FLANGE

Figure3.30. Magnetron cutaway.
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3.16. Klystron
3.16.1. KlystronDefinition

A Kklystron is a specialized linear-beam vacuum tubeented in 1937 by American electrical
engineers Russell and Sigurd Varian,which is usedraamplifier for high radio frequencies,
from UHF up into the microwave range. The problentransit time can be overcome by use of
a klystron. Originally this type of microwave tubas developed as a low-power device, but the
power-handling capacity of modern tubes is higlyskbn tubes are superior to magnetrons in
that they can function as an oscillator, ampliberdetector. The klystron uses a process known
as velocity modulation in which the velocity of tekectron stream is varied as it moves through
the tube. To be of greater use the electrons areected into a density-modulated beam from
which energy can be extracted. Low-power Kklystroaee used as oscillators in
terrestrial microwave relay communications linkil high-power klystrons are used as output
tubes in UHF television transmitters, satellite omumication, and radar transmitters, and to
generate the drive power for modern particle acatdes.In a klystron, an electron
beam interacts with radio waves as it passes throegpnant cavities, metal boxes along the
length of a tube.The electron beam first passesutiir a cavity to which the input signal is
applied. The energy of the electron beam amplifessignal, and the amplified signal is taken
from a cavity at the other end of the tube. Thegousignal can be coupled back into the input
cavity to make an electronic oscillator to genenatdio waves. The gain of klystrons can be
high, 60dB (one million) or more, with output pawelp to tens of megawatts, but
the bandwidth is narrow, usually a few percentaltih it can be up to 10% in some devices.

A reflex klystron is an obsolete type in which #lectron beam was reflected back along its path
by a high potential electrode, used as an osailldtgstrons amplify RF signals by converting
the kinetic energy in a DC electron beam into rafdémuency power. A beam of electrons is
produced by athermionic cathode (a heated pelletloos work function material), and
accelerated by high-voltage electrodes (typicatlythe tens of kilovolts). This beam is then
passed through an input cavity resonator. RF energed into the input cavity at, or near,
its resonant frequency, creating standing wavegiwbroduce an oscillating voltage which acts
on the electron beam. The electric field causeselbetrons to "bunch™ electrons that pass
through when the electric field opposes their motase slowed, while electrons which pass
through when the electric field is in the same cioa are accelerated, causing the previously
continuous electron beam to form bunches at thetifipquency.

To reinforce the bunching, a klystron may contatldisonal "buncher" cavities as discussed
later in this unit. The beam then passes throu@hift" tube in which the faster electrons catch
up to the slower ones, creating the "bunches", theough a "catcher" cavity. In the output
"catcher" cavity, each bunch enters the cavityhatttme in the cycle when the electric field
opposes the electrons' motion, decelerating théms,Tthe kinetic energy of the electrons is
converted to potential energy of the field, inciregsthe amplitude of the oscillations. The
oscillations excited in the catcher cavity are dedpout through a coaxial cable or waveguide.
The spent electron beam, with reduced energypticad by a collector electrode.

3.16.2. Reflex Klystron Oscillator
The reflex klystron is a low power klystron tubethvia single cavity, which functioned as
an oscillator. It was used as alocal oscillatosmme radar receivers and a modulator in
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microwave transmitters the 1950s and 60s, but i obsolete, replaced by semiconductor
microwave devices discussed later.In the reflexstkhyn the electron beam passes through a
single resonant cavity. Figure 3.31a depicts aaway Reflex Klystron with its internal
structure.
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Figure 3.31a. Cutaway Reflex Klystron with its imal structure

The electrons are fired into one end of the tubebylectron gun. After passing through the
resonant cavity, they are reflected by a negaticélgrged reflector electrode for another pass
through the cavity, where they are then collectdok electron beam is velocity modulated when
it first passes through the cavity. The formatidelectron bunches takes place in the drift space
between the reflector and the cavity. The voltagdh® reflector must be adjusted so that the
bunching is at a maximum as the electron beam tereithe resonant cavity, thus ensuring a
maximum of energy is transferred from the electo@am to the RF oscillations in the cavity.
The reflector voltage may be varied slightly frone optimum value, which results in some loss
of output power, but also in a variation in freqagnThis effect is used to good advantage for
automatic frequency control in receivers, and @gérency modulation for transmitters. The level
of modulation applied for transmission is small eglo that the power output essentially remains
constant. At regions far from the optimum voltage oscillations are obtained at all.

There are often several regions of reflector vatadpere the reflex klystron will oscillate; these
are referred to as modes. The electronic tuningeani the reflex klystron is usually referred to
as the variation in frequency between half powentge-the points in the oscillating mode
where the power output is half the maximum outputtie mode. Figure 3.31b shows the
physical representation of reflex klystron.

Reflex Electrode External Resonator Cathode
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Figure 3.31b. Physical representation of reflexskiyn.
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So far, we have established that reflex klystroa single cavity klystron. We can use Figure
3.32 to show its basic structure for proper und@ding of Figure 3.31a, and 3.31b. It consists
of a cathode, a focusing electrode placed at th®da potential, a re-entrant cavity resonator
and a repeller electrode. The resonator also segeis anode. The repeller electrode is kept at a
moderate negative with respect to the cathode.léctrede beam formed by the cathode and the
focusing electrode passes through a gap in thena¢soas shown in Figure 3.32 and travel
towards the repeller. But the repeller being atatieg voltage with respect to the cathode, turns
the electron beam back toward the anode, afteeldedron have travelled to some point (such as
point P in Figure 3.32) in the vicinity of the repellerhdse returning electrons pass through the
gap in the resonator a second time.

3.16.3. Reflex klystron Oscillatory Mechanism

In order to study the mechanism of a reflex klystascillator in a more practical context, we
first assume that oscillations are sustained. THe d&cillation assumes to be present in the
resonator, produce an R.F voltage across the dap.RIF voltage acts on the electron beam
travelling toward repeller, causing the velocitytbé electrons emerging from the gap into the
repeller space to vary with time in accordance hils R.F voltage. Thus the electron stream
entering the repeller space gets velocity modulattshce the electrons which pass the gap at
different times in the R.F cycle, take differemhdéh of time to return the gap. The net result is
the formation of bunches of electrons on reachieggap on the return journey.
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Figure3.32. Reflex klystron Frame layout.

Figure 3.32 gives the variation position in repefipace with time for a few typical electrons.
Consider the electron which passes through thergép journey towards repeller at the instant
when the gap voltage is zero and is just going tnegal his may be called the reference electron
and has been indicated By in Figure 3.33. The distance versus time curvear electron and
has been indicatel, which passes the gap a little easier the referelemrork. This electron
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enters the repeller space with greater velocitynttiee reference electrofizand, therefore,
penetrate further in the repeller space againstetaeding field. It takes longer time to return to
the anode and tend to arrive at the anode on tisnrgpath at the same time as the reference
electron. Similarly an electréh, which passes the gap a little than the referesteetronEy,
enters the repeller space with lesser velocity than reference electrép. This electron
penetrates less in the repeller space, takes lessetto return to the anode and tends to arrives
at the anode on its return path at the same tinteeagference electron.
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Figure3.33. Position versus time curves of electiarrepeller space of reflex klystron
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3.16.4. Multi-cavity Klystron Amplifier

Among the tubes, which actually utilize the tramsiachieving their normal operation, the more
important types are: multicavity klystron, reflelydtron, travelling wave tube, backward wave
oscillator and the magnetron and the magnetron.®e lalready discussed some of them but
will emphasis the single, double and multicavityskton.For example, Figure 3.35a and Figure
3.35b gives the basic construction of a two-cawlystron. It consistent of the following
constituent par{i) Cathode(ii) Field free draft spac@v) Catcher cavity andv) Collector.A
high-velocity electron beam produced by the cathsgmssed through the input cavity resonator
(called the buncher), through the field —free dsiiace and the output cavity resonator (called
catcher), before the beam encounters the collet¢atrode. The cathode typically uses a pierce

gun to produce the electron beam

Figure 3.35a. Basic construction of a two-cavityskion
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The two-cavity klystron of Figure3.35b is basicallgsigned to work as an amplifier. However,
it may be used as an oscillator if a small parthaf output power is fed back to the input by
suitably coupling the buncher and catcher cavities.
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Figure 3.35b. Two-Cavity Klystron.

i. Two-Cavity Klystron

The simplest klystron tube is the two-cavity klgstrshown in Figure 3.35b. In this tube, there
are two microwave cavity resonators, the “catchamti the "buncher”. When used as an
amplifier, the weak microwave signal to be amptifis applied to the buncher cavity through a
coaxial cable or waveguide, and the amplified dighextracted from the catcher cavity.

At one end of the tube is the hot cathode heated blament which produces electrons. The
electrons are attracted to and pass through arearyidder at a high positive potential; the
cathode and anode act as an electron gun to pragldégh velocity stream of electrons. An
external electromagnet winding creates a longitaldimagnetic field along the beam axis which
prevents the beam from spreading

The beam first passes through the "buncher" caeipnator, through grids attached to each
side. The buncher grids have an oscillating AC ipié across them, produced by standing wave
oscillations within the cavity, excited by the inpwignal at the cavity's resonant
frequency applied by a coaxial cable or wavegulde direction of the field between the grids
changes twice per cycle of the input signal. Etawrentering when the entrance grid is negative
and the exit grid is positive encounter an eledteld in the same direction as their motion, and
is accelerated by the field. Electrons enteringal¢ycle later, when the polarity is opposite,
encounter an electric field which opposes theiriomytand are decelerated.

