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2.0 OBJECTIVES  

 
Data in all formats require to be converted into electromagnetic 
signals before it gets transmitted over a network. Example an 
image is converted into binary form and then encoded into a signal 
that gets transmitted over the network. Data can be converted from 
digital to analog and vice versa. In this chapter we will study 
different types of signal, data converting and line coding 
techniques. 
 

2.1 ANOLOG AND DIGITAL 

 
Analog and Digital Data: 

 Data exists in analog as well as digital forms.  
 An example of analog data is human voice. 
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 An analog sound wave gets created in the air when a human 
talks. Data stored in the memory of a computer is an 
example of digital data.  

 It is of the form 0’s and 1’s. 
 
Analog and Digital Signals: 

 Like data, signals too are analog and digital in nature.  
 An analog signal has infinitely many levels of intensities over 

a period of time. 
 If we consider two points on an analog signal, when the 

wave passes though these two points, it actually is passing 
through infinite number of points in between.  

 A digital signal on the other hand has only limited values,ie 0 
and 1.  

 Analog signals appear to be like smooth waves, changing 
smoothly and continuously with time.  

 On the other hand, a digital signal is more discrete in form. 
 
 
 
 
 
 
 
 

 
Figure : Analog and Digital signal 

 
 Analog as well as digital signals can take periodic and 

aperiodic forms.  
 A periodic signal completes a pattern within a measurable 

time frame, called a period and this pattern repeats itself at 
regular intervals.  

 Completion of a full pattern is called a cycle.  
 An aperiodic signal changes without exhibiting a pattern or a 

cycle. 
 

2.2  ANOLOG SIGNALS 

 Analog signals may be simple or composite.  
 A simple analog signal, a sine wave, cannot be decomposed 

into simpler signals.  
 A composite analog signal is made up of multiple sine 

waves. 
 
Sine Wave 

 The most fundamental periodic analog signal. 
 A simple oscillating curve which changes smoothly and 

consistently. 
 Each cycle contains a crest and a trough. 



 

WWW.ROCKTHEIT.COM  WWW.FACEBOOK.COM/ROCKTHEIT 

 

3 www.rocktheit.com 

-  

 Mathematically it is defined as s(t) = A sin (2ft + ) where s 
is the instantaneous amplitude, A is the peak amplitude, f the 

frequency and  is the phase. 
 The amplitude, frequency and phase are the three main 

characteristics of a sine wave. 
 Peak amplitude of a signal is the absolute value of its 

intensity, proportional to the energy that it carries. It is 
usually measured in volts. 

 
 Period refers to the amount of time, in seconds, taken to 

complete on cycle. 
 Frequency is the number of periods in one second. Or one 

may say the number of cycles completed in one second. 
 Period and Frequency are just one characteristic defined in 

two ways.  
 They are inverse of each other. So f = 1\T and T = 1\f. 
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 Phase describes the position of the waveform relative to 

time zero.  
 If we imagine that the wave can be shifted forward and 

backward on the X axis, then phase is that shift.  
 It is measured in degrees or radians. 

 
 
 
 
 
 
 
 
 

Note on Period and Frequency 
 Frequency is actually rate of change with respect to time. 
 Change in a short span of time means high frequency. 
 Change over a long span of time means low frequency. 
 Conceptually speaking, if a signal never changes at all, 

then it never completes a cycle.  
 In that case we say that it has frequency of 0Hz. Here the 

period is infinite, so frequency is taken as 1/. 
 On the other extreme if the signal changes 

instantaneously within no time then we say the frequency 
is infinite. Here the period is almost 0. So the frequency 
is 1/0. 

 
Examples of Sine Waves: 
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Time and Frequency Domains 

 The time-domain plot shows changes in signal amplitude 
with respect to time. The phase and frequency are not 
explicitly measured on a time-domain plot. 

 To show relationship between amplitude and frequency 
we can use the frequency-domain plot. The following 
figure compares the time-domain and the frequency-
domain. 

 

 

 
 The phase of a signal cannot be shown in a frequency 

domain. There is another domain for that. 
 
 
Composite Signals 
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 A simple sine wave is of no use for communication. 
 We need to change one of its characteristics to make it 

usable for communication. 
 After changing one of its characteristic, it no more 

remains a simple sine wave. It becomes a composite 
signal made of many simple sine waves. 

 Fourier showed that any composite signal is a sum of set 
of sine waves of different frequencies, phases and 
amplitudes. A composite signal can be written as follows: 

 s(t) = A1 sin (2f1t + 1) + A2 sin (2f2t + 2) + A3 sin (2f3t 

+ 3) + …   
 Consider the square wave shown below. According to 

Fourier analysis we can prove that this signal can be 
decomposed into a series of sine waves as follows. 

 
s(t) = 4A/ * sin2(f)t + 4A/3 * sin2(3f)t + 4A/5 * sin2(5f)t + … 

 We have a series of sine waves with frequencies f, 3f, 5f, 
7f… The term with frequency f is dominant and is called 
the fundamental frequency. The term with frequency 3f is 
called third harmonic, 5f fifth harmonic and so on. 

 To get the exact square wave, we would need to add 
infinite odd harmonics. 

 If we add just three harmonics, we get something that is 
close to the square wave. 

 
 
 
 
 
 
 
 
 
 The description of a signal using the frequency domain 

and containing all its components is called the frequency 
spectrum of that signal. 
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 The range of frequencies that a medium can pass is 

called its bandwidth. It is a range and is normally referred 
to as the difference between two numbers. 

 If the bandwidth of a medium does not match the 
spectrum of a signal, some of the frequencies are lost.  

 The following figure shows a frequency spectrum that 
depicts the range of frequencies a medium can pass. 

 
 
 
 
 
 
 
 
 

2.3 DIGITAL SIGNALS 

 
 Data can also be represented using digital signal. As 

shown in the figure below, 1 can be encoded as a 
positive voltage and a 0 as zero voltage. 

 
 
 

 Bit interval 
is the time 
required 
to send 
one single 
bit. Bit 
rate is the number of bit intervals per second. The bit rate 
is usually expressed as bits per second (bps). 



