
 “Communication Systems Design”.  

 

 In Section 1 of this course you will cover these topics: 

      Introduction  

      Frequency Domain Analysis 

 

 

Topic : Introduction 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Define the term Communication System 

 Learn about the Development of Communication System 

 Learn about the Radio Communication System 

 Learn about the Frequency Multiplication 

 Learn about the Serial and Parallel Communication 

 Learn about the Synchronous and Asynchronous Transmission  

  

  

Definition/Overview: 

Communication System: In telecommunication, a communications system is a collection of 

individual communications networks, transmission systems, relay stations, tributary stations, and 

data terminal equipment (DTE) usually capable of interconnection and interoperation to form an 

integrated whole. The components of a communications system serve a common purpose, are 

technically compatible, use common procedures, respond to controls, and operate in unison. 

Telecommunications is a method of communication (e.g., for sports broadcasting, mass media, 
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journalism, etc.). A communications subsystem is a functional unit or operational assembly that 

is smaller than the larger assembly under consideration. Examples of communications 

subsystems in the Defense Communications System (DCS) are (a) a satellite link with one Earth 

terminal in CONUS and one in Europe, (b) the interconnect facilities at each Earth terminal of 

the satellite link, and (c) an optical fiber cable with its driver and receiver in either of the 

interconnect facilities. Communication subsystem (b) basically consists of a receiver, frequency 

translator and a transmitter. It also contains transponders and other transponders in it and 

communication satellite communication system receives signals from the antenna subsystem. 

  

 Key Points: 

1.   Development of Communication System 

The subject of communication has concerned scholars since the time of ancient Greece. Until 

modern times, however, the topic was usually subsumed under other disciplines and taken for 

granted as a natural process inherent to each. In 1928 the English literary critic and author I.A. 

Richards offered one of the firstand in some ways still the bestdefinitions of communication as a 

discrete aspect of human enterprise: Communication takes place when one mind so acts upon its 

environment that another mind is influenced, and in that other mind an experience occurs which 

is like the experience in the first mind, and is caused in part by that experience. 

  

Richards's definition is both general and rough, but its application to nearly all kinds of 

communicationincluding those between humans and animals (but excluding machines)separated 

the contents of messages from the processes in human affairs by which these messages are 

transmitted. More recently, questions have been raised concerning the adequacy of any single 

definition of the term communication as it is currently employed. The American psychiatrist and 

scholar Jurgen Ruesch identified 40 varieties of disciplinary approaches to the subject, including 

architectural, anthropological, psychological, political, and many other interpretations of the 

apparently simple interaction described by Richards. In total, if such informal communications as 
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sexual attraction and play behaviour are included, there exist at least 50 modes of interpersonal 

communication that draw upon dozens of discrete intellectual disciplines and analytic 

approaches. Communication may therefore be analyzed in at least 50 different ways. 

  

Interest in communication has been stimulated by advances in science and technology, which, by 

their nature, have called attention to humans as communicating creatures. Among the first and 

most dramatic examples of the inventions resulting from technological ingenuity were the 

telegraph and telephone, followed by others like wireless radio and telephoto devices. The 

development of popular newspapers and periodicals, broadcasting, motion pictures, and 

television led to institutional and cultural innovations that permitted efficient and rapid 

communication between a few individuals and large populations; these media have been 

responsible for the rise and social power of the new phenomenon of mass communication.  

  

Since roughly 1920 the growth and apparent influence of communications technology have 

attracted the attention of many specialists who have attempted to isolate communication as a 

specific facet of their particular interest. Psychologists, in their studies of behaviour and mind, 

have evolved concepts of communication useful to their investigations as well as to certain forms 

of therapy. Social scientists have identified various forms of communication by which myths, 

styles of living, mores, and traditions are passed either from generation to generation or from one 

segment of society to another. Political scientists and economists have recognized that 

communication of many types lies at the heart of the regularities in the social order. Under the 

impetus of new technologyparticularly high-speed computersmathematicians and engineers have 

tried to quantify and measure components of communicated information and to develop methods 

for translating various types of messages into quantities or amounts amenable to both their 

procedures and instruments. Numerous and differently phrased questions have been posed by 

artists, architects, artisans, writers, and others concerning the overall influences of various types 

of communication. Many researchers, working within the relevant concerns of their disciplines, 

have also sought possible theories or laws of cause and effect to explain the ways in which 
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human dispositions are affected by certain kinds of communication under certain circumstances, 

and the reasons for the change. 

  

In the 1960s a Canadian educator, Marshall McLuhan, drew the threads of interest in the field of 

communication into a view that associated many contemporary psychological and sociological 

phenomena with the media employed in modern culture. McLuhan's often repeated idea, the 

medium is the message, stimulated numerous filmmakers, photographers, artists, and others, who 

adopted McLuhan's view that contemporary society had moved (or was moving) from a print 

culture to a visual one. The particular forms of greatest interest to McLuhan and his followers 

were those associated with the sophisticated technological instruments for which young people in 

particular display enthusiasmnamely, motion pictures, television, and sound recordings. In the 

late 20th century the main focus of interest in communication drifted away from McLuhanism 

and began to centre on:  

  

 The mass communication industries, the people who run them, and the effects they have 

upon their audiences 

 Persuasive communication and the use of technology to influence dispositions  

 Processes of interpersonal communication as mediators of information  

 Dynamics of verbal and nonverbal (and perhaps extrasensory) communication between 

individuals 

 Perception of different kinds of communications  

 Uses of communication technology for social and artistic purposes, including education 

in and out of school  

 Development of relevant criticism for artistic endeavours employing modern 

communications technology.  In short, a communication expert may be oriented to any of 

a number of disciplines in a field of inquiry that has, as yet, neither drawn for itself a 

conclusive roster of subject matter nor agreed upon specific methodologies of analysis. 
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2.   Radio Communication System 

With the technology of the early 20th century, radio communication systems required:  

 The production of radio frequency alternating electrical energy at a transmitting station. 

Alternating currents are set up in the transmitting circuit, of suitable frequency and of 

great intensity (or high voltage). This insures a high rate of variation of the interlinked 

electrostatic and electromagnetic fields and a great magnitude of these variations. 

 The radiation of this energy into space. The transmitting circuit is given a shape suitable 

for producing fields extending to great distances and generally in the direction of the 

receiving circuits more than in other directions. 

 The absorption of a portion of this electromagnetic energy at the receiving stations and its 

transformation into some form of energy capable of affecting some one of the human 

senses. The receiving circuit is given such a shape and position as to link it with as large 

a proportion of the field of the transmitting circuit as possible. 

  

In modern systems, systems transmission intensity is sometimes very small. The power 

consumed in a transmitting station varies depending on the distance of communication and the 

transmission conditions. The power received at the receiving station is usually only a tiny 

fraction of the transmitter's output, since communication depends on receiving the information, 

not the energy, that was transmitted. Classical radio communications systems use frequency-

division multiplexing (FDM) as a strategy to split up and share the available radio-frequency 

bandwidth for use by different parties communications concurrently. Modern radio 

communication systems include those that divide up a radio-frequency band by time-division 

multiplexing (TDM) and code-division multiplexing (CDM) as alternatives to the classical FDM 

strategy. These systems offer different tradeoffs in supporting multiple users, beyond the FDM 

strategy that was ideal for broadcast radio but less so for applications such as mobile telephony. 
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In its consideration of the invention of radio, the United States courts accepted a "definition 

evolved out of the exhaustive depositions taken from many technical experts..." as requiring "two 

tuned circuits each at the transmitter and receiver, all four tuned to the same frequency." Such 

radio communication systems consist of a transmitting conductor in which electrical oscillations 

or currents are produced and which is arranged to cause such currents or oscillations to be 

propagated through the free space medium from one point to another remote therefrom and a 

receiving conductor at such distant point adapted to be excited by the oscillations or currents 

propagated from the transmitter. Receivers using such a strategy, known as tuned radio 

frequency receivers, are less common today, having been superseded by systems with frequency-

domain selectivity achieved via heterodyning and filtering at an intermediate frequency. 

  

3.   Frequency Multiplication 

For VHF transmitters, it is often not possible to operate the oscillator at the final output 

frequency. In such cases, for reasons including frequency stability, it is better to multiply the 

frequency of the free running oscillator up to the final, required frequency. If the output of an 

amplifier stage is tuned to a multiple of the frequency with which the stage is driven, the stage 

will give a larger harmonic output than a linear amplifier. In a push-push stage, the output will 

only contain even harmonics. This is because the currents which would generate the fundamental 

and the odd harmonics in this circuit (if one valve was removed) are canceled by the second 

valve. In the diagrams, bias supplies and neutralization measure have been omitted for clarity. In 

a real system, it is likely that tetrodes would be used, as plate-to-grid capacitance in a tetrode is 

lower, thereby reducing stage instability. In a push-pull stage, the output will contain only odd 

harmonics because of the canceling effect. 

  

4.   Serial and Parallel Communication 

In telecommunications, serial transmission is the sequential transmission of signal elements of a 

group representing a character or other entity of data. Digital serial transmissions are bits sent 
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over a single wire, frequency or optical path sequentially. Because it requires less signal 

processing and less chances for error than parallel transmission, the transfer rate of each 

individual path may be faster. This can be used over longer distances as a check digit or parity 

bit can be sent along it easily. 

  

In telecommunications, parallel transmission is the simultaneous transmission of the signal 

elements of a character or other entity of data. In digital communications, parallel transmission is 

the simultaneous transmission of related signal elements over two or more separate paths. 

Multiple electrical wires are used which can transmit multiple bits simultaneously, which allows 

for higher data transfer rates than can be achieved with serial transmission. This method is used 

internally within the computer, for example the internal buses, and sometimes externally for such 

things as printers, The major issue with this is "skewing" because the wires in parallel data 

transmission have slightly different properties (not intentionally) so some bits may arrive before 

others, which may corrupt the message. A parity bit can help to reduce this. However, electrical 

wire parallel data transmission is therefore less reliable for long distances because corrupt 

transmissions are far more likely. 

  

5.   Synchronous and Asynchronous Transmission 

Asynchronous transmission uses start and stop bits to signify the beginning bit ASCII character 

would actually be transmitted using 10 bits e.g.: A "0100 0001" would become "1 0100 0001 0". 

The extra one (or zero depending on parity bit) at the start and end of the transmission tells the 

receiver first that a character is coming and secondly that the character has ended. This method 

of transmission is used when data are sent intermittently as opposed to in a solid stream. In the 

previous example the start and stop bits are in bold. The start and stop bits must be of opposite 

polarity. This allows the receiver to recognize when the second packet of information is being 

sent. 
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Synchronous transmission uses no start and stop bits but instead synchronizes transmission 

speeds at both the receiving and sending end of the transmission using clock signals built into 

each component. A continual stream of data is then sent between the two nodes. Due to there 

being no start and stop bits the data transfer rate is quicker although more errors will occur, as 

the clocks will eventually get out of sync, and the receiving device would have the wrong time 

that had been agreed in protocol (computing) for sending/receiving data, so some bytes could 

become corrupted (by losing bits). Ways to get around this problem include re-synchronization 

of the clocks and use of check digits to ensure the byte is correctly interpreted and received. 

  

  

Topic : Frequency Domain Analysis 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Define Frequency Domain 

 Learn about the Fourier Transform and its properties  

  

Definition/Overview: 

Frequency Domain: In electronics and control systems engineering, frequency domain is a term 

used to describe the analysis of mathematical functions or signals with respect to frequency, 

rather than time. Speaking non-technically, a time-domain graph shows how a signal changes 

over time, whereas a frequency-domain graph shows how much of the signal lies within each 

given frequency band over a range of frequencies. A frequency-domain representation can also 

include information on the phase shift that must be applied to each sinusoid in order to be able to 

recombine the frequency components to recover the original time signal. 
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A given function or signal can be converted between the time and frequency domains with a pair 

of mathematical operators called a transform. An example is the Fourier transform, which 

decomposes a function into the sum of a (potentially infinite) number of sine wave frequency 

components. The 'spectrum' of frequency components is the frequency domain representation of 

the signal. The inverse Fourier transform converts the frequency domain function back to a time 

function. A spectrum analyzer is the tool commonly used to visualize real-world signals in the 

frequency domain. 

  

  

Key Points: 

1.   Fourier Transform 

In mathematics, the Fourier transform is an operation that transforms one complex-valued 

function of a real variable into another. The new function, often called the frequency domain 

representation of the original function, describes which frequencies are present in the original 

function. This is in a similar spirit to the way that a chord of music can be described by notes that 

are being played. In effect, the Fourier transform decomposes a function into oscillatory 

functions. The Fourier transform is similar to many other operations in mathematics which make 

up the subject of Fourier analysis. In this specific case, both the domains of the original function 

and its frequency domain representation are continuous and unbounded. The term Fourier 

transform can refer to both the frequency domain representation of a function or to the 

process/formula that "transforms" one function into the other. 

There are several common conventions for defining the Fourier transform of an integrable 

function f: R → C: 
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For every real number ξ. (This letter is the lowercase Greek letter Xi). When the independent 

variable x represents time (with SI unit of seconds), the transform variable ξ represents ordinary 

frequency (in hertz). Under suitable conditions, f can be reconstructed from g(t) by the inverse 

transform: 

 

for every real number x. We may use Fourier series to motivate the Fourier transform as follows. 

Suppose that is a function which is zero outside of some interval [−L/2, L/2]. Then for any T ≥ L 

we may expand in a Fourier series on the interval [−T/2,T/2], where the "amount" (denoted by 

cn) of the wave e
2πinx/T

 in the Fourier series of is given by 

 

and should be given by the formula 

 

If we let ξn = n/T, and we let Δξ = (n + 1)/T − n/T = 1/T, then this last sum becomes the Riemann 

sum 

 

By letting T → ∞ this Riemann sum converges to the integral for the inverse Fourier transform 

given in the Definition section. Under suitable conditions this argument may be made precise. 

