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E-CONTENT  

Topic- DATA ENCODING AND COMMUNICATION TECHNIQUE (Unit-3) 

3.1 INTRODUCTION 

We knew that how data is transmitted through a channel (wired or wireless) in the form of an 

Analog or Digital signal. Now we will elaborate on the technique to produce these types of 

signals from analog to digital data. It is required that information must be encoded into signals 

before it can be transported across communication media. In more precise words we may say 

that the waveform pattern of voltage or current used to represent the 1s and 0s of a digital 

signal on a transmission link is called digital to digital line encoding. There are different 

encoding schemes (figure 1) available: 

 

Figure 1: Encoding Conversion Technique 

•  Analog data as an analog signal: 

 Analog data in electrical form can be transmitted as baseband signals easily and cheaply. 

This is done with voice transmission over voice-grade lines. One common use of 

modulation is to shift the bandwidth of a baseband signal to another portion of the 

spectrum. In this way multiple signals, each at a different position on the spectrum, can 

share the same transmission medium. This is known as frequency division multiplexing. 

 •  Analog data as a digital signal : Conversion of analog data to digital form permits the 

use of modern digital transmission and switching equipment. The advantages of the digital 

approach. 

•  Digital data as an analog signal: Some transmission media, such as optical fiber and 

unguided media, will only propagate analog signals.    



•  Digital data as a digital signal : In general, the equipment for encoding digital data 

into a digital signal is less complex and less expensive than digital-to-analog modulation 

equipment.  

 We conclude the Unit with a brief summary followed by an exercise and some suggested 

readings for the students. 

3.2 OBJECTIVES 

After going through this unit, you should be able to describe:   

• what encoding means;  

• why encoding is needed; 

• some different types of encoding; 

• mechanisms and techniques used for encoding, and  

• when each type of encoding is used with examples. 

  



3.3 ENCODING 

Usually, we cannot send a signal containing information directly over a transmission medium, 

at least not for long distances.  For example, the sound of our voice can only travel a few 

hundred meters.  If we want to send our voice to the next city, we have to be able to transform 

our voice, to, an electrical signal that can then, be sent that long distance. Then, we would 

also need to perform the reverse conversion at the other end.    

So, we see that, to send a signal over a physical medium, we need to encode or transform 

the signal in some way so that the transmission medium can transmit it.  The sender and the 

receiver must agree on what kind of transformation has been done so that, it can be reversed 

at the other end and the actual signal or information can be recovered.  The information 

content in a signal is based upon having some changes in it.  For example, if we just send a 

pure sine wave, where the voltage varies with time as a sine function, then, we cannot convey 

much information apart from the fact that there is some entity at the other end that is doing 

the transmitting.   

 The method by which certain communication devices (such as modems) encode digital data 

onto an analog signal for transmission.  A converter mechanism is necessary for computer 

data to be transported over a variety of networks. The most popular of these "converter 

mechanisms" is a modem. Fax machines use built-in modems. 

The encoding of a message is the production of the message. It is a system of coded 

meanings, and in order to create that, the sender needs to understand how the world is 

comprehensible to the members of the audience. The decoding of a message is how an 

audience member is able to understand, and interpret the message 

The information content of a signal is dependent on the variation in the signal.  After sending 

one cycle of a sine wave there is no point in sending another cycle because we will not be 

able to convey anything more than what we have already done.  What is needed is to modify 

the sine wave in some way to carry the information we want to convey.  This is called 

modulation.   

We know that there are two kinds of signals: analog and digital.  Likewise, there are two types 

of information that we may want to transmit, again analog and digital.  So, we get four basic 

combinations of encoding that we may need to perform, depending on the signal type as well 

as the information type.  We shall look at each of these four types briefly in this unit and will 

also study the ways in which the actual encoding can be done.   

3.4 ANALOG-TO-ANALOG MODULATION 

Analog-to-analog conversion, or analog modulation, is the representation of analog 

information by an analog signal. Modulation is needed if the medium is bandpass in nature or 

if only a bandpass channel is available to us. 



The act of changing or encoding the information in the signal is known as modulation.  A good 

example of such encoding is radio broadcasting.  Here we primarily want to send sound in 

some form over the atmosphere to the receiving radio sets.  The sound is converted into an 

analog electrical signal at the source and is used to encode the signal which is the base 

frequency at which the transmission is being done.  The reverse process is performed at the 

radio set to recover the information in electrical form, which is then converted back to sound 

so that, we hear what was being said at the radio station.   The government assigns a narrow 

bandwidth to each radio station. The analog signal produced by each station is a low-pass 

signal, all in the same range. To be able to listen to different stations, the low-pass signals 

need to be shifted, each to a different range. 

Let us, formulate another definition of modulation. When a low frequency information signal 

is encoded over a higher frequency signal, it is called modulation .  The encoding can be done 

by varying amplitude (strength of a signal), period (amount of time, in seconds, a signal needs 

to complete a cycle) and frequency (number of cycles per second) and phase (position of 

waveform relative to zero).   

Notice the simulations of the word modulation to the word modifying. For instance, an audio 

signal (one that is audible to human ear) can be used to modify an RF (Radio Frequency) 

carrier, when the amplitude of the RF is varied according to the changes in the amplitude of 

the audio, it is called amplitude modulation (AM), and when the frequency is varied, it is called 

FM (frequency modulation).      

Although, it can be dangerous to use analogies as they can be carried too far, we can 

understand this process with an example.  Suppose we want to send a piece of paper with 

something written on it to a person a hundred meters away.  We will not be able to throw the 

paper that far.  So, we can wrap it around a small stone and then throw the stone towards 

the person.  He can then unwrap the paper and read the message.  Here, the stone is the 

signal and the piece of paper is the information that is used to change the stone.  Just as 

sending the stone alone would not have conveyed much to our friend, similarly sending only 

the base signal (also called carrier signal) will not convey much information to the recipient.   

Therefore, there are three different ways in which this encoding of the analog signal with 

analog information is performed.  These methods are:   

•  Amplitude modulation (AM), where the amplitude of the signal is changed depending on 

the information to be sent (Figure 2 ). Amplitude modulation (AM) is a method of 

impressing data onto an alternating-current (AC) carrier waveform. The 

highest frequency of the modulating data is normally less than 10 percent of the carrier 

frequency. The instantaneous amplitude(overall signal power) varies depending on the 

instantaneous amplitude of the modulating data. 