 

WWW.ROCKTHEIT.COM  WWW.FACEBOOK.COM/ROCKTHEIT 

 

8 www.rocktheit.com 

 
 
 
 
 
 
 
 
 
 

 Digital signal is actually a composite signal having infinite 
number of frequencies. In other words, we can state that 
the bandwidth of a digital signal is infinite. 

 Digital signal can be passed though a wide-bandwidth 
medium. Though some frequencies are lost enough 
frequencies are passed to preserve a decent signal 
shape. 

 For a band-limited medium, there is a minimum 
requirement for sending data. 

 Suppose a computer generates data at rate 6 bps. We 
may have 111111 or 101010 or any other combination of 
six bits. 

 If it’s a single frequency signal like 111111 or 000000 
then we can send a zero frequency signal to simulate it. 
This would be the best case. 

 In the worst case, the signal would be 101010 or 010101. 
This is due to more number of changes in the bits. 
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 In the above case, we would require a medium that can 
pass frequencies of 0 to 3 Hz i.e. a medium with 
bandwidth 3 Hz. 

 On generalizing the above discussion, we conclude that 
to send n bps though an analog channel, we require a 
bandwidth B such that B = n/2. 

 The above conclusion was for one harmonic. But 
sometimes to improve the shape of the signal for better 
communication we may add more harmonics. 

 If we add the third harmonic, then we would require 
bandwidth B = n/2 + 3n/2 = 4n/2 

 For third and fifth harmonic B = n/2 + 3n/2 + 5n/2 = 9n/2 
 So we have B >=n/2 

 

Bit Rate Harmonic 1 Harmonics 1, 
3 

Harmonics 1, 3, 
5  

Harmonics 1, 3, 5, 
7  

1 Kbps 500 Hz 2 KHz 4.5 KHz 8 KHz 

10 Kbps 5 KHz 20 KHz 45 KHz 80 KHz 

100 Kbps 50 KHz 200 KHz 450 KHz 800 KHz 

 The bit rate and bandwidth are proportional to each 
other. 

 
Analog versus Digital 
 

 The use of Analog or Digital signals depends upon the 
situation and the available bandwidth. 

 A channel or a link may be low-pass or band-pass. 
 A low-pass channel has a bandwidth with frequencies 

between 0 and f. 
 A band-pass channel has a bandwidth with frequencies 

between f1 and f2. 
 
 
 

 
 
 
 

 Digital signal theoretically needs a bandwidth between 0 
to infinity. The lower limit is fixed, whereas the upper limit 
can be relaxed to a lower level. So we may say that 
digital signals require a low pass channel. 

 An analog signal normally has a narrower bandwidth 
between frequencies f1 and f2. Thus an analog signal 
requires a band-pass channel. 
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2.4 DATA RATE LIMITS 

 
 Data rate depends on three factors: 
 The bandwidth available 
 The levels of signals we can use 
 The quality of the channel (the level of the noise).  
 Two theoretical formulas were developed to calculate the 

data rate: one by Nyquist for a noiseless channel, another by 
Shannon for a noisy channel. 

 For a noiseless channel, the Nyquist bit rate formula 
defines the theoretical maximum bit rate as BitRate = 2 × 
Bandwidth × log2L 

 In this formula, Bandwidth is the bandwidth of the channel, L 
is the number of signal levels used to represent data, and 
BitRate is the bit rate in bits per second. 

 According to Shannon Capacity formula: Capacity = 
Bandwidth × log2 (1 + SNR) 

 Bandwidth is the bandwidth of the channel, SNR is the 
signal-to-noise ratio, and Capacity is the capacity of the 
channel in bits per second. The signal-to-noise ratio is the 
statistical ratio of the power of the signal to the power of the 
noise. 
 

2.5 TRANSMISSION IMPAIRMENTS 

 
 Signals are never transmitted correctly.  
 That is, data at the source may not be exactly the same 

as data at the destination.  
 These imperfections in the transmitted data are called 

impairments. 
 Three types of impairment usually occur: attenuation, 

distortion, and noise. 
 Attenuation means loss of energy. When a signal, travels 

through a medium, it loses some of its energy so that it 
can overcome the resistance of the medium. That is why 
a wire carrying electrical signals gets warm, if not hot, 
after a while. 

 To compensate for this loss, amplifiers are used to 
amplify the signal. 

 
 
 
 
 
 
 
 

 To show that a signal has lost or gained strength, 
engineers use the concept of the decibel.  



 

WWW.ROCKTHEIT.COM  WWW.FACEBOOK.COM/ROCKTHEIT 

 

11 www.rocktheit.com 

 The decibel (dB) measures the relative strengths of two 
signals or a signal at two different points.  

 Note that the decibel is negative if a signal is attenuated 
and positive if a signal is amplified. 

 dB = 10 log10 (P2 /P1) where P1 and P2 are the powers 
of a signal at points 1 and 2, respectively. 

 Distortion means that the signal changes its form or 
shape. Distortion occurs in a composite signal, made of 
different frequencies. 

 
 
 Noise is another problem.  
 Several types of noise such as thermal noise, induced 

noise, crosstalk, and impulse noise may corrupt the 
signal.  

 Thermal noise is the random motion of electrons in a wire 
which creates an extra signal not originally sent by the 
transmitter. 

  Induced noise comes from sources such as motors and 
appliances.  

 These devices act as a sending antenna and the 
transmission medium acts as the receiving antenna. 

  Crosstalk is the effect of one wire on the other.  
 One wire acts as a sending antenna and the other as the 

receiving antenna.  
 Impulse noise is a spike (a signal with high energy in a 

very short period of time) that comes from power lines, 
lightning, and so on. 

 
 
 
 
 
 
 
 
Problems: 
 
Example 1: 
Express a period of 100 ms in microseconds, and express the 
corresponding frequency in kilohertz. 