Hence, as in the case is Fourier series, the Fourier transform can be thought of as a function that 

measures how much of each individual frequency is present in our function, and we can 

recombine these waves by using an integral (or "continuous sum") to reproduce the original 
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function. The following images provide a visual illustration of how the Fourier transforms 

measures whether a frequency is present in a particular function. The function depicted: 

  

 

  

Oscillates at 3 hertz (if t measures seconds) and tends quickly to 0. This function was specially 

chosen to have a real Fourier transform which can easily be plotted. The first image contains its 

graph. In order to calculate f(3) we must integrate e
−2πi(3t)

(t). The second image shows the plot of 

the real and imaginary parts of this function. The real part of the integrand is almost always 

positive, this is because when (t) is negative, then the real part of e
−2πi(3t)

 is negative as well. 

Because they oscillate at the same rate, when (t) is positive, so is the real part of e
−2πi(3t)

. The 

result is that when you integrate the real part of the integrand you get a relatively large number 

(in this case 0.5). On the other hand, when you try to measure a frequency that is not present, as 

in the case when we look at f(5), the integrand oscillates enough so that the integral is very small. 

The general situation may be a bit more complicated than this, but this in spirit is how the 

Fourier transform measures how much of an individual frequency is present in a function (t). 

  

2.   Properties of Fourier Transform 

An integrable function is a function on the real line that is Lebesgue-measurable and satisfies 

 

2.1.   Basic Properties 

An integrable function is a function on the real line that is Lebesgue-measurable and 

satisfies 

2.2..   Basic Properties 

Given integrable functions f(x), g(x), and h(x) denote their Fourier transforms ,  

, and   respectively. The Fourier transform has the following basic properties.  
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         Linearity: For any complex numbers a and b, if h(x) = a(x) + bg(x), then: 

  

 

         Translation: For any real number x0, if h(x) = (x − x0), then: 

  

 

         Modulation: For any real number ξ0, if h(x) = e2πixξ0(x), then: 

  

. 

         Scaling: For all non-zero real numbers a, if h(x) = (ax), then: 

  

 

  

The case a = −1 leads to the time-reversal property, which states: if 

h(x) = (−x), then: 

. 

         Conjugation 

If: 

 

Then: 
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In particular, if  is real, then one has the reality condition   

 

And if  is purely imaginary, 

Then: 

 

  

         Duality 

If: 

 

Then: 

 

  

  

         Convolution 

If: 

  , 

Then: 

 

  

  

2.3.   Uniform continuity and the Riemann-Lebesgue lemma 

The Fourier transform may be defined in some cases for non-integrable functions, but the 

Fourier transforms of integrable functions have several strong properties. 
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The Fourier transform   of any integrable function  is uniformly continuous and  

. 

  

Furthermore,   is bounded and continuous, but need not be integrable. For example, the 

Fourier transform of the rectangular function, which is integrable, is the sinc function, 

which is not Lebesgue integrable, because its improper integrals behave analogously to 

the alternating harmonic series, in converging to a sum without being absolutely 

convergent. 

  

It is not generally possible to write the inverse transform as a Lebesgue integral. 

However, when both  and   are integrable, the inverse equality 

  

 

  

holds almost everywhere. That is, the Fourier transform is injective on L
1
(R). (But if  is 

continuous, then equality holds for every x.) 

  

  

2.4.   The Plancherel theorem and Parseval's theorem 

Let f(x) and g(x) be integrable, and let and be their Fourier transforms. If f(x) and g(x) 

are also square-integrable, then we have Parseval's theorem; where the bar denotes 

complex conjugation. The Plancherel theorem, which is equivalent to Parseval's theorem, 

states: 

   

Where; the bar denotes complex conjugation. 

The Plancherel theorem, which is equivalent to Parseval's theorem, states: 
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The Plancherel theorem makes it possible to define the Fourier transform for functions in 

L
2
(R), as described in Generalizations below. The Plancherel theorem has the 

interpretation in the sciences that the Fourier transform preserves the energy of the 

original quantity. It should be noted that depending on the author either of these theorems 

might be referred to as the Plancherel theorem or as Parseval's theorem. 

  

2.5.   Uncertainty principle 

Generally speaking, the more concentrated f(x) is, the more spread out its Fourier 

transform    must be. In particular, the scaling property of the Fourier transform may 

be seen as saying: if we "squeeze" a function in x, its Fourier transform "stretches out" 

in ξ. It is not possible to arbitrarily concentrate both a function and its Fourier transform. 

The trade-off between the compaction of a function and its Fourier transform can be 

formalized in the form of an uncertainty principle by viewing a function and its Fourier 

transform asconjugate variables with respect to the symplectic form on the timefrequency 

domain: from the point of view of the linear canonical transformation, the Fourier 

transform is rotation by 90 in the timefrequency domain, and preserves the symplectic 

form. 

Suppose (x) is an integrable and square-integrable function. Without loss of generality, 

assume that (x) is normalized: 

  

  

It follows from the Plancherel theorem that    is also normalized. 

  

The spread around x = 0 may be measured by the dispersion about zero (Pinsky 2002) 

defined by 
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In probability terms, this is the second moment of   about zero. The Uncertainty 

principle states that, if (x) is absolutely continuous and the functions x(x) and ′(x) are 

square integrable, then 

  

  

The equality is attained only in the case  (hence    

  ) where σ > 0 is arbitrary and C1 is such that  is L
2
normalized. 

In other words, where  is a (normalized) Gaussian function with variance σ
2
, centered at 

zero, and its Fourier transform is a Gaussian function with variance 1/σ
2
. 

  

In fact, this inequality implies that: 

 

  

For any    in R. 

  

In quantum mechanics, the momentum and position wave functions are Fourier transform 

pairs, to within a factor of Planck's constant. With this constant properly taken into 

account, the inequality above becomes the statement of the Heisenberg uncertainty 

principle. A stronger uncertainty principle is the Hirschman uncertainty principle which 

is expressed as: 
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Where; H(p) is the differential entropy of the probability density function p(x): 

  

  

Where; the logarithms may be in any base which is consistent. The equality is attained for 

a Gaussian, as in the previous case. 

  

2.6.   Poisson summation formula 

The Poisson summation formula is an equation that relates the Fourier series coefficients 

of the periodic summation of a function to values of the function's continuous Fourier 

transform. It has a variety of useful forms that are derived from the basic one by 

application of the Fourier transform's scaling and time-shifting properties. One such form 

leads directly to a proof of the Nyquist-Shannon sampling theorem. 

For appropriate functions , the Poisson summation formula may be stated as: 

 

Where    is the Fourier transform
[1]

 of  ;  that is   

  

2.6.   Convolution theorem 

The Fourier transform translates between convolution and multiplication of functions. 

If (x) and g(x) are integrable functions with Fourier transforms   and  

 respectively, then the Fourier transform of the convolution is given by the product of the 

Fourier transforms   and   (under other conventions for the definition of the 

Fourier transform a constant factor may appear). 
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This means that if: 

 

  

Where ∗ denotes the convolution operation, then: 

 

  

In linear time invariant (LTI) system theory, it is common to interpret g(x) as the impulse 

response of an LTI system with input (x) and output h(x), since substituting the unit 

impulse for(x) yields h(x) = g(x). In this case,     represents the frequency response of 

the system. 

  

Conversely, if (x) can be decomposed as the product of two square integrable 

functions p(x) and q(x), then the Fourier transform of (x) is given by the convolution of 

the respective Fourier transforms   and  . 

  

 

2.7.   Cross-correlation theorem 

In an analogous manner, it can be shown that if h(x) is the cross-correlation of (x) 

and g(x): 

 

  

Then the Fourier transform of h(x) is: 

 

  

As a special case, the autocorrelation of function (x) is: 

For which 
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2.8.   Eigenfunctions 

One important choice of an orthonormal basis for L
2
(R) is given by the Hermite functions 

 

 Where Hen(x) are the "probabilist's" Hermite polynomials, defined by Hen(x) = 

(−1)
n
exp(x

2
/2) D

n
 exp(−x

2
/2). Under this convention for the Fourier transform, we have 

that 

 

  

In other words, the Hermite functions form a complete orthonormal system 

of eigenfunctions for the Fourier transform on L
2
(R). However, this choice of 

eigenfunctions is not unique. There are only four different eigenvalues of the Fourier 

transform (1 and i) and any linear combination of eigenfunctions with the same 

eigenvalue gives another eigenfunction. As a consequence of this, it is possible to 

decompose L
2
(R) as a direct sum of four spaces H0, H1, H2, and H3 where the Fourier 

transform acts on Hek simply by multiplication by i
k
. This approach to define the Fourier 

transform is due to N. Wiener. The choice of Hermite functions is convenient because 

they are exponentially localized in both frequency and time domains, and thus give rise to 

the fractional Fourier transform used in time-frequency analysis. 

 

 

 In Section 2 of this course you will cover these topics: 

      Digital Baseband Modulation Techniques  

      Baseband Receiver Design (And Stochastic Mathematics, Part I)  
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Topic : Digital Baseband Modulation Techniques 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Define Digital Modulation 

 Learn about the Uses of Baseband  

 Learn about the Baseband Modulation 

 Learn about the Frequency Shift Keying  

 Learn about the Baseband Modulation Techniques 

  

  

Definition/Overview: 

Digital Modulation: Digital modulation schemes transform digital signals like the one shown 

below into waveforms that are compatible with the nature of the communications channel. There 

are two major categories of digital modulation. One category uses a constant amplitude carrier 

and the other carries the information in phase or frequency variations (FSK, PSK). The other 

category conveys the information in carrier amplitude variations and is known as amplitude shift 

keying (ASK). The past few years has seen a major transition from the simple amplitude 

modulation (AM) and frequency modulation (FM) to digital techniques such as Quadrate Phase 

Shift Keying (QPSK), Frequency Shift Keying (FSK), Minimum Shift Keying (MSK) and 

Quadrate Amplitude Modulation (QAM). For designers of digital terrestrial microwave radios, 

their highest priority is good bandwidth efficiency with low bit-error-rate. They have plenty of 

power available and are not concerned with power efficiency. They are not especially concerned 

with receiver cost or complexity because they do not have to build large numbers of them. 
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On the other hand, designers of hand-held cellular phones put a high priority on power efficiency 

because these phones need to run on a battery. Cost is also a high priority because cellular 

phones must be low-cost to encourage more users. Accordingly, these systems sacrifice some 

bandwidth efficiency to get power and cost efficiency. Every time one of these efficiency 

parameters (bandwidth, power or cost)is increased, another one decreases, or becomes more 

complex or does not perform well in a poor environment. Cost is a dominant system priority. 

Low-cost radios will always be in demand. In the past, it was possible to make a radio low-cost 

by sacrificing power and bandwidth efficiency. This is no longer possible. The radio spectrum is 

very valuable and operators who do not use the spectrum efficiently could lose their existing 

licenses or lose out in the competition for new ones. These are the trade offs that must be 

considered in digital RF (Radio Frequency) communications design. If you understand the 

building blocks, then you will be able to understand how any communications system, present or 

future, works. 

  

  

Key Points: 

1. Uses of Baseband  

 A baseband bandwidth is equal to the highest frequency of a signal or system, or an 

upper bound on such frequencies. By contrast, a non-baseband (passband) bandwidth is 

the difference between a highest frequency and a nonzero lowest frequency. 

  

 A baseband signal or lowpass signal is a signal that can include frequencies that are 

equal to or very near zero, by comparison with its highest frequency (for example, a 

sound waveform can be considered as a baseband signal, whereas a radio signal or any 

other modulated signal is not). 
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 A baseband channel or low pass channel (or system, or network) is a channel (e.g. a 

telecommunications system) that can transfer frequencies that are equal to or very near 

zero. Examples are serial cables and local area networks (LANs). 

  

 Baseband modulation, also known as line coding, aims at transferring a digital bit 

stream over a baseband channel, as an alternative to carrier-modulated approaches. 

  

  

 An equivalent baseband signal or equivalent lowpass signal is in analog and digital 

modulation methods with constant carrier frequency (for example ASK, PSK and QAM, 

but not FSK) a complex valued representation of the modulated physical signal (the so 

called passband signal or RF signal). The equivalent baseband signal is: 

  

 

Where I(t) is the inphase signal, Q(t) the quadrature phase signal, and j the imaginary 

unit. In a digital modulation method, the I(t) and Q(t) signals of each modulation symbol 

are evident from the constellation diagram. The frequency spectrum of this signal 

includes negative as well as positive frequencies. The physical passband signal 

corresponds to 

 

Where ω is the carrier angular frequency in rad/s. 
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 In an equivalent baseband model of a communication system, the modulated signal is 

replaced by a complex valued equivalent baseband signal with carrier frequency of 0 

hertz, and the RF channel is replaced by an equivalent baseband channel model where the 

frequency response is transferred to baseband frequencies. 

  

 A signal "at baseband" is usually considered to include frequencies from near 0 Hz up 

to the highest frequency in the signal with significant power. 

  

In general, signals can be described as including a whole range of different frequencies added 

together. In telecommunications in particular, it is often the case that those parts of the signal 

which are at low frequencies are 'copied' up to higher frequencies for transmission purposes, 

since there are few communications media that will pass low frequencies without distortion. 

Then, the original, low frequency components are referred to as the baseband signal. Typically, 

the new, high-frequency copy is referred to as the 'RF' (radio-frequency) signal. The concept of 

baseband signals is most often applied to real-valued signals, and systems that handle real-valued 

signals. Fourier analysis of such signals includes a negative-frequency band, but the negative-

frequency information is just a mirror of the positive-frequency information, not new 

information. For complex-valued signals, on the other hand, the negative frequencies carry new 

information. In that case, the full two-sided bandwidth is generally quoted, rather than just the 

half measured from zero; the concept of baseband can be applied by treating the real and 

imaginary parts of the complex-valued signal as two different real signals. 

  

2.   Baseband Modulation 

A signal at baseband is often used to modulate a higher frequency carrier wave in order that it 

may be transmitted via radio. Modulation results in shifting the signal up to much higher 

frequencies (radio frequencies, or RF) than it originally spanned. A key consequence of the usual 
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double-sideband amplitude modulation (AM) is that, usually, the range of frequencies the signal 

spans (its spectral bandwidth) is doubled. Thus, the RF bandwidth of a signal (measured from the 

lowest frequency as opposed to 0 Hz) is usually twice its baseband bandwidth. Steps may be 

taken to reduce this effect, such as single-sideband modulation; the highest frequency of such 

signals greatly exceeds the baseband bandwidth. 