Beyond the buncher grids is a space called thegpdce. This space is long enough so that the
accelerated electrons catch up to the retardedr@tesc forming "bunches" longitudinally along
the beam axis. Its length is chosen to allow maxrmiwnching at the resonant frequency, and
may be several feet long.
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The electrons then pass through a second cavitgdcthe "catcher”, through a similar pair of
grids on each side of the cavity. The functiontdd tatcher grids is to absorb energy from the
electron beam. The bunches of electrons passimgighrexcite standing waves in the cavity,
which has the same resonant frequency as the bunekiy. Each bunch of electrons passes
between the grids at a point in the cycle whendki¢ grid is negative with respect to the
entrance grid, so the electric field in the cawigtween the grids opposes the electrons motion.
The electrons thus do work on the electric fieldd aare decelerated; their kinetic energy is
converted to electric potential energy, increasimggamplitude of the oscillating electric field in
the cavity. Thus the oscillating field in the catclcavity is an amplified copy of the signal
applied to the buncher cavity. The amplified sigsaxtracted from the catcher cavity through a
coaxial cable or waveguide.After passing throughaatcher and giving up its energy, the lower
energy electron beam is absorbed by a "collectectede, a second anode which is kept at a
small positive voltage.

il. Three-cavity Klystron

This is the case where additional cavities are gulabetween the buncher and the catcher
activities. Figure 3.36 shows a three-cavity kiyst As usual, the input signal is fed to the
buncher cavity. But the oscillation is excited lre tmiddle cavity also by the partially bunched
electron stream passing the gép, of the middle cavity. An A.C voltage develops asdhis
middle gapG,, and this voltage in turn acts on the electronestrelhe cavity is slightly detuned
by keeping its resonant frequency slightly the a&dhve signal frequency. Hence causes the
phase of the voltage across gapto be so related to the electron streamGat as to cause
further velocity modulation. This result in incredsvoltage gain and increased efficiency of the
tube. It also becomes possible to increase thevidtid of a klystron amplifier by using
intermediate cavities and keeping them appropyiatidtuned. This is useful in high power
klystron amplifiers used television.

Figure3.36. Three-cavity klystron

3.16.5. Performance of Multicavity Klystron Amplifier

We should understand that the multicavity Klystemmplifiers are principally used as power

amplifiers at frequency of 500 MHz and above. Efincies as high as 40% may be achieved in
muliticavity klystron amplifier by proper choice @.C anode voltage, drift-space length, and
the signal amplitude so as to secure maximum buagchi the catcher cavity gap. Multicavity
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klystron amplifiers may deliver continuous wave powxceeding 30,000 kW at 3000 MHz. The
power gain exceeding 30dB may be obtained in thesaty klystron amplifier. The band with
obtainable in multicavity klystron amplifier exceefiMHz and is, therefore adequate television.
Further, klystron power amplifier maintains excetléinearity of amplifier up to about 80% of
the maximum output power.However, the noise figoklystron tube is large being greater
than 25dB. Accordingly, klystron amplifier is nosad for amplification of weak microwave
signals. For amplification of weak microwave signthle use of travelling wave tubes is we
preferred.

3.17. Semiconductor Substitute

Modern semiconductor technology has effectivelylaegd the reflex klystron and other related
oscillators in most applications. Why? Now, letadkt about Semiconductors as an alternative
briefly.

What is a semiconductor material? This is a mdtéhiat has an electrical conductivity value
falling between that of aconductor, such as cap@erd an insulator, such as glass.
Their resistance decreases as their temperatueases, which is behavior opposite to that of a
metal. Their conducting properties may be alterediseful ways by the deliberate, controlled
introduction of impurities ("doping") into the ctgd structure. Where two differently-doped
regions exist in the same crystal, a semiconductaction is created. The behavior of charge
carriers which include electrons, ions and electrbales at these junctions is the basis
of diodes, transistors and all modern electror8=miconductor devices can display a range of
useful properties such as passing current mordydasone direction than the other, showing
variable resistance, and sensitivity to light oratheBecause the electrical properties of a
semiconductor material can be modified by dopirrgby the application of electrical fields or
light, devices made from semiconductors can be @sedmplification, switching, and energy
conversion. Some useful properties of semicondunttris context include:

i. Variable conductivity - Semiconductors in their natural state are poor gotwds because

a current requires the flow of electrons, and sendactors have their valence bands filled,
preventing the entry flow of new electrons. There several developed techniques that allow
semiconducting materials to behave like conductmajerials, such as doping or gating. These
modifications have two outcomes: n-type and p-typlgese refer to the excess or shortage of
electrons, respectively. An unbalanced number ettedns would cause a current to flow
through the material.

il. Heterojunctions — These occur when two differently doped semicondgctnaterials are
joined together. For example, a configuration caddsist of p-doped and n-doped germanium.
This results in an exchange of electrons and Hmdéseen the differently doped semiconducting
materials. The n-doped germanium would have an ssxad electrons, and the p-doped
germanium would have an excess of holes. The gawsturs until equilibrium is reached by a
process called recombination, which causes theatigy electrons from the n-type to come in
contact with the migrating holes from the p-type.pfoduct of this process is charged ions,
which result in an electric field.

ili. Excited electrons -A difference in electric potential on a semicondugtmaterial would
cause it to leave thermal equilibrium and createoa-equilibrium situation. This introduces
electrons and holes to the system, which interaatav process called ambipolar diffusion.
Whenever thermal equilibrium is disturbed in a smducting material, the amount of holes
and electrons changes. Such disruptions can occua eesult of a temperature difference
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or photons, which can enter the system and crdatér@ns and holes. The process that creates
and annihilates electrons and holes are calledrggoe and recombination.

iv. Light emission - In certain semiconductors, excited electrons cdaxrby emitting light
instead of producing heat. These semiconductorsised in the construction of light-emitting
diodes and fluorescent quantum dots.

v. Thermal energy conversion - Semiconductors have large thermoelectric power
factors making them useful in thermoelectric getoesa as well as high thermoelectric figures of
merit making them useful in thermoelectric coolers.

4.0 Conclusion

Microwave devices can be used to generate UHF defedesignal broadcasting. When greater
power is required, more complex devices must bal.uséso the process of miniaturization
imposes problems at higher frequencies due to higlosver dissipation. Because of these
restrictions alternative designs have been devdlopenong them multicavity magnetrons,
klystrons, reflex klystrons and travelling wave #sb With the advances in technological
applications, you must always look out for the bemmiconductor substitute in place of the
microwave devices owing to the benefits of semicmhor materials.

5.0 Summary

UHF is the radio frequencies in the range betvaf¥hmegahertz (MHz) and 3gigahertz (GHz).
There are factors that affect Ultra-High Frequemssponses such as Lead Inductance and
Internal Capacitances, Grid-To-Plate Capacitance INgut Admittance, Cathode Lead
Inductance and Grid-Capacitance Vs Input Admittanidansit Time Effect in Diodes, Tube
Output Conductance and Tube Condition of Currehe Temedy to power issues in UHF is
presented. The various categories of UHF tube nactgin were discussed such as Single ended
construction, Double ended construction and Disél s®nstruction. The various types of
oscillators for UHF include multicavity magnetroik$ystrons, reflex klystrons , travelling wave
tubes, and semiconductors.

6.0 Tutor-Marked Assignment (TMA)
1. Explain the term UHF and discuss why it is uegdelevision broadcasting?
2. In representing and electron tube, outline tigeentizes that need to be studied.
3. Explain the effect of Input Admittance on Grid-Plate Capacitance. Also, what is the effect
of the Input Admittance and Lead Inductance \ntiernal Capacitances in an UHF system
4. Using the Millman's theorem, derive the tot@iuhadmittance in a Triode amplifier.
5. State the Three factors which limit the rang&eduency of electron tube oscillators.
6. What is Tank Circuit Q?
7. What do you understand by Parasitic Oscillatiod how can this be Suppressed?
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UNIT 4. HIGH IMPEDANCE CIRCUITS
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4.0 Conclusion

5.0 Summary

6.0 Tutor-Marked Assignment (TMA)

7.0 References/Further Readings

1.0 INTRODUCTION

So far we have looked at the communication systesdeinwere we discussed the elemental
models of a communication system. The issue ofenaizalysis and signal computation was
presented. In the communication system, we lookethadulation and types of modulation.

Frequency Modulation and ultra high frequency tuaed oscillators were also studied. These
are all vital in electronic communications systerd¢e shall now consider the concept of
impedance in such systems in this module.

Now, in electronic communication systems, high idg®e implies that a point in a circuit (a

node) allows a relatively small amount of currdmiough, per unit of applied voltage at that
point. High impedance circuits are low current gomatentially high voltage, whereas low

impedance circuits are the opposite (low voltage potentially high current). More accurately,

a high impedance connection has a well-definedeatirfwhich, in many applications, can be
conveniently chosen to be near zero) and a loa$sfiped voltage.

A low-impedance connection has a well-defined \g#téalso chosen to be near zero if possible)

and a loosely-defined current. Also, in digitakiits, a high impedance (also known as hi-Z, tri-
stated, or floating) output is not being driveratty defined logic level by the output circuit. The
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signal is neither driven to a logical high nor Idewel; this third condition leads to the
description "tri-stated”. Such a signal can be sesean open circuit (or “floating" wire) because
connecting it to a low impedance circuit will ndteat that circuit; it will instead itself be pute

to the same voltage as the actively driven oufphis is the basis for bus-systems in computers,
among many other uses.

In analog circuits, a high impedance node is oa¢ does not have any low impedance paths to
any other nodes in the frequency range being ceraid Since the terms low and high depend
on context to some extent, it is possible in ppfeifor some high impedance nodes to be
described as low impedance in one context, andimgledance in another; so the node (perhaps
a signal source or amplifier input) has relativedy currents for the voltages involved.High
impedance nodes have higher thermal noise voltagdsare more prone to capacitive and
inductive noise pick up.