100 ms = 100  10-3 s = 100  10-3  106 s = 105 s  
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Now we use the inverse relationship to find the frequency, 
changing hertz to kilohertz 

100 ms = 100   10-3 s = 10-1 s 

f = 1/10-1 Hz = 10   10-3 KHz = 10-2 KHz 
 
Example 2: 
A sine wave is offset one-sixth of a cycle with respect to time 
zero. What is its phase in degrees and radians? 
We know that one complete cycle is 360 degrees. Therefore, 
1/6 cycle is 

 (1/6) 360 = 60 degrees = 60 x 2 /360 rad = 1.046 rad 
 
Example 3: 
If a periodic signal is decomposed into five sine waves with 
frequencies of 100, 300, 500, 700, and 900 Hz, what is the 
bandwidth? Draw the spectrum, assuming all components have 
maximum amplitude of 10 V. 
B = fh - fl  = 900 - 100 = 800 Hz 
The spectrum has only five spikes, at 100, 300, 500, 700, and 
900 
 
 
 
 
 
 
 
Example 4: 
A signal has a bandwidth of 20 Hz. The highest frequency is 60 
Hz. What is the lowest frequency? Draw the spectrum if the 
signal contains all integral frequencies of the same amplitude. 
B = fh -  fl 
20 = 60 - fl 
fl = 60 - 20 = 40 Hz 
 

 
 
Example 5: 
A signal has a spectrum with frequencies between 1000 and 
2000 Hz (bandwidth of 1000 Hz). A medium can pass 
frequencies from 3000 to 4000 Hz (a bandwidth of 1000 Hz). 
Can this signal faithfully pass through this medium? 
The answer is definitely no. Although the signal can have the 
same bandwidth (1000 Hz), the range does not overlap. The 
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medium can only pass the frequencies between 3000 and 4000 
Hz; the signal is totally lost. 
 
Example 6: 
A digital signal has a bit rate of 2000 bps. What is the duration 
of each bit (bit interval) 
The bit interval is the inverse of the bit rate. 

Bit interval = 1/ 2000 s = 0.000500 s = 0.000500 x 106 s = 500 

s 
 
Example 7: 
Consider a noiseless channel with a bandwidth of 3000 Hz 
transmitting a signal with two signal levels. The maximum bit 
rate can be calculated as 
Bit Rate = 2 x 3000 x log22 = 6000 bps 
 
Example 8: 
Consider the same noiseless channel, transmitting a signal with 
four signal levels (for each level, we send two bits). The 
maximum bit rate can be calculated as: 
Bit Rate = 2 x 3000 x log24 = 12,000 bps 
 
Example 9: 
Consider an extremely noisy channel in which the value of the 
signal-to-noise ratio is almost zero. In other words, the noise is 
so strong that the signal is faint. For this channel the capacity is 
calculated as 
C = B log2(1 + SNR) = B log2(1 + 0) 
    = B log2(1) = B x 0 = 0 
 
Example 10: 
We can calculate the theoretical highest bit rate of a regular 
telephone line. A telephone line normally has a bandwidth of 
3000 Hz (300 Hz to 3300 Hz). The signal-to-noise ratio is 
usually 3162. For this channel the capacity is calculated as 
C = B log2 (1 + SNR) = 3000 log2 (1 + 3162) = 3000 log2 (3163) 
C = 3000 x 11.62 = 34,860 bps 
 
Example 11: 
We have a channel with a 1 MHz bandwidth. The SNR for this 
channel is 63; what is the appropriate bit rate and signal level? 
First, we use the Shannon formula to find our upper limit. 
C = B log2 (1 + SNR) = 106 log2 (1 + 63) = 106 log2 (64) = 6 
Mbps 
Then we use the Nyquist formula to find the number of signal 
levels. 
4 Mbps = 2 x 1 MHz x log2 L 
L = 4 
 
Example 12: 
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Imagine a signal travels through a transmission medium and its 
power is reduced to half. This means that P2 = 1/2 P1. In this 
case, the attenuation (loss of power) can be calculated as 
10 log10 (P2/P1) = 10 log10 (0.5P1/P1) = 10 log10 (0.5) 

    = 10(–0.3) =  –3 dB 
 
Example 13: 
Imagine a signal travels through an amplifier and its power is 
increased ten times. This means that P2 = 10 x P1. In this case, 
the amplification (gain of power) can be calculated as 
10 log10 (P2/P1) = 10 log10 (10P1/P1)  
  = 10 log10 (10) = 10 (1) = 10 dB  
 
Example 14: 
One reason that engineers use the decibel to measure the 
changes in the strength of a signal is that decibel numbers can 
be added (or subtracted) when we are talking about several 
points instead of just two (cascading). In Figure 3.22 a signal 
travels a long distance from point 1 to point 4. The signal is 
attenuated by the time it reaches point 2. Between points 2 and 
3, the signal is amplified. Again, between points 3 and 4, the 
signal is attenuated. We can find the resultant decibel for the 
signal just by adding the decibel measurements between each 
set of points. 

 
dB = –3 + 7 – 3 = +1 
 
 

 

2.6    PERFORMANCE 

 Bandwidth 

 Bandwidth is term to measure network performance. 
 We can measure bandwidth in two domains: 

1. Bandwidth in Hertz          2. Bandwidth in bits per seconds 
 Bandwidth in hertz is the range of frequency in the 

composite signal. 
 Bandwidth in bits per seconds is the number of bits 

transmitted per second through a transmission channel. 
Throughput 
 Network throughput is the average rate of successful 

message delivery over a communication channel.  
 This data may be delivered over a physical or logical link, or 

pass through a certain network node.  
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 The throughput is usually measured in bits per second (bit/s 
or bps), and sometimes in data packets per second or data 
packets per time slot. 

Latency (Delay) 

 Latency, a synonym for delay, is an expression of how much 
time it takes for a packet of data to get from one designated 
point to another.  

 The latency assumption seems to be that data should be 
transmitted instantly between one point and another (that is, 
with no delay at all).  
The contributors to network latency include: 

 Propagation: This is simply the time it takes for a packet to 
travel between one place and another at the speed of light. 

 Transmission: The medium itself introduces some delay. 
The size of the packet introduces delay in a round trip since 
a larger packet will take longer to receive and return than a 
short one. 

 Processing: Each gateway node takes time to examine and 

possibly change the header in a packet. 

Jitter 

 Jitter is different delay in arrival of packets at the destination. 

 It’s a time based error. 

 Jitter creates major problem with time sensitive data such as 

Live broadcast, VoIP, etc. 

 

2.7  LINE CODING 

 

 It is a process of converting binary data, a sequence of 
bits, to digital signal. 