•  Frequency modulation, where the frequency of the signal is changed depending on the 

information to be sent (Figure 3). Frequency modulation (FM) is a method of impressing 



data onto an alternating-current (AC) wave by varying the instantaneous frequency of the 

wave. This scheme can be used with analog or digital data. 

•  Phase modulation, where it is the phase of the signal that is changed according to the 

information to be sent. Phase modulation (PM) is a method of impressing data onto an 

alternating-current (AC) waveform by varying the instantaneous phase of the wave. This 

scheme can be used with analog or digital data. 

Amplitude Modulation (AM): 

In AM, the carrier itself does not fluctuate in amplitude. Instead, the modulating data appears 

in the form of signal components at frequencies slightly higher and lower than that of the 

carrier. These components are called sidebands. The lower sideband (LSB) appears at 

frequencies below the carrier frequency; the upper sideband (USB) appears at frequencies 

above the carrier frequency. The LSB and USB are essentially "mirror images" of each other 

in a graph of signal amplitude versus frequency, as shown in the illustration. The sideband 

power accounts for the  variations in the overall amplitude of the signal. 

When a carrier is amplitude-modulated with a pure sine wave, up to 1/3 (33percent) of the 

overall signal power is contained in the sidebands. The other 2/3 of the signal power is 

contained in the carrier, which does not contribute to the transfer of data. With a complex 

modulating signal such as voice, video, or music, the sidebands generally contain 20 to 25 

percent of the overall signal power; thus the carrier consumes75 to 80 percent of the power. 

This makes AM an inefficient mode. If an attempt is made to increase the modulating data 

input amplitude beyond these limits, the signal will become distorted, and will occupy a much 

greater bandwidth than it should. This is called overmodulation and can result in interference 

to signals on nearby frequencies. 

In AM transmission, the carrier signal is modulated so that its amplitude varies with the 

changing amplitudes of the modulating signal. The frequency and phase of the carrier remain 

the same. Only the amplitude changes to follow variations in the information. The following 

figure shows how this concept works. The modulating signal is the envelope of the carrier. 

 



Figure 2: Amplitude modulation 

AM is normally implemented by using a simple multiplier because the amplitude of the carrier 

signal needs to be changed according to the amplitude of the modulating signal.  

The modulation creates a bandwidth that is twice the bandwidth of the modulating signal and 

covers a range centred on the carrier frequency. However, the signal components above and 

below the carrier frequency carry exactly the same information. For this reason, some 

implementations discard one-half of the signals and cut the bandwidth in half.  

The total bandwidth required for AM can be determined from the bandwidth of the audio 

signal:  

The bandwidth of an audio signal (speech and music) is usually 5 kHz. Therefore, an AM radio 

station needs a bandwidth of 10kHz. In fact, the Federal Communications Commission (FCC) 

allows 10 kHz for each AM station. 

AM stations are allowed carrier frequencies anywhere between 530 and 1700 kHz (1.7 MHz). 

However, each station's carrier frequency must be separated from those on either side of it 

by at least 10 kHz (one AM bandwidth) to avoid interference. If one station uses a carrier 

frequency of 1100 kHz, the next station's carrier frequency cannot be lower than 1110 kHz. 

Frequency Modulation   

In contrast to Amplitude Modulation, here it is the frequency of the base signal that is altered 

depending on the information that is to be sent.  The amplitude and phase of the carrier signal 

are not changed at all.  It can be shown that this results in a bandwidth requirement of 10 

times the modulating signal, centred on the carrier frequency.   

In analog FM, the frequency of the AC signal wave, also called the carrier, varies in a 

continuous manner. Thus, there are infinitely many possible carrier frequencies. 

In narrowband FM, commonly used in two-way wireless communications, the instantaneous 

carrier frequency varies by up to 5 kilohertz (kHz, where 1 kHz = 1000 hertz or alternating 

cycles per second) above and below the frequency of the carrier with no modulation. 

In wideband FM, used in wireless broadcasting, the instantaneous frequency varies by up to 

several megahertz (MHz, where 1 MHz = 1,000,000 Hz). When the instantaneous input wave 

has positive polarity, the carrier frequency shifts in one direction; when the instantaneous 

input wave has negative polarity, the carrier frequency shifts in the opposite direction. At 

every instant in time, the extent of carrier-frequency shift (the deviation) is directly 

proportional to the extent to which the signal amplitude is positive or negative. 

In digital FM, the carrier frequency shifts abruptly, rather than varying continuously. The 

number of possible carrier frequency states is usually a power of 2. If there are only two 

possible frequency states, the mode is called frequency-shift keying (FSK). In more complex 

modes, there can be four, eight, or more different frequency states. Each specific carrier 

frequency represents a specific digital input data state. 



This method is the less susceptible to noise and gives the best performance of all data 

encoding types as far as the quality of the transmitted signal is concerned.  Although digital 

encoding methods may give better performance over multiple hops (because in their case, 

the original signal can be accurately reconstructed at each hop), Frequency Modulation (FM) 

is the best as far as single hop transmission goes.   

FM radio transmission has been allocated the spectrum range 88 MHz to 108 MHz.  As a good 

stereo sound signal needs 15 KHz of bandwidth, this means that FM transmission has a 

bandwidth of 150 KHz.  To be safe from interference from neighbouring stations, 200 KHz is 

the minimum separation needed.  As a further safety measure, in any given area, only 

alternate stations are allowed and the neighbouring frequencies are kept empty.  This is 

practical because FM transmission is line of sight (because of the carrier frequency) and so, 

beyond a range of about 100 Km or so, the signal cannot be received directly (this distance 

depends on various factors).  We can therefore, have at most 50 FM stereo radio stations in 

a given geographical area.   

As in the case of AM transmission (having 2 subbands), FM also has multiple sidebands maybe 

two or more, which is really wasteful but is tolerated in the interests of simplicity and cost of 

the equipment.   

In television transmission the bandwidth needed is 4.5 MHz in each sideband.  The video 

signal is sent using amplitude modulation.  The audio signal goes at a frequency that is 5.5 

MHz over the video signal and is sent as a frequency modulated signal.  To reduce the 

bandwidth requirement, the video signal is sent using a method called vestigial sideband that 

needs only 6 MHz, instead of the 9 MHz that would have been needed for dual sideband 

transmission, though, it is more than the 4.5 MHz that a pure single sideband transmission 

would have needed. 