  

Some signals can be treated as baseband or not, depending on the situation. For example, a 

switched analog connection in the telephone network has energy below 300 Hz and above 3400 

Hz removed by band pass filtering; since the signal has no energy very close to zero frequency, it 

may not be considered a baseband signal, but in the telephone systems frequency-division 

multiplexing hierarchy, it is usually treated as a baseband signal, by comparison with the 

modulated signals used for long-distance transmission. The 300 Hz lower band edge in this case 

is treated as "near zero", being a small fraction of the upper band edge. 

  

3.   Frequency Shift Keying  

The two binary states, logic 0 (low) and 1 (high), are each represented by an analogue waveform. 

Logic 0 is represented by a wave at a specific frequency, and logic 1 is represented by a wave at 

a different frequency. With binary FSK, the centre or carrier frequency is shifted by the binary 

input data. Thus the input and output rates of change are equal and therefore the bit rate and baud 

rate equal. The frequency of the carrier is changed as a function of the modulating signal (data), 

which is being transmitted. Amplitude remains unchanged. Two fixed-amplitude carriers are 

used, one for a binary zero, the other for a binary one. The general analytic expression for FSK 

is;    

Sin(t) = Acos2π i t 0 ≤ t ≥ T and i = 1,....,M 

Where; 

i = (0 + 2i - M)d 
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0 denotes the carrier frequency. 

  

Generation of these waveforms maybe accomplished with a set of M separate oscillators, each 

tuned to the frequency. It can be observed below that the error probability for a given signal-to-

noise ratio decrease as M increases, contrary to other modulation scheme (i.e. PSK and QAM), 

but on the other hand the bandwidth efficiency decrease as M increases. It is first filtered by v(t) 

to control the bandwidth of the base band signal which, in turn, partially controls the FSK signal 

spectrum. The filter output signal level is then adjusted and input to a phase modulator. 

 

The phase modulator centres the signal at frequency. The choice of a controls the frequency 

deviation, away from the centre frequency for each symbol. Different choices of the low-pass 

filter characteristic and signal gain, a, control the signal bandwidth and inter symbol interference 

(ISI) on the base band signal. A common filter characteristic uses a rectangular pulse shape. It 

does not cause ISI but the bandwidth is relatively wide. Another choice is to use a Nyquist filter 

that introduces controlled ISI but complicates the demodulator timing recovery. More aggressive 

filtering, such as Gaussian filters, provide very good bandwidth control but require ISI 

compensation in the demodulator. Note that base band-filtering-induced ISI is different from 

multi-path-induced ISI that causes distortion on the FM signal rather than the base band. 

 

  

4.   Baseband Modulation Techniques 

Baseband modulation and demodulation techniques are fundamental to communication systems. 

Lets first understand what is baseband? Baseband is actual frequency band of signal (e.g voice, 

video). If we consider the voice signal then voice signal band is approximately 4 kHz. That 

means voice signal contains frequencies ranging from 0-4kHz. What is Modulation? Modulation 

is basically increasing signal frequency someway. This means voice base band is 4 kHz and 
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uplifting voice signal frequency to lets say, 1900 kHz. Now, question is why we need to uplift 

frequency of actual baseband signal? And here radio transmission basic concept comes into the 

picture. In very simple way length of antenna used to transmit signal is directly related to signal 

wavelength. Wavelength is the length of single cycle of signal. And then what is frequency? 

Frequency is the number of cycles of signal per second, or, inverse of time taken to complete one 

cycle. So, what we can deduce here is if frequency of signal is high then wave length of signal 

will be short and vice versa. Relation between frequency and wavelength is expressed by: 

  

c = f * λ 

  

Where: 

c = velocity of light which is approximately 310^8 m/s , 

f = frequency of signal, 

λ = wavelength of signal. 

  

Thus, light velocity f and wavelength λ are inversely proportional: 

  

λ~1/f 

  

Let's get back to antenna again. The length of antenna required to transmit a signal is directly 

related (i.e. proportional) to signal wavelength, and, therefore, is inversely proportional to signal 

frequency. 

  

L~λ~1/f 

  

Where: 

L is the length of the antenna. 
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There are many types of antenna used according to requirement. Here, for understanding we will 

use basic dipole antenna. Length of dipole antenna used to transmit a signal is often λ/4 or λ/2 

meter. Now, for example, let's consider the voice signal. The highest frequency component of 

voice signal is around 4 kHz and its respective wavelength is about 75000 m. So, if we want to 

construct dipole antenna for voice transmission then the length of λ/4 dipole antenna will be 

more than 18000 m. Such antenna is not practically possible to construct! So, by uplifting 

signal's frequency, we decrease the length of the required antenna, making it possible to 

manufacture. 

   

  

Topic : Baseband Receiver Design (And Stochastic Mathematics, Part I) 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Define Probability Theory and Random Variable 

 Learn about the Discrete Probability Distribution 

 Learn about the Continuous Probability Distribution 

 Learn about the Applications of Probability Theory 

 Learn about the Quadrature Amplitude Modulator  

 Learn about the Quantized QAM 

  

 

 

  

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

27
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



Definition/Overview: 

Probability Theory: Probability theory is the branch of mathematics concerned with analysis of 

random phenomena. The central objects of probability theory are random variables, stochastic 

processes, and events: mathematical abstractions of non-deterministic events or measured 

quantities that may either be single occurrences or evolve over time in an apparently random 

fashion. Although an individual coin toss or the roll of a die is a random event, if repeated many 

times the sequence of random events will exhibit certain statistical patterns, which can be studied 

and predicted. Two representative mathematical results describing such patterns are the law of 

large numbers and the central limit theorem. As a mathematical foundation for statistics, 

probability theory is essential to many human activities that involve quantitative analysis of large 

sets of data. Methods of probability theory also apply to description of complex systems given 

only partial knowledge of their state, as in statistical mechanics. A great discovery of twentieth 

century physics was the probabilistic nature of physical phenomena at atomic scales, described in 

quantum mechanics. 

  

Random Variable: In mathematics, random variables are used in the study of chance and 

probability. They were developed to assist in the analysis of games of chance, stochastic events, 

and the results of scientific experiments by capturing only the mathematical properties necessary 

to answer probabilistic questions. Further formalizations have firmly grounded the entity in the 

theoretical domains of mathematics by making use of measure theory. Fortunately, the language 

and structure of random variables can be grasped at various levels of mathematical fluency. Set 

theory and calculus are fundamental.  
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Key Points: 

1.   Discrete Probability Distribution 

In probability theory, a probability distribution is called discrete if it is characterized by a 

probability mass function. Thus, the distribution of a random variable X is discrete, and X is then 

called a discrete random variable, if: 

  

  

as u runs through the set of all possible values of X. If a random variable is discrete, then the set 

of all values that it can assume with non-zero probability is finite or countable infinite, because 

the sum of uncountable many positive real numbers (which is the least upper bound of the set of 

all finite partial sums) always diverges to infinity. Typically, this set of possible values is a 

topologically discrete set in the sense that all its points are isolated points. But, there are discrete 

random variables for which this countable set is dense on the real line. Among the most well-

known discrete probability distributions that are used for statical modelling are the Poisson 

distribution, the Bernoulli distribution, the binomial distribution, the geometric distribution, and 

the negative binomial distribution. In addition, the discrete uniform distribution is commonly 

used in computer programs that make equal-probability random selections between a numbers of 

choices. 

. 

  

2. Continuous Probability Distribution 

In probability theory, a probability distribution is called continuous if its cumulative distribution 

function is continuous. This is equivalent to saying that for random variables X with the 

distribution in question, Pr[X = a] = 0 for all real numbers a, i.e.: the probability that X attains 

the value a is zero, for any number a. If the distribution of X is continuous then X is called a 

continuous random variable. 
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While for a discrete probability distribution an event with probability zero is impossible (e.g. 

rolling 3.5 on a standard die is impossible, and has probability zero), this is not true in the case of 

a continuous random variable. For example, if one measures the width of an oak leaf, the result 

3.5 cm is possible, but has probability zero because there are infinitely many possible values 

even between 3cm and 4cm. Each of these individual outcomes has probability zero, yet the 

probability that the outcome will fall into that interval is nonzero. This apparent paradox is 

resolved by the fact that the probability that X attains some value within an infinite set, such as 

an interval, cannot be found by naively adding the probabilities for individual values. Formally, 

each value has an infinitesimally small probability, which statistically is equivalent to zero. 

Under an alternative and stronger definition, the term "continuous probability distribution" is 

reserved for distributions that have probability density functions. These are most precisely called 

absolutely continuous random variables. For a random variable X, being absolutely continuous is 

equivalent to saying that the probability that X attains a value in any given subset S of its range 

with Lebesgue measure zero is equal to zero. This does not follow from the condition Pr[X = a] 

= 0 for all real numbers a, since there are uncountable sets with Lebesgue-measure zero (e.g. the 

Cantor set). A random variable with the Cantor distribution is continuous according to the first 

convention, but according to the second, it is not (absolutely) continuous. Also, it is not discrete 

nor a weighted average of discrete and absolutely continuous random variables. In practical 

applications, random variables are often either discrete or absolutely continuous, although 

mixtures of the two also arise naturally. The normal distribution, continuous uniform 

distribution, Beta distribution, and Gamma distribution are well known absolutely continuous 

distributions. The normal distribution, also called the Gaussian or the bell curve, is ubiquitous in 

nature and statistics due to the central limit theorem: every variable that can be modeled as a sum 

of many small independent variables is approximately normal. 

  

3.   Applications of Probability Theory 

Two major applications of probability theory in everyday life are in risk assessment and in trade 

on commodity markets. Governments typically apply probabilistic methods in environmental 

regulation where it is called "pathway analysis", often measuring well-being using methods that 

are stochastic in nature, and choosing projects to undertake based on statistical analyses of their 
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probable effect on the population as a whole. A good example is the effect of the perceived 

probability of any widespread Middle East conflict on oil prices - which have ripple effects in the 

economy as a whole. An assessment by a commodity trader that a war is more likely vs. less 

likely sends prices up or down, and signals other traders of that opinion. Accordingly, the 

probabilities are not assessed independently nor necessarily very rationally. The theory of 

behavioral finance emerged to describe the effect of such groupthink on pricing, on policy, and 

on peace and conflict. 

  

It can reasonably be said that the discovery of rigorous methods to assess and combine 

probability assessments has had a profound effect on modern society. Accordingly, it may be of 

some importance to most citizens to understand how odds and probability assessments are made, 

and how they contribute to reputations and to decisions, especially in a democracy. Another 

significant application of probability theory in everyday life is reliability. Many consumer 

products, such as automobiles and consumer electronics, utilize reliability theory in the design of 

the product in order to reduce the probability of failure. The probability of failure may be closely 

associated with the product's warranty. 

  

4.   Quadrature Amplitude Modulator  

Quadrature amplitude modulation (QAM) (Pronounced kăm) is a modulation scheme which 

conveys data by changing (modulating) the amplitude of two carrier waves. These two waves, 

usually sinusoids, are out of phase with each other by 90 and are thus called quadrature 

carriershence the name of the scheme. Like all modulation schemes, QAM conveys data by 

changing some aspect of a carrier signal, or the carrier wave, (usually a sinusoid) in response to a 

data signal. In the case of QAM, the amplitude of two waves, 90 degrees out-of-phase with each 

other (in quadrature) are changed (modulated or keyed) to represent the data signal. Phase 

modulation (analog PM) and phase-shift keying (digital PSK) can be regarded as a special case 

of QAM, where the magnitude of the modulating signal is a constant, with only the phase 

varying. This can also be extended to frequency modulation (FM) and frequency-shift keying 

(FSK), for these can be regarded a special case of phase modulation. 
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5.   Quantized QAM 

As with many digital modulation schemes, the constellation diagram is a useful representation. 

In QAM, the constellation points are usually arranged in a square grid with equal vertical and 

horizontal spacing, although other configurations are possible (e.g. Cross-QAM). Since in digital 

telecommunications the data are usually binary, the number of points in the grid is usually a 

power of 2 (2, 4, 8 ...). Since QAM is usually square, some of these are rarethe most common 

forms are 16-QAM, 64-QAM, 128-QAM and 256-QAM. By moving to a higher-order 

constellation, it is possible to transmit more bits per symbol. However, if the mean energy of the 

constellation is to remain the same (by way of making a fair comparison), the points must be 

closer together and are thus more susceptible to noise and other corruption; this results in a 

higher bit error rate and so higher-order QAM can deliver more data less reliably than lower-

order QAM, for constant mean constellation energy. 

  

If data-rates beyond those offered by 8-PSK are required, it is more usual to move to QAM since 

it achieves a greater distance between adjacent points in the I-Q plane by distributing the points 

more evenly. The complicating factor is that the points are no longer all the same amplitude and 

so the demodulator must now correctly detect both phase and amplitude, rather than just phase. 

64-QAM and 256-QAM are often used in digital cable television and cable modem applications. 

In the US, 64-QAM and 256-QAM are the mandated modulation schemes for digital cable as 

standardised by the SCTE in the standard ANSI/SCTE 07 2000. Note that many marketing 

people will refer to these as QAM-64 and QAM-256. In the UK, 16-QAM and 64-QAM are 

currently used for digital terrestrial television (Freeview and Top Up TV). 
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5.1.   Rectangular QAM  

Rectangular QAM constellations are, in general, sub-optimal in the sense that they do not 

maximally space the constellation points for a given energy. However, they have the 

considerable advantage that they may be easily transmitted as two pulse amplitude 

modulation (PAM) signals on quadrature carriers, and can be easily demodulated. The 

non-square constellations, dealt with below, achieve marginally better bit-error rate 

(BER) but are harder to modulate and demodulate. 

  

The first rectangular QAM constellation usually encountered is 16-QAM, the 

constellation diagram for which is shown here. A Gray coded bit-assignment is also 

given. The reason that 16-QAM is usually the first is that a brief consideration reveals 

that 2-QAM and 4-QAM are in fact binary phase-shift keying (BPSK) and quadrature 

phase-shift keying (QPSK), respectively. Also, the error-rate performance of 8-QAM is 

close to that of 16-QAM (only about 0.5 dB better), but its data rate is only three-quarters 

that of 16-QAM. 