 
 

 
 
 
 
 
 
 
 
Characteristics of line coding 
 

Signal Level vs. Data Level: 
 A digital signal can have only limited number of values 

out of which only some may be used to represent data. 
 The number of values allowed in a particular signal is 

referred to as number of signal levels. 
 The number of values used to represent data is referred 

to as data levels. 
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Pulse Rate vs. Data Rate: 

 Pulse rate is defined as number of pulses per second. A 
pulse is minimum amount of time required to transmit a 
symbol. 

 Bit rate defines number of bits per second. 
 If one pulse carries one bit then the pulse rate and bit 

rate is the same. 
 If a pulse carries more than one bit then the bit rate is 

greater than the pulse rate. 
 In general, BitRate = PulseRate x log2L where L is the 

number of data levels in the signal. 
 
 
DC Components: 

 Some line coding techniques leave behind an 
undesirable, residual direct-current component. 

 The disadvantage of DC Component is that it does not 
pass though mediums that do not support DC 
Component. So the signal may not be allowed to pass 
through some mediums. 

 Another disadvantage is that this component is extra 
energy residing on the lone and is useless. 

 In the first figure below, the signal has DC component as 
positive voltages are not canceled by negative voltages. 
The second figure has no DC component. 

 
 
 
 
 
 

two 



 

WWW.ROCKTHEIT.COM  WWW.FACEBOOK.COM/ROCKTHEIT 

 

17 www.rocktheit.com 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Self Synchronization: 
 For correct interpretation of the signal received from the 

sender, the receivers bit intervals must correspond exactly to 
the senders bit intervals. 

  If the receiver’s clock is faster or slower, he might interpret 
the signal in a very different manner. 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 

 A self synchronizing digital signal includes timing 
information of the data being sent. 

 This can be achieved if there are transitions in the signal 
that alert the receiver of the beginnings, middle or end of 
the pulse. 

 

 2.8 LINE CODING SCHEMES 
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Line coding schemes are divided into three main categories 
Unipolar, Polar and Bipolar. 
 
Unipolar 

 Unipolar encoding is very simple and very primitive way 
of encoding. 

 Digital transmission systems send voltage pulses over a 
medium while communication. 

 In general, a voltage level of one stands for binary 0 and 
another stands for binary 1. 

 Polarity of a pulse refers to whether it is positive or 
negative. 

 Unipolar is so named as it has only one polarity. This is 
usually assigned to 1 and 0 is represented as no voltage. 

 
 
 
 
 
 
 
 
 

 Unipolar encoding has two problems that make it 
undesirable. It contains a DC component and there is 
lack of synchronization.  

 The average amplitude of a unipolar signal is always non 
zero. This creates the DC component. 

 If the data contains long sequences of 1s or 0s, there is 
no change in the signal and that can cause potential 
synchronization problems at the receiver. 

 
Polar 

 Polar encoding makes use of two voltage levels, positive 
and negative. By doing so, the average voltage level is 
reduced to almost 0 and the DC component problem is 
solved. 

 There are four important variations of Polar encoding: 
Non Return to Zero (NRZ), Return to Zero (RZ), 
Manchester and Differential Manchester. 

 
Non Return to Zero (NRZ): 

 The value of the signal is always either positive or 
negative. There are two popular forms of NRZ. 

 
 In NRZ-L (NRZ-level) encoding, the level of the 

signal depends upon the type of bit that it 
represents. 

 A positive voltage usually means bit 0 and a 
negative voltage means bit 1. 
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 A problem may arise if the data contains a long 
sequence of 1s or 0s. So we conclude that there is 
a problem of synchronization. The sender-receiver 
clocks need to be synchronized in this. 

 
 In NRZ-I (NRZ-invert), an inversion of the voltage 

level represents bit 1. 
 So the transition between positive – negative 

voltage determines the bit and not the level itself. 
 A bit 0 is represented by no change in NRZ-I. 
 NRZ-I is better than NRZ-L because of the 

synchronization it provides in data containing 
continuous 1s. 

 A string of 0s would still cause synchronization 
problems in transmission. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Return to Zero (RZ): 
 In the previous encoding scheme we saw that the 

main drawback was synchronization. 
 In RZ, to ensure synchronization, there is a signal 

change for each bit. 
 RZ makes use of three levels: positive, negative 

and zero. Here the signal changes not between 
the bits, but during each bit. 

 A positive voltage means 1 and a negative voltage 
means 0. 

 Halfway though each bit interval, the signal returns 
to 0. 

 Bit 1 is actually represented by a positive-to-zero 
and bit 0 is represented by negative-to-zero. 
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 The main disadvantage here is that it requires two 
signal changes to encode a bit and therefore it 
takes up more bandwidth. 

 It is still considered to be superior to NRZ. 
 

Manchester: 
 Manchester encoding uses an inversion at the 

middle of each bit interval for both synchronization 
and bit representation. 

 A negative-to-positive transition represents bit 1, 
whereas a positive-to-negative transition 
represents bit 0. 

 Since this technique uses a single transition for 
dual purpose (synchronization and bit 
representation) and uses only two levels of 
amplitude, it is better than RZ. 

 
 
 
 
 
 
 
 

Differential Manchester: 
 In differential Manchester, the inversion in the 

middle of the bit interval is used for 
synchronization. But the presence or absence of 
an additional transition at the beginning of the 
interval is used to identify the bit. 

 A transition means bit 0 and no transition means 
bit 1. 

 Differential Manchester requires two signal 
changes to represent bit 0, but only one signal 
change to represent bit 1. 
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Bipolar 

 Bipolar uses three voltage levels: positive, negative and 
zero. The zero level here is used to represent bit 0. 

 The 1s are represented by alternating positive and 
negative voltages. This alternation occurs even when the 
1 bits are not consecutive. 

 A common bipolar encoding scheme is called alternate 
mark inversion (AMI). Here, voltages used to represent 
1s keep alternating. 

 
 
 
 
 
 
 
 
 
 
 
 

 To solve the problem of synchronization for sequential 
0s, a modification of bipolar AMI called BnZS (bipolar n-
zero substitution) is used. 

 In this scheme, whenever n consecutive zeros occur in 
the sequence, some of the bits in these n bits become 
positive or negative which helps in synchronization. The 
receiver requires having some special information to 
differentiate 0s from other data. 