 

Figure 3: Frequency modulation 

Frequency modulation is similar in practice to phase modulation (PM). When the instantaneous 

frequency of a carrier is varied, the instantaneous phase changes as well. The converse also 

holds: When the instantaneous phase is varied, the instantaneous frequency changes. But FM 

and PM are not exactly equivalent, especially in analog applications. When an FM receiver is 

used to demodulate a PM signal, or when an FM signal is intercepted by a receiver designed 

for PM, the audio is distorted. This is because the relationship between frequency and phase 

variations is not linear; that is, frequency and phase do not vary in direct proportion. 

Phase Modulation: 

In Phase Modulation, the phase of the AC signal wave, also called the carrier, varies in a 

continuous manner. Thus, there are infinitely many possible carrier phase states. When the 

instantaneous data input wave form has positive polarity, the carrier phase shifts in one 

direction; when the instantaneous data input waveform has negative polarity, the carrier 

phase shifts in the opposite direction. 

At every instant in time, the extent of carrier-phase shift (the phase angle) is directly 

proportional to the extent to which the signal amplitude is positive or negative.  

In PM transmission, the phase of the carrier signal is modulated to follow the changing voltage 

level (amplitude) of the modulating signal. The peak amplitude and frequency of the carrier 

signal remain constant, but as the amplitude of the information signal changes, the phase of 

the carrier changes correspondingly. It is proved mathematically that PM is the same as FM 

with one difference.  



In FM, the instantaneous change in the carrier frequency is proportional to the amplitude of 

the modulating signal; in PM the instantaneous change in the carrier frequency is proportional 

to the derivative of the amplitude of the modulating signal. The following figure shows the 

relationships of the modulating signal, the carrier signal, and the resultant PM signal. 

Phase modulation is similar in practice to frequency modulation (FM). When the instantaneous 

phase of a carrier is varied, the instantaneous frequency changes as well. The converse also 

holds: When the instantaneous frequency is varied, the instantaneous phase changes. But PM 

and FM are not exactly equivalent, especially in analog applications. When an FM receiver is 

used to demodulate a PM signal, or when an FM signal is intercepted by a receiver designed 

for PM, the audio is distorted. This is because the relationship between phase and frequency 

variations is not linear; that is, phase and frequency do not vary in direct proportion. 

PM is normally implemented by using a voltage-controlled oscillator along with a derivative. 

The frequency of the oscillator changes according to the derivative of the input voltage which 

is the amplitude of the modulating signal. 

PM Bandwidth : 

The actual bandwidth is difficult to determine exactly, but it can be shown empirically that it 

is several times that of the analog signal. Although, the formula shows the same bandwidth 

for FM and PM, the value of β is lower in the case of PM (around 1 for narrowband and 3 for 

wideband). 

  



 

Figure 4 : Phase Modulation 

 

3.5 ANALOG TO DIGITAL MODULATION 

To transmit analog message signals, such as voice and video signals, by digital means, the 

signal has to be converted to a digital signal. This process is known as the analog-to-digital 
conversion, or sometimes referred as digital pulse modulation. the actual frequencies 
contained in a sound made by a human is an analog signal, as is the amplitude or loudness 
of the sound.  One example of coding analog data in digital form is when, we want to record 
sound on digital media such as a DVD or in other forms such as MP3 or as a “.wav” file.  Here, 
the analog signal, that is, the musical composition or the human voice is encoded in digital 
form.  This is an example of analog to digital encoding.   Two important techniques of analog-

to-digital conversion are pulse code modulation (PCM) and delta modulation (DM). 

Pulse Code Modulation digitally signifies an analogue signal. This signal is sampled regularly 

at precise intervals. This signal is then quantized into numeric coding, usually binary coding. 

PCM is most usually found in telephone systems, keyboard pianos dating back to the 1980’s, 

audio found in computers, CD ‘red book’ formats, and digital video. 



One method of encoding is what is called Pulse Code Modulation (PCM).  This gives very 

good quality and when used in conjunction with error correction techniques, can be 

regenerated at every hop on the way to its final destination.  This is the big advantage of 

digital signals.  At every hop, errors can be removed and the original signal reconstructed 

almost exactly, barring the few errors that could not be corrected.   

The first step in PCM is, to convert the analog signal into a series of pulses (Figure 3).  This 

is called Pulse Amplitude Modulation (PAM).  To do this the analog signal is sampled at fixed 

intervals and the amplitude at each sample decides the amplitude of that pulse.  You can see 

that at this step, the resulting signal is still actually an analog signal because the pulse can 

have any amplitude, equal to the amplitude of the original signal at the time the sample was 

taken.  In PAM, the sampled value is held for a small time so that the pulse has a finite width.  

In the original signal the value occurs only for the instant at which it was sampled.   

One question that arises here is, how many samples do we have to take?  We would not want 

to take too many samples as that would be wasteful.  At the same time, if, we take too few 

samples, we may not be able to reconstruct the original signal properly.  The answer comes 

from Nyquist’s theorem, which states that, to be able to get back the original signal, we 

must sample at a rate, that is, at least twice that of the highest frequency contained in the 

original signal.   

The Nyquist Theorem, also known as the sampling theorem, is a principle that engineers 

follow in the digitization of analog signals. For analog-to-digital conversion (ADC) to result in 

a faithful reproduction of the signal, slices, called samples, of the analog waveform must be 

taken frequently. The number of samples per second is called the sampling rate or sampling 

frequency. 

Any analog signal consists of components at various frequencies. The simplest case is the sine 

wave, in which all the signal energy is concentrated at one frequency. In practice, analog 

signals usually have complex waveforms, with components at many frequencies. The highest 

frequency component in an analog signal determines the bandwidth of that signal. The higher 

the frequency, the greater the bandwidth, if all other factors are held constant. 

Suppose the highest frequency component, in hertz, for a given analog signal is fmax. 

According to the Nyquist Theorem, the sampling rate must be at least 2fmax, or twice the 

highest analog frequency component. The sampling in an analog-to-digital converter is 

actuated by a pulse generator (clock). If the sampling rate is less than 2fmax, some of the 

highest frequency components in the analog input signal will not be correctly represented in 

the digitized output. When such a digital signal is converted back to analog form by a digital-

to-analog converter, false frequency components appear that were not in the original analog 

signal. This undesirable condition is a form of distortion called aliasing. 