Expressions for the symbol-error rate of rectangular QAM are not hard to derive but yield 

rather unpleasant expressions. For an even number of bits per symbol, k, exact 

expressions are available. They are most easily expressed in a per carrier sense: 

  

  

The bit-error rate will depend on the exact assignment of bits to symbols, but for a Gray-

coded assignment with equal bits per carrier: 

  

Since the carriers are independent, the overall bit error rate is the same as the per-carrier 

error rate, just like BPSK and QPSK. 
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5.2.   Non-rectangular QAM 

It is the nature of QAM that most orders of constellations can be constructed in many 

different ways and it is neither possible nor instructive to cover them all here. This article 

instead presents two, lower-order constellations. Two diagrams of circular QAM 

constellation are shown, for 8-QAM and 16-QAM. The circular 8-QAM constellation is 

known to be the optimal 8-QAM constellation in the sense of requiring the least mean 

power for a given minimum Euclidean distance. The 16-QAM constellation is suboptimal 

although the optimal one may be constructed along the same lines as the 8-QAM 

constellation. The circular constellation highlights the relationship between QAM and 

PSK. Other orders of constellation may be constructed along similar (or very different) 

lines. It is consequently hard to establish expressions for the error rates of non-

rectangular QAM since it necessarily depends on the constellation. Nevertheless, an 

obvious upper bound to the rate is related to the minimum Euclidean distance of the 

constellation (the shortest straight-line distance between two points): 

  

 

Again, the bit-error rate will depend on the assignment of bits to symbols. Although, in 

general, there is a non-rectangular constellation that is optimal for a particular M, they are 

not often used since the rectangular QAMs are much easier to modulate and demodulate. 

 

 

 

 

 

 

 

 

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

34
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



In Section 3 of this course you will cover these topics: 

      Digital Bandpass Modulation And Demodulation Techniques (And Stochastic Mathematics, 

Part Ii)  

      Analog Bandpass Modulation And Demodulation Techniques 

 

 

 

Topic : Digital Bandpass Modulation And Demodulation Techniques (And Stochastic 

Mathematics, Part II) 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Learn about encoding 

 Learn about the probability of error 

  

  

Definition/Overview: 

Amplitude Shift Keying: Amplitude-shift keying (ASK) is a form of modulation that 

represents digital data as variations in the amplitude of a carrier wave. 

  

The amplitude of an analog carrier signal varies in accordance with the bit stream (modulating 

signal), keeping frequency and phase constant. The level of amplitude can be used to represent 

binary logic 0s and 1s. We can think of a carrier signal as an ON or OFF switch. In the 

modulated signal, logic 0 is represented by the absence of a carrier, thus giving OFF/ON keying 

operation and hence the name given. Like AM, ASK is also linear and sensitive to atmospheric 

noise, distortions, propagation conditions on different routes in PSTN, etc. Both ASK 

modulation and demodulation processes are relatively inexpensive. The ASK technique is also 
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commonly used to transmit digital data over optical fiber. For LED transmitters, binary 1 is 

represented by a short pulse of light and binary 0 by the absence of light. Laser transmitters 

normally have a fixed "bias" current that causes the device to emit a low light level. This low 

level represents binary 0, while a higher-amplitude lightwave represents binary 1. 

  

Bandpass Modulation: It is the process by which an information signal is converted to a 

sinusoidal waveform.  For digital modulation, such a sinusoid of duration T is called a Digital 

Symbol. 

  

  

Key Points: 

1.   Encoding 

The simplest and most common form of ASK operates as a switch, using the presence of a 

carrier wave to indicate a binary one and its absence to indicate a binary zero. This type of 

modulation is called on-off keying, and is used at radio frequencies to transmit Morse code 

(referred to as continuous wave operation). More sophisticated encoding schemes have been 

developed which represent data in groups using additional amplitude levels. For instance, a four-

level encoding scheme can represent two bits with each shift in amplitude; an eight-level scheme 

can represent three bits; and so on. These forms of amplitude-shift keying require a high signal-

to-noise ratio for their recovery, as by their nature much of the signal is transmitted at reduced 

power. Here is a diagram showing the ideal model for a transmission system using an ASK 

modulation: 

  

It can be divided into three blocks. The first one represents the transmitter, the second one is a 

linear model of the effects of the channel, and the third one shows the structure of the receiver. 

The following notation is used: 

 ht(t) is the carrier signal for the transmission 

 hc(t) is the impulse response of the channel 
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 n(t) is the noise introduced by the channel 

 hr(t) is the filter at the receiver 

 L is the number of levels that are used for transmission 

 Ts is the time between the generation of two symbols 

  

Different symbols are represented with different voltages. If the maximum allowed value for the 

voltage is A, then all the possible values are in the range [-A,A] and they are given by: 

 

  

The difference between one voltage and the other is: 

 

  

Considering the picture, the symbols v[n] are generated randomly by the source S, then the 

impulse generator creates impulses with an area of v[n]. These impulses are sent to the filter ht 

to be sent through the channel. In other words, for each symbol a different carrier wave is sent 

with the relative amplitude. 

  

Out of the transmitter, the signal s(t) can be expressed in the form: 

 

  

In the receiver, after the filtering through hr (t) the signal is: 

 

  

Where we use the notation: 
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nr(t) = n(t) * hr(t) 

g(t) = ht(t) * hc(t) * hr(t) 

  

Where * indicates the convolution between two signals. After the A/D conversion the signal z[k] 

can be expressed in the form: 

 

In this relationship, the second term represents the symbol to be extracted. The others are 

unwanted: the first one is the effect of noise, the second one is due to the intersymbol 

interference. If the filters are chosen so that g(t) will satisfy the Nyquist ISI criterion, then there 

will be no intersymbol interference and the value of the sum will be zero, so: 

z[k] = nr[k] + v[k]g 

the transmission will be affected only by noise. 

  

2.   Probability of Error 

The probability density function to make an error after a certain symbol has been sent can be 

modelled by a Gaussian function; the mean value will be the relative sent value, and its variance 

will be given by: 

 

  

where ΦN(f) is the spectral density of the noise within the band and Hr (f) is the continuous 

Fourier transform of the impulse response of the filter hr (f). 

The possibility to make an error is given by: 
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Where: for example,   is the conditional probability of making an error given that a 

symbol v0 has been sent and   is the probability of sending a symbol v0. 

  

If the probability of sending any symbol is the same, then: 

If we represent all the probability density functions on the same plot against the possible value of 

the voltage to be transmitted, we get a picture like this (the particular case of L=4 is shown): 

  

 

  

The possibility of making an error after a single symbol has been sent is the area of the Gaussian 

function falling under the other ones. It is shown in cyan just for one of them. If we call P
+
 the 

area under one side of the Gaussian, the sum of all the areas will be: 2LP 
+
 − 2P 

+
. The total 

probability of making an error can be expressed in the form: 

 

  

We have now to calculate the value of P
+
. In order to do that, we can move the origin of the 

reference wherever we want: the area below the function will not change. We are in a situation 

like the one shown in the following picture: 

  

  

It does not matter which Gaussian function we are considering, the area we want to calculate will 

be the same. The value we are looking for will be given by the following integral: 
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Where: erfc() is the complementary error function. Putting all these results together, the 

probability to make an error is: 

  

 

  

From this formula we can easily understand that the probability to make an error decreases if the 

maximum amplitude of the transmitted signal or the amplification of the system becomes 

greater; on the other hand, it increases if the number of levels or the power of noise becomes 

greater. This relationship is valid when there is no inter-symbol interference, i.e. g(t) is a Nyquist 

function 

 

 

Topic : Analog Bandpass Modulation And Demodulation Techniques 

 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Learn about Double Sideband AM  

 Learn about Forms of Amplitude Modulation  

 Learn about AM Modulators and Demodulators 

 Learn about the Theory of Frequency Modulation 

 Learn about the Applications in broadcasting 

 Learn about the Applications in hardware 

 Learn about the Applications in sound 

 Learn about the Applications in radio 

 Learn about the Modulation Characteristics 

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

40
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



   

  

Definition/Overview: 

Amplitude Modulation: Amplitude modulation (AM) is a technique used in electronic 

communication, most commonly for transmitting information via a radio carrier wave. AM 

works by varying the strength of the transmitted signal in relation to the information being sent. 

For example, changes in the signal strength can be used to reflect the sounds to be reproduced by 

a speaker, or to specify the light intensity of television pixels. (Contrast this with frequency 

modulation, also commonly used for sound transmissions, in which the frequency is varied; and 

phase modulation, often used in remote controls, in which the phase is varied). In the mid-1870s, 

a form of amplitude modulationinitially called "undulatory currents"was the first method to 

successfully produce quality audio over telephone lines. Beginning with Reginald Fessenden's 

audio demonstrations in 1906, it was also the original method used for audio radio transmissions, 

and remains in use today by many forms of communication"AM" is often used to refer to the 

mediumwave broadcast band.  

  

Key Points: 

1.   Forms of Amplitude Modulation 

As originally developed for the electric telephone, amplitude modulation was used to add audio 

information to the low-powered direct current flowing from a telephone transmitter to a receiver. 

As a simplified explanation, at the transmitting end, a telephone microphone was used to vary 

the strength of the transmitted current, according to the frequency and loudness of the sounds 

received. Then, at the receiving end of the telephone line, the transmitted electrical current 

affected an electromagnet, which strengthened and weakened in response to the strength of the 

current. In turn, the electromagnet produced vibrations in the receiver diaphragm, thus closely 

reproducing the frequency and loudness of the sounds originally heard at the transmitter. 
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In contrast to the telephone, in radio communication what is modulated is a continuous wave 

radio signal (carrier wave) produced by a radio transmitter. In its basic form, amplitude 

modulation produces a signal with power concentrated at the carrier frequency and in two 

adjacent sidebands. Each sideband is equal in bandwidth to that of the modulating signal and is a 

mirror image of the other. Amplitude modulation that results in two sidebands and a carrier is 

often called double sideband amplitude modulation (DSB-AM). Amplitude modulation is 

inefficient in terms of power usage and much of it is wasted. At least two-thirds of power is 

concentrated in the carrier signal, which carries no useful information (beyond the fact that a 

signal is present); the remaining power is split between two identical sidebands, though only one 

of these is needed since they contain identical information. To increase transmitter efficiency, the 

carrier can be removed (suppressed) from the AM signal. This produces a reduced-carrier 

transmission or double-sideband suppressed-carrier (DSBSC) signal. A suppressed-carrier 

amplitude modulation scheme is three times more power-efficient than traditional DSB-AM. If 

the carrier is only partially suppressed, a double-sideband reduced-carrier (DSBRC) signal 

results. DSBSC and DSBRC signals need their carrier to be regenerated (by a beat frequency 

oscillator, for instance) to be demodulated using conventional techniques. 

  

Even greater efficiency is achievedat the expense of increased transmitter and receiver 

complexityby completely suppressing both the carrier and one of the sidebands. This is single-

sideband modulation, widely used in amateur radio due to its efficient use of both power and 

bandwidth. A simple form of AM often used for digital communications is on-off keying, a type 

of amplitude-shift keying by which binary data is represented as the presence or absence of a 

carrier wave. This is commonly used at radio frequencies to transmit Morse code, referred to as 

continuous wave (CW) operation. In 1982, the International Telecommunications Union (ITU) 

designated the various types of amplitude modulation as follows: 

  

Designation Description 

A3E double-sideband full-carrier - the basic AM modulation scheme 

R3E single-sideband reduced-carrier 

H3E single-sideband full-carrier 

J3E single-sideband suppressed-carrier 
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B8E independent-sideband emission 

C3F vestigial-sideband 

Lincompex linked compressor and expander 

[Table 1: AM Modulation Scheme] 

  

2.   Double Sideband AM 

A carrier wave is modeled as a sine wave: 

 

  

In which the frequency in Hz is given by: 

 

  

The constants   and   represent the carrier amplitude and initial phase, and are introduced for 

generality. For simplicity, their respective values can be set to 1 and 0. Let m(t) represent an 

arbitrary waveform that is the message to be transmitted, and let the constant Mrepresent its 

largest magnitude: 

  

  

The message might be just a simple audio tone of frequency: 

  

  

It is assumed that: 

 

  

And that: 
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Amplitude modulation is formed by the product: 

  

  

  

 represents the carrier amplitude, which is a constant that demonstrates the modulation index. 

The values A=1 and M=0.5 produce y (t), depicted by the top graph (labelled "50% Modulation") 

in Figure below: 

 

  

In this example, y(t) can be trigonometrically manipulated into the following (equivalent) form: 

  

 

  

Therefore, the modulated signal has three components: a carrier wave and two sinusoidal waves 

(known as sidebands), whose frequencies are slightly above and below    

  

The choice A=0 eliminates the carrier component, but leaves the sidebands (DSBSC 

transmission). To generate a double-sideband full carrier (A3E) signal, we must choose: 

 

  

For more general forms of m(t), trigonometry is not sufficient; however, if the top trace of Figure 

2 depicts the frequency of m(t) the bottom trace depicts the modulated carrier. It has two 

components: one at a positive frequency (centered on + ωc) and one at a negative 

frequency (centered on − ωc). Each component contains the two sidebands and a narrow segment 

in between, representing energy at the carrier frequency. Since the negative frequency is a 

mathematical artifact, examining the positive frequency demonstrates that an AM signal's 

spectrum consists of its original (two-sided) spectrum, shifted to the carrier frequency.   

  

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

44
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



 

  

Using the following transform pairs: 

  

 

  

3.   AM Modulators and Demodulators 

In general, we can represent a sine wave coherent field or wave as  

 

  

where A, f, and are the amplitude, frequency, and phase of the wave. We can send information 

by modulating one or more of these quantities. Fields or signals modulated in these ways are for 

obvious reasons called AM (Amplitude Modulated), FM (Frequency Modulated), or PM (Phase 

Modulated) waves. In fact, since EM fields are vector fields we can also modulate the 

Polarization of a wave to communicate information. However, polarization modulation is only 

normally used for special purposes as the polarization state of a wave can easily be scrambled 

during free space transmission by effects like unwanted reflections from buildings. (The 

polarization state of a field moving along a guide or fiber can also be altered by bends or 

imperfections in the guide/fiber.) 