When testing, they are often difficult to probetlas impedance of an oscilloscope or multimeter
can heavily affect the signal or voltage on the eno#igh impedance signal outputs are
characteristic of some transducers (such as crgstllips); they require a very high impedance
load from the amplifier to which they are connecté¢dcuum tube amplifiers and field effect

transistors more easily supply high-impedance mphtin bipolar junction transistor-based
amplifiers, although current buffer circuits or pt@own transformers can match a high-
impedance input source to a low impedance amplifier

This unit will look at high impedance network wigarticular emphasis on two—port network
which is widely used in the communications syste&® shall discuss the characteristic
impedancg, and the propagation coefficiengt$urthermore, Z-parameters, and Y-parameters,
are discussed at elementary level. Practical ex@smglgarding 2-port network interconnectivity
is discussed.

2.0 Objectives

After going through this unit, you should be alde t

understand the concept of impedance

differentiate between different types of impedaalegnents

understand the reason for high input and low outppedance in networks
compare the different transmission line topologies

distinguish between characteristics impedance aopgation constant
derive the various models of two port network

know the importance of using internetworked twot p@twork system
solve mathematical problems on two port networks

AN N N N N NN

3.0 Main Content

3.1. Definition of Impedance

You may ask, what is the meaning of Impedance?

Impedance, denot&f] is an expression of the opposition that an edeatrcomponent, circuit, or
system offers to alternating and/or direct eleattioent. It is a vector (two-dimensional)
guantity consisting of two independent scalar (dmeensional) phenomena:
resistance and reactance.
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Now, Resistance, denot&] is a measure of the extent to which a substapmoses the
movement of electrons among its atoms. The mordyeide atoms give up and/or accept
electrons, the lower the resistance, which is esga®@ in positive real number ohms. Resistance
is observed with alternating current (AC) and alsith direct current (DC). Examples of
materials with low resistance, known as electraalductors, include copper, silver, and gold.
High-resistance substances are called insulatoiedectrics, and include materials such as
polyethylene, mica, and glass. A material with iimtediate levels of resistance is classified as
a semiconductor (See previous unit). Examplesibcers, germanium, and gallium arsenide.

Reactance, denoteq] is an expression of the extent to which an ed@atrcomponent, circuit, or
system stores and releases energy as the currdnvadiage fluctuate with each AC cycle.
Reactance is expressed in imaginary number ohrissoliserved for AC, but not for DC. When
AC passes through a component that contains reagtanergy might be stored and released in
the form of a magnetic field, in which case thectaace is inductive (denotedjX,); or energy
might be stored and released in the form of antrde@ield, in which case the reactance is
capacitive (denotedXxc). Reactance is conventionally multiplied by theifge square root of -

1, which is the unit imaginary number called floperator, to expresZ as a complex number of
the formR + )X, (when the net reactance is inductive)RotjXc(when the net reactance is
capacitive).

The illustration in Figure 4.1(2)shows a coordinptene modified to denote complex-number
impedances. Resistance appears on the horizonsalmaving toward the right.(The left-hand
half of this coordinate plane is not normally uskdcause negative resistances are not
encountered in common practice.).

Inductive reactance appears on the positive imagirexis, moving upward. Capacitive
reactance is depicted on the negative imaginarg, aroving downward. As an example, a
complex impedance consisting of 4 ohms of resigtaared 5 ohms of inductive reactance is
denoted as a vector from the origin to the pointr@enplane corresponding to 45
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Figure 4.1. Polar diagram of complex impedance.
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In series circuits, resistances and reactancesoggdther independently. Suppose a resistance of
100.00 ohms is connected in a series circuit witlnductance of 10.000H?.At 4.0000 MHz, the
complex impedance is:

Zg. =R +jX_ =100.00 4251.33 (4.2)

If a capacitor of 0.0010000Pis put in place of the inductor, the resulting gdex impedance

at 4.0000 MHz is:

Zrc = R-jXc =100.00 {39.789 (4.2)

If all three components are connected in serie=) tthe reactances add, yielding a complex
impedance of:

Zgic = 100 +j251.33 439.789 = 100 $211.5. 4.3)

This is the equivalent of a 100-ohm resistor inesewith an inductor havingj211.5 ohms of
reactance. At 4.0000 MHz, this reactance is presefity an inductance of 8.415 ?H, as
determined by plugging the numbers into the formiola inductive reactance and working
backwards.(See the definition of for this formubnd for the corresponding formula for
capacitive reactance.).

Parallel RLC circuits are more complicated to apalyhan are series circuits. To calculate the
effects of capacitive and inductive reactance ialps, the quantities are converted to inductive
susceptance and capacitive susceptaBusceptance is the reciprocal of reactance. Stat=p
combines with conductancerhich is the reciprocal of resistance, to form ptex admittance,
which is the reciprocal of complex impedance. Ateiimediate electronics text or reference
book is recommended for further study.

3.2. Why high input and low output impedance

This is a very good question regarding the needh Imgut and low output impedance in an
amplifier circuit? Now, high input impedance allowse amplifier circuitto be connected to
many kinds of source devices without concern thatill load down the source. Low output
impedance allows the amplifier to be connected @amyrdifferent kinds of load devices without
concem that its output may be reduced by the Idduigh impedance means that the circuit
draws or provides little power on the signal. Lawpedance means that the circuit draws or
provides more power on the signal.

In general it is a good idea to follow the ruletttiee circuit should have a high input impedance
(so that it can interface correctly with any otlkecuit that may or may not be able to provide
enough power) and a low output impedance (so tmatctrcuit may interface correctly with
another, that draws a lot of input power).

As long as the output impedance of the signalwgelothan the input impedance of the circuit
that the signal is going into, everything works M##nce, it can be opined that we avoid Input
signal voltage attenuation by high impedance atrthat side and at the same time we also avoid
Output current attenuation by lowering the resistaat the output side for optimaloperation of
an amplifier circuitry.
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3.3. Four Terminal Transmission Line Model Elements
3.3.1. High-frequency transmission

High-frequency transmission lines can be definedhase designed to carry electromagnetic
waves whose wavelengths are shorter than or coiipat@ the length of the line. Under these
conditions, the approximations useful for calcwias at lower frequencies are no longer
accurate. This often occurs with radio, microwand aptical signals, metal mesh optical filters,
and with the signals found in high-speed digitaicwits. Figure 4.2 shows the schematic
variations for a typical transmission line.

Figure 4.2. Transmission line Schematics.

In electronic communications, a transmission Igea specialized cable or other structure
designed to conduct alternating current of raddgdiency, that is, currents with a frequency high
enough that their wave nature must be taken intmwad. Transmission lines are used for
purposes such as connectingradio transmittersem@ivers with  their antennas,
distributing cable television signals, trunk limesiting calls between telephone switching
centers, computer network connections and highdspemputer data buses. This section covers
two-conductor transmission line such as parallak liladder line), coaxial cable, stripline,
and microstrip. For the purposes of analysis, aetetal transmission line can be modeled as
atwo-port networkshown in Figure 4.3.

o= Transmission line —o
Port A 7 Port B

Figure 4.3 Electrical transmission line

Let us say that the network is assumed to be liigarthe complex voltage across either port is
proportional to the complex current flowing intowhen there are no reflections), and the two
ports are assumed to be interchangeable. If tihertission line is uniform along its length, then
its behavior is largely described by a single patem called the characteristic impedance,
symbol 4. This is the ratio of the complex voltage of aegi wave to the complex current of
the same wave at any point on the line as showfigare 4.4. Typical values ofpare 50 or
75 ohms for a coaxial cable, about 100 ohms fovistéd pair of wires, and about 300 ohms for
a common type of untwisted pair used in radio tmassion.
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Figure 4.4. Electrical transmission line depictaigracteristic impedance

When sending power down a transmission line, iisgally desirable that as much power as
possible will be absorbed by the load and as kitigpossible will be reflected back to the source.
This can be ensured by making the load impedanceal éq %, in which case the transmission
line is said to be matched.

Some of the power that is fed into a transmissioa ils lost because of its resistance. This effect
is called ohmic or resistiveloss (e.g. ohmic hegtinAt high frequencies, another effect
called dielectric loss becomes significant, addinghe losses caused by resistance. Dielectric
loss is caused when the insulating material infigetransmission line absorbs energy from the
alternating electric field and converts it to hgag. dielectric heating). The transmission lige i
modeled with a resistance (R) and inductance (L)sémies with a capacitance (C) and
conductance (G) in parallel. The resistance anddwctiance contribute to the loss in a
transmission line.The total loss of power in a drarssion line is often specified
in decibels per metre (dB/m), and usually depends tloe frequency of the signal. The
manufacturer often supplies a chart showing the iloslB/m at a range of frequencies. A loss of
3 dB corresponds approximately to a halving ofgbeer.

3.3.2. Characteristics Impedance

As you can see from Figure 4.4, energy travels galantransmission line in the form of an
electromagnetic wave, i.e., the wave set up bystbeal source known as incident (or forward)
wave. It is only when the load impedance at theik@étg end is a reflectionless match for the
line will all the energy be transferred to the lo#idrefelctionless matching is not achieved,
energy will be reflected back along the line in them of a reflected wave (hence, the name
reflectionless matching). Because of the distributature of a transmission line, the question
may be asked: Precisely to what impedance mudb#tebe matched? This can be answered by
considering a hypothetical line, infinite in lengid for which no reflection can occur, since the
incident wave never reaches the end. The ratioafimum voltage to maximum current at any
point on such a line is found to be constant, thatndependent of position. We have earlier
called this the characteristic impedangeNbw, if a finite length of line is terminated inl@ad
Z;=Z,, this will appear as an infinite line to the inem wave since at all points, including the
load termination, the ratio of voltage to currernlt equal Z,. Thus, the characteristic impedance
of a transmission line is the ratio of voltage torent at any point along the line on which no
reflected wave exists.

