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Chapter 1

Key concepts of a communication
systems
1.1

Communication science as a subsystem of the OSI model

The study of communications science can be organized in a framework provided by the Open
System Interconnection (OSI) model of information transfer. The OSI model separates major
functions of an information system in layers. These layers are organized according to fields of
expertise. This facilitates the study and design of the system in manageable units by groups
of people with specific knowledge in their particular area. Each level of the OSI, or a layer is
essentially an independent field and requires a different way of thinking from the other layers.
Even the science required for each level is different. The math, the terminology, and the metrics
of performance are all specific to each level.
The OSI model is not an official standard, but is instead an abstraction of a functional
structure that might be required to build large-scale information networks. Not all of these
functional layers are present as separate organizations in real networks. They are often combined
to create a shallower management structure.

Figure 1.1: Conceptualizing a information network in seven functional layers, called the Open System
Interconnection (OSI).

For example, the top layer of the information system in the OSI model, the application layer,
is the final presentation of the information to the end user. You see this as the movie, email or
3
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the text message you receive. This requires an entirely different set of expertise (application
programming) than the bottom layer of the OSI, the physical layer, which requires expertise in
digital/analog hardware design. These two groups of people do not have much in common in
their areas of expertise, yet both are needed for you to download a file from the Internet or to
watch a program via Dish network. This layering of functions allows people of different expertise
to work independently to build an inter-connected system, and to do so in independent groups.
2
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Figure 1.2: The study of network at layers 1 to 3, includes three main functional areas. These are, the unit,
the link and the network. A unit is physically limited and its work occurs at baseband, low frequencies and
low powers. The connection of units is under the link layer. A link design consists of conversion of baseband
information to symbol, modulation and coding. The network then aggregates the many individual links and
manages the resources, so that many conversations can take place over the network in an efficient manner.

The study of communications systems may be thought of as a sub-system of the OSI model.
Its study generally encompasses just the bottom three layers of the OSI model, which are called,
physical, datalink and network. In keeping with the principle of functional separation between
the OSI layers, here too, the three layers of relevance to the study of communication systems,
also have little crossover in terms of knowledge and expertise. We will examine the design and
analysis of a communication system along these three layers but we will differ slightly from the
OSI abstraction. The three layers are:
1. Physical (Unit)
2. Datalink (Link)
3. Network (Network)
In general the field of communications can be conceptualized in three fields of study as
shown in Fig. 1.3. (The names in parentheses are what we choose to call them in this treatise.)
There is the physical unit. We can think of it as a hardware device, all the way from logic and
chip design to an amplifier or a filter. For this layer, the design and analysis puts us in the realm
of electromagnetic and circuit theory. If you are working at this level, you will need a good
understanding of circuit theory, material properties, analog design and electromagnetism. In this
layer, we are designing and assessing circuit boards, and other hardware components such as a
filters, amplifiers, antenna etc.
The link layer moves up the abstraction level. Now we step out of one hardware unit and
make connection with other hardware units. The link layer covers the connection of one hardware
unit with an another, usually just a single connection between a sender and a receiver. If we call
the units, transmitter and a receiver, then the link is the system that connects them. The link
can be thought of as the highway between these units. This highway can be implemented with
4
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a wire or be un-wired. The un-wired connections are called, wi-fi, wireless, rf, IR, Bluetooth,
Zigbee etc. In general the signal transmission over this highway takes the form of waves, hence
the people working on this layer are often called waveform experts. These waves can be either
continuous/analog or discrete/digital. Most signals contain both analog and digital processing
even though they may be referred to as solely digital systems such as cell phone or satellite
communications. In general, we can say that native signals are digital but what travels through
the highway is analog. Layer two is the most mathematically oriented of the communication
sciences, while the physical layer involves a great deal of empirical science.

Unit
Works with
Circuit theory
Electromagnetics

Link
Wave form theory
Frequency and
time domain

Network
Deals with traffic
and scheduling
Queing theory

Unit

Figure 1.3: The study of communication science includes three main functional areas. These are unit, link
and network. A unit is usually a physical component. The connection of units is done under the study of the
link layer. A link design consists of conversion of baseband information to symbol, modulation and coding.
The network then aggregates the many individual links and manages the resources, so that many
conversations can take place over the network in an efficient manner.

The study and design of the link layer, requires understanding waveform theory and the
mathematical tools that are used to understand and design it. Fourier analysis is one of these
tools. The concept of frequency and time domain is another such tool. Electromagnetic noise
theory and non-linear behavior also come into play. How is a signal distorted as it is going from
one unit to the next? How do signals interact with each other in various types of channels? As part
of a link design, we study subjects like symbol generation, modulation, channel effects, power
required etc. These are in a category called the channel effects.
We define a link as a single connection. As we move up to multiple links, we come to the
concept of a network. This third layer is the integration of various individual communications
links into a network. The links, of course, can come and go, whereas some applications such
as satellite TV, are alive all the time. A cell system, on the other hand, dynamically creates and
tears down links. A cell network has many base stations, many users, the issues of how we
design a network so that the total capacity is used efficiently, each user is uniquely identified, and
does not cause interference to other users, are all issues of network design. These include study
and management of congestion, multiple access and control. Here congestion management,
resource allocation and queuing theory are the primary drivers as method of examining the
performance of the system. Performance metrics such as throughput and delay are often invoked
at the network layer, whereas at link layer, we are concerned with power and distortion, with
performance metrics of E b N0 and BER.
In this book, we will be looking mostly at the link and network layers. At the link level, we
are concerned with how to convert real human or machine communication to a form suitable for
electronic media. This is done through a topic we will term waveform analysis. Where at the
5
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network level, we might talk about throughput and memory, in link layer, the primary thing of
interest is the signal. We look at properties of signals, baseband signals, carriers and modulated
carriers, we use for communicating information.
For the purposes of identifying direction of data flow, links are characterized in two ways:
uplink and downlink as shown in Fig. 1.4. Often these are also called forward or reverse link.
If user A wants to talk to user B, then his transmission to the tower is called the uplink and this
transmission from the tower to the receiver A is called the downlink. If the receiver is located in
a far off region, requiring the tower to route the signal to the tower where the receiver is located,
this is also part of the uplink but treated differently since it is a different frequency band, and uses
some form of multiple access and multiplexing. Each of these paths are an independent design
process.
An uplink from a cell phone will have different modulation, frequency etc. from the downlink.
When modulation does not change, the links are usually considered bent-pipe such as in most
satellite systems. However, if the link is demodulated at an intermediate point, and retransmitted,
it is part of an on-board processing system and is functionally an independent link and analyzed
separately. New generation of satellite links are of this type as are all cell phone links.
A complete link analysis is done as part of Link Budget Analysis. This is usually done in
conjunction with design of the units and is often an interactive process with the waveform analysis
at the link level. The issues of congestion and interference at the network layer also come into
play but are done separately and then added into the link budget. We will look at this functionality
in Chapter 4.

The Network
D

C
Downlink

Uplink
A

B

Figure 1.4: A network manages many transient communications links within it. A link is one specific
communication characterized as an uplink or a downlink.

