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Preface

This book originates from notes used in teaching Digital Communication and
Telecommunication courses in Electrical and Electronics Engineering Department, Federal
Polytechnic, Oko, Anambra State, Nigeria. Along with othaterials gathered by the
author during his degree and pedegree years of academic pursuit, and over fifteen (15)
years of teaching experience in accordance with course curriculum guidelines from the
National Board for Technical Education (NBTE), thisit@ELECOMMUNICATION 4 | &
written.

The content of each chapter was designed to accommodate Higher National Diploma
(HND) and Bachelor of Science/Engineering (B.Sc./B.Eng.) undergraduate students as the
materials presented were madmmprehensive enough to cover both classes of programs

at their mid-course levels.

Chapters 1 and 2 cover the badBackground of TelecommunicatioBystemsand
Signal/Modulation

Chapters 3 and 4 discugsmplitude Modulation Theory and Frequency Modulation
Theory.

Chapter 5 cover®hase Modulation Theory which is similar to the Modulatiireory
covered in chapter 4

Chapters 6covers Different Typesof Signals, Signals Systenfsourier Series and
Convolution Theory

Chapter7 and 8 coveSamplingrheoryand Digital Modulationrespectively

Chapter 9and 10discussin detail, Multiplexing and Detectors.

At the end of the chapters are enough review problems designed to help the students
exercise their level of comprehension of the treated matters, anddogloing internalize
the underlying principles of the lessons taught.
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CHAPTER 1
HISTORY OF COMMUNICATION

1.0 In the Beginning
One paramount characteristic which distinguishes man from other anis#ig iability to
communicate with his fellow men at a very high level of complexity and speed. David
Attenborough entitled the final programme of hisfe on Eartht + & SNA Sa dal y
O2YLlzt aA @S @and Wharzis bydd raeardgdn exaggeration.
In anmals communication is nevertheless an essential part of behaviour. Without
it enemies and rivals could not be warned; herds could not show group behaviour; mating
could not occur. However, most of it is at a very instinctive level (e.g. scent marking of
territory, plumage displays in matting, bisbng, rump marking in deer, etc.); even the
limited range of voiced signals in higher mammals comes into this category.
@ O2y 0N A0 YIFyQa adNDAGEE YR R2YAYlIyOS
recognize individua and to work together when hunting; to discuss complex ideas and
actions; and, above all, to pass on information once gained. These methods became
possible once mankind had developed a large versatile brain enabling speech and,
eventually, writing as me® of instant communication and permanent memory,
respectively.
Both these techniques have the three main parts which any communication system
must have to be useful. These parts are shown inlFig

Sending Transmission Receiving
End Medium End

Figure 1.1. Basiparts of a communication system

This is the simplest communication system man uses, yet it has all the three main
elementsquite obvious to see.

There is asending end¢g the person speaking converts thoughts into muscular
movements which operate a transttar (the vocal cords and voicing system), converting
them into pressure variations in theransmission medium(the air). These pressure
variations travel outwards as a signal through the transmission channel (more air) to reach
thereceiving endthe lisener), where a receiver (the ear drum, etc.) converts the pressure
variations back into first movement, then electrical signals, famally thoughts

Thus 6 KS fAAGSYSNI KFER LXIFTYGSR Ayd2 KA&a 2NJ
messageandinformation has been conveyed.

Some other aspects of communication systems are also illustrated by this trivial
example. They are as follows



1. Coding

¢KS aLlSF{SNRa YSaal3aS Aa 02y @SeSR Ay |t y3

in, say, Swahili a few of us Wd decode the message and so would receive little
information. Morse code is a simple engineering example.

2. Noise
Unwanted random signals added to the original nagesmay mean the listener has
difficulty decoding ibr it can equally be seen amwantedrandom signals added to the
original information signal. It corrupts the original message. Noise can occur in the channel
or any part of the blocKTry talking across a crowded room at a party and you will get the
point. Noise can occur in all three pamté the system. At th party, it came in the
transmission channel, but it could be generated by the sender (wheezy breathing) or by
the receiver (tinnitus).

3. Distortion
Here the signal is changed but nothing is added. This change may be so great that the
receiver cannot decode the mesge correctly.This is anunwanted change in the
information signal Try talking across a large empty hall. Some frequencies resonate.
Reverberation oeurs, introducing time delays and attenuation which cause the
instantaneous spectrum of the signal to loece so distorted as to become unintelligible.
Distortion usually occurs in the transmission channel, although it may occur elsewhere
(e.qg. if the speaker has a strong acceNDw, let us concentrate on the sort of system this
course isall about.

1.1 Conmunication at a Distance
We mustnow restrict ourselves to artificial methods of communication which enable us
to send information over longer distances than can be spanned by the human voice. At our
noisy party hand signals or Igpreading might help fosimple ideas. Carrying memorized
or written messages has always worked and, for centuries, the greatest speed with which
amessageould be conveyed was that of the galloping horse (as in famous events like Paul
Revere, Ghento-Aix and the Pony Expresatbusually it was much slower (as at
Thermopylae).

Even then there was one way of transmitting messages much more quickly by sight.
For centuries these ways were very simple indeed (e.g. bonfires heralding theaappof
the Armada). Native smoke signalsre at one stage better, as were flags, but the most
advanced techniques were those of the heliograph and the semaphore. Actual words could
be conveyed, although incredibly slowly by modern standards. The need for sending
information quickly over long disnces was so great that UK for instancegovernments
went to the lengths of building large wooden semaphore towers on hilltops along
important routes. A welknown English exampleccurredduring the Napoleonic wars
when the Admiralty built such a ctmafrom London to Portsmouth. Their sites are often
still called Telegraph Hill



Not until electrical signals were used in the nineteenth century can we say that we
were getting anywhere near the type of signal with which this course deals. The spur to it
all was the development of the railways which this course deals. The spur to it all was the
development of the railways which needed to let their operators know, beforehand, that
a train was coming down the tract. They were able to do this by an eleekeigraph which
used pulses of current along copper wire with a variety of electromechanical indicators at
the terminals. Transmission was virtually instantaneous but only one letter or number
could be conveyed at a time, making all but the shortest messagge slow as by
semaphore. Of course greater distances could be covered and suitable coding (e.g. Morse)
speeded things up.

But the telephone, invented in 1869, marked the real breakthrough. It must have
seemed miraculous at the time. You could now tallséoneone miles away as easily and
as quickly as if you were standing next to them (subject, of course, to noise, distortion,
breakdown, etc.). by using repeaters, exchanges and multiplexing, vast complex telephone
networks were built up culminating in lorsgibmarine cable links. Much of the content of
this course applies to these wired systems as well as to the next development.

Wireless communication completed the breakthrough. It all started in 1895 when
Hertz carried out some experiments using spark gapgsonant loops. He transmitted
nearmicrowave frequencies. Many workers (e.g. Lodge, Popov, Kelvin) tried to develop
the use of these new electromagnetic waves to provide telecommunications, but eventual
success went to Marconi who was initially supedrby the British Admiralty in its race to
communicate with its fleets at sea. He founded the Marconi Wireless Telegraphy Company
Ltd and, by sheer hard work, developed an enormous spark transmitter which, on 12
December 1901, was able to signal acrossAtanticusing very long wavelengthsand
without any amplification at all.

After this developmentsccurredin two main areag hardware and software. The
main hardware changes have been the introduction of amplifiers (vacuum valves for a long
time, then semiconductors); the use of higher frequencies; improvements in aerial design
(and an understanding of propagation mechanisms); optical fibres and cables; the use of
satdlites. Software changes have been mainly concerned with developing methods of
modulation and coding to reduce bandwidth and power and to improve range, speed, and
reliability. That is what this book is about.

1.2 Elements of Communication

Tele means distanc&elecommunication is the process of passing information energy over
long distance by electrical means. The information energy is passed to the destination
either over suitable insulated conducting wires called transmission lines, or through the
atmosphere without the use of wires by a radio lidansider these:

Telecommunication communication at a distance
Telephone speaking at a distance
Television seeing at a distance
Telegraph writing at a distance



A communication system is a combination of circuits and devices put together to
accomplish the task dfansmission of information from one point to another.

Thesource and the destinationThe origin of the information or messageeé$erredto as

the source and the destination as the sink. The source and the sink can be either be man
or machine. The aginal form of the information may be sound, light pattern (picture),
temperature etc. The information is first converted into electrical form to produce
electronic information signal. This is achieved by a suitable transducer or encoder.

Channel:This § the medium through which the information passes. The channel may be
transmission lines, like in telephone systems, or radio link (space). In the channel, the signal
undergoes degradation although this may occur at any pgaitite communication system
block, it is customarily associated with the channel alone. This degradation often results
from noise and other undesired signals or interferesid®it may also include distortion
effectsdue tofading signal level, multiple transmission paths and filtering.

Receivert KS NI OS A @S NXractthe degir@dinfegsgge fhodn thé réceiveignal
at the channebutput and to convertit to a form suitable to theoutput transducer. The
main functions are amplification, filtering and demodulation.

Output transducer The autput transducer completes the communication system. This
device converts the electrisignalat its output circuitinto forms desired by the system
user. Example®of output devicesare loudspeakers, tape recorders, PCs, meters and CRT
etc.

Communication [hformation) signals An examples of an information signal is the voltage
waveform produced by a microphone in response to a spoken message. The voltage varies
continuouslywith time in an unpredictable manner andsgtthe task of the@mmunication

link to product a close replica of the waveforat the receiver.

The signal is passed along a pair of wires. For communication over long distances,
some modification of the signal is required to make it compatible with an available channel
such as a radio link. This modification is referred to as ENCODING and/or MODULATION
and a reverse process is required at the receiver to undo the modification and recover the
original message waveform.

The communication signal has a bandwidth whichthis range of significant
frequency component in the signal.



Signal types Frequency ranges
Speech 300Hz to 34kHz
Music 20Hz to 20kHz
Television (video) 0 Hz to 5.5MHz

These signals are low pass. It may be necessary to transform a lowsighaesto a
bandpass signal to enable the message to be conveyed over agzasdchannel.

Perhaps a more complete general representation of a communication system
should be as shown in Fih2.

Message Encoder Transmitter
generator system system

\
\ 4

Channel
(with distortion)

Receiver Decoder < Message < I
<

system system receiver

Figure 1.2. Parts of eommunication system

<«+— Noise

A

Ideal @mmunication channel
An ideal communication channel would convey unaffected impaired
communication signal from source to destinationlsliexpected to pass all frequaas in
the bandwidth equallyand alsao be free fromunwanted signals and pass the signal with
minimum attenuation.However, ommunication channels can be divided into 2 broad
classesiamely:
1. Guided wave systemsin which the signal is conveyed via some constraining
physical medium such as a pair of wires
2. Radio systems:In which signal transfer igffected in a freely propagating
electromagnetic wave. The range of frequencies availalvery wide ranging from
d.c. 0 Hz) to optical frequencies of the order #(Hz. A message signal can be
translated fromits bandwidth to another frequency for transmission and is
recoverable at remote locations.

1.3 Telecommunication$Systems Design Considerations

The basic parts of a communication system are very simple. The complexity comes when
trying to create practical communication systems to do specific tasks to exact
specifications. The following considerations have to be taken into account in designing a
communication systerwith detailed considerations

a. Range e. Speed

b. Power f. Reliability

c. Cost g. Convenience
d. Bandwidth h. AccuracjQuality



a. Range
The longer the range, the more difficult it is to get the message through uncorrupted. Wire
links work well at low frequency and requinepeaters for longer distances. High
frequencies require special cablesaxial cable, wave guides and optical fibres. Terrestial
radio links require different frequencies for different purposes. Microwave for line of sight
links, HF for long distance iosigheric communication across the world, VHF for a variety
of shorter range users, UHF to give large bandwidth for TV, medium wave for local
broadcasters.

Satellitelinks can be used for both small and latgerestrial distances but always

have long pathengths with the consequent problems of attenuation and noise.

b. Power
The less the power required at the sending end, the simpler and cheaper is the transmitting
installation required (but thereceiver has to be more sophisticated). Where other
O2y&aARSNI GA2ya Fftt2¢ AL GNIYAYAOGGSR LIR26SNI
megawatts of peak power with the milliwatts used by the early kisds.

Some of the factors involved are that higher frequencmsduce a higher
proportion of radiated power from aerials; radiated power may need to be kept high to
allow the use of cheap receivers (as in radio broadcasting); pulse coding techniques
increase signal accuracy and enable very weak signals to be reddr@renoise (e.g. on
space probes); directional aerials increase effective use of radiated power (e.g. on
microwave links); multiplexing enables more information to be sent for the same power.

c. Cost
This obviously has kept as low as is compatible withiezolg the desired system
performance. What is economioulddepend on the application. For example, it is worth
while spending many millions of pous@n the ground installations for transatlantic
communicationsatellitereception but 10s of thousandsairawould be too much for a
roof-top aerial for direct reception of educational TV from satellitedNigeria Cost is
almost irrelevant for stringent military requirements, such as in the guidance systems of
nuclear missiles, whereas it becomes the mdgztor for mass commercial systems such
as CB radio. Much of the ingenuity in developing systems goes into doing same thing but
cheaper (e.g. optical fibres not microwaves).

d. Bandwidth
No information will be obtained at all unless the signal receivetains at least a small
range of frequenciegts bandwidth) and unchanging single carrier frequency tells you very
little, except that the transmitter is on. But using a larger bandwidth than is essential
increases costand complexity unnecessarily. Tharrower the individual channgthe
more channels can be sent simultaneously over the same link bandwidth. Thus
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considerable ingenuity goes into reducing channel bandwidth whilst retaining acceptable
guality of information. Oftepna compromise is reachdektween the two.

For example, in a telephone channel the bandwidth needed is halved at the start by
using sideband (SSB) techniques, and then making what is left just wide enough so that
voices are recognizable. The result is the stadddtHz bandwidth(B/W) voice frequency
channel for telephones. On the other hand, where virtual 100% accuracy is required (as in
many data transmission requirements) digital techniques must be used. These require
larger bandwidths than other modulation techniques but tisiscceptable because much
higher carrier frequencies can be used. This is one reason for the present shift to optical
fibre transmission.

e. Speed
Realtime transmission is very common (e.g. telephones, TV). If you send information more
slowly, you save bandidth in expense ofime. This may be acceptable and cheaper (e.g.
teleprinters, facsimile) and so is used. On the hand, by sending information faster more
bandwidth is required but less time is taken. This may be necessary (e.gp@gt data)
or even teaper. Again the modulation and encoding methods used can be designed to
get the best out of thesystemc digital methods in particular.

f. Reliability
Reliability of the received message. The aim is to use the cheapest and simplest system
which will give acceptable re-productivity of the signal which will reduce signal
degradation to the minimum.

How much does it matter if your signal arrives corrupted? Most of this is considered
above but it is worth summarizing separately here. Obviously reliabilitgapenent is a
factor but not the one meant here. We mean factors causing signal degradation in a
working system. The aim is to use the cheapest and simplest system which will give
acceptable reproducibility of signal. A telephone channel is a good exaofpbn
uncomplicated system which hascaptable quality without achieving complesecuracy
Narrow bandwidths, low frequencies and intense multiplexing can be used.

Digital data streams obviously need much greater accuracy and have to have much
larger bandwidths to get it. But even here a very low error rate (e.g. 1 jprhay be
achieved by the use of coding techniques. There always seems to be eoffduween
bandwidth and accuracy.

g. Convenience
This encompasses a multitude of factors dfieh the mostrestrictingtechnically is the
need for new systems to be compatible with older existing systems. An@ln example
occured when colour was introduced into.Tvhad both to keep the same bandwidth and
to be compatible with existinplackand whitesets. It is now ocurring again with direct



broadcast satdites. A more recent example has been the digitizing of the telephone
system.

Other aspects of convenience occur with the growthnailti-facility networks
(they must be digital); the use of larger and more comprehensive integrated circuits
wherever possible (perhaps) fixing details of the modulation method); the need for ease
of production and cheaper repair (modular design); and so on.

h. AccuracyRQuality
These considerations have been mentioned in most of the others above. The more

accurate the received information signal must be compared with the original, the more
complex and expensive the communication system has to be, in genera).€Ebusmcs
can be made because there is absolutely no need to recover the signal at the receiver more
accurately than it needs to be to serve the purpose for which it was sent. Take speech
signals as an example. Heaecuracy is a fairly subjective matter bettirscribed by the
term quality and is something we automatically take into account every day when
telephoning or listening to the radio knowing that what we hear is understandable and
recognizable but not perfect. Qualitative considerations of acceptabilitgceived sound
have led to quantitative requirements for system specifications which differ for different
purposes. The kHz standard telephone channel bandwidth has been mentioned already,
0odzi Ay & & kiSzlisYeégarded &R Brduglo with evessddF communications. On
the other hand a minimum of 15%Hz is considered necessary on VHF radio to reproduce
music at acceptable quality. By contrast digital signals need much higher accuracy, partly
because a single missed bit can cause a much moreuseerror than the loss of a short
piece of analogue signal, but also because digital data is often of no use unless very
accurate indeed

Table 13. Communication frequency and ranges
Ranges Definition Frequency Wavelength Application
VLF Very low frequency <30kHz >10km long distance

LF Low frequency 30kHz300K Hz 10km-1 km telegraphy
point-to-point
service havigation
sound broadcasting

MF  Medium frequency 300kHz3 MHz 1km-100m sound broadcasting,
shipshore service

HF  High frequency 3MHz30MHz 100m-10m point-to-point, sound
broadcasting

VHF Very high frequency30MHz300MHz  10m-1m T.V, radio
(soundbroadcasting)
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UHF Ultra High frequency300MHz3 GHz 1m-10cm radio, airto-air and
air-to-land
seriesmicrowave

SHF Super High frequency GHz30 GHz 10cmlcm communication
radio

EHF Extra High frequency30GHz

Optical frequency X MTHz

1.4 Conclusion

Howeverinteresting they may be these generalized preliminariesre for now
enough Our aim in the rest of the book is to make a detailed examination of the basics of
the various methodsof modulation, their theories, and something abouheir
implementatiors and uses.



CHAPTER 2
SIGNALS AND MODULATION

2.0 Introduction

There are four aims of this chapter. The first is to give an overview of the various types of
baseband signal which can fopart ofthe information to be sent down a communication
system. The second is allied to this and looks at the baseband bandwidths involved and
how they come about. The third discusses the need for modulation to enable these
basebands to be sent, giving the vasaypes of modulation used and showing how they
relate to each other. The fourth looks at the general basis of the two classes of modulation
technique.

2.1 Baseband Signalsf Types

The informationto be transmitted are consideredsignal only after they have been
converted orbecome electricasignals which are either voltage or curreMany will start

off in nonelectrical form (e.g. voice, temperature) but will have been converted to voltage
using some form of transducer (e.g. microphone, thermaaie etc). These electrical
signals form the original information which is to be sesmttherefore known agshe
basebandsignalsAdvancement of communication has been able to divide these into main
two classes, namely; analogue signals, and digital signal

1. Analogue signals
Ananalogue signdk a type ofelectricalsignal thatshows acontinuousvariation in time
at a wide range of magnitudes. Often this time variation is the same as that of an original
non-electrical signal (e.g. air pressure and vgédor a microphongso that the two are
said tobe analogous; hence the nananalogue signal

2. Digital signals
In the digitalsignals electrical signals consist of discontinuous pulses (or digits) each
constant in value but changing abruptly from one dftgvel)to the next. They are usually
coded signals as in a teleprinter. The most common type is, of course, binary coding where
only one type of pulse occurs but they can, in general, be multilevédy®) digits. Often
a signal will start out analoguand be converted to digital (Fi&11).

(@)

10



Level

(b)

n—e
—e
—e
o
Y

Ne
w
N
e
(o))
P4

(d)
Figure 2.1Classes of signal: (a) analogue (continuous); (b) analogue (discretipial
(binary); (c) functional representation of binary; (d) Mével digital (4PAM: M=4=2)

Within these two broad classgthere are only a few distinct signal typesd the
main ones are listed in Table 2.1 although the boundaries are somewhatedlimr
applications.

For some typesthe baseband bandwidths required depend greatly on the
application (e.g. telemetry), but for others it is much more closely defined (e.g. television).
The next section shows how some of these standard bandwidths arénebta

2.2 Baseband and Bandwidth Terminology

The termbasebandhas both a general and a specific meaning. Geneiitlig used as
above, to refer to the originahformationsignal. Specifically, it means the band (or range)
of frequencies occupied by¢ baseband signal. The actual limits of this range need to be
specified separately.
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Table 2.1. Types of baseband signal

Signal Baseband Usual
Type Nature Class Bandwidth Modulation
type
Morse Pulsed c.w. Digital 0-50 Hz ASK (OOK)
Pulsedrom Digital 0-120 Hz FSK/PSK
keyboard
Facsimile Still copies Digital 0-9.6 kHz FSK/PSK
Telephone Voice Analogue 0-4 kHz SSB/FDM
frequencies
Audio Music Analogue 0-15kHz FM
Radio AM (LFHF) Analogue 0-45kHz AM
Broadcast FM (VHF) Analogue 0-15kHz FM
Radio Amateur Analogue 0-3 kHz SSB/NBFM
Radio CB Analogue 0-4 kHz NBFM
Radio Mobile Analogue 0-3 kHz AM/FM
comms
HF Analogue 0-3 kHz AM
PCM Digitized Digital 0-64 kHz PSK
audio
Telemetry Data Digital ToMHz  ASK/PSK
Television Moving Analogue 0-6.5 MHz VSB
pictures (UK)
0-5.5 MHz VSB
(US)
Radar Pulsed c.w Digital To GHz ASK
Sapd Band
limits / limits \

Baseband
| signal

Any
signal

Baseband

Signal

| bandwidth | bandwidth
f1 f, L

A B |

Figure 2.2. Bandwidths, bandwidths, baseband, and band limits
The term bandwidth refers merely to the frequency range within any band,

without specifying the limits. It is a term which can be used at any frequency and not just
at baseband (e.g. 8Hz bandwidth forAM radio) and therefore, strictly speaking, we
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should use the ternbaséband bandwidthwhen specificallyeferringto baseband signals.
Fig 2.2 illustrates these terms.

The two terms are often used loosely as if they were synonymous, but there is an
important distinction between them. For instance, a voice frequency charioel
telephone always has a nominal bandwidth of 4 Kbig the actual band it occupies at
various stages of a telephone network may be very much higher, even megahertz. It is only
at the beginning that it is a baseband.

2.3 Baseband Bandwidth Evaluation

Most baseband signals used in commercial communication systems are assigned to
standard bandwidths fixed by international agreement. This is done by URSI (Union Radio
Scientific International) through its two consultative bodies, COTbmifé Consultatif
International Téléphonique efTélégraphiqu¢ and CCIR (Comite Consultatif International
des Radiocommunications).

The reasons for the choices of bandwidth are partly subjective (i.e. how much
needs to be sent to get the information across inegtable form) and partly technical
based on the way iwhichthe information is sent. Ithis nextsection the reasons for some
of the choices are discussed and values obtained for the relevant baseband bandwidths.

2.3.1 Telephony (Analogue)

Here the reasns for choice of bandwidth are mostly subjective. Human hearing can
extend from about 20 to 2000 Hz, but speech is quite clear and individual voices quite
recognizable, whether pitched high or low, if only the middle frequencies are transmitted.
The exat limits vary a little from country to country (3800 Hz in UK) but the addition

of guard bands to allowof filtering and multiplexing means that we can hawernational
agreement on a standard voice frequency channel.(Eig) of 04 kHz ¢ standad
throughout the world.

2.3.2 Telegraphy (Digital) (i.e. teleprinters)

Here the criteria used are only partly subjective. Operators can type fast but only with
continuouslyvarying symbol rates, so, to standardize matters, buffer amplifiers are used
to allow data to be transmitted at one of several standard baud rates (e.g. 50 or 100
symbols per second) into the teleprinter. Below we shall look at 50 baud transmission but
expressed as an information rate of 66 words per minute.

13
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Figure 2.3. Standard voice frequency (telephone) channel
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Some assumptions have to be made about #iverage number of characters per
word (G here)and the number of symbols per character used by the code chd&én (
here). Hencewe take the particular case 66 words per minute
6 + 1 =characters per word (1 for space)
6+1+1.5=85symbolsperwbl R om®p F2NJ dadl NI¢é¢ FyR m F2N &
Number of words per minute fixed at = 66
Number of dharacters per minutes 66 x 7 = 462
Numbersymbols per minute = 66 ¥x 8.5 =3927
Number of gmbols per second

PO X B CWXT
P& v
QT

Therefore, symbol length
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So, totranslate this into bandwidthA & A & ySOSaalNE G2 O2yaiR
situation. This is the one for which the signal is changing the most rapidly, whitteins
the symlol stream consists of alternateeros and ones as shown in Fiy4 ¢ drawn
bipolar.

Fig 2.4 is equivalent to a square pulse voltage stream of period 2T which will have
standard spectrum as shown in R2g5, and a fundamental frequendy of 1/2T or half the
symbol rate.

The question then jdiow much of this spectrum needs to be retainedtasomes
out of the teleprinter still in baseband form (e.g. to operate a printer). Hémnere is
another somewhat subjective criterion that the symbols magd® retain a reasonably
Galjdz NB¢ aKlI itiSusually 2egaRied asi &daqgaate to demp to the third
harmonic only. Thys

e moa o p o
"AOAAARAIAA x E SBEc —, 6 —
¢4 ¢4
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But for an actual teleprinter communication channsbme allowance must be
made for guardands and multiplexing so that this bandwidth is increased in pratb a
standard value of 120 Hz. That is, teleprinter chansméletween0-120 Hz. Note that the
d.c. term has to be retained in the spectrum.

2.33 Television (Analogue)
What baseband bandwidth is needed to send the luminance (ligkhsity) information
in the standard UK TV signal? Very similar reasoning is used to that above for a teleprinter.
Subjective criteria are used to decide values for the factors controlling the signal. Then
the symbol length is calculated and the bandihidbtained from this. Here the subjective
factors are more involvedand thereare four of them:
1. Sufficient picture detail obtained by using 6% scans per frame (525 in USA).
2. Vertical and horizontal resolutions kept the same by assuming srhateas of
constant intensity (picture elements pixels) are square.
3. Most scenes framed adequately by using a rectangular picture shape of aspect
ratio 4:3.
4. v OOSLIiFo6otS FEAOISNAY3I | U2ARSR o0& YI 1Ay
at the sbwest convenient picture refresh rate of 25 frames per second (30 in Japan
and North America).
Three of these criteria are illustrated in Fig6. The calculation of bandwidth now
proceeds as follows:
Each line has 625 x 4/3 pixels in 833 pixels
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Eah scan has 625 x 625 x 4/3 pixels in it = @20 pixels (52@pixel9
Each scan takes 1/25 s to completéGms

Each pixel takes 40 ms/52fikek to scan ¥6.8 ns

That is, pixel lengtftp) =76.8 ns

Againg S (1 1S GKS &¢2NAEG thOpie dhiensity isazhging 2y Ay

most often and by the largest amount each time. This obviously occurs when alternate
black and white elements occur asfig.H ®c (G KS NXBadzt G A& light & 2 NI
intensity which must be supplied by a squavave voltage signal of peridtt, or 153 ns.

This square wave therefore has a fundameiftajuencyof fo =1/153 ns = 6.54 MHz

Element 833
Element 1
Linge 1

Line 2
Line 3

Line &

Line 624
Line B25

Element 520625

Figure 2.6 Scanning lines and pixels on a UK TV screen

But, because it is visually quiteceptabldor pixel intensity to fall off at the edges
it is now only necessary to seffigitself without any of its harmonics. There is a need,
however, to use more bandwidth to allow for channel separation, (Y88&igialsideband)
modulation and sound signals. Thuthe actual r.f. frequency range allowed is UK TV
bandwidth = 8.0 MHz (6.5 in USAst calculated).

The baseband bandwidths of other signals in Table 2.1 can be calculatsidchitar
way ¢ partly subjectiveand partly technical.

2.3.5 Signals and modulation

The electrical signal from the message or information is converted into electrical signals
known as information or baseband signal. There are 2 broad classes:

1. Digital

2. Analogie

16

21



2.3.6 Basebandand Bandwidth Terminology

Signal type  Nature Class Baseband width  Usual modulation

Morse Pulsed Digital 0.50Hz ASK
(telegraphy) C/V

Teletype Pulse from ,, 0.120Hz FSK/PSK
keyboard

Facsimile still copies ,, 0-9.5kHz FSK/PSK

Telephone  voice analog 0-9 kHz SSB/FDM

Audio Music " 0-15kHz FM

TV Moving " 0.6.5MHz VSB
pictures

2.4The Need for Modulation

In general a baseband signal cannot be transmitted usefully without modification. The
exceptions are some simple dedicated systems such as an internal telephone system or
the line from a teletype machine to a printer. But for the vasjority of systems
communication would be either prohitively expensive or actually impossible without the
kind of changes which come under the heading of modulation. For example, a public
telephone system would need a separate wire connection for each conversation and a
radio link would require huge aerials and enormous pow#en then only one station

could operate at a time to avoid interference.

The answer is to change the baseband signal in some way to enable efficient
economic communication methods to be used. Two ididt classes of methods come
under theseheading.

1. Frequency translationmoving the whole baseband up to a much higher frequency
range.
2. Digitizing:changing the baseband to digital form, usually binary, by sampling.

Both are given the name modulation although the second keeps the signal in a
baseband frequency region of differemcegion a different bandwidth. The baseband is
changed in nature by process which is strictly a form of source coding and not réglly
& Y 2 R dzi - Bltératidn in amplitude or frequency of a wave by a frequency of different

2NRSNWE ¢KAa A& | 3I22R RSAONALIIAZ2Y 2F Y24aid

digitizing ones Perhaps we can forgive such a rechnical publication for not being
entirely up to date in our speciality.

2.5 Classification of Modulation Types

All the methods of modulation described later in this book fall into one of the two
categories mentionedh the last section. First we need a slightly fuller definition of each
category:

17



Frequency translationThe baseband is moved to a higHezquency range by
arranging for it to alter some property of a highfeequencycatrrier.

SamplingThe baseband waverm voltage is allowed through for short periods of
time at regular intervals and these values only are sent, either coded or uncoded. The
signal, although much changed in form, still remains essentially baseband in nature.

These categories now subdiviimto the specific modulation types related by the
techniques used, as shown in Fig/(b).

In addition, all the methods resulting from sampling can themselves be further
modulated by frequency translation methods related to the keying methods already
included for binary signals.

1. To transmit or radiate information energy as afectromagneticwave into
space, the length of the transmitting aerial needs to approach at least ¥4 of alerayté&
at the working frequency.
egEEPTE(U

AT @8e 9 Pt & g
@?—I;ET pnpne l

This is clearly not practibée, and its costwill be very prohibitive tQ difficult to
transmit low frequency speech and music information signals directly as radio wave. Radio
systemsusS KA 3IK FNBIjdzSyOASa (2 WOINNERQ G(GKS f2¢
destinationand the process that makes such possiblealledMODULATION.

2hTiSys GKSNBQa ySSR (2 aSyR RAFTFSNByH A\
transmitting the 2 voice information signals into different higher frequencies
(MODULATION), the two can be sent over the same channel without interference. This
technique is called MULTIPLEXING.

A shift of the range of frequencies in a signal is accomplished by using modulation
Thus,modulation isdefined as a process by which some characteristita carriersignal
is varied in accordance wittamplitude of a modulating or information signal. The
baseband signal is referred to as the modulating signal. The signal being modulated is the
carrier. The result of the modulation process is referred to as the MODULATEDSagnal.
Fig. 2.6(a)

Carrier

Baseband l

signal Modulated
— 5 Modulator Signal » Demodulator ——— Recovered
Modulating information

signal

Modulation
DrArocc
(a)
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Figure 2.7.Modulation process anddmily tree of modulation methods

The full meaning of the type abbreviations in.Rig(b) are as follows:

AM Amplitude modulation

PM Phase modulation

FM Frequency modulation

ASK Amplitude shift keying

PSK Phase shift keying

FSK Frequency shift keying

PAM Pulse amplitude modulation

PDM Pulse duration modulation

PPM Pulse position modulation

PWM Pulse width modulation, another name for PDM
YM Deltamodulation

PCM Pulse code modulation

dYPCM Adaptive delta PCM

QAM Quadrature amplitude modulation
M- Multilevel signal (e.g. MQAM).

2.6 Advantages of using modulation
There are several general reasons for modulating a baseband signal. Seméden
mentioned already but are included again in this summary.

1. Advantages produced by frequency translation
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(i) Use of frequency division multiplexing (FDM): This allows many signals to be
sent simultaneously down the same communication channel. éisggconomic use
of equipment and enables systems to be designed.

(ii) Use of correct transmission frequency to give best transmission conditions:
This is especially important in radio links where efficiency increasesradfhency
and the best frequenci may need to be selected for propagation through the
troposphere or via the ionosphere.
2. Advantage produced by sampling

(iif) Use of time division multiplexing (TDM): This allows many signals to be sent
simultaneously along the same communication linkrigreaving them in time.
Gives similar economic and design advantages as (i).
3. Advantages produced by coding

(iv) Reliability of transmission greatly increased. Noise corruption very much
less likely. Received baseband reproduces original signal veratagur

(v) Signal processing much easier using standard logic and computing
techniques Facilities design and production of complex systems at their most
economic and reliable as in modern telephone systems.

In general it can be said that electrical and electronic communication systems
would be virtually impossible without modulation. It is a vital part of most systems. The
exact method used will depend on the application, and the next few chapters will look in
detail & some ofthe methods. But first we musthighlightsome important features or
characteristics.

2.7 Analogue ModulationGeneral

In analogue modulatiora continuouslyarying analogue signal changes some aspect of a
carrier signal so that when sent thrauga transmission system, the baseband can be
recovered intact from the carrier. The carrier is a single frequency which can be
represented generally as

O AT HO r P

x EA®EOEGRE GAIADT EOOAA
5 EMONOMAB EDEAOGA

To modudte a signalthere are only three things which must be changed by the
baseband signasshown above: amplitude, frequency or phase. Each of these leads to
one class of analogue modulation:

AEAT @Pl!'d Dl EIOIGAGI AGET 1

AEAT GEBME © & OANOIAIT AWl AGET 1

AEAT @BEIocE AIGIAAOT AGET 1
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A further general classification occurs if the carrier is rewritten as
O %AT O c]

From this you can see that both FM and PM alter the total phase angléferent ways.

Thusthey are closely related and are often classified together as angle modulbigmte,

GKS GKNBS ! Qa 27 Addogue # Amjzdudisi+ Ag@eR dzf F GA 2y Y
Findly, note that many books write the equation for the carrier in sine form as

O %OES O n C®

Do not be confused by ¢hEq (2.2)tlis merely the same form as used(2.3)but
with a phase difference ¢ffc at time zeroad | [O OEJ - .The cosine form seems
to make the algebra marginally easier.

2.8 Digital Modulation-General
For the digital modulation techniquesthe singlecommon feature is the process of
sampling¢ sending short bits of the analogue baseband at regular intervals. In the
analogue sensehere is no carrierand the baseband not only changes greatly in form but
also remains baseband in nature.

In another sese, the sampling signal (the one which chops the bits out of the
analogue baseband) acts as the carrier, as we shall see in the Chapter 8.

2.9 Summary
Signals are of two broad classeanalogue and digital. They vary greatly in wavefarrd
bandwidth, and modulation use@dre depending on purpose (see Table 2.1).

A basebands the original information signal in a communication system. The band
of frequencieshasebandccupies is théaseband bandwidthwhichusuallystarts from 0
Hz and is ofte quoted as a single figuie Hz. Some very common ones are:

Telephone channel 4 kHz
Hifi music on VHF 15kHz
TV in USA 6.5 MHz
TV in UK 8 MHz

Modulation refers to changes produced by the baseband to facilitate its transmission.
There are two hvad classesf modulation

Frequency translation AM, FM, PM, etc.

Sampling and coding PAM, PCM, etc.
With a third group combining the two in

Binary (or keying) modulation ASK, FSK, PSK, etc

21



Analogue modulations are frequency translation medba@aused by changing the
appropriate quantity in a carrier signal as
O %Al ® 0 n
Digital modulation is the result of changing analogue signals into bpdsgsby
sampling and coding.
Keying modulations are digital signals subsequentlydulated by frequency
translation using one agither of analogue method

2.10 Conclusions

This chapter gives an overall picture of signalses and the purposeand types of
modulation they can undergo. Nqgwve start the long process of looking at these
modulation methods in detail, with amplitude modulation in the next chapter.

2.11 Chapter Review Problems

2.1.For standard telephone channels answer thedwihg questions:
(i) Give the baaseband frequency limits for a single telephone channel, then give
its bandwidth and band limits if frequency by 60 kHz.
(i) A standad telephone group consists of 12 adjacent channels. Give its
bandwidth and its imits id its lowest frequency channel is that in (i) above.
(i) What is the width of each guard band in (ii)?
(iv) Give the bandwidth of a telephone supergroup (= five groups).
(v) How many standard teleprinter channels can be sent down one telephone
channel?

2.2.Morse code is usually transmitted with a dash equal to three dots; a space of one dot
length between symbols; three dot lengths between characters and five between words.
A skilled operator can send at 25 words per minute, assuming an avefageharacters

per word. Making reasonable assumptions calculate the overall symbol rate and assign a
suitable baseband bandwidth.

2.3. A facsimile transmission system uses a cylinder 15.2 cm in diameter. The picture, on
the outer surface of the cylindeis scanned at 90 rpm with a lateral speed of 38 rev per
cm. Each picture element is square. Calculate the minimum baseband bandwidth.

2.4.An image measuring 100 x 862A Yy | NBl A& YIRS dzLJ 2F I f GSNJ

elements 1.0mm square. Calculat®w long it will take to transmit this picture, by
facsimile, through a channel band limited to Ki9z.
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2.5. One modern data Facsimile machine claims to be able to transmit an A4 page in 20 s
using an information rate of 9600 baud. By making reasonadgaraption show that the
scan rate is around 6 lines per second. Wired width does that represent?

2.6. Assign a suitable baseband bandwidth for a 525 line TV signal using alternate line
scanning at 60 Hz. Use 4:3 aspect ratio and square pixels.

2.7.The widthto-height ratio of 405 line TV screen is 1.6:1. The horizontal definition is half
that of the vertical definition. If the TV operates at 32 frames per second, determine the
highest baseband frequency.

2.8. A facsimile document transmissi@ystem will send an A4 size picture in 6.5 s using
pixels 1 mm square. Calculate the signal bandwidth required.
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CHAPTER 3
AMPLITUDE MODULATION THEORY

3.0 Introduction
In an amplitudemodulated signalthe baseband information which is to be conveyed is
impressed on to the carrier by varying its instantaneous amplitude. This leads to extra
frequency components (the sidebands) which actually contain the information.

To economize power and bandwidtlsome frequency components may be
removed to give other forms of AM signal which do not show their AM nature as clearly.
That is discuss is this chapter.

3.1 Types of Amplitude Modulation
There are three typesf amplitude modulation
G Cdzf f ¢ inodllatioh (0 dzR S (AM)
Double sideband with sypessed carrier (DSBSC)
Single sideband (SSB)
All three types are analysed below and themveformwith spectra illustrated as
well as other aspects.

32 GCdzf t € ! YL AGdzZRS az2Rdzf | GAZ2Y
This type of modulation wae first in use in the early days of broadcasting in the 1920s
and has developed several names in the course of time. It is often called just simply
amplitude modulation (AM) but sometimes envelope modulation or even double
sideband with carrier (DSBW@)so the term full AM is often used to mean maximum
amplitude modulation
Whatever it is called, it is obtained by taking a single frequency carrier and altering
its amplitude instantaneously in proportion to the instantaneous magnitude of a baseband
sigral. First take the simple situation where the baseband is also a signal frequency
sinusoidal Then we can represent them bothathematicallyas
6 Ol 1UQQDWE i o oP
6 dQOWE QO ©®Ei o o’
[Note that you may also findm written as0 (0) or & 0 in different books.It simply
means that the expression is time dependent or is a function of {ime.
Now,we canarrange foe A A O QE B O E © GatyAvith
O AAOCGAEATOODAT © AICA IE@@® With the condition that it never becomes
negative because that woulddd to overmodulation. This means th& is replaced by
% % AT50 owith % M6, giving anodulated signal which is now writteas;
0 0O U w&io
0 0O 0O wéi 0wgio
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Op —wfgiongio
Op Goiovgio
Where thel ismodulation factorand must have a value between 0 and 1 (to avoid

% becoming negative as stipulated above). m is a very important characteristic of any
systemwhich uses full AM. It is often quoted as a percentagd in different thesis or
occasions represented with ,y ,or even+ . Some people use full AM to mean m=
100%modulationonly and not any level of envelope modulation as here. In the(8dt
and 35), we extracted modulation factor to be

However, we musbeware of using this definition as a basis for measurement of
m. The two amplitudes are those at the point of modulation and not at the input terminals
of the modulator or anywherelse.

Thus the modulated signahs from expression (3.1

O %p [ ATSOOATGD
This producesvaveform as shown inigr 3.1 for two values of m.

See how clearly this diagram shows the idea of this method as envelope
modulation. Note, howeverthat the modulating waveform is not actually there; it just
looks as if it is because the locus of the peaks ointleelulatedcarrier follows it. It forms
an envelope containing the carrigand its shape is very clearly defined, especialii if
/E so tha the carrier peaks are very close together.

m can bemeasured directly from this waveform by measuring the peakeak
voltages A and B in Fig§ 2.
this can be seen as follows:

& 0O
0O

“m=03"¥%"

Carrier signal altered » Modulation envelopes

SV =10
Figure 3.1. Full Am waveforms
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easuring modulation factor

Therefore
I n
I
This modulated carrier is obviouély not a single frequency. Its spectrum can be
obtained from the following analysis:
Oav =% p 1 ATXO OATYO0
=0hATH5AD | OATHQOR T 5&
=% ATHX0 -T[ATHc¢S OATH 5 O

m
o

Single sinusoid modulation (m = 50%)

“' m/2E. m/2E.

W - Wm We We + Wi, w

Wm

Baseband modulation

LSB usB
m()

B fe-B fe f.+B f
Figure 3.3. Full AM spectra

or ] ]
| % I %

0 %A T 0 T"Amzs o TA'I'D 5 0

3.3 Amplitude Modulation General

0 % OES O »r

0 %OEJM n

b) ¢ ME
0 % OKIxEOD

From trigonometry,% A T cOO % OEJ ¥ 1
Alter % in accordance witl®
Alter £in accordance withE
N in accordance witl®
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Amplitude moduation is obtained by taking a single frequency carrier and altering
its amplitude instantaneously.
One frequency component modulation signal
0 % O Al
% % ATcOE AT
%ATOB % ATcOER T OO
o) AT -% ATcOnE £0 -% ATcOVEAE £0O
% 1 %
; %
! %
P

o) % A T cOVE gi%A'l'qO\ﬁE A E|’ %ATcnE £O0

(a) (b)

- -
» »

f f fe f
Figure 3.4 Frequency spectrum of (a) basedband and (b) carrier signal

m/2E; m/2E.

\ 4

fo- f fo+ f
Figure 3.5 Frequency spectrum of the signahv
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t/ sec

(a)

EC A

(c)
Figure 3.6 Information signal (a) Carrier signal (b) Modulating Voltage si¢mal

Where;
I ¢% %
"% %
Now, in addition to the original unmodulated carrier, there are two new
frequencies present, one greater thatby the amount of the nmodulating frequency
fm, and one less than it by the same amount. These areufyger and lower side
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frequencies A&- A& and A+ /A . Each of amplitude m/2 less than Fand are show in

Hg. 3.3 together with the analogous situation for a baseband which is a band of
frequencies and not just a singdéusoidal For both caseshe baseband is shown as well
but is not, of course, part of the modulated spectrum.

The lower spectrum is the moresual practical situation because most actual
basebands have a spread of frequencies and often contaitorginuous band of
frequencies from near zero up to some band limit oHB (e.g. voices). Therach
frequency of the band produces its own side fregag pair above and belofy. The effect
is to produce sidebands, theperone (USB) of which has the same spectral shapemas
whilst thelower one (LSB) has this shape reversed in mimge form.

But be warned that although widely used, there is gooonfusion in this second
spectrum type because the baseband is now a spectral density distribution with a vertical
axis of volts per hertz (V Hz The single frequency carrier is still plotted with a vertical
axis of volts only so that thmodulated signal has two different vertical scales on the same
plot. Thusthis spectrum is really a hybrid which must only be useavat it is¢ a useful
diagrammatiovay of illustrating what happens. Do not use it quantitativefgr example,
the upper spectrum can show clearly that the side frequency cannot have amplitude
greater than—hbut this cannot be done with the lower one.

Sq let us safely take the upper single frequency situation and show how little
power there is in the sidebands, vahi carry the baseband information. This is done as
follows:

Carrier power

(0] O
g e
Side frequency power
i % i o
¢ —
978 T
AAOOEAABO— q
@I xAO i

for all m

Thus at least twothirds of the transmitted power is in the carrier and conveys no
information. Thereforeit can be dispensed with (see Section 3.4).

m can be measured from the modulated spectrum (as well as from the waveform
Figure 3.2) merely by taking thatio of the sideband amplitude to the carrier amplitude
(for a singlesinusoidabaseband, of course). That is

OEAAAAPAEOSAAI
AAOBGEDDOEOORA ¢
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In practice this particular measurement is done on a spectrum analyser using the

log amplituce (dB) scale so that the ratio is the difference (in dB) as
Difference (in dB) = 20lggfratio) = 20logo(2/m)
, C
A1l O H\ BigE

[For example, 6 dB nkas m= 2/antilog (0.3) = 2/2 = 1 or 100%.]

The bandwidth needed to transmit a full AM signal can &lsoseen from the
spectrum. It is BHz which is twice that of a baseband. That is

B/W =B

A full AM signal, with single sinusoid baseband, can be well described graphically
using a quasstationary phasor as in F&10.[ SG Qa4 62 NJ] 2dzlal dukS & dzyy
discussions so far, an example.

Example3.1
The signaE o A T ©#B is used to amplitude modulate the signal
E 1TATOM, £ T1E(&DE 1- (8

) State the name of andE.

i) Obtain the modulation index.

iii) Sketch a well labellegaveformof E, E and the resulting amplitude modulated
signal.

iv) Sketch the frequency spectral Bf E and the resulting amplitude modulated
signal.

V) Is it right to replace the first signal with v & T Q. If no, explain. Stat
the consequence (if any).
Vi) Suppose the first signal is replaced with
E tnmoAl OO ¢ AT OnAD, sketch the frequency spectruof
the resulting amplitude modulated signal
(Elect/Elect TEL 412, Universidylbadan, 2004/2005).

Solution
) E oAl OMD, is thebaseband signal or information signal
E 1 AT OMDis thecarrier signal
i) Modulation index (i — — 8 8
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(a) )

t/sec

Figure 3.7 Information signal (a) Carrier signal (b) Modulating current signal (c)
i) Q cnf)éa';“"Qpﬁ"Q r@éa’;“"(bﬁ"Q TE(E 1- (U
Q TMomE ¢ "D wed' ™D
TEG D o meEG " WweG "
ButOédwéd - 0éd 6 wéd 6
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R TEF D pwEG Q QO puwéG Q QO
T OE O p UDEYST WO & EUBT WO p WD & X0 WO

o *+s vz 4« d+ovZ8 <« F:2vZ8 <«
40A
15A 15A
3.996 2.000 4.004 MHz

Figure 3.8 Frequency spectrum of the modulated current signal

It is not right to replace the first signal with 1 A T OO because the

modulation index will be greater that one. The consequence is that the information signal
is not recoverable.

fQ T1moméEG™® ¢ meEG D
Q QQ tninomédQ ¢mEETTQWE D
PmeEC W omMEG WWEG WV ¢ WéEG FTOWEG QO
HoB TIMT( BEW T- (e BEFDHEE gcfoéi‘) 5 HEd 6

'Q l.IJ .‘ﬁ’) é du ngb _a') é d” nQ “Q (‘) _(’1’) é q'u "Q "Q (‘) _(I) é qr“ “Q

Q PEG "W puwéEG 'Q QO pwéG Q Qt p mEG Q
pMO pméG Q p MO
WIDEP 0 p WEUST YO p U ENB WCO p TOEYST P O p TEXNBE O
G ts vz 4« d+ovZ8 <« Fovz8 <«
- vZ2 8 <« = VvVZ 8 <

15A 15A

10A 10A

3.960 3.996 4.000 4.004 4.040 MHz

Figure 3.9Frequency spectrum of the resulting amplitude modulated signa
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USF mlo/2

W, \
Carrier | _ |
[ i

B/2 c A2
(min) (max)
W g
LSF mlo/2

Figure 3.10 Phasor representation of full AM

The carrier itself is represented by a stationary phasor of constant ampHéated
at phase zero. Then the side frequencies are smaller phasors rotating symmetrically about
the end of% at the same speed but in oppositirections that is ath mand- 5 mas shown.

Each will be of length | %and of opposite phase relative 8. At any instant the actual

signal amplitude will be the phasor sum of these three so that the points marked A/2 and
B/2 correspond to the maximum and minimum amplitude already showfig3.2.
Compare this with the phasor diagram for NBPM in chagter

3.4 Double Sideband Suppressed Carrier (DSBSC) Modulation
As have seenfull AM is fairly easy to visualize and, as it ®ofnout very easy to
demoduate. Converselyit does have the two disadvantages mentioned earlier: it wastes
both powerand bandwidth Power sent as carrier contains no information independently
giving unnecessary duplicatiomhe modulated signal being DSBs is containing same
message on both sides therefore placing double pressure both on equipment, cost, and
medium with bandwidth beig wasted.
Solutions to this limitation:Part of this can be overcome by transmitting otiig
sidebandsOne way to do this would be to remove the carrier from aAMIsignal, leading
to the usual name for this type of modulati@double sidedband suppessed carrieior
DSBSC for short. In practiteis usually obtained more directly by multiplying the carrier
and baseband signal together in a balanced modulator. That is
O O o
Also
O O O
% AT O %ATSAD
=% % AT HHz5 O
Thisis simply written as
O %AT Oz O %ATH 5 O

33



Spectrum:
fm only

\4
—

fm fc-fm c fc+fm
Foectrum:
Baseband
0-BHz
/NN . f
0 B fc-B C fc+ B

Figure 3.11 DSBSC spectra

180° phase change
cat anes/ 8 — .

ot ~ T _ ~

Figure 3.12 DSBStveform for singlesinusoidalbaseband

B> is merely an amplitude factor proportional to both: and Bu with the
dimensions of voltage not voltage squdréa popular misconception). This gives the
characteristic double sideband spectrum as in the upper part o3Fig.
The waveform itself is even more characteristic and is shown in3Hig for a single
sinusoidabaseband.