In sound and image generation, aliasing is the generation of a false (alias) frequency along 

with the correct one when doing frequency sampling. For images, this produces a jagged 

edge, or stair-step effect. For sound, it produces a buzz. 

Let us do some calculations to see what this means in practice.  In the next unit, you will see 

that a voice conversation over a telephone has a range of frequencies from 300 Hz to 3300 

Hz.  Because the highest frequency is 3300 Hz, we need at least 6600 samples a second to 

digitise the voice to be sent over a phone line.  For safety we take 8000 samples per second, 

corresponding to a sampling interval of 125 microseconds.   

The next stage in the digitization of the signal is quantisation.  The PAM samples are quantized 

and approximated to n-bit integer by using analog-to-digital converter. For example, if n = 4, 

then there are 16 (=24 ) levels available for approximating the PAM signals. This process 

introduces an error are known as quantization error. Quantization error depends on step 

size. Use of uniform step size leads to poorer S/N ratio for small amplitude signals. With the 

constraint of a fixed number of levels, the situation can be improved using variable step size. 

The effect of quantization error can be minimized by using a technique known as 

companding. In this case, instead of using uniform stage sizes, the steps are close together 

at low signal amplitude and further apart at high signal amplitude as shown in Fig. 2.4.18. It 

uses a compressor before encoding and expander after decoding. This helps to improve the 

S/N ratio of the signal  

In Quantization process, the analog values of the sampled pulses are quantised, that is, 

converted into discrete values.  For example, if the original analog signal had an amplitude 

ranging from +5v to –5v, the result of PAM might be to produce pulses of the following 

amplitudes (each sample is taken at say, intervals of 125 microseconds)   

+4.32, +1.78, -3.19, -4.07, -2.56, +0.08 and so on.   

In quantisation, we may decide to give the amplitude 256 discrete values.  So, they will range 

from –127 to +128.  The actual amplitude of +5v to –5v has to be represented in this range, 

which means each value is of 39 mV nearly.  By this token, the first value of +4.32v lies 

between 110 and 111, and we can decide that such a value will be taken as 110.  This is 

quantisation.  The analog values now become the following quantised values:   

110, 45, -81, -104, -65, 2 and so on.   

The above discrete values are now represented as 8 binary digits with, 1 bit giving the sign 

while the other 7 bits represent the value of the sample.   

In the final stage of the encoding, the binary digits are then transformed into a digital signal 

using any of the digital to digital encoding mechanisms discussed later in this unit.  This digital 

signal is now the representation of the original analog signal.   

PCM is commonly used to transmit voice signals over a telephone line.  It gives good voice  

but, is a fairly complex method of encoding the signal.  There is a simpler method that can be 



used, but we have to pay the price in terms of the lower quality of the encoded signal.  This 

is called Delta modulation.  Here, samples are taken as described above, but instead of 

quantising them into 256 or more levels, only the direction of change is retained.  If the 

sample is larger in value than the previous one, it is considered a 1 while otherwise it is 

considered a 0 bit.  So the sequence above would be encoded as:   

1, 0, 0, 0, 1, 1 and so on. 

 

 

Figure 5: Pulse Code Modulation 

 
 

Figure 6: Sampling methods use in PCM 

Limitations: 



The PCM signal has high bandwidth. For example, let us consider voice signal as input with 

bandwidth of 4 kHz. Based on Nyquist theorem, the Sampling frequency should be 8 kHz. If 

an 8-bit ADC is used for conversion to digital data, it generates data rate of 64 Kbps. 

Therefore, to send voice signal a data rate of 64 Kbps is required. To overcome this problem 

a technique known as Differential PCM (DPCM) can be used. It is based on the observation 

that voice signal changes slowly. So, the difference between two consecutive sample values 

may be sent. Since the signal changes slowly, the difference between two consecutive sample 

values will be small and fewer number of bits can be used with consequent reduction in data 

rates. 

Delta Modulation (DM) 

Delta Modulation is a very popular alternative of PCM with much reduced complexity. Here 

the analog input is approximated by a staircase function, which moves up or down by one 

quantization level (a constant amount) at each sampling interval. Each sample delta 

modulation process can be represented by a single binary digit, which makes it more efficient 

than the PCM technique. In this modulation technique, instead of sending the entire encoding 

of each and every sample, we just send the change from previous sample. If the difference 

between analog input and the feedback signal is positive, then encoded output is 1, otherwise 

it is 0. So, only one bit is to be sent per sample. Figure6 shows the Delta modulation operation. 

 

Figure 6: Delta modulation 

Advantages: 

Main advantage of Delta Modulation is its simplicity of implementation as shown in Figure 7. 

Each sample is represented by a single binary digit, which makes it more efficient than the 

PCM technique. Two important parameters:  

• The size of the step 



 • The sampling rate. 

In the transmitting end, the analog input is compared to the most recent value of the 

approximating staircase function at each sampling time. If the value of the sampled waveform 

that of the staircase function, a 1 is generated; otherwise a 0 is generated as shown in Figure 

6. The output of the DM is a binary sequence that can be used to reconstruct the staircase 

function at the receiving end as shown in Figure 7. 

Disadvantages: 

Fixed step size leads to overloading. Overloading occurs not only due to higher voltage, but 

due to its slope as shown in Fig.8. This problem can be overcome using adaptive delta 

modulation. The steps sizes are small, when the signal changes are small. The steps sizes are 

large, when the signal changes are large. 

 

Figure 7: Slope overloading 

 

Figure 8 Implementation of Delta modulation 

3.6 DIGITAL TO ANALOG MODULATION 



So far, we have looked at the codification of analog data, where the source information could 

take up any value.  We also have need for the reverse type of encoding, where binary digital 

values have to be encoded into an analog signal.  This may seem simple because after all, we 

only have to give two distinct values to the analog signal, but here you need to realise that, 

we have to be able to distinguish between successive digital values that are the same, say 

three 1’s in succession or two 0’s in succession.  These should not get interpreted as a single 

1 or a single 0 This sort of problem did not exist in the case of analog to analog encoding.   