1.2

What is a link budget

You are planning a vacation. You estimate that you will need $1000 dollars to pay for the hotels,
restaurants, food etc.. You start your vacation and watch the money get spent at each stop. When
you get home, you pat yourself on the back for a job well done because you still have $50 left in
your wallet.
We do something similar with communication links, called creating a link budget. The
traveler is the signal and instead of dollars it starts out with “power”. It spends its power (or
attenuates) as it travels, be it wired or wireless.
6
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Figure 1.5: The red lines show the injection of power by the amplifiers and the antennas and the blue lines
show the attenuations at various points in a line of sight satellite uplink and downlink.

Just as you can use a credit card along the way for extra infusion of money, the signal
attenuates at each hop and then gets extra power infusion along the way from antennas and
intermediate amplifiers. The designer hopes that the signal will complete its trip with just enough
power to be decoded at the receiver with the desired signal quality.

In our example, we started our trip with $1000 because we wanted a budget vacation. But
what if our goal was a first-class vacation with stays at five-star hotels, best shows and travel
by QE2? A $1000 budget would not be enough and possibly we will need instead $5000. The
quality of the trip desired determines how much money we need to take along and how much
intermediate infusions we will need on the way.

With signals, the quality is measured by Bit Error Rate (BER). If we want our signal to have
a low BER, we would start it out with higher power and then make sure that along the way it has
enough power available at every stop to maintain this BER.

In Fig. 1.5 we see how a typical satellite signal is gaining and losing power, finally arriving at
the destination with just enough power to be decoded at the desired BER. This is essentially what
we are doing in a link budget, determining each of these additions and subtractions of power and
attenuations.
7
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What we need to know about signals

When we talk about communications, we are talking about transfer of some finite amount of
information from one source (usually a transmitter) to a sink (receiver). Whether right up close
or to far-off destinations, the electronic communications use signals of some sort. In a broad
sense, a signal is a packet of electromagnetic energy, the transfer of which is conceptualized
as a wave or a sequence of discrete information transmitted as pulses. This signal describes a
relationship of one parameter such as an amplitude, to an independent parameter, such as time.
This relationship can be discrete or continuous. Which type of signal is used for communication,
depends on how far the signal has to travel and how the information is coded into waves, and the
medium or its generic name, the channel, through which it must travel. On the receiving side,
the signal is decoded and the information is recovered. There are various distinct steps a signal
goes through from the source to the sink.
We will now discuss some important aspects of signals as they relate to doing link budgets.

1.3.1

The carrier signal

In general sense, the process of communications consists of sending some information from
place One to place Two. Assume that we want to send a voice message. Of course, we need
something other than yelling to deliver our message. But, even yelling requires us to amplify the
message, albeit using our lungs and then using air to push the sound to the receiver. And if there
are walls between us and the receiver, well, you can see how quickly that idea of transmitting
information in its native or baseband form falls apart. Not enough lung power power to get over
the obstructions!
From this primitive and basic concept of message transmission, we can see that we need
some sort of way to transfer information (our own voice) to someone not within earshot. Our
un-amplified voice is just not enough to overcome the barriers. We need some other way to carry
our information. For this we use a signal called, the carrier.
When we want to ship an item, the company that brings the truck to our house is part of an
industry that is called the common carriers. A carrier carries stuff. It comes to us empty and we
fill it with payload or information we want to send. We employ this same concept here. We use a
work horse signal, called a carrier to carry our message to the receiver.

Amplitude, volts
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Time

Figure 1.6: This is a carrier. A carrier is just a sinusoid of a selected frequency with an arbitrary starting
phase. Its power is related to its amplitude and the time scale is related to its frequency.
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In communications, the carrier is a very simple concept. We all learned it in ninth grade. It
is merely a pure sine (or a cosine) wave. Thats it. It is an analog signal generated usually by a
fairly accurate oscillator. The carrier frequncy is sually dictated to us based on our application. A
hand-held phone, for example uses a carrier of frequency 900 Mhz. The carrier power is a function
of the carrier amplitude, generally related by its square. It can be huge such as the UK electric
power signal level of 220V or smaller such as ours in the U.S. at 110V. Those are power signals,
whereas communications signal levels are usually much much smaller than these numbers, often
in microvolts.
A carrier can be made to convey information by changing or modulating any of its three
parameters, the frequency, amplitude or its phase. When the phase is manipulated in response to
information, we call that phase modulation. By the same idea, we have frequency and amplitude
modulation. The carrier, by itself, since it is a single frequency signal, has zero bandwidth. But
when we modify the carrier, with information, it becomes "loaded" with information. The "loaded
carrier" is still analog and is called the modulated signal and is no longer a pure sinusoid. It is
a sinusoid that is abruptly changing some aspect of itself in response to the data. In Fig. 1.8 (a),
we see a sinusoid carrier and in (b), the same carrier after it has been phase-modulated. In this
case, the phase modulation has changed the phase of the sinusoid abruptly at period boundaries
in response to the data, shown in the red plot line in (a). Other modulations may change the
sinusoid,or the carrier wave in different ways such as changing its amplitude or its frequency,
but it remains an analog signal whereas the modulating data itself may have been discrete. The
creation of the modulated carrier hence forms the boundary where digital data becomes analog,
or we go from digital to analog communications.

Figure 1.7: Our motor cycle guy is the carrier and what he is asked to carry is the information load.

The digital part resides only inside the hardware. The radio frequency, the carrier carrying
the information is always analog. When we talk about digital wi-fi communications, it is only
partly digital, the rf part being always analog. There are some exceptions to this but they are for
close-range communications only.

1.3.2

Need for amplification

All electromagnetic signals attenuate as they travel. Receivers, to do their job properly, must
receive a signal at some minimum level of power. Hence, the most important goal in the design
9

CHAPTER 1.

KEY CONCEPTS OF A COMMUNICATION SYSTEMS

Amplitude

(a) - Carrier and data to be transmitted
1

-1

-1

Amplitude

(b) - Modulated carrier

Figure 1.8: (a) A carrier and the data sequence ( 1 -1 -1 1 1 -1 -1 -1 1 1) to be transmitted. (b) The carrier
is modulated with data. Note that it changes its phase by 180◦ at each cycle. This is considered an analog
signal although containing a lot of abrupt transitions.

of a link is to transmit it with enough power so that a receiver will be able to sense it. We can
we do this in two ways, one, by an active amplifier, and the other, by an antenna. Most links
use both to provide the total amplification. A signal is first amplified with a physical amplifier
and then again via an antenna. Both of these methods are of course amplifiers, however, the
term amplifier is usually reserved for the physical devise providing active amplification and the
antenna, although also an amplifier, is just the antenna. It is said to be a passive amplifier. The
use of an antenna is a significant part of the total amplification, often providing a much larger
portion of it. There can be just one big antenna such as in most satellite links or many smaller
ones, as in MIMO channels.
Besides power amplification, antennas also provide the ability to control the directionality of
the power transmission and polarization.