This wavefam is merely the carrier signal with its instantaneous amplitude fixed
by the baseband voltage. The zero crosginmts stay fixed but the peaks vary in height
and position because the instantaneous signal amplitude is the baseband voltage. Thus
the moduhkted signal fits within an envelope of the baseband waveform, positive and
negative. One effect of thiss that the signal has an abrupt 18phase change when the
baseband passes through zero and changes sign. This occurs at the nodes of the waveform
andis illustrated in Fig.3.12 and 3.13Anotherg | & G2 2271 G GKS OKIF NI
waveform in Fig3.7 is that it is the beat signal between two signals close together in
frequencyc the sidebands.

Also included in Fi@.13 is the zero signal paot a waveform of a full AM signal
for which m = 1. Both that and the DSBSC nodes are very similar in appearance but with
two important differences.

34



a) Envelope zerosoccureveryk H F2NJ 5{ . { / nféartdiAM2 yf &8 SOSNE
b) Envelope lines actually cross f06BSC but touch asymptotically for full AM.

Modulated
f— carrier

Modulallon
envelope

No phase
change

Figure 3.13 Phase changes at nodes

—Modulated
carrier

Of course, for a nosinusoidal baseband the spectrum and waveform are more
complicated in a very similar way to that for full AM..Rdl1l has keady shown a
spectrum and now Fi@.14 shows a waveform.

As can be seen from the spectthe bandwidth of a DSBSC signal is exactly the
same as that for a full AM one, that is

B/W = 2E

One familiar use of this method of modulation issubmarinermodulation of the

L=R signal in stereo VHF FM radio.

3.5 Single Sideband Modulation

The find simplification in amplitude modulation is to send one sideband only. This is
possible because it contains all the signal informatéar{d /) with less signal power and
half the bandwidth.
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(b) DSBSCwaveform and
envelope

Figure 3.14General spectra anavaveformfor DSBSC modulation

Es ES

USB LSB

fc fc + fm fc - fm fC
Figure 3.155SB spectra (aftéfolds worthand Martin, 1991)

The simplest way tobtain an SSB signal is in principle at least, to take a DSBSC
signal and remove one sideband by filtering. This leaves the other sidebandeithér
the upper or loweside, henceproducingfrom the twoa SSB signal. For a singileusoidal
basebandthese @n be written simply as
%Al & z5 thelower sideband(LSB)
%AT ® S the upper sidebandUSB)

Where % is proportional to% and % as for DSBSC: these produce spectra as in
Fig 3.15.

Relevantwaveform are given in Fig3.16 and at first sight seem to have little
meaning, looking just like the unmodulated carrier. On close inspection, in a suitable
experimental seup, it is possible to see that the frequency varies by very small amounts
(i.e. &zchanges; hence so doek /A or A& A, but not much becausée /). It is
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easier to see that the signal amplitude changes proportional to changes in baseband
voltage O ).

(@)

(b)
Figure 3.16 SSBiaveform: (a) for an unchanging baseband; (b) with variat® in
amplitude and frequency of the baseban@fter Holds worthand Martin, 1991)

The bandwidth is halved to become
" /M = baseband bandwidth

SSB is used in many applications. One we use nearly every day occurs in our
telephone system where signals are LSB modulated onto suppresgedarriersto
enable many to be sent down the same communication channel in FDM.

Another weltknown applicationis in radio communication where SSB is used to
conserve bandwidth.

3.6 SSB Circuits

There are two primary methods of generating SSB signals. Thesdtleee bythe filter
methodor bythe phasing method. The filter method is by far the simplestmodt widely
used, but we will discuss both types here.

1. The Filter Method of SSB

Fig 3.17 shows a general block diagram of an SSB transmitter th&rfidfer method.The
modulating signal usually voice fronmacrophone is applied to the audiamplifier whose
output is fed to one input of a balanced modulator. A crystal oscillator provides thiercar
signal which is also applied to the aated modulator. The output of the balanced
modulator is a DSB signal. An SSB signal is produced hygpiesDSB signal through a
highly selective bangass filter. This filter dects either the upper or the lower sideband.

The filter of course, is the critical component in the filter metlod&SB generator.
Its primary requirement is that it fshigh ®lectivity so that it passes only the desired
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sideband and nects the other. The filters are usually designed with a bandwidth of
approximately 2.5 to 3 kHz, making them only wide enough to pass standard voice
frequencies. The sides of the filtersmorse curve are extremely stpg, providing-
excellentrejection of the other sideband.

Linear power
amplifier

Carrier
oscillator DSB SSB

Balanced |Si9nal[sjgepband|signal
modulator filter ‘

Microphone Audio
amplifier

Filter response

/ curve

Lower /| Upper
sidebands / |sidebands| ",

Suppressed
carrier

Figure 317 An SSB transmitter using the filter method

The filter is a fixed tuned device; the frequencies that it can pass cannot be
changed. Therefore, the carrier oscillator frequency must be chosen so that the sidebands
fall within the filter bandpass. Usually, the filter is tuned to a frequency in thekd#b5
3.35 MHz, or 9MHz range. Other frequencies are also used, but many commgrcial
available filters are in these frequency ranges.

It is also necessary to select either the upper or the lower sideband. Since the same
information is contained in both sidebands, it generally makes no difference which one is
selected. Howevewnarious conventions in different camunications services have chosen
either the upper or the lower sideband as a standard. These vary from service to service,
and it is necessary to know whether it is an upper or lowertsade to properly receive
an S8 signal.

There are two methods of selecting the dided. Many transmitters simply
contain two filters, one that will pass the upper sideband and the other that will pass the
lower sideband. A switch is used to select the desired sideband. The otheodneth
selecting the sideband is to provide two carriers oscillator frequencies. Two crystals change
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the carrier oscillator frguency to force either the upper sideband or the lower sideband
to appear in the filter bandpass.

3.7 Vestigal Sideband Mdulation (VSB)

This is used for sideband modulating signal: such as TV, where the bandwidth of the
modulating signal can extend up to S\BHz. DSB transmission would require MHz
bandwidth. This is very excessive in view of transmission bandwidth coooEnd of

cost.

TVDSB
> C
B 55004 0 Q+ 5.5 0 "0
[}
VSB
> 0
B 125 @ B+ 1250 Oa
i
Figure 3.18

DS is a compromise VSB, one sideband and an important part of the other sideband are
transmitted. There is a saving in power and bandwidth compared to DSB. More
information is transmitted compared to SSB. VSB have much simpler receiver than SSB.

3.8 Summary
There are three types of amplitude modulation:
1. Full AM

2. Double sideband suppressed carrier (DSBSC)
3. Single sideband (SSB).
For a singlsinusoidabaseband a carrier modulated by them is given by the following.

Full AM
o) %p | ATXOO ATt
%BATHOO -1 AT HzS O -l %ATH 5 O
m is the modulation factor:
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at the point of modulatiod ~ p

on the waveform (see Figure 3.2)

COBHEA |l bl EOOAA
AAOBGEBDADOEOOAA
on the spectrum (see Figure 3.3), and

C
AT OEA I BD EGOOBRRAI

whereBis the baseband bandwidth

DSBSC
o) % AT Hz5 O

The waveform has aharacteristic18(® carrier phase reversal at zero crossings of the
modulation envelope (F&33.6 and 3.7):
"I cE g

SSB
Either
o) O %ATYH 5 O
or
o) o) AT ® 5 O
" x7 £ 7

For stationary phasor representation see Fig.10 for the effect of actual
basebands see Fig.3. etc.

Two of these amplitude modulation methods are in very common use: full AM for
broadcasting, and SSB for telephone and radio communication. But thegvallserious
deficiencies in dynamic range and in noise immunity. To improve matters we need to go
to an entirely different method of modulatioM as described later, but first we will
discussaamplitudemodulators and demodulators.
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3.9 Chapter Review Riblems
3.1 Full AM is produced by a signal, o8tAT @ p 1 dvolts, modulating a
carrier,00 p BIAT © p fovolts. Calculate:

@i m

(i) Side frequencieandbandwidth.

(iif) Ratio of sideband amplitude to carrier amplitude.

(iv) Maximum and minimunpeakto-peak amplitude of the modulated

waveform.
(v) The percentage of the total power in the side frequencies.

3.2.An AM signal voltage is givenby p TQEJ® pmo ¢ MOE@C O
VTOEd @ pat OEJ A p frod,

(i) What type of amplitude modulatiois beingused?

(i) Draw its amplitude spectrum

(i) Sketch its waveform over one modulation cycle showing quantitative

values for important times and amplitudes.

(iv)Work out the peak and average powers into a b9ldad.

(v) Doesm have values? If so, what are they?

(vi) What is thesignificanc€if any) of using sines not cosines?

3.3.Repeat the last problem but with the carrier suppressed (questions (i) to (v) only).

3.4.Discuss the relative merits of the three main types of amplitude modulation. For
each give aleast one unique advantage relative to the other two, and one disadvantage.

3.5. A carrier,’Qto "Q, with amplitude proportional to frequency:
() Draw the baseband amplitude spectrum
(i) Draw the full AM spectrum showing relative amplitudes for maximum
modulation.
(i) Give the bandwidths for full AM and DSBSC
(iv) Derive an expression for the proportion of power in the sidebands for full
AM at maximum modulation.

3.6 A radar signal consists ot Dpulses of a 10 GHz carrier. The pulses are of constant
amplitude and arespaced by 12 O gaps during which nothing is transmitted.
(i) Sketch the modulation envelope
(i) Draw the modulation spectrum showing frequencies and relative
amplitudes.
(iif) Assign a bandwidth giving reasons
(iv) Repeat for an interval of 99 ibetween pulses.
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3.7 A signdis band limited to the frequency rangeS0kHz. It is frequency translated by
multiplying it by the signad A T ¢c©"Qo. Find'Qso that the bandwidth of the
translated signal is 1% @@

3.8 A DSBSC transmitter delivers 10 W whenrttoglulating signal is d.c. voltage of 10.V.
determine the power delivered when the modulating signal is a tone of RMS value
1.6 V.

3.9Show that the signal B AT1OAT1006 —
Is an SSBSC signal. Is it upper or lower sideband? Write an expression for the
other sideband. Obtain an expression for the total DSBSC signal.

3.10 Two transmitters, one generating full AM signal and the other an SSB one, have
equal mean output power rating®\ single sine wave modulating signal causes the
AM signal to have a modulation factor 0.8. if both transmitters are operating at
maximum output, compare (in dB) the power contained in the sidebands of the full
AM signal with that contained in the SSB one

3.11 (a) (i) Explain briefly why information signal need to undergo the process of
modulation.
(i) Mention and explain the two main categories of modulation.
(i) What is frequency Modulation?
(i) Compare and contrast AM and NBHIlustrate with diagrams.
(b) ThesignalQ o ¢ ic“ " is used to amplitude modulate the signal
N TmECO®AN TE(OPQ - (8
(i) State the names dxo ¢ Q
(i) Obtain the modulation index
(iii) Sketch a well labeled waveforms'@iQand the resulting amplitude modulation
signal.
(iv) Sketch a frequency spectral@iQand the resulting amplitude modulation signal.
(v) Isitright to replace the first signalwifd v 1© ¢ £“"Q0 if no, explain, state
the consequence (if any)
(vi) Suppose the first signal isplacewith T m c DE ¢ ® ¢ mE ¢ FTTMH
Sketch the frequency gtrumof the resulting amplitude modulated signal.
(c) (i) What are the advantages (if any) of SSB over full AM?
(i) Draw block diagrams to illustrate the production of DSBSC and SSB by use of

ot yOSR Y2RdzE I 12NR 652y Qi YIS dzasS 27

(iii) Draw the basic Envelope Detector Circuit.
(University of Ibadan, TEL41Z2ommunication system | 2009/20010 BSc degree Exam)
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3.12 (a)(i) What are the advantages (if any) of SSB over full AM?
(i) Draw block diagrams to illustrate the production of DSBSC and SSB by use of
oFltlFyOSR Y2RdzZ I 62NR 0652y Qi YIS dzasS 2F Iy
(iif) Draw the basic Envelope Detector Circuit.
(iv) Derive an expression for output of an AM signal.
(b) () An AM voltage signal consist of a carrier wava & | ¢c©O"Qand a baseband
signal of¢ TAd“ Q06 v 1A T pQP Q6. Determine the expression for the output
of the AM signal.
(ii) if = 10MHz, f» = 200kHz, draw thespectrum of the modulated message
(University of Ibadan, TEL412ommunication system | 2009/20010 BSc degree Exam)

3.13 ThesignalQ o AT @ is used to amplitude modulate the signal
N T mE W Q cE(QQ o- (¥
(i) State the names Rw ¢ Q
(i) Obtain the modulation index
(i) Sketch a well labelesvaveform of "HQ and the resulting amplitude
modulation signal.
(iv) Sketch a frequency spectral@fiQand the resulting amplitde modulation
signal.
(v) s itright to replace the first signal with 1 @£ ¢“ Q0 if no, explain,
state the consequence (if any)
(vi) Suppose the first signal is place W= 20 + 40cos(Zd p T £ ¢ D
Sketch tle frequency spectrurmof the resulting amplitude modulated signal.
(University of Ibadan, TEL41Z2ommunication system | 2003/2004 BSc degree Exam)
3.14(a)Thesignadl o & € "W and b =64cos (2 M) are inputs to an amplitude
modulator.™Q pumaEWQOQ vk (8
(i) State the names af & W
(i) Obtain the modulation index
(iv) Sketch a frequency spectralofy and the resulting amplitude modulated sigjhn
(v) Is it right to replace the first signaith 0 =65cos (2 "Q0) if no, explain,
explain consequencdif any)
(vi) Suppose the first signal is place with T ¢ T ®£ ¢ Q0
T WE ig Qo
Sketch the frequency sp&um of the resulting amplitude modulated signal.
(b) With the aid of phase diagrams, briefly compare and contrast NBFM and AM.
(University of Ibadan, TEL41Zommunication system | 2005/2006 BSc degree Exam)

43



|, n/Ampere

\
o N

Fig Q5

3.15 Fig. Q5 shows aamplitudemodulated wave. The baseband and carrier are

Sinusoidal signals with 28z and 2VIHz frequency respectively. Suppose the modulated
index is 0.8, Obtain:

(i) O and"OHence sketch the frequency spectrum.

(if) Ratio of power in ta side bands to that in the carrier.

(i) The value oOto change modulation index to 50% without chang&Oi@
(University of Ibadan, TEL412ommunication system | 2010/2011 BSc degree Exam)
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Fig Q6
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3.16 Fig.Q6 shows an amplitudaodulated wave. The baseband and carrier are
Sinusoidal signals with 4Hz and 4AMHz frequency respectively. Suppose the modulated
index is 0.6, Obtain:

(i) O and"OHence sketch the frequency spectrum.

(ii) Ratio of power in the side bands tet in the carrier.

(iif) The value ofOto change modulation index to 60% without changéO®
(University of Ibadan, TEL41Zommunication system | 2001/2002 BSc degree Exam)

|, ,/Ampere

A

100—

: AN

Fig Q7

3.17Fig.Q7 shows an amplitudmodulated wave. The baseband and carrier are Sinusoidal
signals with 4&Hz and MHz frequency respectively. Suppose the modulated index is 0.6,
Obtain:

() O and"OHence sketch the frequency spectrum.

(if) Ratio & power in the side bands to that in the carrier.

(iif) The value ofO to change modulation index to 60% without changé&®
(University of Ibadan, TEL41Zommunication system | 2004/2005 BSc degree Exam)
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CHAPTER 4
FREQUENCY MODULATION THEORY

4.0 Introduction

In Chapter 3 (Section 3.6) weghlightthe general expression for a carrier waveform
O %AI[O %AT ® O »

ANGLBMOD AM FM PM

leads to the three types of analogue modulation.

Changes to in thé&o lead to amplitude modulation which has already been dealt
with. Theother two types occur whelfi is altered by a baseband and come under the
general heading of angle modulation. Changing produces frequency modulation
whereas changein? cause phase modulation. These last two often seem very similar in
action (after all, frequency iserelyrate of change of phase) and have similar analytical
treatments, although their effect is quite different in practice (and in application) Thi
difference is seen clearly in FRj1 for a square wave baseband but is much harder to see
for acontinuouslyvarying baseband. Because they are actually very different, FM is dealt
with here andPM is treated separately in Chapter 5.

4.1 Frequency Modlation Principles

In FM, the carrier amplitude remains constant, while the carrier frequency is changed by
the modulating signal. As the amplitude of thefarmation signal varies, the carrier
frequency shifts in proportion. As the modulatisgynal amplitude increases, the carrier
frequency increases. If the amplitude of the modulating signal decreases, the carrier
frequency decreases. The reverse relationship can also be implemented. A decreasing
modulating signal will increase the carrieeduency above its center value, whereas an
increasing modulamg signal will decrease the carrier frequency below its center value. As
the modulating signal amplitude varies, the carrier frequency varies above and below its
normal center frguency with @ modulation. The amount of change in carrier frequency
produced by the modulating signal is known as firequency deviation.Maximum
frequency deviation aurs at the maximum amplitude of the moldting signal.

The frequency of the modulatingignal déermines how many times per second
the carier frequency deviates above and below its nominal center frequency. If the
modulating signal is a 108z sine wave, then the carrier frequency will shift above and
below the center frequency 100 timgeer secondThis is called th&requency deviation
rate.

An FM signal is illustrated in Fgl1(c). Normallythe carrieras shown irFig 4.1(3
is a sine wave, but it is shown as a triangular wave here to simplify the illustration. With
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no modulating ginal applied, the carrier frequency is a constantplitude sine wave at
its normal colstant center frequency.

The modulating information signal F&g1(b) is a lowirequency sine wave. As the
sine wave goes positive, the frequency of therigarincreases proportionately. The
highest freguency occurs at the peak amplitude of the modulating signal. As the
modulating signal amplitude decreases, the carrier frequencygrabses. When the
modulating signal is at zero amplitude, tbarrier will be at its enter frequency point.

When the modulating signal goes negative, the carrier frequency will decrease. The
carier frequency will continue to decrease until the peak of the negative half cycle of the
modulating sine wave is reached. Then, as the modugasiignal increases toward zero,
the frequency will again increase. Note in.Eid (c) how the carrier sine waves seem to
be first "compressed"” and then "stretched" by the modulating signal.

Assume a carrier frequency of 50 MHz. If the peak amplitud@einodulating
signal causes a maximum frequency shift of 200 kHz,

(a)
Carrier O

(b)

Modulallng 0 :
signal &gnaﬁ
- Maximum

Ma><|mum4> F Zero e« negati

| i O gative
positive i i i deviation deviation
deviation : :

+
()
FMsignal o |

frequency
change

No
= phase ™
change

HHHM A I A | mml A
N A TR

Figure 4.1. Frequency modulation and phase modulation signals the carrier is drawn as
a triangular wave for simplicity, but ipractice it is a sine wave.

4.2 How FM and PM Differ
It is important to point out that it is the dynamic nature of the modulating signal that
causes the frequency variation at the output of the phase shifter. In other words, FM is
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produced only as longs the phase shift is ey varied. One way to understand this better
is to assume a modulating signal like that shown in4=&fa).It is a triangular wave whose
positive and negative peaks have been clipped off at a fixed amplitude. Durintpttme
signal is zero so the carrier is at its w@rfrequency.

Applying this modulating signal tofl@quencymodulator will produce the signal shown in
Fig 4.2(b). During the time that the waveform is risiagti, the frequency is increasing.
Duringthe time that the positive amplitude is constaat t,, the FM output frequency is
constant.During the time the amplide decreases and goes negatatds, the frequency
will decrease. Then, during the constaarhplitude negative alternationat ts, the
frequency remains constant at a lower dngency. Durings, the frequency increases.

S
:" “\

(a)
Modulating
signal < o —; <L /

(@)

AR N A A AL
| I

Frequency [ L\ 2] H Frequency
increases 7 E t ¥ decreases

e AALAA A AT MM/\/
AR

Hgure 4.2. Afrequency shift occurs in PM only when the modulating signal amplitude
varies.

When the modulating signal is applied to a phase shifter, the output frequency will
change only during the time that the amplitude of the modulating signal is varying. Refer
to the PM signal in Fig.2(c). During increases oraeases in amplitudat t1, t3, andts, a
varying frequency will be produced. However, during the constanplitude positive and
negative peaks no frequency change takes place. The output ophhse shifter will
simply be the carrier frequency which has been shifted in phase. This clearly illustrates that
frequency variations take place only if the modulating signal amplitude is varying.

As it turns out, the maximum frequencydation producedoy a phase modulator
occursduring the time that the modulating signal is changing at its most rapid rate. For a
sine wave modulating signal, the rate of change of the modulating signal is greatest when
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the moduating wave changes from plus to minus oori minus to plus. The maximum
rate of change of modulating voltage occurs exactly at the zero crossing peidepicted
in Fig 4.2(c). In contrast, note that in an FM wave the maximum deviation occurs at the
peak positive and negative amplitude of theodulating voltage. Salthough a phase
modulator does indeed produce FM, maximum deviation occurs at different points of a
modulating signal. Of coursthis is irrelevant since both the FM and the PM waves contain
exactly the same information and, whelemodulated, will reproduce the original moeu
lating signal.

In FM, maximum deviation occurs at the peak positive and negative amplitudes of
the modulating signaln PM, the maximum amount of leading or lagging phase staftirs
at the zero crossingef the modulatng signal. Recall that we said that the duency
deviation at the output of the phase shifter depends upon the rate of change of the
modulating signal. The faster the mddting signal voltage varies, the greater the
frequency deviatiomproduced.For the eason of this, the frequency deviation produced in
PM increases with the frequency of the modutat signal. The higher the modulating
signals frequency, the shorter its period and the faster the voltage changes. Higher
modulating volages produce greater phase shift which in turn produces greater frequency
deviation. However, higher modulating frequenciesduwoe a faster rate of change of the
modulating voltage andtherefore alsgproduce greater frequency deviation. In PM then,
the carrier frequency deviation is proportional to both the modulating frequency and the
amplitude.

FM
FM and PM

Deviation fq
Deviation fg

PM

(a) Modulation signal amplitude (b) Modulation signal frequency fn
Figure 4.3. Relationship between frequency deviatigmodulating signal amplitude and
frequency for FM and PM

Modulating

— Phase Indirect
signal e —

Modulator FM

Low-pass
network Carrier
oscillator

Figure 4.4. Production of indirect FM using low pass filter

In FM, frequency deviation is gortional only to the amplitude of the modiating
signalregardless of its frequency. A lguass filter compensates fdrigher phase shift and
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frequency dewation at the higher modulating fopencies to produce indirect EMhe
relationship between carrier deviation and modulating sigclaaracteristics is sumrma
rizedwith illustration ofFig 4.3.

B
w

Common FM Applications
FM radio broadcasting

TV sound broadcasting

Twoway mobile radio

Police, fire, public service

Marine

Amateur radio

Family radio

Cellular telephone (analog phones)
Digtal data transmission

©CoOoNoOr~WNE

4.4  Sidebands and the Modulation Index

Everymodulation processsommonly produces sidebands. Ase saw in AM, when a
constantfrequency sine wave modulates a carrier, two sidgrencies are produced. The
side frequencies are theum and difference of the carrier and the modulating frequency.

In FM and PM, sum and difference sideband frequencies are produced. In addition, a
theoretically infinite number of pairs of upper and lower sidebands are also generated. As
a result, the spetlcum of an FM/PM signal is usually wider than an equivalent AM signal. A
special narrowband FM signal whose bandwidth is only slightly wider than that of an AM
signal can also be generated.

Fig 4.5 shows an example of the spreeon of a typical FM signgroduced by moe
ulating a carrier with a singlgequency sine wave. Note that the sidebands are spaced
FNRY {KS& andlaX¥ga&@dlirod one another by a frequency equal to the
modulating frequencynf. If the modulating frequency is 5®, thefirst pair of sidebands
are above and below the carrier by 500 Hz. The second pair of sidebands are above and
below the carier by 2 X 500Hz = 1000 Hz, or BHz, and so on. Note also that the
amplitudes of the sideands vary. If each sideband is assurteetbe a sine wave with a
frequency and amplitude as indicated in .Mgb and all these sine waves were added
together, then the FM signal pdoicing them would be created.

As the amplitude of the modulating signal varies, of course, the frequency dagviati
will change. The number of sidebands produced, their amplitude, and their spacing depend
upon the frequency deviation and modulatifrgquency. Keep in mind that an FM signal
has constant amplitude. #n FM signal is a sumation of the sideband freqgncies, then
we can see that the sideband amplitudes must vary with frequency deviation and
modulating frequency if their sum is to produce a fixadhplitude FM signal.

Although the FM process produces an infinite number of upper and lower sidebands, only
those with the largest amplitudes are significant inrgarg the information. Typically any
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sideband with an amplitude less than 1 percent of thenmadlulated carrier is considered
insignificant. Asa result, this markedly narrows the bandwidth of an Eilghal.

Lower sidebands Carrier Upper sidebands
) A
f I |

IR T T B
i fo .| i
fo'- fm fo '+ fm |

feo - 2fm fe + 2fm | i
o -'3f, fo® 8fm |
fo - 4fo, fo+ 4fm |
fe - 5fm fe + 5fm
fc - 6fm fe + 6fm

Figure 4.5. Frequency spectrum of an FM signal

4.5 Percentage of Modulation

In AM, the amount or degree of modulation is usually givenaagercentage of
modulation.The percentage of modulation is the ratiotbé amplitude of the modulating
signal to the amplitude of the carrier. When the two factors are equal, the ratio is 1 and
we say that 100 percent modulation occurs. If the modulating signal amplitude becomes
greater than the carer amplitude, thenover-modulationand digortion occur.

Such conditions do not exist with FM or PM. Since the carrier amplitude remains
constant during modulating with FM and PM, the percentagenodulation indicator
used in AM has no meaning. Further, increasing the amg@itndthe frequency of the
modulating signal will not causever-modulationor distortion. Increasing the modulating
signal amplitude simply increases the frequency deviation. This, in turn, increases the
modulation index, which simply produces more sigaifit siddands and a wider
bandwidth. For practical reasons of spectrum conservation and receiver performance,
there is usually some limit put on the upper frequency deviation and the upper modulating
frequency. As indicated earlier, the ratio of the nmanm frequency deviation penitted
to the maximum modulating frequency is referred to as the deviation ratio.

The audio in TV broadcast is transmitted by FM. The maximum deviation permitted
is 25kHz, and the maximum modulating frequency is 15 kHz. Thdupes a deviation
ratio of

. QU
A o PHOOO
In standard tweway mobile radio communations using FM, the maximum
permitted deviation is usually 5 kHz. The upper modulating frequency is usually limited to
2.5 kHz, whicls high enough for intelligible wa@ transmision. This produces a deviation
ratio of
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The maximum deviation permitted can be used in a ratio with the actual carrier
deviation to produce a percentage of modulation for FM. Remember, in commercial FM
broadcasting the maximum alled deviation is 75 kHz. If the modulating signal is
producing only a masum deviation of 60 kHz, then the FM pentage of modulation is

o 5 AOAATAD] AoLADPAOBRDEAGE Tom .
' PRoET AR OBRAG KBET 2P TN

When maximum deviationare specified, it is important that the percentage of
modulation be held to less than 100 percent. The reason for this is that FM stations operate
in assigned frguency channelsEvery FM station channel &ljacent to other channels
containing other stations. If the deation is allowed to exceed the maximum, a greater
number of pairs of sidebands will be produced and the signal bandwidth maycbssxe.

This can cause undesiralddjacent channel intéerence

46 Frequency Modulation vs. Amplitude Modulation
In general, FM is considered to be superior to AM. Although both modulation types are
suitable for transmitting information from one place to anothdyoth are capable of
equivalent fidelity andntelligibility. FM typically offers some significant benefits over AM,
as follows:

A) FM offersbetter noise immunity

B) It rejects irterfering signals because of tlvapture effect

C) It provides better transmitter efficiency.
Its disadvantage lies in the fattat it uses an esessive amount of spectrum space.
However, ét's corsider each of these points in more detalil.

a) Noise Immunity

The primary benefit of FM over AM is itspgwior noise immunity.Noise is
interference to a signal generated bghtning, motors, autmotive ignition systems, and
any power line switching that produces transients. Such noise is typically narrow spikes of
voltage with very broad frequency content. They add to a signal and interfengiticet.

If the noise signalare strong enough, they can completely obliterate the information
signal.

Noise is essentially amplitude variations. An FM signal, on the other hand, has
constant carrier amplitude. Because of this, FM receiver contain limiter circuits that
deliberately restrict the amplitude of the receiver signal.

Any amplitude variations occurring on the FM signal are effectively clipped off. This
does not hurl the information content of the FM signal, since it is contained solely within
the frequency vadtions of the carrier. Because of the @lipg action of the limiter circuits,
noise is ahost completely eliminated.
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b) Capture Effect
Another major benefit of FM is that intiring signals on the same frequency will be
effectively rejected. Because tiife limiters built into FM receivers, a peculiar effect takes
place when two or more FM signals occur simudtausly on the same frequency. If the
signal of one is more than twice the amplitude of the other, the stronger signal will
"capture” the channebnd will totally eliminate the weaker, interfering signal. This is
known as thecapture effectin FM. When two AM signals occupy the same frequency,
both signals will generally be heard regardless of their relative signal strengths. When
one AM signal isignificantly stronger than the other, naturally the stronger signal will
be intelligible However, although the weaker signal will be unintelligible, it will still be
heard in the background. When the sa strengths of the AM signals are nearly the
same they will interfere with one another makg both of them nearly unintelligible. In
FM, the capture effect allows the stronger signal to dominate while the weaker signal is
eliminated.
However, when the strengths of the two FM signals begin to be néaglgame,
the capture effect may cause the signals to alternate in their domination of the frequency.
At some time one signal will be stronger than the other, and it will capture the channel. At
other times, thesignal strength will reverse and the othegsal will capture the channel.
You may have experienced this effect yourself when listening to the FM radio in your car
while driving on the highway. You may be listening to a strong station on a particular
frequency, but as you drive, you move away frimt station. At some point, you may
begin to pick up the signal from another station on the same frequency. When the two
signals are approximately the same amplitude, you will hear one station dominate and
then the other as the signal amplitudes vary digriyour driving. However, at some point,
the stronger signal will eventually dominate. In any case, once the strong signal dominates,
the weaker is not heard at all on the channel.

c) Higher ransmitter efficiency
Since only assigned transmitter (carriegral frequency is modulated, it means that only
a fraction of available energy of audio power is required to produce 100% modulation as
compared to high power needed in AM transmission.

4.7 Preemphasis and Demphasis
Despite the fact that FM hasiperior noise rgction qualities, noise still interferes with an
FM signal. This is particularly true for the highguency components in the modulating
signal. Since noise is primarily sharp spikes of energy, it contains a considerable number of
harmanics and other higlirequency components. These high frequencies can at times be
larger in amptude than the higirequency content of the maalating signal. This causes
a form of frequency distortion that can make the signal unintelligible.

Most of the content of a modulating signal, particularly voice, is at lower
frequencies. In voice communications systems, the bandwidth of the modulating signal is
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deliberately linited to a maximum of approximately 3 kHz. The voice is still intelligible
despite thebandwidth limitations. After all, telephones cut off at 3 kHz and give good voice
quality. However, music would be severely distorted by such a narrow bandwidth because
it contains highfrequency components necessary to high fidelity. Typically, however
these highfrequency components are of a lower amplitude. For example, musical
instruments typically generate their signals at lowguencies but contain many lower
level hamonics that give them their unique sound. If their unique sound is to bespved,

then the highfrequency components must be passed. This is the reason for such a wide
bandwidth in highfidelity sound systems. Since these higlquency components are at

a very low level, noise can obliterate them.

R1 10k
) 6 dB/octave
Frequency _P»re-emphasaed slope
modulation FM output \
3 dB ey
C R2
0dB
7.5nF 1Kk
= 2123 Hz Fu =23,343 Hz
(a) Pre-emphasis circuit (b) Pre-emphasis curve
0dB -
-3dB
FM in FM R Audio out
™| Demodulator _:]T
C
I 2123 Hz
L (d) De-emphasis curve
(c) De-emphasis circuit
Amplitude
Pre-emphasis frequency response
+3dB
0dB <— Conbined frequency response
-3dB
De-emphasis frequency response

Frequency
Z=T75us

Figured.6 PreEmphasis and D&mphasis.

To overcome this problem, most FM ®&®s use a technique known gse-
emphasiswhich helps offset higifrequency noise intderence. At the transmitter, the
modulating signal is passed through a simple network which amplifies thefrieighency
components more than the loMfrequency compoants. The sirplest form of such a circuit
is the highpass filler of the type shown in F§6(a). Specifications dictateiene constant
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t of 75 microseconds (ps) wheffe= RC. Any conbination of resistor and capacitor (or
resistor and inductor) gimg this time constant will be satisfactory. Such a circuit has a
lower break frequencyx of 2123 Hz. This means thatfuencies higher than 2123 Hz; will
be linearlyenhanced. The output amplitude increases with frequency at a rate of 6 dB per
octave. Tie preemphasis curve is shown in Fg6(b). This premphasis circuit increases
the energy cotent of the higherfrequency signals so that they tend to become stronger
than the highfrequency noise components. This improves the sigoadoise ratio ad
increases intelligikitly and fidelity.

ThepreSYLIKI 8A a4 OANDdzA (G | f a2 Kwhére theysigndzlLILIS NJ 6 N
enhancement flattens out. See Fig.6(b)This upper break frequency is computed with
the expression

2 2
C R #

It isusually set at some high value beyond the audio range. gingreater than 20
kHz is typical.

To return the frequency response to its normal levaelesemphasi<ircuit is used
at the receiver. This is a simple lpass filler with a timeonstantof 75us. See Figh.6(c).

It features a cubff 2123 Hz and causes signals above this frequency to be attenuated at
the rate of 6 dB per octave. The response curve is shown.id.B{d). As a result, the pre
emphasis at the transmitter is exactly offset dyetdeemphasis circuit the receiver,
providing a normal frequency response. The combined effect ofeprphasis and De
emphasis is to increase the hiffequency components during transmission so that they
will be stronger and not masked by noise.

4.8 Transmission Efficiency

The third advantage of FM over AM igrans-lining efficiencyRecall that AM can be pro
need by both lowlevel and higHevel modulation techniqgues. The most effective is
high-level modulation, in which a class C amplifieused as the final RF power stage and

is modulated by a highower modulation amplifier. The AM transmitter must produce
both very high RF and modulating signal power. In addition, at very high power levels large
modulation amplifiers are impracticdlinder such conditions, lo¥evel modulation must

be used.

The AM signal is generated at a lower level and then amplified with linear amplifiers
to produce the final RF signal. Because linear amplifiers operate class A or class B, they are
far less efficiat than class C amplifiers. However, linear amplifiers must be used if the AM
information is to be preserved.

An FM signal has a constant amplitude, and, therefore, it is not necessary to use
linear anplifiers to increase its power level. In fact, FM signare always generated at a
lower level and then amplified by a series of class @lifiers to increase their power. The
result is greater use of available power because class C amplifiers are far more efficient.
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Disadvantage of FM

Perhaps the greatest disadvantage of FM is that it simply uses too much spectrum
space. The bandwidth of an FM signatamsiderably widethan that of an AM signal
transmitting similar information. Although the modulation index can be kept low to
minimiz the bandvidth used, still the bandwidth is typically larger than that of an AM
signal. Further, rducing the modulation index also reduces the noise immunity of the FM
signal. In commaial twoway FM radio systems, the maximum allowed deviationkid 5,
with a maximum modulating frequency of 3 kHz. This produces a deviation ratio ef 5/3
1.67. This is usually referred to marrowband FM (NBFM).

Since FM occupies so much bandwidth, it typically has been used only at the very
high frequencies. In facit is seldom used in comunications below frequencies of 30
MHz. Most FM communications work is done at the VHP, UHF, and microwave frequencies.
It is only in these portions of the spectrum where adequate bandwidth is available for FM
sighals and whee lineof-sight transmission is prevalent. This means that the range of
communication is more limited.

Binary Signals
FM is also used to transmit digital data. When the modulating signal is binary, a binary 1
input produces one earner frequency, and admw O input produces another carrier
frequency. This modulation technique is knowrfr@sjuencyshift keying (FSK).

Fig 4.7 shows an FSK signal, A binary O input produces aHd?arrier, and a
binary 1 produces a 12749z carrier.

At one time, FSK wassed in computer modems that transmit data through the
telephone system. Today, FSK is used primarily to transmit binary data by radio.

E 0 1 } 1 0 0 1

(@)

1070Hz

/\Av \\/\\A\UU\/MA

\\~\\\\\\\ +
1270Hz

(b)
Figure 4.7 Frequeneshift keying, (a) Binary signalb) FSK signal.

4.9 Frequency Modulators
The basic concept of FM is to vary tteerier frequencyn accordance with the
modulating signalThe carrier is generated by either BBor a crystal osddtor circuit.
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The object then isto find a way to change the frequency of oscillation. L'Cascillator,

the carrier frequency is fixed by the values of the inductamreapacitance in a tuned

circuit. Thecarrier frequencytherefore, may be changed/tvarying either this

inductance or the capacitance.The idea is to find a circuit or compdhahtonvertsa

modulating voltage into a corresponding change in capacitance or inductance.

When the carrier is generated by a crysiatillator, the frequencys fixed by the crystal.
However, keep in mind that the equivalentauiit of a crystal is abhCReircuit with

both seies and parallel resonant points. By connegtan external capacitor to the crystal,

minor variations in operatinfrequency can be dhined. Again, the objective is to find a

circuit or component whose capacitance will change in response to the modulating signal.

4.10 VoltageVariable Capacitor

The component most frequently used in this application i@&actoror voltagevariable
capacitor (VVCAIso known as a variablemacitance diode, or varicap, this component is
basically a semiconductor junction diode that is operated in a revieiEEmode.
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Figure4.8 Depletion region in a junction diode

Refer to Fig4.8. When a junction diode is formed; &d Ntype semiconductors
are joined to form a junction. Some electrons in théylde material drift over into the P
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type material and neutralize the holes there. Thus a thin region where there are no free
carriers holes, or electrons is formed. This is calleddegletion regionit acts like a thin
insulator that prevents current from flowing through the device. See4=gfa).

If you apply a forward bias to the diode, it will conduct. The external potential
forces the holes and electrons toward the junction, where they combine and cause a
continuous current inside the diode as well as externally.

The depiction layer simply disappears. See4&gyb).

If an external reverse bias is applied to the diode, asign4.8(9, no current will
flow. The bias actually increases the width of the depletion layer. The width of this
depletion mode depends upon the amount of the reverse bias. The higher the reverse bias,
the wider the depletion layer and the less chanceduarrent flow.

A reversebiased junction diode appears to be a small capacitor. FlaadP Ntype
materials act as the two plates of the capacitor, and theldgon region acts as the
dielectric. The width of the depletion layer determines the widthtloé dielectric and,
therefore, the amount of gaacitance. If the reverse bias is high, the dépleregion will
be wide and the dielectric will cause the plates of the capacitor to be widely spaced,
producing a low value of capacitance. Decreasing theumt of reverse bias narrows the
depletion region and, therefore, the plates of the capacitor will be effectively closer to
gether and produce a higher capacitance.

All junction diodes exhibit this characteristic of variable capacitance as the reverse
bias is changed. However, varactors or VVCs have been designed to optimize this particular
characterisic. Such diodes are made so that the capacitance variations are as wide and
linear as possible.

4.11 Varactor Modulator
Fig 4.9 shows the basic concept of a varactor frequency modulator. Trend. G
represent the tuned circuit of the carrier oscillator. Varactor diodés@onnected in series
with capacitor @ across the tuned circuit. The value of i€ made very large ahe
operating frequency so that its reactance is very low. As a result, whisncGnnected in
series with the lower capacitance of.Orhe effect is as by were connected directly across
the tuned circle total effective circuit capacitance then cafzaxce ofDiin parallel withG,.
This fixeghe center carrier frequency

The capacitance ofiDof course, is controlled by two factors: a fixed dc bias and
the modulating signal. In Fig.9, the bias on Det the voltage divider which is made up of
andRi+R Usually eitheR.or R; is made variable so that the center carrier frequency can
be adjusted over a narrow range. The modulating signal is applied thi@agid the RFC.
The Gis a blocking capacitdhat keeps the dc bias out of the modulating signal circuit.
The RFC is a radio frequency choke whose reactance is high at the carrier frequency to
prevent the carrier signal from getting into modulating signal circuits.

The modulating signal derived from the-tane is amplified and applied to the
modulator. As the modulating signal varies, it adds to subtracts from the-biasivoltage.
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Thus the effective voltage applied . causes its capacitance to vary. This, umg
produces a deviation of the carrier frequency as desired. A pogjtueg signal at point A
adds to the reverse bias, decreasing the capacitance and easing the carrier frequency.

To

Carrier
+V Oscillator

[F w Lo A
L1 ~Tc1

AF amplifier RFC

O {>c |1 Y'Y L

Microphone R2 D1 -

Fig 49 Frequency modulation with a VV.C

A negativegoingsignal at A subtracts from the biascieasing the capacitance and
decreasing the carrier frequency.

The main problem with the circuit in Fi.9 is that most.Coscillators are simply
not stable enough to provide a carrier signal. Despite the quafithe® components and
the excellence of design, the LC oscillatoigérency will vary because of temperature
changes, circuit voltage variations, and other factors. Such instabilities cannot be tolerated
in most modern electronic Communication systemsaAssult, crystal oscillators are ror
mally used to set the carrier frequency. Not only do crystillatorsprovide a highly
accurate carrier frequency, but their frequencstability is superior over a wide
temperature range.

4.12 FrequencyModulating a Crystal Oscillator

It is possible to vary the frequency of a crystal oscillator by changing the value of
capacitance in series or in parallel with the crystal;. 41§ shows a typical crystal
oscillator. When a small value of cagance is connected in series with the crystal, the
crystal frequency can be "pulled” slightly from its natural resonant frequency. By making
the series capacitor a varactor diode, frequency modulation of the crystal oscillator can be
achieved. The modulatg signal is applied to the varactor dio@ewhich changes the
oscillator frequency.

The important thing to note about an FM crystal oscillator is that only a very small
frequency deviation is possible. Greater déas can be achieved withCoscillaors.
Rarely can the frequency of a crystal oscillator be changed more than several hundred
hertz from the nominal crystal value. The resulting deviation may be less than the total
deviation
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Figure4.10 Frequency Modulation of A Crystal Oscillator With A VVC

Modulating Signal

desired. To achieve a total frequency shift of KFz as in commercial FM broadcasting,
other techniques must be used. In tweay (narrowband) FM communications systems,
the narrower deviations@ acceptable.

Although a deviation of only several hined cycles may be possible at the crystal
oscillator frequency, the total deviation can be increased by using frequency multipher cir
cuits after the carrier oscillator. When the FM signal is &pplo & frequency multiplier,
both the frequency of operation and the amount of

Scillator
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| 1= =

Madulatin
Signal 9 Cll
1

RFC1 Q1

R2
[] Rs C3 Vo
R3]

- — C2

Tuned circuit
sets oscillator

e

Frequency

Figure 4.11 A reactance modulator.

deviation is increase. Typical frequency multipliers may increase the base (oscillator) fre
guency by 24 to 32 times.

For example, assuntbat the desired output frequency from an FM transmitter is
168 MHz and that the carrier is generated byMHz crystal oscillator. This is followed by
frequency multiplier circuits that increase the frequency by a factor of 24 (7 MH x 24 = 168
MHz)

Assune further that the desired maximum frequency deviation is 5 kHz. Frequency
modulation of the crystal oscillator may produce a maximum deviation of only 200 Hz.
When multiplied by the factor of 24 in the frequency multiplier circuits, this deviation, of
course, is increased to 8¢ T T Y T( TiJor 4.8 kHz. Frequency multiplier circuits will
he discussed in more detail in the chapter on transmitters.
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4.13 Reactance Modulator

Another way to produce direct frequency maldtion is to use aeactance modulatorThis
circuit uses a transistor amplifier to act likéhar a variable capacitor or an inductor. When
the circuit is connected across the tuned circuit of an oscillator, the oscillator frequency
can be varied by applying the modulating signal todhsplifier.

A reactance modulator is illustrated in HglL1. It is basically a standard common
emitter class a amplifier. ResistdRsand R form a voltage divider to bias the transistor
into the linear region. Rs an emitter biagesistor whichis bymssed with capacitoG.
Instead of a collector resistor, a radio frequency choke fRiBEQised to provide a high
impedance load at the operating frequency.

Now, note that the collector of the transistor is connected to the top of the tuned
circuit in theoscillator. Capacitor £{has very lonimpedanceat the oscillator frequency;
its main purpose is to keep the direct current from the collectoQdirom being shorted
to ground through the oscillator cdib. As you can see, the reactance modulatorwires
connected directly across the parallel limed circuit that sets the oscillator frequency.

The oscillator signal from the tuned circMiis connected back to aRCphase
shift circuit made up €and R CapacitoiGin series with R has avery low impedance at
the operating frequency, so it does not affect the phase shift. However, it does preyent R
from disturbing the dc bias o@.. The value of £is chosen so that its reactance at the
oscillator frequency is about 10 or motines thevalue of R If the reactance is much
greater than the resistance, the circuit will appear predoamitly capacitive; therefore the
current through the capacitor andsRill lead the applied voétge by about 90 This means
that the voltage acros&, that is applied to the base d: leads the voltage from the
oscillator.

Since the collector current is in phase with the base current, which in turn is in
phase with the base voltage, the collector currenQnleads the oscillator voltag, by
90°. Of course, any circuit whose current leads itplegal voltage by 90° looks capacitive
to the source voltage. This means that the reactance modulator looks like a capacitor to
the oscillatortuned circuit.

The moduhting signal is applied to the matator circuit throughG and RFC The
RFC helps keep the RF signal from the oscillator out of the audio circuits from which the
modulating signal usually comes. The audio miating signal will vary the base voltage
and current ofQ, according to the intelligence to be transmitted. The collector current will
also vary in proportion. As the collector current plitude varies, the phasshift angle
changes with respect to the oscillator voltage, which is interpretedhbyoscillator as a
change in the capacitance. So as the modulating signal changes, the effective capacitance
of the circuits variesand the oscillator frequency is vad accordingly. An increase in
capacitance lowers the frequency, whereas a lower cagace increases the frequency.
The circuit prduces direct frequency modulations.

If you reverse the positions ot Bnd Gin the circuit of Figd.11, the current in the
phase shifter will still lead the oscillator voltage by W. However, it is voftage across
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the cagoacitor that is now applied to the base of the transistor. This voltage lags the

oscillator volage by 90". With this arrangement, the réacce modulator acts like an

inductor. The equivalent inductance changes as the modgasignal is applied. Again,

the oscillator frejuency is varied in proportion to the amplitude of the intelligence signal.
The reactance modulator is one of the best FM circuits because it can produce

frequency deviation over a wide frequency range. It is hlgbly linear; that is, distortion

is minmal. The circuit can also be implemented with a fieftect transistor (FET) in place

of the NPN bipolar shown in Fig11.

4.14 VoltageControlled Oscillator

Oscillators whose frequencies are controlled byeaternal input voltage are generally
referred to asvoltagecontrolled oscillators (VCOs).vAltagecontrolled crystal oscillator

is generally referred to as a VXO. Although VCOs are used primarily for FM, there are other
applications in which some forof voltageto-frequency conversion is required.

In highfrequency communication circuits. VCOs are ordinarily implemented with
discretecomponent transistor and varactor diode @iits. However, there are many
different types oflower-frequency VCOs in common use. These include 1C VCOs using AT
multi-vibrator-type oscillators whose frequency can be trofied over a wide range by an
ac or dc input voltage. These VCOs typically have an apgnatnge of less than 1 Hz to
approxmately 1 MHz.

The output is either a square or triangular wave rather than a sine wave. A typical
1C VCO is shown in Fgl2(a). This is a general block diagram of the popular NE566.
External resi®r R] at pin 6 sets the value of current produced Whetinternal current
sources. The current sources linearly charge and discharge exteqpetitor €at pin 7.

An external voltage Mapplied at pin 5 may also be used to vary the amount of current
produced by the current sources.

—
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Current Schmitt Buffer
Modulator Sources Trigger Amplifier 3 R2|
Input R1
5 1.5
| 0.001uF
R 7 u
Modulatini
Signal 9 6 8
— /\W\
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Buffer 4 NES555
Amplifier o QOut
JAVAN Ra[] °
7 1
7 10k
= l
C1
La 1

Figure4.12 FrequencWodulation with anIC VCO
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The Schmitt trigger circuit is a level detimcwhich switches when the capacitor
charges or discharges to a specific voltage level. The Schmitt trigger controls the current
source by switching the current sourcégtween charging and discharging. A linear
sawtooth of voltage is developed across the capacitor by the current source. This is
buffered and made avaible at pin 4. The Schmitt trigger output is a square wave at the
same frequency available a pin 3. Hiae wave output is desired, usually the triangle wave
is filtered with a tuned cauit resonant to the desired carrier frequency.

A complete FM circuit is shown in Fgl2(b). The current sources are biased with
a voltage divider made up obBnd R. The modulating signal is applied throught€the
voltage divider at pin 5. The 0.0QF capactor between pins 5 and 6 is used to prevent
unwanted spurious oscillations.

The center carrier frequency of the circuit is set by the values ah®G. Carier
frequencies up to 1 MHz may be used with this 1C. The outputs may be filtered or used to
drive other circuits such as a frequency mullar if higher frequencies and deviations are
necessary. The modulating signal can vary the carrier frequerazyaovearly 10:1 range,
making very large deviations possible. Theidgon is linear with respect to the input am
plitude over the entire range.

4.15 General basis for FM

The basic principle of frequency modulation is that a baseband vo({tagehangs the
carrier frequencyinearly by asmallamount (i.e. keeping ZL 4. In this way frequency
changes carry the information which can then be recovered by the receiver.

Thus the basic equation is
1 9L S

If there are any only one frequency component, i.e.
0 O % ATX00

19 80 Basis
Or for
19 40 FM
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(d) [ l
— _

Figure4.13. Frequency and phase modulation by a square wave baseband: (a)
unmodulated carrier waveform, -and”n unvarying; (b) modulated by step changes
of phase, 1+ 18@; (c) modulated by step changes of frequency= St4, "H=
4H]3; (d) the square wave baseband.

+ is themodulation sensitivityhaving units of ra®® 6 , although more likely to
be expressed in practice as ki . Kis often written+ to distinguish it fromz+ used
for phase modulation.