One example where such encoding is needed is, when we need to transmit between 

computers over a telephone line.  The computers generate digital data, but the telephone 

system is analog.  So, this situation is a bit different from the transmission of voice over the 

telephone, where the source signal is also analog.  In this kind of encoding, one important 

factor of interest is the rate at which we can transfer bits.  Clearly, there will be some kind of 

limit to the amount of information that we can send in a given time.  This depends on the 

available bandwidth of the carrier signal, that is, the variation that we can permit around the 

nominal frequency as well as on the specific technique of encoding that we use.  Here it is 

important to understand two aspects of the rate of transfer of information.  The first is the bit 

rate, that tells us the number of individual bits that are transmitted per second.  The second, 

and more important from the transmission angle, is the baud rate.  This is the number of 

signal transitions per second that are needed to represent those bits.  For a binary system, 

the two are equal.  In general, the bit rate cannot be lower than the baud rate, as there has 

to be at least one signal transition to represent a bit.   

We have seen in analog to analog encoding that, the source signal modulates the base or 

carrier signal to convey the information that we want to transmit.  A similar principle is also 

used in digital to analog encoding.  The carrier signal has to be modulated, but this time by 

the digital signal, to produce the composite signal that is transmitted.  However, while in the 

analog case there were a potentially infinite number of values that could have been 

transmitted, here we have only two values ( 0 or 1) that will modulate the signal.   

If, there is no modulation, the carrier signal will be a pure sine wave at the frequency of 

transmission.  You will realise that the baud rate that can be supported also depends on the 

quality of the line and the amount of random noise that is present in the medium.  Like in 

analog-to-analog encoding, there are three properties of the sine wave that we can alter to 

convey information.  These are the amplitude, the frequency and the phase.  In addition, we 

can also use a combination of amplitude and phase change to encode information more 

efficiently.  Modulation is also referred to as shift keying in this type of encoding technique.   

There are three types of digital to analog modulation (Figure 9) 



 

Figure 9: Digital to Analog Modulation 

 

Now we will study each one individually.   

Amplitude Shift Keying (ASK) 

Amplitude Shift Keying (ASK) is a type of Amplitude Modulation which represents the 

binary data in the form of variations in the amplitude of a signal. 

Any modulated signal has a high frequency carrier. The binary signal when ASK modulated, 

gives a zero value for Low input while it gives the carrier output for High input. 

The following figure 10 represents ASK modulated waveform along with its input. 

 

Figure 10: ASK Modulated Waveform 



To find the process of obtaining this ASK modulated wave, let us learn about the working of 

the ASK modulator. 

ASK Modulator 

The ASK modulator block diagram comprises of the carrier signal generator, the binary 

sequence from the message signal and the band-limited filter. Following is the block diagram 

(figure 11) of the ASK Modulator. 

 

Figure 11: ASK modulator 

The carrier generator sends a continuous high-frequency carrier. The binary sequence from 

the message signal makes the unipolar input to be either High or Low. The high signal closes 

the switch, allowing a carrier wave. Hence, the output will be the carrier signal at high input. 

When there is low input, the switch opens, allowing no voltage to appear. Hence, the output 

will be low. 

The band-limiting filter shapes the pulse depending upon the amplitude and phase 

characteristics of the band-limiting filter or the pulse-shaping filter. 

Like amplitude modulation in the analog case, ASK is vulnerable to noise.  Amplitude changes 

easily as a result of the noise in the line, and if, the quantum of noise is great enough, it can 

result in an error.  This would mean that a 0 gets interpreted as a 1 at the receiving end, or 

vice versa.  Noise can occur as spikes or as a constant voltage that shifts the amplitude of the 

received signal.  Even thermal noise, that is fairly constant, can cause a 0 to be interpreted 

as a 1 or the other way round.   

To find the bandwidth requirement of an ASK encoded signal on an ideal, noiseless, line, we 

have to do a Fourier analysis of the composite signal.  This yields harmonics on either side of 

the carrier frequency, with frequencies that are shifted by an odd multiple of half the baud 

rate.  As most of the energy is concentrated in the first harmonic, we can ignore the others.  

It can then be shown that the bandwidth required for ASK encoding is equal to the baud rate 



of the signal.  So if we want to transfer data at 256 Kbps, we need a bandwidth of at least 

256 KHz.   

In a practical case, there will be noise in the line and this ideal cannot be achieved.  This 

increases the bandwidth requirement by a factor that depends on the line quality and the 

carrier amplitude.  ASK is a simple encoding method but is not commonly used by itself 

because of efficiency and quality issues.   

Frequency Shift Keying (FSK) 

Frequency Shift Keying (FSK) is the digital modulation technique in which the frequency of 

the carrier signal varies according to the digital signal changes. FSK is a scheme of frequency 

modulation. 

The output of a FSK modulated wave is high in frequency for a binary High input and is low 

in frequency for a binary Low input. The binary 1s and 0s are called Mark and Space 

frequencies. 

The following image is the diagrammatic representation of FSK modulated waveform along 

with its input. 

 

Figure 12: FSK modulated waveform 

To find the process of obtaining this FSK modulated wave, let us know about the working of 

a FSK modulator. 

FSK Modulator 

The FSK modulator block diagram comprises of two oscillators with a clock and the input 

binary sequence. Following is its block diagram. 



 

Figure 13: FSK modulator 

The two oscillators, producing a higher and a lower frequency signals, are connected to a 

switch along with an internal clock. To avoid the abrupt phase discontinuities of the output 

waveform during the transmission of the message, a clock is applied to both the oscillators, 

internally. The binary input sequence is applied to the transmitter so as to choose the 

frequencies according to the binary input. 

When a bit is encoded, the frequency changes and remains constant for a particular duration.  

The phase and the amplitude of the carrier are unaltered by FSK.  Just as in FM, noise in the 

line has little effect on the frequency and so, this method is less susceptible to noise.   

It is possible to show that an FSK signal can be analysed as the sum of two ASK signals.  One 

of these is centred around the frequency used for a 0 bit and the other for the frequency used 

for a 1 bit.  From this, it is easy to show that the bandwidth needed for an FSK signal is equal 

to the sum of the baud rate and the difference between the two frequencies.  Thus, the 

requirement of FSK is a higher bandwidth that helps us to avoid the noise problems of ASK.   

FSK is not much used in practice because of the need for higher bandwidth and the 

comparative complex requirement for changing the frequency. 