1.3.2.1

How antennas work

All physical objects, not at absolute zero, emit electromagnetic energy. Most of this is unintentional
and results in what is called the universal cosmic radiation. Physicist characterize this cosmic
or thermal noise in a mathematical sense as waves. This noise is characterized as a composite
signal consisting of many frequencies, all the way from 0 Hz to Gamma rays of very very large
frequencies. So fundamental is this phenomena that we can think of all physical devices including
our own bodies as passive noise generators, and indeed all of us, a form of an antenna. The
energy being broadcasted by these devices/antennas is a function of its temperature, which can
be thought of as a measure of the energy of the device. Although related to ambient temperature,
this concept of antenna temperature is slightly different. We will go into it in detail in Chapter 2.
Unless some measure is taken, an electromagnetic source, passive or active, will spit out
energy in all directions, hence the term omni-directional antenna is used to describe unmanaged
transmittal of energy. Such source/antenna is transmitting energy in all directions equally, at
once, all its power is hence expended in a sphere radiating out from it. The power reaching
a point a certain distance away from the source, will be quite small because the total power is
spread over the surface of the sphere. The signal from such a source, hence disperses and falls
off in power with the square of the distance, being also a function of the frequency chosen.
10
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The ratio of the received power to transmitted power (called the gain, or relative increase
in power) for a clear line of sight omni-directional antenna, called an omni antenna, is given by:
Gain of an omni antenna =

(4πr)2
λ2

(1.1)

Here λ is the carrier wavelength and r is the distance from the source to the sink. Clearly
since λ is inversely proportional to the frequency, (λ = c/ f ) a higher frequency will result in a
larger received power. All this energy is spreading out in form of a sphere and only a very small
amount hits the sink as represented by the little patch in Fig. 1.9. If all the energy were to be
concentrated in a particular direction, say in a narrow beam of α radians, the power received
at the same little patch will be a function of 2r 2 /α instead of being a function of πr 2 . This is
called the gain of a directional antenna. These gains can be huge, hence we nearly always use
directional antennas. All communications links are power-limited, i.e. we want to use small
physical amplifiers, and using directional antennas is one way to reduce power requirements.
However if the location of the receiver is not known or changes rapidly, then omni antennas
become necessary.

Transmitted
energy

Received energy

Figure 1.9: An omni antenna transmits in all directions, but a receiver only captures a very small part of that
energy depending on its surface area or size of the receiving antenna. Hence omni transmitting antennas
waste a lot of energy if there is only one immobile receiver located in a particular spot.

The directional antenna gain is a function of the square of the frequency; the higher the
frequency, the higher the gain. It is also a function of the diameter of the reflector. So to transmit
a modulated carrier signal of frequency 1 kHz vs. 1 GHz, would require an antenna that would
have to be 106 times larger in area. So even doubling, tripling the antenna size won’t make up for
the advantage offered by the use of a higher frequency. Hence high frequencies are advantageous
in that they provide higher antenna gains but at the same time also increase path-loss. The use of
a high frequency carrier signals allows us to use much smaller antennas. In satellites, a Ku-band
signal requires only a 0.3 meter dish vs. C-band which requires a dish of app. 2 meters. This
is also one reason why we keep pushing for the use of higher frequencies. We can reduce the
antenna size!
Directional antenna gains have a pattern in that they have a main beam of some particular
solid angle as well as smaller side beams which are called side lobes. The side lobes are, of
course, undesired, and waste transmit energy. We see an example of the gain pattern of a reflector
antenna in Fig. 1.10. Here we see four smaller side lobes, albeit 20 dB below the main lobe
towards directions that end up becoming interference for others.
11
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Not all of the gain antenna as we can see in Fig. ?? reaches the intended source, presumed to
be located at the boresight. The ratio of the power in the mainbeam vs. the total gain is called the
directivity of the antenna. An antenna type, called the horn antenna provides the best directivity
and a version of it called, the horn-fed reflector is used in satellite communications, where high
directivity is paramount. The total gain and the directivity of such antennas are usually quite
similar, with only a small loss. The directivity, hence is the useful power, and is the quantity we
use in doing link budgets.

Gain, dBi

Another parameter, called the beamwidth is defined in both the horizontal and vertical
planes. Beamwidth is the angular separation between the half power points (3 dB points) in the
radiation pattern of the antenna in any plane. Another important parameter is the front-to-back
power ratio. This specifies how much power is leaked in the unwanted back direction. Hence, a
good antenna will have a ratio of 20 dB or less.

H-plane normalized
radiation pattern

Angle from boresight
Degrees

Figure 1.10: (a) An antenna radiation pattern as a function of the angle from the bore sight. Maximum
power is at the bore sight. There are side lobes at app. 40◦ on each side. We see this same behavior in looking
at the H-pattern in a polar plot. Some energy is leaking in these side lobes.

1.3.3

Signal polarization

It turns out that we can arrange two real (modulated) signals at 90◦ to each other as shown in
Fig. 1.11. Here the two modulated carriers are orthogonal to each other and we can pretty quickly
see that if we orient our antenna along one or the other of these directions, we can extract these
two signals independently. If perfectly aligned, these two signals don’t interfere with each other.
We can think of them as independent signals although both are on exact same frequency. This
idea, called polarization allows us to isolate the signals from each other, as well as, allowing us
to reuse the assigned frequency. Satellite nearly always use this concept to double the data rate
capacity.
The vertical direction is defined as being vertical to the surface of the earth and horizontal,
similarly as being parallel to the surface of the earth. When a signal is going at a angle to the
earth’s surface such as a satellite signal, these definitions do not make a lot of sense. But for many
terrestrial signals, they work well enough and are used conventionally. Specific types of antennas
are used for each type of polarization. Its obvious that the plane of the antenna, or its bore sight,
must be aligned with the transmitted plane for the largest gain. The gain deteriorates rapidly
away from the bore sight.
12
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(b) Horizontal

(c) Circular

Figure 1.11: (a) The signal is aligned with the vertical electrical field of the antenna. (b The signal is aligned
with the horizontal plane. (c) Energy is transmitted and received in both planes simultaneously resulting in a
rotating vector. If moving in clockwise, it is RHS sense and hence rotational sense must align with the
receiving antenna.)

Horizontal polarization
Most TV antennas in the US are designed to receive horizontally polarized signals. Here the signal
is oriented in the vertical direction such that its E field is located in the horizontal direction.
Vertical polarization
An antenna that is designed to align with the vertical E field. A short dipole antenna (which is
basically a center-fed open wire) is an example of an antenna with a vertical field and which best
receives signals with vertical polarization. Most of the mobile antennas (such as on cars), as well
as wi-fi links, tend to use this polarization. This keeps the interference caused by the TV signals
in same frequency bands, to a minimum.
Slant polarization Here the E field is at a angle (often at 45◦). The receiving antenna must
be aligned to the slant angle for proper reception.
Circular and elliptical polarization A circular polarized signal means that the energy is
being radiated in both vertical and horizontal planes at once. Imagine the energy going out in
a cork-screw fashion. When the power in both the horizontal and vertical directions is equal,
we get a circular polarization. When there is an imbalance, the transmitted wave appears to be
elliptical and this is called elliptical polarization. The ratio between the minor and major axis of
the polarization ellipse is described as the axial ratio, often given in dBs. A circularly polarized
antenna will have an axial ratio of 0 dB and a elliptically polarized antenna will have an axial
ratio around 1.7 dB, or a 3 to 2 power distribution. Satellite antennas are nearly always elliptical.
The reason is that, an antenna can be pointed across large spans of the sky such that its main lobe
is always pointed directly at the satellite. Note that a circularly polarized antenna can indeed
receive linearly polarized signals but the power will be 3 dB or more smaller.