1 dis the amount by which the baseband has caused the instantaeatrier
frequency;d hof the carrier todeviate from the unmodulated frequencyy . That is

S =5 1)
K = modulation sensitivity (rad/s/vot)
15 +% AT50
=Yy AT1500
SineYy  +% (maxim deviation) which occurs Ati 50 O 5
S  instantaneous
ny 5 Q)
At first sight you might think you could write simply that
O =%cosd O  WRONG
But this would not be correct because of the previous history oivhich would
introducean unknown additional phase term. Instead you have to write that

U =0 cos—

Where[ i is the instantaneous phase angle of the carrier, and then go back to the
basic idea that frequency is the rate of change of phase sabthatd /dt.
The correct expression fdri can noz be found by integratirlg from time zero to
the present instant, t. That is
d = 5 dt
therefore,
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S +0 AO

1 A0+ OAO
15 +% AT500

¥5 AT500
Thus
J 100 00QO0
o %AT100 0. 0 QO
O %A HO +_ v QP General expression

for FM waveform

This is a completely general expression for any baseband signal frequency
modulated onto a carrier

4.15.1 Frequency modulation by a single sinusoidal baseband

Obviously the expression above does not tell you much. In particular it gives no
idea of the spectrum produced in the carrier by the act of frequency modulating it, to see
this it is necessary, as for AM, to restrict the analysis to a baseband consiséirgjngle
frequency. This is not as restricting as it see,s because any real signal is made up of a
number of such single frequency signals as was shown by Fourier analysis in Chapter 7.

Thus it is both valid and useful to use
O % ATHNO

Which gives
15 +% ATX0
vy ATX00
¢ NE BE%

YE —

WhereY) andYAare themaximumdeviations which occur (when cosit = 1).
Both quantities are actuallyeferred to merely as thedeviation. They are important
parameters of any f.m. system (e.gx kHz for VHF).

Y5  + % xDEVIATIONS
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YE —
PuttingGn into the general expression f@kv at the end of the last section gives
Um=%cC0S Od +_ %Y%mcosdmtAO
=%cos 54 + % ATXQAOD
=%cos & Y5 ATXQAO
=%cCos OS¢ —sindmt

Now write the quantity¥5 75 m as a single constanthgiving
o AT HO 1O0BI O

|
<

o i1 "H1 T HGOCHHO

Modulation index irf.m can be greater than 1By Besselvhenf 1@ OA & can be
reduced to

o) %A
o) %* rATXOO *T AT 5 OAT® 5 O *rAl O
¢S OAT® ¢5 O *TAT® o5 O Al ®
oy O E
EJo
A
Ec‘34 E.do Edi  EJ, EC‘J3 Ecds
- \ fo . - ~ B

-Ecds - ch
Figure 4.17 Frequency spectrum of the resulting general expression

m

Exampled.1
A 9W, 120MHz higher frequency voltage signal is frequency modulated withkdd20
frequency signal such that the peak frequency deviation ikHZ. The resistance level is
3 m, determine

() Amplitude of the high frequency voltage signal.
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(i) The modulation index.

(i)  TheCarson'dandwidth.

(iv)  The modulation sensitivity if the amplitude of the lower frequency signal is
5.658V.

(V) State the amplitudes of alcomponents in the resulting frequency
modulated signal. (Quote the frequency and the amplitude of each
frequency component)Sketch the frequency spectrum of the frequency
modulation.

(vi)  Write down the resulting frequency modulated equation.

(TEL 412University of Ibadan 2004/200%ession Degree Exam

Solution
% e w/hE pcai( BE c¢E(RVE pE (P om

From Power(P¥-—,O0 0 ¢ Y

% W ¢2 w ¢ O UuUT
% Wt 8 A

. 7 = T
EET AOI £DdK 22 PPPT 1wy 8
G S L L
EBEAOCTATOAXEAPET £ ¢ pdU CTL P )
U 4 BN G T
EGT AOI DAEOEHE chPPP
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Now using  t@phrefer to the Bessel table forthe valuésQa ©S 20 G B.Afgf G KS
frequency and amplitude.

Table 4.1

Frequency, Amplitude
pcaur (U %* XS T PUBIP C THX TP Y6
pcatg (U %* XBTYUR YPXDTIOYE
p paay (U %*  XBTYUR YOX CHTOYE
pcart (U %* X TYUBIT OXT®CPPG6
ppéae (U %* X&TYUBIT CXTW CPpPB6
pcarte (U %* X® T YUBINT TTBIOC 06
ppdatT (U %* X T YUBITTT TWLOC 06
pcary (U %* X& T Y undt 1T Tt oL TT 6 ¢
ppdac (U %* X& T YUBIMTOMBITC C 6
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Figure 4.18requency spectrum of the resulting voltage signal
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FM waveform has an infinite number of sidebands. The bandwidth ofdepends
ony. The spectrum contains the carrier components and side frequenciesrabur of
the modulating frequency.

The amplitudes of the various spectra components are given by a mathematical
function known as Bessel function of the first kind denoted byi  being the
modulation and n is the order of the side frequency. In mathematical notafiods
termed the argunent and n is termed the order. The Bessel functions are available in both
graphical and tabular forms
* 1 © Amplitude of the carrier components
* 1 © Amplitude of the Ist order Frequency components £ A
(£ cA&

Note: odd orde® x AE A O
Even oder® x AE AOA £

The amplitude of thé& is constant. Thus the possible components add up to give
a constant amplitude FM wave.

Themodulation indexy is another important quantity in any f.m. communication
system. Here it is given by

68



Modulation Index
[ values obviously change wils, sor will vary over a band of signal frequencies and can
be very large. For example, 300 Hz audio with 75dd¥iation gives a value ¢fof 150
whereas 15 kHz audio gives only 5. This is considecgd im Section 4.16.

Now the general expression fGkv can beanalyseone stageurther to give

Gvm  %cosddcos [ OBt  %sinddsin 1 OBt

It is this expression which can be analysed to give the spectral components of an
f.m. signal. There are two ways of doing this, one requiring simplifying assumptions and
the other not.

4.16 Narrow-Band Frequency Modulation (NBFM)
Here a simplifying assumption is made that small¢ so small in fact that it makgssin
S mt also small, éwing the following further assumptions to be made:

Cos( sindmt) =1

Sin [ sind mt) =1 SiNJ mt

The usual criterion for these assumptions to be valid isjthat0.2 rad. [check that
cos (0.2) = 0.980 and sin(0.2) = 0.t3Hod enough?]

Now the expression folGvcan be written in a much simplified form as

Gm=%cosd ¢t . 1¢ % cosd &(f sind mt)
=% COSS ¢t [ %C0SI ¢t Sind mt
Giving

Querv=% COSS ot - - % COSP ¢+ m)t +—1 % COSO ¢+ m)t

This is a very simple expression, quite easy to understand. It consists of a carrier
and one sideband pair similar to full AM, the only differences beingthatused instead
of m and the lower sideband is negative. The two spectra are compared. khFgThe
value off can be measured from this spectrum just as for m in amplitude modulation.

The fact that the lower sideband is negative is crucial and makes the modulated
waveformquite different as can be seen in Hg20.

The frequency shift in NBFM pt= 0.2 is so smalf f& compared withA} that it
cannot be illustrated visibly, unlike the envelopariationsfor m=0.2. The effect of this
negative lower sideband can beeen much more graphically by considering of this
negative lower sideband can be much graphically by consideriagtttionary phasor
diagrams in Figt.21.

Here you can see very clearly how the change in sign of the lower sideband causes
changes in phasangle forNBFM but in amplitude only for full AM. It also Shows how FM
produces a phase modulation type of effedt ¢v = = YA4&). Note also that there is a
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small amount of amplitude variation in NBFM (about 3% maximum) butdibés not
matter as arFMdemodulator will ignore it.

E, E
0.1E. 0.1E;
[ [ fo - fm [
fc = fm fC fc + fm \ fc fc + fm

Figure 4.19. NBFM (right) and full AM (left) spectra compared (far m = 0.2)

VAN ;

0.02§f

Figure 4.20. NBFM (upper) and full AM (lowevaveform compared (for =m= 0.2)

FromFig.4.20. you can see that theandwidth of an NBFM signal is the same as
that of full AM

[ ¢ AEX XNBFM BANDWIDTH

Hence the namenarrow band¢ compared withWBFM.

NBFM is not just a curiosity but forms a vital part of many f.m. systems. This is partly
because of its narrow bandwidth, but also because the deviation is so small that it is easy
to make it linear.

The bandwidth depends on the value of the modidatindex,; . For small values gf,
only the first term (carrier) and the first order term®E A are significant and the
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bandwidth willbed . As increases, more terms become significant and the bandwidth
increases significantly.

The condition wherg is small enough to make all the terms except the first two

*r and *r1 negligible is the condition for narrow band FM (NBFM). NBFM is an

example of linear modulation: A value of gay T® is taken to be sufficient to satisfy this
condition. A value of T® can also be read.

Although AM and NBFM signals have similarities, they are produced by different
methods of modulation. The similarities and differences@rdrayedby considering their
phasor representation.

) o o | .
O % A T 500 Z%Also 5 OE%AID 5 @

(& m=0.2 mE./2

Ec(11 m)=B/2 Ec(l + m) = A/2

mE/2

(b) T =0.2

T Ed2

Figure 4.21. Stationary phasor diagram for (a) full AM and (b) NBFM

4.17 Wide Band Frequency Modulation (WBFM)
For values of larger than 0.2, the general expression at the end of section 4.15 cannot be
simplified any further but must be used as it. Luckily the awkward parts can be expanded
by using the following relationships (which can are merely stated here and not derived):
cos f sindmt)  *o(f) CHr)cosc Mt CAr)cosdmt E )
sn( sindmt) C#r)sindmt gAr)sinomt ¢sr)sindDmt E
Where*,(1 ) etc. Are Bessel functions jofof order n.
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To use these expressions it is ma&cessaryo understand Bessel functions in full
but a certain familiarity with them is useful. They come from solving a particular type of
differential equation which often arises in actual physical situations. Besssldn values
all have the form of pseudperiodic functions of = & R S O Iy &inkr¢gades, arhd of
GLISNA2Ré¢ AYyONBI aAAY 3 P A itécept orodviich startsiat ondBlll | G T ¢
All this is shown in Fig.22.

Also, to use Bessel functionsantitatively it is necessary to able to look up their
values in tables such as those given in Tab2aidd 4.3.

Now let us see the effect of theselationshipson the general expression for a

1.0

o.8—
0.6 * 4 s
0.4—, * S >

0.2

oa . JITTI

jads Js 1, Jg

-0.4

-0.6 | | | | | | | | |
o a 6 10 12 14 16 is 20

Figure 423. How Bessel functions vary with and n (after Brown and Glazier, 1964)

Carrier modulated by a sinusoidal baseband in WBFM
0 =%C0s) ct cosf sind mt) ¢ %sind csin( sind mt) )
=% cosdd *o(f)cosdmt E %sindd ¢ 1 OBIo MO E

=%(r)%cosdd ¢ Ar)%cosdmt E G {)%sindmt ¢ 4(r)%sin
dmt E
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=%()%cosdd  *Ar)%cosPc ¢ Mt *()%cospc ¢ M) E ()
%cosPc ImO *()%cosbc Imt *()%cospPc 0 MO *3()%
cosbpc ot E
Table 42. Bessel function values, = 0-2.5 (0.2 steps) and n =8 (after Betts, 1970)
N *(0.2) *(0.4) *(0.6) *(0.8) *(1.0) *(1.25) *(1.5) *(1.75) *(2.0) *(2.5)
0 +0.9900 +0.9604 +0.9120 +0.8463 +0.7652 +0.6459 +0.5118 +0.3690 +0.2239 -0.0484
1 +0.0995 +0.1960 +0.2867 +0.3688 +0.4401 +0.5106 +0.5579 +0.5802 +0.5767 +0.4971
2 +0.0050 +0.0197 +0.0437 +0.0758 +0.1149 +0.1711 +0.2321 +0.2940 +0.3528 +0.4461
3 +0.002 +0.0013 +0.0044 +0.0102 +0.0196 +0.0369 +0.0610 +0.0918 +0.1289 +0.2166
4 +0.0003 +0.0010 +0.0025 +0.0059 +0.0118 +0.0209 +0.0340 +0.0738
5 +0.0002 +0.0007 +0.0018 +0.0038 +0.0070 +0.0195
6 +0.0002 +0.0006 +0.0012 +0.0042
7 +0.0001 +0.0002 +0.0008
8 +0.0001
Table 43. Bessefunction values, =020 (1.0 steps) and n=@5 (after Betts, 1970)

N (1) *(2) *n(3) *n(4) *n(5) *(6) *n(7) *n(8) *(9) *n(10)
0 +0.7652 +0.2239 -0.2601 -0.3971 -0.1776 +0.1506 +0.3001 +0.1717 -0.0903 -0.2459
1 +0.4400 +0.5767 +0.3391 -0.0660 +0.3276 -0.2767 -0.0047 +0.2346 +0.2453 +0.0435
2 +0.1149 +0.3528 +0.4861 +0.3641 +0.0466 -0.2429 -0.3014 -0.1130 +0.1448 +0.2546
3 +0.0196 +0.1289 +0.3091 +0.4302 +0.3648 +0.1148 -0.1676 -0.2911 -0.1809 +0.0584
4 +0.0025 +0.0340 +0.1320 +0.2811 +0.3912 +0.3576 +0.1578 -0.1054 -0.2655 -0.2196
5 +0.0002 +0.0070 +0.0430 +0.1321 +0.2611 +0.3621 +0.3479 +0.1858 -0.0550 -0.2341
6 +0.0012 +0.0114 +0.0491 +0.1310 +0.2458 +0.3392 +0.3376 +0.2043 -0.0145
7 +0.0002 +0.0025 +0.0152 +0.0534 +0.1296 +0.2336 +0.3206 +0.3275 +0.2167
8 +0.0005 +0.0040 +0.0184 +0.0565 +0.1280 +0.2235 +0.3051 +0.3179
9 +0.0009 +0.0055 +0.0212 +0.0589 +0.1263 +0.2149 +0.2919
10 +0.0002 +0.0015 +0.0070 +0.0235 +0.0608 +0.1247 +0.2075
11 +0.0004 +0.0020 +0.0083 +0.0256 +0.0622 +0.1231
12 +0.0005 +0.0027 +0.0096 +0.0274 +0.0634
13 +0.0001 +0.0008 +0.0033 +0.0108 +0.0290
14 +0.0002 +0.0010 +0.0039 +0.0120
15 +0.0003 +0.0013 +0.0045
16 +0.0004 +0.0016
17 +0.0001 +0.0005
18 +0.0002
19
20
21
22
23
24
25
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Table 4.3continued)

W11 %(12)  %(13)  %(4)  %W(15) W(16)  AW(A7)  *(18)  *%w(19)  *(20)
-0.1712 +0.0477 +0.2069 +0.1711 -0.0142 -0.1749 -0.1699 -0.0134 +0.1466 +0.1670
-0.1768 -0.2234 -0.0703 +0.1334 +0.2051 +0.0904 -0.0977 -0.1880 -0.1057 +0.0668
+0.1390 -0.0849 -0.2177 -0.1520 +0.0416 +0.1862 +0.1584 -0.0075 -0.1578 -0.1603
+0.2273 +0.1951 +0.0033 -0.1768 -0.1940 -0.0438 +0.1349 +0.1863 +0.0725 -0.0989
-0.0150 +0.1825 +0.2193 +0.0762 -0.1192 -0.2026 -0.1107 +0.0696 +0.1806 +0.1307
-0.2383 -0.0735 +0.1316 +0.2204 +0.1305 -0.0575 -0.1870 -0.1554 +0.0036 +0.1512
-0.2016 -0.2437 -0.1180 +0.0812 +0.2061 +0.1667 +0.0007 -0.1560 -0.1788 -0.0551
+0.0184 -0.1703 -0.2406 -0.1508 +0.0345 +0.1825 +0.1875 +0.0514 -0.1165 -0.1842
+0.2250 +0.0451 -0.1410 -0.2320 -0.1740 -0.0070 +0.1537 +0.1959 +0.0929 -0.0739
+0.3089 +0.2304 +0.0670 -0.1143 -0.2200 -0.1895 -0.0429 +0.1228 +0.1947 +0.1251
+0.2804 +0.3005 +0.2338 +0.0850 -0.0901 -0.2062 -0.1991 -0.0732 +0.0916 +0.1865
+0.2010 +0.2704 +0.2927 +0.2357 -0.1000 -0.0682 -0.1914 -0.2041 -0.0984 +0.0614
+0.1216 +0.1953 +0.2615 +0.2855 +0.2367 +0.1124 -0.0486 -0.1762 -0.2055 -0.1190
+0.0643 +0.1201 +0.1901 +0.2536 +0.2787 +0.2368 +0.1228 -0.0309 -0.1612 -0.2041
+0.0304 +0.0650 +0.1188 +0.1855 +0.2464 +0.2724 +0.2364 +0.1316 -0.0151 -0.1464
+0.0130 +0.0316 +0.0656 +0.1174 +0.1813 +0.2399 +0.2666 +0.2356 +0.1389 -0.0008
+0.0051 +0.0140 +0.0327 +0.0661 +0.1162 +0.1775 +0.2340 +0.2611 +0.2345 +0.1452
+0.0019 +0.0057 +0.0149 +0.0337 +0.0665 +0.1150 +0.1739 +0.2286 +0.2559 +0.2331
+0.0006 +0.0022 +0.0063 +0.0158 +0.0346 +0.0668 +0.1138 +0.1706 +0.2235 +0.2511
+0.0002 +0.0008 +0.0025 +0.0068 +0.0166 +0.0354 +0.0671 +0.1127 +0.1676 +0.2189
+0.0003 +0.0009 +0.0028 +0.0074 +0.0173 +0.0362 +0.0673 +0.1116 +0.1647
+0.0003 +0.0010 +0.0031 +0.0079 +0.0180 +0.0369 +0.0675 +0.1106
+0.0001 +0.0004 +0.0012 +0.0034 +0.0084 +0.0187 +0.0375 +0.0676
+0.0001 +0.0004 +0.0013 +0.0037 +0.0089 +0.0193 +0.0381
+0.0005 +0.0015 +0.0039 +0.0093 +0.0199
25 +0.0002 +0.0006 +0.0017 +0.0042 +0.0098
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Note that now, unlike NBFM, there are many more sideband pairs (pp t@ of
them). It also appears that there is a pattern about their sigaBl positive except the odd
lower onesg but this neat pattern is distortrd in reality by the signs of the Be&s&ctions
which are just as likely to be negative as positive as shown.id.ER)

Of much more significance are the magnitudes of the spectral lines which are the
same for both upper and lower components of each sideband pair proddcargcteristic
patterns of amplitude symmetrical about the carrier position. The carrier itself is,
otherwise, of no special importance and may be very small or even zero in value. All this is
shown in Fig4.24 for a range of and YA

74



)

o oL

7.0 .l [ 1T | THTTT

00 T [L 111y HTT

R

Figure 4.24. Total spectra for smallvalues.
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Figure4.25 Frequencymodulated amplitude spectra for various values: (aY’'H
constant (  kHz),"E, and varying; (b)'H constant (1 kHz)YHand ) varying (after
Hardy, 1986)
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Note how the line amplitudes fall off rapidly at frequencies beyond its deviation.
This is related to bandwidth which is discussed later (section 4.17).
The general rule is that the lines aremstgest for deviations at which the baseband
waveform lingers for the longest time. This is near the peaks $omesoidabnd produces
GKS OKI NI OGSNR&GAOA Fu3pANGREWaRPBrASVIllhdiSthed K I LIS |
spectra at different placeand, for example, there will be an even greater concentration
at the extremes for a square wave. An example is given id 2.
Another way in which the Bessel function values are useful is to help identify the
value for certain spectra. This is laese their zero values give zero amplitudes for the
spectra lines for which they are a multiplier. Some examples are given in Téble 4.

A ; Square Triangle
20| (g) °"°

or N )
= I N

+10 KH, +10 KHy, +10 KH,

< » < » < »

Carrier - 22 KHz
Baseband - 600 Kk}

CAIdzNBE nodoHcd {LISOGNI O2yOSYyiGNIrGA2Yy ySI

Table 4.4 Spectra line zeros

At I c8 The carrier is zero

At [ of The first pair are zero
At I L& The second pair are zel
At I ud The carrier is again zer
At r o the third pair are zero
At I X8t The first pair are agail

zero
At [ X® The fourthpair are zero

And so on (e.g. the carrier is again zero at 8.7, 11.9, 15.0 and 18.0)

It is very illustrative to set up a simple FM system (e.g. using the VCO input to a
function generator) and var{hn, checkingr values from the zeros above and also by
measuring bandwidth as below. This forms an excellent teaching experiment in the
laboratory.

As mentioned earlier, the FM has infinite no. of sidebands as illustrated in Figure ... (plots
of sidebandmagnitudedor several values gf).
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Magnitude of the spectra components of the higher order sidebands become
negligible for all practical purposes; giving rise to a finite bandwidth.

How many sidebands are important to the FM transmission of a signal? Depends
on the irtended application and the fidelity requirements. A sideband is significant if its
magnitude is equal to or exceeds 1% of the unmodulated carrier f.e.fif 18t ghen
the order is significant. The no of significant sidebands sidebands for differemisvailu
can be found from a plot a table of Bessel function.

The bandwidth for FM signals can be appear gives gsy5 S

-é¢d (r
A
=5
CKAAa A& 1y26y a /FNR2YQa NMz S

As you can see from the spectra in.Bi@4, there is nelear cutlimit on bandwidth
for WBFM as there is for NBFM and full AM. On the other hand, spectral line magnitude
does fall off very rapidly at deviations greater thal/s a good approximation known as
the nominal bandwidth, especidly at largery values, but, for general use, more
guantitative definitions are required.

The most common of these is ti@arson bandwidthdefined as that bandwidth
which will let trough at least 98% of the signal power. The usefulness of thisiaefini
is that it always requires  p sideband pairs at any value jof Since the spectral lines are
Aeapart, this means that the bandwidth'iswhere

gr phA Cason Bandwidth
Which can also be written " ¢ Y& /&

Note that this includes one more sideband pair than the nominal bandwidth but
that that extra width is negligible ff is large.

Another definition is thel% bandwidthdefined as that bandwidth lying inside the
sideband pair beyond which all spectral aiyales are smaller than 1% of the largest line
amplitude. This is usually wider than the Carson bandwidth.

Forr  pthe Carson bandwidth gives the following values:
giving0 -% . Also,

0 =%U0 cosdtz 1 pAT Oz 5m O
%PCcoSde CMB pAT O ¢ O
T @ W8 T 1 %0.112 % T p ¥ %
Therefore
0O ML ¢cTM@TT CTPPLY
™ w o

This is 99.93% of the total powerwell within the Carson definition. The third

sideband pair withz(1) of 0.0196 add very little calculate them to check.
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4.18 Modulation by a band of frequencies

So far we have only considered by a single sinudoid signal. What happens when, as is
usually the case, the signal is a band of frequencetuebasebandAn example of such

a band is a sgle telephone channel of-8 kHz nominal (308400 Hz usable). Obviously

the first step is to consider the band as the sum of a whole lot frequencies, and then see
what they have in common and where they differ.

The maincommon factoris Y/Bvhich is thesame for all 4 values because it
depends on signal amplitude only, not frequency. On the other hpnd,Y&#). The
basebandwaveform itself will still be periodic but nosinusoidal and also varying
continuouslyin shape a®4 and A& change rapidly. Thus, this is not particularly useful
except to give an instantaneous idea of what the signal might look like. It does give a very
gualitative picture of the range of wavelengths involved. Sphectrumwill still consist of
separate linesThere will be many more of them, closer together, and they will be
continuouslyvarying in position as the spectral content @f changes. Instantaneously
there will still be symmetry in the amplitude spectrum but this is of little use.

Thebandwidth will depend partially oz which must therefore be large enough
to allow for the larges#kvalue. For example, a telephone channel requires

" (YE o1 Tz

4.19 Similarities: AM & NBFM
some frequency components i.&. by S5 hy S . Hence, same bandeth ¢5
Linear modulation.
Differences

Modulation is added is quadrature with the carrier in NBFM, wlasrenodulation
is added in place to the carrier in AM. NBFM gives rise to phase varigtiery little
amplitude change whereas the AM gives amplitude change wilasréhe AM gives
amplitude variatiorg,........ phae deviation.
Note: NBFM is used in telemgtand mobile communication.

Commercial FM Transmission
Carrier frequencies are spaced at 21z intervals in the range 8808 MHz are

assigned for commercial FM transmissions. Maximum deviation in this caseH{2b@ing
used) is 7%kHz above or 7&Hz below the centre. The 20kHz available to each station in
compassion with 1&kHz for AM allows the transmission of high fidelity programme
materialz room to square (i.e. leaving some frequency range unused). WBFM is used to
fill the band.
Suppose te FM is 1%kHz

YE vE (U

£ pE(U
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Average power in FM
6 O %ATHO OB O

0, 0
o <K %
48 S

Total average power is a constargardless of the modulation index

4.20 Summary of expresions
Basis of Fm:
19 +@
General expression for any baseband:
G %ATHt + GAO
General expression for a singimusoidabaseband:
Gv %AT 0O 1 O0BWO

NBFM:
G %A TOID -1%AT O S5m0
WBFM:
Guerv %A TOQA T PO Bt 7 %0 BIt OE | O BInO
E %rcosdzomO %1 cospz ¢ O
21 ATE S5m0 %1 ATSQ xr ATE 5m O
57T AT O ¢mO %1 AT O odmO E
Definitions
Modulation sensitivity (K) 1 5 +®
Deviation ¥5) Y5 o+ %

Modulation index) Y57Sm YA&&
Carson bandwidthf) ¢ YE & ¢r1r p &
Nominal bandwidth 1  ¢YA&

4.21 Conclusion

Frequency modulation is capable of both high linearity and large dynamic range. Also, it is
much less susceptible to amplitude noise corruption than amplituddutadion provided

the signal power is large enougBy using higher carrier frequencies, larger baseband
bandwidths can be used enabling quality stereo sound broadcasting.
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True NBFMY4Bf the order of Hertz) is used in broadcasting to provide highlyafine
modulation which is then converted to WBFM for transmission. Dovalues (e.g.
¢® kHz) are also used in communications applications such as mobile radio, CB, and
amateur radio. These give noise advantages whilst keeping within small channel
bandwidths.

4.22 Chapter Review Problems
4.1.Forg=3kHzZOn=3.0V[ 18t ¢86hand'Q ¢ T kHz calculate:
() The frequency deviatioY{Q
(i) The frequency modulation sensitivity
(iif) The maximum and minimum instantaneousquencies )
(iv) The Carson bandwidth J
(v) The f.m. side frequencies and amplitudes.
4.2. Sketch the spectrum for 4.1(v) above, showing the bandwidth.

4.3. Repeat problems 4.1. and 4.2. for @t mand] 1 1{you will need plenty of
time].

4.4. ForY'Q 75 kHz'Q= 100 MHz, and an audio baseband extending from 300 B0
Hz calculate:
() The r.f. bandwidth
(i) The maximum and minimum modulation indices
(iif) The highest baseband frequency whathuld be sent without using NBFM
(iv) The modulation index for the stereo pilot tone at 19 kHz.

4.5. A square wave baseband at 2.5 kHz repetition frequency ar&lV magnitude is
frequency modulated on to a carrier at ( kHz with modulation sensitiviB660D rad V:

() What is the modulation index?

(i) What is the frequency deviation?

(iif) What is the bandwidth?

(iv) Sketch the modulated waveform

(v) Draw the instantaneous amplitude spectrum at the two extremes of high

voltage.

(vi) Draw the f.m. spetrum and compare with that in (v).

4.6.Draw the phasor diagram for 1@& showing especially:
Maximum and minimum phase deviations (compare wveitiiculatedvalues).
The phasor position whei®="Q at min"® at max'® andOm is 4% from Uc.
Estmate how much AM occurs (calculate equivalént
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4.7.Explain why FM is used for highality sound broadcasting. Also explain why it is not
used for mediurawvave broadcasting.

4.8.Find the value of the modulation indégx)(for:
(U QAT VL VAT Q8
(i)Uem PBTIAT ®FO p O BIfO g,
(ii)Urm 5.0cos (2 @ fO 8
(iv) p8tA T pOnarfrequency modulated on to 1.0 cos%@vith 0 p ft
(V) As (iv) but phase modulated with, = 1 (See chaptés)

4.9.Find the frequency separation for the first pair of sidebands for each ofvtheform
in Problem 4.8.

4.10. Work out the relative sideband amplitudes for f.m. waveforms for whieh0.1, 20,
20, and 100. Go up to thé ( p)th pair.

4.11. Sketch the phasor diagrams for both full AM and NBEM (I ™& with
sidebands (LSB and USB) at the following relationships to the carrier:
() LSB in phase with the carrier
(if) LSB iranti-phase with the carrier

(i) LSB leads carrier by
(iv) LSB lags carrier b3

4.12.For the situations in Problem 4.11 work out:
(i) Amplitude modulation depth
(i) Amount of AM in the NBFM signal
(iif) Maximum phase deviation in the NBFM signa
(iv) The greatest rate of change in NBFNGQif= 1 kHz.
(v) Theinstantaneoudrequency at the points of maximum phase deviation for
"Q= 100 kHz.

4.13. Find the percentage power transmitted within the Carson bandwidth?for
™hc8tp 1 ¢ @ BThen calculate the percentage power lost if the outermost sideband

pair is not sent.

4.14.For VHF FM radio find the highest modulating signal frequency for Wiiheets
/ F NE2Yy Q& NXz So

4.15.A carrier signal whose voltage is given by
bc pTAT & p fio
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Is frequency modulated by a single frequency tone whose voltage is
Om CAT® ptfo

Using a modulation index of 5.

Write down the expression for the modulated signal showing clearly how
frequency change is related to modulation amplitude. From this obtain an expression
showing the amplitudes and frequencies of all components of the spectrum of the
modulated signal which fall withithe Carson bandwidth.

Explain the criteria for deciding on the bandwidth you use and verify if it is correct
in this case:

4.16 The circuit shown in Figd.26 has a frequenemnodulated input signal whose
waveform is given by the expression
Uc Qcosl O _ UL WQO
Where Om is the waveform of the original baseband,is the modulation
sensitivity, andX: is the carrier amplitude.

f(MHz)

Figure 4.26. Circuit for Problem 4.16

From this expression obtain a relationship giving the modulation index in terms of
frequency deviation for a singnusoidakignal.
Given that: the centre frequency of the carrier is 90 MHz
The centre frequency of the i.f. signal is 10.7 MHz
The fequency deviation is x WkHz
The baseband is from 30 Hz to 15 kHz
Calculate: (i) the extreme values modulation index
(i) the maximum Carson bandwidth
(i) The local oscillator frequency
(iv) the probablepractical i.f. bandwidth.
Derive and additional expression you use. [Note: this question requires some
understanding of the organization and operation of a radio receiver].
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4.17.Define the modulation of a frequenaypodulated signal. A carrier has a waveform

given by, L8tA T € wp fi ¢8It is frequency modulated by a baseband signal whose

waveform is given bym = 1.0 cos mt, where] m ¢* Qand’@ is in the range 200 Hz to

20 kHz. The frequency deviation is kept constant at 200 kHZQfat the lower limit of

its rangecalculate the modulation index, the modulation sensitivity and the bandwidth.

Any expression you use must be derived or explained, whichever is most appropriate.
Now calculate the same three quantities for the situation whi&ds at the upper

limit of the baseband range. In addition sketch the amplitude spectrum of the modulated

signal showing the signs and relativagnitudeof each component.

4.18.Give the basic definition of frequency modulation and show that this leadtwase
changeproportionalto the integral pf the baseband signal voltage.

A signakinusoidabaseband at 3 kHz is frequency modulated on to a carrier at 300
kHz with a frequency deviation of 450 Hz. Derive an expression for the waveform of the
modulated carrier and sketch its spectrum relative magnitudes.

Using a stationary phasor diagram, show how this modulation produces phase
changes in the carrier. Compare this with a full AM signal amodulatingfactor.

4.19. An FM mono broadcasting station is transmitting music band limited to 15 kHz. It
uses a Carson bandwidth of 150 kHz. For a tone at the upper limit of the baseband calculate
the modulation index. Give the full Carson spectrum of the broadcast signal nted ia

that tone for a carrier at 95 MHz exactly, showing the relative amplitude of each spectral
component including sign. Derive all the theory you need to obtain the spectrum.

State the likely minimum value of modulation index fastareobroadcast usg the same
baseband and broadcast bandwidth.

4.20 A18 W, 120MHz higher frequency signal is frequency modulation wWitKHz lower
frequency signal such that the peak frequency deviatid2Rig#Hz. The resistance level is
n Ko

Determine:

() the amplitude of the higher frequency signal.

(i) The modulation index

(iif) TheCarson'dandwidth

(iv) The modulation sensitivity if the amplitude of the lower frequency signal is\&.68

(v) State the amplitude of all components in the resulting frequency modulated signal.
(Quote thefrequency and the amplitude of each frequency component). Sketch the
frequency spectrum of the frequency modulated signal
(University of Ibadan, TEL41Z2ommunication system | 2004/2005 BSc degree Exam).

4.21(a) What are the advantages (if any) of SSB over full AM?
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(i) Draw block diagrams to illustrate the production of DSBSC and SSB by use of balanced
Y2Rdzf  §2NR 652y Qi. YIS dzasS 2F lyeé FAfOGSND
(i) Draw the basic Envelope Detector Circuit.

4.22 A 18W, 150MHz higher frequency current signal is frequency modulated with a 44
kHz lower frequency signal such that peak frequency deviation k26
The resistance level&m ® 5 SISNXYAYSY

(i) the amplitude of higher frequency current signal.

(ii) the modulation index

(i) the Carsons bandwidth

(iv) the modulation sensitivity if the amplitude of the lower frequency signél4655

maA.

(v) State the amplitudes of all componemtsthe resulting frequency modulated signal.
(Quote the frequency and the amplitude of each frequency component). Sketch the
frequency spectrum of the frequency of the frequency modulated signal.

(University of Ibadan, TEL41Zommunication system | 200304 BSc degree Exam).

4.23(a) A 10MHz carrier is frequency modulated by 5Ki8z sinusoidal signal such that
the peak frequency deviation is 3@Hz. Determine the approximate bandwidth of FM.
What type is FM signal?

(b) A18W, 240MHz higherffrequency current signal is frequency modulated with &Bz
lower frequency signal such that peak frequency deviation ikHz The resistance level
is3Mm.

Determine:

(i) the amplitude of higher frequency voltage signal.

(ii) the modulation index

(i) the Carsons bandwidth

(iv) the modulation sensitivity if the amplitude of the lower frequency signabBaaV .

(v) State the amplitudes of all compemts in the resulting frequency modulated signal.
(Quote the frequency and the amplitude of each frequency component). Sketch the
frequency spectrum of the phase modulated signal. (Calculate power in cash component
and sum for all components in the phasedulated signal)

(University of Ibadan, TEL412ommunication system | 2000/2001 BSc degree Exam).
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CHAPTER 5

PHASE MODULATION

5.0 Introduction

Another way to produce angle modulation is to vary the amount of phase shift of
a corstantfrequencycarrier in accordance with a modulating sigaalshown in Fig. 4.2
The resulting output is a PM signal. Imagine a modulator circuit whose basic function is to
produce a phase shift.

Remember that a phase shift refers to a time separation betweensiwe waves
of 'the same frequency. Assume that we can build a phase shifter that causes the amount
of phase shift to vary with the amplitude of the mddting signal. The greater the
amplitude of the modulating signals, the greater the phase shifts. Asdumher that
positive alternations of the modulating signal produce a lagging phase shift and negative
signals produce a leading phase shift.

If a constardamplitude-constantfrequency carrier sine wave is applied to the
phase shifter, the output of thphase shifter will be a PM wave. As the modulating signal
goes positive, the amount of phase lag increases with the amplitude of the modulating
signal. This means that the carrier output is delayed. That delay increases with the
amplitude of the modulatingignal. The result at the opiit is as if the constadrequency
carrier signal had been stretched out or its frequency lowered.

When the modulating signal goes negative, the phase shift becomes leading. This
causes the carrier sine wave to be effecivepeeded up or compressed. The result is as
if the carrier frequency had been increased.

Phase modulatioproduces frequency madation. Since the amount of phase shift
is varyng, the effect is as if the carrier frequency is changed. Since PM proBN;eBM
is often referred to asndirect FM.

51 Phase Modulators

Most modern FM transmitters use some form PM to produce indirect FM. The
reason for using PM instead of direct FM is that the-@sgillator can be optimized for
frequency accuracy andtability. Crystal oscillators or crystdntrolled frequency
synthesizers can be used to set the carrier frequency accurately maintain solid stability.

The output of the carrier oscillator is fed to a phasedulator wherethe phase
shift is made vary iaccordance with the madating signal. Since phase vaioas produce
frequency variions, indirect FM is the result.

5.2 Basic Phas&hift Circuits

The simplest phase shifters aRCnetworks like those shown in Bigs.1(a) and (b).
Depending uporthe values oRand C,the output of the phase shifter can be set to any
phase angle between°@and 90°. In Fid.1(a)the output leads the input by
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C Carier R

C
) ) R )
Carier Caner.—:pT Caner._”——. — oy
c . .
I Modulating .—[\Q Modulatmg_| c

Signal Signal

(a) output leads input: 0 - 90 degree (b) output lags input: 0 - 90 degree  (c) transistor Modulator (d) Varactor modulator

Figure 5.1 Simple PM circuits.

some angle between®Gand 90°. For example, wh&pequalsR,the phase shift is 45°.

A lowpass version of the sanfeCfilter can also be used, as shown in.BEd ().
Herethe output is taken from across the capacitor, so it lags the input voltage by some
angle béween @ and 90°.

One of these simple phasshift circuits can be used as a phase modulator if the
resistance or capacitance can be made to vary with the modulating signal. One way to do
this is to substitute a transistor for the resistor in thecdit in Fig 5.1(a). The resulting
phaseshift circuit is shown in Fi¢.1(c). The transistor simply acts as a variable resistor
that varies in response to the modulating signal. If the miating signal increases, the
transistor base cuent and collector crrent increase. Therefore, the effective transistor
resistance decreases. Lowering the resistance increases the amount of phase shift. This
causes a corresponding freency increase. If the amplitude of the mddted signal
decreases, the base and colieccurrents decrease and the effective transistor resistance
increases. This decreases the amount of phase shift, and, as a result, the amount of
frequency shift decreases. An FET can best#uled for the bipolar transistor in Fi§.1(c)
with comparalte results.

Fig 5.1(d) shows how a varactor can be used to implement a simplepéss
phaseshift modulator. Here the modulating signal causes the capacitance of the varactor
to change. If the modulating signal amplituderneases, it adds to the varagtbias from
R and R, thereby causing the capacitance tocatlease. This causes the reactance to
increase; thus, the circuit produces less phase shift. A decreasing modulating signal
subtracts from the reverse bias on the varactor diode, thereby inangasie capacitance
or decreasing the capacitive reactance. This increases the amount of phase shift.

5.3 Practical Phase Modulators

A common phase modulator is shown in.Bi@. It uses a phase shifter made up of
a cgacitor and the variable resistanoéa fieldeffect transistorQ,. The carrier signal from
a crystal oscillator or a phagecked loop frguency synthesizer is applied directly to the
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output throughG and G. The carrier signal is also applied to the gate of the FET through
G. The series capacitance 6f and G and the FET source to drain resistance produce a
leadng phase shift of current in the FET and a

Crystal-controlled carrier Ve,
oscillator
RFC 2
c1
I I ,
I I Output
RFC 1 >|]: o1
Modulating signal VY
[] R1 [] R2 ca

Figure 5.2 An Improved Phase Modulator

leadingvoltage at the output. The carrier sigl applied to the gate of the FET also varies
the FET currentGandR. produce a leading phase shift less thari.90he leading voltage
acrossrialso controls the current i@.. With two signalsontrolling the FET current, the
result is a phasor sum of the two currents.

The modulating signal is applied to the gate of the FET. k&deps the carrier RF
out of the audio circuits. The audio signal now also controls the FET current. This changes
the amplitude relationships of the other two contiadg inputs, thereby producing a phase
shift that is directly proportional to the amplitude of the modulating signal. The carrier
output at the FET drain varies in phase and amplitude. The signal isghatiywpassed on
to a class C amplifier or frequency multiplier whicmowes the amplitude variations but
preserves the phase and frequency variations.

The problem with such simple phase mdators is that they are capable of
producing only a small amatiof phase shift because of the narrow range of linearity of
the transistor or varactor. The total amount of phase shift iseesially limited to+20°.
Such a limited amount of phase shift produces, in turn, only a limited frequency shift.

5.4 Using aTuned Circuit for Phase Modulation
An improved method of PM is to use a p&htuned circuit to produce the phase shift. At
resonance, the parallel resonant circuit will have a very high resistance. Off resonance, the
circuit will act inductively or cageitively and as a result, will produce a phase shift between
its current and applied voltage.

Fig 5.3 shows the basic impedance Z response curve of a parallel resonant circuit.
Also, shown is the phase variatign At the resonant frequency: the inducive and
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OF LI OAGA DS NBIOGFyOSQa IINBX SljdzZtz IyR GKSNBT
is extremely high impedance &t The circuit acts resistive at this point, and, therefore,
the phase angle between the current and the applied voltagero
At frequencies below resonance decreases andAncreases. This causes the
circuit in act like an inductor. Therefore, the current will lag the applied voltage. Above
resonance, Xincreases while, tlecreases. This causes the circuit to act capacitively, and
the current leads the applied voltagettie Q of the resonant circuit is relatively high, the
phase shift will be quite pronounced, as shown in 5i8. The same effect is achieved if f
is constant and eithek or Cis varied. For a ratively small change ibor C a significant
phase shifcan be produced. The idea then is

C L

+90°

Lag
N
A +450°

N
N
RN

Lagging Leading

Phase shift angle (A)

Impedance (Z)

fr
Frequency

Figure5.3 Impedance and Phase Shift Versus duencyof a Parallel Resonant Circuit.

to cause the inductance in capacitance to vary with the modulating voltage and thus
produce gphase shift.

A variety of circuits have been developed based on this technique, bin one
illustrating its operation is shown in Fg4. The parallel limed circuit made uplof and
Gis part of the output circuit of an RF amplifier driven by the camwillator. Capacitor
G is large so that its reactance at the carrier frequency is low. Therefore, the resonant
frequency is comolled by G. A varactor diodd; is connected in parallel witho@h the
timed circuit and, therefore, will provide a captance change with the modulating signal.
The voltage diider made up oRiandR. Sets the reverse bias d . The value of €s
very large and simply acts as a dc blocking capacitoveptang bias from being applied
to the tuned circuit. Itsvalue is very large, so it is esially an ac short at the carrier
frequency. Therefore, it is the capacitance bf and G that controls the resonant
frequency.
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The modulating signal is first passed through a-p@ss network RG that
provides the amlitude compensation necessary to produce FM. The modulating signal
appears across potéiometer Rs. In this way, the desired amount of modulating signal can
be tapped off and applied to the phasift circuit. The potentiometer acts as a deviation
control. The higher the modulatg voltage, the greater the frequency deviation. The
modulating signal is applied to the varactor diode through capacitofi@ RFC has a high
impedance at the carrier frequency to minimize the loading of the tuned circuitiwh
reducesQ. With zero modulating voltage, the value of the capacitanc®gadlong with
capacitor and the inductorL set the resonant frequency of the tuned circuit. The PM
output acrosd.is inductively coupled to the output.

When the modulating gnal goes negative, it subtracts from the reverse bid3;0f
This increases the capacitance of the circuit and lowers the reactance, making the circuit
appear capacitive. Thus a leading phase shift islggeced. The paralldlCcircuit looks like
a capacitor to the output resistance of the RF @ifier, so the output lags the input. A
positivegoing modulating voltage will decrease the capacitance, and thus the tuned circuit
will become inductive and produce a lagging phase shift. I8eircuit looks like an

inductor to
RF amplifier —I: c1
| T TRL
Carrier input PM output
| l ]
c2
T
- i
+V —
R1 =
]— c3
Modulation signal input R3 C‘i PN T
Lo
D1
R4 R2

Figure5.4 One form of phase modulator

output resistance of the RF amplifier, so the output leads the input. The result at the
output is a relatively wide phase shift which, in turn, produces excellent linear frequency
deviation.

Although phase modulators are relatively easy to implement, they have two main-disad
vantages. First, the amount of phase shift they produce and the resulting frequency
deviation is relatively low. For that reason, the carrier is usually generated avex lo
frequency and frgquency multipliers are used to increase thergar frequency and the
amount of frequency deation. Second, all the phashift circuits described above
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produce amplitude variations as well as phase changes. In the simple-ghifisgrcuits

of Figure 5.1, the phase shifters are all voltage dividers. When the value of one of the
components is changed, the phase shifts but the output amplitude changes as well. This is
also true of the tuneetircuit phase shifter. As a result, someans must be used to re
move the amplitude variations.

Both these problems are solved by feeding the output of the phase modulator to
class C amplifiers used as frequency multipliers. The class C amplifiers eliminate any
amplitude variations, while at theame time they increase the carrier frequency and the
deviation to the desired final values. Class C frequency phiahs will be discussed in the
next chapter.

Phase modulation is the third and last of the analoguedulationmethods. It is
also an ang modulation like FM, and is very similar to it in lots of ways. It is obtained by
altering the phase constanit,, of the carrier in proportion to a baseband voltage shown,
as before, on the carrier equation as

Uc:!O:A I —|O:0 |ﬂ c
PM

Modulation changes ¢ by] " where
AV Definition of phase modulation

The analysis is very similar to that for FM and so will not be given in full detail here.

5.5 GeneralAnalysis

Assume mtwheno T&hen
0 OAT10060 00U

When 0 is asinusoidalwritten as
b O ANO6
The modulated signal becomes
0 OATVO VO ANOO
Which is more usually written as
0 0AT1006 1 AlMOO
Where] is thephasemodulation index.

Then, by analogy to FM, there will be a maximpimase deviationYn , where
Yo 1 00
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But, because there is & Zambiguity, that is
yn o¢¢  Wn
Useful phase changes must lie betweeri andz “.
Expansion of the equationin above gives

0 0O AINOOATIOATIO0 | QtoOET A0

Which is very similar to the corresponding equation for FM and leads to ndvama and
wideband modulations = NBPM and WBPM.

Exampe 5.1
The carrier sigda ¢AT © p 1 ois phase modulated by the information bearing
signalb  oAT @ p 1 othe modulation sensitivity is i 8.

i.  Find the phase deviation

ii.  Find the bandwidth of the phasmodulated signal .

iii. For eachfrequency component within the bandwidth of the phasedulated

signal. write the amplitude and the phase as well as the powers.
iv.  Sketch the frequencgind phasespectrum of the phase modulation.
v. What is the power in the carrier.

University oflbadan, TEL4XZZommunication system | 2000/2A0B.Sc degree Exam
Solution
(i) 0 EADROEAGET® v O
Giventhath cAT©® pmnohy oAl @ pmnoandyd 1¥o
S'/n 0 6_ ()
(i) 0 weE QUANQd pQ=¢T p 0 pT
= 1E0
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(iif)

Frequencydt 1 Amplitudeat Tt Phase radian Power (W)
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Figure 5.5 Frequency and phase spectrum of the modulated signal
(v) Power in the carrietheoretically =—  — n
But the pwer in thephase modulated wavasing Bessel table i3 n.

This shows that the sum of power in each amplitude component is equal to the carrier
power.

5.6 Narrow-Band Phase Modulation
The general expression for NBPM is
0 OATNOd 1 OOEITO6ATIOY
OATMGO -t ool 1 o O6/T 1 o

Which is superficially similar to the expression for NBFM. However, further analysis shows
the difference because
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0 0 AT Go 0 Al © o Al-© o)
1 cT s 1 T & T 1
OA1NTOGd -1 O AT ® 1 0 - 0Eéi 1 0 -
e P - o . “
OAINTOO - O Al o — “ Al o -
1 cT QO c D 1 c

O AT 0o % O AT O 1 o < AT d 1 o -
This is, of course, just a carrier and a single sideband pair whose amplitude spectrum is

exactly the same as for AM and NBFM with bandw@ith8
Obviously the phase spectrum is different and this is where the uniqueness of

Ve
e o a
I I
fe - fm fe fo + fm
Q
T = |
AN

Figure 5.6 Amplitude and phase spectra for NBPM
TaQ 1a%
2 2

Wm “Wm

Figure 5.7 NBPM in stationary phasors

5.7 WideBand Phase Modulation
The general expression for PM above is
0 OANG wg iANOO OETOOET ANNOO
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As for FM, Bessel function expressions are needed to expand this further. These can easily
be obtained from those for FM (Section 5.6) by writhé)l 00 OE-d 1 0o etc., and
are

OéEfN AIMOo 0T 0 AT o bt

E
i Q¢ A1M0o ¢t ANIQGo <t Aidd o E

Leading to the full expression for WBPM showing the signs of all side frequencies;

0 E o1 AT 1 o

o AT O a o - 01 A0 g o
ol AT ® 1 o - 01 ANOo

or AT® 71 o - 01t A1 g o
of AT ® a o - 01 A0 1 o E

The amplitude are of course exactly the see the same as for WBFM (for thé szahee)
with the same bandwidths and again the difference lies only in the phases which are not
the same.

5.8 Comparison of PM and FM

These two methods are closely relateddam some respects, very similar. They both have
the effect of changing carrier phase as a function of baseband voltage. This can be seen
clearly from their general expressions

0 OAT1006 1 _0 Qo
0 OAT 10O T U

Thus it is not surprising that the fuller expressions for NBPM and WBPM are very similar
to those for NBFM and WBFM. These show that for both narrow and wide modulations
the amplitude spectra are the same, the difference between PM and FM lying in the phases
of the harmonic sidebands.
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Vin =mdt | ppase Modulation—»

Vim dv/dt Frequency
dat Modulator

Figure 5.8 FM and PM obtainddom eachother
The similarity gives simple ways of obtaining one modulation from the other by integrating
or differentiating the baseband first. Fig8illustrates this.

The relationships can easily be shown analytically: if

0 0 AlMOo6

Then
.0 Qo —OEToO
And
0 O wgioAl 6-i Qo6 | "QEOOELi Mo
O AT GOAT DOETO OEBTOOENOET 0
0 x OEOET C

With a similar analysis for differentiation.

As we shall see, this method is a convenient way to get NBFM using an NBPM
modulator because the circuitry is simpler and does not need twiredits.

For simple basebandaveformthe difference between FM and PM can be seen
clearly (see Figt.16) but it is not all easy to see witttantinuouslyarying baseband. Try
sketching them for a sinusoidal baseband. This does bring home the gneitdrisy
between the two methods.

Phase

Modulating signal ——
gsig modulator

A4

—x—D .
Indirect FM

|

/ — Carrier oscillator

Low-pass network

Figure 5.9 A lovpass filter compensatefor higher phase shift and frequency devi
ation at the higher modulating frguencies to produce indirect FM.
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5.9 Converting PM to FM

To make PM compatible with FM, weust compensate for the deviation produced
by the frequency changes in the modulating signal. This is illustrated. 5. gid his low
pass filer causes the higher modulating frequencies to be attenuated in amplitude.
Although the higher modulating fregncies will produce a greater rate of change and thus
a greater frequency deation, this is offset by the lower amplitude of the modulating
signal, which will produce less phase shift and less frequency deviation. This network
compensates for the excefigquency deviation caused by higher modulatingjfrencies.