Phase Shift Keying (PSK) 

Phase Shift Keying (PSK) is the digital modulation technique in which the phase of the 

carrier signal is changed by varying the sine and cosine inputs at a particular time. PSK 

technique is widely used for wireless LANs, bio-metric, contactless operations, along with 

RFID and Bluetooth communications. 

PSK is of two types, depending upon the phases the signal gets shifted. They are − 



Binary Phase Shift Keying (BPSK) 

This is also called as 2-phase PSK or Phase Reversal Keying. In this technique, the sine wave 

carrier takes two phase reversals such as 0° and 180°. 

BPSK is basically a Double Side Band Suppressed Carrier (DSBSC) modulation scheme, for 

message being the digital information. 

Quadrature Phase Shift Keying (QPSK) 

This is the phase shift keying technique, in which the sine wave carrier takes four phase 

reversals such as 0°, 90°, 180°, and 270°. 

If this kind of techniques are further extended, PSK can be done by eight or sixteen values 

also, depending upon the requirement. 

BPSK Modulator 

The block diagram of Binary Phase Shift Keying consists of the balance modulator which has 

the carrier sine wave as one input and the binary sequence as the other input. Following is 

the diagrammatic representation (figure 14). 

 

 

Figure 14: BPSK Modulator 

The modulation of BPSK is done using a balance modulator, which multiplies the two signals 

applied at the input. For a zero binary input, the phase will be 0° and for a high input, the 

phase reversal is of 180°. 

Following is the diagrammatic representation (figure15) of BPSK Modulated output wave 

along with its given input. 



 

Figure 15: BPSK modulated output wave 

The output sine wave of the modulator will be the direct input carrier or the inverted (180° 

phase shifted) input carrier, which is a function of the data signal. 

This quality of PSK can be used to achieve more efficient encoding.  For example, instead of 

having only 2 phases, we could have four phases, 0, 90 degrees, 180 degrees and 270 

degrees.  Each of these phase shifts could represent 2 bits at one go, say, the combinations 

00, 01, 10 and 11 respectively.  Such a scheme is called 4-PSK.  The concept can be extended 

to higher levels and we could have 8-PSK to send groups of 3 bits in one go.  This method 

can be extended further, but at some point the sensitivity of the communication equipment 

will not be enough to detect the small phase changes and we are then limited for that reason.    

 

Figure 16a: 4-PSK 

 



 

Figure 16b: 8-PSK 

Clearly, the scheme is more efficient than ASK because, we can now achieve a higher bit rate 

from the same bandwidth.  It can be shown that the bandwidth required in 2PSK is the same 

as that needed in ASK.  But  the same bandwidth at 8-PSK can transmit thrice the number of 

bits at the same baud rate.   

Why can we not apply the same trick in ASK?  We could have 4, 8 or more amplitude levels 

to transmit 2, 3 or more bits in one signal transition.  The reason is that, ASK is vulnerable to 

noise and that makes it unsuitable for using many different amplitude levels for encoding.  

Similarly, FSK has higher bandwidth requirements and so we do not use this kind of technique 

there as, there is not much to be gained.   

Quadrature Amplitude Modulation (QAM) 

To further improve the efficiency of the transmission, we can consider combining different 

kinds of encoding.  While, at least one them has to be held constant, there is no reason to 

alter only one of them.  Because of its bandwidth requirements, we would not bother to 

combine FSK with any other method.  But it can be quite fruitful to combine ASK and PSK 

together and reap the advantages.  This technique is called Quadrature Amplitude Modulation 

(QAM).   

We have already seen how ASK is vulnerable to noise.  That is why the number of different 

amplitude levels is small while there may be more phase shift levels possible.  There are a 

large number of schemes possible in the QAM method.  For example 1 amplitude and 4 phases 

is called 4-QAM.  It is the same as 4-PSK because there is no change in the amplitude.  With 

2 amplitudes and 4 phases we can send 3 bits at a time and so this scheme is called 8-QAM 

(Figure 17).     



 

Figure 17: 4-QAM and 8-QAM constellation 

In practical application we use 3 amplitudes and 12 phases or 4 amplitudes and 8 phases.  

Although, this way, we should be able to send 4 bits at a time (this is 32QAM), to guard 

against errors, adjacent combinations are left unused.  So, there is a smaller possibility of 

noise affecting the amplitude and causing problems with the signal received.  As a further 

safeguard, in some schemes, certain amplitudes and phases are coupled, so that, some 

amount of error correction is possible at the physical layer itself.   

Note, that the errors we have talked of here are at the physical layer.  By using the appropriate 

techniques, at the data link layer we achieve error free transmission irrespective of the 

underlying mechanisms at the physical layer.  That is not something that will be looked at in 

this unit.   

It can be shown that QAM requires the same bandwidth as ASK or PSK.  So, we are able to 

achieve a much higher bit rate using the same baud rate.  That is why QAM is the method of 

encoding used currently in data communication applications. 

3.7 DIGITAL TO DIGITAL ENCODING 

A digital signal is a sequence of discrete, discontinuous voltage pulses. Each pulse is a signal 

element. Binary data are transmitted by encoding each data bit into signal elements. In the 

simplest case, there is a one-to-one correspondence between bits and signal elements. A 

simple example is when sending data from a computer to a printer, both of which understand 

digital signals.  The transmission has to be for short distances over the printer cable and 

occurs as a series of digital pulses.  Another example of such encoding is for transmission 

over local area networks such as an Ethernet, where the communication is between computer 

and computer.   

Line Coding 

The process for converting digital data into digital signal is said to be Line Coding. Digital data 

is found in digital format, which is binary bits. It is represented (stored) internally as series of 

1s and 0s 



 

Figure18 : Line Encoding 

This kind of encoding is really of three types and we will look at each of the types here.  Again, 

there can be many other mechanisms other than the ones discussed in this unit, but we will 

look at only the methods that are used in data communication applications.  These types are 

unipolar, polar and bipolar techniques. 

 

Figure 19: Line coding Scheme 

Unipolar Encoding 

Unipolar encoding only makes use of one polarity, i.e. positive voltage, to represent a binary 

1 and it uses an idle line to represent a binary 0, i.e. zero voltage. 

Unipolar line coding is a very basic method of encoding and is rarely used with most line 

encoding being either polar or bipolar or variations of these. 