1.3.4

The question of bandwidth

Think of the electromagnetic spectrum as a highway of many lanes. Although a very wide
highway, for practical purposes, its width is finite. The part we can use at the present time is from
baseband (near the zero frequency) to the optical range at the other end. Radio communications
such as wi-fi type of communications, including satellite communications take place mostly in the
microwave region shown in the middle area of Fig. 1.12.
13
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Figure 1.12: The electromagnetic spectrum covers all frequencies, from zero to ∞. But only the range up to
1014 is usable at the present time. A majority of our wi-fi communications takes place just in the microwave
region.

Just as the car-pool lanes in a highway, electromagnetic lanes are often set aside for specific
uses. International bodies have been setup to manage the spectrum and assign these lanes. These
bodies assign certain widths of this space to each user. For example, a satellite may be assigned a
2 GHz wide lane, with a center frequency in the Ku-band (12 to 18 GHz) The width of the lane,
called the bandwidth, is a range of frequencies one is allocated on the electromagnetic highway,
specified in Hz.
Bandwidth can be imagined as the span of a signal’s frequency content, sort of as the fatness
of a signal. It is the main currency by which links are valued. Bandwidths determine how much
data can be transmitted in one second. Note that the bandwidth of a carrier signal is zero, because
a carrier is of course composed only of a single frequency. A carrier signal has a center frequency
but it has zero bandwidth, whereas an information signal to convey information, needs to contain
many different frequencies and it is this span of the frequency content that is called the data
bandwidth. The human voice, for example, spans in frequency approximately from 300 Hz to
10,000 Hz. The range of frequencies in a human voice gives it its unique signature and we say
that such a signal has a bandwidth of approximately 10,000 Hz. Not all of us can produce the
same range of the same frequencies or the same amplitudes, so although the spectrum of our
voice generally falls within that range, our personal bandwidth will vary within this range. No
two people will have the same voice spectrum. It is the same with information signals, they
are all unique, although they may fit in the same bandwidth. In fact, the spectral content of all
information signals changes continuously.
If a voice signal is modulated on to a carrier, what is the bandwidth of the modulated signal?
The modulated signal takes on the bandwidth of the information signal it is carrying, like this
guy on the motorcycle in Fig. 1.7. He is the modulated signal and his bandwidth went from near
zero, without the load, to the size of the mattress which is his “information” signal.
The bandwidth of a modulated signal, however is also a function of the modulation scheme.
Nyquist tells us that one needs a minimum of 1 Hz (at baseband) to transmit one symbol of
information. A symbol in its simplest sense can be a single bit. In this case, we need at least one
Hz of bandwidth for every bit. But higher order modulations can use a symbol to mean more than
1 bit to create bandwidth-efficient modulation techniques. (More about these in Chapter 2.)
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Bandwidth, in common usage is a ambiguous term and takes on many different interpretations.
Here we briefly look at some of the important ways the parameter bandwidth of a signal is used.
Bandwidth as specified by regulatory bodies - The role of Government bodies is to assign
a span of frequencies to each type of system. Take for example, a LTE system allocation as shown
in Fig. 1.13. It is assigned two separate bands, one for out-bound and the other for return. The
LTE channel 1, the downlink, has a center frequency of 1950 MHz and the uplink is located some
ways away (a common practice) at a center frequency of 2140 MHz. Each is assigned a 60 MHz
of bandwidth. Within this bandwidth, many users of a given system have to fit and this job of
further allocation within this allowed band falls on the system licensee. In addition to specifying
exactly the frequency band, the regulatory bodies also specify how much energy (specified in
terms of flux density) you can transmit in your assigned band and also how much you can safely
leak into the adjacent bands. Typical names of these official bandwidth are assigned bandwidth
and occupied bandwidth.
Depending on the application, the assigned bandwidths for FCC, ITU etc. must follow certain
rules. Certain absolute limits are assigned and must meet the specified flux density inside the
assigned band and the emissions outside of the band. Signal design and link analysis requires
meeting both limitations of how much power you can transmit in-band and, the spectral spreading
to control out-of-band (OOB) leakage.
Gap
Bandwidth =
60 Mhz

Other users

1920

1980

2110

LTE Downlink

2170

f

LTE Uplink

Figure 1.13: The assignment of LTE channels, their center frequencies for both uplink and downlink and the
bandwidths are controlled by regulatory bodies. LTE channel 1 is assigned the frequencies and bandwidths as
shown here.

3-dB Bandwidth - This is also called the Half Power Bandwidth. Between some specified
frequencies, f1 and f2 , the power of a signal drops to a -3 dB level from the maximum in-band
power. Filters are often specified using this definition of bandwidth. In figure Fig. 1.14 we see
this form of bandwidth definition. The passband, the quantity ( f1 − f2 ) is between these two
frequencies. In addition to the 3 dB reference points as offsets from the center frequency, there
are often 10 dB and 30 dB points to define similar cut-off frequencies.
Absolute bandwidth - Here all of the power of the signal is confined in a finite frequency
range from f1 and f2 . This is a rarely specified form of bandwidth, but we do often talk about
signals requiring absolute bandwidth. For example, a signal consisting of square waves, its
absolute bandwidth is said to be infinite. In practice, we can rarely create a signal that has a
fully contained bandwidth.
Null-to-null bandwidth - We measure this bandwidth from first null on the high side to the
first null on the low side. For baseband systems, the low side would be zero. For a square wave
signal, this bandwidth is 2 times the symbol rate. The spectrum of a square wave consists of a
sinc-squared form and the first null occurs at twice the symbol rate on each side. For real signals,
15
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Figure 1.14: The bandwidth of a filter is often defined as the 3 dB points of its passband.

nulls are, of course, never fully null (or achieve zero), so some low point maybe thought of as a
null point as shown in Fig. 1.14.
99% Power bandwidth - Another way bandwidth is defined is by stating the amount of
power that must be contained inside a given band. The common points specified ar 99% or 99.5%
power. For a square wave signal, this bandwidth is quite large. For 20 dB level, the bandwidth is
app. 20 times the symbol rate. For a 50-dB bandwidth, the bandwidth extends to nearly 200 times
the symbol rate. How wide this bandwidth is a function of the signal shape, or its modulation
scheme.
Equivalent Noise Bandwidth (EqNb)) - This is a definition used in analysis and tends to be
confusing to most. Here we imagine a brickwall filter that contains the same amount of energy
as a real filter. EqNb is defined as the bandwidth of the brickwall filter which contains the same
integrated noise power as that of the real filter. The height of this filter is same as the maximum
level of the real filter. We write the equivalent noise bandwidth (EqNb) as
E E qN b =

Z

∞
2
2π∆ f
|H( jω)2 |dω = H max

(1.2)

0

1
∆f =
2π

Z

∞

0

|H( jω)2 |
dω
2
H max

(1.3)

EqNb is calculated by integrating the PSD over each band (which means multiplying the PSD
with the bin size), summing all the products and then dividing by the maximum PSD. (See sample
Excel worksheet at website used to calculate the EqNb in Fig. 1.15.)