The result is an output that is the same as an FM signal. The FM produced by a phase
modulator is called indirect FM.

Although both FM and PM are widely used in communications systems, mdst ang
modulation is PM. The reason for this is that acrystal oscillator with higher frequency accu
racy and stability can be used to produce the carrier. In FM, crystal oscillators cannot, in
gereral, be frequencymodulated over a very wide range. Howevire crystal oscillator
can drive a phase modulator that can produce the desired FM. Further, most phase
modulators are simpler to implement than frequency modulators. You will seevtiese
practical FM and PM circuits are discusse@lager 4.

5.10 Use of PM
There are two common uses:

1. For NBFM generation in such applications as CB and mobile radio.

2. As WBPM for digital signals in BPSK as described in the next chapter
The first needs simpler circuitry (i.e. no tuned circuits) than the direct method for
applications where only narrolwvaseband modulation is required. The second can also be
done simplyusing a multiplierand has very wide applications.

5.11 Generation anddemodulationof PM

Narrow-baseband modulation can be obtained fronsimnple RC lovpass filter as in Fig

5.8. with C consisting of a fixed capacitor in series with a varactor (providifgy 8
The unmodulated carrier goes in and a phasedulated one comes out. The

analysis is as follows:
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Figure 5.4 ENBPM modulator

And thus linear phase modulation has been achieved. Of coursastemptions ar¢hat

the fractional change in —must be small p p so that only NBPM can be achieved.
But, because the modulation is linear, it can be used for analogue basebands and in
particular, with a prentegrator, to give NBFM as already mentioned above.

By contrast WBPM is really only used for discrete basebanitisfixed voltage
levels between which it is switched. The simplest of these is the binary PSK method
described in the next chapter and its detailed description will be left to then. There the
phase is either (representing a one) or 18Qrepresentinga zero).

Demodulation of continuousPM is rarely needed as it is not used as a mode of
transmission. And for theliscretion of the demodulation of binary PSK see the next
chapter.

5.13 Summary
Phase modulatioroccurs when— changes linearly proportional to , that is
0 OAT V0O VU

Whereu is thephase modulation sensitivity
For singlesinusoidabasebands

0 OAT Vo 1t AI(Oo
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Wherel is thephase modulation indexandf L 08
NBPMoccurs wherh & and gives one sideband pair, both negative, as

0 OAT1Go -1 oo6g/HT 17 o -t oO0FHT 1 o
Its stationary phasordiagram shows clearly how it differs from FM and AM.
WBPMgive§  p sideband pairs with the same amplitude spectrum as WBFM bit
with sign and phase differences (ef. The full expression for WBPM involves Bessel

function and is given iBection 4.17

PM and FM are very similar and one can be obtained ftogrother by integrating
or differentiatingthe baseband before modulating.

PM is a convenient way of getting NBFM (e.g. for mobile radio). It is also widely
used for the modulation by frequency translation of digital signals where its multilevel
capability os of great importance.

5.14 Conclusion

This is a good leaith as any to the next chapter which describes a very important class of
usage for these analogue modulation methatie simple, but widely used, shift keying
methods. Read on.

5.15 Chapter Reew Problems
5.1. ForQ 3kHzO 3.06hf 4.0,0 206and’Q 200 kHz, calculate
(i) The phase deviationyn .
(i) The phase modulation sensitivity and maximum instantaneous phases.
(iii) The bandwidth.
(iv) The amplitudes and signs of tlearrier and all the side frequencies within the
bandwidth.
[compare with Problerd.1.]

5.2. A square wavdasebandat 2.5 kHz repetition frequency and ¢ 6 magnitude is
frequency modulated on to a carrier at 25 kHz with modulatiensitivityof 2500 rado 8
() What is the modulation index?
(i) What is the phase deviation?
(iif) What is the bandwidth?
(iv) Sketch the modulated waveform
(v) Draw the instataneous amplitude spectrum at thextremitiesof deviation,
(vi)Draw the p.m. spectrum showing amplitude and sign.
[compare with Problernd.5.]

5.5.Discuss the relative advantages of using FM and PM for
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(i) Speech basebands

(ii) Digital basebands

(iif) Keying modulations

(iv) Linearity of modulation and demodulation
(v) Obtaining one from the other

(vi) Wideband modulating.

5.6. Sketch the statinarphasor diagram for NBPMJat t8attempt also a sketch at
[ p8s8

5.7 (a) Explain briefly why you need modulate your information bearing signal.
(b) The carrier signal = 3os (6 & p 1 is phase modulated by the information
bearingsignalb =2cos(8 & p 1 . The modulation sensitivity is 2.50 rad/V.
(i) Find the phase deviation
(if) Find the Bandwidth of the phaseodulated signal
(iif) For each frequency component within the bandwidth of thleasemodulated
signal. Write the amplitude and the phase.
(University of Ibadan, TEL41Zommunication system | 2003/2004 BSc degree Exam

5.9 A 9W, 120 MHz higher frequency signal is pleasmodulation with 20KHz lower
frequency signal such that th@eak frequency deviation is KHz. Theesistance level is
0 . Retermine:

() the amplitude of the higher frequency signal.

(i) The modulation index

(iif) TheCarson'dandwidth

(iv) The modulation sensitivity if the amplitude of tlwsver frequency signal is 5.68

(v) State the amplitude of all components in the resulting phase modulated signal.
(Quote the frequency and the amplitude of each frequency component). Sketch the
frequencyand phasespectrum of the phase modulatesignal
(University of Ibadan, TEL41Z2ommunication system | 2004/2005 BSc degree Exam).

5.10. The carrier signadd TAT © p mois phase modulated by the information
bearing signalo @A T ®©¢ p 1 dthe modulation sensitivity is O AFé.

Find the phase deviation

Find the bandwidth of the phaseodulated signal .

For each frequency component within the bandwidth of the phas®lulated signal. write
the amplitude and the phase as well as the powers:

Sketch the frequencgnd phasespectrum of the phase modulation.

What is the power in the carrier

(University of Ibadan, TEL412ommunication system | 2004/2005 BSc degree Exam).
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CHAPTER 6
SIGNALS AND SYSTEMS

6.0 Introduction to Signal Processing

Signal preessing is the science of analyzing and interpreting the sigpedduced
by physical quantitiesln engineering, signal caing information are high energy
microwave pulses in high energy signals necessary for performing macblmmperations
e. g Telephone, radio signals or the pulsat dictate the operation of a digital computer.
Signal may be the cause of an event or the consequencanocéction.In fact the
characteristics of a signal may be out of a broad range of shapes, amplitudes|urateon
and perhaps other physical properties. This signal may be expressed in analytical form call
an expression. In other cases, the signal meygiven in a graphical form. A signal is an
electric quantity such as voltage, current or field strength whose modulation represent
codesof information about the source from which it comes.

Often, an electrical engineer is concerned with the design, analysis and synthesis
of systems. Signals carry information energy from one point of a system to another. In
other words, the engineer is concerned with analysis, detection and processing afsign
The engineer will have to consider signals of many different amplitudes, shapes and time
duration that can vary significantly, Examples: Rasiggtems high echoes (weak and
hidden noiseA Ay I £ = g @SAKF LIS Yy R NBOdeNadvgiam NI 4GS &
(heart signal).

In electrical engineering, signals are encountered as variations of current and voltage
versus time. Signals can be converted from one form to the other by means of a transducer
e.g.Pressure, conductivity, light intensity, sk acceleration can be converted to voltage

or current variations (i.e. electrical signal). It is important for the engineer to understand
the different classes of signals and the various mathematical means for their description.
Only with a good understaling of the signals will Enginedre able to carry out proper
analysis of these signals bearing in mind tAatlog system proces®ntinuousor analog
signals while Digital systems process digital signals.

6.1 Catalog of signals and their mathematicagéscription

In the design of communication systems for transmitting information through physical
channels, we find it convenient to construct mathematical models that reflect the most
important characteristics of the transmission medium. Then, the mathesalamodel for

the channel is used in the design of the channel encoder and modulator at the transmitter
and the demodulator and channel decoder at the receiver. Next, we provide a brief
description of themathematicaimodelsof signaldhat are frequenty used to characterize
many of the physical channels that we encounter in practice.

102



6.1.1 Non periodic continuous signals

(@) Unit step function u(t)
! 1 0 0
C 0
9% o s<o0
0 t
Shifted unit step functions
oL _ 1 0 g
00 & =9 0< @
ty
f(t)
hu() Q0 ¢
fO=hutr ° . ;
-u(t) L
_m- L1 0 E
fO=u= ; o, ;
(b) Rectangular pulse function
Pa(t) ) 0 e ¢
f()=0 0=ult+a)i uti a) =, ﬁf P
a a

f(t) =0y 0= u(t- G+ a)i u(t-qi a)

1
0 |0 o
fh-a to fot+a
(c) Sinc function
1 . _ sind
Sinc(t) = T
NN ﬂ 0 1 <0<
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6.1.2 Nonperiodic discrete signals
The non periodic discrete signals are those signalsRatS 4 y Qi NB LIS i GKSyas
signals are:

(a) Deltafunction
The delta function 0 is also called an impulse or Dirac delta function. It occupies a
central place in signal analysis. Many physical quantities such as point sources, point
charges, voltag®er current sources acting for very short times cannbedeledas delta
functions.
0 | 0 & =¢
_ 1
Theoretically = 0 O

)=, 0 & =1

H
1 o0'd= 1 Areaunder the delta function is uni

0

N !
N !

1
Practically | 0=¢,0=0

ft)=.,1 0'd=10<t<-

(b) Impulse functioncan be used to extract a functiéo from the specific value
that exists at the time wheréQo is acontinuousfunction ato .

(c)Comb function
This is any array of delta functions that are spared T units apart and that extend from
HOT H
Comb 0 B 10 QYQ mohs8

Comb 0O Comb 0O

oY c¢Y 'Y Y ¢'Y oY o ¢ p mTp ¢ O
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(d) Discrete step functior ¢
This is the discrete version 6f0 . An array of delta functions that extends from OH®
and that are spaced T units apart.

Q
P
0Q T 70 o688

TPY ¢'YOY
(e) Arbitrary sampled function
The comb function can be used in the represematof anycontinuousfunction in the
sampled or discrete form. The property of the delta function helps us to write.

Q0 Q0 Q01 0 ®w MO ®
QOQO o Qo o

0éEa®

6.2 Signals and Systems
An electronic communication involves the process of generation, transmission and
reception of various types of signals. However, becaatkdhe following reasons,
communication process becomes very difficult:

1 They will experience attenuation if thegnal is to travel a long distance.

1 When the medium of transmission is not in a perfect condition.

1 Due to the presence of noise at the receiver input.
In some cases, the required signal strength at the receiver input might not be clearly
stronger than thedisturbance component seen at the point in the communication chain,
left for this, communication process would have been very easy, if not trivial. To come up
with an adequate signal processing techniques, which helps us to extract the desired signal
from a distorted and noisyersionof the transmitted signal, there is need for appropriate
understanding of the nature as well as the properties of the desired and undesired signals
which are present in various stages of communication system. Hence, hees @umfirst
stage of or study of this area of communication theory. However, it is what note that
signals physically exist in the time domain usually express as a function of time. Since
signals exist in time domain, it is not too difficult, at leasthia majority of the situation
of interest to us, to visualize the signal behaviour in the time domain. The signals can even
be view in an oscilloscope. Also, it is of important to study the behaviour of signals in the
frequencydomainor spectral domain Wwich is analysing the signal in terms of its various
frequency components i.e. its spectrum. Another powerful tool used to know the
behaviour of signals of any kind is the Fourier analysis. Fourier analysis (Fourier series and
Fourier transform) helps us arriving at the spectral description of the pertinent signals.
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6.3 Digital and Analog signals classification

Signals

I
! '

Continuous Discrete

i 1
I ' l

Deterministic Non-Deterministic
| (Random)
Periodic Aperiodic l l
l l Stationary Non-Stationary
Almost Transcient l l
Periodic ) )
Egordic Non-Egordic

The communication process can be broadly divided into two types, namely, analog
communication (analog signal) and digital communication (digital signalgld$safication

is mainly based on the nature of message or modulating signal. If the message to b
transmitted iscontinuousor analog in nature, then such a communication process is
termed as analog communication.

Alternatively, if the message is discrete or digital in nature, then such a
communication process is termed as digitammunicatios®® ¢ KS g2 NR AGRAIA G £
used in many different context: such as digital camera, digital phone as well as digital
watches etc. While at first glance these three technologies appear quite different, the
digital preface means the same thing in each technology. Digital here refers to the discrete
resolution of signal (information). For example, a digital watch provides the, ltbe
minute, and usually the second. Nevertheless, it is not possible to determine the time up
to ahundredthof a second on watch a digital watch that expresses time only to the second,
in an analog watch, measuring small amounts of time might becdiffibut it is possible
in principle to measure the time essentially as accurately as is desired. For cameras, the
difference is in the picture. A high extremely small pixels, but the image is still in discrete
pieces.
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A traditional camera stores the ptwin continuallyvarying intensities on film. In
digital phones, or digital music recording, the sound is broken into discrete pieces. Analog
phones and LPs can transmit and store continually varying signals. The digital signal can
approach the analog i@l if the pieces are made arbitrarily narrow, but it will never be
completely as smooth as the analog signal. The figure below illustrates the differences
between analog and digital signals.

N

Analog signal continuostarying Digital signalarge time division Digitalsignatsmall time Division.
Figure 6.1. Analog anBigital signal

» »
L » L

From theFig. 6.1 it gives the impression that digital is not as good as analog, but it is not
necessarily true. By increasing the number 0 i.e. decreasing the size of the time division in
a digital signal, can make the digital signahmeas smooth as an analog signals and are
such less prone to degradation. Each of information in digital signal is a number which is
easily distinguished from other numbers. One analogy for a digital signal could be a table
of numbers A comparable anafgy for an analog signal would be a graph.

6.4 Types of signal

A time varying phenomenon that can carry information is called signal. Examples of signals
are human voiceglectrocardiogramsign language, videos, etc. These are can be classified
ascontinuoustime signal, discrete time signal and digital signal, random signals ard non
random signals etc.

Continuoustime signal: A continuoustime signal is a signal that can be defined at every
instant of time. Acontinuoustime signal contains values for adlal numbers along the-x

axis. It is denoted bg 0 &ig 6.2(a) showsontinuoustime signal

N
U DY I all lﬂuﬂ TT”TTFMH TTUTT .

(a) Continoustime signal (b) Discretetime signal.

Figure 6.2. Continuous and Discrete time signals
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Discretetime signal- Signals that can be defined at discrete instant of time is called
discrete time signal. Basically discrete time signals can be obtained by sampling a
continuoustime signal. It is denoted ad € . Fig 6.2(b) shows discretéme signal.

Periodic andAperiodic signals- A signal is said to be periodic if it repeats after some
amount of timew 0 Y w0, for some value of T. The period of the signal is the
minimum value of time for which exactly repeats itself.

1 1
0.5 0.5
o 0
0.05 0.1 0.15 0.2 -0.1 -0.05 0 005 01

(a) Periodic signal Time (seconds) (b) Aperiodic signal

Figure 63. Periodic and Aperiodic signal

Signal which does not repeat itself after a certain period of time is called aperiodic signal.
The periodic and aperiodic signals are shamFigs.6.3 (a) and 6.3 (b) respectively.

Random and Deterministic signalA random signal cannot be described by any

mathematical function. Whereas a deterministic signal is one that can be described
mathematically. A common example of random signal is noise. Random and deterministic
signal are as shown below.

1
(] l (]
5 0.8l E 05
= a
S 0.6 =
< 04 < 05
0.2 1
0 0
50 100 150 200 0.05 0.1 0.15 0.2
(@) Random signal (b) Deterministic signal

Figure 6.4. Random and Deterministic signal

Causal, Nofrcausal andAnti-causal signalSignal that are zero for all negative time are
called causal signals, while the signals that are zero for all positive value of time are called
anti-causal signal. A necausal signal is one that has non zero values in both positive and
negative time. Qasal, noncausal and antausal signals are shown below in thegs.
6.5(a), 6.5(b)and6.5(c) respectively.
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x(®) x(t) X(t)

WN/ WW f
t o |

(@) Causal signal (b) noncausal signal (c) Anticausal signal

Figure 6.5. Causal, Nezausal and antcausal signals
Even and Odd signahn even signal is any sig@@which exhibit the features of the form

WO ® 0.O0n the other hand, an odd signal is a signal where @ 0.Even
signals are symmetric around the vertical axis that they can easily be spotted.

X(t) x(t)

1 |

(a)Odd signal (b) Even signal

Figure 6.50dd and Even signal

An even signal is one that is invariant under the time sca@lifRg 60and odd signal is one

that is invariant under the amplitude and time scaliag® © @O0 . A simple way of
visualizing even and oddgsial is to imagine that the ordinateo 6 axis is a mirror. For
even signals, the part @ 0 ford Tare mirror images of each other.

In case of an odd signal, the same two part of the signals are negative mirror images of
each other. Somsignals are odd, even and neither odd nor e\Rrt.any signalo 0 can

be expressed as a sum of its even and odd parts suchtas @ 0 @ O or we can

say that every signal is composed of the addition of an even part and odd part. The even
andodd parts of a signab 0 are

wo ——ATAO

Here, 0 denotes the even part of signal 6 andw 0 denotes the odd part of signal
W 0. Fig.6.5(a) and (b) shows the odd signal and even siggsglectively.
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Impulse signalThe diract delta function or unit impulse are oftegferredto as the delta
function. Thids the function that defines the idea of a unit impulsedantinuoustime.
Informatively, this function is one that ignfinities mainly narrow, infinitely tall, yet
integrates to one. Perhaps the simplegay to visualize this as a rectangular pulse from

Hb —-toH —with a height of 1/D. As we take the limit of this setup as D approaches

0, we see that the width tends to zero atite height tends to infinity as the total area
remains constant at one. The impulse function is often writteh as.

1 0Q0 p
1/D 1 0
T TR 0 e
(a) Dirac delta function (b) Unit impulse

Figure 6.6. Delta and impulse signals

For the fact that it is quite difficult to draw something that is infinitely tall, we represent
the Dirac with an arrow centered at the point itappplied. The dirac delta function and
unit impulse are as shown in the §i§.6 (a) and (b) respectively.

Real and complex exponential sign&xponential signal is of two types. These two types
of signals are real exponential and complex exponentigiadi

A real exponential signal is defined as:0 © © where both A and® are real.
Depending on the value @f® ¢, the signals will be different. # ags positive, the signal

@ O is a growing exponential and §f is negative, then the signab ¢ is a decaying
exponential. For® 1, signalw 0 will be constant. Fig6.7 shows a dc signal,
exponentially growing signal and exponentially decaying signal respectively.

wo 1
08 T

02 + |
I

. . . 05 .
Figure 6.7. Real exponential signals time

15 2

Complex exponential signals have both real and imaginary parts; in complex
exponential we know that the cosine function is the real part of a complex exponential
signal. Complegxponentialmake dynamic systems analysis relatively sine, thus we often
analyze a signalesponsen terms of complexexponential Since any measurable quality
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is realvalued, taking the real part of the analytical result based on comgigonential
will result in a cosine function. Thus, cosine becomes a natural way to express signals which
vary sinusoidaly.

Sinusoidal signals: Sinusoidal signals are represedtin terms of sine and/or cosine
functions. In general, we represesinusoidahs cosine functions. Our general expression
for a sinusoidal signal i8: » A 11006 —. Wherew is the zero to peak amplitude of
the sinusoidal w is the radian frequency of tlenusoidalvhose unit is radiaper seconds
and—is the phase angle of th@nusoidain either radians or degrees (recalled thgt

o @ Tt A representative plot of a siisoidal signal is provided kig.6.8. In Fig.6.8, the
frequency of thesinusoidalis indicated as a period of the signal (the period is defined as
the shortest time interval at which the signal repeats). The radian frequencgintisoidal

is related b the period by; ¢ Y

v t

Figure 6.8 Arbitrary sinusoidal signal

The frequency of a sinusoidal signal is alternately expressed in unit of Hertz (Hz). A Hertz
is the number of cycle which theinusoidalgoes through in onesecond. Thus, Hertz
correspond to cycles/second. The frequency of a signal in Hertz is related to the period of

the signal by’Q - ( U

Radian frequency relate to frequencies in HertZ®y — ( U

Although frequencies of signals are often expresseHiertz, it is not a unit which lends
itself to calculations. Thus, all our calculations will be performed in radian frequency if
given a frequency in HertHz) it should be converted to Radian/second before any
calculations are based on this frequency.

Energy and power signal# signal witHinite energy is an energy signal. An exponentially
decaying signal that exists only for b3s an energy signalh@& periodic signals are power
signals, and since these signals are everlasting, theyihige energy. Since the periodic
signals havenfinite energy per second. To summarize, a power signal has infinite energy
and a finite power, and an energy sighas a finite energy and zero power, where the
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average power is computed as energy over infinite time. It is clear that a signal cannot be

both a power signal and an energy signal. It has to be either of the two. But it is possible

for a signal to be neitdr of the two. For instance, a ramp signal is neither a power signal

nor an energy signal. A ramp signal has infinite power and infinite energy. Such a signal

exists in theory, but not in real world. If an everlasting exponential signal is defined as
Qpwde Q> Al Aa YySAGKSNI LY SySNHeé& aradaylrt y2N
2NJ I yS3AFGABS NBFE @FtdzS® LT GKS @I fdzS 2F Wi
a power signal. If the value of ais zero, thenthe signal I RO &aA3Ayl €3 | yR AT
is imaginary, then the signal is an alternating signal.

6.5 Signal properties

There are some important properties of signal such as amplitude scalingstatiag and

time-shifting we shall consider in this section.

Amplitude scalingConsider a signabo ¢ KA OK Aa YdzZ GALX &@Ay3a o6& |
can be indicated by anotatiaghd © 6 o0 ® C2NJ Fye& | NDAGNI NBE wiQz
valuewo 60 & | O2yaidlyid W Qd ¢KAAa Aa -ilifgfad I Y LI A (
is negative then it flips the signal with thexis as the rotation axis of the flip. If the scaling

factor is-1, then only the signal will be flip. This is shown inFig6.9 (a), (b) and (c)

P
wo s
O

R E(bb
() A signato 0

v
)
v

(b) A signato 0 scale byl (c) Asignato o scale by 2

Figure6.9. Amplitude scaling

Time-Scaling of signallfime scalingompresse®r dilates a signal by multiplying the time
variable by some quantityf that quality is greater than one, the signal becomes narrower
and the operation is called compression. If that quality is less than one, the signal becomes
wider and the operation is called dilation. F&gg10 (a) (b) and (c) shows the sigoab ,
compression of signal and dilation of signal respectively.

I 0o L)Kib AT

| | ® p | ©w p
(a) Signako 0 (b) Compression of signal (c) Dilation of signal

Figure6.10. Signal compression and Dilation
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Time shiftingsignal:In signals and system amplitude scaling, time shifting and time scaling
are some important properties. If @ontinuoustime signal is define a® i 0 0.
Then we can say thab 0 is the time shifted version df 0 . Consider a simplegsiali 0

form O p8

A A A
x(t) = s(t-2)
1 s(t) 1 1) x(@®)=s(t+1)
0 1 t 0 1 2 3 t -1 0 tV
€) Signak(t) (b) Signabk(t) shifted by 2 s (©) Signabk(t) shifted by1 s

Figure 6.11 Time shifting of signals

Now shifting the function by timé ¢ G
WO [0 ¢ 0 ¢ Qé¢m 0 ¢ p 0 ¢ QEq 0 C o
Which is simply signal s(t) wittorigin delayed by 3. Now if we shift the signal iy
pOThenwd {0 p O pform 0 p O pPQEiIp O 1 whichis
simply s(t) with its origin shifted to the left or advance in time by 1 seconds. This time
shifting property of signal is shown in thég.6.11. (a) (b) and c given above.

6.6 Fourier series
In elementary analytic geometry, we were taught from vector that if you have a vector P
in a twodimensional plane x and y as given below

yA

Figure 6.12.
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This is possible because vectoand w are orthogonal They areorthogonalbecause :
80 wBo Tand they are normalized becaueBy «8o p8

For a given period T, the functio®sE +— andA 1 &- can be consideredrthogonal

in a similar way.

The Fourier series is named after Jean Baptiste Joseph Fourier {1888). In 1822,
C2dzNASNNR&a 3ISyAdza Ol YS dzZll 6AGK GKS AyaAaki
represented as a sum afnusoidal Sich a representation, along with the superposition
theorem, allows us to find the response of circuits to arbitrary periodic inputs using phasor
techniques.

6.6.1. Trigonometric Fourier series

While studying heat flow, Fourier discovered than@n sinusadal periodic function can

be expressed as anfinite sum of sinusoidal functions. Recall that a periodic function is
one that repeat every T seconds. In other words, a periodic fun&fonsatisfies

Qo Q0 &Y oP

Where n is an integer and T is the period of the function.

According to the Fourier theorem, any practical periodic function of frequencyan be
expressed as an infinite sum of sine or cosine functions that are integral multiples of
Thus, Q0 can be expressed as

Qo @ OATO0 WOBTo OATBd O OO0OKD 6 GATD
®» OBb o 6.2

Which can also be written as
MO OWATEO 0 0w OEl o )

8
Where| — is calleed the fundamental frequency in radians per second. The

sinusoidal® E&| o is callecthe nth harmonic ofQo It is an odd harmonic if n is odd
and an even harmonic if n is even. @) is called the trigonometric Fourier series of
"Q0 &he constanty and® are the Fourier coefficients. The coefficiéhtis the dc
component or the average value €0 but sinusoidahave zero average values. Téw
efficient® and@ (foré¢ T are the amplitude of thesinusoidaln the accomponent.
Thus the Fourier seriad aperiodicfunction™Q0 is a representation that resolvéQo
into a dc component and ac component comprisingrdimite series of harmonic
sinusoidal
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A function that can be represented byFaurierseries as in Eq (6.3.) must meet certain
requirement i.e.orthogonal because thenfinite series in Eq (6.3) may or may not
converge. These conditions '©10 to yield a convergent Fourier series are afofes:

1. "Qois a single value everywhere

2. "Q0 has dfinite number offinite discontinuities in any one period.

3. "Q0 has dfinite number of maxima and minima amyone period.

4. The integral SQONO BQEDE M

These conditions areatled Dirichlet conditions. Although they are not necessary
conditions, they are sufficient condition for a Fourier series to exist. A major task in Fourier
series is the determination of the Fourier coefficietdt, ¢ and . The process of
determining the co-efficient is called Fourier analysis. The following trigonometric
integrals are very helpful in Fourier analysis. For any integers m and n

OBl 0Qo m 6.4a

AT¢D 0Q06 m 6.4b

OBl O0ATad 0Qo0 n 6.4c

OBl oOHI 0Q0 ma ¢ 6.4d

AT¢D 0ATod 0Qo ma ¢ 6.4e

i 8 o0Qo- 6.4f
. QEE 0Qo - 6.49
ORI“ m 6.4h
AT 10 p 6.4i
x EADRO

Note that n some text, instead of integrating overperiod T, they integrated ove¢”
which is a period for a sinusoidal functions. For so it can be interchangeably in this text.
Using these identities to evaluate the Fourier coeffitee We state by findingy . We
integrate both sides dEq(6.3). over one period (T) and obtain

"QO'QO &) WDATH OBl o Qo oD
€ p

Involving the identities of Eqs (6.4a) and (6.4b), the two integrals involving the ac terms
varnish. Hence,

"Q0 Q0 W0 O"Y
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¢Chd = WOEIG ¢ VRO o
Note that for"Y ¢*, d.c component is-8

To find ¢ : let us multiply both sides of E§.3) by AT&Q 0 and integrate over one
period:

ODATD 0Qo & OATED O OOE] 0ATdD 0Q0
OATaD 0Qo OATED 0ATAD o0Qo
o OBl 0ATdd 0Q0 o

The integral containingd is zero in \éw of Eq. (6.4b), while the integral containicyg
vanishes according to Eq (6.4c). the integral contaicingill be zero except wherd

€, in which case it is-, according to Eqgs. (6.4e) and (6.49). thus
QOAT 0Q0 w-"@ia ¢

Such that
& ,,5Y 0o ATed 00d i L 0o Aisdno of)

In a similar way, we can obtain by multiplying both siddes of Eq (6.3) Gysil]  oand
integrating over the period. The result is

& .,SY 00 OB1 00 10 = Qo O&I®o 080
Be ware that sincéQo is periodic,it may be more convenient to carry the integrations
above from - to - or generally frond to 0 "Y instead of 0 to T. The result will be

the same.
An alternative from Eq(6.3) is the amplitugbase form

MO B o AT®H o » P T

We can apply the trigonometric identity to the a.c termms
AT® 6 AToRAT60 OmIO I 6.11
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Eq (6.10) so that we have

QO WD 6 AT® o n
NOT A 0 ATnOATeED o 6 OBTOE] o 0P ¢
Equating the coefoicients of the series expansion in Egs (6.3)6al®) 6hows that
% o AlrOhd 6 omi 6.13a
.. PN
5 © bR OAlZ 6.13b

To avoid any confusion in determininghit may be better to relate the terms in complex
for as

6 0 O @ 6.14

The convenience of #relationship will become evident in exponegitFourier series. The
plot of the amplitude Aof the harmonics versusy is called the amplitude spectrum of
"Q0 Nthe plot of the phase" versusg] is the phase spectrum ofQo0 . Both the
amplitude and phase spectrum form the frequency spegtrfor finding the spectrum of
a periodic signal.

To evaluate the Fourier coefficients o ¢ ¢ @ hwe often need to apply the following
integrals:

Aiagno SO0 oD v A
OEI® o (%oa;ie o U A
OA T (0 O (,%Z\'ra@ %‘:Oé‘ﬁo o v &
0O EI® 0 (b,ﬁolé‘ﬁo g)oA'rd@ o U A

It is needful to know the values of the cosine, sine and exponential function for integral
multiples of“ . These are given in table 6.1, where n is an integer.

Table 6.1. values of cosine, sine and exponential functions for integral multiples of

Function Value
ATcd" 1
Okt~ 0
AT:0 g

OEm 0
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Example6.1:
A f(t)
1
-2 -1 0] 1 2 3 tr
Figure. 6.13

Determine the Fourieseries of the waveform shown in Fi§13. obtain the amplitude
and phase spectra.

Solution from
QO WATeEdD o wOETO P o

Our goal is to obtain the Fourier coefficiahtd hand & using Egs (6.6), (6.8) and (6.9).
first, we describe the waveform as

N P m 0 p
Q0 s b b 0P X
And’Qd Q0 "YS8SinceY ¢h —8Y®D i
o P .. P o~ s —s P
W = Q0 Qo — Qo mQo -—
Y c P . o U

Using Eq 6.8. along with Eq 6.15a
& = 00 Al 000

pOEI“0Q0 TnOET 0Q0o 0P W
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PoeicP Logic n
€ m €
From Eq (6.9) with the aid of Eq 6.15b

O 2 Qo Aisd 0Q6
-  pOEI“0Q6 nOEI“0Q0 o8 T
LAito P
€ Tt
p ih: £ QQ
gep P BT
h € Qv Q¢

Substitutingthe Fourier coefficient in Eq$.(L9) to (620) into Eq (616) gives the Fourier
series as

B - ;1id«51112451i77 <€ o8 p

Since™Q0 contains only the dc component and the sine terms with the fundamental
component and odd harmonics, it may be written as

<« - 7 _—"|i-Tz< . 08 C

By summing the terms one by one as demonstrated in6Hig, we notice how
superposition of the terms can evolve into the original square. As more and more Fourier
components are added, the sum getsser and closer to the square wave. However, it is
not possible in practice to sum the series in EQ1por 6.22) to infinity. Only a partial

sum (n=1,2,3....N where N is finite) is possible. If we plot the partial sum (or truncated
series) over onegriod for a large N as in F§15 we notice that the partial sum oscillates
above and below the actual value &0 . At the neighborhood of the points of
discontinuity & Ttiplt 8 hthere is overshoot and damped oscillation. In fact, an
overshoot of aboti9 percent of the peak valueadwayspresent, regardless of the number

of terms used to approximat®o . This is called the Gibbs phenomenon.
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ft) f(t) f(t)

1/2

=
O W

dc component Fundamental ac component Sum of the first two ac components

f(t) f(t) f(t)

Sum of the first three ac component Sum of the first four ac component Sum of the first five ac component
Figure6.14. Evolution of a square waveform itSourier components.

f(t) A

1 2

Figure 6.15Truncating the Fourier series at I28; Gibbs phenomenon

Let us now obtain the amplitude and phase spectral for the sigiggb.13.

- ) c L
5 o & s e € &QQ 0& O
. ¢ QU 0t
- A <G wm £ Q0
A OAT o T gk P8 T

120



The plot of6 andr for different values ot] ¢ “provide the amplitude and phase
spectra inFig. 616. Notice that the amplitudes of the harmonic decay very fast with

frequency.

(0)

0.5

Figure6.16. (a) Amplitude and (b) phase spectrum of the function showrFig.6.13.

Example6.2.
A f(t)

10

Figure6.17

Find the Fourier series for the waveform shownHg. 6.17 solution: The waveform is
periodic of period—inoor¢“ in] Oltiscontinuousfort 7 0 ¢“ and given therein

by Qo —] 0, with discontinuitiesat 6 ¢“ ¢wheren=0,1,2, ......... The Dirichlet

conditions are satisfied. The average value of the function is 5, by inspection, and thus,

gc‘b w8 "Qf it T
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Thus, the series contain no cosine terms.
p pT

- CT—| ATed B 6Q1 o

T o. . . A L T

P %Rieg oLoen o8

C & & Tt £

< —iaog €« —1iTo<4«—"1i 10 «ES8
i Z Z . Z
il 0 <«
A .

In the same way as the earlier example, the sine and cosine terms of like frequency can be
combine as a single sine or cosine term with a phase angle. To give

Q0o gd) 6 AT o — o8 L
n~y P PN
Qo0 Eoo o OEeg] on o8 o
7TEAGA & w h— ooos(b,—wsfﬂ owa—&)—8
Note thatd here is same a8 earlier used.) OQ— are phase analysis.

6.6.2.Symmetry Considerations
We notice that the Fourier series of Example 6.1 connoted only of the sine terms. One may
wonder if a method exists whereby one can know in advance thateséiourier
coefficients would be zero and avoid thecessaryork involved in thdediousprocess
of calculating them. Such a method does exist; it is based on recognizing the existence of
symmetry. Here we discuss three types of symmetry:

Even symmetry

Odd symmetry

Halfwave symmetry.
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6.6.2.1. Eversymmetry
A function™Q0 is even if its plot is symmetrical about the vertical axis that is;

Q0 Q0 o8 X

H(t)
ta(t) tho

A A

-T T T 0 T R T, TR VN e
LA

(@) (b) (©)
Figure 6.18. Typical examples of even periodic functions

Examples of even function atefo hd b hand cost. Figure 6.18 shows more examples of
periodic even functions. Note that each of these examples satisfies E&).(&. main
property of an even functiofQQ 0 is that

"QO0Qo0 ¢ "QoNQOo (0l

Because integrating from- to 0 is the same as integrating from 0 +o Utilizing this
property, the Fourieco-efficientfor even function becomes:

& ,,5Y 0000 08 &
v LS ~
W ~ Qo Aled 0QOo g W

® T

Sincew  mhEQ(6.3) becomes a Fourier cosine series. This makes sense because the
cosine function is itself even. dlso makes intuitive sense that an even function contain
no sine terms since the sine function is odd.
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To confirm E@6.27). Quantitatively, we apply the property of an even function in EBGP.
in evaluating the Fourier coefficients in Eqs (6.6),)(&r®l (6.9). it is convenient in each

case to integrate over the interva 6 -hwhich is symmetrical about the origin. Thus

b R 006 &, MRS VOQO o0&
We change vidables for the integral over the intervg- o0 T1tby lettingo W SO
that QBQO "Q 6 "Qwhsince™Qo is an even function, and whetn  —ho
- &
® ~ Qv Qw "Q0Q0 o p
P A e e e
o QwQw Qo Qo

Showing that the two integrals are identical. Hence,

b % 0000 & ¢
As expected. Similarly, from Eq (6.8)
b & oo ATE0 o0 0o AlD 600 & o

We make the same change of variables that led t¢@3fl) and note that both'Q 0o
Mo OERT &1 o AT&d 08E(q(6.33), then

" OAT & ® Qw "Q0 ATED 0Q0

®w =

N

C o~ Rt A i~ R

~ QW Al & Qw Qo AI€D 0Qo

.,SY MOATH ©0Qo Qo AT 0Q06 o T A

Or

" T % A s e 2
W ~ Qo AI€D 0 Qo o A

As expected. Fab , we apply Eq (6.9)
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o ,,5Y 0o OBf 006 Q0 OB 000 & @
We make the same change of variable but keep in mind that
MO0 "QOOOGETE o O El 8Eq(6.35)yields
& = 0 GOElE & Qo 00 OBl 000

,,5Y 06 OB ©Qé Qo OB 600

%, 0OEd @Qo 00 OB oo m o X

Odd symmetry
A function"Q0 is said to be odd if its pl@nti symmetricabbout the vertical axis:

Q0 Qo o Y

CExamples of odd functions atd ho HO B8

Fig. 6.19. shows more examples of periodic odd functions. All these exarsalssy Eq
(6.37).An odd functioriQ 0 has its major characteristic:

"QOQO T 0B

f (t) A A

a() h(t)
A IR
T T 0 TIZ\/T: g
A

U

(b)
Figure 6.190dd periodic function

Fig 6.19. Typical examples of odd periodic functions because integratingzfrom 4t is

the negative of that from 0 te-8with this property, theFouriercoefficients for an odd
function becomes
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w5 Q0 OEl 0Qo o8 1

While give us a Fourier sine series. Again this make sense because the sine function is itself
an odd function. Also, note that theren® dc term for the Fourier series expansion of an

odd function.

The quantitative proof of Eq @) follows the same procedure taken to prove EQR%H

except that"Qo is now odd, so thatQo "Q0 . With this fundamental but simple
difference, it iseasy to see that® Tin Eq (636), &0 Tin Eq (634a) and® in Eq

(6.35) becomes

& ,,5Y 0 6 0ETE 6 Qo Q0 OBl 600
,,5Y 06 OBT 006 Q6 OBT 000
y Q0 OEd 06 Qo Q0 OBl 0Qo
> T . 2 omm
SV Q0 OEl 0Qo 8 p

As expected, it is interesting to note that any periodic funct@a with neither even nor
odd symmetry may be decomposed into even and odd parts. Using the properties of even
and odd function from Eq. B7 and6.37, we can write

P P

Q0 E"Q(‘) Q0o E"Q(‘) Q 0 Qo Qo & ¢
\___r_4 \___W—J
Even Odd
NoticethatQo - "Q0 "Q 0 satisfiesthe property of an even function in[®®7),

while'™Q -"Q0 Q0 satisfies the properties of an odd function in EB®. the fact

that "Q 0 contains only the dc term ahthe cosine terms, whiléQ 6 has only the sine
terms can be explained in grouping the Fourier series expansi@oobs

Q0 O wéd o » OB o Qo Qo
AN ~ J %—J
Even Odd

126



Follow readily fronEq(6.42) that when"Qo is eveng  mand when'Qo is odd,

O T OW.
Also note the following properties of odd and even functions

1. The product of two even functions is also an even function.
The product of two odd functions is an eviemction.
The product of an even function and an odd function is an odd function.
The sum or difference of two even function is an even function.
The sum odifference of two odd function is an odd function.
The sum or difference of an even function andad function is neither even nor
odd.

o0k wnN

6.6.2.2. Half wave symmetry
A function is halivave (odd) symmetry if

Y
QO c Q0 oq o
Which means that each hatfycle is the mirror image of the next haljcle. Notice that
functionsA T80 ®& QED osatisfy Eq.6.43) for odd vales of n and therefore possess
half-wave symmetry whea is odd. Fig.20 shows other examples of hatve symmetric
functions. The functions ikig6.19 a&b are halivave symmetric. Notice that fogach

function, one halfcycle is the inverted version dhe adjust haHcycle. The Fourier
coefficients becomes

W T
T - ~ P n 14 " r b b
" — QO ATED 0Q0 Qede QQ .
® Y VEEQD QE ¢8 T A
Th
T - -, . A ”n, 4 " r b D)
> — Q0 OBl oQo Qe QQ R
@ oy VEEQD QE o8 T A
Th

Figure 6.20: Typical Example of halive odd symmetric function showing that the
Fourierseries of a hakwvave symmetric function contains only odd harmonics.
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To derive Eq6.44a) and b we apply the property of halfave symmetric functions in Eq
(6.44a) and b we apply the property of halfave symmetric functions in E®.43)in
evaluating he Fourierco-efficientin Eq (6.6),8.8) and 6.9). thus

w p P
w =~

Y_QoQo o _QoQo Qo Qo ©8 v

We change variables for the integral over the interval 0  1tby shiftingn 0 -, so
that Qo QBH'M&O -l 1HE MO 1w - Also, we keep Eq 6.1.26 in
mid; thatis, Qo - Q&M e

P A A
W = Qw EQw Q0 Qo

~

"EY QwQw "QOQo ™ o8 ¢
Confirming the expression fos in Eq 644. Similarly,

& ,,5Y Qo0 ATed 6Q0 QO ATED 0Q6 Qo ATED 000 8 X

We make the same change of variables that led to B $0 that Eq &7 becomes

- Yo Y T e
& ,,5Y Q0 ¢ AT0 o - 0o AT 000 g8y
SinceQw - Moot RIEH w - AlTH o &
ATed o < AT¢D 0ATe0 OEl oOEIl" p ATegD o6 @8 w
Substitutingthese in Eq6.48)leads to
& ,,SYp o 00 Ai0 06Q0
LS S
o Q0 Al€D 0Qb Qe E € QQ 0 T
mh MEEQL QE

Example 6.3.
Determine the Fourier series for the halfverectified cosine function irFig.6.21
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A (t)
4

5 -3 1
Figure6.21A typical Even function

Solution: This is an even function so that 1t Also’Y th — ] -. Over a
period. 5
m ¢ O p
Q6O TA'I'EC?hﬁ p O p
mh p 0 ¢
O = QOQO% TA'I'EOE)QO mQ o
pl_IJ, HA p .[
-8 OEo
cal_ c T[ 113
T - o T N P ¢
® =, QOAItO 0Q0 - TAI-QAI-©0-Q0 T
Y T C C
6 6 ATOAT O gA'l'iﬁ') 6 AlT® 6 8YM¢
., T ot R o
®» - Al-0¢ po AI-0¢ po QO
C C C
0 C A'I'E('ib A'I'E()é POQO
Fore p
. o . i Q" 0p
W ¢ Al“Q p Qo ¢ — oT[ C
Qe p
C 3 ,u’\‘ C ,:‘A‘
W - OEle p — OEle p
e p_ Q. e p C ~
Qtd £ Q@ pholuB h E pOEQR p i MEE QX
L L ~ € .
oahé OEc—Ie P OEc—é P AI—CG ph & Qo8
Hence
_ - _
o6 P S P TP, gy0:
E p E p g
Thus
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Which is a Fourier cosine series.

6.7 Systems

Ly AYLRNIIFYG FawLsSod 2F +ty SyairaySSNIRa ¢2NJ

behaviour of some system in response to an excitatiomlisturbance. An excitation or
disturbance is a signal and response is also a signsyst&ém is a physical object or
assembly of physical objects for which there is a point at which excitation can be applied
and another point at which the response candizserved.
For each system there are mathematical models for each elements of thensyste
Mathematical model for the interconnected elements which can be reduced to input
output relationship. A system may be represented by a block diagram that descries th
terminal properties of the system i.e. relationship between its inputput. The
relationship may be in the time domain or frequency domain.
A system can be categorized@mtinuoustime system if its input and output signals are
analog signals. A system is a discrete time system if its input and output are discrete
signals.
A continuoustime systens may deal with random signaland such systers are called
stochastic systesimeanwhle, continuous systemmay deal with deterministic signals
andsuch a system is a deterministic system.
A system can be linear or ndimear. A linear relation existvhen there are linear
relationshipbetween input and output ané non-linear system has aon-linear input
output relation
MOO°™MQo (Ot P@ujii €néi 0Qa&AEXIE € i

QOO Qo

WQO0 % WQ o

@QO ° @dQ o

G@QO  @dQO ° Qo  dQ o

Where a and b are constants

Qe O Q¢

Qe 0 "Q¢

wQe 0 Q¢

@QE O BQ ¢

GQE @R O Qe dQ¢E

Systems whose characteristics vary with time are called -tierging systems while
systemswhose characteristics do not change with time are known as time invariant
system.
Today mput QO "Q,
Tomorrow inputQ©® "Qhtime invariant
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have occurred ab 0 are said tobe causal when the present output does not depend
on any future input. Most systems are caudddn-causal systemare also possible.
A system isnemorylessif the present output only depends on the present input
and not on any past input. A system has meynib the present output depends on a past
input or past inputs.

f(n) g(n)
f(t) 9(t)
—" SYSTEM .
Output
Response
Effect

Input
Excitation
Cause

Figure 6.22 A block diagram of system

6.7.1. Time domain analysis of systems
1. Differential and Difference equations
For continuous time systems, the input outpetation is a differential equation such as
Qo 9 Q0 Qo
Substitute forQo hsolve the differential equation to gé@ o for discrete time systems,
the input output relation is a difference equation to g& o .

Example 6.4
eQE vQe p Q& ¢ Q& , Useteration to obtain"Qt given Fig. 6.23
Q¢
I
0 1
Figure 6.23

Solution

AssumeéQ¢ T fore T

Therefore, giveng'Q¢e vQE p Q& ¢ Q¢
fort mQ: m

Q. vQ p Q ¢ QmeQmnm OQn

. o Qn
Q©Qm Qrt h Qmn = —

. ¢
fore php'Qp vaQm "Q p "Qp
v
¢Qp  2om "Qp
ButQm phQp ¢
v
‘0 Y .
¢Lp 0

0Qp ¢

slc
=B
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fort chpQc uvQp Qm Q¢

fort ohgQo uvQg¢ Qp Qo

fort TtheQtr uvQo Q¢ "Qr

6.8. Convolution

Convoluton plays a significant role in communication signal detection and in other
fields such as spectral analysis of atoremission in physics and chemistry. The
importance of the convolution in system studies stems from the fact that a knowledge of
the outputof a linear timeinvariant (LTI) system to an impulse (delta) function excitation
allows us to find its output to any input function. Convolution is also used in finding the
Fourier transform of signals.
The impulse response of a system is defined asspanse of a system when the input
to the system is an impulse functipno .

For a causaystem
10 0 ©9Q0 0
10 0YYO Qo 0Yo
Remember the property of delta function

"Qo Q01 0 0 QO
QO W E "Q0Q
"Qo 1Y 0 00Q0

Since for the systein 6 © Q0
Q0 0 %60 o o 1ot
Q7T 0 T ©"Q0Q0 T
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6.8.1 Continous Signal Convolution Integral

Qo
Convolution is commutative i.e

Q0 2'Q0O

Qo 1t 200
0RO 1Ro . Q0 1'Q0Q0

Example6.5

Using convolution integral, combine the graph@b

f(t)

\

f(t)
QO = Q %(1)

o 1)

h(t)

"QOQ0 TQO

Q0 2] o

Q 8060 and’ Qo

QO = 'Q 05%(9)

\

g4
Q0 = Q O'Q.S(C) 1)
,ﬂ
O L

Qoo

133



u(t)
1
f(t) e’
h(t)
e—0.5'[
f(t) ot
0 05(0 1) t<0,g(t)=0

i.e No overlap

Qt

Qft

The combined graph of convoluted process

A

2

o
0 TQ 050 taf
0

o}
= Q1 050+05t0t

0,
[¢}

'Q 0.5(6+1) Ot
0

_ Q 05 t+o0 0
05 0

Qo ‘Q 050
05 05

2Q 0+ 2 050

t g
f(t) o :
|
\O ti » _2
't -
t=o0@Qt=0o
Figure 6.24
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Example 6.6Convolutiond

W OEL o

Pa(t Pa(t -
a(t) a(t) " | :
I
| "
- > aml g~ %
Bl -2a 2a 5 »
-a>ti 2a>a
0] Up(0 1) a<t<3a
© )
Qt = 1.10Qf= ¢ o
t 0 20 0 2w
a0 a No overlap, ie g(t) = 0 ____"?T =30 0
______ I I
| | v) | ! No overlap
' | Lt
; l a0 agy o ieg(t)=0
t-2a t t+2a o 5
Lett+2a<-a
t<-3a
ie -a<t+2a<a
Ba<t<-a The combined graph of convoluted process
- 0o(O
(ii) l_zw___) |
| I
| A
- ~-a %% a
N N
2 e ® o
Qf = 1.10=1°" 20
& @ S
. " v " -3a -2a -a 0 a 2a 33t
= 0+ 2w @D =0+ 30
"
(iii) | [
I
! o,
~ -ao0rag T
N
) D
t+2a>a,t>-a
t-2a>-a,t>a
-a<t<a
(&)
Qt = 1.10r=2w
&
Figure 6.25
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Example 6.7

Convolutionthe graphs of Figs. (a) and (b) below using convolution integral.

A

N f(t)
h(®
(a) 1 t (b) 1 2 t
@0 1)
"Qt =20 2 0+1 o+1
an Qt =0
0 1t " " - T
N [ ‘F____-I
|
|
No overlap o T1 -~ —
ieg)=0 7777 () [N
! | ti1>1,t>2
L |
s - = 1 o 1 T ti 2<1,t>3
N [ 1 1
t<o "Qt = 2. 10=[21, ",
o2 o
Qt =6 20
": No overlap
: i,eg(t)=0
0l T o0 —" 1 ’"_":
N Ll |
t-1<0,t<landt>0 |
O<t<1 0] 1 i v -
i © : o ~ -
Qt = O1.1Qr:[1‘]o ti 2>1,t<3
Qt =0
The combined graph of convoluted process
T 9(®
|
§ i
7o T1 -
) -
t>1 0 1 2 3 t
tr 1<1,t<2
o1 1
Qt = 1.20Q+ 1.1°0F
) o1
N __ o 1 1
Qt == 2t 0 +[ﬂo 1
Figure 6.26
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6.8.2 Discrete Signal Convolution
Suppos€éQQ Q 8 6Q
ME QBot
Q¢ 1 Q¢

QQ QE QQ ¢

Example6.8:
Determine the convolution of the function®Q 6 Q ®¢& VQ -
Solution
:‘Q’?‘Q
fo} o) D o}
a ¢ 0 m 0 c ko)
)
Q
)
= e
00 c4
C D ko)

ToconvolutedQQ "QQz1QQ
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6.9 Chapter Review Problems

6.1 Showthat if Q0 (a)Using the factorsQo 1 0 p @& @O 'Q verify the
connotative property of the convolution (b) Convolute (i) 0 ® Q006 0O
()06 0 Q0060

6.2 Show that ifQ0 is a real function and are defineQ 0 2 Q0 | 0 zQo
i 0ZQOo0MEQO 2z Q0 ™"Moand™ Q0 2z Q0 "Q 0" QQO Qo z
"QOR@ VTR O— O — 02" Q0z— 0.