This is a simple mechanism but is rarely used in practice because of the inherent problems of 

the method.  As the name implies, there is only one polarity used in the transmission of the 

pulses.  A positive pulse may be taken as a 1 and a zero voltage can be taken as 0, or the 

other way round depending on the convention we are using (Figure 20). Unipolar encoding 

uses less energy and also has a low cost. 



 

Figure: 20 Unipolar encoding 

What then are the problems that preclude widespread use of this technique?  The two 

problems are those of synchronisation and of the direct current (DC) component in the signal.   

[DC components: After line coding, the signal may have zero frequency component in the 

spectrum of the signal, which is known as the direct-current (DC) component. DC component 

in a signal is not desirable because the DC component does not pass through some 

components of a communication system such as a transformer. This leads to distortion of the 

signal and may create error at the output. The DC component also results in unwanted energy 

loss on the line.] 

In any digital communication system the transmitter and receiver have to be synchronised or 

all information may be lost.  For example, in determining when to consider the next bit to 

have started, a very useful mechanism is of using signal transition to indicate start of the next 

bit.  But, if there is a string of bits of the same value, then this method does not work.   

In such a case, we have to rely on the clock of the receiver to determine when a bit has 

ended.  This has potential problems because sometimes there can be delays at the 

transmission end which may stretch the time of transmission, causing the receiver to wrongly 

believe that there are more bits than is actually the case.  Moreover, drift in the clock of the 

receiver can also lead to difficulties.  So, we cannot directly rely on the transmitter and receiver 

clocks being accurate enough to achieve synchronisation.  One way out of this is, to send a 

separate timing pulse along with the signal on a separate cable, but this increases the cost of 

the scheme.   

Another problem with unipolar encoding is that the average voltage of the signal is non-zero.  

This causes a direct current component to exist in the signal.  This cannot be transmitted 

through some components of the circuit, causing difficulties in reception. 

 



Polar Encoding 

Unlike unipolar schemes, the polar methods use both a positive as well as a negative voltage 

level to represent the bits.  So, a positive voltage may represent a 1 and a negative voltage 

may represent a 0, or the other way round.  Because both positive and negative voltages are 

present, the average voltage is much lower than in the unipolar case, mitigating the problem 

of the DC component in the signal.   

The problem with this is that it is difficult to distinguish a series of '1's or '0's due to clock 

synchronisation issues. Also, the average DC voltage is 1/2V so there is high power output. 

In addition, the bandwidth is large i.e. from 0Hz to half the data rate because for every full 

signal wave, two bits of data can be transmitted (remember that with MPE the data rate 

equals the bit rate which is even more inefficient!) i.e. two bits of information are transmitted 

for every cycle (or hertz). 

After 50m of cable attenuation the signal amplitude may have been reduced to 100mV giving 

an induced noise tolerance of 100mV. 

We will look at three popular polar encoding schemes.   

Non-return to Zero (NRZ) is a polar encoding scheme which uses a positive as well as a 

negative voltage to represent the bits.  A zero voltage will indicate the absence of any 

communication at the time.  Here again there are two variants based on level and inversion.  

In NRZ-L (for level) encoding, it is the levels themselves that indicate the bits, for example a 

positive voltage for a 1 and a negative voltage for a 0.  On the other hand, in NRZ-I 

(inversion) encoding, an inversion of the current level indicates a 1, while a continuation of 

the level indicates a 0.   

Regarding synchronisation, NRZ-L is not well placed to handle it if, there is a string of 0’s or 

1’s in the transmission.  But NRZ-I is better off here as a 1 is signalled by the inversion of the 

voltage.  So every time a 1 occurs, the voltage is inverted and we know the exact start of the 

bit, allowing the clock to be synchronised with the transmitter.  However, this advantage does 

not extend to the case where there is a string of 1’s.  We are still vulnerable to losing 

synchronisation in such a case.    

The advantages of NRZ coding are:  

• Detecting a transition in presence of noise is more reliable than to compare a value to a 

threshold. • NRZ codes are easy to engineer and it makes efficient use of bandwidth. 



 

Figure 21: NRZ - L and NRZ-I encoding (transition because next bit is 1) 

Return to Zero (RZ) 

Problem with NRZ was the receiver cannot conclude when a bit ended and when the next bit 

is started, in case when sender and receiver’s clock are not synchronized. 

Return to Zero (RZ) is a method that allows for synchronisation after each bit.  This is achieved 

by going to the zero level midway through each bit.  So a 1 bit could be represented by the 

positive to zero transition and a 0 bit by a negative to zero transition.  At each transition to 

zero, the clocks of the transmitter and receiver can be synchronised.  Of course, the price one 

has to pay for this is a higher bandwidth requirement 

Key characteristics of the RZ coding are:  

• Three levels  

• Bit rate is double than that of data rate 

 • No dc component  

• Good synchronization 

 • Main limitation is the increase in bandwidth 

 

Figure 22: RZ encoding 



RZ uses three voltage levels, positive voltage to represent 1, negative voltage to represent 0 

and zero voltage for none. Signals change during bits not between bits 

There is one more flavour of polar encoding known as Biphase encoding. "Biphase encoding 

is a variation on polar encoding and is an effective answer to synhronisation problems. Biphase 

encoding works by changing the signal in the middle of the bit interval, however, the signal 

does not then return to zero it continues to the opposite pole. This mid-interval change is 

perfect for synchronisation purposes. Again this has two flavours called Manchester encoding 

and Differential Manchester  

Manchester encoding is a method of transmitting bits that allows the receiver to easily 

synchronize with the sender. Manchester encoding splits each bit period into two, and 

ensures that there is always a transition between the signal levels in the middle of each bit.  

When the Manchester code is used, the length of each data bit is set by default. This makes 

the signal self-clocking. The state of a bit is determined according to the direction of the 

transition. In some systems, the transition from low to high represents logic 1, and the 

transition from high to low represents logic 0. In other systems, the transition from low to 

high represents logic 0, and the transition from high to low represents logic 1. 

The chief advantage of Manchester encoding is the fact that the signal synchronizes itself. 

This minimizes the error rate and optimizes reliability. The main disadvantage is the fact that 

a Manchester-encoded signal requires that more bits be transmitted than those in the original 

signal. 

 

Figure 23: Manchester encoding 

In Differential Manchester, inversion in the middle of each bit is used for synchronization. 