1.3.5

Analog or digital

Most signals in nature are analog. Examples of analog signals are sound, noise, light, heat, and
electronic communication signals going through air (or space). A very important type of analog
signal is the one we use to transmit information, the carrier. Once modulated, the signal takes
on digital or discrete data but, retains its analog nature. The data or information up to the
modulator can either be digital or analog. But once that data is modulated, the signal is considered
16
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Figure 1.15: The equivalent noise bandwidth (EqNb) of a signal is the bandwidth required for a brickwall
filter to capture all the energy of the real filter. Its peak is same as the signal PSD.

analog. The so called digital communications then is referring to the processing of the data prior
to transmission and after the reception at the receiver.
1.3.5.1

Discrete signals are different

Although some data are naturally discrete such, as stock prices, number of students in a class,
etc., many electronic signals we work with are sampled from analog signals, for example, voice,
music, and medical/biological signals. The discrete signals are generated from the native analog
signals by a process called sampling. This is also known as analog-to-digital conversion. The
generation of a discrete signal from an analog signal is done by an instantaneous measurement
of the analog signal amplitude at uniform intervals.
1.3.5.2

Discrete vs. digital signals

In general terms, a discrete signal is continuous in amplitude but is discrete in time. This means
that it can have any value whatsoever for its amplitude but is defined or measured only at uniform
time intervals. Hence, the term discrete applies to the time dimension and not to the amplitude.
A discrete signal is often confused with the term digital signal. Although in common language
they are thought of as the same thing, a digital signal is a special type of discrete signal. Like any
discrete signal, it is defined only at specific time intervals, but its amplitude is constrained to
specific values. There are binary digital signals where the amplitude is limited to only two values,
{+1, −1} or {0, 1}. A M -level signal can take on just one of 2 M preset amplitudes only. Hence, a
digital signal is a specific type of discrete signal with constrained amplitudes.
We call the time of a sampling event, the sampling instant. How fast or slow a signal is
sampled is specified in terms of its sampling frequency, which is given in terms of the number of
samples per second captured. An important thing about sampling is that the sampling rate needs
to be at least two times the highest frequency in the signal. This is called the Nyquist Threshold.
Signals not properly sampled are subject to a phenomena called aliasing.
The noise, once added to an analog signal is indistinguishable from the signal itself. But in
digital processing, we demodulate the signal to a specific threshold value and hence noise is mostly
17
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(a) Discrete signal, varying amplitudes
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Figure 1.16: Discrete sampling collects the actual amplitudes of the signal at the sampling instant, whereas
digital sampling rounds the values to the nearest allowed value. In (b), the sampling values are limited to
just 2 values, +1 or −1. Hence, each value from (a) has been rounded to either a +1 or −1 to create a binary
digital signal.

eliminated. The presence of noise in an analog signal distorts the signal amplitude, whereas in
digital communications, the problem shows up in the form of bit errors. The qualitative effect
of bit errors is the same as noise in an analog sense. Coding and decoding, a concept applicable
only to discrete signals, can reduce the bit error level to near nothing, whereas integrated noise
in an analog signal is impossible to eradicate.

1.3.6

Sampled signals

A discrete signal is created by multiplying a continuous signal with a sampling signal, as shown
in Fig. 1.17(b). This type of signal is called an impulse train and can be described as an infinite
number of delta functions located at uniform intervals. How fast to sample a signal is a key
question. Generally the signals are sampled at Nyquist threshold of two times the highest frequency
in the signal and often by a larger factor such 4 or 8.
The process of sampling introduces errors in the signal, called quantization effects. These are
all considered part of baseband effects and often are too small to worry about in a link analysis.

1.3.7

I and Q signal components

The concept of quadrature signals comes up whenever we are talking about signals at baseband.
The carrier at baseband can be mathematically characterized as a complex exponential (CE).
It can be thought of as consisting of not one, but two sinusoids, a sine and a cosine. These two
sinusoids are both of the same frequency and are said to be orthogonal. The 90◦ phase difference
(one-quarter of 2π) is the reason the signals are said to be in quadrature. From this we also get
the term quadrature modulation, used in most digital phase modulation schemes. Here we take
two sinusoids and process their parameters independently to create multi-level signals.
Mathematically, Euler defined a CE like this.
e jωt = cos ωt + j sin ωt
18
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(a) A continuous-time (CT) signal
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(b) An impulse train for sampling
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Figure 1.17: A continuous signal sampled at uniform intervals, Ts with an ideal sampling function. (a) The
CT signal, (b) the discrete sampling function. (c) The discrete signal, x[n] a product of (a) and (b), consists
only of the discrete samples and nothing else. The continuous signal is shown in dashed line in (c) for
reference only. The receiver has no idea what it is. All it sees are the samples.

Looking at Eq. (1.4), observe the mathematical description of the CE on the left side. It is
called the positive CE, for the simple reason that the exponent of e on the let side is positive. On
the right-hand side of the equal sign, underlined, is the expression containing a sine and a cosine.
For now, ignore the CE e jωt on the left side and examine only the right side of the equation,
containing the sine and cosine waves, with the complex operator j as a coefficient of the sine
wave. This is a complex function which can be thought of as a 3D function. It can be plotted by
assigning a particular value to the frequency ω, and for a range of time t, calculating both cos ωt
and sin ωt values. Plotting these will give a helix as shown in Fig. ??.
The expression for the negative CE (negative exponent) is written similar to Eq. (1.4) as:
e− jωt = cos ωt − j sin ωt

(1.5)

Looking at this figure, does that mean that the signal going through the air, the modulated signal
a helix as we see here? Yes, but the way we imagine and process it is in 2D. We deal with one
projection at a time. These projections are called the in-phase and quadrature phase signals.
The cosine on the bottom would be called the in-phase and sine will be called the quadrature
signal. This is true even if the signal is modulated.
The two projections of the CE are called the I and Q signals. They are both real signals,
however for mathematical representation and calculation, they are called complex, one termed
real or in-phase (I), and the other with a prefix jis called imaginary or quadrature (Q).
The purpose of thinking of a real signals in these two orthogonal components (I and Q) is
to simplify the math and even more importantly to be able to do processing at half the rate. The
I, Q representation applies only at base-band, i.e. what we do inside hardware. The signal flying
through the air is a one single real signal. It has no separate I and Q components to see.
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Figure 1.18: e jω0 t when plotted looks like is a helix. It is a function of three values, time t, sin(ω0 t) and
cos(ω0 t) for a fixed frequency, ω0 . The exponent of the CE indicates direction of advance, (a) positive
exponent and (b) negative exponent.
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Figure 1.19: The projections of the CE are sinusoids. (a) e jω0 t and its two projections, (b) e− jω0 t and its two
projections. Note that the sine wave in (b) has a negative sign as compared to the positive CE in (a). That is
the only difference between the two CEs.