  
Some other schemes 
 2B1Q (two binary, one quaternary):  

 This scheme uses four voltage levels. Each pulse can 
then represent 2 bits, making each pulse more 
efficient. 
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 MLT-3 (Multiline transmission, three level):  
 It is very similar to NRZ-I, but it uses three levels of 

signals (+1, 0 and -1). The signal transitions from one 
level to the next at the beginning of a 1 bit. There is 
no transition at the beginning of a 0 bit. 

 
 

 
 
 

 
 
 
 
 
 

Block Coding 
 

 In order to ensure 
synchronization, some level 
of redundancy needs to be 
added to the data that is 
transmitted. Also some 
redundant bits may be 
added for detecting errors. 

 Block Coding is an 
extension of line coding that 
achieves the above goals. 

 The three main steps in block coding are: division, 
substitution and line coding. 

 Division involves dividing the sequence of bits into groups of 
m bits each. 

 Substitution is the main part of block coding where we 
substitute an m-bit code by an n-bit group (n>m). A strategy 
or policy is applied to select n-bit codes for the m-bit ones 
such that it helps us in synchronization and error detection. 

 After substitution any of the line coding scheme may be used 
for creating a signal. 

 The following are some of the common block codes: 
 4B/5B: 
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A 5-bit code is substituted in the place of a 4-bit code. 
With a 4-bit code we have 16 different groups. But 
with a 5-bit code we can have 32 groups. This means 
some of the 5-bit codes are not 
used. Here we use 5-bit codes that 
do not have more than three 
consecutive 0s or 1s. This is useful 
even for error detection as only a 
subset of the 5-bit codes is used. 
So if the receiver receives one of 
the unused codes, an error can 
easily be detected. 
 
In 4B/5B the selection of the code is 
such that each code contains no 
more than one leading 0 and no more than two trailing 
0s. Hence no more than 3 consecutive 0s are 
encountered in the code. 

 
 8B/10B: 

Group of 8-bits are substituted by groups of 10-bits. It 
provides more error detection capabilities than 4B/5B. 
 

 8B/6T: 
The above two block coding services are good for 
synchronization and error detection, but they require 
an increase in the bandwidth. 8B/6T substitutes an 8-
bit group by a six symbol code. However each signal 
is ternary, i.e. it has three signal levels. An 8 bit code 
would have 256 (28) possibilities, whereas a 6-bit 
ternary code would have 729 (36) possibilities. 
 

 
 
 

2.9    ANALOG TO DIGITAL CONVERSION 

 
 Sometimes the source data may not be digital in nature. In 

order to convert analog data into binary for line coding, we 
use a technique called sampling. 

 Pulse Amplitude Modulation (PAM) is a technique that takes 
an analog signal, 
samples it and 
generates a 
series of pulses 
based on that. 
The term 
sampling means 
measuring the 
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amplitude of the signal at equal intervals. 
 PAM is a foundation of an important method called Pulse 

Code Modulation (PCM). 
 PAM makes use of a technique called Sample and Hold. At 

a given moment, the signal is read and then briefly held. 
 PCM modifies the pulses created by PAM to create a 

complete digital signal. 
 PCM first quantizes the PAM pulses. Quantization is a 

method of assigning integral values in a specific range. 
 
 
 
 
 
 
 
 
 
 
 
 

 Each quantized value is then converted into binary 
equivalents. 

 This binary data is then converted into digital signals 
using any line coding scheme. 
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 Sampling Rate: Nyquist Theorem 
 Accuracy of digital signals depends on the number of 

samples taken. According to Nyquist theorem, to 
ensure accurate reproduction of the original signal 
using PAM, the sampling rate must be at least twice 
the highest frequency of the original signal. So if we 
want to sample a telephone voice with a maximum 
frequency 4000Hz, we need a sampling rate of 8000 
samples per second. 

 After finding the sampling rate, we may try to find out 
the number of bits per sample. This would depend on 
the level of precision required. Then the bit rate can 
be calculated using the formula: Bit Rate = Sampling 
Rate x number of bits per sample. 
 

2.10     TRANSMISSION MODE 

 
 Transmission of data across a link may be parallel or serial 

in nature. Serial transmission further may be classified as 
synchronous or asynchronous. 

 In parallel transmission 
binary data is organized into 
groups of n bits each. 
Computers produce or 
consume data in such groups. 
By grouping one is able to 
send n bits at a time instead of 
a single bit. This is parallel 
transmission. 

 The main advantage of parallel transmission is the speed. It 
is increased by a factor of n. But the main disadvantage is 
the cost as it would require n parallel transmission lines. 

 In serial transmission one bit 
follows the other and so we 
need only one communication 
link. The main advantage here 
is the reduction in cost. 
Obviously the speed is much 
lower than in parallel. 

 
 Asynchronous transmission 

is so named because the timing of the signal is not 
important. Information is transmitted on the basis of agreed 
upon patterns. As long as these patterns are followed, the 
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data can be sent and received regardless of what rhythm it 
follows. 

 The link is usually maintained at active high. This means if 
no communication is happening the link carries a series of 
1s. The sender adds an extra 0 bit in the beginning of a byte. 
This is referred 
to as the start bit 
and it alerts the 
receiver that 
data is coming 
in. The last bit is 
called the stop 
bit and is a 1-bit. 

 The start and 
stop bit alerts the receiver of the beginning and the end of 
data. They don’t need to be explicitly synchronized and 
hence the name asynchronous. 

 There is some level of internal synchronization at the 
receiver though. This lasts for the duration of one byte. 
When the receiver receives the start bit, it starts a timer. It 
begins counting the bits that are coming in. After n bits the 
receiver looks for the stop bit and as soon as it detects the 
stop bit, it waits for the next start bit. 

 The addition of start and stop bit makes this form of 
transmission slower. But it is somewhat cheap and effective. 

 
 In synchronous transmission the bit stream is combined into 

longer frames that contain multiple bytes. There is no gap or 
start stop bits between the bytes. It is left onto the receiver to 
separate the bit stream into bytes for decoding. In other 
words the data is transmitted as an unbroken string of 1s 
and 0s. The receivers clock needs to be synchronized with 
that of the sender and hence the name synchronous 
transmission. Timing becomes very important here. The 
advantage here is the speed. With no extra bits in the data 
transmitted, one can achieve more effective speed in this 
form of serial communication. 