The encoding of a 0 is represented by the presence of a transition both at the beginning and 

at the middle and 1 is represented by a transition only in the middle of the bit period.  

Key characteristics are: 

 • Two levels  

• No DC component 

 • Good synchronization  

• Higher bandwidth due to doubling of bit rate with respect to data rate 



 

Figure 24: Differential Manchester Encoding 

The bandwidth required for biphase techniques are greater than that of NRZ techniques, but 

due to the predictable transition during each bit time, the receiver can synchronize properly 

on that transition used to represent a 0 and a binary 1’s are represented by alternating positive 

and negative voltages.  

Bipolar Encoding : Bipolar AMI uses three voltage levels. Unlike RZ, the zero level is used 

to represent a 0 and a binary 1’s are represented by alternating positive and negative voltages, 

as shown in Figure 25. This way the DC component is done away with because, every 1 

cancels the DC component introduced by the previous 1.  This kind of transmission also 

ensures that every 1 bit is synchronised.  This simplest bipolar method is called Alternate Mark 

Inversion (AMI).  The problem with Bipolar AMI is that synchronisation can be lost in a long 

string of 0’s. 

 

Figure 25: Bipolar AMI Signal 

Pseudoternary: This encoding scheme is same as AMI, but alternating positive and negative 

pulses occur for binary 0 instead of binary 1. Key characteristics are 

• Three levels  

 • No DC comp 

 • Loss of synchronization  

• Lesser bandwidth 

Modulation Rate: Data rate is expressed in bits per second. On the other hand, modulation 

rate is expressed in bauds. General relationship between the two are given below: 

D = R / b = R / log2L 

 Where, D is the modulation rate in bauds, R is the data rate in bps, L is the number of 

different signal elements and b is the number of bits per signal element. Modulation rate for 

different encoding techniques is shown in Figure 26 



 

   Figure 26 : Modulation rate for different encoding techniques  

Scrambling Schemes : Extension of Bipolar AMI. Used  in case of long distance applications. 

Goals: 

•No dc component  

• No long sequences  

• No increase in bandwidth  

• Error detection capability  

• Examples: B8ZS, HBD3 

Bipolar with 8-zero substitution (B8ZS): The limitation of bipolar AMI is overcome in 

B8ZS, which is used in North America. A sequence of eight zero’s is replaced by the following 

encoding 

A sequence of eight 0’s is replaced by 000+ - 0 + -, if the previous pulse was positive. 

A sequence of eight 0’s is replaced by 000 - + 0 + -, if the previous pulse was negative 

High Density Bipolar-3 Zeros: Another alternative, which is used in Europe and Japan is 

HDB3. It replaces a sequence of 4 zeros by a code as per the rule given in the following table. 

The encoded signals are shown in Figure 27 

 



 

Figure 27: B8ZS and HDB3 encoding techniques 

3.8 SUMMARY   

In this unit, you have seen the need for data encoding and seen that there are four types of 

data encoding.  These arise from the fact that there are 2 source signal types and 2 

transmission types.  You have seen the different kinds of techniques used for each type of 

data encoding – analog-to-analog, analog to digital, digital to analog and digital-to-digital.  

The bandwidth needed, noise tolerance, synchronisation methods and other features of each 

different technique of encoding have been elaborated upon. 

We have studied different type of modulation: amplitude modulation, frequency modulation 

and phase modulation.  In AM, the carrier itself does not fluctuate in amplitude. In contrast 

to Amplitude Modulation, here it is the frequency of the base signal that is altered depending 

on the information that is to be sent.  The amplitude and phase of the carrier signal are not 

changed at all. In Phase Modulation, the phase of the AC signal wave, also called the carrier, 
varies in a continuous manner.   

The encoding of a message is the production of the message. It is a system of coded 

meanings, and in order to create that, the sender needs to understand how the world is 

comprehensible to the members of the audience. The decoding of a message is how an 

audience member is able to understand, and interpret the message. 

Line encoding is the process for converting digital data into digital signal . This kind of 

encoding is really of three types. These types are unipolar, polar and bipolar techniques. 

3.9 Questions for exercise 

1. Why do you need encoding of data before sending over a medium? 

2. What are the four possible encoding techniques? Give examples. 

3. Between RZ and NRZ encoding techniques, which one requires higher bandwidth and 

why? 



4. How does Manchester encoding differ from differential Manchester encoding? 

5. How Manchester encoding helps in achieving better synchronization? 

6. Why B8ZS coding is preferred over Manchester encoding for long distance 

communication? 

7. Distinguish between PAM and PCM signals? 

8. What is quantization error? How can it be reduced? 

9. Explain how and in what situation DPCM performs better than PCM 

10. Why analog-to-analog modulation technique is required? 

11. What are the possible analog-to-analog modulation techniques? 

12. Compare the bandwidth requirement of the three analog-to-analog modulation 

techniques? 

13. Between AM and FM, which one gives better noise immunity? 

14. What are the possible digital-to-analog modulation techniques? 

15. Why PSK is preferred as the modulation technique in modems? 

16. Out of the three digital-to-analog modulation techniques, which one requires higher 

bandwidth? 

17. Why do we need modulation?  Would it be right to simply send the information as the 

signal itself? 

18. Why is it that there are at most 50 FM radio stations in a particular geographical area?  

Justify with calculations. 

19. Why is AM the most susceptible to noise, of the three types of modulation? 

20. Why is PAM a necessary pre-requisite to PCM?  Why can we not use PCM directly? 

21. Data Encoding and Communication Technique   

22. What would be the minimum sampling interval needed for reconstructing a signal where 

the highest frequency is 1 KHz?    

23. What is the difference between the bit rate and the baud rate?  Explain with an example.    

24. If our equipment is able to reliably detect differences of voltage of up to 0.5 v, and the 

probability is 99.74% that noise will cause a change in the amplitude of our signal of no 

more than 0.2 v, then how many amplitude levels can one have if the peak signal strength 

is to vary from between +3v to –3v? 

25. If our equipment can reliably detect phase changes of up to 20O, how many phase levels 

can we use in a PSK system?    

26. Which type of encoding is most effective at removing the DC component in the signal 

and why? 

27. How does return to zero ensure synchronisation irrespective of the data that is 

transmitted?  What is its disadvantage? 



28. How can we reconstruct the correct signal inspite of pattern violation in bipolar encoding? 
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