1.3.7.1

Random signals

A carrier is a perfect periodic and unchanging wave that is modified by random information.
This randomness of the information signal brings a forever changing nature to the carrier. The
spectrum of such a signal is changing from moment to moment. We can talk about a particular
spectrum of the signal, but it is just one picture of reality in time. The tools used to assess the
spectrum of random signals is the DFT of the auto-correlation funcation of a selected part of the
total signal, with length in power of 2. The formal name for computing the spectrum of such
signals is called the Autopower. The alternate method is to compute the DFT of the signal and
squaring it, called the Periodogram. The first method is considered the mathematically valid
form for random signals.

1.3.8

Two-sided spectrum

The representation of complex signals results in a two-sided spectrum. In a conventional picture,
the spectrum is shown with positive and negative frequencies. The double-sided index gives
rise to the double-sided spectrum which spans the values of the index k from from -Fs /2 to
+Fs /2, where Fs is the sampling frequency. In this type of spectrum, the x-axis is said to represent
frequency, but that isn’t exactly so. What we actually plot is the product of the harmonic index
and the fundamental frequency. Calling it frequency gives us some intuitive comfort but then
we have to worry about what a negative frequency means. When we say negative frequency, we
20

CHAPTER 1.

KEY CONCEPTS OF A COMMUNICATION SYSTEMS

have, in fact, unknowingly converted a complex idea into everyday language. Because of the
plotting convention, the sign of the index is often forgotten and the axis is referred to simply
as the frequency axis, spanning seemingly both positive and negative frequencies. There is no
such thing as a negative frequency. This confusion is wide spread and comes from the fact that in
common usage, we forget that the spectrum x-axis variable is the harmonic index, k and not the
frequency. The index is double sided, from lets say from -128 to +128, for a 256 point DFT and
the plotted quantity on the x-axis is kω0 , with ω0 the fundamental frequency, a constant. You
can see how this makes it appear as if the frequency is negative on the right side. Not so.
Ck
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-2w 0

2w 0
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kw 0

Figure 1.20: This is the spectrum of a sinusoid wave. Notice that the x-axis is the product of the variable k
and the fundamental frequency, ω0 . This is always the case no matter how complex the spectrum. The x-axis
variable is the bin number.

1.4

How we measure signal quality

There is no one quality measure for a communication system. The quality measure depends on
the functionality layer, as outlined by the OSI architecture. At the network level, we consider
throughput, i.e. all the data that can be passed through the network at one time, delays, memory
requirements and availability as the prime metrics of quality. At the link level, we judge the
signal quality by the bit error rate (BER) of the signal. This, of course, implies that we can count
the bit errors and hence the signal is a discrete or a digital signal at the time of measurement. In a
communication system, not all parts of a link are digital. Some, such as the modulated signal are
an analog signal. The figure of merit for this portion is the carrier to noise ratio, CNR. However,
BER, is the measure of signal quality for the complete link because the baseband data itself is
discrete.
The BER, a link experiences is a function of a ratio called the Eb/N0, the bit energy, given by
E b , and the noise-density, given by N0 of the signal. The E b N0 is a non-dimensional parameter. It
is independent of the bit rate, bandwidth and actual power of the signal, so it is very useful as a
performance benchmark. The larger the E b N0 , the better.
You are going on a trip. You think about all the contingencies and then you want to carry just
exactly enough money for your needs. Same with link power planning, our main goal in doing a
link budget is to allocated just enough power to the link and not much extra. We want to figure
out what is the absolute minimum E b N0 we can provide to the signal so that the desired quality
measure, the BER, is achieved at the end.
In doing link budgets, we need to deal with two types of E b /N0 . One called the required
E b /N0 and an another called the available E b /N0 .
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Required E b /N0

The main goal of doing link budgets is to determine the available E b N0 , for a given link. This
is then compared to the required E b N0 , which is determined via an entirely different process,
not usually considered a part of the link budgets. The required E b N0 is usually provided as a
specification by the receiver manufacturer and is a function of the modulation and coding being
used. We see in Table below a list of required E b N0 for a QPSK signal using convolutional code of
various rates along with the Reed-Salomon code of rate 188/205 to achieve a BER of 10−7 . We
note that as the code rate increases, the required E b N0 increases with it. For example, code rate
of 0.5 would have an overhead rate of 50% and hence it requires smaller E b N0 of 4 dB vs. the
code rate of 0.88, where the overhead rate has decreased to 12% and now the signal requires a
3 dB higher E b N0 to achieve the same BER.
Table 1.1: Required E b N0 for a BER of 10−7 for a QPSK link with Convo/RS coding set.

Convolutional
Code rate
5/11 = 0.45
1/2 = .50
3/5 = 0.60
2/3 = 0.68
3/4 = 0.75
4/5 = 0.80
5/6 = 0.83
7/8 = 0.88

1.4.0.2

Eb/N0 (dB)

4.00
4.00
4.50
4.80
5.00
5.60
6.20
7.00

Available E b /N0

The process of assessing the available E b N0 consists of examining the injected power into the link
at various points in the link. It also requires that we estimate the noise and distortion generated
by the various elements along the way. We will go into much more detail on this subject in Chapter
3.
The power is injected into the link by amplifiers and antennas. Thats pretty much it as far
as the power is concerned. The rest are expenditure of power, or attenuation. Some attenuation
is linear and not a function of the absolute power. So we can just convert it to a dB value and
then subtract it from the input power. An example of a linear attenuation is path loss in a line
of sight link. Some attenuations are not linear and in this case are called distortions. These
are often a function of the absolute power. Why this is so is because the high power amplifiers
cause amplitude and phase distortions in the signal as they are being operated near the saturation
points of the amplifiers. Hence the distortions or attenuations become a function of the amplifier
back-off. Special analytical and simulation techniques are used to assess these, so they can be
included in the link budget as a loss.
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In Fig. 1.5, we see how for a typical satellite line of site, the power is added by the amplifiers
at the ground and then again at the satellite. In between the power is attenuating due to linear
and non-linear causes.
So the process of doing link budgets is to obtain first the required E b N0 for a given specified
BER, modulation and code rate, and then figure out a way to provide this to the links. The
main goal is to have enough margin, i.e the available E b N0 should be larger than the required
E b N0 by a certain quantity, say a 2 dB margin. We give here the general equation for computing
the delivered power of a link. It contains plus terms for power and minus terms for losses and
distortions. This process is called budgeting. We will discuss how to compute each of these terms
in great detail in chapters 2 and 3 and how to convert it to available E b N0 .
Power received = E IRP + G r − Losses
Losses = FSL + PathLoss + Modloss + HPALoss

(1.6)

+ AtmosLoss + PolarizationLoss + FilterLosses + Backoff + OtherLosses
1.4.0.3

How required E b N0 is computed

For a QPSK signal in an additive white-Gaussian-noise (AWGN) channel, the equation that can
be used to compute the required BER is given by
BER =