With a sinusoidal signal of angular frequeneyad/sec, the characteristic impedance in terms of
the primary constants is given as
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Zo = G+jwC (4.4)
At low frequency such that R>®C, the expression foZ, reduces to

R
Zo= |7 Q (4.5)
and at high frequencies such that Ri<and G<<wC, it becomes

L
ZO = - Q (46)

C

From Equ.4.4 to 4.6, it is obvious that each lingtivalue is purely resistive (there is no
coefficient) and independent of frequency. Betwterse limits, Z, is complex and frequency
dependent. It is known that for most practical ding is capacitive. However, above a few tens
of kilohertz for two-wire lines and a few hundreitbkertz for coaxial lines, the high-frequency
approximation for Z, is sufficiently accurate for most practical puressSee reference for
detailed mathematical models for transmission lines

3.4. Special cases of lossless transmission lines
3.4.1. Half wave length

For the special case whef3¢ = nt where n is an integer (meaning that the lengtithefline is
a multiple of half a wavelength), the expressiatuees to the load impedance so that

Zin=72. 4.7)

For alh. his includes the case whn = 0, meaning that the length of the transmission ige
negligibly small compared to the wavelength. The/sptal significance of this is that the
transmission line can be ignored (i.e. treated\@se) in either case.

3.4.2. Quarter wave length

For the case where the length of the line is oretguwavelength long, or an odd multiple of a
guarter wavelength long, the input impedance besome

72
Ziy = =2

mn ZL
3.4.3. Matched Load

As you can see from Figure 4.5, another specia sawhen the load impedance is equal to the
characteristic impedance of the line (i.e. the limenatched), in which case the impedance
reduces to the characteristic impedance of theslngnat

Z, =V, =2, =2, =Z,,Forall £and allA.

(4.8)
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Figure 4.5. Electrical transmission line depictatgracteristic impedance
3.4.4.Short Circuit

For the case of a shorted lagd= 0, the e input impedance is purely imaginary anerogic
function of position and wavelength (frequency)

Zin(f) = —jZ,tanB?), (4.9)
3.4.5.0pen Circuit

For the case of an open load (Zg.= ), the input impedance is once again imaginary and
periodic.

Zin(f) = —jZ,Cot(B?). (4.10)
3.4.6. Stepped Transmission Line

A stepped transmission lineis used for wide ranggedance matchingt can be considered as
multiple transmission line segments connected mesewith the characteristic impedance of
each individual element to g, ias shown in Figure4.6.

z, z, z, Z,
Input /W
ZO " " "I

Figure 4.6. Impedance of Stepped Transmission Line.

The input impedance can be obtained from the sst@application of the chain relation
Ziy jzq,itan (Biti)
Zit jzq,itan (Bify)

Wherep; = is the wave number of theh transmission line segment afislis the length of the
segment that loads tl¢h segment.

Ziy1 = Zy,; (4.11)
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3.5. Types of Transmission Lines

We shall now introduce practical examples of typit@nsmission lines. Some classical
examples includesoaxial cable, microstrip, stripline, balanced $inevisted pair, star quad
twin-lead, lecher lines and single-wire lines. Tdesould be synthesized into a two port
networks. These are used widely in electronic comoation systems. The most critical
attributes of these type of network are the charatic impedance, and the propagation
coefficienctsy. the characteristic impedancg, is defined as the input impedance of an infinite
number of two port networks in cascade while theppgation coefficient explains the natural
logarithm of the ratio of the input and output eums of a network terminated on an iterative
fashion at both ends.The iterative impedance wafcagort network is best defines as the value of
the impedance measured at one pair of terminalenwine other pair of terminals is terminated
with an impedance of the same value as depictéwhure4.12.

o o ¢ , o o o o 02
Ly =Ly 7 D 7 7} =7
1t i, 20 =Lt

) |

o ¢ | i ¢ ¢ ¢ o L

Figure 4.12. Iterative impedancg 2nd Iterative impedanceZof a 2-port network.

The image impedancepZ and %, of a two port network are those impedances suahitione

of them, say Z@is connected across terminals,2Ben the impedance seen when looking in at
terminals 11is equal to the other i.e. oZ Likewise if Z; terminates terminal 11then the
impedance seen looking in at terminals 822, Figure 4.13explains this scenario.

1

¢ 2 ’1 '

)

o < 2 o < |

1

Figure 4.13. Image impedance of a 2-port network.

By a new definition image impedances can be deragdhe two terminating impedances which
are such that when they are simultaneously contettiethe appropriate terminals of the
network, each terminating impedance is equal tartipedance presented to it.

3.6. Insertion Loss
Another interesting concept here is the insertiossl Basically, when a network is inserted
between a generator and load, there is a losswémpm the load due to the mismatch between
the generator and the network. There is also a dbgmower between the network and load
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leading to an attendant attenuation through thevort The loss is called the insertion loss. If
Piis the power in the load without the network inedrandP; is the power in the load while the
network inserted, then, the insertion loss is afias

Insertion loss =1010g% dB = ZOIOg% orZOIOg;—1 (4.12)
2 2 2

3.7. Two-Port Network Representations
A general two-port network is shown in Figure 4.Hbwever, we can look at the two-port
network in a more simplified perspective. A two-paetwork is an circuit with two pairs of
terminals to connect to external circuits. Two teras constitute a port if the currents applied to
them satisfy the essential requirement known agptinecondition: the electric current entering
one terminal must equal the current emerging froenother terminal on the same port. The ports
constitute interfaces where the network connectsher networks, the points where signals are
applied or outputs are taken. In a two-port netwoften port 1 is considered the input port and
port 2 is considered the output port.The two-petivork model is used in mathematical circuit
analysis techniques to isolate portions of largesudts. A two-port network is regarded as a
"black box" with its properties specified by a nmawf numbers. This allows the response of the
network to signals applied to the ports to be dated easily, without solving for all the internal
voltages and currents in the network. It also afl@imilar circuits or devices to be compared
easily. For example, transistors are often regaedetivo-ports, characterized by their h- which
are listed by the manufacturer. Any linear cirauith four terminals can be regarded as a two-
port network provided that it does not contain adependent source and satisfies the port
conditions.
Examples of circuits analyzed as two-ports arerslt matching networks, transmission lines,
transformers, and small-signal models for transss¢such as the hybrid-pi model). The analysis
of passive two-port networks is an outgrowth ofpeacity theorems first derived by Lorentz. In
two-port mathematical models, the network is désctiby a 2 by 2 square matrix of complex
numbers. The common models that are used are edféor as z-parameters, y-parameters, h-
parameters, g-parameters, and ABCD-parameters,desdibed individually below. These are
all limited to linear networks since an underlymssumption of their derivation is that any given
circuit condition is a linear superposition of vars short-circuit and open circuit conditions.
They are usually expressed in matrix notation, thiey establish relations between the variables
which are shown in Figure 1.
i. Voltage across port 1,
iil. Current into port 1],
iii. Voltage across port 2/,
iv. Current into port 2],

An example of a two-port network with symbol detioms is demonstrated in Figure 4.14.
Notice the port condition is satisfied: the sameent flows into each port as leaves that port.
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+ +
Linear
v, two-port v,
network

Figure 4.14. Two-port network with symbol defiarts.

In this casel; andV; are the input current and voltage, respectivelgoA, andV, are output
current and voltage, respectively. It is assumeat the linear two-port circuit contains no
independent sources of energy and that the ciisuinitially at rest (no stored energy).
Furthermore, any controlled sources within thedmtvo-port circuit cannot depend on variables
that are outside the circuit

The difference between the various models lies hickwvof these variables are regarded as the
independent variables. These current and voltagablas are most useful at low-to-moderate
frequencies. At high frequencies (e.g., microwaegjdencies), the use of power and energy
variables is more appropriate, and the two-porrent+voltage approach is replaced by an
approach based upon scattering parameters.

3.7.1. Z-Parameters
A two-port network can be described by z-paramedsrs

Vi=Z111h + Z514 (4.13)
V=2 +Z5514

In matrix form, the above equation can be rewrigen

4 Zy  Zp || 4,

_ . (4.14
7, Zn In |4,
Thezparameter can be found as follows
Zy, = ‘1’—11 |1,=0
Zip = II/_: |1,=0 (4.15)

Zy = II/_Z |1,=0
1
V;
Zyy = 1_2 |1,=0
2
The z-parameters are also called open-circuit irapee parameters since they are obtained as a
ratio of voltage and current and the parameterebtained by open-circuiting port 2, (= 0) or

portl (,= 0). The following example shows a technique fodihg the z-parameters of a simple
circuit.
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Example 1
For the T-network shown in Figure 4.15, find thparameters.

I z

1 1

L

Figure 4.15.Block diagram of T-Network

Using KVL

Vl = lel+Z3 (11+12)= (Zz+Z3)11+Z312 (416)
Vo = Z 1L+ 25 (I +13)= (Z2)1+ (Z2+Z3)]; (4.17)

Thus

Vil _[Z1+Z3  Z3 ] 11]
VZ] L Zz Zy+ Zs]lL, (4.18)

and the z-parameters are

_[Zi+2Zs  Zs
lZ1=| "¢, ZZ+Z3] (4.19)

3.7.2. Y-Parameters
A two-port network can also be represented usipgrameters. The describingequations are

I =y Vi +y12 V5 (4.20)
[, =y21V1 +y22V2 (4.21)
Where

Vi1 andV; are independent variables and
I; andl, are dependent variables.

In matrix form, the above equations can be rewrids

11] _ [P J’12] Vl]
I, Vo1 Y2211V,

The y-parameters can be found as follows:
I
Vi1 = V_ll |V>=0
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1

V12 :712“/1:0
1

V21 :721“/2:0
i

V22 :722“/1:0

4.22)

The y-parameters are also called short-circuit #dnge parameters. They are obtained as a ratio
of current and voltage and the parameters are fbyrghort-circuiting port 2\ = 0) or port 1
(V1 =0). The following two examples show how to obttiie y-parameters of simple circuits.