  

We can define amplitude modulation by saying that a modulating signal, m { t }, should produce 

an AM wave of the form  
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(We'll use S instead of V or E to indicate that we're talking about a modulated quantity and that it 

can be either a field or a voltage.) represents the unmodulated amplitude of the wave (i.e. 

when ). A +ve value of makes the wave's amplitude larger, a -ve value 

makes its amplitude smaller. Amplitude modulation can be produced in various ways. Here we'll 

use the example of a Square Law FET as illustrated in figure 9.1. The steady signal, 

is called the carrier. This gives us something to modulate and carry the 

information pattern from place to place. The frequency, f , is called the carrier frequency and 

is the un-modulated carrier amplitude. 

 

A square law n-channel FET (Field Effect Transistor) will pass a drain-source current  

 

where is the FET's pinch-off voltage and is the gate voltage. This expression is correct 

provided that we keep in the range, 

  

. 

  

In the circuit shown in 9.1 we apply a gate voltage which is a combination of the output from a 

local oscillator, , and a modulation input, , which is the information 

pattern we want to send from place to place. As a result, the gate voltage (assuming the two gate 

resistors have the same value) will be: 
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Provided we keep this in the required range it will produce a drain-source current: 

  

 

Where k and are constants whose values depend upon the FET we've chosen. This can be 

expanded and re-written as: 

  

This produces a drain voltage of: 

   

Where R is the resistance between the FET's drain terminal and the bias voltage,  

 

By consulting a book on trig we can discover that . Hence the 

last term in expression 9.6 is a combination of a steady current and a fluctuation at the frequency, 

. For simplicity we can arrange that the frequencies with which fluctuate are all < f. 

This means that the first part of the expression consists of a steady current plus some fluctuations 

at frequencies well below f. We can now use a band pass filter, designed to only pass frequencies 

to strip away low and high frequencies and obtain an output  

  

Which we can re-write in the form  
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Where  

i.e. the output is a wave whose un-modulated amplitude is and is amplitude modulated by an 

amount, , proportional to the input modulating signal, . The circuit therefore 

behaves as an amplitude modulator. There are various ways to measure or detect the amplitude 

(as opposed to the power) of a waveform. Here we'll consider one of the simplest, used by most 

portable radios, etc, the Envelope Detector. This is essentially just a halfwave rectifier which 

charges a capacitor to a voltage  to the peak voltage of the incoming AM waveform, . When the 

input wave's amplitude increases, the capacitor voltage is increased via the rectifying diode. 

When the input's amplitude falls, the capacitor voltage is reduced by being discharged by a bleed 

resistor, R. The main advantage of this form of AM Demodulator is that it is very simple and 

cheap! Just one diode, one capacitor, and one resistor. That's why it is used so often. However, it 

does suffer from some practical problems.  

  

The circuit relies upon the behaviour of the diode allowing current through when the input is +ve 

with respect to the capacitor voltage, hence topping up the capacitor voltage to the peak level, 

but blocking any current from flowing back out through the diode when the input voltage is 

below the capacitor voltage. Unfortunately, all real diodes are non-linear. The current they pass 

varies with the applied voltage. As a result, the demodulated output is slightly distorted in a way 

which depends upon the diode's I/V characteristic. For example, most AM transistor radios 

produce output signals (music, Radio 4, etc) with about 5-10% distortion. OK for casual 

listening, but hardly Hi-Fi! As a result, this simple type of AM demodulator isn't any good if we 

want the recovered waveform to be an accurate representation of the original modulating 

waveform. The circuit also suffers from the problems known as Ripple and Negative Peak 

Clipping. The ripple effect happens because the capacitor will be discharged a small amount in 

between successive peaks of the input AM wave. 

 

The illustration shows what happens in the worst possible situation where the modulating signal 

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

48
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



is a square-wave whose frequency isn't much lower than the carrier frequency. Similar, but less 

severe, problems can arise with other modulating signals.  

 

Consider what happens when we have a carrier frequency, fc , and use an envelope detector 

whose time constant, t = RC. The time between successive peaks of the carrier will be  

 

Each peak will charge the capacitor to some voltage, Vpeak , which is proportional to the 

modulated amplitude of the AM wave. Between each peak and the next the capacitor voltage will 

therefore be discharged to which, provided that, is approximately the same as  

 

 

 

The peak-to-peak size of the ripple, , will therefore be  

 

 A sudden, large reduction in the amplitude of the input AM wave means that capacitor charge 

isn't being topped up by each cycle peak. The capacitor voltage therefore falls exponentially until 

it reaches the new, smaller, peak value. To assess this effect, consider what happens when the 

AM wave's amplitude suddenly reduces from Vpeak to a much smaller value. The capacitor 

voltage then declines according to: 
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This produces the negative peak clipping effect where any swift reductions in the AM wave's 

amplitude are rounded off and the output is distorted. Here we've chosen the worst possible case 

of squarewave modulation. In practice the modulating signal is normally restricted to a specific 

frequency range. This limits the maximum rate of fall of the AM wave's amplitude. We can 

therefore hope to avoid negative peak clipping by arranging that the detector's time constant T < 

tm  

Where: 

tm= 1/ fm 

And fm is the highest modulation frequency used in a given situation. 

 

The above implies that we can avoid negative peak clipping by choosing a small value of t. 

However, to minimize ripple we want to make t as large as possible. In practice we should 

therefore choose a value  

 

 To minimize the signal distortions caused by these effects. This is clearly only possible if the 

modulation frequency fm < fc. Envelope detectors only work satisfactorily when we ensure this 

inequality is true.  

  

4.   Theory of Frequency Modulation 

In telecommunications, frequency modulation (FM) conveys information over a carrier wave by 

varying its frequency (contrast this with amplitude modulation, in which the amplitude of the 

carrier is varied while its frequency remains constant). In analog applications, the instantaneous 

frequency of the carrier is directly proportional to the instantaneous value of the input signal. 

Digital data can be sent by shifting the carrier's frequency among a set of discrete values, a 
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technique known as frequency-shift keying. Suppose the baseband data signal (the message) to 

be transmitted is: 

fc 

And is restricted in amplitude to be 

t = RC 

And the sinusoidal carrier is 

T < tm 

where fc is the carrier's base frequency and Ac is the carrier's amplitude. The modulator combines 

the carrier with the baseband data signal to get the transmitted signal, 

Vpeak 

fm  

  

In this equation, fm < fc is the instantaneous frequency of the oscillator and fΔ is the frequency 

deviation, which represents the maximum shift away from fc in one direction, assuming xm(t) is 

limited to the range 1. Although it may seem that this limits the frequencies in use to fc fΔ, this 

neglects the distinction between instantaneous frequency and spectral frequency. The frequency 

spectrum of an actual FM signal has components extending out to infinite frequency, although 

they become negligibly small beyond a point. The harmonic distribution of a sine wave carrier 

modulated by a sine wave signal can be represented with Bessel functions - this provides a basis 

for a mathematical understanding of frequency modulation in the frequency domain. 

  

5.   Applications in broadcasting 

FM is commonly used at VHF radio frequencies for high-fidelity broadcasts of music and 

speech. Normal (analog) TV sound is also broadcast using FM. A narrow band form is used for 
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voice communications in commercial and amateur radio settings. The type of FM used in 

broadcast is generally called wide-FM, or W-FM. In two-way radio, narrowband narrow-fm (N-

FM) is used to conserve bandwidth. In addition, it is used to send signals into space. 

  

6.   Applications in hardware 

FM is also used at intermediate frequencies by all analog VCR systems, including VHS, to 

record both the luminance (black and white) and the chrominance portions of the video signal. 

FM is the only feasible method of recording video to and retrieving video from magnetic tape 

without extreme distortion, as video signals have a very large range of frequency components 

from a few hertz to several megahertz, too wide for equalizers to work with due to electronic 

noise below -60 dB. FM also keeps the tape at saturation level, and therefore acts as a form of 

noise reduction, and a simple limiter can mask variations in the playback output, and the FM 

capture effect removes print-through and pre-echo. A continuous pilot-tone, if added to the 

signal as was done on V2000 and many Hi-band formats can keep mechanical jitter under 

control and assist timebase correction. These FM systems are unique in that they have a ratio of 

carrier to maximum modulation frequency of less than two.(Contrast FM audio broadcasting 

where the ratio is around 10,000.) 

  

7.   Applications in sound 

FM is also used at audio frequencies to synthesize sound. This technique, known as FM 

synthesis, was popularized by early digital synthesizers and became a standard feature for several 

generations of personal computer sound cards. 
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8.   Applications in radio 

As the name implies, wideband FM (W-FM) requires a wider signal bandwidth than amplitude 

modulation by an equivalent modulating signal, but this also makes the signal more robust 

against noise and interference. Frequency modulation is also more robust against simple signal 

amplitude fading phenomena. As a result, FM was chosen as the modulation standard for high 

frequency, high fidelity radio transmission: hence the term "FM radio" (although for many years 

the BBC called it "VHF radio", because commercial FM broadcasting uses a well-known part of 

the VHF band; in certain countries, expressions referencing the more familiar wavelength notion 

are still used in place of the more abstract modulation technique name). 

  

FM receivers employ a special detector for FM signals and exhibit a phenomenon called capture 

effect, where the tuner is able to clearly receive the stronger of two stations being broadcast on 

the same frequency. Problematically however, frequency drift or lack of selectivity may cause 

one station or signal to be suddenly overtaken by another on an adjacent channel. Frequency drift 

typically constituted a problem on very old or inexpensive receivers, while inadequate selectivity 

may plague any tuner. 

  

An FM signal can also be used to carry a stereo signal:. However, this is done by using 

multiplexing and demultiplexing before and after the FM process, and is not part of FM proper. 

The rest of this article ignores the stereo multiplexing and demultiplexing process used in "stereo 

FM", and concentrates on the FM modulation and demodulation process, which is identical in 

stereo and mono processes. A high-efficiency radio-frequency switching amplifier can be used to 

transmit FM signals (and other constant-amplitude signals). For a given signal strength 

(measured at the receiver antenna), switching amplifiers use less battery power and typically cost 

less than a linear amplifier. This gives FM another advantage over other modulation schemes 

that require linear amplifiers, such as AM and QAM. 
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9.   Modulation Characteristics 

  

9.1. Pre-emphasis and de-emphasis 

Random noise has a 'triangular' spectral distribution in an FM system, with the effect that 

noise occurs predominantly at the highest frequencies within the baseband. This can be 

offset, to a limited extent, by boosting the high frequencies before transmission and 

reducing them by a corresponding amount in the receiver. Reducing the high frequencies 

in the receiver also reduces the high-frequency noise. These processes of boosting and 

then reducing certain frequencies are known as pre-emphasis and de-emphasis, 

respectively. The amount of pre-emphasis and de-emphasis used is defined by the time 

constant of a simple RC filter circuit. In most of the world a 50 s time constant is used. In 

North America, 75 s is used. This applies to both mono and stereo transmissions and to 

baseband audio (not the subcarriers). The amount of pre-emphasis that can be applied is 

limited by the fact that many forms of contemporary music contain more high-frequency 

energy than the musical styles which prevailed at the birth of FM broadcasting. They 

cannot be pre-emphasized as much because it would cause excessive deviation of the FM 

carrier. (Systems more modern than FM broadcasting tend to use either programme-

dependent variable pre-emphasise.g. dbx in the BTSC TV sound systemor none at all.) 

  

9.2. FM stereo 

In the late 1950s, several systems to add stereo to FM radio were considered by the FCC. 

Included were systems from 14 proponents including Crosley, Halstead, Electrical and 

Musical Industries, Ltd (EMI), Zenith Electronics Corporation and General Electric. The 

individual systems were evaluated for their strengths and weaknesses during field tests in 

Uniontown, Pennsylvania using KDKA-FM in Pittsburgh as the originating station. The 

Crosley system was rejected by the FCC because it degraded the signal-to-noise ratio of 

the main channel and did not perform well under multipath RF conditions. In addition it 
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did not allow for SCA services because of its wide FM sub-carrier bandwidth. The 

Halstead system was rejected due to lack of high frequency stereo separation and 

reduction in the main channel signal-to-noise ratio. The GE and Zenith systems, so 

similar that they were considered theoretically identical, were formally approved by the 

FCC in April 1961 as the standard stereo FM broadcasting method in the USA and later 

adopted by most other countries.  

  

It is important that stereo broadcasts should be compatible with mono receivers. For this 

reason, the left (L) and right (R) channels are algebraically encoded into sum (L+R) and 

difference (L−R) signals. A mono receiver will use just the L+R signal so the listener will 

hear both channels in the single loudspeaker. A stereo receiver will add the L+R and L−R 

signals to recover the Left channel, and subtract the L+R and L−R signals to recover the 

Right channel. The (L+R) Main channel signal is transmitted as baseband audio in the 

range of 30 Hz to 15 kHz. The (L−R) Sub-channel signal is modulated onto a 38 kHz 

double-sideband suppressed carrier (DSBSC) signal occupying the baseband range of 23 

to 53 kHz. 