Æ
1
erfc( E b /N0 )
2

(1.7)

This formula says that the BER of a signal in an Additive White Gaussian Noise (AWGN) environment
is related to its E b N0 by the function, erfc. The function erfc, called the complimentary error function describes the cumulative probability distribution of a Gaussian distribution. This formula
applies only for estimating the BER in Gaussian channels. A majority of channels are not purely
Gaussian and the BER is actually a lot worse than what is estimated by this expression. In
Fig. 1.22, we see how much worse the BER is in fading channels. MIMO a technique combining
transmission diversity and multiplexing, gives what is called the diversity gain, as shown in this
figure.
The Eq. 1.7 plotted as a function of E b N0 has what is often called the waterfall shape when
plotted on a log-log scale as shown in Fig. 1.21 (c). The BER is inversely related to E b N0 as we
see in all three of these figures. This relationship forms the best possible estimate and is sort of
an ideal limit often used as benchmark. However, we can improve on it by using error correction
and other forms of coding on the baseband data.
Notice that BER curves are always given with E b N0 as the independent parameter on the
x-axis. This allows us to compare all sorts of links, with high or low power. However, each curve
applies uniquely to one type of modulation. Each modulation has its own such relationship.

1.4.1

Coded links

For most systems, the available power for transmission tends to be at a premium because of the
desire for miniaturization and DC power usage reduction. This impetus has led to nearly all the
advancements in communications and signal processing. However, if power is pulled back, the bit
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Figure 1.21: The actual Bit Error Rate of a QPSK uncoded link is a function of its available E b N0 . (a) BER vs.
the E b N0 in real terms. (b) BER vs. E b N0 in dBs (c) log BER and E b N0 in dBs.

error rate increases. error correction coding (ECC) allows us to improve the BER for the same
power. However, ECC comes at a cost of reducing throughput. Coding involves adding overhead
bits to the information signal. Since the overall bit rate capacity for a link, given its bandwidth
is by the Nyquist threshold pretty much a hard limit, we displace information bits with overhead
bits and end up reducing the net information rate. Hence, the improvement in BER comes at a
cost of information rate reduction. Not only that, we also increase complexity of the design by
adding a coder/buffer at transmit and a decoder/buffer at the receive side.
There are two main categories of coding, 1. forward error correction (FEC) and 2. bi-directional
of ACK/NCK form of coding. In the FEC form, coding is applied in form of extra bits to the data
packet and the receiver does all the work in figuring out which bits are received incorrectly. There
is no communication or information transfer between the sender and the receiver about what is
sent. In ACK/NCK, the second form, the receiver checks the received packet based on some
simple rule, such as parity bits and, if the packet is found to be in error, it sends a message back
to the transmitter, called a NCK message, in which case the transmitter backs up to the corrupted
block and resends it. This reduces overhead due to simpler coding (smaller overhead bits) but
slows down the data transfer due to the round trip delays for the acknowledgment messages
and the retransmission of packets. Such FEC is used only when delays are small (such as hard
disk data transfer) and usually not when data rate is large, such as in wi-fi towers and satellite
communications, or when delays introduced would be unacceptable to a customer.
The most common error pattern in communications links are the random bit errors which are
uniformly distributed through a long message. A one-bit error here, a two bit error here etc. The
common FEC codes are best for managing these random bit errors. A typical error threshold is
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Figure 1.22: The BER under AWGN vs. fading channels.

p = .1 or less and hence, the probability of getting more than one error at a time gets progressively
smaller. Parity check codes and convolutional codes are examples of codes that can correct a small
number of consecutive errors well.
The other problematic error pattern is a large number of consecutive errors, called burst
errors. In some cases, these are also called erasure errors when distortion results in complete
loss of information. The Block codes, can process a large number of bits at once, and are good
at detecting and correcting burst errors. An another class of codes are used for carrier acquisition
and synchronization. Barker codes are an example of this type of coding.
Convolutional coding: This is called a continuous form of coding. A typical convolutional
code is specified by a set of numbers, (n, k, m), where n is said to be the number of output bits
out of the coder, k the number of input bits and m, the constraint length. Hence, a (3, 2, 9) code,
will take 2 input bits, code them into 3 bits, while taking 9 bits (also called the constraint length
of the code) to do its work. The nominal overhead rate is k/n or (2/3) here. However, it takes a
certain number of flush bits to get started and to end, so the real code rate is a bit smaller than
the nominal rate. The convolutional code is also specified by a parameter termed, minimum free
distance, D f which equates to its error correction ability, Ce by
Ce =

(D f − 1)
2

(1.8)

A (3,2,9) code has a free distance of 4 and hence its maximum ability to correct errors in
9 bits is app 1.5 bits, which implies an input bit error rate of less than 10%, a typical threshold
beyond which the output error rate will exceed the input bit error rate. Hence the SNR must
be large enough to deliver a coded signal with a BER of 10% or less. Convolutional codes are
excellent at dealing with random bit errors, however, if there are many burst errors, this type of
coding must be supplemented by other forms for FEC, such as interleaving and block codes. This
is nearly always done. Most coding comes in what is called a code set, using both convolutional
and block codes.
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Polar coding is a relatively new form of coding attributed to Erdal Arikan, of Bilkent University
in Turkey. This is being considered in lieu of convolutional coding.
Interleaving: A very simple way of managing burst errors is interleaving. With interleaving,
we can turn a group of burst errors into what appears to the decoder as uniformly distributed
random errors. If the convolutional code is only capable of correcting, say one error in a group
of ten bits, then the error of 7 bits in the example shown in Fig. 1.23 will go un-detected and
un-corrected. In Fig. 1.23, we see a large number of errors occurring due to a burst event in a
block of data. Assume we only have the convolutional code available. This code would not be
able to deal with so many errors in a sequence, although outside of the burst error region, it will
do fine. We can reduce this burst region, by transmitting the message not in its true original
order, but by shuffling the data first. A linear interleaving consists of taking the serial incoming
information and arranging it in a matrix form, as shown in Fig. 1.23. This matrix is then converted
to an alternate stream created from the columns. Now the information bits are all jumbled up and
randomized. The large sequence of burst errors that might occur on route will now effectively
become uniformly distributed through out the message when the message is put back into its
normal order at the receive side before decoding. The convolutional code can now deal with
these (burst -> random) errors.
Interleaving usually takes place in large blocks and the errors are widely separated and
successfully dealt with. The main cost of interleaving is the buffer size and delay that comes
in storing the bits. Interleaving is now a standard part of code sets.
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Figure 1.23: Interleaving reorders the incoming bits from serial to parallel to randomize the data. Although
a large number of errors (seven: oae0ul* ) have occurred, the receiver after reversing the interleaving sees
them in a distributed manner, with no more than 2 consecutive errors which it is capable to correcting.