 
 
 
 
 
 
 
 
 
Problems: 
 
Example 1: 
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A signal has two data levels with pulse duration of 1ms. We 
calculate the pulse rate and bit rate as follows:  
Pulse Rate = 1/10-3 = 1000 pulses/s 
Bit Rate = Pulse Rate x log2L = 1000 x log22 = 1000 bps 
 
Example 2: 
A signal has four data levels with pulse duration of 1ms. We 
calculate the pulse rate and bit rate as follows: 
Pulse Rate = 1000 pulses/s 
Bit Rate = Pulse Rate x log2L = 1000 x log24 = 2000 bps 
 
Example 3: 
In a digital transmission, the receiver clock is 0.1 percent faster 
than the sender clock. How many extra bits per second does the 
receiver receive if the data rate is 1 Kbps? How many if the data 
rate is 1 Mbps? 
At 1 Kbps: 
1000 bits sent 1001 bits received 1 extra bps 
At 1 Mbps:  
1,000,000 bits sent  1,001,000 bits received 1000 extra bps 
 
Example 4: 
What sampling rate is needed for a signal with a bandwidth of 
10,000 Hz (1000 to 11,000 Hz)? 
The sampling rate must be twice the highest frequency in the 
signal: 
Sampling rate = 2 x (11,000) = 22,000 samples/s 
 
Example 5: 
A signal is sampled. Each sample requires at least 12 levels of 
precision (+0 to +5 and -0 to -5). How many bits should be sent for 
each sample? 
We need 4 bits; 1 bit for the sign and 3 bits for the value. A 3-bit 
value can represent 23 = 8 levels (000 to 111), which is more than 
what we need. A 2-bit value is not enough since 22 = 4. A 4-bit 
value is too much because 24 = 16. 
 
Example 6: 
We want to digitize the human voice. What is the bit rate, assuming 
8 bits per sample?  
The human voice normally contains frequencies from 0 to 4000 Hz.  
Sampling rate = 4000 x 2 = 8000 samples/s 
Bit rate = sampling rate x number of bits per sample 
             = 8000 x 8 = 64,000 bps = 64 Kbps 
 

2.11     DIGITAL TO ANALOG CONVERSION 

 
Modulation of Digital Data 
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 Modulation of binary data or digital-to-analog modulation is 
the process of changing one of the characteristics of an 
analog signal based on 
the information in the 
digital signal. 

 As we know, a sine wave 
is described using its 
three characteristics: amplitude, frequency and phase. When 
we vary one of these characteristic, a different version of that 
wave gets created. So by changing one aspect of a simple 
electric signal, we can use it to represent digital data. The 
three mechanisms for modulating digital data are: Amplitude 
Shift Keying (ASK), Frequency Shift Keying (FSK) and 
Phase Shift Keying (PSK). 

 A fourth method that combines amplitude and phase 
modulation is called Quadrature Amplitude Modulation. 

 
Aspects of Digital-to-Analog Conversion 

 Bit Rate and Baud Rate: 
 Bit rate is the number of bits transmitted per unit time. 

Baud rate refers to the number of signal units per 
second that are required to represent those bits. A 
signal unit is composed of one or more bits. The baud 
rate determines the bandwidth required to send a 
signal. 

 Bit Rate = Baud Rate x Number of bits represented 
per signal 

 Carrier Signal: 
 In analog transmission, the sending device produces a 

high-frequency signal that acts as a basis for the 
information signal. This base signal is called the carrier 
signal or the carrier frequency. The receiving device 
tunes itself to this frequency. Digital information then 
modulates the carrier signal by modifying one or more of 
its characteristics. This kind of modification is called 
modulation and the information signal is called the 
modulating signal. 

 
Amplitude Shift Keying (ASK) 
 In ASK the strength of the 

carrier signal is varied to 
represent binary 1 or 0. 
There is no change to the 
frequency or the phase. 

 ASK transmissions are 
highly susceptible to noise 
interference. Noise voltages 
combine with the signal and 
change the amplitude. As 
noise affects the amplitude 
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this method is most affected by noise. 
 A popular ASK technique is called on/off keying (OOK). In OOK 

one of the bit values is represented by no voltage. The 
advantage is reduction in the amount of energy. 

 When we decompose an ASK 
modulated signal we get a 
spectrum of many simple 
frequencies. The most significant 
ones are those between fc – 
Nbaud/2 and fc + Nbaud/2 with the 
carrier frequency fc at the middle. 

 Bandwidth for ASK is calculated 
as BW = (1 + d) x Nbaud, where 
BW is the bandwidth, Nbaud is the 
baud rate and d is a factor related to modulation process (its 
min value is 0). 

 The minimum bandwidth for transmission is equal to the baud 
rate. 

Frequency Shift Keying (FSK) 
 In FSK, the frequency of the 

carrier signal is varied to 
represent binary 1 or 0. The 
frequency of the signal 
depends upon the bit. The 
peak amplitude and the 
phase remain constant. 

 
 FSK avoid most of the 

problems related to 
noise. The limiting factor 
for FSK is the physical 
capability of the carrier. 

 Although FSK shifts between two carrier frequencies, we 
analyze it as coexisting frequencies. 

 We can look upon the frequency spectrum for an FSK signal 
as a combination of two ASK spectra, centered on fc0 and fc1. 

 The bandwidth required for FSK transmission is equal to 
baud rate of the signal plus the frequency shift. 

 BW = fc1 - fc0 + Nbaud 
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Phase Shift Keying (PSK) 
 In PSK, the phase of the carrier is varied to represent binary 1 

or 0. The peak amplitude and the frequency remains the same. 
Only the phase changes. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 For example if we start a phase of 0 to represent binary 0, then 

we can change the phase to 180 to send binary 1. The phase 
of the signal depends upon the bit it is representing. 

 The above method is often called 2-PSK, or binary PSK as it 
uses two different phases.  

 
 
 
 
 A constellation or phase-state diagram shows the relationship 

by illustrating only the phases. 
 PSK is not susceptible to noise that affects ASK. It does not has 

bandwidth limitations like the one we saw in FSK. Hence a small 
variation in the signal can be detected reliably by the receiver. 

 In PSK, we can also have four variations of the signal and each 
phase shift would denote two bits. 
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 A phase of 0 represents 00, 90 represents 01, 180 represents 

10 and 270 represents 11. This technique is called 4-PSK or Q-
PSK. The pair of bits represented by each phase is called a 
dibit. We can transmit data twice as efficiently using 4-PSK as 
we can using 2-PSK. 