Example 2
Find the y-parameters of the pi)(network shown in Figure 4.16.
Yy
b — RE—
+ +
V', Y, Y, V,
Figure 4.16. Pi-Network.
Solution
Using KCL, we have
L =Viya+ (Vi =V2)yp =Vi(ya +¥yb) = Voo (4.23)
I =Vye + (V2 =Vi)yp = —Vayp + V2 (Vb +¥e) (4.24)

Comparing Equ. (4.23) and (4.24) to Equ. (4.20) @nl), the y parameters
are

_[YatY, Y
M1=1"_y" v+v, (4.25)
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Example 3
Figure 13 shows the simplified model of a fieldeefftransistor. Find its yparameters.

|, —— — |

1 r 2
C, +

<
v, ~ C, eV, 2V, v,

Figure 4.17.Simplified Model of a Field Effect Tsistor

Using KCL,

Comparing the above two equations (4.20) and (4tB&)y-parameters are given by

Il - Vlscl + (Vl - V2)5C3 - Vl(Scl + SC3) - V2 (_SC3) (426)
L, =V, + g Vi + (V2 —V)sCs =Vi(gm —sC3) +V, (Yo+sC3) (4.27)

_[sCy +sG5 —sC3

[Y] - gm - SC3 YZ + SC3 (428)

3.7.3. H-parameters
A two-port network can be represented using thataspeters. The describingequations for the
h-parameters are given | Equ. 4.29 and 4.30.

Vi =hy; ) +hypVy (4.29)
12 = h2111 + h22V2 (430)
Where

I, andV; are independent variables and
Vi andl, are dependent variables.
In matrix form, the above two equations become £Gu1.

al =l wlln) (31
The h-parameters can be found as follows:

hii = 11/_11 |V.=0 (4.32)
hy, = Z— IL,=0

hay = 21V,=0

hyp = ;— |L,=0

251



The h-parameters are also called hybrid parametarse they contain bothopen-circuit
parametersl{ = 0 ) and short-circuit parametek € 0 ). Theh-parameters of a bipolar junction
transistor are determined in the example below

Example 4
A simplified equivalent circuit of a bipolar junoh transistor is shown in Figurel4, find its h-
parameters.

Z

V, @ Bl Y, v,

Figure 4.18.Simplified Equivalent Circuit of a Bipo Junction Transistor

Solution

Using KCL for port 1,

Vi=1L7, (4.33)

Using KCL at port 2, we get,

L =pL+Y,V, (4.34)

Comparing the above two equations to Equation®}4ad (4.30) we get the h-parameters.
Z, 0

m=3 v (4.35)

3.7.4. Transmission parameters
A two-port network can be described by transmispiarameters. The describingequations are

Vl = a11V2 = a1212 (436)
Il = a21V2 = a2212 (437)
Where

V, andl, are independent variables and
V1 andl; are dependent variables.

In matrix form, the above two equations can be itgsvr as

Vl] _ [all alz] [ Vs ]
I az1  Qq2l|—1,
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The transmission parameters can be found as
a, =2 |I,=0
11 — Vs 2=
Vi —
Ai2 =~ |V,=0
I 2
-
az1 = v |1,=0

Iy —
Qaz2 = _1—|V2— 0
2

The transmission parameters express the primangifsg end) variable®iandl; in terms of the
secondary (receiving end) variabMsand- |, . Thenegative off; is used to allow the current to
enter the load at the receivingend. Examples5 slsome techniques for obtaining the
transmissionparameters of impedance and admittateeorks.

Example 5
Find the transmission parameters of Figure 4.19.

z

1

1

Figure 4.19. Simple Impedance Network
Solution
By inspection,
I, = -1, (4.38)
Using KVL,
Vy = Vy+Z, 1, (7.43)
Since I; = —1,, Equ (4.39) becomes
Vy = V,-Z,1, (4.40)
Comparing Equations (4.39) and (4.40) to Equat{dr9) and (4.30), wehave

a1=1; a,,=1;a,,=0;a,,=1 (4.41)
3.8. Interconnection Of Two-Port Networks
So far, we have seen various configurations of tiwe port network. However, two-port

networks can be connected in series, parallel scadke. Figure4.20 shows the various two-port
interconnections.
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1 + + L]
* ".-"1 _ [2]1 _ Vz +
Vi v,
LU + + n -
: v, ; [£], ) vy
(a) Series-connected Two-port Network
|, —= ) —» — | — |,
+ +
v, [Y1, Va
N .
|1“—."' -— |2l|
[,
(b) Parallel-connected Two-port Network
, — L, l, —»
+ + +
v, [Al, v, [Al, vy
(c ) Cascade Connection of Two-port Network
Figure 4.20. Interconnection of Two-port Network} $eries (b) Parallel (c ) Cascade
It can be shown that if two-port networks with zgraeterfZ],,[Z],,[Z]5, .oeovvviennnenn. ,
[Z],are connected in series, then the equivalent twpp@rameters are given as
[Z]eqg =[2]1 + [Z]5,+[Z]5, + ...+ [Z], (4.42)
If two-port networks with y-parametéi§],[Y1],,[Y]5, coovoeevvvennennnn. ,[Y],..., , are connected in
parallel, then the equivalent two-port y-parameteesgiven as
[Yleg =[Y]y + [Y]o#[Y]5, + ...+ [V, (4.43)
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When several two-port networks are connected ircaths and the individualnetworks have
transmission parametefd]; = [A], + [4]s......+. [A],,,then the equivalent two-port parameter
will have a transmission parameter given as

[Aleq = [Aly * [Al * [l * ........ * [Aln (4.44)

We shall now use an example to illustrate the dateation of the equivalent parameters of
interconnected two-port networks.

Example 6
Find the equivalent y-parameters for the bridgeetwork shown in Figure4.21
Z,
, —» “ 2 «—
+ +
W Z, A"
T
Figure 4.21.Bridge-T Network

Solution

The bridge-T network can be redrawn as shown inr€ig.22.

N2
Figure 4.22. An Alternative Representation of Bedg Network
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From the previous cases in Example 1, the z-paemet network Mare
_[Z1+ 2, Zs

lZl=1"2," z,+2,
We can convert the z-parameters to y-parametersvarget
_ 22+Z3
Y11 = Z1Z2+Z1Z3+Z5 75 (4.45)
_ —Z3
N2 = 74707, (4.46)
_ —Z3
Vo1 = g it 254 257, (4.46)
— Zl+ Z3
Vo2 = Ty 21 2a4 275 (4.47)
From Example 5, the transmission parameters ofar&tW;are
a1 =112 =201, =24 ;031 =0;a3, = 1.
We convert the transmission parameters to y-paesetid we
get
1
Y = (4.48)
1
Y1z =~ - (4.49)
1
Ya1 =~ (4.50)
1
Ya2 = o (4.51)
Using Equ. (4.48) to (4.51) the equivalent y-parearseof the bridge-T network, we now have
1 Zy+75
Vi, =5~ T
VARV AVAL YAVAS YAV
1 Zsq
S R Y
1 Zsq
Yoleo = T 7, T 712,472,254 2425
1 Z1+Z,

-4
Yazeq = 7 T 7 7471 Zst 2y,

5.0Conclusion

High impedance network is very important in comneatipn systems. A good understand of
circuit impedance as well as the different typesmedance elements have been explained. In
communication systems, we have analyzed the reasdngh input and low output impedance.
Transmission line topologies, characteristics ingme#@ and propagation constant in
communication network have been simplified.
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The various models of two port network and thermaévorked two port network system has
been well established while deriving mathematcatlels for two port networksproblems

6.0 Summary

e A two-port network is an electrical network (cirfuior device with twopairs of
terminals to connect to external circuits.

e Two terminals constitute a port if the currents leggp to them satisfy the essential
requirement known as the port condition: the elecurrent entering one terminal must
equal the current emerging from the other termomaithe same port.

e The ports constitute interfaces where the networknects to other networks, the points
where signals are applied or outputs are taken.

e In a two-port network, often port 1 is considerkd tnput port and port 2 is considered
the output port.

e Examples of circuits analyzed as two-ports arerslt matching networks, transmission
lines, transformers, and small-signal models fansistors (such as the hybrid-pi model).
The analysis of passive two-port networks is argamwth of reciprocity theorems first
derived by Lorentz.

6.0 Tutor-Marked Assignment (TMA)

e Define the concept of Impedance in a communicasgatem.If ina series circuit,
resistances and reactances add together indepBndaigpose a resistance of 120.00
ohms is connected in a series circuit with an italuce of 100.000H? At 54MHz, show
the complex impedance. Give the impedance when pactdar of 0.0010000F is
introduced.

Explain the objective of high input and low outfmpedance in a circuit.

Briefly describeCharacteristics Impedance and insertion loss.

List 5 examples of typical transmission lines whiempedance effects are visible.

With a well labeled diagram, show a:

- Series-connected Two-port Network
- Parallel-connected Two-port Network
- Cascade Connection of Two-port Network
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Module 4 Demodulation systems ind€tronic Communication
UNIT 1 AM DETECTION AND DEMODULATIO N STRATEGIES

1.0 Introduction
2.0 Obijectives
3.0 Main Content
3.1 What is Modulation?
3.2 Classification of Detection devices

3.2.1. Square Law Diode Detector
3.2.2. Linear Diode Detector

3.3 AM Demodulation Methods
3.3.1 Envelope detector

3.3.1.1. Envelope detector advantages

3.3.1.2. Envelope detector disadvantages

3.3.2 Product Detector

3.3.2.1.Advantages of Product Detector

3.3.2.2. Drawbacks of Product Detector

3.3.2.3. Simple Product Detector Mathematical Model
3.4 Time RC Constant in linear Diode Detector

3.5 RC Time constant analytical derivation

3.6 Distortion in Linear Diode Detector
3.7. Linear Diode Detector with filter

4.0 Conclusion

5.0 Summary

6.0 Tutor-Marked Assignment (TMA)

7.0 References/Further Readings

1.0 INTRODUCTION

We want to establish here that in the Unit 1 of Miedl, we did not properly highlight the
limitations of AM. We shall look at this constraimt this module. Now, one disadvantage of all
amplitude modulation techniques (not only standaM) is that the receiver amplifies and
detects noise and electromagnetic interferencejuraleproportion to the signal. For this reason,
AM broadcast is not favored for music and high Higebroadcasting, but rather for voice
communications and broadcasts (sports, news, aalio retc.). Another disadvantage of AM is
that it is inefficient in power usage; at least #thads of the power is concentrated in the carrier
signal. The carrier signal contains none of theional information being transmitted (voice,
video, data, etc.).