  

A 19 kHz pilot tone, at exactly half the 38 kHz sub-carrier frequency and with a precisely 

defined phase relationship to it, is also generated. This is transmitted at 810% of overall 

modulation level and used by the receiver to regenerate the 38 kHz sub-carrier with the 

correct phase. The final multiplex signal from the stereo generator contains the Main 

Channel (L+R), the pilot tone, and the sub-channel (L−R). This composite signal, along 

with any other sub-carriers (SCA), modulates the FM transmitter. Converting the 

multiplex signal back into left and right audio signals is performed by a stereo decoder, 

which is built into stereo receivers. 
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In order to preserve stereo separation and signal-to-noise parameters, it is normal practice 

to apply pre-emphasis to the left and right channels before encoding, and to apply de-

emphasis at the receiver after decoding. Stereo FM signals are more susceptible to noise 

and multipath distortion than are mono FM signals. This is due to imbalance of FM 

sideband ratios of the additional modulating signals created by the pilot tone and the sub-

carrier channel. In addition, for a given RF level at the receiver, the signal-to-noise ratio 

for the stereo signal will be worse than for the mono receiver. The point at which the 

receiver input RF level reaches maximum monaural signal-to-noise ratio will be 23 dB 

lower than the receiver input RF level for maximum stereo signal-to-noise ratio. For this 

reason many FM stereo receivers include a stereo/mono switch to allow listening in mono 

when reception conditions are less than ideal, and most car radios are arranged to reduce 

the separation as the signal-to-noise ratio worsens, eventually going to mono while still 

indicating a stereo signal is being received. However, in the XDR-F1HD tuner,  Sony 

employs adaptive noise reduction technology which practically eliminates perceived 

stereo noise while retaining an acceptable degree of separation.  

  

9.3. Baseband and audio processing 

Csicsatka and Linz offer a good description of the composition of the FM stereo 

baseband (MPX). A stereo signal has wider bandwidth than an FM mono signal. 

According to Carson's rule the bandwidth is twice the deviation plus twice the maximum 

transmitted frequency. For 75 kHz deviation and a 53 kHz MPX frequency limit, 

bandwidth is 256 kHz. Based on peak-to-average ratios, human voice has lower loudness 

than music, as noted by Leonard Kahn and Oscar Bonello. This is due to the asymmetry 

of the sound waves produced by vocal cords.. Audio processing can improve voice 

loudness levels relative to music levels as broadcast. The FM broadcast transmission 

system needs a stage of audio processing in order to get good coverage and audio quality. 

The audio processing improves the sensation of sound quality. An improvement in the 

coverage area of FM stereo transmission by the use of multiband audio processing had 
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previously been recognized. The amount of improvement was quantified by Oscar 

Bonello, who predicted increases in area generally in the range of 3050 percent.  

 

 

 In Section 4 of this course you will cover these topics: 

      Multiplexing Techniques  

      Analog-To-Digital And Digital-To-Analog Conversion  

 

 

Topic : Multiplexing Techniques 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Define Multiplexing 

 Learn about the Applications of Multiplexing 

 Learn about the Types of Multiplexing 

  

  

Definition/Overview: 

Multiplexing:  In telecommunications and computer networks, multiplexing (known as muxing) 

is a term used to refer to a process where multiple analog message signals or digital data streams 

are combined into one signal over a shared medium. The aim is to share an expensive resource. 

For example, in telecommunications, several phone calls may be transferred using one wire. It 

originated in telegraphy, and is now widely applied in communications. The multiplexed signal 

is transmitted over a communication channel, which may be a physical transmission medium. 

The multiplexing divides the capacity of the low-level communication channel into several 
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higher-level logical channels, one for each message signal or data stream to be transferred. A 

reverse process, known as demultiplexing, can extract the original channels on the receiver side. 

A device that performs the multiplexing is called a multiplexer (MUX), and a device that 

performs the reverse process is called a de-multiplexer (DEMUX). Inverse multiplexing (IMUX) 

has the opposite aim as multiplexing, namely to break one data stream into several streams, 

transfer them simultaneously over several communication channels, and recreate the original 

data stream. 

  

  

 

Key Points: 

1.   Applications of Multiplexing 

  

1.1.   Telegraphy 

The earliest communication technology using electrical wires, and therefore sharing an 

interest in the economies afforded by multiplexing, was the electric telegraph. Early 

experiments allowed two separate messages to travel in opposite directions 

simultaneously, first using an electric battery at both ends, then at only one end. 

         mile Baudot developed a time-multiplexing system of multiple Hughes 

machines in the 1870s. 

         In 1874, the quadruplex telegraph developed by Thomas Edison transmitted 

two messages in each direction simultaneously, for a total of four messages 

transiting the same wire at the same time. 

         Alexander Graham Bell was investigating a frequency-division multiplexing 

technique with his "Harmonic Telegraph", which led to the telephone. 
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1.2.   Telephony 

In telephony, a customer's telephone line now typically ends at the remote concentrator 

box down the street, where it is multiplexed along with other telephone lines for that 

neighborhood or other similar area. The multiplexed signal is then carried to the central 

switching office on significantly fewer wires and for much further distances than a 

customer's line can practically go. This is likewise also true for digital subscriber lines 

(DSL). Fiber in the loop (FITL) is a common method of multiplexing, which uses optical 

fiber as the backbone. It not only connects POTS phone lines with the rest of the PSTN, 

but also replaces DSL by connecting directly to Ethernet wired into the home. 

Asynchronous Transfer Mode is often the communications protocol used. Because all of 

the phone (and data) lines have been clumped together, none of them can be accessed 

except through a de-multiplexer. This provides for more-secure communications, though 

they are not typically encrypted. The concept is also now used in cable TV, which is 

increasingly offering the same services as telephone companies. IPTV also depends on 

multiplexing. 

  

1.3.   Video processing 

In video editing and processing systems, multiplexing refers to the process of interleaving 

audio and video into one coherent transport stream (time-division multiplexing). 

In digital video, such a transport stream is normally a feature of a container format which 

may include metadata and other information, such as subtitles. The audio and video 

streams may have variable bit rate. Software that produces such a transport stream and/or 

container is commonly called a statistical multiplexor or muxer. A demuxer is software 

that extracts or otherwise makes available for separate processing the components of such 

a stream or container. 
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1.4.   Digital broadcasting 

In digital television and digital radio systems, several variable bit-rate data streams are 

multiplexed together to a fixed bitrate transport stream by means of statistical 

multiplexing. This makes it possible to transfer several video and audio channels 

simultaneously over the same frequency channel, together with various services. In the 

digital television systems, this may involve several standard definition television (SDTV) 

programmes (particularly on DVB-T, DVB-S2, and ATSC-C), or one HDTV, possibly 

with a single SDTV companion channel over one 6 to 8 MHz-wide TV channel. The 

device that accomplishes this is called a statistical multiplexer. In several of these 

systems, the multiplexing results in an MPEG transport stream. The newer DVB 

standards DVB-S2 and DVB-T2 has the capacity to carry several HDTV channels in one 

multiplex. Even the original DVB standards can carry more HDTV channels in a 

multiplex if the most advanced MPEG-4 compressions hardware is used. On 

communications satellites which carry broadcast television networks and radio networks, 

this is known as multiple channel per carrier or MCPC. Where multiplexing is not 

practical (such as where there are different sources using a single transponder), single 

channel per carrier mode is used. In digital radio, both the Eureka 147 system of digital 

audio broadcasting and the in-band on-channel HD Radio, FMeXtra, and Digital Radio 

Mondiale systems can multiplex channels. This is essentially required with DAB-type 

transmissions (where a multiplex is called an ensemble), but is entirely optional with 

IBOC systems. 

  

1.5.   Analog broadcasting 

In FM broadcasting and other analog radio media, multiplexing is a term commonly 

given to the process of adding subcarriers to the audio signal before it enters the 

transmitter, where modulation occurs. Multiplexing in this sense is sometimes known as 

MPX, which in turn is also an old term for stereophonic FM, seen on stereo systems 

since the 1960s. 
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2.   Types of Multiplexing  

  

2.1.   Frequency-division Multiplexing 

Because of the installation cost of a communications channel, such as a microwave link 

or a coaxial cable link, it is desirable to share the channel among multiple users. Provided 

that the channel's data capacity exceeds that required to support a single user, the channel 

may be shared through the use of multiplexing methods. Multiplexing is the sharing of a 

communications channel through local combining of signals at a common point. Two 

types of multiplexing are commonly employed: frequency-division multiplexing and 

time-division multiplexing. 

  

In frequency-division multiplexing (FDM), the available bandwidth of a communications 

channel is shared among multiple users by frequency translating, or modulating, each of 

the individual users onto a different carrier frequency. Assuming sufficient frequency 

separation of the carrier frequencies that the modulated signals do not overlap, recovery 

of each of the FDM signals is possible at the receiving end. In order to prevent overlap of 

the signals and to simplify filtering, each of the modulated signals is separated by a guard 

band, which consists of an unused portion of the available frequency spectrum. Each user 

is assigned a given frequency band for all time. 

  

While each user's information signal may be either analog or digital, the combined FDM 

signal is inherently an analog waveform. Therefore, an FDM signal must be transmitted 

over an analog channel. Examples of FDM are found in some of the old long-distance 

telephone transmission systems, including the American N- and L-carrier coaxial cable 

systems and analog point-to-point microwave systems. In the L-carrier system a 
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hierarchical combining structure is employed in which 12 voice-band signals are 

frequency-division multiplexed to form a group signal in the frequency range of 60 to 

108 kilohertz. Five group signals are multiplexed to form a super-group signal in the 

frequency range of 312 to 552 kilohertz, corresponding to 60 voice-band signals, and 10 

supergroup signals are multiplexed to form a master group signal. In the L1 carrier 

system, deployed in the 1940s, the master group was transmitted directly over coaxial 

cable. For microwave systems, it was frequency modulated onto a microwave carrier 

frequency for point-to-point transmission. In the L4 system, developed in the 1960s, six 

master groups were combined to form a jumbo group signal of 3,600 voice-band signals. 

  

2.2.   Time-division Multiplexing 

Multiplexing also may be conducted through the interleaving of time segments from 

different signals onto a single transmission patha process known as time-division 

multiplexing (TDM). Time-division multiplexing of multiple signals is possible only 

when the available data rate of the channel exceeds the data rate of the total number of 

users. While TDM may be applied to either digital or analog signals, in practice it is 

applied almost always to digital signals. The resulting composite signal is thus also a 

digital signal.  

  

In a representative TDM system, data from multiple users are presented to a time-division 

multiplexer. A scanning switch then selects data from each of the users in sequence to 

form a composite TDM signal consisting of the interleaved data signals. Each user's data 

path is assumed to be time-aligned or synchronized to each of the other users' data paths 

and to the scanning mechanism. If only one bit were selected from each of the data 

sources, then the scanning mechanism would select the value of the arriving bit from 

each of the multiple data sources. In practice, however, the scanning mechanism usually 

selects a slot of data consisting of multiple bits of each user's data; the scanner switch is 
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then advanced to the next user to select another slot, and so on. Each user is assigned a 

given time slot for all time.  

  

Most modern telecommunications systems employ some form of TDM for transmission 

over long-distance routes. The multiplexed signal may be sent directly over cable 

systems, or it may be modulated onto a carrier signal for transmission via radio wave. 

Examples of such systems include the North American T carriers as well as digital point-

to-point microwave systems. In T1 systems, introduced in 1962, 24 voiceband signals (or 

the digital equivalent) are time-division multiplexed together. The voiceband signal is a 

64-kilobit-per-second data stream consisting of 8-bit symbols transmitted at a rate of 

8,000 symbols per second. The TDM process interleaves 24 8-bit time slots together, 

along with a single frame-synchronization bit, to form a 193-bit frame. The 193-bit 

frames are formed at the rate of 8,000 frames per second, resulting in an overall data rate 

of 1.544 megabits per second. For transmission over more recent T-carrier systems, T1 

signals are often further multiplexed to form higher-data-rate signalsagain using a 

hierarchical scheme. 

 

 

Topic : Analog-To-Digital And Digital-To-Analog Conversion 

 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Learn about the Sampling and Sampling Theory 

 Learn about the sampling process 

 Learn about the Practical considerations 

 Learn about Quantization 
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 Learn about Quantization and Data Compression 

  

 Definition/Overview: 

NyquistShannon sampling theorem: The NyquistShannon sampling theorem is a fundamental 

result in the field of information theory, in particular telecommunications and signal processing. 

Sampling is the process of converting a signal (for example, a function of continuous time or 

space) into a numeric sequence (a function of discrete time or space). The theorem states:  If a 

function x(t) contains no frequencies higher than B cps, it is completely determined by giving its 

ordinates at a series of points spaced 1/(2B) seconds apart. 

  

In essence the theorem shows that an analog signal that has been sampled can be perfectly 

reconstructed from the samples if the sampling rate exceeds 2B samples per second, where B is 

the highest frequency in the original signal. If a signal contains a component at exactly B hertz, 

then samples spaced at exactly 1/(2B) seconds do not completely determine the signal, Shannon's 

statement notwithstanding. More recent statements of the theorem are sometimes careful to 

exclude the equality condition; that is, the condition is if x(t) contains no frequencies higher than 

or equal to B; this condition is equivalent to Shannon's except when the function includes a 

steady sinusoidal component at exactly frequency B. 

  

The assumptions necessary to prove the theorem form a mathematical model that is only an 

idealization of any real-world situation. The conclusion that perfect reconstruction is possible is 

mathematically correct for the model but only an approximation for actual signals and actual 

sampling techniques. The theorem also leads to a formula for reconstruction of the original 

signal. The constructive proof of the theorem leads to an understanding of the aliasing that can 

occur when a sampling system does not satisfy the conditions of the theorem. The 

NyquistShannon sampling theorem is also known to be a sufficient condition. The field of 

Compressed sensing provides a stricter sampling condition when the underlying signal is known 

to be sparse. Compressed sensing specifically yields a sub-Nyquist sampling criterion. 
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Key Points: 

1.   Sampling and Sampling Theory 

In signal processing, sampling is the reduction of a continuous signal to a discrete signal. A 

common example is the conversion of a sound wave (a continuous-time signal) to a sequence of 

samples (a discrete-time signal). A sample refers to a value or set of values at a point in time 

and/or space. A sampler is a subsystem or operation that extracts samples from a continuous 

signal. A theoretical ideal sampler produces samples equivalent to the instantaneous value of the 

continuous signal at the desired points. For convenience, we will discuss signals which vary with 

time. However, the same results can be applied to signals varying in space or in any other 

dimension. Let x(t) be a continuous signal which is to be sampled, and that sampling is 

performed by measuring the value of the continuous signal every T seconds, which is called the 

sampling interval. Thus, the sampled signal x[n] given by: 

  

x[n] = x(nT), with n = 0, 1, 2, 3, ... 