6.3 (a) Explain the following terms:
(i) Signal (ii) System with memory (iii) Causal, Linear;ifuaeant System
(b) Draw the waveform of the following Signals
wd oQ 606 Yo o0 Y
[ao T0 O wsn®] o
(ilwe 10 & T0E L d & X
(University of Ibadan, TEL52Signal Processing010/2011 BSc degree Examination)

6.4 (a) Explain the following term:
(i) Signal (i) Memory less System
(i) Impulse Response (iv) Causal, Linear;imiagant System
(b) Sketch thevaveformof the following Signals:
() @0 ¢Q 60 x0 0 X
(il @6 ¢co60 0iQtw
(iii) w € 00 € g0 & U d € X
(iv)n € q ¢ c0e&E C7COE UL ZOE W
(University of Ibadan, TEL52Signal Processing013/2014 BSc degree Examination)

6.5 (a) Explain the following terms:
(i) System (ii) Causal, Linear, Timeariant System (iilmpulse Response
(b) Sketch the waveforms for the following Signals:
(wd o6c 00 O o T O X
[owd T 6 x iMEaw ¢ 0 O o
(lijw e 00 € ZOOE UL
(iViwe cOeE 706¢& X g ¢ o
(University of Ibadan, TEL52Signal Processing011/2012 BSc degree Examination)

6.6 (a) Explain the following terms:
(i) System (ii) Causal, Linear, THimeariant System (iii) Impulse Response
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(b) Sketch thevaveformfor the following Signals:
(wd odo 00 06 ¢ 1 O X
(i) o 1 0 X iQEa ¢ 0 0 3)
(ilwe g0 € ZOOE L
(iv) we coe 70E& X ¢ € o
(University of Ibadan, TEL52Signal Processing012/2013 BSc degree Examination)

6.7 (a) Explain briefly the following system types:
(i) DiscreteTime (i) Analog (iii)) A system with Memory
(i) Linear

(b) Draw thevaveformrepresenting:
(Hwo 06¢ O0i QOO
(ii)a o g 60 0O
(i) o co “ 0" 6 1T 0" X ¢ *“ o
(wvn* ¢ ¢ ¢ v 1" X

6.8 Draw the waveform of the following Signals
Hado cQ 60 YO o Y
[Hao 0 O YiQtay o
(i) W & TY¢ 1¢& v ¢ & X
(iv) n ¢ 1 ¢ o6& pzooe T 7COE X
(University of Ibadan, TEL52Signal Processing004/2005BSc degree Examination

6.9Find the trigonometric Fourier series for the triangular wave shown in fig 6Q.1 and
plot the line spectrum.

15V

Figure 6Q.1

6.10 Find the trigonometric Fourier series for the triangular wave showfigr6Q.2
and plot the line spectrum.

5A

Figure 6Q.2
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6.11 Find the trigonometric Fourier series for the halfve rectified sine wave shownin
Hg. 6Q.3 and sketch the line spectrum.

Hgure 6Q.3

6.12 Find the trigonometric Fourier series for the halave rectified sine wave shown
in FHg. 6Q.4, where the vertical axis is shifted from its position 6Q.3

Figure 6Q.4
6.13 The voltage wave shown in figure 6Q.5 is applied to a series circ¥it of
TEmAT A ¢ 1. Use the trigonometric Fourier series to obtain the vgéacross
the resistor. Plot the line spectra of the applied voltage ando show the effect of
the inductance on the harmonics o x ix R

12V

Y N

- s . = > 1o
2 2

Figure 6Q.5

6.14 Find the trigonometric Fourier series for the halave rectifie sine wave shown
in FHg. 6Q.6 and sketch the line spectrum.

10NV

) ‘ .. 2\]3“ -
-10\V

Figure 6Q.6
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CHAPTER 7
SAMPLING THEORY

7.0 Introduction

As we know that broadly, there are two types of signals, continuous sigeal and
discretetime signals. Due to some recent advance developmerdigital technology
over the past few decades, the inexpensive, light weight programmable and easily
reproducible discretetime systems are availabl@herefore, the processing of discrete
time signals is more flexible and is alseeferable to processing of continuocdsne
signals.

This means that in practice, although we have a large number of contirtiunas
signals, but we prefer processing of discréitme signals. For thipurpose, we should
be able to convert a continuotteme signal into discretéime signal.

This problem is solved a fundamental mathematical tool known as sartipinogem.
The samplinghlteorem is extremely important and useful in & processing. With the
help of sampling theorem, a continuotime signalmay be completely represented and
recovered from the knowledge of samples takeniformly. This means that sampling
theorem providesa mechanism forepresenting a continuousme signal by a discrete
time signal. Therefore, sguling theorem may be viewed as a bridge between
continuoustime signaland discretetime signals.

The concept of sampling provides a widely used method for udisagetetime
system technology to implement continuotisne systems and proces$ise continuous
time signals. We utilize sampling to convert a continusigsal to a discretéime signal,
process the discretime signal using discretetime system andhen convert back to
continuoustime signals

7.1 The Sampling Theorem

Sampling of the signals is the fundamentgleration insignatprocessing. A continuous
time signal is first converted to discret@gnal by sampling process. The sufficient
number of samples of theignalmust be taken so that the original signal is represented
in its samples completely. Also, it should be pe#le to recover or reconstruct the
originalsignalcompletely from its samples. The number of samples to be talegends
on maximum signal frequency present in the signal. Sampling theayems the
complete idea about the sampling of signdlsfferent typesof samplesare also taken
like ideal samples, natural samples andiap samples.

Let us discuss the sampling theorem first and then we shsdlussdifferent types of
sampling processes. The statement of sampling theocan be givemitwo parts as:
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0] A bandlimited signal of finite energy, which has no frequemgnpament
higher than & Hz, is completely described by its sample valuearatorm

intervals less than or equal teE second apart.

(i) A bandlimited signal of finiteenergy, which has no frequency components
higher than f Hz, may be completelyecoveredrom the knowledge ofts
samples taken at the rate of isamples per second.

The first part represents the representation of the signal in its samples@ndnum
sampling rate required to represent a continuetise signal into itssamples

The second part of the theorem represents reconstruction of the origsigglalfrom

its samples. It gives sampling ratequired for satisfactory reconsiction of sgnal
from its samples.

Combining the two parts, the sampling theorem may be stated as under:

"A continuoustime signal may be completely represented iits samples and
recovered back if the sampling frequency is > 2f. Here § is the sampling
frequency and  is the maxmum frequency present in the signal".

7.2 Proof of Sampling Theorem
Toprove the sampling theorem, we shall shohat a signal whose spectrum is hn
limited to fm Hz, can be reconstructed exactly without anyoe from its Samples taken
uniformly at a rate/E ¢ ( U
Letus consider a continuous time signal x{those spectrum is banlimited to fm Hz.
This means that the signat(t) has no frequency componentseyond fn Hz.
Therefore, X(w) is zero for ||>71 i.e.,

81 A
Where] ¢‘Q
Fig 7.1 (@) shows this continuouime signal x(t). Let X() represents Courier transform
or frequency spectrum as shown in Figl(b). Sampling of x(t) at a rate of in Hz (§
samples per second) may be achievedtytiplying x(t) by an impulse train 0. The
impulse trairi 0 . consists oP impulses repeating periodically evegs&conds, where
N _

Fig 7.1(c) shows this impulse train. This multiplication results indhepled signal g(t)
shown inFig.7.1(e).
Thissampled signal consists of impulses spaced ewsgcbnds (the saplinginterval).
Theresulting or sampled signal may be written as

coO @0 o. 7.1
Again, since the impulse trajn O is a periodic signal of period iTmay be expressed as
a Fourier series. The trigonometric Fourier series expansion of impuléd A is + ¢
expressed as
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1 O 7P CADD A0 cAloHO 888 X&
X(w)}
X(t)
A
0 " 2“7Q 0 2°'Q w
€]
fm 0 fm f
. ()
1 v (0
A X(t)———>
| ‘ Multiplier 50
1y(Q——
2TTs |0T2T. € € € € t
(d)
(©)
el
O
h A A
Y I, AT,
I T '2\;vs Ws 0/2Qw.  aww
Y . 1 ‘ -
o 2 ¢¢ . 2f fy O fn f 2f; f
(e) ®

Figure 7.1(a) Acontinuoustime signal(b) Spectrum of continuousime signal(c) Impulse
train as sampling functioid) Multiplier (e) Sampled signaff) Spectrum of sampled

signal.
Herg — ¢"Q
t dzi G Ay 3 (0 LKFomBEY(EQE7.12 the sampled signal is
o £ B0 CEOATN0 (AKGOAIG O CAid 688 X

Now, to obtain G(w), the Fourier transformation of g(t), we will have to take the Fourier
transform of right hand side.
Fourier transform o@OE &5
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Fourier transform of @ATYOE G 5 b 85 5 8
Fourier transform o @ATO CEB 5 ¢ 85 ¢5 ]andsoon. Therefore,
on taking Fourier transformation, the equation (7.5) becomes

P

S Wi8b 85 85 N 857¢d 8 ()
8570 MY o) E8888 X8
o & o 8 X®

From Egs (7.4) & (7.5), it is clear that the spectrumJG(consist of X() repeating
periodically with period — rad/s. or'Q —Hz as shown iRig.7.1(f)

Now if have taeconstruct x(t) from g(t), we must be able to recover Xfrom G§ ). This
is possible if there is no overlap between succession cycles QfF8]. 7.1f) shows that
this requires.
E ¢ K X®
" OBEGA T DEEDBDORI
&R P

( ATPAA 4 E X&
Therefore, as long as the sampling frequengy §ireater than twice thenaximum
signal frequencyQ, G{ ) will consist ofnon-overlapping repetitions ofo 5 . If
this is true,Fig.7.1(f) shows thatw 0 ; can be recovered from its samples g(t) by

passing the sampled signal g(t) through
on ideal lawpass filter of bandwidth f Hz. This proves the sampling theorem.

7.2.1. Few points about sampling theorem

(1. Fig.7.1 "Q shows the spectrum of sampled signal. According to the
figure, as long as, the signal is sampled at F&e ¢'Q, the spectrumGQ ) will
repeat periodically without overlapping.

(i). The spectrum of sampled signal extengs to infinity and the ideal
bandwvidth of sampled signal is infinite. But here our purpose is to extoact
original spectrun® 5 out of the spectruniO) 8

(iii). The original or desired spectrud 5 is centered 85 =0 and is
havingbandwidthor maximum frequency equal tom. The desired spectrumay
be recovered by passing the sampled signal with specti@m through a low
pass filter with cutoff frequency0 . This means thasince a lowpass filter
allows to pass only low frequencies up to -@if frequency 5 and rejects all
other higher frequencies, the originapectrum® 5 extendedup towm will be
selected and all other successivgher frequency cycles in the sampiggectrum
will be rejected.Therefore, in this way, original spectruénb will be extracted
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out of spectrum™OJ . This original spectrun@® 5 can now be converted into
time-domain signado 0 8

(iv). It may also be observed frofg. 7.1that for the cas€éQ ¢'Q, the
succesive cycles, dB( ) are not overlapping each other. Hence in this case, there
is no problemin recovering the original spectrud 5 .
(v). For the case™ @ ¢"Q, although the successive cycles"©fh are not
overlapping each other, but they are touching each other. In this cdse, the
original spectrum® 5 can be 'recovered from the samplepectrumG(Q ) using a
low-pass filter with cwoff frequencyd 8
For the casé&) ¢'Q,the successive cycles, of the sampled spectwithoverlap
each other and hence in this case, the original spectrind cannot be
extracted out of the spectruiOb 8Hence, For reconstruction without
distortion, we must have
0 0

7.3 Nyquist Rate and Nyquist Interval
When the sampling rate becomes exactly equati@ samples per second, thah
is called Nyquist rate. Nyquist rate is also called nne@imum samplingrate. It
Is given by

Q cQ X&)
Similarly, maximum sampling interval is caldyluist intervallt is given byNyquist
Interval
P

wy
¢Q

o X80
When the continuougime band limited signal is sampled at Nyquist réte¢ ¢'Q
the sampledspectrum™OJ contains noroverlapping’OJ repeating periodically.
But the successive cycles'@fd touch each other as shown Kig7.2. Therefore, the

original spectrunto 5 can be recovered from the sampled spectrum by using low
pass filter with a cubff frequency 8

A

| Gw)

Figure7.2. Sampled spectrum at Nyquist rate

Y
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Example 7.1 An analog signal is expressed by the equadian o €4 ft ©
p i "@mmo A T pOn“méCalculate the Nyquist rate for this signal.
Solution: Thegiven signal is expressed as
WO OowEéU fto p Tl EMNIE ©E P MO
Let three frequencies presentbe h  Qf
So that the new equation for signal,
wo onEll O p Tt QEOZ WE O
Comparing equations (i) and) we have
17 0 v ftf L ft
Or ¢*'Q v ft
Or ¢Q urT

“Q C l( U
Similarly, for second factor
1 0 omnmng i o TU'TT

Or ¢“Q ommeic“" Q orm'n

Therefore:’Q pu U

Again, for third factor

17 0 pmNE IO p TTTIO

Or ¢""Q pr1m'n

Therefore’Q v ( U

Therefore, the maximum frequency presentdno is,

"Q puU
Nyquist rate is given as
0 0

Where™Q = maximum frequency present in the signal
HereQ Q pu@U

Therefore, Nyquist rate

Q ¢Q ¢ puT

Or

B £ 0 Ans

Example 7.Z&ind the Nyquist rate and the Nyquist interval for the signal

Wo C%c”)zannhc‘)c”)zénnhﬁ
Solution: Given signal is
WO —O2anmmoO2@nhnan
WO — H Omah 002 @nha
Or WO — O2anmld mnha O2anhimnhna
H O2a ! O0PRA . O24
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Or
w0 T% Oz2pnnin 02a “omnn PPPDPPD
Let the two frequencies present in the signal be&] so that the new equation for the
signal will be
wo T% Oz2a0 OzZail POHRHPD
Comparindecs (i) & (i), we have
1 0 vumnfto
Or c¢“ QO VT
Or CQ UuVUTnTnTm
Therefore: "Q ¢ v (U

Similarly, for second factor

1 O o
or c¢“ Qo OTtTH™
or C‘"'Q OTMTT

Therefore, 'Q p v (T
Therefore, the maximum frequency presentdano is

Q c¢uvnmy
Nyquist rate is given as
Q0

Where fm = maximum frequency present in the signal
HereQ ™Q ¢ v n(tJ
Therefore Nyquist rate

Q CQ ¢ CQUTT

Or B € O 1 €EG== VW
Nyquist interval is given as
1.1
* 2f  2x2500
I ov 2
R pnnn
/ OY T1& pT1US
/ @y 81 Ans
Example 7.3A continuoustime signal is given belowb 0 Yo € d o

Determine thefollowing;

I. Minimum sampling rate i.e., Nyquist rate required to avoid aliasing.

i If sampling frequencyQ 1t 1T (T UWhat is the discret¢éime signal
we € iwe"Y obtained after sampling?

ii. If sampling frequencyQ 1 1t ¢t UWhat is the discretéime sigal
weE € iwe Y obtained after sampling?
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iv. What is the frequencyrt "Q — of sinusoidal that cycles samples
identical to those obtained in part (iii)?

Solution:

The highest frequency component of continueiree signal is ™Q

p Tt T BHence minimum sampling rate required to avoid aliasing is called
Nyquist rate and is given as

Nyquistratec’Q ¢ p g gty

The continuougime signal x(t) is sampled ® 1 TT@@The frequency of the
discretectime signal will be

Fo Frequencyf continuous timesignalf _ 100 _1

samplingfrequencyf 400 4
Then the discretgime signal will be given as
Ot UhEG & YhEGH TE:c.
or WE Yoo € 4
The continuougime signalw 0 is sampled atQ p v (Tt &he frequency of
discretetime will be

Then the discretéime signal will be given as
WE  YPoédt Qs yO2a -y O=2ta

< o« G G €
— oc2a
Yy Oc,’vl’ap‘a Yy =
. €
Wi quafT |y A
For samplingrate df2 p v tU
/£
— 1 A
& = @ &
p -
& —
S puLT o)

Then the sinusoidal signal will be
wo PO EG Q0 Ywoéd v d
Yo €@ IO
Sampling afQ p v @t Uyields identical samples hené® p 1t Us an alias ofQ
v 1t Uor sampling ratéQ p v U
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Example 7.4
Determine the Nyquist rate for a continuotise signal
0o QATuVOnNo ¢ ‘@mng p AT“®

Solution In a general form, angontinuoustime signal may be expressed as

w6 06 ATO66 6 Al 6 Ao (i)
And the signal is

00 @ATuoto ¢OEd mnig p A T pOTmo (ii)
On comparing given signal (ii) wigtandardfrom of a signal (i), we obtain the frequeasi
for the given signal is

o 1 v 1t (U
c“ cll“ c
9 1. omn o U
—|C“ pc“.r[“n
Q — — U U
CH CH T(

Thus, the highest frequency component of the given message signal will be
Q pu@U
Therefore,0 w1 6 1Q @ 'QC'Q
¢ pomm omfU

7.4 Reconstruction Filter (Low Pass Filter)

The low pass filter igsedto recover original signal from its samples. Tifaso known as
interpolation filter.

A low pass filter is that type of filter which passes doly-frequencies upto a specified
cut-of frequency and rejects all other frequencies above cut off frequency’.Bighows

the frequency response of low pass filter

FromFig7.3, it may be observed that in case of lpass filter, there is sharp change in

response at cubff frequency, that is amplitude response becomes suddenly zero at cut

off frequency which is not possible practically. This means that an idegddsw filter is
not physically realized. In place of idéalv pass filter, we use practictilter.

Amplitude

/LN

—fm fm
Figure7.4: Ideal lowpass filter

Fig 7.4 shows the frequency response of practical -joags. FronFig.7.4, it may be

observed that in case of practical filter, the amplitude response decreases slowly to
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become zero. This means that there is a transition band in case of practical filtét.5Fig
shows the use of practical lepass filter in reconstructiorof original signal from its
sample.

AmﬁAA

-2fg -fs 0 f ffm

/ '\ ©

f fo fsfm

Figure7.5: (a) Spectrum of original signal (b) Spectrum of sampled signal (c) Amplitude
response of practical lowpass filter

7.5 Signal Reconstruction: The Interpolation Formula
The process of reconstruction a continuetirae signalw 0 from its samples is called as
interpolation.
As discussed earlier, a signab bandlimited to fnHz can be reconstructed (interpolated)
completed from its samples. This is achieved by pgsie sampled signal through an
ideal lowpass filter of cubff frequency'Q Hz
The expression for sampled signal is written as
Q0 wo8°Y O X 1

Qo PTY @O0 CwO wéli 06 ¢cwd wéd] 6 88 X® p
From the above equation, it may be observed that the sampled signal contains a
component 1/EXw O
To recover x(t) or X(w), the sampled sigmaist be passed through an ideal lgpass filter
of bandwidth of f{Hz and gainsT

Therefore, the reconstruction or interpolation filter transfer function may be expressed as

. " 1
O] Y ol Qépey X® ¢
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+h(t) 4 H(w)

-2p iy 0 2pfm

(@)
Reconstructed
signal x(t)
Sampled
Signal g(t)
. - > t
©)
Figure 7.6 The impulse response h(t) of this filter is the inverBeurier transform of
H()
Q0 "0 0O
Qo O YIi Q (o-Q—TTJ‘ ) X o
N6 ¢Qh Y p
Assuming that sampling is done at Nyquist rate than
. P
Y L
HT
So that
¢ay p X$ o A
Putting this value of " Q"Yin Eq(7.13) we have
Q0  pOE "AQo
or
Q6  OEIcAQo X T

Fig 7.6(b) shows the graph &R0 8

From figure, it may be observed th&Ro mat all Nyquist sampling instants
-"Q exceptdo T8

Now, when the sampled sign&0 is applied at the input of this filter, the output will

bew o
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Each sample ifiQ6 hbeing an impulse, produces a sinc pulse of height equal to the
strength of the sample.

Addition of the sinc pulsesroduced by all the samples results in s(t). for instant, the k
sample of the input g(t) is the impulse ‘GY | 0z QY

The filter output of this impulse will b& ‘GY Qo QY.

Therefore, the filter output t6dQ06 hwhich isw 6 , may be expressed as a sum

oo it Kid 1¢ TOMp
it airyd i (¢ TOMC

" . y p
wo wl¢ aAYyYo + ¢ T TOMT

Eq (7.17) is know as the Interpolation formula, which provides values of x(t) between
samples as a weighted sum ofthk sample values.

In the proof of sampling theorem, it is assumed that the signal x(t) is strictly-lnandd.

But, in general, an information signal may contain a wide range of frequencies and cannot
be strictly bandimited. This means that the maximufrequency & in the signal x(t)
cannot be predictable. Therefore, it is not possible to select suitable sampling frequency
fs.

7.6 Effect of Under Sampling: Aliasing

When a continuous bantimited signal is sampled at a rate lower than Nyquist ré&te
¢"Qhthen the successive cycles of the spectri@n of the sampled signal g(t) overlap
with each as shown iRig7.7.

G(w) for f<2f

fm | Aliasing

|
|
|
O fS 2fS
Figure 7.7: Spectrum of the sampled signal for the cjfke |
Hence, the signal is undeampled in this casgQ ¢'Q) and some amounf aliasing is
produced in this undesampling process, In fact, aliasing is gffteenomenon in which

a high fequency component in the frequenepectrum of the signal takes identity of
a lowerfrequency component in the spectrum tfe sampled signal.
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FromFig.7.7 it is clear that because of the overlap due to aliasing phenomenon,
it is not possible to recoveoriginal signato 0 from sampled signakQo by lowpass
filtering since the spectral components in the overlap regiadd and hence the signal
is distorted.

Since any information signal contains a large number of frequencies siedme a
sampling frequency is always a problem. Therefore, a signal ipfissted through a
low-pass filter. This lowpass filter blocks all the frequencies which are abdyé¢ U
This process is known as band limiting of the origgighalw 0 . This lowpass filter
is called pralias filter because it is used fevent aliasing effect, After barlémiting,
it becomes easy to decide samplifigquency since the maximum freguacy is fixed at
Q( U

In short, to avoid aliasing:
Preaias filter must be used to limit band of frequencies of the signaQtéiz
Sampling frequenci? ¢'Q must be selected

7.7 Sampling of BandPass Signals

In previous sections, waiscussed sampling theorem for lgyass signals. Haver, when

the given signal is a bandpass signal, then a different criteria must be used to sample
the signal. Therefore, the sampling theorem for band pass signals may be expressed as
under:

The bandpas signalw 0 whos maximum bandwidth is¢"Q can be completely
represented into and recovered from its samples if it is sampled atrttlemum rate of

twice the bandwidth. Here,«f is the maximum frequencgomponent present, in the
signal.

Hence if the bandwidth i§"Q, then the; minimum sampling rate for bandpasgnal must

be 1'Q samples per second. Fig8 shows the spectrum of arbitrary bandpass signal.

P x(f)

| 3
. i , f
| s ¢

2fm | | * 2fm

L+t

Figure 7.8: Spectrum of an orbitary bandpass signal

The spectrum irrig. 78 is centred around frequenc¢® The bandwidth i€"Q. Thus, the
frequencies present in the bandpass signal are ffén 'Q 0 €Q "Q. This means
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that the highestirequency present in the bandpass signafds "Q. Generally the centre
frequency’Q Q.
This bandpass signal is first represented in terms ofintphase and quadrature
components
Let @ 0 = hpahse component adb 0
Andw 0 = Quadature component ofv 0

Thus, the signab 0 in terms of hphase and quadrature components will be expressed as

w0 wOAl @ zo 0 OEL ' X Y
The inphase and quadrature components are obtainednoftiplyingeo 6 by A T © "
andO EG“"® dnd then suppressing the sun frequencies by means ofdass filters.
Thus, inpahsew 0 and quadraturew O components contain only low frequency
components. The spectrum of these compateis limited betweery™Q 0 € Q. This
is shown irFig.7.9.

?E X (f) and X 4P

f 7

—fm f m

Figure 7.9: Spectrum of inphase and Quadrature components of bandpass sgrel

After few mathematical manipulation iEq(7.18), we obtain the reconstruction formula
as

3 .
[ Ye) 0w — a A Wbl
n¥ i

y m
Comparing this reconstruction formula with that of lgpass signal given iq(7.17), we
observe thatw 0 is replaced byo —

WEEEQoO — TOMD

Ao

_ € e s m e amm o A s
(ABA O =5 &Y OAI POAAOREAT ADACGO Al
and
P
TQ
Thus, if4'Q samples per second are taken, then the bandpass signal of
bandwidth2'Q can be completely recovered from its sampldsnce, for bandpass

signals of bandwidti2f , Minimum Samplig rate = Twice of bandwidth'Q
Minimum sampling rate = Twice of bandwidth

4
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= 4"Q samples per second.

Example 7.5Show that a bandlimited signal of finite energy which hasfrequency
components higher thadE Hz is completely described bpecifyng values of the signals at

instants of time separated by~  seconds and alsshow that if the instantaneous values

of the signal are separated by intervddsger than 1/2°Q seconds, they fail to describe
the signal. A bandpass sigihals spectral range that extends from 208@kHz.
Find the acceptable range of sampling frequeficy

Solution: Letw 0 be the band limited signal which has no frequency conmgts
higher than’Q Hz. Let this signal be sampled by a sampling fundiven as

1°Y 0 1 0 &7Y E
y
The sampling function is the train of impulses wittas distance between successive
impulses. Let £€”Y be the instantaneous amplitude of sigalo at instantdo Y.
The sampled version 6§ © may be given as multiplication af¢"Y ¢ QY 0 i.e.,
Qo 1 0 &Y

y
Now, Fourier transform of this sampled signal may be obtained as

"0'Q C¢Qo T ®Q £Q EE
y
Here, Qis the sampling rate which is given as
n P
Q —
oV o
and OQ £°Q O QOWEQ mh "th ¢Q oQ888

Hence, the same spectruta "Q appears atQ T,
M Ch'Q ¢Qetc.
this means that a periodic spectrum with period eqt@lfs is generated in frequency
domain because of samplingo in time-domain.
Thus, equation (i) may be written as
MMQ Q Q0 Q Q0 Q QcQa " Qo M Q1Q
888 Q0
Or
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0Q Q Q Q€0 EEE

By definition of Fourier transform, we have

®w Q ® 0Q Q0o

For sampled version @b 0 hwe haved &Y
Then the equation (iii) becomes
‘0'Q M EYIQ EO

Now, given that the signal is band limitedt® Hz and
, given that the signal is band limited @ Hz and

" P

Y —_

0 O
4EAOAE OAD = <O o

From equation (ii) may be observed th&@™Q is periodic with a periodQ Thus the
spectrum® "Q and"0"Q are shown irFig.7.10.
Txo

X(0)

f Y >
0 fm f

|
AG(f) (for fs = 2fm

-2fs -fs fm fm
(b)

Fig7.10: (a) Spectrum of x(t) (b) spectrum gft) with fs = 2f,

Now, since Q CQ
Therefore QzQ Q
0 0 5o
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Hence, the periodic spectrum "Q just touch "Qh d’Qh v'Q 8 &etc
Thus, there is no aliasing
UsingEq(iii), we write

®'Q %D"Q - T yF OE
y n
SubstitutingQ  ¢"Q in Eq(vi) we get
o P n
y
n
0 Q %D"Q‘FEI\HJ_'-F_'-F OEE
Now putting the value of G(f) frofaq(iv) to Eq(vii), we get
Q — YQ
() o0 wEe
£ e P
SET™MA =
‘&8 o — w— Q OEEE

@ 0 may be recovered from "Q by taking Inverse Fourier transform of last equation i.e.,
ABv0 € € R”s w— Q
E’Q
This equation indicates thabo is represented completely by its samples

w— F 2N Yy  H8This means that the sequence— has all the information

contained inw o .
Reconstruction of signal from samples:
Let us consider equation (ix) as

o . P € .
WO €€ n= w —= Q EO
Q G
© Q : @ : Q Q0
¢Q ¢Q
Interchanging the order of summation and integration, we get
- ~ € P i~
W 0 W == —= Q Qo
C C
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¢ OEd“ Qo ¢-
¢Q ¢“ Qo ¢*
¢ OEdg"Qo ¢~

W o W — — N
¢Q ¢“Qo €
Since,
oo o ¢ OEt“ Qo ¢&-
¢Q c“Qo ¢*
Therefore,
3 A
W o O — OEt“ Qo0 ¢ B & Wb
ca OF¢

Hence, this is the interpolation formula to reconstruoto from its samplesw €Y .
Therefore, from all above, it is clear that the signal may be completely repiesento
and recovered its samples between the successive samples is

— seconds i.e/Q ¢'Q samples per seconds

Sampling frequency for Bandpass signal
Since the spectral range of the bandpass signal is 20 kHzkid 82
Therefore
6 OE QUMM E SN & VD QOG ¢ Q0 ¢ QO
Hence, minimuni & & f &i "‘@E0°@C G O£ Q UTQQ 6
< ec
Il €0
Generally, the range of minimum sampling frequencies is specified fatpgass signals.
It lies betweernt"Q to 8'Q samples per second
Therefore,
Range of minimum sampling frequencies
¢ OME Q QWD (I) WE QUAQQO
¢ eE(UE ¢¢ (U
| € Oqe I €0

7.8 Sampling Techniques
In the last article, we discussed how sampling of a contindimos signal is done. This
sampling of a signal is done in several ways. Therefore ion this section we shall discuss
different types of sampling i.e., sampling techniques.
Basically, there are three types of sampling techniques are under:

I.  Instantaneous sampling

[I.  Natural sampling

lll.  Flat top sampling
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Out of these three, instantaneous sampling is called ideal sampling whegasal
sampling and flatop sampling are called prdcal sampling method®Now, let us discuss
three different types of sampling techniques in detail.

7.8.1. Ideal Sampling or Instantaneous Sampling or Impulse Sampling

In the proof of sampling theorem, we used ideal or impulse samplinthisntype of
sampling, the sampling function is a train of impuls&sg7.11b shows this sampling
function.

@ O is the input signa(i.e.,signal to be sampled) as showrFig.711a.

Fig 7.11c shows a circuit to produce instantaneous or ideal samglimg.circuit is known
as the switching sampler.

The working principle of this circuit is quite easy. The circuit simplgistsnof a switch.
Now if we assume that the closing tirtteof the switchapproaches zero, then the output
"Q0 of this circuit will contain only instanteous value of the input signal 0 . Since the
width of the pulse approachezero, the instantaneous sampling gives a train of impulses
of height equal tothe instantaneous value of the input signald at the sampling
instant.

We know that the train of impulses may be represented as

1°Y0 1 0 &Y X& T

This is know as sampling function and its waveform is shown in figuireh)
¢KS al YLX SR &A3ylf 36G0 Aa SEMNBIASR | a
Thus

MO0 woYOo X& p
wo 1 0 &Y X& ¢
"Qo WeEY 1 o0 &Y X& O

The Fourier transform of the ideally sampled signal given by above equation may be
expressed as

00 "Q wQ £0Q X8 T

Note: This equation gives ¢hspectrum of ideally sampled signal. It shows that the
spectrum® "Q is periodic inQand weighted byQ However, it may be noted that ideal or
instantaneous sampling is possible only in theory since it is impossible to have a pulse
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whose width aproaches zero. Ideal sampling was used in last article to prove sampling
theorem. Practically flatop sampling and nature sampling are used.

X (t)

o]
@

40

RENNAREN NN

-3E2T -E '0 & 2Ts3E4Ts

®)

~

X,
=7

g
T l
=

©)

a(t) x(t)

PR ~ - /
N
7 N,
Pulse width =t T T T f\
Heret —0  —>|=<— | N t

3C2T-E 0 E ZTST 4Ts < l

N

t—0

@
Figure 7.11: (a) baseband signal (b) impulse train (c) functional diagram wfitalsing
sampler (d) sampled signal

7.8.2 Natural sampling

As discussed in last article, the instantaneous sampling results in the sampling whose width
tapproaches zero. Due to this, the power content in the instantaneously sampled pulse is
negligible. Thus, this method is not suitable for transmission purpose. Natural sampling is
a practical method and will be discussed in this section.
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LY y5IFGdzNFf &l YLXAY3I GKS Lz aS KlFa | FAYAGS ¢
Let us consider an analog continudirse signalw 0 to be sampled at the rate 6Q2Hz.

Here it is assumed thaQis higher that Nyquist rate such that sampling theorem is

satisfied.

Again, let us consider a sampling functi® which is a train of periodic pulses of width

tand frequerty equal toQHz.

C(t)TILﬂ_FIJl Zi T
x[t) gIt)

Figure7.12. A functional diagram of Natural Sampler

Fig 7.12 shows a functional diagram of a natural sampler. With the help of this natural
sampler, a sampled sigri@o is obtained by multipliation of sampling functio® o and
input signakv o .
Now according tdHg. 7.12, we have
Whenwo 32S5a& KAIK (GKS &a6A00K WwW{Q Aa Oft2aSRo
Therefore
V6  ®O when @6 O 7.25

And Q0 TOMEDO O 7.26
Where A is themplitude of c(t)
Thewaveformof signalw 0 oo and"Qo have been illustrated ifFigs.7.13(a), 7.13(b)
and 7.13(c) respectively.
Now, the sampled signal g(t) may also be described mathematically as
QO DOZMO 7.27
Here, 0 A &4 GKS LISNA2RAO GNIAYy BF Lz aS 2F gARGK
We know that the Exponential Fourier series for any periodic waveform is expressed as

i o & Q X&

Also, for periodic pulse train of c(t), we have

YooY 2 0l et B0
2 0 L £ oaansndes
~
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©
Figure 7.13: (a) Continuous time signal «. (b) Sampling function wave form i.e.

periodic pulse train (c) Naturally sampled signal waveform«

T

Therefore according t&q(7.28) for periodic pulse trai@ o , we have

wWo 0Q DD Q X& w

Now, it may be noted that sincA O is a rectangular pulse train, therefore ©r this

waveform will be expressed as
"y

6 W' EBD'OBY X& 1
Here “Y 1 6 ad "@Qo t )
And Q Goi a ¢ QAN 6 Qe ww
But here, Q  £Q
Or MQ £7Q
Hence,
0 -
0 T8,?i "QEQ X& p

Therefore, usindEqgs.(7.29) and (7.30) the Fourier series representationciar will be
given as
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\

" & . .
&Ho SoEIRSE R om0 X& ¢
Now, substituting the value of c(t) frolq(7.32) toEq(7.27) we get
Qo v OEJIQ8 Q @& 8vo X® o

This is required timelomainrepresentation for naturally sampled sigr@O
Now, to get the frequencylomain representation of the naturally sampled sig@abhlet
us take its Fourier transform as

" £ &4CO
o~ 20 ke i 8 e s
Oo ~ OE I8 'O &0 X® T
Recall the frequeneghifting property of Fourier transform which states that
Q 8 goP OQ g X& U
Therefore,
0oQ w [ "QEQst 0 Q & X& @

Now, sincéQ "G "Bl & € 0I0QN 6 Q¢ vw
Therefore, equation (7.36) becomes
0 e
00 Z‘—Y ORI™Q8 @ ™Q &€ Q X& X
Hence, we write
Spectrum of Naturally Sampled signal:

0 o on
0'Q Z‘—Y ORI wQ ¢ Q X& Y

This equation shows that the spectra ®fQ &3 "Q are periodic in"Q and are
weighed by the siafunction.

Fig 7.14, illustrates somarbitrary spectra form 0 and correspondingspectrum
070

Note : Thus formFig.7.14 it may be noted that unlike the spectrumioftantaneously
sampled signal shown Fig.7.1f, the spectrum of a natrally sampled signal is weighted
by a sinc function whereas the spectrum of anstantaneously sampled signafig.
7.1f)remains constant throughout th&equency range.
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Figure 7.14: (a) Spectrum of continuo#sne signal x(t) (b) Spectrum of

naturally sampled sigal

7.8.3. Flot Top Sampling or Rectangular Pulse Sampling

Flot top sampling like natural sampling is also a practically possible sampling method.
But natural sampling is little complex whereas it is quite easy to get flat top samples.
In flattop sampling or rectangular pulse sampling, the top of the sam@e®mins
constant and is equal to the instantaneous value of the basebamalsigo at the

A0FNIO 2F Al YLX AYy3Id ¢KS RdzN} GA2y 2N gAROK

to 'Q —. Fig7.15(a) shows the functional diagraof a sample and hold circuit

which is used to generate the flot top samplégy7.15(b) shows the general
waveform of flat top samples.

T 1
E J— (CY)

V'S )

——)n

X
~
c
|
|
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~
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G
[0}
ad—«

g

< ‘/Flat top samples

—f» - - >
T =1fg
\

Figure 7.15: (a) Aampled and hold circuit to generate flat top samples. (b) A general
waveform of flat top sampling.
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-
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From Fig. 7.15(b), it may be noted that only starting edge of the pulspresents
instantaneous value of the baseband sigroab . Also the flat toppulse of Qo0 is
mathematically equivalent to the convolution of instantaneous sample and a ffafse
as depicted irFig.7.16.

This means that the width of the pulsedgit) is determined by the width dfi(f) and the
sampling instants determined by delta function.

K (0 A h(t) Ah(t)

Q1
|

o o -
- - >

Figure 7.16: Convolution of any function with delta function is equal to that
function

In Fig.7.15(b), the starting edge of the pulse represents the point where baseband
signal is sampled and width is determined by functi@® 8Therefore g(t)will be
expressed as

Qo0 i 0a Qo X& w

This equation has been explainedrig7.17
Now, from the property of delta function, we know that for any function

MQOA] 6 QO X8 T

This property is used to obtain flat top samples. It may be noted thdtatiotop
sampling, we are not applying tt) (7.40) directly here i.e ware applying a modified
form of Eq(7.40). This modified equationks)(7.39).

Thus, in this modified equation, we are takihgd in place of delta function o
observe thaff 0 is a constant amplitude delta function whereaso is a varying
amplitude train of impulses. This means that we are taking which is an
Instantaneously sampled signal and this is convolved with fun&onas inEq(7.39).
Therefore, on convolution of s(t) and h(t), we get a pulse whose duration is eqi@2bto
only but amplitude is defined hy 0

Now, we know that the train of impulses may be represented mathematically as

1 Yo 17 &Y X8 p
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The signal 0 is obtained by multiplication of baseband sigoab @ £ QY 0 8
Thus

YO w08 0o X& ¢
» O 1 0 ¢y
) Y] O &Y X8 o

Now, sampled sign& O is given asHq7.39)

Q0 i 0 a Qo X8 1

/| 0cO MEY]T O £°YQo z Az X8 U

/| 0OCcO OEY 1 0 &YQ0 zAz X8 @
According to shifting property of delta function, we know that
071 00 Qo X8 X
Using equation (7.46) and (7.47), we get
ofe WEY QO &Y

This equationepresent value o€ O in terms of sampled valué ¢ Y and function
Qo &Y for flat top sampled signal.
Now, again from equation (7.39), we have

cO OOaEO
Taking Fourier transform of both sides of above equation, we get
00 Y000 X8
We know that'Y"Q is given as
YQ "Q OQ £Q X8 w
Therefoe, Eq(7.48) becomes
0Q Q OQ £€Q0Q X® T
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Thus, spectrum of flat top sampled signal:

0Q Q ®Q £€Q0NQ X® p
RAU)
, L
O
@

e

) ifnononn.

+ GO =g(t) ®h()

.,
@ UHH

~

Figure 7.17: (aBaseband signaé < (b) Instantaneous sample Sihgl! <« (c) Constant
pulse width function | <« (a) Flat top sampled singl g(t) obtained through convolution
ofi "I 'HI "H1
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7.9 Aperture Effect
The spectrum of flat top sampled signal is expressed as

0Q Q ®Q £Q0NQ X® ¢

The equation shows that the sign@lO is obtained by passing the sigr@D through a
fitter having PLACE functidf O. The corresponding impulse respongeO in time-
domainisas shown irFig.7.18(a). This is one pulse rectangular showign7.17(c). Each
sample ofdO BREOO is convolved with this pulseEq 7.52 represents that the
spectrum of this rectangular pulsersultiplied with that ofOO

Fig 7.18(b) shows the spectrum of one rectangular pulsg &

+h(t)
A

(@)

HH)|

T T L R T, e

(b)
Figure 7.18: (a) One pulse of rectangular pulse train (b) Spectrum of the pulse shown in
figure (a)

We know that the spectrum of a rectangular pulse is expressed a

00 14 Q@ Q Co p 7.53

Hence, fromFig.7.18(b), it may be observed that by using flat top samples in amplitude
distortion is introduced in the reconstructed signal x(t) from g(t). In fact, the high frequency
roll-off of H(f) acts like a loygass filter and thus attenuates the upper portionneéssage
signal spectrum. These high frequencies of x(t) are affected. This type of effect is known
asaperture effect
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b2g> a (KS |RENI S ARWONSF aSa > GKS | LISNI dzNB
during reconstruction an equalizer is neededcompensate for this effect .As depicted in

Fig7.19, the receiver contains a lepass reconstruction filter with cutoff frequency

slightly high than the maximum frequency present in message signal .The equalizer
compensates. For aperture effect. It alsompensates for the attenuation by a lepass
reconstruction filter.

PAM Reconstruction Equalizer Messa
. ge
Signal g(§——» filter T — ”signal x(t)
noise

Figure 7.19: Recovering x(t) at receiver

FromEQq(7.53), it may be noted that the sampfanction h(t) acts like a loyass filter
where Fourier transform as express as

( £ zOEABA 7.54

This spectrum has been plotted ig. 718.

Equalizer used in casecade with the reconstruction filter as the frequency increases in such
a way as to compensate for the aperture effect.

Also, the transfer function of the equalizer is express as
o~ oy OB
0o Q 0Q
| SNE® Wa (y26y | a GKS -RSfiterdvhichiagNRB dzOG A2y 0 @
Therefore,

X® v

) oA
© R ToR® X® ¢
) o A

° " o X® X

Which is the transfer function of an equalizer.

7.10 Comparison of Various Sampling Techniques

We can compare various sampling techniques on the basis of their method, noise
interference and spectral properties etc.The table (7.1) lists some of the important points
of comparison of generation.
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Table7.1. Comparison of three sampling techniques

§ Parameter | Idea or | Natural sampling Flat top sampling
/| of instantaneous
N comparison| sampling
1 Sampling It uses multiplication | It uses chopping principle It uses sample an
principle hold circuit
2| Generation Sampling Discharge
T—_“{%"_? i switch awitch
Al £ ¥ F | .o &, e 2
Py | P o l T !
- & 4
3 Waveforms
involved
4 Feasibility | This is not g This method is used practical This method is als
practically  possiblg used practically
method
5 Sampling Sampling rate tendy Sampling rate satisfies Nyquii Samples rate
rate to infinity criteria satisfies Nyquis
criteria
6| Noise Noise interference iy Noise interference iy Noise interference ig
interferenc | maximum maximum maximum
e
7| Time Q0 Q0
domain A S 2m - ) )
representat WYyt | O gt)=—§ sinc(nfy)e = Oyt 1 0
ion y n Ts n=m yom
'Y £'Y
8 Frequency ‘0"Q "0"Q
domain A
representat T Q| G(f)=—aq sinc(nf )X (F-nfe.) | F
ion y m sn==e m
£Q FyF8 | "Q

Example 7.6Fig 7.20 shows the spectrum of an arbitrary sigddd. this signal is sampled

at the Nyquist rate with a periodic train of rectangular pulses of duration 50/3 milliseconds.
Determine

The spectrum of the sampled signal for frequencipgo 50Hz giving relevant expression.
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TE X(f)

-10 0 10 P
Figure 7.20
Solution: FromFig.7.20, it may be observed that the signal is band limited taHi20
Q pr U
So the Nyquist rate is ¢Q
=2x10 = 26iz

Since the signal is sampled at the Nqgyuist rate, the sampling frequency would be
fs= 20Hz

Given that therectangular pulses are used for sampling i.e, flat top sampling is used
The spectrum of the flat top sampled signal is given as

0Q Q ®Q £Q0Q

Value of H(f) is expressed as
0Q i QEAQ

| SNB _ Aa drécngdar puisefor famplingK
The given value of rectangular sampling pulse duration is 50/3 milliseconds i.e
U TT T3t L
{dzoadAldziAy3d GKS @l tdz2S 2F _ Ay SldzZ- A2y O0AAD
T8t v 81 (0

NQ —1 Qee—Q 8 7T
(0} (0}

Again, putting thivalue of H(f) and fs in equation (i), we get

3 ”n LAY \ T[BTU o, ‘T[fiI,Lnr 8 7
0oQ c¢m WQ ¢H —I Qew— Q
o o
P Wy i, .,

¢AE ¢t U

0oQ - OWQ ¢wH I Qe Q
o o o
This expression gives the spectrum up taH0(since n= 3) for the sampled signal

Example 7.7 A flot top sampling system samples a signal of maximum
frequency 1Hz with 9.5 Hz sampling frequency. The duration of the pulse is 0.2
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seconds. Compute the amplitude distortion due to aperture effect at the
highest signal frequency. Also determine the equalization characteristic.

Solution: Given that sampling frequency

"Q cd( U
Maximum signal frequency
!\Q p ( U

And pulse widtht @& O
We know that the aperture effect is expressed by a transfer H(f) as
0Q  tTi QEQAHQ
The magnitude of this equation will be
( A zOETA
d A 18 OE Fhg

Now, aperture effect at the highest frequency will detained by putting
Q0 p( Un equation (i) i.e.,
SOp s ™R OE In&
=0.18709
Or sOps p b Ans
Also, the equalizer characteristics is expressed as

~ 0
o0 i ok )
{dzoadAlddziAydas _ I non aSO2yR FYyR | aadzyay3
K =1, the last equation becomes
v~ P
© L RoET@o

This equation is the plot ofey(f) versus f and it represents the equalization characteristics
to overcome aperture effect

7. 11 Analog Pulse Modulatio Methods
We know that in analog modulation systems, some parameter of a sinusoidal carrier is
varied according to the instantaneous value of the modulating signal.

7.11.1 Sampling Process

Sampling is a signal processing operation that helps in seti@ngpntinuous time signal
valueswith instant of time. The sampling sequence will have amplitudes equal to signal
values at the sampling instants and undefined at all other times

This process can be conveniently performed using PAM. The sampling process can be
treated as an electric switching action as showfim7.21
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Analog _ _

Control signal = Pulse train

Figure 7.21 lllustration of sampling process

The continuous time signal to be splad is applied to the input terminal. The pulse train

is applied as the control signal of the switch when the pulse occurs; the switch is in ON
condition, that is, acts as short circuit between input and output terminals. The output
value will therefore b equal to input. During the other intervals of the pulse train, the
switch is in OFF condition that is acts as open circuit. The output is therefore undefined.
The output of the switch will be essentially a PAM signal. Any active device like diode,
transistor or FET can be use as a switch

However, the sampling theorem will decide the periodicity associated with the pulse train,
the width of the pulse des not influences the amplitudes of the sampled value. Even
though this is not obvious in the time domaiit can be understood by obseng the
frequency domain behaviour of the PAM process due to the convolution of sinc function
of pulse train with input signal spectrum (The sampled signal can be seen clearly as the dot
in Fig. 711). To minimize this effet for all practical processing as the pulse width
approaches zero so that the pulse train becomes ON impulse train. The Fourier transform
of an impulse train is also an impulse train in the frequency domain hence convolution
does not affect the sampledgnal, rather it leads only to the periodicity of the spectrum.

7.11.2 Signal Sampling and Reconstruction Using Fourier Series

An analog signal can be converted to a digital signal by the process of saryieg.a
continuous or analog signal is represesh by a set of sampled values, it is said to have
been sampled. The basic process of sampling is the getting of an analog signal by a periodic
pulse train which will only allow the signal through when each pulse is ON.

The analog signal being sampleddterred to as the baseband signal or the modulating
signal’Qo while the getting signal is referred to as the sampling finite or carrierd 0

has pulse of constant high, lengiiesecond and separation;3econd Sampling intervals

is lssampling frequenciQQ —.

The sampling process is carried out by multiplying the two signals to give the sampling
signal or digital signak(). Sampling howevers the process of converting a continuous
signal into a discrete signal and the citdbat dose this is sampling & hold circu@iven

a system withaninput signal w(t) to sample the signal, we have to use the Fourier series
mathematical analysis tachieveour desire as shown in the analysis below.
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0=y

Vin(t) System V() = vin(B)s(t)

| | |
- - !
T, TV 8 Uig, t

U U

oA

s(t)
(@) (b)

Figure 722 Sample and Hold circuit (a)a®pling signalb)

v 0 v 0@do
Therefore the sampling signal pulse can be modified shown ifith&.23

A (0

o Y sy I 0Dy NIy vI
= 2 2 5

2 NI —+ N | —

\

Figure 7.23 Sampling signal

Expressing thesampling signal above iRourier seriesfrom 2t principle, s(t) can be
summed up as shown in Eq (7.58).

W . v ooz
i 0 < ® AlIE0 0 w OEl o X® Y

,,EY {0 Géd 000 & @

0600 W

Because the sampling signal is a periodic funcasayminghe amplitude is unity, we can
express it$-ourier series foa periodicas follows
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But from equation 7.61

X® T

X® ¢
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0 cOE¢L “—

©oN T
cOE¢ “—
GE ©
OEt “—
e X& o
Multiplying numerator and denominator d&q(7.63) by—
.t OEE"— 4 ¢
w ,,Y T —OE|—¢r X® T
AT o} = K
o] wae_(lu_Q I Qaow X&® L
v P o

0 O iwe ~ i " 0Qo m X& @

Eq(7.66) is true because s(t) is an even functiordascuss in chapter 6
| SyO0S LlzidAyd y I' MZ HI 03X XXX YR y2iAy3 (K

. LI 1. T, ¢t T ot
i o C_Y —Yl Qe—(AHOo Wl Qa,—\((;aAlcOo Wl Qs;\?aAloDo
ES8 8 8 88 X& X0
Sincet “Yit means that-© 1t
Which means that Eg|L (7.67) a will be reducetho
i O C_Y —YAHOO —YAIcOo —AI(X3088 X& X A

If by assumption we have the baseband sig/raa(t) such thatvm (t) = A co$ mt
Then the frequency spectrum will be as showirig. 7.24
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Figure 7.24 Frequency spectrum ofgt) with its radian frequency

Because revealed that(t) =vm(t) xs(t), therefore

N B T . =

U O OAHOOQ_Y —YAHOo WAlCDO E 8 X& p

0 O —TA| 0o —TAI O 0A 17 G0 6—TA'|' 0 0ATcO o &
Y 1 Y 1 1 2y, C S XX C

Recalled that from elementary trigonometry identities that
AT® 6 AT ® 6 c A T00n i

-AT ® 6 Al ® o AIoCloslé .73
ot.. . ot.. . ot.. oft..