However, its presence provides a simple means ofodalation using envelope detection,
providing a frequency and phase reference to exinreacmodulation from the sidebands. In some
modulation systems based on AM, a lower transmyttaver is required through partial or total
elimination of the carrier component, however reees for these signals are more complex and
costly. The receiver may regenerate a copy of Hreer frequency (usually as shifted to the
intermediate frequency) from a greatly reducedtpskrier (in reduced-carrier transmission or
DSB-RC) to use in the demodulation process. Eveh thie carrier totally eliminated in double-
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sideband suppressed-carrier transmission, caggamneration is possible. However, this doesn't
work for single-sideband suppressed-carrier trassion (SSB-SC).But Single sideband is
nevertheless used widely in amateur radio and athiee communications both due to its power
efficiency and bandwidth efficiency (cutting the REndwidth in half compared to standard
AM).

On the other hand, in medium wave and short waeadwasting, standard AM with the full
carrier allows for reception using inexpensive neees. The broadcaster absorbs the extra power
cost to greatly increase potential audience.

In Section 3.1, we shall elaborate the exact megarof demodulation as applied to
communication systems in general. You will learr tharious classifications of detection
methods such as square law diodes, and linear det@etors. You will be exposed to sources of
distortion in linear diode detector as well as theice of time constant in linear diode detector
among other things.

2.0 Objectives

After going through this unit, you should be alde t

explain the concept of demodulation with respegdneral communication systems.
distinguish Square Law Diode Detector from Lineavd2 Detector

derive RC Time Constant analytically.

explain Linear Diode Detector with filter

describe distortion in Linear Diode Detector

AN N N NN

3.0 Main Content

3.1. What is Demodulation?

In other to answer this question, you must undedstthat the process of detection or
demodulation consists in recovering the originadolating voltage from the modulated carrier
voltage. Demodulation is extracting the original formation-bearing signal from a
modulated carrier wave. A demodulatoris an eleatrocircuit that is used to recover the
information content from the modulated carrier waVbere are many types of modulation so
there are many types of demodulators. The signglubdrom a demodulator may represent
sound (an analog audio signal), images (an anadtapv signal) or binary data (a digital
signal).These terms are traditionally used in cotioe with radio receivers, but many other
systems use many kinds of demodulators. For examplke modem, which is a contraction of
the terms modulator/demodulator, a demodulatorsexduo extract a serial digital data stream
from a carrier signal which is used to carry itothgh a telephone line, coaxial cable, or optical
fiber.

Therefore, detection is a process reverse of thelulaton. The detection process is
accomplished by mixing the carrier with the sidebanmponents carrying the intelligence, in a
non-linear device. This mixing process results imsand different frequency terms. Each
sideband beats with the carrier to produce theefft term which is nothing but the original
modulation frequency term.

As far as the mixing operation is concerned, thiec®n process is similar to the modulation
process. Accordingly, similar circuits may be ud$edboth modulation and detection purpose
except for certain differences in the output citedor selection etc. thus in modulation process,
the carrier voltage and the audio frequency modulavoltage are mixed in the modulated
amplifier to produce the sum and the different freracy terms and the output circuit is tuned to
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the carrier frequency so that it responds to theierasideband terms and rejects all other
frequency terms.

There are several ways of demodulation dependingoawn parameters of the base-band signal
such as amplitude, frequency or phase are traresimitt the carrier signal. For example, for a
signal modulated with a linear modulation like AMn{plitude modulation), we can use
a synchronous detector. On the other hand, fogmatmodulated with an angular modulation,
we must use an FM (frequency modulation) demodulaio a PM (phase modulation)
demodulator. Different kinds of circuits perfornetie functions.

Many techniques such as carrier recovery, clockvexy, bit slip, frame synchronization, rake

receiver, pulse compression, Received Signal Stneinglication, error detection and correction,
etc., are only performed by demodulators, althoargy specific demodulator may perform only
some or none of these techniques.Many things caasaa demodulator, if they pass the radio
waves on nonlinearly.

Let us pause for a while and ask ourselves: Wieatlifferent types of demodulation or detection
technigques? We shall now explain the various type%ection 3.2. Owing to the complexities of

the mathematical models associated with this topec shall limit this module to Unit contents

only.

3.2. Classification of Detection devices
In all forms of detection models, there are twoctional classifications or types of detectors.
These are:

i. Square law diode detectors

ii. Linear diode detectors.

In the first instance, the square law diode detaatiizes non-linear (approximately square law)
portion of dynamic current voltage characteristiao electron device. In square law detector,
the current through the detecting device flow cwmusly and hence the behavior of the same
may be conveniently analyzed using a power segjgesentation.

On the other hand, the linear diode detectors lserdctification property of a diode. In this
case, the current in this rectifying diode flowgpinse. The behavior of such a circuit, therefore,
cannot be analyzed using the conventional powelesaepresentation. A linear relation,
however, exists between the detected output volladethe carrier amplitude.

In the previous discussion, we studied the two sypé detection systems found in any
communication model. In context, demodulation iseasially a reverse phenomenon of
modulation existing at the receiving end of the oamication system. We have outlined the two
types of detection systems. Let us now study thesdaypes of detection schemes.

3.2.1. Square Law Diode Detector

This type normally utilizes the non-linear portiof the dynamic-voltage characteristic of a
diode. Remember that every diode has non-lineaamyn characteristics. How the square law
type differs from the linear diode detector is timathis case the applied input carrier voltage is
of small magnitude and hence is restricted to #ue&sively non-linear portion of the dynamic
characteristic, whereas in linear diode detectdgrge amplitude modulated carrier voltage is
applied to the diode and most of the operation dalace over the linear region of the
characteristic.
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Figure 1.1 demonstrates the basic circuit of squawne diode detector. The diode is biased
positively to shift the zero-signal operating poiatthe small current nonlinear region of the
dynamic current-voltage characteristic as shownFigure. 1.2 (a). The capacitor- resistor
combination constitutes the load.

Interestingly, to study the operation of this d&tecwe may consider first, the only resisi®to
constitute the load impedance.

Then, Figure 1.2 (a) gives the dynamic currenttag® characteristic of the diode. Superposition
of modulated carrier voltage on the dynamic charstic is also illustrated in Figure. 1.2 (a).
This results in the output current wave form asashm Figure 1.2 (b).

Since the operation takes places over the nonlinegion of the characteristic, the current
waveform has its lower half compressed. This resunlthe average value of current as shown in
Figure. 1.2 (b). This average current consistssitady or d.c componehy. and a time varying
component at the modulation frequency. The shupactorC by passes all the radio frequency
components leaving only the average componenbte through the load resist® producing
the desired detected-output.

V/

S 1

Modulated C
carrier
Voltage

|
Detected output

4

Figure 1.1. Basic circuit of square law diode detec
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Figure 1.2. Graphical illustration of detectiompess in square law diode detector.

Figure 1.2(a) shows the superposition of modulateder voltage while Figure 1.2(b) shows the
output current of diode detector with over the dygitacharacteristic of diode resistance load. It

worthy to mention that the dynamic current-voltagearacteristic obeys approximately the
square-law relation as shown below.

g = 0.V, +ay.v2 (1.1)

Wherei, is a.c. anode current? and anode voltage given by

v, = V. [1+ m, cosw,t] (1.2)
and contains terms in frequencieqw, + w,,) and @, — wy,).

Evidently the second term in Equ. (1.1) gives terfiequencies @c 2(w, + w,)

2(w, — wy)wypandw,, the R.F. terms bypassed through shunt capa€itevhereas terms in
frequenciesw,,and2, ~are developed across the load resistorthe term in frequency
wmconstitutes the desired output whereas the tefrequency2,, forms the distortion term.
Having established the anode voltage in Equ. t& How look at the linear diode detector.

3.2.2. Linear Diode Detector

It might interest you to know that the linear diodietectors are popularly used in commercial
radio receivers. However, a linear diode deteatorshtisfactory operation requires modulated
carrier voltages of 5volts or more. With such hagrrier voltage, the cut-in voltagé of the
diode may be neglected and the operation may bsidened to be taking place over essentially
linear region of the dynamic current- voltage chteastic of the diode. With small carrier
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voltage, operation takes place over the excessivehfinear region of the characteristic giving
square law detection with associated distortion.

AN A
fl}n" Current pulses through D1
4 5 D]. i e .":‘;-\'":’Iﬂ-‘.:\_\.'?'-:_\.
1 Rl C1 L e R T
AM signal 7 Demodulated
(Modulated input) 1 L | D

RF Detector Crromt

Figure 1.3_._Operation of linear diode detector.

There is a superposition of modulated carrier g&tan the lineai, — v, characteristic of a
diode while generating an output voltage of lingiade detector with capacitor C.

Linear detector utilizes the rectification charastic of a diode.Figure 1.4 gives the idealized
linear dynamic current-voltage characteristic @f thode detector. The modulated carrier voltage
is applied to the series combination of diode dmlbad impedance consisting of resistaon
shunt with capacitor C. Since applied voltage idanfe magnitude, the operation takes place
essentially over the linear region of the dynamiaent-voltage characteristic of the diode. At
this point, it is important we look at the envelbgtector.