  

The sampling frequency or sampling rate fs is defined as the number of samples obtained in one 

second, or fs = 1/T.  The sampling rate is measured in hertz or in samples per second. 

  

We can now ask: under what circumstances is it possible to reconstruct the original signal 

completely and exactly (perfect reconstruction)? A partial answer is provided by the 

NyquistShannon sampling theorem, which provides a sufficient (but not always necessary) 

condition under which perfect reconstruction is possible. The sampling theorem guarantees that 

band-limited signals (i.e., signals which have a maximum frequency) can be reconstructed 
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perfectly from their sampled version, if the sampling rate is more than twice the maximum 

frequency. Reconstruction in this case can be achieved using the WhittakerShannon interpolation 

formula. The frequency equal to one-half of the sampling rate is therefore a bound on the highest 

frequency that can be unambiguously represented by the sampled signal.  

  

This frequency (half the sampling rate) is called the Nyquist frequency of the sampling system. 

Frequencies above the Nyquist frequency fN can be observed in the sampled signal, but their 

frequency is ambiguous. That is, a frequency component with frequency f cannot be 

distinguished from other components with frequencies NfN + f and NfN f for nonzero integers 

N. This ambiguity is called aliasing. To handle this problem as gracefully as possible, most 

analog signals are filtered with an anti-aliasing filter (usually a low-pass filter with cutoff near 

the Nyquist frequency) before conversion to the sampled discrete representation. 

  

2.   The sampling process 

The theorem describes two processes in signal processing: a sampling process, in which a 

continuous time signal is converted to a discrete time signal, and a reconstruction process, in 

which the original continuous signal is recovered from the discrete time signal. 

  

The continuous signal varies over time (or space in a digitized image, or another independent 

variable in some other application) and the sampling process is performed by measuring the 

continuous signal's value every T units of time (or space), which is called the sampling interval. 

In practice, for signals that are a function of time, the sampling interval is typically quite small, 

on the order of milliseconds, microseconds, or less. This results in a sequence of numbers, called 

samples, to represent the original signal. Each sample value is associated with the instant in time 

when it was measured. The reciprocal of the sampling interval (1/T) is the sampling frequency 

denoted fs, which is measured in samples per unit of time. If T is expressed in seconds, then fs is 

expressed in Hz. 
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Reconstruction of the original signal is an interpolation process that mathematically defines a 

continuous-time signal x(t) from the discrete samples x[n] and at times in between the sample 

instants nT. 

 The procedure: Each sample value is multiplied by the sinc function scaled so that the 

zero-crossings of the sinc function occur at the sampling instants and that the sinc 

function's central point is shifted to the time of that sample, nT. All of these shifted and 

scaled functions are then added together to recover the original signal. The scaled and 

time-shifted sinc functions are continuous making the sum of these also continuous, so 

the result of this operation is a continuous signal. This procedure is represented by the 

WhittakerShannon interpolation formula. 

 The condition: The signal obtained from this reconstruction process can have no 

frequencies higher than one-half the sampling frequency. According to the theorem, the 

reconstructed signal will match the original signal provided that the original signal 

contains no frequencies at or above this limit. This condition is called the Nyquist 

criterion, or sometimes the Raabe condition. 

  

If the original signal contains a frequency component equal to one-half the sampling rate, the 

condition is not satisfied. The resulting reconstructed signal may have a component at that 

frequency, but the amplitude and phase of that component generally will not match the original 

component. 

  

This reconstruction or interpolation using sinc functions is not the only interpolation scheme. 

Indeed, it is impossible in practice because it requires summing an infinite number of terms. 

However, it is the interpolation method that in theory exactly reconstructs any given band-

limited x(t) with any band-limit B < 1/2T); any other method that does so is formally equivalent 

to it. 
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3.   Practical considerations 

A few consequences can be drawn from the theorem: 

 If the highest frequency B in the original signal is known, the theorem gives the lower 

bound on the sampling frequency for which perfect reconstruction can be assured. This 

lower bound to the sampling frequency, 2B, is called the Nyquist rate. 

 If instead the sampling frequency is known, the theorem gives us an upper bound for 

frequency components, B<fs/2, of the signal to allow for perfect reconstruction. This 

upper bound is the Nyquist frequency, denoted fN. 

 Both of these cases imply that the signal to be sampled must be band-limited; that is, any 

component of this signal which has a frequency above a certain bound should be zero, or 

at least sufficiently close to zero to allow us to neglect its influence on the resulting 

reconstruction. In the first case, the condition of band-limitation of the sampled signal 

can be accomplished by assuming a model of the signal which can be analyzed in terms 

of the frequency components it contains; for example, sounds that are made by a 

speaking human normally contain very small frequency components at or above 10 kHz 

and it is then sufficient to sample such an audio signal with a sampling frequency of at 

least 20 kHz. For the second case, we have to assure that the sampled signal is band-

limited such that frequency components at or above half of the sampling frequency can 

be neglected. This is usually accomplished by means of a suitable low-pass filter; for 

example, if it is desired to sample speech waveforms at 8 kHz, the signals should first be 

low-pass filtered to below 4 kHz. 

 In practice, neither of the two statements of the sampling theorem described above can be 

completely satisfied, and neither can the reconstruction formula be precisely 

implemented. The reconstruction process that involves scaled and delayed sinc functions 

can be described as ideal. It cannot be realized in practice since it implies that each 

sample contributes to the reconstructed signal at almost all time points, requiring 

summing an infinite number of terms. Instead, some type of approximation of the sinc 

functions, finite in length, has to be used. The error that corresponds to the sinc-function 
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approximation is referred to as interpolation error. Practical digital-to-analog converters 

produce neither scaled nor delayed sinc functions nor ideal impulses (that if ideally low-

pass filtered would yield the original signal), but a sequence of scaled and delayed 

rectangular pulses. This practical piecewise-constant output can be modeled as a zero-

order hold filter driven by the sequence of scaled and delayed dirac impulses referred to 

in the mathematical basis section below. A shaping filter is sometimes used after the 

DAC with zero-order hold to make a better overall approximation. 

 Furthermore, in practice, a signal can never be perfectly band-limited, since ideal "brick-

wall" filters cannot be realized. All practical filters can only attenuate frequencies outside 

a certain range, not remove them entirely. In addition to this, a "time-limited" signal can 

never be band-limited. This means that even if an ideal reconstruction could be made, the 

reconstructed signal would not be exactly the original signal. The error that corresponds 

to the failure of band-limitation is referred to as aliasing. 

 The sampling theorem does not say what happens when the conditions and procedures 

are not exactly met, but its proof suggests an analytical framework in which the non-

ideality can be studied. A designer of a system that deals with sampling and 

reconstruction processes needs a thorough understanding of the signal to be sampled, in 

particular its frequency content, the sampling frequency, how the signal is reconstructed 

in terms of interpolation, and the requirement for the total reconstruction error, including 

aliasing and interpolation error. These properties and parameters may need to be carefully 

tuned in order to obtain a useful system. 

  

4.   Quantization 

In digital signal processing, quantization is the process of approximating a continuous range of 

values (or a very large set of possible discrete values) by a relatively small set of discrete 

symbols or integer values. More specifically, a signal can be multi-dimensional and quantization 

need not be applied to all dimensions. Discrete signals (a common mathematical model) need not 

be quantized, which can be a point of confusion.  

www.bsscommunitycollege.in   www.bssnewgeneration.in  www.bsslifeskillscollege.in

69
www.onlineeducation.bharatsevaksamaj.net        www.bssskillmission.in

WWW.BSSVE.IN



  

A common use of quantization is in the conversion of a discrete signal (a sampled continuous 

signal) into a digital signal by quantizing. Both of these steps (sampling and quantizing) are 

performed in analog-to-digital converters with the quantization level specified in bits. A specific 

example would be compact disc (CD) audio which is sampled at 44,100 Hz and quantized with 

16 bits (2 bytes) which can be one of 65,536 possible values per sample. In electronics, adaptive 

quantization is a quantization process that varies the step size based on the changes of the input 

signal, as a means of efficient compression. Two approaches commonly used are forward 

adaptive quantization and backward adaptive quantization. 

  

5.   Quantization and Data Compression 

Quantization plays a major part in lossy data compression. In many cases, quantization can be 

viewed as the fundamental element that distinguishes lossy data compression from lossless data 

compression, and the use of quantization is nearly always motivated by the need to reduce the 

amount of data needed to represent a signal. In some compression schemes, like MP3 or Vorbis, 

compression is also achieved by selectively discarding some data, an action that can be analyzed 

as a quantization process (e.g., a vector quantization process) or can be considered a different 

kind of lossy process. 

  

One example of a lossy compression scheme that uses quantization is JPEG image compression. 

During JPEG encoding, the data representing an image (typically 8-bits for each of three color 

components per pixel) is processed using a discrete cosine transform and is then quantized and 

entropy coded. By reducing the precision of the transformed values using quantization, the 

number of bits needed to represent the image can be reduced substantially. For example, images 

can often be represented with acceptable quality using JPEG at less than 3 bits per pixel (as 

opposed to the typical 24 bits per pixel needed prior to JPEG compression). Even the original 

representation using 24 bits per pixel requires quantization for its PCM sampling structure. 
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In modern compression technology, the entropy of the output of a quantizer matters more than 

the number of possible values of its output (the number of values being 2M in the above 

example). In order to determine how many bits are necessary to effect a given precision, 

algorithms are used. Suppose, for example, that it is necessary to record six significant digits, 

that is to say, millionths. The number of values that can be expressed by N bits is equal to two to 

the Nth power. To express six decimal digits, the required number of bits is determined by 

rounding (6 / log 2)where log refers to the base ten, or common, logarithmup to the nearest 

integer. Since the logarithm of 2, base ten, is approximately 0.30102, the required number of bits 

is then given by (6 / 0.30102), or 19.932, rounded up to the nearest integer, viz., 20 bits. 

  

This type of quantizationwhere a set of binary digits, e.g., an arithmetic register in a CPU, are 

used to represent a quantityis called Vernier quantization. It is also possible, although rather less 

efficient, to rely upon equally spaced quantization levels. This is only practical when a small 

range of values is expected to be captured: for example, a set of eight possible values requires 

eight equally spaced quantization levelswhich is not unreasonable, although obviously less 

efficient than a mere trio of binary digits (bits)but a set of, say, sixty-four possible values, 

requiring sixty-four equally spaced quantization levels, can be expressed using only six bits, 

which is obviously far more efficient.  
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In Section 5 of this course you will cover these topics: 

      Basics Of Information Theory, Data Compression, And Image Compression  

      Basics Of Error Control Coding  

 

 

Topic : Basics Of Information Theory, Data Compression, And Image Compression 

 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Define Information Theory 

 Learn about Source Coding Theorem  

 Learn about Shannons Communication Model  

 Learn about Entropy 

 Learn about Data Compression Theory 

  

  

 

Definition/Overview: 

Information Theory: Information theory is a branch of applied mathematics and electrical 

engineering involving the quantification of information. Historically, information theory was 

developed by Claude E. Shannon to find fundamental limits on compressing and reliably 

communicating data. Since its inception it has broadened to find applications in many other 

areas, including statistical inference, natural language processing, cryptography generally, 

networks other than communication networks as in neurobiology, the evolution and function of 
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molecular codes, model selection in ecology, thermal physics, quantum computing, plagiarism 

detection and other forms of data analysis. 

  

A key measure of information in the theory is known as entropy, which is usually expressed by 

the average number of bits needed for storage or communication. Intuitively, entropy quantifies 

the uncertainty involved when encountering a random variable. For example, a fair coin flip (2 

equally likely outcomes) will have less entropy than a roll of a die (6 equally likely outcomes). 

Applications of fundamental topics of information theory include lossless data compression (e.g. 

ZIP files), lossy data compression (e.g. MP3s), and channel coding (e.g. for DSL lines). The field 

is at the intersection of mathematics, statistics, computer science, physics, neurobiology, and 

electrical engineering. Its impact has been crucial to the success of the Voyager missions to deep 

space, the invention of the compact disc, the feasibility of mobile phones, the development of the 

Internet, the study of linguistics and of human perception, the understanding of black holes, and 

numerous other fields. Important sub-fields of information theory are source coding, channel 

coding, algorithmic complexity theory, algorithmic information theory, and measures of 

information. 

  

  

Key Points: 

1.   Source Coding Theorem  

n information theory, Shannon's source coding theorem (or noiseless coding theorem) establishes 

the limits to possible data compression, and the operational meaning of the Shannon entropy. 

The source coding theorem shows that (in the limit, as the length of a stream of independent and 

identically-distributed random variable (i.i.d.) data tends to infinity) it is impossible to compress 

the data such that the code rate (average number of bits per symbol) is less than the Shannon 

entropy of the source, without it being virtually certain that information will be lost. However it 

is possible to get the code rate arbitrarily close to the Shannon entropy, with negligible 
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probability of loss. The source coding theorem for symbol codes places an upper and a lower 

bound on the minimal possible expected length of codewords as a function of the entropy of the 

input word (which is viewed as a random variable) and of the size of the target alphabet. 

  

2.   Shannons Communication Model  

As the underpinning of his theory, Shannon developed a very simple, abstract model of 

communication, as shown in the figure. Because his model is abstract, it applies in many 

situations, which contributes to its broad scope and power. The first component of the model, the 

message source, is simply the entity that originally creates the message. Often the message 

source is a human, but in Shannon's model it could also be an animal, a computer, or some other 

inanimate object. The encoder is the object that connects the message to the actual physical 

signals that are being sent. For example, there are several ways to apply this model to two people 

having a telephone conversation. On one level, the actual speech produced by one person can be 

considered the message, and the telephone mouthpiece and its associated electronics can be 

considered the encoder, which converts the speech into electrical signals that travel along the 

telephone network. Alternatively, one can consider the speaker's mind as the message source and 

the combination of the speaker's brain, vocal system, and telephone mouthpiece as the encoder. 

However, the inclusion of mind introduces complex semantic problems to any analysis and is 

generally avoided except for the application of information theory to physiology. 