 We can also extend this idea to 8-PSK. We can vary the phase 

shifts by 45. Each shift can now represent 
3 bits (1 tribit). 

 If we have two phase shifts, then the 
number of bits per phase was 1. (21 = 2). 

 If we have four phase shifts, then the 
number of bits per phase is 2. (22 = 4). 

 If we have eight phase shifts, then the 
number of bits per phase is 3. (23 = 8). 

 
 
 
 The minimum bandwidth required for PSK transmission is the 

same as that required for ASK transmission. 
 But, as we have seen, the maximum bit rate in PSK is 

potentially much greater than that of ASK. 
 So while maximum baud rates of ASK and PSK are the same 

for a given bandwidth, PSK bit rates using the same bandwidth 
can be 2 or more times greater. 

 
Quadrature Amplitude Modulation (QAM) 
 In PSK, the equipments have to distinguish between the small 

differences in the phase. 
 QAM, combines ASK and PSK so that one can have x 

variations in phase and y variations in amplitude and hence a 
total of x times y variations. 

 QAM has many possible variations. The following figures show 
4-QAM and 8-QAM. In both these cases, the number of 
amplitude shifts is fewer than the number of phase shifts. 
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 The time-domain plot for 8-QAM is given as below: 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 Many other combinations are also possible. The three most 

popular 16-QAM configurations are shown below: 
 

 
 
 
 
 
 
 
 
 

 
 

 The first example is an ITU-T recommendation and handles 
noise best. The second one is an OSI recommendation where 
not every intersection of phase and amplitude is used for 
greater reliability. 

 The bandwidth required for QAM is the same as that for ASK 
and PSK transmissions. 

 
Bit and Baud 
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Modulation Units Bits/Baud Baud rate Bit Rate 

ASK, FSK, 2-PSK Bit 1 N N 

4-PSK, 4-QAM Dibit 2 N 2N 

8-PSK, 8-QAM Tribit 3 N 3N 

16-QAM Quadbit 4 N 4N 

32-QAM Pentabit 5 N 5N 

64-QAM Hexabit 6 N 6N 

128-QAM Septabit 7 N 7N 

256-QAM Octabit 8 N 8N 
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2.12     ANOLOG TO ANALOG CONVERSION 

 
Modulation of Analog Signals 

 Modulation of an analog signal or analog-to-analog 
modulation is the representation of analog information by an 
analog signal. 

 The reason why one needs to modulate an analog signal to 
get again a modulated analog signal is that the medium may 
have a band pass nature. 

 Example is the radio network. Each radio station produces a 
low pass signal, but to listen to different stations, the low 
pass signals need to be shifted, each to a different range. 

 
 
 
 
 
 
 

 Different types of analog-to-analog modulation techniques 
are amplitude modulation (AM), frequency modulation (FM) 
and phase modulation (PM). 
 

 
Amplitude Modulation (AM) 

 In AM transmission, the carrier signal is modulated so that its 
amplitude varies with the 
changing amplitudes of the 
modulation signal. 

 The frequency and the phase 
remains the same; only the 
amplitude changes to follow 
variations in the information. 

 The modulating signal 
becomes an envelope of the 
carrier. 

 The bandwidth of an AM 
signal is equal to twice the 
bandwidth of the modulating 
signal. 

 The bandwidth of an audio 
signal is usually 5 KHz. 
Therefore the AM radio station 
needs a minimum bandwidth 
of 10 KHz. In fact Federal 
Communications Commission 
(FCC) allows 10 KHz for each 
AM station. 

 AM stations are allowed 
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carrier frequencies anywhere between 530 and 1700 KHz. 
However each stations frequency must be separated from 
those on either side of it by at least 10 KHz to avoid 
interference. 

  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Frequency Modulation (FM) 

 In FM transmission, the 
frequency of the carrier signal 
is modulated to follow the 
changing voltage level of the 
modulating signal. 

 The peak amplitude and the 
phase of the carrier signal 
remains the same, but as the 
amplitude of the information 
signal changes, the frequency 
of the carrier signal changes 
correspondingly. 

 The bandwidth of an FM 
signal is equal to 10 times the 
bandwidth of the modulating 
signal. 

 The bandwidth of an audio 
signal broadcast in stereo is 
almost 15 KHz. Each FM radio 
station, therefore, needs a 
minimum bandwidth of 150 
KHz. The FCC allows 200 
KHz for each station to 
provide some room for guard 
bands. 
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 FM stations are allowed 
carrier frequencies anywhere 
between 88 and 108 MHz. 
Stations must be separated by 
at least 200 KHz to keep their 
bandwidths from overlapping. 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Phase Modulation (PM) 

 Due to simpler hardware requirements, phase modulation is 
used in some systems as an alternative to frequency 
modulation. 

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

 The analysis and final results are similar to those of 
frequency modulation. 

Problems 
 
Example 1: 
An analog signal carries 4 bits in each signal unit. If 1000 signal 
units are sent per second, find the baud rate and the bit rate 
Baud rate = 1000 bauds per second (baud/s) 
Bit rate = 1000 x 4 = 4000 bps 
 
Example 2: 
The bit rate of a signal is 3000. If each signal unit carries 6 bits, 
what is the baud rate? 
Baud rate = 3000 / 6 = 500 baud/s 
 
Example 3: 
Find the minimum bandwidth for an ASK signal transmitting at 2000 
bps. The transmission mode is half-duplex. 
In ASK the baud rate and bit rate are the same. The baud rate is 
therefore 2000. An ASK signal requires a minimum bandwidth 
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equal to its baud rate. Therefore, the minimum bandwidth is 2000 
Hz. 
 
Example 4: 
Given a bandwidth of 5000 Hz for an ASK signal, what are the baud 
rate and bit rate? 
In ASK the baud rate is the same as the bandwidth, which means 
the baud rate is 5000. But because the baud rate and the bit rate 
are also the same for ASK, the bit rate is 5000 bps. 
 