0O —AITO0 —AI710 ] 0 —A|101 0 —AI 1 0
oY oY oY R

O—TAT@ o —TAI@ 0 O—TAT@ o E888 T
oY To o 1 T
Now the frequency spectrum aek(t) will be shown in th&ig.7.25
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Figure 7.25 Frequency spectrum ok “l with its radian frequency
If 1 ¢ Qe B ¢ Q 7.75
Eq(7.24) can be modify to
0 o 0 TA 1cOQo 0 TA TcdQ Qo 0 TA cOQ Qo
LY <Y, <Y
° TA TcdcQ Qo ° TAT O adQ Qo ° TA TdQ Q0 E88x¥
QY qY ¢ KR @
The frequency spectrum in (Hz) will now be
ot ot ot ot ot ot ot
n\4 %\4 2n\4 2u\§ 2“\§ 2n\4 2n\§
\ \ \ .
I I f -
3" & & & o ot N w w w
—Ih + 1 U:_h o ® Ui_:
3 o+ >+ .
o > 3 N

Figure 7.26 Frequency spectrum afty
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From the analysis, the signal () is recoverable fromg\(t) by passingat) through a low
pass filter with cut off frequency greater thann or fm (side band frequencybut less than
Ss-dmorfs-fmthat isd mor fm must be less thah sof fs . It mearsthat 5 m must be less
than or equal to %s This is known a®lyquist sampling criterion or simply Nyquist
criterion.

The Nyquist criterion states that the sampling frequency must be greater than or equal
twice the maximum frequency in the baseband sigtihis criterion is not observed, then
there would beanover lapping known as aliasinbhe sideband signaln(t) will become
unrecoverable from (t).

Assumingthabt 6 O ®&§io 6 OFio 7.77
d ¢‘QRE®  ¢Q ; ; ;
U?r O Wgio O wgio c‘_'YWA”OO WAlCDO
0 O c'_'Ya AlNOd 6 wgio ¢cdo ATTOATT OO ¢d hvgioAll oo
O OFIioATcO O 0 WgioAicO o

DO —O6ATO® 6 ATO® 6 ATcd™Q Qo6 6 ATcd™Q Qo
0 ATcO™Q Qo 0 Aic® Q@ Qo 6 ATc® ¢Q Qo6 6 AlcO ¢Q
QO 60 ATcO ¢Q Qo 0 AlTcO ¢Q Qo 7.78

The frequency spectrum will now be as showikig. 7.27 assuming A A:

This is the spectrum of the information signal
which can be recovered with a low-pass filter
02T blT 02T bj 021' OlT
2y 2 2y 2y 2¥ 2 27Y
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(@)
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=
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—
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)+ 912 ]
Y
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Figure 7.27 Frequency spectrum oty

If Nyquist criterion is met, the spectrum will be as shown g 7.29i. e, fs)K  mix, 1 71>
f2, fmax= fL Otherwise it is
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Figure 7.28
If f<< 2fnax then there will aliasing knowsaoverlap
Effect of overlapping (aliasing )
—
D
= o o . . ®
o - g A & o
o~ - — . +
Figure 7.29

Aliasing can be a serious problem if the baseband includes any unwanted noise
components higher than its highest frequency. This gets mixegith the baseband on

recovery
To avoid this, a low passed filter is used to band limit the basebigmaél befoe sampling

and such a filter is called ardliasing.
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Example7.8

0 =2y
V) | System vit) = V(959 8
-4
-2
| | >

—

| |
| TR |
T, apYl8Uig, g
s(t) U] V] V]
@) (b)
Figure 7.30

Fig 7.30(a) above shows a system. The sigilis a train of pulse as kg. 7.30 Q). kis
the frequency of s(t). The other signabis 6 @A TcOQo TATpl Qo
" pu(U
(i) Obtain the Fourier series of (t) from first principle
(i) Supposet L “Y simply the expression of s(t) obtain in (i) above and sketch its
frequency spectrum. Ohin an expression for the signa(t), using only the first
two terms in (ii)
([i1f'Q p w ( Isketch the frequency spectrum aft).
(iv) Discuss the recovery okhft). State problem(s) you envisaged (if any).
(v) Repeat i) with = 200kHz solution.

Recalkthat from Eq (7.58),

w ~ o v 2 ozana
i 0 < WAIED O wOEl 0o

Also, from Eq (7.59), s(t) function is:

. Y t
PTT — 0 —
r'p G C
2> T .
‘ lrllJ LI
1 O . C
LY T O i
l’rq’ q
'y I 4
T - 0 —

u q
Whose Fourier series can be found using Eq (7.60) as shown below.
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FromEgs (7.64) , (7.65)and (7.66) we have that
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i 0 spectrum will be as shown in th&g.7.31below
81 8t gt 8t
R Y Y Y
A A A A
4%
~
Ws 2Ws 3ws 4w, w
Figure 7.31
However, yt) = w(t) x sf)
Butd O @Aic'O®D 1 AT O
Thereforeb 6 @QAIKOD 1 Ap® DT — —ATTD —ATP o
—ATcd Qo —ATd gQ 6 —ATODATO QO
—ATODATO Q06 —ATO QoATOQO
—ATcO CQOoATcHO gQ o E
Recalled thatAT!IAT"O -AT O " ATIO "
Oy < T"’ifﬁ 1« i1z |« T“’iﬁﬁ 17ZE | <
Av v Av

1
m"’ifﬁ Zh | < f“HT 1ZEh B < m"’ifﬁ 7Zh B <
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FromQ pUE(QQ py (U

fm 0.018 MHz fs+ 6fn 18.108 MHz
6fm 0.108 MHz 2fs -6fm 35.892MHz
fs ¢ 6fm 17.892 MHz 2fs + 6fn 35.982 MHz
fs-fm 17.982 MHz 2fs+ fn 36.018 MHz
fs+ fm 18.018 MHz 2fs + 6t 36.162 MHz
The spectrum of Vs(t) will be as showrfig.7.32 below

24t 241 241 241 241

v Y Y Y Y
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16t 1 161

6t
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©
N

f(MH2)

8010 ——— |
268 LT ————> |5
8T8l ——— | 5
29T°9¢ ‘—>_<=\

| |
T T
= w w
g 8 5 © a 8 &
& e g = & 8 =
N S o N S o
Figure 7.32

The signa¥m(t) can berecoverfrom vy(t) by passings(t) through a low pass filter with cut
off frequency greater than 108Hz but less than 17 MHz

The poblem envisage is that if the lowdl & & T Aoff ie§uddR\ais nOtdpieater than
108 kHz and less than 1MIHz, or if the sampling frequency is not twice the maximum
frequency of the base band signalt), then the signalm(t) will not be recoveredecause
there will bean overlap know as aliasing fors&= 200kHz.

fm 18kHz

6fm 108kHz
fs-fm 182kHz
fs+ fn 218kHz
fs + 6fm 308kHz
fs - 6fm 92kHz

2fsC fm 382 kHz
2fs + fn 418kHz
2fs - 6fm 292kHz

2fs+ 6t 508kHz
Then there will be an effect of over lapping just as shown irFigeZ.33 below
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Figure 7.33

At points ABCD iRig.7.33 above, it can be seen that overlap occuried , AB overlap with
CD and just as EF is with GH &twerefore, this is due to the ¢athat the Nyquist criterion
was not met. Hence, the signal will not be recoverable due to aliasing.

7.12 Signal Truncation and Windowing

Truncated signals are signals which are zero outside certain time limits. Truncation occurs
whenever a signal is stehed on or off or is observed or recorded over a finite time
interval. Truncation produces sudden discontinuities which lead to a spreading of spectral
energy or broadening of the frequency spectrum.

Truncation at times are accidental and intentional piise radars, a train of very short
radio frequency pulses are transmitted into space, this is replaced by a target (air cut off
for example) as echoes. The time taken for the echoes to return to the receiver gives the
range of the targetlf werecord asignal during restricted time interval, assuming it to be
zero elsewhere; truncation is the accidental in this case.

Truncation is achieved by multiplying a continuous signal by rectangular pulse otherwise
known as observation windowThe resultant effectof truncation is spreading or
broadening of the frequency spectrum as stated earlier.
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X(t) = coswt

(a) signal

" W indow cut off

(b)

©

NV Y

Figure 7.34

To reduce the spectral spreading, increasing the observations time (guiagon)
is not practicable. Other form of windows may be used to reduce spectral spreading. The
signal process of truncating signal by multiplying it with an observation window isedfer
to as windowing. There are thremnventionaltypes of windowing
1. Rectangular Window
2. Triangular oBartlett Window
3. Hanning Window
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Rectangular Window

\

t1 to t
o Figure 7.35
. p 0O OO
DOy ETRI 0 QI Q .9
Triangular orBartlett Window
! (t + 1)/2 b t .
Figure 7.36
— 00— 060
0 0 56006 O — 7.80
11t €M 0QI Q
Hanning Window
ty o
Figure 7.37
‘ p Aix@®® 6 O O 781
ey £®RI 0 QI Q |

7.12.1 The Rectangular Window

When it is used, the spectral spreading is more pronounced. When triangular is
dza SR GKS YI 22N YhbQ YR WhCCQ RA&O2y(AyYydzA G
avoided. The spectral spreading is less severe.
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7.12.2 Hanning Window

This is half of the period of a raised cosine wave; its smooth transition further
reduces spectral spreading. The signal being truncated and the window may be discreet in
nature. Thigype of windowing techniques are often used in signal processing as well as in
the design of discreet system, e.g. digital filters.

7.13 Mathematical Analysis of Observation Window

Let xy be a rectangular window andgymultiplied by x) such that we haveg If
Yo IS a sinusoidal function, we can sketch the waveform @fard obtain its Fourier
transform from first principle and also sketch the Fourier transformiso the Fourier
transform of y) can equally be sketch arkburier transform of @ can equally be obtained
by convolution as well as its sketch.

Letd 0hU ! ATX
The Fourier transform ofixis
& . @A AO 7.82
x(t)
a1
(0]
A,,cosvy t
Figure 7.38

But the curve form of i is

While the signal gjis

The mirror image ofgywhen view from the rectangular signa) xan be demonstrated as
shown below
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Figure 7.39
Now to obtain the Fourier transform ofyx from Eq(7.39
&S @A AO
. A AO 7.83
2 A K K
B B B
_ 7.84
A A i onRyD Of ACARA | | EAGOT O
_OEL 7.85
ZOE+ 7
| Ol CEBIN®EHIGI AOAIOAKI E i A/Jouc-o
zOET-A 7.86

Fourier sketch of (t) and the frequency spectrum oftyis as shown below
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Figure 7.40

To convolute the signal above, we will have to redraw the spectrum such that we have the
Hg. 7.41 and then will be an overlap at
1 1 1 ,Andat =71 +] ,, asshown also

Am/2 Am /2

;
oW w
W-Wn i

FaNI I B NN
\/ . \/ w

Figure 7.41
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Figure 7.42
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Example7.9

X IS a rectangular window given ag x Y4R(t), Yy = 4cos( mt) is multiplied with %y to
give the output g).

i. Sketch the waveform ofgx

il. Obtain the Fourier transform offrom first principle and sketch its transform.
iii. Sketch the Fourier transform ofyy

iv. Obtain the Fourier transform ofgzusingconvolution and sketch its transform.
Solution
0) x©
0.25
-2 2 t
Figure 7.43
i & @A AO
. A
A A ] LA A
& MU—s F T E E
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The Fourier transforrsketchings as shown iffrig. 7.44
iil.
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Miscellaneous solved examples

Example 7.10
A signal x(t) = 2cos 400+ 6cos 40t is ideally sampled at £ 500 Hz. if the sampled signal
is passed through an ideal LPF with a-affitfrequency of 400Hz. what frequency
components will appear in the ¢put.
Solution: A signal x(t) is given as

WO O ATO® 6 ATcO®
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So here O Q tmne Q ¢nauU
| "Q emn oc¢@mU Q
Thus the maximum allowable frequency is from O to 320 Hz

Ao f, Ao+ f, 0 +f f- f f fo- f

Aliasing | [

anVa

. | .
-820 -550 -320 0 320 550 820

Figure 7.46
This signal is sampled atsampling frequency ok 500Hz. but according to sampling
theorem it should be sampled at
fs)K CH E osknchn ¥l 0
Thus the spectrum in general is shown as:
as there cuioff frequency of LPF is at 46{x all the sampleffequencies spear but as
there is an aliasing error, the reconstruction is not possible.

Eampled7.11
The signal g(t) =10 cos“20cos 200t is sampled at the rate &#50samples per seconds
i. Determine the spectrum of the resulting signal
ii. Specify the cuoff frequency of the ideal reconstruction filter so as to recover g(t)
from its sampled version.
iii.  What is the Nyquist rate for g(t)?
Solution: g(t) = 10 cos 2Q cost 20 t
= 5(2 cos 20t cos 200t)
Using 2cos A cos B cos(A +B) + cos (B)
\4 g(t)t =[cos(20° & 200 P+ cog20‘ Q200 §
= 5[cos (220 p+ cos (180 §
Y fi=90Hz f,=110Hz
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Figure 7.47

Max frequency component £ fmax= 110 Hz
ThusfaK2dzZf R 0SS X HHuA |1 @ (K dzaff fiedaSicydilthe OeaNIzY
reconstruction filter should be more than 22

Example 7.12

The signal g(t) = 10 cos‘60cos 160 t is sampled at the rate of 400 samples per seconds.
Determine therange of permissible cutff frequencies for the ideal reconstruction filter
that may be used to recover g(t) from its sampled version.

Solution: g(t) = 10 cos 60 00 160° 0

. ..M O2a“oHn
Mn OZla—e '&

g(t) =5 cos 60 & 2.5 [cos 400 & cos 260 P

f1 = 30 Hz,o= 200Hz

f3=130Hz

fm = 200Hz

fsk H E sinmn b [Fi

7.14 Chapter Review Problems

7.1
7.2

7.3
7.4

7.5

Define and explain the analagodulation system.

What is pulse modulation? Explain its advantages o¥em modulation. Discuss
the application of pulse modulation.

Enumerate the types of pulse modulation. Desciib® 0 system in detail.

State and explaisampling theorem in time domain.

Prove that if a signal whose highest frequency isl¥tias been sampled at rate of
2 W samples per second, the impulse train through an ideal is low pass filter whose
cut off frequency WHz

Discuss a typical communicatieystem using pulse amplitude modulation with
special reference to its bandwidth and signal two noise ratio requirements.
Explain the similarity betweet 0 0 and0 ‘O 8Discuss the "Y( "Ycharacteristic
of 0 6 Dand then compare i) O0
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Write short notes on :

I. Advantages of pulse modulation.

. U 00 andvL 00

ii. 000

iv. "YU ‘¥haracteristic of0 6 0
7.6  Discuss clearly the principle af 6 d6 0 transmission and reception

0 0 O’ Y pwyp
7.7  Explain with the dlagramhpw low0 0 (signasare generated and the modulated
signal is recovered fromd 0 Owaveform. Estimate the channel bandwidth requirement.
00 Abp WY T

7.8  Write short notes on the following

i. Detection ofd ‘O Usignals.

ii. Pulsetime modulatlon cmparlson of pulse modulation systems

ii. YO h‘nprovements im 0 0 0 0 "O0muw Y 1t

iv. Demodulation o 0 Usignals. "Oi B@'YO Dé2.1983)

v. Slicer.

7.9  Explain with diagrams, how O Usignals are generated and the modulated signal

is recovered from0 ‘O Owave. Show the spectrum ofY ¢ ¢ "OE'OQL Qlp iw @ wo

7.10 Explain with suitable circuit diagram the generatiomad {signal and explain how

these signalsra demodulated.

7.11 Explain with suitable diagrams howba) (signal can be converted o 6 (signals.

Drawthe waveformof the various stagesd £ GO TY®IQL Qp wi@Rg

7.12 Carefully plot the spectrum of flabp sampledd 6 Owhich has a 1kHz sine

modulating signal, a sampling frequency dfH and a pulse width of 312%) up to 6"

harmoniesof the sampling frequency. Draw it with a dotted line the amplitude curve.
6 & aaodt QUOOHEE & ORI TQdw p ¢

7.13
SOy =y
Van(®) System Ve(t) = Vin(§)S(0) 2
| | 2 |
. V80 T ‘
s(t) U U U
Fig Q1 @ (b)

FigQ1(a) above shows a system. The sigilis a train of pulses as kg Q1 (b). &is the
frequency of s(t). The other signal is(t) =@ A Ic*@o T AT plt Q0. If fn = 18 kHz,

i.  What form of signal processing takes place in the systeRgaf).

ii.  Obtain the Fourier series sft) from first principle.
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iii.  Supposet<<T, simplify the expression &ft) obtained in (ii) above and sketch its
frequency spectrum.
iv.  Obtain an expression fahe signals(t), using only the first two terms in (iii).
v. Iffs= 18MHz, sketch the frequency spectrunvgf). Discuss the recovery af(t)
from vg(t). State problem(s) you envisaged (if any)
vi. Repeat (v) withsf= 200 kHz.
(University of Ibadan;TEL58- Signal Processing P2/2003 BSc degree Examination)

7.14

POy =2y

Viol®) System V(1) = Vin()S(t) 2
—+1

| | | | .
‘ 2 o

1, 7V 80, 1 :
s(t) U] U

Fig Q2 (a) ®)

(@ () What is sampling?
(i) State the sampling theorem.

(b) Fig @ (a) shows a sampler. The sampling signal s(t) is a train of pulses as shown in
FHg Q2 (b)."Qisthe frequency of s(t). The baseband signal is
O 0o AT ©OQo Al OpW weEM vIE (&

()  Obtain the Fourier series of s(t) frofirst principle.

(i)  Suppose “Y;simplify the expression of s(t) obtained in (i) above .
Sketch the frequency spectrum of s(t).

(iii) Obtained an expression for the sample signab using only the first two terms in (ii).

(iv) IfQ y i ( A$ketch the frequency spectrum of o . Discuss the recovery of the
baseband signal from the sampled signal. State problem(s) you envisaged if any.

(v)  Repeat (iv) withQ= 400kHz.

(University of Ibadan, EL5%- Signal Processing 2010/2011 BSc degree Examination)

7.15
O g =2y
V() System V() =Vim(H)S () 2
11
| | 1 |
. 20802, t
s(t) U U U
Fig Q3 (@) (b)

(@ (i) Explain briefly what you understand Bampling.
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(i) State the sampling theorem.

(b) FigQ3 (a) shows a sampler. The sampling signpissé train of pulses as shown in

Hg. Q3(b). The baseband signabiso =1+ cos 0+ cos] 0

(i) Obtain the Fourier series of s(t) from first principle.

(i) Supposet “Y; simplify the expression of s(t) obtained in (i) abo®ketch the
frequency spectrum .

(iii) Obtained an expression for the sample signab using only the first two terms in (ii).

(iv) If] p ¢ hsketch the frequency spectrum of 6. Discus the recovery of the
baseband signal from the sampled signal. State problem(s) you envisaged if any.

(v) Repeat (iv) withh =6 4

(University of Ibadan, TEL52Signal Processing 2012/2013 BSc degree Examination)

7.16
(@) () Whatis windowy?

(i)  What are the effect(s) of windowing and how can the effect(s) be reduced?
(b) x(t) is a rectangular window givenaa® -0 0

wo TWE] O is multiplied withw O to give the outputl 6 8

(i) Sketch the waveform @b 0

(i) Obtain the Fourier transform ofo 0 using convolution and sketch and sketch its
transform.
(University of Ibadan, TEL52Signal Processing 2012/2013 BSc degree Examination)

7.17
X(0) System (0 = x()2(0) Fx
" - 0.1
(1) -5 0 5 t(5
Fig Q4 (@) (b)

(a) The waveform of the signal z(t) of Figure Q4(a) is shown in Figure Q4(b). The signal x(t)
is given as x(t) =4c0os (0.

(i) Determine the Fourier Transport z(t)

(i) Sketch the Fourier transform dft)

(iif) Hence, determine the Fourier Transform of y(t) using convolution.

(iv) Sketch the Fourier transform of y(t) and tliaveformof x(t), z(t) and y(t).

(v) What form of signal processing takes place in the systemgofeR(a)?
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(vi) Deduce the effect of that form of signal processing on x(t). How can this effect be
reduced?
(University of Ibadan, TEL52Signal Processing 2011/2012 BSc degree Examination)

7.18
() System y(t) = x(z() fx
7 - 0.2
z(t) -5 0 5 t(s=)
Fig Q6 (a) (b)

(&) The waveforrof the signal z(t) of Figure Q1(a) is shown in Figure Q1(b). The signal x(t)
is given as x(§ 6cos{ O.

(i) Determine the Fourier Transport z(t)

(i) Sketch the Fourier transform of z(t) and z(t).

(i) Hence, determine th&ourier Transform of y(t) using convolution.

(iv) Sketch the Fourier transform of y(t) and tliaveformof x(t), z(t) and y(t).

(v) What form of signal processing takes place in the system of Figure Q1 (a)

(vi) Deduce the effect of that form of signal processing on x(t). How can this effect be

reduced?

(University of Ibadan, TEL52Signal Processing 2012/20E5c degree Examination)

7.19
0=y
Vin(t) System ve(t) = Vin(D)S(0)
" 15
| | | | .
T apYle U2 t
s(t) U U U
Fig Q7 @) (b)

Fig Q7 (a) shows a system. The sampling signal s(t) is a train of pulses as $ip@ii(in).
"Qis the frequency of s(t). The baseband signal i® =1+ cos 0+ cog] O
(i)  What form of signal processing takes place in the system of Figure Q7(a)
(i) Obtain the Fourier series of s(t) from first principle.
(iif) Supposef “Yisimplify the expression of s(t) obtained in (ii) above. Sketch the
frequency spectrum of s(t)
(iv) Obtained an expression for the sample signab using only the first two terms in

(i)
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(v) If p T h sketch tre frequency spectrum ad o . Discuss the recovery of
0 O fromU 0. State problem(s) you envisaged (if any).

(v) Repeat (iv) with =6 4
(University of Ibadan, TEL52Signal Processing 2009/2010 BSc dedfigamination)

7.20
A S(t) 1= 20y
Vin(?) System ve(t) = vin(D)s(t) 2
1
| [ 1 | -
T, 12008 0/ t
Fig Q8 (@) (b)
Fig Q8 (a) shows a sampler. The sampling signal s(t) is a train of pulses as shown in fig
Q8(b).

The baseband signalis 0 =2cos2 "Qo+ 3c0s14™Q0, M 1 E(8

(i) Obtain the Fouer series of s(t) from first principle.

(i) Supposet “Y; simplify the expression of s(t) obtained in (i) above . Sketch the
frequency spectrum of s(t) .

(iii) Obtained an expression for the sample signab using only the first two terms ifii).

(iv) If'Q 1&- ( Bsketch the frequency spectrum of o . Discuss the recovery of the
baseband signal from the sampled signal. State problem(s) encountered (if any).

(v)  Repeat (iv) withiC= 005 MHz.

(University of IbadanTEL58- Signal Processing 2008/2009 BSc degree Examination)

7.21
A s(t) 1= 20y
vift) System vi(t) = vu(D)s(t) 10
VN V)= 1,
\ \ \ \ .
T, 1Y 8 0 b, t
s(t) DV U U
Fig Q9 (a) (b)

Fig Q (a) shows a sampler. The sampling signal s(t) is a train of pulses as $hg\@tln
The baseband signalis 1+ cos O+ cogl 08
(i) Obtain the Fourier series of s(t) from first principle.
(i) Supposé “Yasimplify the expression of s(t) obtained in (i) above .
Sketch the frequency spectrum of s(t)
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(iii) Obtained an expression for the sample signab using only the first two terms in
(ii).
(iv) If p W hsketch the frequency spectrum af o . Discuss the recovery of
baseband signal from the signal. State problem(s)gmusaged (if any).
(v)Repeat (iv) with] =8
(University of Ibadan, TEL52Signal Processing 2007/2008 BSc degree Examination

7.22 X(t) is a rectangular window given =—0 (t)
y(t) =tAT 10 0 is multiplied with x{) to give the output z(t).
(i) Sketch the waveform of x(t) and obtain its Fourier transform from first principle. Sketch
the Fourier transform of x(t)
(i) Sketch the waveform of y(t)
(iif) Obtain the Fourier transform of z(t) using convolutioret8k the Fourier transform
of z (t).
(University of Ibadan, TEL52Signal Processing 2010/2011 BSc degree Examination)
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by ()
L Y
-3Ts -2Ts -Ts o Ts 2Ts 3Ts
(i) Periodic pulse train
A
()
tL Y
t
(i) Periodic square wave Ts o T Ts
A
y(t)
1 tL Y
t=10 seconds
| |
\ \
-Ts -1 0 T Ts t
(iii) Non-Periodic Single Pulse Wave
A
y(®)
tL Y
3Ts -2Ts -Ts Ot Ts 2Ts 3Ts t

(iv) Periodic Tooth wave

Fig. 2: Available Signals

x(t) Signal processor | z(t) x(1) Sample z(t)
Fig 1 ¥ Fg3 y()

7.23.The sampler of Fig 3 is designed to sample the baseband signal x(t) which is given
as
X(t) =3 + 2cos 2@ 10) + 7cog10° @ 1O Select an appropriate signal from the list
of available signals in Fig 2 as the second input y(t) to the sampler.
(1) Obtain the Fourier series of the selected signal y(t) from first principle.
(i) Obtainedan expression for the sample sigriab using only the first two
terms in (i) above.
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(i)  Supposing “Y = 4xp 1t s. Does this choice OfY satisfy the sampling
Theorem? Sketcthe frequency spectrum af 0 . Discuss the recovery of
the baseband x(tydbm the output z(t). State problem(s) encountered (if any).
(iv)  Repeat (iiywith"Y=6 xp T S.
(University of Ibadan, TEL52Signal Processing 2002/20@3Sc degree Examination)

7.24x(t) is a rectangular window given @sd =—0 (t)
y(t) = 2sin  0is multiplied with x(t) to give the output z(t).
(i) Sketch the waveform of x(t) and obtain its Fourier transform from first principle.
Sketchthe Fourier transform of x(t)
(i) Obtain the Fourier transform of k(ising convolution. Sketch the Fourier transform
of z (t).
(University of Ibadan, TEL52Signal Processing 2004/200438 degree Examination)

7.25x(t) is a rectangular window given @sd =—0  (t).
y(t) =&n  0is multiplied with x(t) to give the output y(t).
(i) Sketch the waveform oft) and obtain its Fourier transform from first principle.
Sketchthe Fouriertransform.
(iif) Sketch the Fourier transform of(t).
(i) Obtain the Fourier transformf oy(t) using convolution. Sketch the Fourier transform

of y(t).
(University of Ibadan, TEL52Signal Processing 2001/2002 BSc degree Examination)

7.26
A s(t) 1= 240y
Vin(t) System V() = Vn(t) () 2
| } L 1 | -
T Ve Uig, t
s(t) U U LV
() Fig Q10 (®)
Fig Q10(a) shows a sampler. The sampling signal s(t) is a tpitse$ as shown in fig
Q10(b).

The baseband signalis 0 =4co$ 0+ cosB o

(i) Obtain the Fourier series of s(t) from first principle.

(i) Hence obtain the Fourier series of s(t)ffor “YgSketch therfequency
spectrum of s(t) .

(i) Obtained an expression for the sampled signab using only the first two
terms in (ii).
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(iv) It p Tt hsketch the frequency spectrum of ¢ . Discuss the recovery of
the basebandsignal from the sampled signal. State problem(s) encountered (if

any).
(v) Repeat (iv) with = 5%
(University of Ibadan, TEL52Signal Processing 2000/2001 BSc degree Examination)
7.27
A s(t) 1= 2y

Vi(t) System ve(t) = V(t) S(t) 1

. 70803, b t

U U

ot A

s(t)
(@) Fig Q11 (b)
Showing Fig Qi(a). The baseband signalis6 ®&§io Al 106

(i) Obtain the Fourier series of s(t) from first principle.

(i) Supposer “Yg simplify the expression of s(t) obtained in (i) abo%&etch the
frequency spectrum fos(t).

(ili) Obtained an expression for the signalo using only the first two terms in (ii).

(iv) If p Tt hsketch the frequency spectrum of 6. Discuss the recovery of the
baseband signal from the sampled signal. State problemwntered (if any).

(v)  Repeat (iv) with Tl

(University of Ibadan, TEL52Signal Processing 2002/2003 BSc degree Examination)

7.28
X(t) is a rectangular window given -0 0o
y(t T (i ©O) ismultiplied with x(t) to give the output z(t).
() Sketch the waveform of x(t) and obtain Reuriertransform from first principle.
Sketchthe Fouriertransform from first principle. Sketch tHeouriertransform of x(t)
(i) Sketch the waveform of x(t)
(i) Obtain the Fourier transform of z(t) using convolution. Sketch Rberier
transform  of z(t).
(University of Ibadan, TEL52Signal Processing 2007/2008 BSc degree Examination)
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CHAPTER 8
DIGITA L MODULATION

8.0 Introduction

Apart from telegraphy, there was hardly any putgpe communication until just
before the World War Il. Then the advent of television and radar quickly changed the
picture. Now, a lot of telecommunication is in digital @®)l from, and the proportion is
digital communication, increasingly at the expense of analog communication, is caused by
two inter workingfactors. The first is the fact that a lot of information to be transmitted is
AY RAIAGEE F NP Yart withdaBddso ge@iig itriny/ttit fornid dearly the a
simplest technique. The second factor has been the advent of -kgglke integration,
which has permitted the use of complex coding systems that take the best advantage of
channel capacities. Accorgjly, it is very important to have a good working knowledge of
the fundamentals of digital and data communication.

All the modulation types have been analogue representations of the message.
Pulsecode modulation (usually abbreviated as PCM) is distiniiffigrent in concept. It is
digital modulation in which the message is represented by a coded group of digital
(discontinuousamplitude) pulse. Delta modulation (normally abbreviated as DM is
variation of PCM).

In an analogmodulation discussed in the @vious chapters, the modulation
parameter varies continuously and can take on any value corresponding to the range of
the message. When the modulated wave is mixed with noise, there is no way for the
receiver to discern the exact transmitted value. Suppbssvever, that only a few discrete
(i.e. discontinuous) values are allowed for the modulated parameter and if the separation
between these value is large compared to the noise disturbances, it will be a simpler
matter to detect at the receiver preciselyhich specific values are intended. Thus, the
effects of random noise can be virtually eliminated, which is the whole idea of digital
modulation.

8.1 Analog Pulse Modulation Methods
We know that in analog modulation system, some parametersafiasoidal carrier
is varied according to the instantaneous value of the modulating signal. In pulse
modulation methods, the carrier is no longer a continuous signal but consists of a pulse
train. Some parameter of which is varied according to the instaedas value of the
modulating signal. There are two types of pulse modulation systems as under:
a. Pulse Amplitude Modulation (PAM)
b. Pulse Time Modulation (PTM)
In pulse amplitude modulation (PAM), the amplitude of the pulses of the carrier
pulse train is varied in accordance with the modulating signal where as in pulse time
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modulation (PTM), the timing of the pulse of the carrier pulse train is varied. Theteare
types of PTM as under:

a. Pulse Width Modulation (PWM)

b. Pulse Position Modulation (PPM)

In pulse width modulation, the width of the pulses of the carrier pulse train is varied
in accordance with the modulating signal whereas in pulse position moduld&PiY], the
position of the pulses of the carrier pulse train is varied. Figure 8.1 shows three types of
pulse analog modulation methods.

According to the sampling theorem, if a modulating signal is band limited ite.F
(the maximum frequency component the signal isnf), the sampling frequency must be
at least 2f, and hence the frequency of the carrier pulse train must also be at leasARf
this point, it may be noted that all the above pulse modulation methods (i.e. PAM, PWM
and PPM) are called alog pulse modulation methods because the modulating signal is
analog in nature in PAM, PWM and PPM.

Note: (i) Pulse Width Modulation is also known as Pulse Duration Modulation (PDM).
(i) If a signal is said to be band limited tg Ehen it means that thenaximum frequency
component in this signal isnF

\ > Time, t

o \
e— Tg —

PAM ]

B O O

A

= |
1 A

Figure8.1 Pulse Amplitude Modulation (PAM)
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Pulse amplitude modulation may be defined as that type of modulation in which
the amplitudes of regularly spaced rectangularges vary according to instantaneous
value of the modulating or message signal. In fact, the pulse in a PAM signal may be of flat
top type or natural type or ideal type. Actually all the sampling methods which we shall
discuss later are basically pulse@itude modulation methods.

Out of these three pulse amplitude modulation methods, the Flat Top PAM is most
popular and is widely used. The reason for using Flat Top PAM is that during the
transmission, the noise interferes with the top of the transmitpdses and this noise can
be easily removed if the PAM pulse has flat top.

However, in case of natural samples PAM signal, the pulse has varying top in
accordance with the signal variation. Now, when such type of pulse is received at the
receiver, it isalways contaminated by noise. Then it becomes quite difficult to determine
the shape of the top of the pulse and thus amplitude detection of the pulse is not exact.
Due to this, errors are introduced in the received signal.

=

I T T

X (1)

!

=

i
||
I
(¢}
Q

@)
x(1)

g
<

Flat top samples

\ -t

Figure 8.2 (a) Sample and hold circuit generating flat top sampled PAM (b) Waveforms
of tap sampled PAM

Therefore, Flat Top Sample PAM is widely used.

Principle of Operation/A sample and hold circuit to produce flat top galed PAM. The
working principle of this circuit is quite easy. The sample and hold (S/H) circuit consist of
two field effect transistors (FET) switches and a capacitor. The sampling switch is closed
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for a short duration by a short pulse applied to the g&# of the transistor. During this

LISNA 2R (GKS OFLIOAG2NI W/ Q Aa ljdzaolte OKINBS
sample value of the incoming signal x(t). Now, the sampling switch is opened and the

OF LI OAG2NI W/ Q K2f Ra icKiSthed ddsddBySadpulsk EfpliedRtd & O K | NJ
3 40S D 2F GKS 20KSNJ GNIXyaAraldz2Nd 5dz8 (G2 GKAA
discharges the switch is then opened and thus capacitor has no voltage. Hence, the output

of the sample and hold cir@uconsists of a sequence of flat top samples as shown in Fig

8.3

X(t)

0
(@) \ !

(b)

©

Figure 8.3: Baseband signal x(t) instantaneous sarﬁple single s@dqu3tant pulse
width function h(t) (d) Flat top sampled PAM signal g(t) obtained througimgolution
of h(t) and s(t)
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8.2 Transmission Bandwidth in Pulse Amplitude Modulation (PAM)

In pulse amplitude modulated (PAM) signal the pulse duratims(considered to
be very small in comparison to time period (i.e. sampling perigd)efween anytwo
samples i.e.

T<<Ts 8.1

Now, if the maximum frequency in the modulating signal x(tigfren according
to sampling theorem, the sample frequengyntust be equal to or higher than the Nyguist
rate i.e.

Or £ cA

or — ¢k CE — 8.2
Or 4 —

But according to equation 8.1, we have 4

Hence z 4 — 8.3

b2g> AF GKS WhbQ FYR WhCCQ (AYfulseid (KS
same as show in Fi§.4 (a) then maximum frequency of the PAM pulse will be:

ot e R

Figure 8.4 (a) Illustration of Maximum Frequency in PAM Signal

£ — - 8.4

Therefore, the bandwidth required for theansmission of a PAM signal would be equal to
the maximum frequencywbxgiven by theEq(8.4).
Thus, we have transmission bandwidth

"7 A 8.5
But /& —

Hence® 7 —

Again, since, —

Therefore " 7 — /e 8.6
"7 /E 8.7
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8.3 Demodulation of PM Signals

As discussed earlier, demodulation is the reverse process of modulation in which
the modulation signal is received back from a modulated signal. For-poipétude
modulated (PAM) signals. The demodulation is done usingldingpcircuit. Fig8.4 (b)
shows the block diagram of a PAM modulation.

Demodulated sign

y

Received PAM signal— A holding circuit * A lowpass filter

Fig8.5 (b) A block diagram of PARemodulator

In this method, the received PAM signal is allowed to pass through a holding circuit and a
low pass filter (LPF) as shown in above figure. Nag., 86(a) illustrates a very simple
K2f RAYy3d OANDdAGP® | SNBE (GKS &g Asé and it isidpededh & Of 2 2
Fd GKS SyR 2F GKS LlzZ aSo Ly GKAa glexr GKS O
value and it holds the value during the internal between the two pulses. Hence, the sample
values are held as shownhig. 8.6 (b). After this blding circuit output ismoothedin low
pass filter as shown iRig.8.6 (c).
It may be observed that some kind of distortion is introduced due to the holding
be observed that some kind of distortion is introduced due to the holding circuit. In fact
the circuit ofFig.8.6b is known as zerorder holding circuit. This zemmrder hoding circuit
considers only the previous sample to decide the value between the two pulses. With
these, we bear in mind that the first order hold circuit considers the previous two samples
whereas a second order holding circuit consider the previous teeeaples and so on.
However, as the order of the holding circuit increases, the distortion decreases at the cost
of the circuit complexity. In fact, the amount of permissible distortion decides the order of
the holding circuit.
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Ilz»rl)\Llj\t/l o= Output
& )
(€C))

.t

Holding circuit output

/
N
<
N
<
N

LPF output

©
Fig8.6 (a) A zerender holding circuit (b) the output of holding circuit (c) the output of
a law pass filter (LPF)

8.4 Transmission of Pulse Amplitude Modulation (PAM)

If the PAM signals are to be transmitted directly i.e. over a pair of wires, o
further signal processing is necessary. However, if they are to be transmitted through the
space using an antenna, they must first be amplitude or frequency or phase modulated by
a high frequency carrier and only then they can be transmitted. Tlespverall system
will be then known as PAMM or PAMFM or PAMPM respectively. At the receiving end,
AM or FM or PM detection is first employed to get the PAM signal and then to message
signal is recovered from it.

Example 8.1

For a PAMransmission of voice signal having maximum frequency equah to6kHz,
calculated the transmission bandwidth. It is given that the sampling frequenrcy6kHz
and the pulse during T1@4 .
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Solution: From the fact that the sampling periodi$ expessed as:

P P -
: A popm ©
4 o v pmt O
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But the transmission bandwidth for PAM signal is expressed as
" P

7 -
4

"7 P pT
L., S pEuUpPpT ¢ pEU
An I €0
8.4.1 Drawback of Pulse Ampude Modulation (PAM) Signal
a. The bandwidth required for the transmission of a PAM signal is very large in
comparison to the maximum frequency present in the modulating signal.
b. Since the amplitude of the PAM pulse varies in accordance with the ntodyla

signal therefore the interference of noise is maximum is a PAM signal. This noise cannot
be removed easily.

C. Since the amplitude of the PAM signal varies, therefore, the also varies the peak
power required by the transmitter witmodulating signal.

8.5 Pulse Time Modulation

As discussed earlier, there are two types of pulse time modulation i.e. pulse width
modulation and pulse position modulation. In both Pulse Width Modulation (PWM) and
Pulse Position Modulation (PPM), sortime-parameter of the pulse is modulated. In
PWM, width of the pulses is varied whereas in PPM position of the pulse is varied.
However, in both the methods amplitude of the pulses is kept constant.

8.5.1 Production of PWM and PPM Signals

The figure 8.&hows the block diagram to generate both PWM and PPM with their
correspondingvaveform It consist of both sampling and modulation operation.

The sawtooth generator generates the satooth signal of frequencyfi.e. period
Ts). The sawooth, also knevn as sampling signal is applied to the inverting input of the
comparator.
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x(t)
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PDM

» Time, t

Figure8.7 Generation of PPM and PDM waveform (a) Block diagram (b) waveforms

The modulating signal x(t) is made to apply to the 4morerting input of the comparator.
The output of the comparator is high only when instantaneous value of x(t) is higher than
that of sawtooth waveform. Hence, the leading edge of PDM signal occurs at the fixed
time period say kTs whereas the trailing edge ofpot of comparator depends on the
amplitude of signal x(t). Now, when sdwaoth waveform voltage is greater than voltage
ofx(t)at that instant, the output of comparator remains zero. The trailing edge of the
output of comparator (PDM) is modulated by tegynal x(t)If the savtooth waveform is
reversed, then trailing edge will be fixed and leading edge will be modulated. sl
waveform is replaced by a triangular waveform, then both leading trailing edges will be
modulated.

The pulse duration modation (PDM) or PWM signal is nothing but output of the
comparator. The amplitude of this PDM or PWM signal will be positive saturation of the
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pulses.

To generateulse position modulation PPM, PDM signal is used as the trigger input
to one monostable multivibrator. The monostable output remains zero until it is triggered.
The monostable is triggered on the falling (trailing) edge of PDM. The output of
monostable ttsy a4 gAGOKS&a (2 LRAAGAGS &l Gdz2NI A2y f S¢
fixed period then goes low. The width of the pulse can be determined by monostable. The
pulse is thus delayed from sampling time kTs depending on the amplitude of signal x(t)at
KTs.

As can be seen from the waveform, both PPM and PDM posses DC value. The
amplitude of all the pulses is same. Therefore, #iopar amplitude distortion as well as
noise interference does not affect the detection at the receiver. However both PPM and
PDM needs a sharp rise time and fall time for pulses in order to preserve the message
information. Rise time should be very less thand.
oL 4
And transmission bandwidth must Be7 —

However, it should be noted that the transmission bandwidth o¥iRihd PDM is
higher the PAM. The power requirement of PPM is less than that of PDM because of short
duration pulses. But it may be further reduced by transmitting only edges rather than
pulse.

Thus, transmission bandwidth of PDM and PPM:

7 — 8.8

8.6 Demodulation of PWM

In this circuit, the transistorils has shown in figure 8.8 acts as an inverter. During
the time-interval from A to B when the PWM signal is high, the input to the transistier T
low. Thus, during this timenterval, the tansistor b is cutoff and the capacitor C is
charged through an RC combination. Also during the time interval from B to C, when the
PWM signals is low the input to the transistari$ high and so it gets saturated. The
capacitor C then discharges vewpidly through transistor ;I The collector voltage of
transistor B during the interval from B to C is then low. Hence, the waveform whose
envelope is the modulating signals. When this is passed though a second ordé®P
low-pass filter, the desired deodulated signal is obtain.
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Fig 8.8: A PWM Demodulator circuit

-+

(d) PAM waveform

Fig8.9 Demodulator of PWM signals (a) PWM waveform (b) Ramp waveform with
Portich, (c) Ramp waveform with locally generated pulse on porch (d) P&deform

8.7 Demodulation of PPM Signals

In Fig.8.9 shows a PPM demodulator circuit. This circuit makes use of the fact that
the gaps between the pulses of a PPM signal contain the information regarding the
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modulating signal. During the gap from A tb&ween the pulses, the transistor is eoff

and the capacitor C gets charged through RC combination. During the pulses duration from
B to C, the capacitor is discharged through the transistor and so, the collector voltage
becomes low. Hence, the waveforat the collector is approximately a sawaoth
waveform whose envelope is the modulating signal. Now, when this is passed through a
second order ORAMP low pass filter, the desired demodulated output is obtained.

7Op.Amp e — D |
Demodulated
-T- Output
©
Fig 8.10PPM Demodulator Circuit
T T >
! (a) PPM waveform | t

-

] .

d) PAM waveform t

Fig 811 Demodulator of PWM signals (a)A™ waveform (b) Ramp waveform with
Portich, (c) Ramp waveform with locally generated pulse on porch (d) PAM waveform

Comparison of various pulse analog modulation methods
In this sedbn, let us compare PAM, PWM and PPM in the form of a @lle
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Table 81 Comparison of PAM PPM and PDM

S/IN | Pulse Amplitude Pulsewidth/Duration Pulse position
Modulation (PAM) Modulation (PWM) modulation (PPM)
or(PDM)
! i
— > | ——— 1+ | -—-- -
T
_____ — s T
: = 5
"""" ) —----5 o,
=) g
3 | FZ==== - 3
i
RE===3- |2/ "
% v < CBD <~
2 Amplitude of the pulse is| Width of the pulse is Therelative position of
proportional to proportional to the pulse igroportional
amplitude of modulating | amplitude of modulating | to the amplitude of
signal signal modulating signal
3 The bandwidth of the Bandwidth of Bandwidth of
transmissiorchannel transmission channels | transmission channels
depends on width of the | depends on rise time of | depends on rising time o
pulse the pulse the pulse
4 The instantaneous powe| The instantaneous powel The instantaneous powe
of the transference varieg of the transmitter varies.| of the transmitter
remains constant.
5 Noise interference is higl Noise interference is Noise interference is
minimum. minimum.
6 System is complex. Simple to implement. Simple to implement.
7 Similar to amplitude Similar to frequency Similar to phase
modulation. modulation. modulation.
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8.8 Pulse Digital Modulation Techniques

Digital modulation techniqueimclude PCM, DM and DPCM. This section describes
each of them and also recovering approximate analog message signal from them.
8.8.1 Pulse Code Modulation (PCM)

The most common technique to analog signal to digital (digitization) is called pulse
code modulation (PCM). A PCM encoder has three processes as shewy8ih0

\juantized sigal
i
PCM encoder

Vs(t) Ly
X0 e Wsc(t)
L AN "I| LPF [ Samplim Quantizing Encodirg My MM X X O D
Analog signal
Sample sign
0 TI

Fig8.12 Component of PCM

bl PAM signal Diaital data

The processes are as follows

1. The analog signal is sampled.
2. The sampled signal gaiantized
3. Thequantized values are encoded as stream of bits.

In PCM, the total amplitude range which the signal may occupy is divided into a
number of standard levels, as shownHig.8.12. Since these levels are transmitted in a
binary code. The actual number of &s is a power of 2; 16 levels are shown here for
simplicity, but practical systems use as many as 128. By a process called quantization, the
level actually sent at any sampling time is the nearest standard (or quantum) level. As
shown inFig.8.13,should the signal amplitude be 6\9 at any time, it is not sent as a 6.9
Vpulse, as it might have been in PAM, nor g8a Owide pulse as in PWM, but simply as
the digit 7Vis the standard amplitude nearest to 69

Furthermore, the digit 7 is sémt that instant of time as a series of pulse
corresponding to the number 7. Since there are 16 lev®| &binary places are required;
the number becomes 0111, and could be sent as a OPPP, where P = Pulse arfule.no
Actually, it is often sent as binary number bacto-front; i.e. as 1110, or PPPO, to make
demodulation easier.
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Fig8.13 Quantization of signal for pulse code modulation

As shown irFig.8.13, the signal is continuously sampled, quantized, codegals
as each sample amplitude is converted to the nearest standard amplitude and into the
corresponding backo-front binary numbers. Provided sufficient quantizing levels are
used, the result cannot be distinguished from that of analog transmission.

A aupervisory or signaling bit is generally added to each code group representing a
guantized sample. Hence each group of pulses denoting a sample, here called a word, is
expressed by means of n+1 bits, whereig the chosen number of standard levels.
Howeva, for all the modulation types covered so far, whether pulse or continuous wave
(CW) have been analog representation of the message. fald® modulation (usually
abbreviated as PCM) is distinctly different in concept coded group of digital
(discontinuows-amplitude) pulse. Delta modulation (normally abbreviated as DM) is
variation of PCM.

In an analog modulation disused in the previous chapters, the modulation parameter
varies continuously and can take on any value corresponding to the range of the messag
When the modulated wave is mixed with noise, there is no way for the receiver to discern
the exact transmitted value. Supposed, however, that only a few discrete (i.e.
discontinuous) valuds allowed for the modulated parameter and if the separation
between these values large compared to detect at the receiver precisely which specific
value are intended. Thus, the effects of random noise can be virtually eliminated which is
the whole idea of digital modulation.

As already stated, PCM is an abbreviatiof Pulse Code Modulation. In the pulse
modulation system discussed in this chapter, the actual value of the sample was
transmitted by operating on a standard pules. In PCM, the continuous time function is
sampled in the usual manner, and the magnitudeesath sample is then rounded off to

the nearest value of these permitted to be transmitted since only a finite number of values
are permitted, the sampled value may be transmitted by a code group. The process of
rounding off is called quantizing levels.
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Although many codes are possible, the digital code is most popular because of its simplicity
in detection and instrumentation. In a digital code, only two levels are transmitted usually
1 and 0 corresponding to the carrier ON and OFF respectively. If wetovaaahsmit the
sampled value in -Yolt step fom zero to 30volts, then a five digit 001 to 111 will be
required, representation 2and 2-1 respectively. When the pulse on presents, the code
of bit 1 is use to indicate it and should to pulappears betweenitand t, then this
corresponds to &284+22+23+2* = 31, should a pulse appear atand t as illustrated, then
the corresponding value of the code group would B2 = 9.

With a fivedigit code represented in figur@13 all integersrbm 0 through 31 are
possible, thus, yielding a total of 32 levels. Adigit code group can be used or 64 levels,
7 digits for 128 levels, or in general an n digit code allolwsRies to be transmitted.

tg t ty t, t,

Fig8.14. Fivedigit binary code group

Modulating wave and its associated digital code is showign 815. In practice signal
would most likely appear with both positive values with an average of zero. To ease the
coding problem, a bias is often added so that signal will only assumed positives as
shown inFig.8.15.

16

Quantising level

12

T

Figure 8.15 Quantizing PCM

However, for all the modulation types covered so far, whether pulse or continuous
wave (CW) have been analog representation of the message.-&udsgemodulation
(usually abbreviated as PCM) is distinctly different in concept coded group of digital
(discontinuousamplitude) pulse. Delta modulation (normally abbreviated as DM) is
variation of PCM.
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In an analog modulation discussed in the presiding chaptéhe modulated
parameter varies continuously and can take on any value corresponding to the range of
the message. When the modulated wave is mixed with noise, there is no way for the
receiver to discern the exact transmitted value. Supposed, however dhyy a few
discrete (i.e. discontinuous) values are allowed for the modulated parameter and if the
separation between these values is large composed to the noise disturbances, it will be a
simple meter to detect at the receiver precisely which specHices are intended. Thus
the effects of random noise can be virtually eliminated which is the whole idea of digital
modulation.

As already stated, PCM is an abbreviation of pulse code modulation. In the pulse
modulation system discussed in this chaptehe tactual value of the sample was
transmitted by operating on a standard pulse. In the PCM, the continuous time function is
sampled in the usual manner, and the magnitude of each sample is then rounded off to
the nearest value of those permitted to be tremitted since only a finite number of values
are permitted, the sampled value may be transmitted by a code group. The process of
rounding off is called quantizing, while the possible levels permitted are the quantizing
levels.