  

The channel is the medium that carries the message. The channel might be wires, the air or space 

in the case of radio and television transmissions, or fibre-optic cable. In the case of a signal 

produced simply by banging on the plumbing, the channel might be the pipe that receives the 

blow. The beauty of having an abstract model is that it permits the inclusion of a wide variety of 

channels. Noise is anything that interferes with the transmission of a signal. In telephone 

conversations interference might be caused by static in the line, cross talk from another line, or 

background sounds. Signals transmitted optically through the air might suffer interference from 

clouds or excessive humidity. Clearly, sources of noise depend upon the particular 
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communication system. A single system may have several sources of noise, but, if all of these 

separate sources are understood, it will sometimes be possible to treat them as a single source. 

  

The decoder is the object that converts the signal, as received, into a form that the message 

receiver can comprehend. In the case of the telephone, the decoder could be the earpiece and its 

electronic circuits. Depending upon perspective, the decoder could also include the listener's 

entire hearing system. The message receiver is the object that gets the message. It could be a 

person, an animal, or a computer or some other inanimate object. Shannon's theory deals 

primarily with the encoder, channel, noise source, and decoder. As noted above, the focus of the 

theory is on signals and how they can be transmitted accurately and efficiently; questions of 

meaning are avoided as much as possible. 

  

2.1.   Error Correcting and Error Detecting Codes 

Shannon's work in the area of discrete, noisy communication pointed out the possibility 

of constructing error-correcting codes. Error-correcting codes add extra bits to help 

correct errors and thus operate in the opposite direction from compression. Error-

detecting codes, on the other hand, indicate that an error has occurred but do not 

automatically correct the error. Frequently the error is corrected by an automatic request 

to retransmit the message. Because error-correcting codes typically demand more extra 

bits than error-detecting codes, in some cases it is more efficient to use an error-detecting 

code simply to indicate what has to be retransmitted. 

  

Deciding between error-correcting and error-detecting codes requires a good 

understanding of the nature of the errors that are likely to occur under the circumstances 

in which the message is being sent. Transmissions to and from space vehicles generally 

use error-correcting codes because of the difficulties in getting retransmission. Because 
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of the long distances and low power available in transmitting from space vehicles, it is 

easy to see that the utmost skill and art must be employed to build communication 

systems that operate at the limits imposed by Shannon's results. 

  

A common type of error-detecting code is the parity code, which adds one bit to a block 

of bits so that the ones in the block always add up to either an odd or even number. For 

example, an odd parity code might replace the two-bit code words 00, 01, 10, and 11 with 

the three-bit words 001, 010, 100, and 111. Any single transformation of a 0 to a 1 or a 1 

to a 0 would change the parity of the block and make the error detectable. In practice, 

adding a parity bit to a two-bit code is not very efficient, but for longer codes adding a 

parity bit is reasonable. For instance, computer and fax modems often communicate by 

sending eight-bit blocks, with one of the bits reserved as a parity bit. Because parity 

codes are simple to implement, they are also often used to check the integrity of computer 

equipment. As noted earlier, designing practical error-correcting codes is not easy, and 

Shannon's work does not provide direct guidance in this area. Nevertheless, knowing the 

physical characteristics of the channel, such as bandwidth and signal-to-noise ratio, gives 

valuable knowledge about maximum data transmission capabilities. 

  

3.   Entropy 

In information theory, entropy is a measure of the uncertainty associated with a random 

variable. The term by itself in this context usually refers to the Shannon entropy, which 

quantifies, in the sense of an expected value, the information contained in a message, usually in 

units such as bits. Equivalently, the Shannon entropy is a measure of the average information 

content one is missing when one does not know the value of the random variable. The concept 

was introduced by Claude E. Shannon in his 1948 paper "A Mathematical Theory of 

Communication".  
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Shannon's entropy represents an absolute limit on the best possible lossless compression of any 

communication: treating messages to be encoded as a sequence of independent and identically-

distributed random variables, Shannon's source coding theorem shows that, in the limit, the 

average length of the shortest possible representation to encode the messages in a given alphabet 

is their entropy divided by the logarithm of the number of symbols in the target alphabet. A fair 

coin has an entropy of one bit. However, if the coin is not fair, then the uncertainty is lower (if 

asked to bet on the next outcome, we would bet preferentially on the most frequent result), and 

thus the Shannon entropy is lower. Mathematically, a coin flip is an example of a Bernoulli trial, 

and its entropy is given by the binary entropy function. A long string of repeating characters has 

an entropy rate of 0, since every character is predictable. The entropy rate of English text is 

between 1.0 and 1.5 bits per letter, or as low as 0.6 to 1.3 bits per letter, according to estimates 

by Shannon based on human experiments 

  

4.   Data Compression Theory 

In computer science and information theory, data compression or source coding is the process 

of encoding information using fewer bits (or other information-bearing units) than an un-encoded 

representation would use through use of specific encoding schemes. As with any communication, 

compressed data communication only works when both the sender and receiver of the 

information understand the encoding scheme. For example, this text makes sense only if the 

receiver understands that it is intended to be interpreted as characters representing the English 

language. Similarly, compressed data can only be understood if the decoding method is known 

by the receiver. 

  

Compression is useful because it helps reduce the consumption of expensive resources, such as 

hard disk space or transmission bandwidth. On the downside, compressed data must be 

decompressed to be used, and this extra processing may be detrimental to some applications. For 

instance, a compression scheme for video may require expensive hardware for the video to be 

decompressed fast enough to be viewed as it's being decompressed (the option of decompressing 

the video in full before watching it may be inconvenient, and requires storage space for the 

decompressed video). The design of data compression schemes therefore involves trade-offs 

among various factors, including the degree of compression, the amount of distortion introduced 
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(if using a lossy compression scheme), and the computational resources required to compress and 

uncompress the data. 

The theoretical background of compression is provided by information theory (which is closely 

related to algorithmic information theory) and by rate-distortion theory. These fields of study 

were essentially created by Claude Shannon, who published fundamental papers on the topic in 

the late 1940s and early 1950s. Cryptography and coding theory are also closely related. The 

idea of data compression is deeply connected with statistical inference. 

  

Many lossless data compression systems can be viewed in terms of a four-stage model. Lossy 

data compression systems typically include even more stages, including, for example, prediction, 

frequency transformation, and quantization. The Lempel-Ziv (LZ) compression methods are 

among the most popular algorithms for lossless storage. DEFLATE is a variation on LZ which is 

optimized for decompression speed and compression ratio, therefore compression can be slow. 

DEFLATE is used in PKZIP, gzip and PNG. LZW (Lempel-Ziv-Welch) is used in GIF images. 

Also noteworthy are the LZR (LZ-Renau) methods, which serve as the basis of the Zip method. 

LZ methods utilize a table-based compression model where table entries are substituted for 

repeated strings of data. For most LZ methods, this table is generated dynamically from earlier 

data in the input. The table itself is often Huffman encoded (e.g. SHRI, LZX). A current LZ-

based coding scheme that performs well is LZX, used in Microsoft's CAB format. 

  

The very best compressors use probabilistic models whose predictions are coupled to an 

algorithm called arithmetic coding. Arithmetic coding, invented by Jorma Rissanen, and turned 

into a practical method by Witten, Neal, and Cleary, achieves superior compression to the better-

known Huffman algorithm, and lends itself especially well to adaptive data compression tasks 

where the predictions are strongly context-dependent. Arithmetic coding is used in the bilevel 

image-compression standard JBIG, and the document-compression standard DjVu. The text 

entry system, Dasher, is an inverse-arithmetic-coder. There is a close connection between 

machine learning and compression: a system that predicts the posterior probabilities of a 

sequence given its entire history can be used for optimal data compression (by using arithmetic 

coding on the output distribution), while an optimal compressor can be used for prediction (by 
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finding the symbol that compresses best, given the previous history). This equivalence has been 

used as justification for data compression as a benchmark for "general intelligence". 

 

 

Topic : Basics Of Error Control Coding 

 

Topic Objective: 

At the end of this topic the student would be able to: 

 Define Source Coding 

 Learn about Error-control Coding 

 Learn about Repetition Codes  

 Learn about Hoffman Code 

 Learn about Conventional Encoding 

  

 

Definition/Overview: 

Source Coding: In computer science and information theory, data compression or source coding 

is the process of encoding information using fewer bits (or other information-bearing units) than 

an unencoded representation would use through the use of specific encoding schemes. As with 

any communication, compressed data communication only works when both the sender and 

receiver of the information understand the encoding scheme. For example, this text makes sense 

only if the receiver understands that it is intended to be interpreted as characters representing the 

English language. Similarly, compressed data can only be understood if the decoding method is 

known by the receiver. 
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Compression is useful because it helps reduce the consumption of expensive resources, such as 

hard disk space or transmission bandwidth. On the downside, compressed data must be 

decompressed to be used, and this extra processing may be detrimental for some applications. 

For instance, a compression scheme for video may require expensive hardware for the video to 

be decompressed fast enough to be viewed as it's being decompressed (the option of 

decompressing the video in full before watching it may be inconvenient, and requires storage 

space for the decompressed video). The design of data compression schemes therefore involves 

trade-offs among various factors, including the degree of compression, the amount of distortion 

introduced (if using a lossy compression scheme), and the computational resources required to 

compress and uncompress the data. 

  

  

Key Points: 

1.   Error-control Coding 

As described in Source encoding, one purpose of the source encoder is to eliminate redundant 

binary digits from the digitized signal. The strategy of the channel encoder, on the other hand, is 

to add redundancy to the transmitted signalin this case so that errors caused by noise during 

transmission can be corrected at the receiver. The process of encoding for protection against 

channel errors is called error-control coding. Error-control codes are used in a variety of 

applications, including satellite communication, deep-space communication, mobile radio 

communication, and computer networking.  There are two commonly employed methods for 

protecting electronically transmitted information from errors. One method is called forward 

error control (FEC). In this method information bits are protected against errors by the 

transmitting of extra redundant bits, so that if errors occur during transmission the redundant 

bits can be used by the decoder to determine where the errors have occurred and how to correct 

them. The second method of error control is called automatic repeat request (ARQ). In this 

method redundant bits are added to the transmitted information and are used by the receiver to 

detect errors. The receiver then signals a request for a repeat transmission. Generally, the 

number of extra bits needed simply to detect an error, as in the ARQ system, is much smaller 
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than the number of redundant bits needed both to detect and to correct an error, as in the FEC 

system. 

  

2.   Repetition Codes  

One simple, but not usually implemented, FEC method is to send each data bit three times. The 

receiver examines the three transmissions and decides by majority vote whether a 0 or 1 

represents a sample of the original signal. In this coded system, called a repetition code of block-

length three and rate one-third, three times as many bits per second are used to transmit the same 

signal as are used by an uncoded system; hence, for a fixed available bandwidth only one-third 

as many signals can be conveyed with the coded system as compared with the un-coded system. 

The gain is that now at least two of the three coded bits must be in error before a reception error 

occurs.  

  

3.   Hoffman Code 

Another simple example of an FEC code is known as the Hamming code. This code is able to 

protect a four-bit information signal from a single error on the channel by adding three redundant 

bits to the signal. Each sequence of seven bits (four information bits plus three redundant bits) is 

called a code word. The first redundant bit is chosen so that the sum of ones in the first three 

information bits plus the first redundant bit amounts to an even number. (This calculation is 

called a parity check, and the redundant bit is called a parity bit.) The second parity bit is chosen 

so that the sum of the ones in the last three information bits plus the second parity bit is even, 

and the third parity bit is chosen so that the sum of ones in the first, second, and fourth 

information bits and the last parity bit is even. This code can correct a single channel error by re-

computing the parity checks. A parity check that fails indicates an error in one of the positions 

checked, and the two subsequent parity checks, by process of elimination, determine the precise 

location of the error. The Hamming code thus can correct any single error that occurs in any of 

the seven positions. If a double error occurs, however, the decoder will choose the wrong code 

word. 
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4.   Conventional Encoding  

The Hamming code is called a block code because information is blocked into bit sequences of 

finite length to which a number of redundant bits are added. When k information bits are 

provided to a block encoder, n  k redundancy bits are appended to the information bits to form 

a transmitted code word of n bits. The entire code word of length n is thus completely 

determined by one block of k information bits. In another channel-encoding scheme, known as 

convolutional encoding, the encoder output is not naturally segmented into blocks but is instead 

an unending stream of bits. In convolutional encoding, memory is incorporated into the encoding 

process, so that the preceding M blocks of k information bits, together with the current block of k 

information bits, determine the encoder output.  

  

The encoder accomplishes this by shifting among a finite number of states, or nodes. There are 

several variations of convolutional encoding, but the simplest example may be seen in what is 

known as the (n,1) encoder, in which the current block of k information bits consists of only one 

bit. At each given state of the (n,1) encoder, when the information bit (a 0 or a 1) is received, the 

encoder transmits a sequence of n bits assigned to represent that bit when the encoder is in that 

current state. At the same time, the encoder shifts to one of only two possible successor states, 

depending on whether the information bit was a 0 or a 1. At this successor state, in turn, the next 

information bit is represented by a specific sequence of n bits, and the encoder is again shifted to 

one of two possible successor states. In this way, the sequence of information bits stored in the 

encoder's memory determines both the state of the encoder and its output, which is modulated 

and transmitted across the channel. At the receiver, the demodulated bit sequence is compared to 

the possible bit sequences that can be produced by the encoder. The receiver determines the bit 

sequence that is most likely to have been transmitted, often by using an efficient decoding 

algorithm called Viterbi decoding (after its inventor, A.J. Viterbi). In general, the greater the 

memory (i.e., the more states) used by the encoder, the better the error-correcting performance of 

the codebut only at the cost of a more complex decoding algorithm. In addition, the larger the 

number of bits (n) used to transmit information, the better the performanceat the cost of a 

decreased data rate or larger bandwidth.  
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Coding and decoding processes similar to those described above are employed in trellis coding, a 

coding scheme used in high-speed modems. However, instead of the sequence of bits that is 

produced by a convolutional encoder, a trellis encoder produces a sequence of modulation 

symbols. At the transmitter, the channel-encoding process is coupled with the modulation 

process, producing a system known as trellis-coded modulation. At the receiver, decoding and 

demodulating are performed jointly in order to optimize the performance of the error-correcting 

algorithm. 
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