Block Codes Interleaving is a fairly passive way of dealing with burst errors. It is pretty
effective but we can improve on this yet more. An active process of dealing with large number of
consecutive errors is called Block coding. Examples of these types of codes are Reed-Solomon,
Bose–Chaudhuri–Hocquenghem codes (BCH), Turbo and LDPC codes. Turbo codes, are a hybrid
form in that they use parallel convolutional codes. The block codes work on a large block of bits
rather than on continuous streams, as do the convolutional and turbo codes. Block codes have the
ability to correct very large number of consecutive errors so they are well-suited for dealing with
burst errors. Of course, the interleaving already helps with that as well. When all three of these
types of ECC methods are combined, error correction can result in a near error-free information
transfer. Always, this comes at a cost of overhead or in other words wasted bandwidth that is not
being used to transfer actual information. In a given bit sequence, hence the payload (information
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bits) is a much smaller number of bits, while the rest are freeloader (code bits). For example, a
code set (a term that means a set of codes are applied to a channel, usually consisting of all of
these types) consisting of a rate 1/2 convolutional code and a (204, 188) RS code, results in an
overhead of approximately 54%. Another code set, that combines BCH inner code and a LDPC
outer code may result in 67% overhead. While these are large overheads, it may seem the link
is mostly overhead bits, taking a big bite out of the data capacity, but code sets result in a much
better output signal. In most cases, this trade-off is completely acceptable. Better overall bit
efficiency, which is defined as more bits per Hz, to accommodate this loss, is achieved primarily
by using higher level modulatio, but also by allocating larger bandwidths and higher frequencies.
The effect of coding on E b N0 The main effect of coding is, of course, on the quality of the
signal. With coding, we can achieve nearly error-free transmission for a lot less Eb/N0. Let’s
compare a signal with and without coding requiring a information bit error rate of 105 . A QPSK
signal in AWGN channel will require a E b No of 9.6 dB to deliver this BER. We find that we can
achieve the same BER using coding (depending on the code rate) with a E b N0 any where from
2 dB to 8 dB, resulting in a coding gain as large as 7.6 dB to as small as 1.6 dB, depending on
the throughput loss we are willing to accept. The coding gain, hence, is defined as the difference
between what E b N0 is needed for an uncoded signal vs. what is needed with a coded signal for
the same BER.
In doing link budgets which is covered in the next chapter, the main goal is to make available
to the link a E b N0 that will result in the desired BER for a given application. Note that this is the
final BER, and not the input channel bit error rate, which we will denote as cBER (with c for the
channel) to differentiate it from the information bit error rate, written as plain BER.
So what is a desired BER? Often the desired BER for a TV signal is somewhere around 10−6 ,
whereas data signals need at least 10−8 , and voice signals around 10−2 . What is the significance of
these BER levels? First of all, not all types of communications require a super clean signal. Phone
calls can get by with a fair amount noise and distortion, as our brain, the best error correction
device ever made, is able to take a signal that has a BER of app. 10−1 and still make out what the
other person is saying. Hence, cell phones can get by with low E b N0 when in a phone call mode.
A threshold of satisfaction is established for each application by the system owner, depending on
the fussiness about the quality of the signal desired and even more importantly, the desire to keep
the device size small.
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Figure 1.24: SNR vs. BER. The graph 2 shows the E b N0 required for various levels of BER for an actual
system in an AWGN channel. Graph 1 is the ideal version of the same relationship. Graph C gives the
relationship when a coding scheme is used.
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We see this relationship in Fig. 1.24. Plot line 1 is the ideal performance of a link in a AWGN
channel computed from Eq. 1.7.
In plot line 2, we see the BER vs. E b N0 of a real system which has many hardware components
such as non-linear amplifiers, filters etc. We see degradation from the ideal as the horizontal
distance between point C and point D for a system designed to provide a channel BER of app.
10−1.5 . This degradation is a function of the parameters of the link such as amplifier operating
point, pulse shaping, noise figure of hardware used, phase error specifications, single vs. multi-carrier
frequency usage and many others. This was computed by the system designed usually via simulation.
In Fig. 1.24, plot line 3 shows what the required E b N0 would be if coding is used. This plot
line is based on a code set of a convolutional code of rate 1/2. All code sets have their own
individual behavior and would be different than what is shown here. Plots for each code set
are developed by the code manufacturing companies and are available from them. One can also
generate them by simulation but this is not an easy task. Note that all such data available from
the manufacturer assumes (in similar fashion as the plot line 1) that the system itself is ideal. The
only sources of error simulated are Gaussian, and some from of simulated multipath representing
burst errors. If we did a simulation for the actual system with real hardware using this same
code set, we might get the plot line shown by 4. We see that it no longer provides the same
performance as the one advertised by the manufacturer. The coding gain according to most text
books and manufacturers is the distance between the ideal plot lines and not between those for
your particular system. This they don’t know and leave it up to the system designer to figure out.
However, the two numbers, the true coding gain as shown here and the nominal or ideal coding
gain are pretty close, with true coding gain always a bit smaller.
If we need a BER of 10−6 , then from Fig. 1.24, we need a received E b N0 of 11.9 dB (vs.
10.5 dB for an ideal system). (See end of nominal coding gain line.) Assume that we are using a
hypothetical code set, which tells us that we can obtain the same BER for a E b N0 of only 3.9 dB,
a saving of app. 8 dB, point B. This saving is called the nominal coding gain. However it comes
at a cost that the effective bit rate is only half what it might have been with no coding.
In doing link budget we need to be clear about the difference between the channel BER
(cBER) and the information BER (iBER), as these are a function of the code set selected. The
channel BER is not a number any one actually measures. Since the signal up until the receiver is
an analog signal, this BER does not actually exist, it is just a conceptual idea that is used to decide
where to perform the system simulation in order to determine the actual system degradation and
coding gains.
1.4.1.1

Relationship of channel BER and information BER

We take a certain data stream and add overhead bits to it, as created by the code being used.
The rule is that the lower the code rate, the larger the overhead. A code rate of 1/3 will produce
3 bits for every one info bit. Two bits out of three are hence overhead. A code rate of 7/8 will
produce just one overhead bit for 7 info bits. The performance of these codes is related to rates.
A lower code rate will produce a info bit stream after decoding with a smaller BER than one using
a higher code rate. The more overhead, the better the final BER. But we have here two different
BERs. Lets take a data stream, which contains both information and overhead bits. When this
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data stream goes through the channel at a given E b N0 , it suffers from errors, for a AWGN channel,
by the relationship given by Eq. For a signal transmitted with a 3 dB E b N0 , will result in a BER
of app. 10−1.5 . However, after decoding, the BER improves considerably depending on the code
rate and type of coding used. Assume we used a particular code set and it is then able to clean
up this signal even further to 10−10 . Hence the first BER is the channel BER and the second the
information BER. But, we think, that the information BER is too clean, we don’t need that much.
So we allow the channel BER to be a bit higher by reducing the SNR. But, how do we know
the final relationship between the channel BER and the information BER? This is a very difficult
question to answer as each code set behaves differently and usually non-linearly.
In this introductory chapter, we have discussed some topics that come into play in doing and
understanding link budgets. In the next chapter, we begin to look at all the components of how
link budgets are done.
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