Although many codes are palk, the digital code is most popular because of its
simplicity in detection and instrumentation. In a digital code, only two levels are
transmitted usually 1 and O corresponding to the carrier ON and OFF respectively if we
want to transmit the sampled Vaes in 1volt step.

Most typical signal for example speech has a large peakn.s factor.
Compression is used to reduce the large peak and thus increase the lower values. This will
help in using fewer number of quantizing levels for a given accumatyvil also reduce
channel bandwidth. The receiver then expands the signal in the inverse manner in which
it was compressed and restores the average value.

Eye Patterns

We can get a good qualitative indication of the performances of a PCM system by
examining the bit (abbreviation for binary digit) stream on a CRO (an abbreviation of
cathode ray oscilloscope). The time base of CRO is set so that triggers at the bit rate and
yields a sweep lasting 1 tirsot duration. In the ideal case of no noise andoamdwidth
restriction, the bitstream waveform would appear as at the leffig.8.16(a) and the CRO
pattern at the right.
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Fig8.16 Eye Patterns in PDM

The CRO pattern would consist of two horizontal lines:idn8.16(b) the bittrain
waveform illustrates the effects limited of bandwidth and CRO depicts eye and hence the
pattern is called an eypattern. A longer bit train would add more traces to the CRO
pattern, generally filling in the periphery and leaving an dpgran eye, in the center of
the figure. INFig.8.16(c), the eye is closed somewhat indicating further limiting bandwidth.
The addition of noise to the bit stream would close the eye still further. Thus eye pattern
of PCM system gives information regamglimoise and bandwidth.

8.8.2 Quantizing and Coding
As shown irFig.8.12, the continuous signalg\s first passed through low pass
filter having bandwidth W and sampled to givi). The sampled signal is then quantized
to the nearest predetermined value with quantize level x. The resulting sampled and
guantized signal is encoded in equal time (byuarof sampling) and quantizing. Finally
Xsq(t) is operated on by an encoder with ON/OFF quantized samples to appropriate digital
code words, one code word for each sample, and generates the corresponding baseband
PCM signal as a digital waveform. Thus B€Merator shown irfrig.8.10 is nothing but an
analog to digital converter (normally abbreviated as A/D).
The parameters on the encoded signal depends upon the number of quantum level
X, which is the ration ofVin| /Vinmax for eachcode word must uniquely represent one of
the possible quantized sample. Let y be the ration @t/Voumaxy and the parameters
chosen such that

® oo P 8.9
'E W T

For this text, we assume iand throughout

g — 8.10

u —— 8.11
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At the final step of PCM generations, the baseband signal may modulate RF carrier
for transmission purposes.

8.8.3 Companding

Changes in amplitude often occur more frequently in the lower amplitudes than in
the higher ones when the instantaneous anyudie of the analog signal is not uniformed.

To achieve nomniform, quantization, companding and expanding process is used. The
signal is companded at the sender before conversion; it is expanded at the receiver after
conversion. Companding means reducthg instantaneous voltage amplitude for large
values; expanding is the opposite process. Companding gives greater weight to strong
signals and less weight to weak ones. If the steps are uniform in size, small variation in
amplitude signal power sign#b-quantizing ration then large variation in amplitude signal

is seen. To overcome this with a handicap of a fixed number of levels, it is advantageous
to taper the step size so that the overall transmission is distortion free.

Thus before application to quémer, the signal is passed through a nonlinear
network which has an input out characteristic as showRim8.17. As a result of which a
given signal change at low amplitude will carry the quantizer through more steps than will
be the case at large ampldes, a signal transmitted through a network with the
characteristic shown ikig.8.17 will have the extremities of its waveform compressed, the
compression being more pronounced with increased amplitude. Hence the network is
called acompressor. The inverse process is performed by an expander. The combination
of compressor and an expander is called a compander which then perform the operation
of companding.

<

QOutput Vg

Vo (max)

Vi (min) Input V;

(ew) A

Vo (Min)

Fig8.17 Input-Out Characteristic Providing Comgssion
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In Hg. 8.17, dotted line shows no compression while continuous line depicts compression
close together at low signal amplitudes and further apart at large amplitudes. Such
variation of step size gives an improvement in signal to noise for smadl satthough
strong smalls will be diminished. Tapering of steps is very useful in speech signals.
Although it is possible to design a quantizer with tapered steps, it is more practical
to achieve an equivalent effect by distorting the signal before apglif to the transmitter
guantizer. An inverse distortion has to be introduced.
If for example we have the max and minimum voltage signal to be/+&td-20 V
i.e. baseband signal of +20for companding process, letht be such that n=3 fort

w -t p m,MromEQq(8.9) to (8.6).
From Eq. 8.12

30DBUA ' j

From Eq (8.Cl4)

%OdIMADBT EOA 81
From Eq (8.16)

. 1 O AN &AJAO EIUAA@DEI T — 8 V
Table8.2
Range Normalize Quantization (Voltage Level) Code

7 15-20 17.5 111
6 10-15 12.5 110
5 5-10 7.5 101
4 0-5 2.5 100
3 (-5)-0 -2.5 011
2 (-10)- (-5) -7.5 010
1 (-15)-(-10) |-12.5 001
0 (-20)-(-15) |-17.5 000

Example8.2

Let the sinusoidal signal iRig.8.18a)0 S & YL SR G GAMSThel I' nxX
maximum amplitude of the signal is Y6 We are to

i. Draw the PAM signal using single line

il. Draw the PCM single using three bit per sample. Prepare a table to show the
possible voltage range, quantizatiavels and corresponding PCM codes. Determine the
signalto-quantizing noise ration in dB.

Form w -

30ABUA vV
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Table 8.3
Range Normalize Quantization (Voltge Level) Code

7 12¢ 16 14 111
6 8¢12 10 110
5 4¢8 6 101
4 0¢c4 2 100
3 (-4)-0 -2 011
2 (-8)- (-4) -6 010
1 (-12)- (-8) -10 001
0 (-16)- (-12) |-14 000

In companding process,
From Eq (8.9)
xEAT pmm
Foro mQWi =2V, i.e. when the PAM pulse touches the sinusoidal signs, done through
sampling processy ——— — 8
1Te t9 1168 piyp prum i1 @poB
1 et 1T@ pnn 11 Cpmp
. 6
v 6
6 U 6 ™epe 8 A
Checkingfrom table 8.3, the range where it fell is betweenl8 volts and the

corresponding code is (110) i¥.ut 9.02 V, code (110).
Ford v @WVih= 0.5V, again when the sampled signal is 0.5V from the graph of fig

8.18(a)
. T®
w — 8
P.0
'@ Mtopgpmnm | I T v
1T pnm I T Cpmp
6 U 6 ™ TTXP @ 8 A

Checking from table 8.3, the corresponding rangedfor t& p dissbetween 4 and 8, with
a code 0f(101)
Fordo p 1OV =10V
$$§ pm
6 PO

[
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8

U :
6 U 6 T™wwp @ 8 A

The same wayj; - 8 ,code (111)
Foro p udV =14.5V
. s pB
®
6 Pe
1T € t9 |1l £ Momegp T
et T Cpmp
6 U 6 T X Yop @ 8 1N
The same way}; v+ 8  fjcode (111)
Ford ¢ 1@V;=-0.5V
. s ™
w JRS—
6 Po
UII@[Q ' @ Mtopgpnm
1T et T Cpmp
6 U 6 T X TP @ 8 n
The same wayy 4+ 8 i, code (010Jooking at the range in the table 8.3
For6 ¢ uVi=-1V
& S P
6 pPe
UII@[QII@T{SI(chpnT[
1T et T Cpmp
6 U 6 ™ QW @ 8 1N

The same way} v+ 8 1 code (010)
Fordo o 1OVin=-10V

. S pm
(L) —_—
6. pPo
1T € (9 11 €@ ™qupmTm
[ 1T Cpmp
6 U 6 X YL @ @
The same way} v+ 8 1], code (000)
Foro o UVin=-16V
& S po
6. pPo
1T @ 19 11 @ p pmrm
[ T Cpmp
6 U 6 P PO
The same wayj; - f} , code (000)

Ford T 1Vih=-0.5V
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s ™
— 8
5. pe
T € t9 |1l € MrtopgpnTm .
1T e ¢ T Cpmp !
6 U 6 M TTXTPE 810
The same way}; 4+ 8 1j, code (010)Jooking at the range in the table 8.3

&)

v/volt &

20

15

10

' t/sec

-10

Figure 8.18(pa sinusoidal signal
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Figure 8.18(b) a sinusoidal signal, PAM and PCM produced

At the receiving end, expanded can be use to produce the baseband signal when the
transmitted code is decoded. For example, if a code of 111 is received, withralize
guantization of 1.875V, step size of 0.25 and it is expected that the maximum signal
voltage will be 2/, then prepare a table just as seen in table 8.3, trace the receive code
111 to the normalize quantization level and pick the output voltegée 1.875V. Then
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substitute the value of 1.879 to be \u, hence since dMymaxis 2V, then solve for y using
Eq(8.1), to solve forcy such thatl T g t@ Ul T @ t .Butyoubaseband signal

is gotten fromw — % hence W4 = Vinmaxthen plot Vin against time. This will produce

the transmitted signal.

8.9 Delta Modulation (DM)

Delta modulation is an offspring of PCM that has advantage of greatly simplified
equipment. DM is the simplest known method for converting an analog signagiiald
form. In exchange for thessuipmentsavings, DM generally requires a large transmission
bandwidth then PCM. For voice signal, recent developments have brought the bandwidth
requirement to a point where DM is less than PCM.

HARD LIMBER s
X0 [ o $ A:IZA X(1)
X
0k
[l ® 0 [ LPF |cee
—> —>

(a) Modulator

(b) Demodulator
Figure8.19 Delta Modulation Systein

Fig 8.19(a) is a functional block diagram of a delta modulation system.
The message 0 is compressed with a stepwise approximati@ro by subtraction; the
difference being passed through a hdimiter whose output equal Y depending on the
sign ofc 6 z G hthis, in turn, modulates the ideal sampling wave to produce.
@ B YOE@i+4 @e«4 ) O+4 8.17

An impulse waeform which ¥ is generated by integration. Since there are only
two possible impulse weighb 0, the signal actually transmitted in a binary waveform.
The modulator shown iifrig.8.19(a) consist of an integrator and low pass filter, yielding
w 0 plus quantization noise.

To understand these operationsig.8.13 shows typical waveform 6 husd hand
@ O.Tostartwithue®d  ® O so the first impulse has weightO . When feedback and
integrated, that impulse produce a stepwiseatiye inw 0 or height + Eo. This process
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continues through the stastip interval untilcead exceeds and causes a negative impulse.
If @ 0 ; then remains constanto 0 exhibit a hunting behaviour known as idling noise.
Whenw 0 is changingew 0 follows it in stepwise fashion unless the rate of change is too
great, illustrated at the right of the figure. This slepeerload phenomenon is a basic
limitation of deltamodulation.

Even with no slope overload distortion, the DM signal, like the PCM system, gives
rise to quantization noise is due to the digital approximation of the continuously varying
function. When the message signal is the speech signal (for whicls Phferred), the
guantization noise will be heard as granular noise, granular noise can be minimize by
increasing the sampling rate so that the message signal approximately is better.

Thus we see that the maximum slope is equa] t&#E! . If the step sde iSO and

the sampling rate issFso that sampling interva  —and the corresponding slope is

— %A 8.18

The slope overload distortion can be avoided, if the following inequality holds
%/AE ¢ NE!
So that! e

Or % — 8.18a

START UP HUNTING
X(1)

) —I— 4 —Tg«—

Figure8.20 Delta Modulation Waveform
Except for overloadsa reasonably approximateky 0 - especially if Eand Eare

small and lowpass filtering at the demodulator further improves the approximation. But
observe thatw 0 is not the transmitted signal. Rather, the transmitted signal is a binary
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representation oo 0 and the binary digits merely indicate thelgrity of the difference
between@Ohom OAT @&Dast = KJ that is why itis given the name Delta Modulation.
To study the performance of DM, we first derive a condition for preventing slope

overload with lone modulationpo ! AT ©OFO The maximum message slope then
is
Q6D P )
55 ¢ NE! G B B

Where the upper bound comes from our message conventions p®wé @ 7 . Now
the maximum slope ads is B/Ts= Efsso a sufficient condition for no slope overload is
% /A° ¢ andthereforeEl ¢ if% L pthe latter bring required to makes® a good
approximation tow 0 8

Eq 8.189 is overly conservative unless the message spectrum is flat over w. More
typical message fall off well belol® 7 and condition can be relaxed. Thus if there is
some frequencyof<] such that

1 E El E
/£
£ 9E 8.19
@D e o e . NE
4 E A4—O ¢ #EAT AT OO0 AN\l mh A c(y y& T
0

Voice signals generally satisfies equation (8.19) yi# 11 ¢t tas composed to
5 e 1 E (,80EQq(8.20) represents significant reduction of the sampling frequency and
the transmis®n bandwidth" A .

Now as far as quantizing noise, we write

(0] e RO 8.21a
Where from Eq (8.13aR LEDS W % 8.21b
in absence of slope overload. Assuming tRaD has a uniform distribution, the mean
square erroequalsrR ~ —. We cannot, however, take as the output quantization noise

No because the LPF Bq (8.21b operates on the stepwise signéba frather than
reconstructing quantized sample value as in PCM. To determigeld¥lus make the
reasonableassumption that &f) is essentially constant, over

Y& SAT'AT er4 —Therefore

. | R ] .
' - 0 —

A E— N— g &

and
3 yid
%]

Now usingeq(8.22)to eliminate i and inserting the bandwidth ratio
[ — —,wehave
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3 ¢ ~
- ~E 9 g &
This includes the case Bf(8.18 by letting £ =] .
FromEQq(8.22) we see that the performance of DM falls somewhere between PCM
and PPM. Since the wideband noise reduction gogs dtike PCM, the transmitted signal
is digital so regenerative repeater are allowed, and the terminal equipment is much less
complex than PCM.
Drawbacks of delta modulation, as already stated DM suffers from the following
drawbacks and we shall see how they can be overcome in practice.
Quantization noise, which can be reduced by increasing the PRF (abbreviation of pulse
repetition frequency) normally designated as f
Slope overload distortion, which decreases with the increase in step size (tht is the pulse
amplitude E) and increasingsf
Idling noise, which can be reduce by reduciag E
Thus we see that increase ig required increase in transmission bandwidth.
However, the requirement ofdare conflicting as far as overload distortion and noise are
concerned; and the only solution to this problem is to adjust E

8.10 Adoptive-Delta Modulation

A delta-modulation which adjust its step size, b overcome its drawbacks
(discussed in the preceding article) is called adoptive delta modulation normally
abbreviated as ADM. It adopts itself to the changing signal conditions. Even then the
transmitted pukes are of constant amplitudes, here only the polarity changes, exactly as
in the case of simple delta modulation.

A block diagram of an ADM transmitter is showrHm 8.21(a). Compared to DM
adoptive delta modulation transmitter has a variable gain &figp put between
transmitter output (the pulse modulator output) and the feedback integrator network.

D.M signal
N
’ h
Variable gain Integrator .
> amplifier > —4 Low pass filter D>
T _
- (a) An ADM transmitter
Massage signal D.M signal
—==D> Comparator Modulator D>
R
Integrator Variable gain
amplifier
T

(b) An ADM Receiver -

Fig8.21 Adoptive Delta Modulation System
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The gain of this variable gain amplifier varies with the magnitude of the control
input voltage. The contd input voltage is obtained from the transmitted pulse sequence.
The receiver block diagram shownHg. 8.21b and the transmitter iffig. 8.21a. The gain,
of the amplifier, follows the magnitude of the control input voltage.

As we know, the message & is a constant or varying by a very small quantity,
the DM system goes hunting and thus generates alternative positive and negative pulses.
The alternating sequence will give to an almost zero at the capacitor C, so that gain control
voltage will be mirmum. Therefore, the amplifier gain will be minimum and the amplitude
of the pulses applied to the integrator, will be minimum resulting in reduction in quantizing
or idling noise. When the input signal amplitude is increasing or decreasing rapidly, the
modulator outputpulses sequence will produce a large voltage across C (the polarity is
now immaterial), which in turn causes the variable to give a large gain and thus feed higher
amplitude pulses to the integrator in the feedback path. Therefore the outguthe
integrator will rise (or fall) more rapidly and will be closer to the message signal than what
it would have been with the constant amplitude voltage.

The size of the steps applied to the feedback integrator is thus variable, varying
according tathe message which is controlled entirely by the transmitted pulse sequence.
The same sequence is variable at the receiver so that the pulses going to the receiver
integrator can be varied in exactly the same way as at the transmitter.

8.11 PCM Reception

TheFig.8.22 shows the portion of a PCM receiver following carrier demodulation
if any. The analog PCM waveform contaminated by random noise n(t) is operated on by an
A/D converter that regenerates the digital code (+error). From these code words, the
deooder determines the quantized sample values (with error of course) and geneggtes x
which is processed by an LPF to yield the output analog sz

PCM + ERRORS Xs{t) + ERRORS

— AD I Decoder

Reconstruction &[)

filter

Fig8.22 Portion of PCM Receiver

If the signal to noise ratio at the A/D converter is only modestly large, the error
probability is sufficiently small that one can ignore the effects of the random noise. Despite
this condition,cee 6 hnot @ 0 ; i.e. reconstruction is based on thgantized samples
rather than exact values. Furthermore, there is no way of obtaining exact values at the
receiver; that information was discarded at the transmitter in the quantizing process. Thus
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perfect message reconstruction is impossible in PCM eveanwandom noise has
negligible influence.

As a result, the quantization effect is a basic limitation of coded system; just
random noise is a limitation of conventional analog system.

8.12 Bandwidth Requirements
Since several digits are required for hamessage bandwidth, an estimate the
bandwidth will be much greater than the message bandwidth. An estimate of the
bandwidth is obtained as follows:
Quantized samples occur at a rateaf ¢ samples per second, so that must be
bit rate r = nfdigits per second. When the PCM signal is transmitted by baseband pulses,
the required minimum bandwidth termed asyduist bandwidth, is 1/2nfwhich is
somewhat larger than rf So we have the required channel bandwidth as
6 gcfo'mocoon‘%Q 07 48 o
Let v be the number of digit (i.e. pulses) in the code words we require 1 for unique
encoding. Therefore, the parameters should be so chosen such that
t 1 8.24a
O 1izx 8.24b
Wheret is the amplitude of the pulses, Q is the quantize level.
Therefore, the baseban®CM bandwidth is thus a minimum of equation 8.24b
times the message bandwidth.
Furthermore, the pulse in a PCM system usually occurs as a uniform, rate for

minimum bandwidth. If there are to be M messages multiplexed, each code group having
n pulses, and sampling occurring at rate oh,2ivhere f, is the maximum frequency of
each message, it then follows that the time between pulses-s—, and the minimum
transmission bandwidth is given by
1T iE 8.25
This shows a very important result, that the channel bandwidth is proportional to

the number of pulses per code grouped thus is related to the accuracy with which the
signal may be received.

It will be proved subsequentlthat 3 ~ e ¢ and the fact that the channel

bandwidth is proportional to n, we conclude that the output sigteahoise ratio increases
exponentially with bandwidth. This is a much greater improvement than observed for the
other pulse system discussed hmetpreceding chapter.

8.13 SNR Characteristic
The signato-noise ratio (SNR) at the output of the decoder will be determined
here for the case of large sigraknoise ratios existing in a channel. This being the case, it
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is then possible to assume thtte noise on the channel never (or at least very seldom)
causes a pulse to be lost or misinterpreted by the receiver. The only source of noise to be
considered is that due to the original quantization of the signal, for error does result in this
process hereby causing the receiver output to have an error or noise component. Thus,
any given required sample may be in error by as much as a half quantizing level (K/2).

Consider a PCM/AM system showHig. 8.23. The message is sampled at the
Nyquist rate(1/2fm), encoded, and transmitted.

Note that the samples to be encoded do not have any error associated with them.
Quantizing error is introduced at the encoder. The samples received are not, then the same
samples that were add to the encoder. The recesamples may be separated into two
example signals, one due to quantization error and one due to the true value of the
samples as shown fag. 8.24

d i
A -ampe e iy —{

in K volt step)

Signal
(compresed)

Fig8.23a PCM Transmitter

These two waves when applied to a lpas®d-filter produce two output waves. One is
the desired message (identical with the input message) and the other a noise wave due to
guantization.

Qauntized
sample \ ,
M Signal and Noise

AM - Low-pass
eceiver —J) Decision ——)  Decoder ——————f “ -

device

Figure8.23b PCM Receiver
The output signal power is computed from the desired part of the output, which is

also equal to the power of the input message. An approximate result may be obtained by
approximating the message or output signals as shokgir8.24.
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QUANTIZING NOISE NOISE
(COMPRESSELC

Figure 8.23c True Signal and Noise in PCM System

From thisfigure we see that the maximum pead-peak value of the signal is"(2)K/2.
Assuming the signal is properly compressed, on thee2 we would expect to have one
SIOK 2F (KS S @29)K/2 ghemeapsisfuire vadieoXer thiseeond

interval is
p = C p + p C p +
3 — + + E
[ P 6 T T
or

g ¢

APPROXIMATED

/SI GNAL

ACTUAL
_~SIGNAL
1 1 1 1 1 1
8 10 —»t

2N

Figure 8.24 Approximated Signal
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The output noise will have a maximum value of K/2. Approximating this wave in
the same manner as the signal loads to a noise power of
+

— U X

SIS
The output signal to noise is then given by
3
— G P Y& P

For large signal to noise ratios in the channel (10dB or more) observing-thag

¢ and recalling that channel bandwidth is proportional to n, we conclude that the output
signalto noise ratio increases exponentially with bandwidth. This is a much greater
improvement than observed for the other pulse systems.

8.14 Advantages of PCM

Despite the inherent complexity of mechanization here are a number of marked
advantages in the @sof PCM.

1. PCM affords a considerable increase in the output signal to noise ratio at the
receiver.
2. The code group is usually so synchronized that the time of occurrence of each pulse

is known at the receiver. The only decision which needs to be rbgd#e receiver is
whether a pulse is present or not; nothing need be known concerning its amplitude width
etc. This is an advantage which other pulse system do not possess.

3. PCM permits repeating or amplifying the encoded signal without significant
distortion being introduced again owing primarily to the nature of the coded signal.

4, As already stated that the output sigAal-noise ratio increase exponentially with
bandwidth. This is a much greater improvement than observed for other pulse system.

5. A PCM system designed for analog message transmission is readily adapted to
other input signals particularly digital data, hereby promoting flexibility and system
utilization.

6. By virtue of the regeneration capacity PCM, is distinctly advantageous terrsys
having many repeater stations. Thus with respect to long distance telephone, this has been
greatest assets.

Thus PCM should be given due consideration for applications involving, TDM,
minimum power, a diversity of message types, (i.e. analog andaljigir many repeater
stations. Because most of these factors are present in-leargl telephone transmission,
PCM appears to be the great hope of the future of telephony. However, in more routine
applications, the lost of the hardware for coded modulatien usually much more
compared to that for analog modulation unless considerate advantage is made in
integrated circuit.
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8.15 Advantages of DM

The major disadvantage is that, (i.e. PCM and DM) almost noise free regeneration
ability. Thus they are supen to FM system particularly when the signal is to be
transmitted over long distance and the use of repeater become essential because of the
distance involved. This is due to the fact that PCM and DM signal repeaters can be
regenerative, while the analoggnal repeaters cannot be. Let us now discuss regenerative
repetition.

A repeater of a digital signal, can receive the signal like the receiver at the
destination, identify the digits and generate these digits afresh. If the sigrabise ratio
at the receiver is not too low, the identification of the received signal digits is almost noise
free. Thus the regenerated digits will be almost identical with those at the first transmitter.
Therefore in the successive repeater stages the regenerated sighalastadentical with
that of the first transmitter.

In the case of the analog signal repeater, the signal is received and amplified to the
required signal power level. The noise power will keep in accumulating at each repeater,
so that the total noise, athe final receiver will be n times as large as on the first repeater
(n being the number of repeater) for comparable signal power. If the signal to noise ratio,
at the first repeater is S/Ns it will drop to S/N at the final receiver. The original signal t
noise ratio S/N can be restored by increasing the signal. This improvement will be much
larger that what is in the case of regenerative repeater.

8.16 Comparison of PCM and DM
After having discussed the advantages of PCM system and superiority offfelCM a
DM system over other system we will now compare PCM and DM system:

1. The main advantage of DM over PCM is the extreme simplicity of the transmitter
and receiver circuits.

2. A DM system, with the same bit transmission rate gives better performance than a
PCM system.

3. For speech transmission, DM system gives better performance at lower bit rate,
(i.e. 40Kleps and below). At higher bit rates the PCM system gives better
performances.

4. DM generally requires large transmission bandwidth than PCM.

8.17 PSK, FSKhd DPSK

When it becomes necessary to superimpose a binary PCM waveform on a carrier,
than PM and FM are commonly utilized. Because of the special (two level) nature of the
carrier modulating signal, phase modulation is termed as RSkt Keying (normbi
abbreviated as PSK), and frequency modulation is called Frequency Shift Keying normally
abbreviated as FSK. Let us first discuss PSK.
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V(1) Balance modulator| _[> Square law ) Band-pass o AT® —
[: device fter Frequency divider
Channel +2 =2
cos wt Synchronizing circuit
N V(I)D
N J

Transmitter ’

Receiver

Figure 8.25 A Binary PSK System

i PSK:For simple phase shift keying, the -shifted carrier6 A b @is 180°, or
AOAAERAATBOD A 6 Ab @, is transmitted to indicate 0 condition. The
modulating circuitry is quite simple for this, since it is only necessary to provide two
switches, an inerter. Demodulation is achieved by subtracting the received carrier from a
derived synchronous reference carrier of constant pulse.

Consider that a binary signak\which takes on the valugs O = V, is to be the
modulating waveform in PSK systemeT®SK waveform is
0 AT G b 8.29a
Where A is a fixed amplitude, tfor6 O 6andr aAfor6 O 6
Alternatively the E@8.29)can be written as

0 — 1 AD ©® 8.29b
So thatv I AH @forv 6, and
0 I AD @forv 6

The waveform ofq(8.29)can be generated by applying wavefong and the
carrierA 15000 a balance modulator as shownfig. 8.25. The received signal will have
the form

0 .

0 ?! A1500 [

2 KSNBE © Aa | LlepeadS onlthe ZffeStive degthOdk patR between
transmitter and receiver, detection, (i.e. demodulation) is performed simultaneously;
hence we require the waveforrA I 0 O [ at the receiver. A synchronizing circuit
which can extract the waveford I Y O [ from the received signal itself is shown in
Fig.8.25.

The output of the square law devicelisAT @ O [ since—is always +1.

But! ATG O] —p AT OcO | — —Alc®» O
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Hence a bangbass filter is required to separat® i ¢ O [ &he frequency
divider divides the frequency by 2, yieldiAg ¥ O [) as required.

At the synchronous demodulator, the signalkf(8.29)is multiplied by the locally
recorded carrierA T © O [ . This product is
ATYHO [ 6 -—— -—AT 6¢O J 8.30
In which we are interested ingV If iy were band limited signal, then we might recover
V(y precisely through the use of a low pass filter. However, waveform is not banddimite
(at least in principle) because of the abrupt transitions in its waveform. Hence a low pass
filter will introduce some distortion in(t) and will also pass some of the sidebands of the
double frequency carrier iq(8.30).

It may be mentioned here thave are not really interested in recovering,\but
only in knowing whether = =V in each bit interval. If a bit interval extends over many
cycles of the carrief 150Qhen it will be easy to find a lowass filter which will effect an
adequate sepeation of the terms inEq(8.30) to follow such determination.
il. FSKTwoton frequencyshift keying is commonly used. In this system, two tones
within the voice channel, which can be separated easily with kEass filters, are assigned
as carriers. Onmne is transmitted for a bit, and the other for a 0 bit. Two bapass filters,
rectifiers and a differential amplifier demodulate the signal. Ttgfge carrier systems need
on the telephone system divide thekdHz voice band up into as many as 20 chénmath
a channel separation of about 12z for 60r.p.m or as few as six 1Hr channel for 100
r.p.m, eight level teletypes. Radielegraph systems quite often frequency modulate the
RF carrier directly, transmitting the normal carrfeequency for the bit condition and
transmitting a frequency about 70Hz lower for the 1bit. Alternatively, the-taree FSK
system can be either amplitude modulated or frequency modulated.

In frequency shitkeying, the binary signal is used to generatgaveform
0o !AISO n O 8.31
In which + sign and sign, depends on whether the bit is a 1 or a 0. Then the transmitted
signal is of amplitude A and has an angular frequency n or] N a constant angular
deviation from the carrier frequernch .

Such an FSK signal might be demodulated by applying the signal simultaneously to
two sharply turned filters, one tuned tb 1 and the other tunedtd . We would
then determine that 1 or a 0 had been transmitted in any bit interval dependinglochw
filter yielding the larger output signal. However, a synchronous demodulator has the
advantage that, it may be easily adopted to yield optimum performance in the presence
of noise. As shown iAg. 8.26, it requires two local carriers at angular freqeiesd 1.
If the received signal Is AT5O n Qthen the output of the difference amplifier will be
6 - -AT OcROOO AT OGg n O 8.32
If the receiver signal is A 150 1n (the output of the difference amplifier will be:
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filter
Synchronous
Demodulation
] (multiplier)
Figure8.26 The FSK System
6 - -AT OcADDOO AT QO n 8.33

Similar to PSK system a lgpass filter is used to have adequate separation of D.C
components inEqs(8.32 and 8.33) to permit a determination of whether a 1 or a 0 has
been transmitted. Ordinarily | 1 ; hence the lowest frequency, by far in the brackets
in Eq(8.32) is the termA T O ¢To Qermit an easy separation of D.C components, it is
therefore necessary that the bit interval extends over a time T such that, in that interval,
AT O dnelude many cycles. Hence we need that

¢né qn
iii. DPSKPhase keyig receives a local oscillator at the receiver which is accurately
synchronized in phase with the unmodulated transmitted carrier and in phase-by
radians can be difficult to achieve. Differential phase shift keying (normally abbreviated as
DPSK) overcoes the difficulty by utilizing the phase shift between successive bits, hence
the name differential PSK.

The phase of the first message bit has to be compared to a reference bit, which
may be arbitrarily chosen as 0 or 1..l@7 shows a 0 reference bit. If the compared bits
do not differ, that is encoded as a 1 or zero phase shift or carrier. If they do differ, this is
encoded as a 0 or radians shift or carrier. The figure shows the sequence events for the
message 01100. Comjpag the first message bit with the reference, they are seen to be,
so this is encoded as a 1, and transmitted as zero pbhage Note that the first
transmitted bit is the reference bit, a zero in this code.
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Message

lo

Compare
| Encode | | | | J
Reference bit [0] 1 1 1 0 1
Transmitter l l l l l
phase shift | 0 0 |
Received . y - "
signal phase Lo 0 |
Delay Received 0 “ “ ‘ 0
signal
Phase difference 0 1 1 0 0
decoded

. Y .
Binary message received

Figure 8.27 Encodng and Decoding a Message in DPSK

The second message bit is compressed with the second encoded bit both are seen to be 1,
so this information is also encoded as a 1, and the carrier phase shift remains at zero.
Continuing in this way, the third messageseen to be the same as the third encoded bit,

SO again this is encoded as a 1, or zero phase shift of carrier. The fourth message bit is
compared with the fourth encoded bit. They are seen to be different, so this is encoded as
a 0, and the carrier phasshift isa radians. The last message bit is compared with the fifth
encoded bit, they are the same, so this is encoded a 1, or again, a carrier phase shift of
zero. Fig8.28 shows how encoding might be achieved by digital hardware.

Inverted exclusive Binary
1=+V Balance modulator . .
. _ Transmitted signal
Binary message D OR gate 0=-V D

oDD = -V (Multiplier) A

— EVEN = +V

OR E-bit delay T

ﬂ Carrier oscillator

(sinusoidal

Figure 8.28 AnEncoding Arrangement
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At the receiver, the signal is multiplied by a one bit delayed version of itself. This is shown
schematically ifHg. 8.28. If the delayed signal is in phase with the direct signal, the output
following the lowpass filter will have @ositive D.C component and will be decoded as a

1.

Received signal Balanced

o ™ Demodulator ) LO\;\ill-tE\?ss Binary message received

(Multiply)

Delay Received signal

I: One-hit
delay

Figure 829 The DPSK Receiver

If the two signals differ in phase hyradians, the D.C output will be negative
interpreted as a binary 0. The sequence of events at the receiver is also illustrated in
8.29.

8.18 The Complete PCM System

We have already discussed the PCM system in preea, i.e. first sampling the
guantizing leading to quantizing error or noise followed by its generation and reception
and finally its bandwidth and SNR characta&rgs We will now study the entire PCM system
in compact form which will be just putting together what we have already discussed in the
preceding articles.

I Encoder The block diagram of a PCM communication system is dratrig.i.30.

In this analog signal @ is sampled, and these samples are quantized. The quantized
samples are applied to encoder. The encoder responds to each such sample by the
generation of a unique and identifiable binary pulse (or binary level) pattern. At the
receiver, ve must be able to identify the level from the pulse pattern. Thus it is clear that
not only does the encoder numbered the level, it also assigns to its identification code.

As shown irfrig.8.30, the combination of quantizer and encoder is called an @palo
digital converter normally abbreviated as A/D converter. Thus A/D converter accepts an
analog signal and replaces it with a succession of code symbols, each symbol consisting of
a train of pulses in which each pulse may be interpreted as the represemtatia digit in
an arithmetic system. Therefore, the signal transmitted over the communication channel
in PCM system is termed as digitally encoded signal.
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Communication channel
| Quantized PAM |
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Figure 8.30 The PCM Communication System

il. Decoder:The first step when the digitally encodsinal arrives at the receiver (or
repeater) is to separate the signal from noise (which has been picked up during the
transmission along the channel). As we know such a separation is possible because of the
guantization of the signal, and hence processesfjuantization is done. Accordingly the
first block in the receiver is quantizer. For each pulse interval this quantizer has to make
the simple decision of whether a pulse has or has not been received or which of the two
voltage levels has occurred.

Thereceiver quantizer then, in each pulse slot, makes a guess about whether a
positive pulse or a negative pulse was received and transmits its decision in the form of a
reconstituted or regenerated pulse train to the decoder. If repeater is to be used, the
generated pulse train is simply raised in level and sent along next section of the
transmission channel. The decoder does inverse operation of the encoder and is called
digitatto-analog converter normally abbreviated as D/A converter.

The decoder outputs the sequence of quantized multilevel sample pulses. The
guantized PAM signal is thus reconstructed, which is filtered to reject any frequency
components lying outside the base band. The final output sigAglisnidentical to input
m except for quatization noise and the occasional error in Yes/No decision making at
the receiver. If companding is to be inclined, the compressor precedes the sampler and
the expander follows the filter. Bit (pulse) synchronizing has also not been included in the
PCM sgtem shown irFig.8.30. The receiver must be given timing information identifying
the beginning and end of a pulse time slot.

Furthermore, if a number of a band signals are being multiplexed, frame
synchronization information must also be transmitted.
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Example 8.3

The signal to quantizing noise ratio of a binary PCM system is required to be at least 1000.
Determine the required minimum number of binary digits to represent the quantizing
level. (Grad. IETE Nov.1981)

Solution: It is given that

— ¢1 prnnm

1 LT

1 ¢@ co
Since Q has to be integer.

This is the binary encoding, quantization level Q can be chosen to be 32 requiring n to be
5.

Example8.4
A typical PCM system, sampling at 8000 samples per seconds; uses 6bits/word for
transmission. Detenine the Niquest bandwidth and obtain S/BAIMES 1982)
Solution: It is given that
FR=8000andn =6
Therefore, bit rate = if
= 6 x 8000 = 4Bbps

(Kb is an abbreviation of Kilobits)
Hence Niquest Bandwidth=A EDGA O A O

- TE(U TED
FromEQq(8.28), S/N,is given by
3 S
— ¢1 ¢¢ MBWETIAKL
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Example8.5

The signal to quantization noise ratio is not to be less than 1000. The sampling ratio is 800
samples per seconds and the channel bandwidth is limited tok#H& Give suitable
encoding parameter.

3 L PN
— ¢1 pnmi & ynmOA|l BIOAO
1 ouvnim@ co

Since (has to be an integer

Also -1 £ —1 puvopm

Because channel bandwidth is limited to 3%z

Therefore] —— o8& v

Since n is to be an integer

| COo

IT®O o

Hence we can use tertiary or quaternary system. Although a ternary system will suffice, it
is desirable to have quaternary system in practice.

Example 8.6

A sinusoidal system of 1lvolt amplitude and 88@ frequency is transmitted by delta
modulation. Determine the minimum stegfize so that the overload distortion is avoided,
if the sampling ra¢ is 40,000 sample/sec. (Roorkee University 138

Solution

Using notion A = 1volt, f, = 800 and4= 40,000

Hence, minimum step size=——— 1§ ¢ V6p - |
This shows that the approximated signal will have abouti2. just 18&lifferent levels.

8.19 Chapter Review Problems

8.1 Are the following systems digital: (a) Pulse Width Modulation (PWM), (b) Pulse
Position Modulation (PPM)? Why?

8.2  Which of the following is susceptible to quantization noise:

(a) Anplitude Modulation (AM),(b) Frequency Modulation (FM), and (c) Pulse
Code
Modulation (PCM)? Which of the above is most noise resistance and why?

8.3 (a) State the theorem which provides the guideline to choose the sampling
frequencyfor a bandlimited signal. (b) What is aliasing? (c) What is the purpose of
using a low pass filtgrior to sampling an analog signal?

What is Chirp Signal?
Complex signal expressed in the form
Wo=exp @D, O T
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Whose magnitude is constant and the frequency varies linearly in time

8.4 Which signal is called a box, boxcar or pulse signal?

8.5 What is the common name of the signal represented by delta funttianor the
Dirac distribution? If the input to a system is the delta function, what is the output
called and by

what symbol is it denoted?

8.6 Assuming aafety margin of 10 per cent, determine the Nyquist rate for correctly

sampling the electrocardiogram (ECG) signal whose maximum useful frequency content

extends up to 100 Hz.

8.7 Define and explain the analog modulation systeWiRa is pulse modulation?

Explain its advantage oved w modulation. Discuss the applications of pulse

modulation.Enumerate the type or pulse modulation. Describe O 0 system in

detail.State and explain sampling theorem in time domain. Prove thadigral whose
highest frequency is W Hz has been sampled at rate of 2 W samples per seconds, the
sampled signal may be reconstructed by passing the impulse train through an ideal low
pass filter whose cut off frequency is W Hz.

8.8 Discuss a typical comunication system using pulse amplitude modulation with

special reference to its bandwidth and signal twaise ratio requirement.

8.9  Explain the similarity betweed 0 (and0 O B
Discuss théY () ‘¥haracteristioof 0 6 (and their ompare it withd 'O &

8.10 Write short notes on:

i.  Advantages of pulse modulation.
i. 00: LOB

ii. 0O®

iv. "YU "CharacteristicO 0 0

v. Bandwidth requirement ob 0 &

8.11 Discuss clearly the prlnC|pIe of0 (& O transmission and receptm

8.12 Explain with diagrams, low 0 Owaveform. Show the spectrum of @ 0 0

waveform. Estimate the channel bandwidth requirement.

8.13 Write short notes on the following:

i. Detection ofd O Usignals.
ii.  Pulsetime modulation comparison of pulse modulation systems.
ii. "YO Mhprovementsimh 0 86 0 00 p w1
iv. Demodulation o 0 0 "Of BAWYOVOs w P o
v. Slicer

8.14. Explain with dlagrams how 'O Usignals are generated and the modulated signal is

recovered from & ‘O Owave. Show the spectrum waveform

8.15 Explain with suitable diagrams howa) (signal can be converted to 0 {signals.

Draw the waveforms of the various stagesd & & @i Y¢ Q0 Qp WRG ©

8.16 Explain with suitable circuit diagram the generatiomad (signal and explain how

thesesignals are demodulated. 'Y ¢ ¢ G0 Qlp i Earuw
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8.17 Carefully plot the spectrum of flabp sampled 0 & 0 which has a KHz sine
modulation signal, a sampling frequency of 8 KHz and a pulse width of'3) @5
to 6™ harmonies of

A

v/volt | i ; i SRES
aof ; _ ;

30k

20—

10

J T t/sec

1
1
B 1
T
T

Fig 8Q1

8.18 (a) Explain briefly each of the following
(i) Pulse Modulation

(ii) Pulse Amplitude Modulation

(iif) Pulse Width Modulation

(b) Explain briefly

(i) Pulse Code Modulation
(ii) Quantization

(iif) Coding

(iv) Companding

(c) (i) State Nyquist Sampling Theorem
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(i) The maximum frequency of baseband signahds The baseband signal is pulse code
modulaed with nbit per sample. What is the required minimum pulse code modulation
bandwidth.

(i) State the advantage and disadvantage of pulse code modulation.

(d) The signaio-quantizing noise ratio of a binary PCM system is required to be at least
8000.Determine the required minimum number of binary digit to represent the quantizing
level.

(e) Suppose the sinusoidal signal indig 0 A& &l YLIX SR G €xhwesS G I n
maximum amplitude of the signal32 V.

(i) Draw the PAM signal usinggle line

(i) Draw the PCM signal. Using three bits per sample. Prepare a table to show the possible
voltage range, quantization levels and corresponding PCM Codes. Determine the signal
to-quantizing noise ratio in dB.

8.19 (a)Brieflyexplait 5a® 2 K& A& Al dzaS Ay Raedhatil f 0O2Y
a1SiO0KSa oAt 0SS NBIdZANBR T2NJ SELX Iyl GAzZ2
(b) i. Explain with the aid of a diagrams, the concept ofggnphases and demphases.
ii. Explain with the aid of diagrams an@we form, the action of a sersonductor
diode as a simple detector.

8.20 (a) (i) Draw the block diagrams of a Delta Modulation System showing the
modulator and demodulator.
(i) Explain briefly Delta Modulation.
(i) With the aid of a diagram wfaveform explain Start Up, Hunting and Slope
overloads
(iv) Compare Delta Modulation with Pulse Code Modulation.
(b) A sinusoidal signal o¥/4lt amplitude and 200Hz frequency is transmitted by delta
modulation. Determine the minimum step size so that the overload distortion is avoided,
if the sampling rate is 50,000 samples/second.
(c) () Whatis PSK?
(i) Explain tB PSK modulation process.
(i) Draw the block diagram of a PSK system.
(University of Ibadan, TEL53Qommunication system Il 2010/2011 BSc degree Exam)

8.21 (a) Explain briefly
(i) Pulse Modulation
(i) Pulse Amplitude Modulation and
(iii) Pulse Width Modulation
(b) Explain briefly
(i) Pulse Code Modulation.
(i) Quantization
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(i) Coding

(iv) Companding
(c) (i) State Nyquist Sampling Theorem
(i) The maximum frequency of baseband signahis The baseband signal islpe code
modulated with nbit per sample. What is the required minimum pulse code modulation
bandwidth.
(i) State the advantage and disadvantage of pulse code modulation.
(d) The signaio-quantizing noise ratio of a binary PCM system is required to be at least
4000.

v/volt‘
20}

15

10

\ H aiiE t/sec

L

-15

Fig 8Q2
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Determinethe required minimum number of binary digits to represent the quantizing
level.

(e) Suppose the sinusoidal signal in Fig@aA & & YLIX SR |4 GAYS G4 ' n.
The maximum amplitude of the signal is\L6

(i) Draw the PAM signal.

(i) Draw the PCM signal. Using three bits per sample. Draw a table to show the possible
voltage ranges, quantization levels and correspogd®?CM Codes.

(iif) Determine the signab-quantization noise ratio in dB.

(University of Ibadan, TEL5IQommunication system I 2010/2011 BSc degree Exam)

8.22 (a) Explain briefly
(i) Pulse Modulation
(i) Pulse Amplitude Modulation and
(ii) Pulse Width Modulation
(b) Explain briefly
(i) Pulse Code Modulation.
(if) Quantization
(iii) Coding
(iv) Companding
(c) (i) State Nyquist Sampling Theorem
(i) The maximum frequency of baseband signahds The baseband signal is pulsele
modulated with nrbit per sample. What is the required minimum pulse code modulation
bandwidth.
(i) State the advantage and disadvantage of pulse code modulation.
(d) The signaio-quantizing noise ratio of a binary PCM system is requiocoe at least
4000. Determne the required minimum number of binary digits to represent the
guantizing level.
(e) Suppose the sinusoidal signal in Filueo A& &l YLX SR |4 GsAYS G T
The maximum amplitude of the signal isA6
(i) Draw the PAM signal.
(i) Draw the PCM signal. Using three bits per sample. Draw a table to show the possible
voltage ranges, quantization levels and corresponding PCM Codes.
(iii) Determine the signab-quantization noise ratian dB.
(University of Ibadan, TEL53Qommunication system |1 2011/2012 BSc degree Exam)

8.23 (@) (i) Draw the block diagrams of a Delta Modulation System showing the
modulator and demodulator.

(i) Explain briefly Delta Modulation.

(i) With the aid of a diagram of waveforms, explafgtart Up, Hunting and Slope
overload.

(iv) Compare Delta Modulation with Pulse Code Modulation.
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(b) A sinusoidal signal of 3 Volt amplitude and 128@equency is transmittelly delta
modulation. Determine the minimum step size so that the overload distortion is avoided,
if the sampling rate is 40,000 samples/second.
(c) () Whatis PSK?

(i) Explain the PSK modulation process.

(i) Draw the blockliagram of a PSK system.
(University of Ibadan, TEL53Qommunication system Il 2010/2011 BSc degree Exam)

1/ampere
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Fig 8Q3

8.24 (a) Explain briefly

(i) Pulse Modulation

(i) Pulse Amplitude Modulation and

(iii) Pulse Width Modulation
(b) Explain briefly

(i) Pulse Code Modulation.

(i) Quantization
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(iif) Coding
(iv) Companding

(c) (i) State Nyquist Sampling Theorem
(i) The maximum frequency of baseband signahis The baseband signal is pulse
code modulated with nbit per sample. What is the required minimum pulse code
modulation bandwidth.
(i) State the advantage and disadvantage of pulse code modulation.

(d) The signaio-quantizing noise ratio of a tary PCM system is required to be at least

4000
A I/ampere

40

30 A

. :

10 T

S i

-10f

-20

tet
~

-30

-40

Fig 8Q4

Determine the required minimum number of binary digits to represent the quantizing
level.
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(e) Suppose the sinusoidal signal in. Big4 is sampled attime t =0, 8012 XXX ®O®ddc nZ
s. The maximum amplitude of the signal is/A32
(i) Draw the PAM signal.
(i) Draw the PCM signal. Using three bits per sample. Draw a table to show the possible
voltage ranges, quantization levels and corresponding PCMsCode
(iif) Determine the signab-quantization noise ratio in dB.
(Note: The signal varies frog832 A through 0 to + 32)

(University of IbadanTEL51ZZommunication system Il 2010/2011 BSc degree Exam)
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Fig 8Q5

8.25 (a) () Draw the block diagrams of a Delta Modulation System showing the
modulator and demodulator.
(i) Explain briefly Delta Modulation.
(i) With the aid of a diagram of waveforms, explai@tart Up, Hunting and Slope
overload.
(iv) Compare Delta Modulation with Pulse Code Modulation.
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(b) A sinusoidal signal of 4 V amplitude and 288Grequency is transmitted by delta
modulation. Determine the minimum step size so that the overload distoi@voided,
if the sampling rate is 50,000 samples/second.
(c) () Whatis PSK?
(i) Explain the PSK modulation process.
(i) Draw the block diagram of a PSK system.

(c) (i) State Nyquist Sampling Theorem

(i) The maximumréquency of baseband signal isf The baseband signal is pulse
code modulated with nbit per sample. What is the required minimum pulse code
modulation bandwidth?
(i) State the advantages and disadvantages of pulse code modulation.
(d) Thesignatto-quantizing noise ratio of a binary PCM system is required to be at least
3000. Determinethe required minimum number of binary digits to represent the
guantizing level.
(e) Suppose the sinusoidal signal in 8@b5 is sampled attime t=0, 5,310 X X Xsdthed c n
maximum amplitude of the signal is 32
(i) Draw the PAM signal using single line
(ii) Draw the PCM signal. Using three bits per sample. Prepare a table to show the possible
voltage range, quantization levels and corresponding PCM<@xgermine the signdb-
guantizing noise ratio in dB. (Note: The signal varies #&#\V through 0V to +3¥/)
(University of Ibadan, TEL53Qommunication system Il 2010/2011 BSc degree Exam)

8.26 (a) () Draw the block diagrams of a Delta Modulation System showing the
modulator anddemodulator.

(i) Explain briefly Delta Modulation.

(i) Wth the aid of a diagram of waveforms, explaiStart Up, Hunting and Slope
overload.

(iv) Compare Delta Modulation with Pulse Code Modulation.
(b) A sinusoidal signal of 2 V amplitude and 188Grequency is transmitted by delta
modulaton. Determine the minimum step size so that the overload distortion is avoided,
if the sampling rate is 50,000 samples/second.
(c) () Whatis PSK?

(i) Explain the PSK modulation process.

(iif) Draw the block diagram afPSK system.
(University of Ibadan, TEL53Qommunication system 11 2010/2011 BSc degEeean)
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CHAPTER 9
MULTIPLEXING

9.0 Introduction

Multiplexing is the process of simultaneously transmitting two or more individual signals
over a singlecommunications channel. Multiplexing has the effect of increasing the
number of communication channels so that more information can be transmitted.

There are many instances in communications where it is necessary or desirable to
transmit more than one vo& or data signal. The application itself may require multiple
signals and money can be saved by using a single communications channel to send multiple
information signals. Telemetry and telephone applications are good examples. In satellite
communicationsgnultiplexing is essential to making the system practiced and for justifying
the expense.

Telemetry is a good illustrative example. Telemetry is the process of measurement
at a distance. Telemetry systems are used to monitor physical characteristic of some
applications for the purpose of determining their status and operational conditions. This
information may also be used as feedback in a cldeed control system. Most spacecraft
and many chemical plants, for example, use telemetry systems for monitthigig
operations. Physical characteristics such as temperature, pressure, speed, light level, flow
rate, and liquid level are monitored. Sensitive transducers convert these physical
characteristics into electrical signals. These electrical signals argtbeessed in various
ways and sent to a central monitoring location.

The most obvious way to send multiple signals from one place to another is to
provide a single communications channels for each. For example, each signal could be sent
over a single paof wires. If long distances are involved, the signals will be degraded, and,
therefore, special techniques must be used to prevent this. Using multiple wires is also an
expensive process. When a very large number of signals must be monitored, marof pairs
cables will be needed. This leads to extra cost and complexity. Ideally, it would be more
economical if all the telemetry signals could somehow be combined and sent over a single
cable.