3.3. AM Demodulation Methods

You will recall that an AM signal encodes the infa@tion onto the carrier wave by varying its
amplitude in direct sympathy with the analogue alda be sent. In this regard, there are two
methods used to demodulate AM signals:

3.3.1. Envelope detector

AM signal demodulation using envelope detectomie method. Now, an envelope detector is an
electronic circuit that takes a high-frequency aigas input and provides an output which is
the envelope of the original signal. The capagitothe circuit stores up charge on the rising
edge, and releases it slowly through the resiskmmw the signal falls. The diode in
series rectifies the incoming signal, allowing emtrflow only when the positive input terminal
is at a higher potential than the negative inpuhieal.

Most practical envelope detectors use either halfevor full-wave rectification of the signal to
convert the AC audio input into a pulsed DC signgiltering is then used to smooth the final
result. This filtering is rarely perfect and sonrgple” is likely to remain on the envelope
follower output, particularly for low frequency iafs such as notes from a bass guitar. More
filtering gives a smoother result, but decreasesdisponsiveness; thus, real-world designs must
be optimized for the application.For the diode dete diagram shown in Figure 5.4, this
represents the simplest form of envelope detector.
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Figure 1.4. Simple envelop detector with demoddlamtput voltage

Now, a diode detector is simply a diode betweenripat and output of a circuit, connected to a
resistor and capacitor in parallel from the outplthe circuit to the ground. If the resistor and
capacitor are correctly chosen, the output of dmsuit should approximate a voltage-shifted
version of the original (baseband) signal. A simipter can then be applied to filter out the DC
component.

You can now remember that the envelope detectviesry simple method of demodulation that
does not require a coherent demodulator. It caneisan envelope detector that can be a rectifier
(anything that will pass current in one directionlyp or other non-linear component that
enhances one half of the received signal over tier @and a low-pass filter. The rectifier may be
in the form of a single diode or may be more compMany natural substances exhibit this
rectification behavior, which is why it was the lesst modulation and demodulation technique
used in radio. The filter is usually an RC low-pggee but the filter function can sometimes be
achieved by relying on the limited frequency regmof the circuitry following the rectifier.
The crystal set exploits the simplicity of AM modtibn to produce a receiver with very few
parts, using the crystal as the rectifier and thitdd frequency response of the headphones as
the filter.

An envelope detector can be used to demodulate\aopisly modulated signal by removing all
high frequency components of the signal. The camaaind resistor form a low-pass filter to
filter out the carrier frequency. Such a deviceoften used to demodulate AM radio signals
because the envelope of the modulated signal is&gut to the baseband signal.

Mathematically, any AM or FM sign&l(t) can be written in the following form

X(t) = R(t)Cos(wt + ¢(t)) (1.3)

In the case of AMgp(t) (the phase component of the signal) is constaditcan be ignored. In
AM, the carrier frequeneyis also constant. Thus, all the information in thEl signal is

inR(t). R(t)is called the envelope of the signal. Hence, ansidal is given by the function

X(t) = (C+m(t))Cos(wt)) (1.4)

With m(t)representing the original audio frequency messadglee carrier amplitude
andR(t)equal t@ + m(t). So, if the envelope of the AM signal can be estad, the original
message can be recovered.

In the case of FM, the transmitted signal hasrstamt envelop&(t) = Rand can be ignored.
However, many FM receivers measure the envelopavanyfor received signal strength
indication.
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We shall look at the advantages and disadvantdgesliode envelope detector below. We have
established previously that the AM diode enveloptector has been available for many years
and has been widely used. Although amplitude maddulas used less these days, and other
forms of AM detector can be easily incorporatedo iimtegrated circuits, the simple diode
detector still has some advantages.

3.3.1.1. Envelope detector advantages:

e Low cost: The diode detector only requires the afse few low cost components. This made
it ideal for use in transistor (and valve / vacutuilme) radios using discrete components.

o Simplicity: Using very few components, the Diode Alddtector was easy to implement. It
was reliable and did not require any setup.

3.3.1.2. Envelope detector disadvantages:

« Distortion: As the diode detector is non-lineaintroduces distortion onto the detected audio
signal.

o Selective fading: One of the issues often expegd on the short and medium wavebands
where the AM transmissions are located is thateddive fading. The diode envelope
detector is not able to combat the effects ofithihe way that some other detectors are able,
and as a result, distortion occurs when selectidenf) occurs.

o Sensitivity: The diode detector is not as sevesiis some other types. If silicon diodes are
used, these have a turn on voltage of around 0§ @s a result, germanium or Schottky
diodes are used which have a lower turn on voltdgound 0.2 to 0.3 volts. Even with the
use of the Schottky diode, the diode envelope tmtestill suffers from a poor level of
sensitivity.

Other drawbacks of the envelope detector include:

e The input to the detector must be band-pass fdtareund the desired signal, or else the
detector will simultaneously demodulate severahalg. The filtering can be done with a
tunable filter or, more practically, a superhetgrareceiver

e Itis more susceptible to noise than a productatete

o If the signal is overmodulated, distortion will acc

Most of these drawbacks are relatively minor and asually acceptable tradeoffs for the
simplicity and low cost of using an envelope dedect

3.3.2. Product Detector

It its simplest termaproduct detector is a type of demodulator usedAMrand SSB signals.
Rather than converting the envelope of the sigmal the decoded waveform like an envelope
detector, the product detector takes the produtch@fmodulated signal and a local oscillator,
hence the name. A product detector is a frequenxgrm

Kindly note that the product detectors can be desgigto accept either IF or RF frequency
inputs. A product detector which accepts an IF a@igymould be used as a demodulator block in
a superheterodyne receiver, and a detector desifpre®RF can be combined with an RF
amplifier and a low-pass filter into adirect-corsien receiver.This type multiplies the
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incoming signal by the signal of a local oscillateith the same frequency and phase as the
carrier of the incoming signal. After filtering,gloriginal audio signal will result. You must note
that the SSBis a form of AM in which the carrisr reduced or suppressed entirely, which
require coherent demodulation. The simplest formrotiuct detector mixes (or heterodynes) the
RF or IF signal with a locally derived carrier (tBeat Frequency Oscillator- BFO) to produce an
audio frequency copy of the original audio signad @ mixer product at twice the original RF or
IF frequency. This high-frequency component cam the filtered out, leaving the original audio
frequency signal.

3.3.2.1.Advantages of Product Detector

We shall now outline the merits and demerits of gneduct detector/demodulator scheme.
Interestingly, the product demodulator has someaathges over an envelope detector for AM
signal reception. Now,

e The product demodulator can decode overmodulatechAMAM with suppressed carrier.

o A signal demodulated with a product detector walé a higher signal to noise ratio than the
same signal demodulated with an envelope detector.

e The envelope detector is a simple and relativegxpensive circuit, and it can provide
higher fidelity, since there is no possibility ofistuning the local oscillator. A product
detector (or equivalent) is needed to demodulai Sghals.

3.3.2.2. Drawbacks of Product Detector
Although this simple detector works, it has two orajrawbacks:

o The frequency of the local oscillator must be thmes as the frequency of the carrier, or else
the output message will fade in and out in the c&eVl, or be frequency shifted in the case
of SSB

e Once the frequency is matched, the phase of camest be obtained, or else the
demodulated message will be attenuated, but ths= waill not be.

e The frequency of an AM carrier can be accuratelgmheined with a phase-locked loop, but
for SSB, the only solution is to construct a higlsiable oscillator which has its own
tradeoffs.

3.3.2.3.Simple Product Detector Mathematical Model

We can now express the product detector matheriatozow.

Now, If x(t) = (C + m(t))Cos(wt).

Multiplying the AM signalx(t) by an oscillator at the same frequency as andase with the
carrier component yields

y(t) = (C + m(t))Cos(wt)Cos(wt), (1.5)
This can be re-written as
y(t) = (C + m(t))(% +%Cos(2wt), (1.6)
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After filtering out the high-frequency componensbd arounCos(2wt) and the DC component
C, the original message will be recovered

It must be noted that a coherent demodulator isAté~M type used for recovering the phase
modulation from an input intermediate frequencynaig This includes a phase locked loop
having switchable frequency and phase detectorsin®unitial acquisition the phase locked
loop frequency is adjusted to be equal to the inpetmediate frequency by comparing the loop
frequency with the input frequency in the frequedeyector and using the resulting error signal
to adjust the loop frequency.

After acquisition the phase detector maintains ldogp frequency phase locked to the input
frequency by now using the resulting error sigoadjust loop frequency phase, the error signal
from the phase detector being the recovered phaslelation. A second control loop includes a
narrow pass filter tuned to the desired frequerfdh® loop frequency. The error signal from the
second loop is summed with the first mentioned resignal to precisely maintain loop
frequency.

Coherent systems need carrier phase informatidimeateceiver and they use matched filters to
detect and decide what data was sent, while noereah systems do not need carrier phase
information and use methods like square law tovecthe data.

3.4. Time RC Constant in linear Diode Detector

From Section 3.2.2., one might wish to know the liogtion of keeping the time constant RC

either too high or too low? Of course the time ¢anscannot be kept either too high or too low.
If the time constant RC is very low, the dischargasve during the no conducting period is

almost vertical resulting in large fluctuationsan output voltage. On the other hand, if the time
constant RC is very large the discharge curve n®al horizontal and it then misses several
peaks of the rectified output voltage during negapeaks as shown in Figure 1.5. Hence, with
high time constant RC, the circuit cannot handigdadepths of modulation and the signal gets
clipped at the negative peaks.