Example 5: 
Given a bandwidth of 10,000 Hz (1000 to 11,000 Hz), draw the full-
duplex ASK diagram of the system. Find the carriers and the 
bandwidths in each direction. Assume there is no gap between the 
bands in the two directions. 
For full-duplex ASK, the bandwidth for each direction is 
 BW = 10000 / 2 = 5000 Hz 
The carrier frequencies can be chosen at the middle of each band.  
fc (forward)    = 1000 + 5000/2   = 3500 Hz 
fc (backward) = 11000 – 5000/2 = 8500 Hz 
 
 
 
 
 
 
 
 
 
 
 
Example 6: 
Find the minimum bandwidth for an FSK signal transmitting at 2000 
bps. Transmission is in half-duplex mode, and the carriers are 
separated by 3000 Hz. 
For FSK 
BW = baud rate + fc1 - fc0  
BW = bit rate + fc1 - fc0 = 2000 + 3000 = 5000 Hz 
 
 
 
Example 7: 
Find the maximum bit rates for an FSK signal if the bandwidth of 
the medium is 12,000 Hz and the difference between the two 
carriers is 2000 Hz. Transmission is in full-duplex mode. 
Because the transmission is full duplex, only 6000 Hz is allocated 
for each direction.  
BW = baud rate + fc1 - fc0  
Baud rate = BW - (fc1 - fc0) = 6000 - 2000 = 4000 
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But because the baud rate is the same as the bit rate, the bit rate is 
4000 bps. 
 
Example 8: 
Find the bandwidth for a 4-PSK signal transmitting at 2000 bps. 
Transmission is in half-duplex mode. 
For 4-PSK the baud rate is one-half of the bit rate. The baud rate is 
therefore 1000. A PSK signal requires bandwidth equal to its baud 
rate. Therefore, the bandwidth is 1000 Hz. 
 
Example 9: 
Given a bandwidth of 5000 Hz for an 8-PSK signal, what are the 
baud rate and bit rate? 
For PSK the baud rate is the same as the bandwidth, which means 
the baud rate is 5000. But in 8-PSK the bit rate is 3 times the baud 
rate, so the bit rate is 15,000 bps. 
 
Example 10: 
A constellation diagram consists of eight equally spaced points on a 
circle. If the bit rate is 4800 bps, what is the baud rate? 
The constellation indicates 8-PSK with the points 45 degrees apart. 
Since 23 = 8, 3 bits are transmitted with each signal unit. Therefore, 
the  baud rate is 4800 / 3 = 1600 baud 
 
Example 11: 
Compute the bit rate for a 1000-baud 16-QAM signal. 
A 16-QAM signal has 4 bits per signal unit since log216 = 4.  
Thus, (1000) x (4) = 4000 bps 
 
Example 12: 
Compute the baud rate for a 72,000-bps 64-QAM signal. 
A 64-QAM signal has 6 bits per signal unit since log264 = 6.  
Thus, 72000 / 6 = 12,000 baud 
 
Example 13: 
We have an audio signal with a bandwidth of 4 KHz. What is the 
bandwidth needed if we modulate the signal using AM? Ignore FCC 
regulations. 
An AM signal requires twice the bandwidth of the original signal: 
BW = 2 x 4 KHz = 8 KHz 
 
Example 14: 
We have an audio signal with a bandwidth of 4 MHz. What is the 
bandwidth needed if we modulate the signal using FM? Ignore FCC 
regulations. 
An FM signal requires 10 times the bandwidth of the original signal: 
BW = 10 x 4 MHz = 40 MHz 

 

2.13 SUMMARY 
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 Data exists in analog as well as digital forms. 

 Signals too are analog and digital in nature. 
 An analog signal has infinitely many levels of intensities over 

a period of time. 
 A digital signal on the other hand has only limited values,ie 0 

and 1.  
 Analog as well as digital signals can take periodic and 

aperiodic forms.  
 Frequency is actually rate of change with respect to time. 
 Change in a short span of time means high frequency. 
 Change over a long span of time means low frequency. 
 Data rate depends on three factors: 

 The bandwidth available 
 The levels of signals we can use 

 The quality of the channel (the level of the noise). 
 The imperfections in the transmitted data are called 

impairments. 
 Three types of impairment usually occur: attenuation, distortion, 

and noise. 
 Bandwidth is term to measure network performance. 
 We can measure bandwith in two domains: 

1. Bandwidth in Hertz          2. Bandwidth in bits per seconds 
 Network throughput is the average rate of successful 

message delivery over a communication channel.  

 Latency, a synonym for delay, is an expression of how much 
time it takes for a packet of data to get from one designated 
point to another. 

 Jitter is different delay in arrival of packets at the destination. 

 Line coding is a process of converting binary data, a 
sequence of bits, to digital signal. 

 Line coding schemes are divided into three main categories 
Unipolar, Polar and Bipolar. 

 There are four important variations of Polar encoding: Non 
Return to Zero (NRZ), Return to Zero (RZ), Manchester and 
Differential Manchester. 

 Bipolar uses three voltage levels: positive, negative and 
zero. 

 In order to convert analog data into binary for line coding, we 
use a technique called sampling. 

 Pulse Amplitude Modulation (PAM) is a technique that takes 
an analog signal, samples it and generates a series of 
pulses based on that. 

 Transmission of data across a link may be parallel or serial 
in nature. 

 The three mechanisms for modulating digital data are: 
Amplitude Shift Keying (ASK), Frequency Shift Keying (FSK) 
and Phase Shift Keying (PSK). 
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 A fourth method that combines amplitude and phase 
modulation is called Quadrature Amplitude Modulation. 

 Modulation of an analog signal or analog-to-analog 
modulation is the representation of analog information by an 
analog signal. 

 

2.14 UNIT END EXERCISE 

1. Distinguish between analog and digital signal. 
2. Explain Nyquist and Shannon theorem. 
3. List the factors which decide the performance of a network. 
4. Write short note on various transmission modes. 
5. What is the effect of DC component on digital transmission? 
6. List the various digital line coding schemes. 
7. Briefly describe the PCM technique. 
8. Explain analog-to-analog conversion techniques. 
9. What are the advantages of QPSK over BPSK? 
10. List the types of digital-to-analog conversion 
11. Define signal and what are the characteristics of signal. 

 

2.15   FURTHER READING / Acknowledgement 

 
1. Data Communication & Networking by Behrouz A.  
            Forouzan, IV Edition, Tata McGraw-Hill. 
 

 

 