In a spacecraft with multiple transducers, multiptansmitters would be required
to send the signals back to earth. Again, this leads to incredible cost and complexity. In the
case of a spacecraft, multiple transmitters would weigh much and consume an enormous
amount of power, making them impractical. Agathe ideal situation would be to use a
single transmitter and in some way combine all the various information signals and
transmit them simultaneously over the single radio channel.

The telephone system is another example of the need for some meansrease
the information-carrying capability of a single channel. There are hundreds of millions of
telephones in this country, and each must be capable of being connected to any other
telephone. This is what the telephone system is all about. If eachheleprequires a two
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wire path, imagine the enormous number of wires required to make all the various
interconnections. The problem is further compounded if you want to add in the ability to
connect each telephone to any other telephone in the world. Orhsutarge scale, cost is

a major factor. Everything must be done to minimize the number of interconnecting wires.
This leads to the use of some methods of combining multiple telephone conversations in
such a way that they can be transmitted over a singi& pf wires or a single radio
communication channels.

Signal communication channel (wire or radio)

Multiple
Input MUX | —— — — DEMUX Original
signals _ input
_ signal
Multipexer (MUX or MP2X) Demultiplexer (DEMUX)
combines all input processes input signal
into a single signal by sorting it into the

original individual signals

Figure 9.1Concept of multiplexing

The concept of a simple multiplexer is illustrated in. Big. Multiple input signals are
combined by the multiplexer into a single composite signal thatassmitted over the
communication medium. Alternatively, the multiplexed signal may modulate a carrier
before transmission. At the other end of the communication link, a demultiplexer is used
to sort out the signals into their original form.

There are twabasic types of multiplexing; frequency division multiplexing (FDM)
and time division multiplexing (TDM). Generally speaking, FDM systems are used to deal
with analog information. Of course, TDM techniques are found in many analog applications
as well becase the process of analdg-digital (A/D) and digitalo-analog (D/A) is so
common. The primary difference between these techniques is that in FDM, individual
signals to be transmitted are assigned a different frequency within a common bandwidth.
In TDM, he multiple signals are transmitted in different time slots. In the following
sections, we will discuss FDM and TDM in more detail.

9.1 Frequency Division Multiplexing

Frequency division multiplexing (FDM) is based on the idea that a number of signals
can share the bandwidth of a common communications channel. The multiple signals to
be transmitted over this channel are used to modulate a separate carrier. Each carrier is
on a different frequency. The modulated carriers are then added together to foingkes
complex signal that is transmitted over the single channel.
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9.1.1 FDMConcept

Fig 9.2 shows a general block diagram of an FDM system. Each signal to be
transmitted feeds a modulator circuit. The carrier for each modulatios on a different
frequency. The carrier frequencies are usually equally spaced from one another over a
specific frequency range.

Original data modulates
N : Antenna

carriers of different frequencies
Signal 1 ~— Modulation g
Carrier f,
single communication
. . channel
Signal 2~ Modulation s
—1 Linear mixer )
. or s Transmitter
Carrier f,
— __summer

Input 3 Modulation All carriers are combined intio a

single composite signal that
modulates a transmitter

L 4

Carrier f 4
|

Input m — — Modulation - —

/N
|

|
Carrier f,

Figure9.2 The Transmitting end of an FDM System

Bandwidth of overall communications channel Bandwidth of single channel

frequency

Figure9.3 Spectrum of an FDM Signal
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Each input signal is given a portion of th@ndwidths. The result is illustrated in
Fig 9.3. As for the type of modulation, any of the standard kinds can be used including AM,
SSB, FM or PM.

The modulator outputs containing the sideband information are added together in
a linear mixer. In dnear mixer, modulation and the generation of sidebands do not take
place. Instead, all the signals are simply added together algebraically. The resulting output
signal is a composite of all carriers containing their modulation. This signal is theroused t
modulate a radio transmitter. Alternatively, the composite signal itself may be transmitted
over the single communications channel. Another option is that the composite signal may
become one input to another multiplexer system.

9.2 DemultiplexingFDMSgnals

The receiving portion of the system is shown in Bid. A receiver picks up the
signal and demodulates it into the composite signal. This is sent to a group of bandpass
filters (BPF), each centered on one of the carrier frequencies. Each fiksepanly its
channel and rejects all others. A channel demodulator then recovers each original input
aAdylrted ¢2 0S &ALISOATAO o2dzi C5a aeaitSvax
telemetry, telephone, and FM stereo

9.2.1 FDMin Telemetry

Telemetryis one the most common uses for multiplexing techniques. In telemetry
systems, many different physical characteristics are monitored by sensors. These generate
electrical signals that change in some way to indicate the amplitude or measurement of
the physcal characteristics. An example of a sensor is a thermistor used to measure

temperature.
Bandpass filter select
out individual channel
Original signals
~—> BPF D Demodulator ——>1

—d fe b Demodulator ——>2

Single received is demodulated
into composite signal
Demodulator

~—>— Receiver —- —D-

—p- fea —p- Demodulator f———>3

Demodulators _T

recover original signals

BPF
- = fa | Demodulator |———bn

Figure 9.4 The Receiving end of an FDM System
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the resistance decrease. @tlihermistor is usually connected to a dc voltage divider or
bridge, and it is connected to a dc voltage source. The result is a dc output from this
network whose voltage varies in accordance with the temperature. That varying dc level
must then be transntied to a remote receiver for measurement, readout, and recording.

In this case, the thermistor signal becomes one channel of an FDM system.

Other sensors have different kinds of outputs. Many simply have varying dc
outputs, and others may be ac in naturBach of these signals is typically amplified,
filtered, and otherwise conditioned before being use d to modulate a carrier. All the
carriers are then added together to form a single multiplexed channel. In such systems,
FM is normally used.

The conditimed transducer outputs are used to modulate a subcarrier. The varying
direct or alternating current changes the frequency of an oscillator operating at the carrier
frequency. Such a circuit is generally referred to as a voltagérolled oscillator (VCQ@y
a subcarrier oscillator (SCO). The outputs of the SCOs are added together. A diagram of
such a system is shown n Fgb.

Sensors signal conditioning amplifier
\Q-—v veorll £

Final RF carrier

summing amplifier Antenna
O+ )—+{ voor—= B
R3
Q,_, SN RV olo: ML | Frequency
I $ modulator
' | RF amplifier
| . +
[
' | Op amp
[
[
[

Q«—b-{>——b VCO n—%—. -

Figure 9.5 An FDM Telemetry Transmitting System

The output of the signal conditioning circuits is fed to the VCOs. Of caurse,
produce FDM, each VCO operates at a different frequency.
VCOFig 9.6(a) shows a block diagram of a typical VCO circuit. The VCOs are available as
single IC chips. One version is called the 566. It consists of paladty current source
that linearly charges and discharges an external capacitor C. The current vaubyisas
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external resistoR:. TogethemRR and C set the operating or center carrier frequency which
can be any value up to about\MHz.

The current source may be varied by an external signal, either direct or alternating
current. This is the modulatinggmhal from a transducer or other source. The input signal
varies the charging and current and, therefore, varies the carrier frequency, producing FM.
The current source may be varied by an external signal, either direct or alternating current.
This is thenodulating signal from a transducer or other source. The input signal varies the
charging and current and, therefore, varies the carrier frequency, producing FM.

+V

566 VCO IC

r---1--" - - - - - - - -~ - - - - - - - - - === —l
Modulating signal from | |
transducer or signal —y—- SC[[)JL::(Cegt P-Schmitt trigger ,|> —>{ BPF Mer

conditioner |

| T Feedback Buffer amplifiers

I ~

1 T

T . -

L c (@)

SCh","“ - _E z - T 7 - Triangular
triggering I I
level - - - - - - -
|
|

output

Rectangular

Figure 9.6 (a) Typical IC VCO Circuit AND (b) Waveform

The current source output is a line@iangular wave that is buffered by an amplifier
for external use. This triangular waveform is also fed to an internal Schmitt trigger, which
generates a rectangular pulse at the operating frequency. This is fed to a buffer amplifier
for external use.

A Schmitt trigger output is also fed back to the current source, where it controls
whether the capacitor is charged or discharged. For example, the VCO may begin by
charging the capacitor. When the Schmitt trigger senses a specific level on the triangular
wave, it switches the current source. Discharging then occurswakieformin Fig9.6 (b)
show this action. It is the feedback that creates a freening, astable oscillator.

Most VCOs are astable multivibrators whose frequency is controlled by the input
from the signal conditioning circuits. The frequency of the VCO changes linearly in
proportion to the input voltage. Increasing the input voltage causes the VCO frequency to
increase. The rectangular or triangular output of the VCO is usually filtered sihe wave
by a bandpass filter centered on the unmodulated VCO center frequency. This may be
either a conventional LC filter or an active filter made with an op amp and RC input and
feedback networks. The resulting sinusoidal output is applied toitfeat mixer.

Linear Mixing:The linear mixing process in the FDM system can be accomplished with a
simple resistor network as shown in Fy7. However, such networks greatly attenuate
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the signal. Typically, some voltage amplification is required intipedsystems. A way to
achieve the mixing and amplification at the same time is to use aangp summer like

that shown in Fig9.5. Recall that the gain of the feedback resigiio the input resistor

value R, R, etc.). The output is given by the expression

Y Y Y g Y
-
-
Inputs d Output
—

Figure 9.7 Resistive summing network

In most cases, the VCO FM output levels are the same, and, therefore, all input
resistors on the summeamplifier are equal. However, if variations do exist, amplitude
corrections can be made by making the summer input resistors adjustable. The output of
the summer amplifier does invert the signal, but this has no effect upon the content.

Modulating SchemesThe composite output signal is then typically used to modulate a
radio transmitter. Again, most telemetry systems use FM. A system that uses FM of the
VCO subcarriers as well as FM of the final carrier is usually called an FM/FM system.
However, keep imind that other kinds of modulation schemes may be used.

Most FM/FM telemetry systems conform to standards established many years ago
by an organization known as the IntBange Instrument Group (IRIG). These standards
define specific channels as indicdtm table9.1. The center frequency of each channel is
given along with the related channel number. A frequency deviation of £7.5 percent is used
on most of the channels, and this is increased to +15 percent on the upper frequency
channels. Also given table 9.1is the upper frequency range that the modulating signal
can have on each channel. On channel 1, for example, witiH0€enter frequency, the
maximum signal frequency that can be usedlitz6Most of the lowest frequency channels
are used for dect current or very low frequency ac signals.
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Table9.1. The IRIG FM subcarrier brands and specifications.

Band Center Lower Limit Upper limit Maximum Frequency
Number Frequency (Hz) (Hz2) Deviation Response

(Hz) (%) (ops)
400 370 430 7.5 6.0
560 518 602 '’ 8.4
730 675 785 '’ 11
960 888 1,032 '’ 14
1,300 1,202 1,399 . 20
1,700 1,572 1,828 . 25
2,300 2,127 2,473 . 35
3,000 2,775 3,225 . 45
3,900 3,607 4,193 y 59
5,400 4,995 5,805 y 81
7,350 6,799 7,901 " 110
10,500 9,712 11,288 y 160
14,500 13,412 15,588 y 220
22,000 20,350 23,650 . 330
30,000 27,750 32,250 . 450
40,000 37,000 43.000 . 600
52,500 48,562 56,438 . 790
70,000 64,750 75,250 y 1,050
22,000 18,700 25,300 15 660
30,000 25,500 34,500 y 900
40,000 34,000 46,000 . 1,200
52,500 44,625 60,375 . 1,600
70,000 59,500 80,500 2,100
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Figure 9.8 An FM/FM telemetry receiver

This set of standards is known as the proportional bandwidth FM/FM system. Since
afixed percentage of frequency deviation is specified, this means that the bandwidth is
proportional to the carrier frequency. The higher the carrier frequency, the wider the
bandwidth over which the modulating signal can occur.

Constantbandwidth FM teleretry channels are also used. Carrier frequencies in
the same approximate range as those given in tahlk are used. However, a fixed
deviation of +2KHz is typically specified, thereby creating multiple channels witKldz
bandwidth. These are spacedrttughout the frequency spectrum with some guard space
between channels to minimize interference.

The receiving end of a telemetry system appears as shown.i8.BiA standard
super heterodyne receiver tuned to the RF carrier frequency is used to pitteusignal.

An FM demodulator then reproduces the original composite multiplexed signal. This
multiplexed signal is then fed to a demultiplexer that divides the signals and reproduces
the original inputs. The outputs of the first frequency demodulata f&d simultaneously

to multiple BPFs, each of which is tuned to the center frequency of one of the specified
channels. Each filter passes only its subcarrier and related sidebands and rejects all the
others. As you can see, the demultiplexing processssmtially that of using filters to sort

the composite multiplex signal back into its original components. The output of each filter
is the VCO frequency with its modulation.

These signals then, in turn, are applied to frequency demodulators. Also krewn a
discriminators, these circuits take the FM signal and recreate the original dc or ac signal
produced by the transducer. These original signals are then measured and otherwise
interpreted to provide the desired information from the remote transmitting smi In
most systems, the multiplexed signal is sent to a data recorder where it is stored for
possible future use. The original telemetry output signals may be graphically displayed on
a strip chart recorder or otherwise converted into usable outputs.
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The demodulator circuit used in typical FM demultiplexers is either of the PLL or
pulse averaging type. Of these two types, the PLL circuit is generally preferred because of
its superior noise performance. However, it is typically more complex and expéhaive
the simpler pulseaveraging type. A PLL discriminator is also used to demodulate the
receiver output.

9.3 FDMin Telephone Systems
Another example of a commonly used FDM system is the telephone system. For
years telephone companies have been usinDMF to send multiple telephone
conversations over a minimum number of cables. The concepts are the same as those
previously discussed. Here the original signal is voice in the68B00Hz range. The voice
is used to modulate a subcarrier. Each subcarrieonsa different frequency. These
subcarriers are then added together to form a single channel. This multiplexing process is
repeated at several levels so that an enormous number of telephone conversations can be
carried over a single communications chanmskuming its bandwidth is sufficient.
The frequency plan for a typical telephone multiplex system is shown .i®.Big
The symbols are explained in FIg0. Here the voice signal amplitude modulates 1 of 12
channels in the 6A.08kHz range. The carridérequencies begin at 6kHz with a spacing
of 4kHz, slightly higher than the highest frequency used in a typical voice communication.
| 4kHzK
| |
S e

| | | |
Channelno,, 12, 12 , 10, 9 '8 V' 7 e ' 5 1 4 1 3 1 2 1

[ [ [ [ [ [ | [ [ [
' 64kHz 72kHz | 80kHz 88kHz | 96kHz |
: | | | | |
| |

| | | |
60kHz 68kHz 76kHz 84kHz 92kHz 100kHz 108kHz
Figure 9.9 Basic Group Frequency Plan for FDM Telephone System

[
104kHz
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Singlesideband, suppressecarrier modulation is used in telephone multiplex
systems. The voice signal is applied to a balanced modulator along with a carrier. The
output of the balanced modulator consists of the upper and lower sideband frequencies.
The carrier is suppressed by the balanced modulator, and a highly selective filter is used to
pass either the upper or lower sideband. The upper sidebands are seleeted The
output of the filter is the sideband containing the original voice signal. All 12 SSB signals
are then summed in a linear mixer to produce a single frequency multiplexed signal. This
set of 12 modulated carriers is generally referred to as a luasigp.

If more than 12 voice channels are needed, multiple basic groups are used. The
outputs of these basic groups can then be further multiplexed onto hifreguency
subcarriers. In the telephone system, as many as fivehE2nel basic groups can be
combined. Carrier frequencies in the 3682 kHz range are used. These carriers are
spaced 48KHz apart. The frequency plan is shown i® BE@ The multiplexing process is
similar, but here the output of each basic group modulates the hidleguency arriers
which are again summed to create an even more complex soiglanel signal. Also SSB
is used, and the lower sidebands are selected. Each of the 5 channels in this group carries
12 channels for a total of 60 voice signals. This composite sigmeftised to as a super
group.

This process may again be taken another step further. Up to 10 super groups can
be used to modulate subcarriers in the-8840kHz range. This allows a total of 5 (12) (10)
= 600 voice channels to be carried. The output elsth 10 multiplexers is referred to as a
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master group. The process can continue with six master groups being further combined
into one jumbo group for a total of 3600 channels. These three jumbo groups can then be
multiplexed again into one final output tachieve a total of 10,800 voice channels. Just
keep in mind that as more and more levels of multiplexing are used, the bandwidth
required carrying all the signals increases. A bandwidth of many megahertz is required to
deal with the 10,800 channel compasisignal mentioned above.
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input >< BPF 17
f

Ch 12 . .
Linnear mixer
= 60kHz /
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Voice
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Carrier
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Figure 9.11An FDM Telephone Multiplexer using SSB

The receiving end of the system is shown in &if§3 Bandpass filters select out
the various channels, and balanced modulators are used-iojectthe carrier frequency
and produce the original voice input. The telephone FDM system described here is no
longer used in modern telephone systems. Instead, a digital multiplexing technique is
used.

9.4 FDMin StereoFM

Another weltknown example of FDM is broadcast stereo PM.FM broadcast
stations use frequency multiplexing to transmit two channels of audio to the FM receiver
inyourcarortoyour HCA aeadsSy G K2YSo® [SdiQa GF1S | f2
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Figure 9.12 Five basic groups are used to form a super group

In stereo, two microphones are used to generate two separate audio signals. The
two microphones pick up sound from a common source, such as a voice or band, but from
different directions. The separation of the two microphones provides sufficient difference
in the two audio signals to provide more realistic reproduction of the original sound. These
two independent signals must somehow be transmitted by a single transmitter. This is
done by frequency multiplexing techniques.
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Figure 9.13 Demultiplexing the telephone signals
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Fig 9.14is a general block diagram of a stereo FM multiplex modulator. The two
audio signals generally called the left L and right R signals designate the positions of the
microphones picking up the origihaound. These two signals are fed to a circuit where
they are combined to form sum L + R and differen¢&Lsignals. The L + R signal is a linear
algebraic combination of the left and right channels. The composite signal it produces is
the same as if aingle microphone were used to pick up the sound. It is the signal that a
monaural receiver will hear. See Fgls.

Microphone

Left (L) G

GRi ht (R)
L, e

Combining
circuit //

(L + R)

Balanced
L’ - R) modulation

M
transmitter

19 kHz Frequency
oscillator | =~ _ doubler

38 kH=z

19 kHz pilot

Frequency sceAa

Music modulator

source

oscillator

Figure 9.14 General block diagram of an FM stereo multiplex modulator, multiplexer
and transmitter.
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Frequency (in kHz) >

Figure 9.15Spectrum of FM stereo multiplex broadcast signal. This signal frequency
modulates the RF carrier.

The combining circuit inverts the right channel signal thereby subtracting it from
the left channel signal to prodecthe L¢ R signal. These two signals, L + R an& Lwill
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be transmitted independently and recombined later in the receiver to produce the
individual right and left hand channels.

The L¢ R signal is used to amplitugeodulate a 3&Hz carrier. This caer is fed
to a balanced modulator along with the¢lR signal. The balanced modulator suppresses
the carrier but generates upper and lower sidebands as shown.if.El Since the audio
response of an FM signal is in the 0.05 t&kilz range, the sid@nds are in the frequency
range of kHz £+ 1%Hz or in the range of 23 to &Bz. This DSB signal will be transmitted
along with the standard L + R audio signal. Also transmitted with the L + R;&sdignals
is a 1%KHz pilot carrier. This is geneeat by an oscillator whose output will also modulate
the main transmitter. Note that the 1%Hz oscillator drives a frequency doubler to
generate the 3&Hz carrier for the balanced modulator.

Some FM stations also broadcast another signal referred tth@sSubsidiary
Communications Authorization (SCA) signal. This is a separate subcarrier kéfz67
subcarrier with its music modulation will also modulate the FM transmitter. As in other
FDM systems, all the subcarriers are added with a linear mixer todasimgle signal. The
spectrum of that composite signal is shown in. Bid5 This signal is used to frequency
modulate the carrier of the broadcast transmitter. Again note that FDM simply provides a
portion of the frequency spectrum for such independsignals to be transmitted. In this
case there is sufficient spacing between adjacent FM stations so that the additional
information can be accommodated. Some FM stations now transmit computer data over
other subcarriers.

At the receiving end, the demoduian is accomplished with a circuit similar to that
illustrated in Fig9.16. The FM supeheterodyne receiver picks up the signal, amplifier it,
and translates it to an IF, usually 10MHz. It is then demodulated. The output of the
demodulator is the oginal multiplexed signal. The various additional circuits now sort out
the various signals and reproduce them in their original form.

. T ]
i Amplifier Speakers
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signal combiner| o i 1
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receiver
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1S 36 kHz B
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BPF demodulator D—A
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Figure 9.16Demultiplexing and recovering the FM stereo and SCA signals
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Theoriginal audio L + R signal is extracted by passing the multiplex signal through
a low pass filter. Only the 50 to 15,08{x original audio is passed. This is signal is fully
compatible with monaural FM receivers without stereo capability. In a stereemsyshe
L + R audio signal is fed to a linear matrix where it is mixed with ¢He &ignal to create
the two separate L and R channels. The multiplexed signal is also applied to a bandpass
filter that passes the 3BHz suppressed subcarrier with its videds. This is thedR signal
that modulates the 38kHz carrier. This signal is fed to a balanced modulator for
demodulation.

The 19kHz pilot carrier on the multiplexed signal is extracted by passing the
multiplexed signal through a narrow bandpasgefil This 1%Hz subcarrier is then fed to
an amplifier and frequency doubler circuit which produces &8 carrier signal. This is
fed to the balanced modulator, of course, is the R audio signal. This is fed to the linear
resistive matrix along witkthe L + R signal. If the SCA signal is used, a separate bandpass
filter centered on the 6 kHz subcarrier would extract the signal and feed it to a frequency
demodulator. The demodulator output would then be sent to an audio amplifier and
speaker.

At this point the L + R and theglR audio signals have been removed and fed to
linear matrix. The matrix simply performs an algebraic operation on the two signals. The
matrix both adds and subtracts these two signals. Adding the signals produces the left
handchannel.

(L+R)+ER)=2L

Subtracting the two signals produces the rigifaind channel.

(L+Rg(L¢R)=2R

The left and right hand audio signals are then sent to separate audio amplifiers and
ultimately to the speakers. Similar multiplex systems ased in AM stereo radio and TV
stereo.

Signal 1| Signal 2 Signal 3 Signal 4 Signal 1 | Signal 2 g
Time >
e One frame > Note: Equal
time slots for
each signal

Figure9.17 The basic TDM concept

9.5 Time Division Multiplexing
In FDM, multiple signals are transmitted over a single channel by sharing the
channel banewidth. This is done bylakating each signal a portion of the spectrum within
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that bandwidth. In TDM, each signal can occupy the entire bandwidth of the channel.
However, each signal is transmitted for only a brief period of time. In other words, the
multiple signals take turngansmitting over the single channel. This concept is illustrated
graphically in Fi@.17. Here, four signals are transmitted over a single channel. Each signal
is allowed to use the channel for a fixed period of time, one after another. Once all the
signds have been transmitted, the cycle repeats again and again.

Time division multiplexing may be used with both digital and analog signals. To
transmit multiple digital signals, the data to be transmitted is formatted into serial data
words. Forexample, the data may consist of sequential bytes. One byte of data may be
transmitted during the time interval assigned to a particular channel. For example, in Fig
9.17, each time slot might contain 1 byte from each channel. One channel transmits 8 bits
and then halts while the next channel transmits 8 bits. The third channel then transmits its
data word and so on. One transmission of each channel completes one cycle of operation
called a frame. The cycle repeats itself at a high rate of speed. In dlyistine data bytes
of the individual channels are simply interleaved. The resulting single channel signal is a
digital bit stream that must somehow be deciphered and reassembled at the receiving end.

9.5.1Pulse Amplitude Modulation

The transmission ofidital data by TDM is straightforward in that digital data is
incremental and can be broken up into words that can be easily assigned to different time
slots. What is not obvious is how TDM can be used to transmit continuous analog signals.
Yet, virtuallyany analog signals, be it voice, video, or telemetry measurements, can readily
be transmitted by TDM techniques. This is accomplished by sampling the analog signal
repeatedly at a high rate.

{FYLX Ay3 GKS LINRPOS&aa 27F af gigstak gflHmel (¢ |y
during this very short sampling interval, the amplitude of the analog signal is allowed to be
passed or stored. By taking multiple samples of the analog signal at a periodic rate, most
of the information contained in the analog signallvee passed. The resulting signal will
be a series of samples or pulses that vary in amplitude according to the variation of the
analog signal.

Modulation: Fig 9.18 shows an analog signal. The resulting output is a series of pulses
whose amplitudes arehe same as those of the analog signal during the sample period.
This process is known as puks@plitude modulation (PAM).

Analog signal

Sample pulses

e Narrow sampling | |
Sampling Pulse time
interval

Time

Figure 9.18 Sampling an analog signal to produce pulse amplitude modulation
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The basic circuit fogenerating PAM is illustrated in Fig.19. An astable clock
oscillator drives a onghot multivibrator which generates a narrow fixed width pulse. This
pulse is applied to a gate circuit that is essentially a switch that will open and close in
accordancewith the oneshot signal. When the one shot is off, the gate is closed and the
analog signal applied to it will not pass. When the clock triggers the one shot once per
cycle, the gates opens for a short period of time allowing the analog signal to pasglthr
The gate circuit may be constructed with diodes or can be arrangement of bipolar er field

effect transistors.
W m
| > Out

Astable One shot
clock

n —————7 Gate

JL

Figure 9.19 A Pulse Amplitude Modulator

DEMODULATION:0 recover the original information, the transmitted pulses are simply
passed through a loyass filter. The upper cutoff frequency of the lpass filter is
selected to pass the highebtequency components contained within the analog signal. All
higherfrequencies are eliminated. Since the pulses themselves represent a composite of
many high frequency harmonics, these are effectively filtered out. The pulses, therefore,
are smoothed into a continuous analog signal that is virtually identical in infoomati
content to the original transmitted signal. The process is similar to that used in a simple
AM diode detector.

SAMPLING RATIR:order for the recovered signal to be an accurate representation of the
original, the sampling rate must be high enough twsere that rapid fluctuations are
sampled a sufficient number of times. It has been determined that the sampling rate must
be at least two times the highest frequency component of the original signal in order for
the signal to be adequately represented.igelationship between the original analog
signal and the sampling theorem, if the upper bandwidth value of the analog signal is
known, the minimum sampling rate can be found by simply multiplying it by 2.

If the sampled signal is a simple sine waventtitee minimum sampling frequency
can be twice the sine wave frequency. A2z sine wave would have to be sampled a
minimum or 2 x XHz, or 4kHz. A more complex signal containing harmonics up to 650
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kHz would have to be sampled at a 2 x €512 = 130BHz, or 1.3VIHz rate or higher. The
higher the sampling rate, the better the representation, most systems sample at a rate
higher than the minimum 2 times to ensure good fidelity.

In telephone communications, the upper frequency value of the voice congsent i
assumed to be &Hz. This dictates a 2 xkBiz or 6kHz, sampling rate. In practice, the
sampling rate for audio in telephone systems is 8kHz. The higher sampling rate provides
more faithful reproduction of the audio signals. Although in many applicatoeampling
rate of twice the highest frequency content is satisfactory, usually the sampling rate is
made much higher. The actual value depends upon the application, but typically the
sampling rate is 4 to 5 times the highest frequency component in titedog signal. A
sampling rate of 10 times the maximum analog bandwidth is ideal. This provides excellent
representation of the signal.

9.6 Time Multiplexer

Now, by combining the concepts of TDM and PAM, you can see how multiple
analog signals can be tramitted over a single channel. This is accomplished by a circuit
called a multiplexer (usually abbreviated MUX or MPX). The multiplexer is simply a single
pole multiple positions mechanical or electronic switch that sequentially samples the
multiple analognputs at a high rate of speed. The simple rotary switch shown if® 2Q
is an example.

Multiplexed
output
AM
b4 «
Analog |
inputs
Q? Contacts

Figure 9.20 Simple Rotary Switch Multiplexer

The switch arm dwells momentarily on each contact allowing the input sigta to
passed through to the output. It then switches quickly to the next channel and allows that
channel to pass for a fixed duration. The remaining channels are sampled in the same way.
After each signal has been sampled, the cycle repeats. The result isuhanalog signals
will be sampled, creating PAM signals that are interleaved with one another9.Big
illustrates how four different analog signals are sampled by this technique. Be sure that
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you study the figure so that you can recognize each effturs signals in the composite
waveform.

Four
analog
inputs

PAM
outputs

L,

One | Time ———>
frame !
>

Figure 9.21 Four Channel PAM Time Division Multiplexer

Multiplexers used in early TDM/PAM systems used a form of rotary switch known
as acommutator. Multiple switch segments were attached to the various incoming signals,
and a high speed brush rotated by a dc motor rapidly sampled the signal as it passed over
the contacts. Such commutators were used in early telemetry systems but haveasaw b
totally replaced by electronics circuits.

In practice, the duration of the sample pulses is shorter than the time which is
allocated to each channel. For example, assume it takes the commutator or multiplexer
switch 1ms to move from one contact to aher. The contacts could be set up so that
each sample to 1ms long. Typically, the duration of that sample is usually made about half
that period, or in this example, 0.Bs. One complete revolution for the commutator
switch is referred to as a frame. Ither words, during one frame, each input channel is
sample one time. The number of contacts on the multiplexer switch or commutator sets
the number of samples per frame. The number of frames completed in 1s is called the
frame rate. If you multiply the nubers of samples per frame by the frame rate, you will
get the commutation rate or multiple rates. This is the frequency of the pulses in the final
multiplexed signal.

In our example in Fi@®.21, the number of samples per frame is four. Assume that
the frame rates are 100 frames per second. The period for one frame, therefore is 1/100 =
0.01 = 10ms. During that 10ns frame period, each of the four channels will be sampled
once. Assuming equal sample durations, each channels would be allowed 10/4ns.2.5
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As indicated earlier, the full 2ras period would not be used. Instead, the sample duration
during that interval might only be 1ms long. Since there are four samples taken per frame,
the commutation rate would be 4(100) or 400 pulses per second. Thivbeuthe basic
frequency of the composite signal to be transmitted over the communications channel. In
practice TDM/PAM systems, electronic circuits are used instead of mechanical switches or
commutators. The multiplexer itself is usually implemented VTS, which are nearly
ideal off/on switches that can turn off and on at very high speeds. A complete TDM/PAM
circuit is illustrated in Fi@.22 Only four channels are used so as to simplify the discussion.
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Figure 9.23A PAV Multiplexer

The multiplexer is an epmp summer circuit with FETs on each input resistor.
When the FET is conducting it has a very low resistance and, therefore, acts as a closed
switch. When the transistor is cut off, no current flows througénd, therefore, it acts an
open switch. A digital pulse applied to the gate of the FET turns the transistor on. The
absence of a pulse means that the transistor is cut off. The control pulses to the FET
switches are such that only one FET is turned ontahe. These FETs are turned on in
sequence by the digital circuit illustrated.

All the FET switches are connected in series with resid®prio Ry that in
combinations with the feedback resist& on the opamp circuit determine the gain. For
our discussion here, we will assume that the input and feedback resistors are all equal in
value, meaning that the eamp circuit has a gain of 1. Since thisaospp summing circuit
inverts the polarity of theanalog signals, it is followed by another-amp inverter that
gain inverts and restores the proper polarity. The digital control pulses are developed by
the counter and decoder circuit shown in F&g23. Since there are four channels, four
counter statesare needed. Such a counter can be implemented with twefltips which
can represent four discrete states. These are 00, 01, 10 and 11. These are the binary
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equivalents of the decimal numbers 0, 1, 2, and 3. We can therefore, label our four
channels aslannels 0, 1, 2, and 3.

A clock oscillator circuit triggers the two fiilop counters. The clock and fiffpw
waveformare illustrated in Fig0.23 The flipflop outputs are applied to the decoder gates.
These are AND gates that are connected to recgthe four binary combinations 00, 01,

10, and 11. The output of each decoder gate is applied to one of the multiplexer FET gates.
The oneshort multivibrator shown in Fi@.23is used to trigger all the decoder AND gates

at the clock frequency. This esshot multivibrator produces an output pulse whose
duration has been set to the desired sampling interval. Recall in our earlier discussion the
sampling interval was 2.&s and the actual sample length was set at 1ms. Here the one
shot would have a 1ms fge duration.
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Figure 9.24 Waveforms for a PAM Multiplexer

Each time the clock pulse occurs, the one shot generates its pulse which is applied
simultaneously to all four AND decoder gates. At any given time, only one of the gates is
enabled. The outpuof the enabled gate will be a pulse whose duration is the same as that
of the one shot. When the pulse occurs, it turns on the associated MOSFET and allows the
analog signal to be sampled and passed through the op amps to the output. The output of
the final op amp is the multiplexed PAM signal like that in S@L

9.7 UsingPAMto Modulate a Carrier

The varying amplitude PAM signal is not transmitted as it is over the single channel.
Instead, these varying amplitude pulses are used to modulate aecdrat is then
transmitted over the communications medium. In most systems, the PAM signal is used to
frequencymodulate either an RF carrier for radio transmission or a sub carrier which, in
turn, modulates a final RF carrier. Two such arrangementstase/n in Fig9.24. In the
first arrangement, the PAM signals phase modulates a carrier. This system is, therefore,
referred to as PAM/PM systems. In the second arrangements, the PAM signals phase
modulates a subcarrier. These subcarriers are then lineaked and used to phase
modulate the RF carrier, which is the final transmitted signal. This system is referred to as
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PAM/PM/PM. The second system uses a combination of TDM and FDM schemes to create
the final composite signal.
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Figure 9.24 combining analog (frequency) and digital (PAM) multiplexing (a)
PAM/PM, and (b) PAM/PM/PM
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Once the composite signal is received, it must be demodulated and demultiplexed.
In a PAM/PM/PM system, the signal is picked up by the receivethwhiitnately sends
the signal to a phase demodulator which recovers the original PAM data. In a PAM/PM/PM
system, two levels of phase demodulation are required before the PAM signal is available.
Once the composite PAM signal is obtained, it is applie@ temultiplexer (usually
abbreviated DEMUX). The DEMUX is, of course, the reverse of a multiplexer. It has a single
input and multiple outputs, one for each original input signal. Following with ourfour
channel example, a DEMUX for this system would asigle input and four outputs.
Again, most DEMUXes use FETs driven by a pulse counter arrangement like that shown
earlier in Fig9.22
Demultiplexing The main problem encountered in demuyltexing issynchronization
That is, in order for the PAM signe be accurately demultiplexed into the original
sampled signals, some method must be used to ensure that the clock frequeadyon
the DEMUX is identical to that usatthe transmitting multiplexer. Further, even though
the clock frequencies may bdeantical, the sequence of the DEMUX must be identical to
that of the multiplexer so that when channél is being sampled at the transmitter,
channell will be turned on in the receiver DEMUXla same time. Such synchronization
is usually carried ouby a special synchronizing pulseluted as a pan of each frame.
[ Si@ke>a look at some of the circuits used for clock frequency and frame
synchronization.
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Instead of using a freeunning clock osddtor set to the identical frequency otie
transmiter system clock, the clock for the DEMUX is derived from the received PAM signal
itself. The circuits shown in Ei§.25are typical ofthose used to generate the DEMUX
clockpulses. They are calledockrecoverycircuitén Fig 9.25a), the PAM signas ifirst
applied to an amplifiedimiter circuit. This amplifies all the received pulses to a high level
and then clips them off at a fixed level. Thesu# is that the output of the limiter is a
constantamplitude rectangular wave whoseutput frequency $ equal to the
commutation rate. This is the frequency at which the P@WN&es occur. This, of course, is
determined bythe transmitting multiplexer clock.

_Amplifiel" Phase-locked loop
Clipper/limiter it

| Phase detector I
PAM input o> s BPE } 4»@ LPFE |
! I

Error voltage }

Clock to PAM demultiplexer

@

Amplifier limiter Aplifier
900 ’—‘
: .. - . One
PAM input BPF > Ph Clock to
- S,.ﬁfie shot demultiplexer
(b)

Figure 9.25Two PAM Clock Recovery Circuits (a) Closed loop(aBp®pen loop

The rectangular pulses at the output of theaiter are applied to a bandpass filter.
This bandpass filter eliminates all the upper inanics, creating a sine wave signal at the
tranamitting clock frequency. This signal is, appliedhe phase detector circuit in a PLL
alongwith the input from a VCO. The VCO is sabperate at the frequency of the PAM
pulses However, the VCO frequency is controllechlyc error voltage applied to its
input. This inputis derived from thephase detector output which is filtered by lepass
fillerinto a dcvoltage.

The phase detector compares the phasetled incoming PAM sine wave to the
VCO sine wave. If a phase error exists, the phase theted produce an outptivoltage
that is trangated into direct current to vary the VC@equency. The system is
stabilized or lockeavhen the VCO output frequency is identicaltkat of the sine wave
frequency derived from the PAM input. When the PLL is lockerl{wo sine waves are
shifted in phase by 90f.the PAM signals frequency changes smmereason, the
phase detector picks up theariation and generates an error signal thatuised to
change the frequency of the VCO to match. Because of the closgdfeature ofthe
system, the VCO will automatically traftiequency changes in the PAM signal. This
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means that the clock frequency used in theMREX will always perfectly match that the
original PAM signal regardless of anyquency changes that occiiihe output signal of
the VCO is applied ta oneshot pulse generator mat creates rectangular pulses at the
proper frequency. These amgsed to step the counter in the DEMUX fromiich are
derived the gating pulses for the FIBEMUX switches.

A simpler operoop clock pulse circuit ishown in Fig9.25b). Again, the PAM
signalis applied to an amplifielimiter and then abandpass filter, just as it was in the
previouscircuit. The sine wave output of the bandpass filter is then amplified and applied
to a phase shift circuit which produces 90° phase sdtifthe frequency of operation.
This phaseshifted sine wave is then applied to a putgenerator which, in turn, creas
the, clock pulses for the DEMUX. Although this cineoitks satisfactorily, the phasghift
circuit isfixed to create a 90shift at only one frequencynd, therefore, minor shifts in
input frequency will produce clock pulses whose timing is notgo#ly accurate. In most
systems where frguency variations are not great, the circuiteyptes reliablywith clock
pulses of the proper frequency, some means is now needed to synchronize the multiplexer
channels. This is usually done witls@ecial synchronizing pulse that is applied to one of
the input channels at the transmitter.

In our example of a fouchannel system, onlyhree actual signals would be
transmitted. Thefourth channel would be used to transmit a @ pulse whose
characeristics would beunique in some way so that it could be eas#gognized. The
amplitude of the pulse may dagher than the highesamplitude data pulse, or the width
of the pulse may be wider thathose pulses derived by sampling the input signalsci@pe
circuits can men be used to detettie synchronizing(sync) puls€ig 9.26 shows an
example of a synpulse that is higher in amplitude than the miasum pulse value of any
data signal. The syngulse is also the last to occur in the frame. tAe receiver, a
comparator circuit is used to tlect the sync pulse. One input to the comptoais set to
a dc reference voltage equal to slightly higher than the maximum amplipedsible for
the data pulses.

— Maximum
___________________ pulse amplitude
for any channel

PAM signal PAM

l signal
Sync output
DC
Channel number —p1f | 2 3 1 reference

|
K——— One frame ———}
Figure 9.26Frame Sync Pulse ar@omparator Detector

Comparator
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When a pulse amurs that is greater than this amplitude, trmmparator will
generate an output pulse. Thanly time this occurs is when the sync pulse occurs. The
output of the comparator will be apulse. This pulse can then be used for
synchronization purposeénother method of providing sync is not to transmit a pulse
during one channeterval. This leavea blank space in eadrame. This blank space can
then be detected and used for synchronizing purposes. Sucincait for doing this is
illustrated in Fig9.27. Here the PAM multiplex signal is appliedaio amplifierlimiter as it
was in the clock circuits. The output is a series of pulses occurring at the pulse repetition rate
of the PAMsignal. However, since no pulse is transedtduring the sync interval, a blank
spaceoccurs. The resulting signalirsverted, sothe blank space actually appears as a
wider pulse, as shown in Fig27.
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comparator
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Sync and inverted PAM
output

Figure 9.27A PAM Sync Detector Circuit
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This signal is then added to a series of narrow clock pulses. These pulses are
delayed for onehalf the clock period before they are linearly added to the clipped PAM
signal. This delay is accomplished with a-shet multivibrator whose pulse at the same
frequency but at a predetermined width. These are then added in a linear resistive circuit
to form the composite shown. The output of the linear mixer is applied to a comparator.
The comparator threshold is set so that only the clock pulse added to the blank portion of
the original signal is passed. Again, this synchronizing signal is used by the. DEMUX

As indicated, the sync pulse is usually the last one transmitted within a given frame.
This sync pulse, when detected at thecegver, is used as a reset pulse for the counter.'
in the DEMUX circuit. At the end of ealthme, the counter is reset to zer meaning
that channel 0 is selected. Now when the nBX&M pulse occurs, the DEMUX will be set':
to the proper channel. Clock pulses then stee counter in the proper sequence for
demultiplexingFinally, at the output of the DEMUX, segi@ low piss filters are applied to
each channel to recover the original analog signals. &8 shows the complete PAM
DEMUX.
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Figure 9.28 Complete PAM Multiplexer

PulseCode Modulation

The most popular form of pulsmodulation used in TDM systems is putsmle
modulation (PCM). Pulssode modulation is a form of digital modulation in which the
code refers to a binary word that represents digital data. Multiple channels of serial digital
data are transmitted with TDMyballowing each channel a time slot in which to transmit
one binary word of data. The various channel data are interleaved and transmitted
sequentially. Instead of transmitting a single pulse whose amplitude is the same as that of
the analog signal being@mpled, in PCM a binary number representing the amplitude of
the analog waveform at the sampling point is transmitted. As this statement implies,
analog signals may be transmitted by PCM. The analog signal is sampled as in PCM and is
then converted into dijital format by an analotp-digital (ADC). The ADC converts the
analog signal into a series of binary numbers where each number is proportional to the
amplitude of the analog signal at the various sampling points. These binary words are
converted from paallel to serial format and are then transmitted.

At the receiving end, the various channels are demultiplexed and the original
sequential binary numbers are recovered. These are usually stored in a digital memory and
then transferred to a digitalo-analay converter (DAC) which reconstructs the analog
signal. Of course, the original data may be strictly digital in format, in which case no D/A
conversion are required.

Pulsecode modulation systems allow the transmission of any form of digital data
regardless of what it represents. Puls®de modulation is used in telephone systems to
transmit analog voice conversations, binary data for use in digital computers, and even
video data. Most long distance space probes such as the Mariner and Voyager khave on
board video cameras whose output signals are digitized and transmitted back to earth in
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binary format. Such PCM video systems make possible the transmission of pictures over
incredible distances.

Multiplexing: Fig 9.29shows a general block diagram of the nrafomponents in a PCM
system. We will assume that analog voice signals are the initial inputs. These are applied
to ADCs as shown. The output of each ADC istainp@rallel binary word. Since the digital

data must be transmitted serially, the ADC outifed to a shift register that produces a
serial data output from the parallel input. The clock oscillator circuit driving the shift
register operates at the desired frequency.

Voice ADC //

Shift power
registral amplifier

_—
N o AM or FM
4T . Digital PCM modulator ‘
Clock Similar MUX \ ‘

RF

input
channels| —>
— PCM/AM or

PCM/FM
Carrier

Decoder oscillator

Clock Counter

Figure 9.29A PCM System

The multiplexing idlone with a simple ditgal multiplexer. Since all the
signals to be trammitted are binary in nature, a multiplexeonstructed of standard AND
or NAND gatesan be used. A binary counter drives a decathet selects the desired
input channelThe multipleer output is a serial data wakgrm of the interleaved binary
words. This iary signal is used to modulate a carrier. EitA& or FM may be used in
typical systemsThis creates either PCM/AM or PCM/FM. Blput of the modulator is
then fed to a tranmitter for radio communications or can otherwise be transmitted by
wire or fiber optic cable. Additional levels of modulation may also be used.
Demultiplexing At the receiving end of the communicatiohsk, the RF signal is picked
up by a receiveand then demodulated. Refer to Fi 30. Theoriginal serial PCM binary
waveform is recovered. This is fed to a shaping circuit, such as a Schmitt trigger, to clean
up and rejuvenate the binary pulses. Thaganal signal is then demultiplexed. This is
done with a digal DEMUX using AND or NAND gates. @ihary counter and decoder
driving the DMUX are kept in step with the receiver throughcombination of clock
recovery and synpulse detector circuits siitar to those used in PAM systems. The
demultiplexed serial oydut signals are fed to a shift register for amrsion to parallel
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data and are then sent to a DAC followed by a-jmags filter. The result is a very
accurate reproduction of the originabice signal.
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eeeeeeee
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Figure 9.30 A PCM ReceiveDemultiplexer

9.8 Sample/Hold Circuit

Quantizings the name given to the processtofnslating amplitude samples of
an analogwaveform into a binary code word. Quantizirgreally the same thing as
A/D conversion.You will also hear the term digitizing used to designate the same
process. The first step in the quantizing procesarisially identical to that in PAM. The
analog ggnal is sampled at periodic intervals. Thidesie us described previously; with
a gate.Another method of sampling is to use a sample and hold (S/H) amphies/H
amplifier,also called a track/store circuit, accepts thralog input signal and passes it
through, unchanged, during its sampling mode. In the hoidde, the amplifier
remembers a particulavoltage level at the instant of sampling. Tbhetput of the S/H
amplifieris a fixed dc levethose amplitude is the value at the samplinge.

Fig 9.31shows a simplified drawing @h S/H amplifier. A higbain dc differential
op-amp is the basic element. The amplifier is sented as a follower with 100 percent
feedback. Ay signal applied to the nemverting@) input will be passed through
unaffected.The amplifier has unity gain and no inversiArstorage capacitor is connected
across thevery high input impedance of the amplifier. The input signal is applied to the
storage capacitor and the amplifier input through a MOSFET gate. A depletion mode
MOSFET is normally usé&tiis MOSFET acts as an onf&fitch, when the gate is at OV
the transistortin us on, acting as a very low resistaraoed connectinghe input signal
to the amplifier.The charge on the capacitor follows the ingignal. This is the sample or
track mode for the amplifier. The output is simply equal to thpuin When the gale
voltage is made positive with a pulse, the MOSFET cuténdtfijs mode, it acts as an
open switch.

286



During the sample mode, the charge on thapacitor and the oamp output simply
follows the input signal. When the S/H contsaginal goes high, the transistor is rut off.
The charge on the capacitor remains. Tkey highinput impedance of the amplifier allows
the cgpacitor to retain the charge for a relatively long period of lime. The output of the
S/H amplifierthen is the dc voltage value of the input sigradlthe instant the S/H
control pulse switchedrom low (sample) to high (hold). It is this vafe that is applied
to the ADC for conversiomto a proportional binary number.The primary benefit of an
S/H amplifier ighat it stores the analog voltage during the saling interval. In some high
frequency sigals,the analog voltage may actually change during sampling interval,
either increasing or daeasing. This is an undesirable condition sihedll confuse the
A/D converter and introduceome error. The S/H amplifier, however, stothe voltage

on the capacitor, which remainsonstant during the sampling interval and thus ensures
more accurate quantizing.
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MOSFET ) S/H

> I
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<«—— Storage
capacitor

I

I

I
SH N E—— Hold S/H control

control Sample/track

Figure 9.31Am S/H Amplifier

9.8.1 A/D Conversion

In the quantizing process, we are effectivelyiding the total analog signal
amplitude rangeinto a number of equal amplitude increment&ach one of these
increments will be representelly a specific binary code. For example, asstma¢ the
total analog amplitude voltage range @sto 15V. Wecould represent each voltage
increment by a 4it binary number where OWas represented by 0000 and 15was
represented byl1111. During the samplingf the andog wave, the amplitudes of the
samples carassume any one of a number of infinite vallegtween 0 and 15/. In the
guantizing procesgach of those values will be converted into an even or integer value.
For example, one of thanalog samples may be Q2 This is closest the integer 9 and,
therefore, the 9.2V value wilbe represented by the value 9 in binary form, or 1001. An
analog value of 12.Y might be repesented as the integer 13, or 1101. As you saa,
the quantizing process introduces somecgr This is callequantization The result igshat
the analog signasisomewhat distorted by the process. The quantized analog signal is only
an approximation of the real thing.
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Although 15 levels provide only crude qutiaation, improved representations of
the analog signal can be used by providing nguantizing, increnents. The greater the
number of individual voltage increments or levels provided in the quantizer, the more
closely the analog signal can be approximated. It has been determined that the range of
voice amplitude levels in the telephone system is approxatyal 000 to 1. In other words,
the largest amplitude voice peak is approximately 1000 times the smallest voice signal.
This voltage ratio of 1000:1 represents adi®range. If a quantizer with 1000 increments
were used, very high quality analog signgresentation would be achieved. For example,
an ADC with a 20it word can represent 1024 individual levels. AGiOADC would provide
excellent signal representation. If the maximum peak audio voltage were 1V, then the
smallest voltage increment would lmme-thousandth of this or InV.

In practice, it has been found that it is not necessary to use this many quantizing
levels for voice. In most practical PCM systems, a hdrADC is used for quantizing. One
popular format is to use an 8bit code wherdits represent 128 amplitude levels and the
eighth bit designates polarity (0O = +, 1-)= Overall, this provides 256 levels, one half
positive, and the other half negative.

Companding

As indicated earlier, the analog voltage range of a typmakte signal is
approximately 1000 to 1. It turns out, however, that lowevel signals predominate. Most
of the conversations take place at a normal low level. Therefore, the upper end of the
guantizing scale is not often used. It may be reached duringhemtary peaks of loud
talking, shouting, or emotional outbursts, but for most general conversations, the lower
level signals will be more typical. Since most of the signals are low level, the quantizing
error will be larger. In other words, the smalleatiement of quantization becomes a
larger percentage of the lowdevel signal. It is a smaller percentage of the peak amplitude
value, of course, but that is irrelevant when the signals are much lower in amplitude. The
increased quantizing error can prockigarbled or distorted sound.

In addition to increased quantizing error, low level signals are also more susceptible
to noise. Noise represents random spikes or voltage impulses added to the signal. The
result is static that interferes with the low levsignals and makes intelligibility difficult.
The most common means of overcomitige problems of quantizing error and noise is
to use aprocess of signal compression andarsion known asompanding At the
transmitting end, the voice signal to be trangted is compressed. That is, its dynamic
range is dereased. The lowelevel signals are emphasized, and the higlesel signals
are de-emphasized. This compression can tagltace prior to quantizing. But in some
systemscompanding is accomplished diglity in the analogo-digital convener (ADC)
by havingunequal quantizing steps, small ones at lmwvels and larger ones at higher
levels.

At the receiving end, the recovered signaled to an expander circuit that does
the oppasite, deemphasizing the lowelevel signals an@mphasizing the highdevel
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