DISCHARGE CURVE WiTH
HIGH TIME CONSTANT

- r{.:lﬁx;h{\:hh o

E-? .":- LA e = — .J "'"'J o — S - L
Figure. 1.5. Effect of high time constant on thefigrenance of the linear diode detector.
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We can now concluded that the time constant usedldtbe as large as possible subject to the
provision that the clipping during negative peaksnodulated voltage enveloped does not take
place. The maximum allowable value of time constansuch that the rate of discharge of
capacitorC is the same as the rate of decrease of the madulahvelope. This maximum
possible value of the time constant may be detexdhanalytically below.

3.5. RC Time Constant Analytical Derivation

Having understood the implication of tR€ time constant in Section 3.4, we can now show the
useful analytical model. But recall that the equratior the envelope of the modulated voltage is
given by,

v=V.[1+mycosw,,t] a.7)
Wherew,,is the maximum modulating frequency permissible

The slope of the envelope is then given by,

% = —V.wpy.mg Sinw,,,¢ (1.8)

At any timet = t,the value of envelope voltage is given by,

V, =V, [1+ wg coswpyt,] (1.9)

and the corresponding slope is given by

(ﬂ) = —w,m,V.sin w,,t, (2.10)
at/¢=t,

Let timet,be the instant when the capacijust starts discharging through the resigor
Eventually at = t,, capacitor is charged to a voltaggequal to the envelope voltage.
Then,vko: Vo=V, [1+mg cos wmty] (111)

At any subsequent timg the exponential decay of voltaggacross the capacitor takes place
according to the constaRtC and the voltage, across capacitdr is given by,

vy = vy € ETt)IRC (1.12)
The rate of change afis given by,
% = — v, % (1.13)
At time t = t, the rate of change of voltage across the capasitgiven by,

dy 1 1
(d_tk)t—t = ——=Vk, = ~ 7z Ve [1 4+ mg coswpt,] (1.14)

If clipping is to be avoided, at time = t,the slope of capacitor voltage,should be
algebraically equal to or less than the slope oétape voltage.

Then,
— R_1CVC [1+ mg coswpt,] < — Vow,,m,sinwy,t, (1.15)
iVC [1+mg coswy,t,] = Vw,m, sinw,t, (1.16)

RC
i.e., at timet = ¢, the rate of decay of capacitor voltage shoulddpgakto or greater than the

rate of decay of envelope voltage.

1 mg sin wmty

e 2 Oma (1.17)

The most severe condition imposed on thkies of time constankC is when the quantity

m,Sinw,ty/(1 + mycosw,,t,) IS a maximum. The condition under which this frawctis
maximum is obtained by equating to zero the tinbe change of this fraction i.e.

d [ mgsinont, ] —0 (118)

dt L1+mg cos wmty
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Equ. (1.18) yields,
COSW¢y= —m, (2.19)

' 1.20
Smw%:\/?mﬁ ( )
Hence, Equ. (1.17) reduce to,
L > w,,m —“ng
= MU tma(-me)
1 mg

L >, e (1.21)

1-m3

As the modulation indexn, increase, the ratie\/m—iincrease and hence requirementRaf
1-m3
- m

becomes more sever. Thus, when the modulation appes 100%, the ratrj»:approaches

1-m2

infinity. With zero time contain, carrier frequencgmponents are not filtered out and then the
output constants the modulation frequency as veetlaarier frequency components.

The above analysis results in Equ. (11.21) whislegithe maximum permissible value of time
constantRC for no clipping. But the above analysis neglaotny factors which appreciably
modify the results. Consequently maximum permissiohlue ofRC is based on empirical

formula. Again, from experimental observation, ffet amount of harmonic generation or
distortion is not excessive, the maximum value iofet constantRC should be selected in

accordance with the relation.

— > Wpmg . (1.22)

3.6. Distortion in Linear Diode Detector

We shall now look at the two sources of distortiotinear diode detector. So far, you can now
see the implication of RC time constant on modafaindex. While studying demodulation in
the previous section, we have noticed distortionaasinherent feature of the linear diode
detector. Now, one source of distortion in lineagwde detector has already been discussed,
namely distortion due to improper selection of tioemstanRC. If RC is too low, removal of
radio frequency components is inadequate and thgubuoltage waveform is spiky in nature.
On the other hand, RC is too large, distortion may result due to cligpuuring the negative
peaks of the modulation wave.

The second source of distortion in linear diodeedelr is the curvature of the diode
characteristics. As a result of this curvature dfieiency of rectification varies according taeth
amplitude of the envelope. Such a distortion mayyédver, be reduced by two means:

i. By selecting the value of load resistance lacgenpared with the anode resistance of the
detector diode and

ii. By applying the carrier voltage of large enyaoamplitude. Under such conditions, the
detection efficiency is large usually greater tB8f&6 and the distortion due to curvature of diode
characteristics is less than 2%. The carrier eesomplitude reduces the distortion increase.
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3.7. Linear Diode Detector with filter

Consider the circuit in Figures 1.1 and Figure@.passes all RF components of current and the
output voltage developed across R contains veryllsRia components. To effect better
elimination of RF voltage from the outputgatypeR — C filter may be used as shown in Figure
1.7. Then the voltage across the load resiBjoconsists of the desired modulation frequency
components plus a DC voltage proportional to threeraamplitude. These two components are
separated out. The DC components may be useddaautomatic gain control (AGC) whereas
the modulation frequency component is further afpliin one or more stages of audio
frequency amplifier. The modulation frequency vgéas coupled to the audio amplifier through
a coupling capacitof€, which simultaneously eliminates the DC componémms reaching the
audio amplifier input. In the circuit of Figurel.The DC resistance offered to the detector diode
is simply (R, + R;). theAC resistance differs from this DC value becauséefdghunting effect

of (i) filter capacitors’; andC, and (ii) base circuit resistanfg of the next stage.

|
—.? » B G o

P

Ci== Co== : §RL %Rh

oA .—Ja-—.—“_»._..
Modulation

at—— [T Fil{e mmet *_AGC c irequtncy
vuuﬂqe ?n[fﬁgi

)

Figure 1.7. Linear diode detector witHfilter.

The values of resistanc& R, andR, have to be carefully chosen in order that distartioes
not take place at the maximum value of modulattatex. Thus considering the specific case of
sinusoidal modulation voltage, the diode outputrenir consists of a DC component and a
sinusoidal modulation frequency component.

In order to avoid negative peak clipping and theoamted distortion the amplitude of
modulation frequency diode current should not esdbe DC diode currenti.¢.<I;_.

But the modulation indem,, is given by,

_ peak value of modulation frequency output voltage

Ma DC output voltage

or m, == (1.23)
dc

or m, = % (1.24)
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Where I,,, is the peak value of modulation frequency diodeesu.

Znis the impedance of the diode output circuit atftbquency.

14, is the diode current.

andR is the diode output circuit DC resistance.

To avoid negative peak clipping the maximum valug, ), of modulation index is such that
I, just equald ..

Hence substituting, i,, = I4. in Equ. (5.10), we get

(Ma) - ml (1.25)

The component values are so chosen that at the letmiufrequency, reactance 6f and C,
are large and the reactance of coupling capacjtos small. Hence impedance of the output
circuit of detector at modulation frequency is givey,

2] = R, + LR

_ RL+RLRp/ (RL+Rp)
Hence, (M) max = RLARy

(1.26)

The resistanc® is usually a variable resistance and is used jissathe value of detected output
voltage. This provides the manual volume contrahigio receiver using a linear diode detector.

4.0. Conclusion

In this course unit, we have explained and undedstbe practical theory behind demodulation

with respect to general communication systems.o¥aritypes with respect to communication

systems have been highlighted. We have clearlpksited the differences between Square Law
Diode Detector and Linear Diode Detector. Analyitidarivation of the RC Time Constant has

been discussed. Also, we looked at distortion imelr Diode Detector.

5.0 Summary
Demodulator- A demodulator is an electronic cir¢hét is used to recover the information
content from the modulated carrier wave.

» Detection. The process of detection or demodulatiomsists in recovering the original
modulating voltage from the modulated carrier \vydta

» Square Law Diode Detector. It utilizes the nonlingartion of the dynamic current
voltage characteristic a diode. In this case, thaied input carrier voltage is of small
magnitude and hence is restricted to the excegsivahlinear portion of the dynamic
characteristic.

» Linear Diode Detector. It utilizes the rectificaticharacteristic of a diode. Applied
voltage is maintained at large magnitude so trebfteration takes place essentially over
the linear region of the dynamic current-voltagarelteristic of the diode.

» Choice of Time Constant in Linear Diode Detectbthe time constant is very low, the
discharge curve during the non-conducting perioclmost vertical resulting is large
fluctuations in the output voltage. If the time stant is very large the discharge curve is
almost horizontal and negative peak clipping tgdese. Hence the time constant should
be as large as possible but must avoid negative @ggping. Mathematically,
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1 mg

RC — [1—m?2
» Distortion in Linear Diode Detector. There are tamurces of distortion in linear diode
detector. (i) Improper selection of time constan€ Ri) curvature of the diode
characteristics.
» Linear Diode Detector with- filter results in better elimination of RF voladgrom the
output.

6.0 Tutor-Marked Assignment (TMA)

1. Define the process of detection. Describe tisichzinciple of detection.

2. Give the basic principle of square law diode=dgtdn. Draw the circuit of square law diode
detector and describe how detection takes place.

3. What is meant by linear diode detection? Dragvdincuit of a linear diode detector using a
simple capacitor filter and describe graphically tietection process performed by this circuit.

4. Explain why the time constant RC of load ciraniiinear diode detector cannot be kept too
low or too high.

5. Derive expression for the maximum value of ticnastant RC in a linear diode detector so as
to avoid negative peak clipping.

6. What are the principle sources of distortiotinear diode detector and how can distortion be
kept low?

7. Draw the circuit and explain the working of aelar diode detector usimg filter. Discuss the
considerations involved in the selection of regeslements in the output circuit of this detector.
Obtain an expression for the maximum value of matluh index which the detector can handle
without distortion.
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