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0.1 Block diagram of Analog and Digital communication system

0.2 Block Diagram of Analog and Digital Communication Systems

Concept Communication is the fundamental process of exchanging information between a sender and a receiver
over a medium. In the realm of electronics and telecommunications, communication systems are broadly classified
into two main types based on the nature of the signal transmitted: Analog Communication Systems and
Digital Communication Systems.

At its core, any communication system exists to transport a message from an information source to a destination.
Whether we are talking into a telephone, listening to FM radio, streaming a video over Wi-Fi, or sending an email, we
are utilizing a communication system. The primary goal is to ensure that the message arrives at the destination as
accurately and reliably as possible, despite the inevitable presence of noise and disturbances in the physical world.

Box[Communication System| A communication system is an assembly of electronic devices, circuits, and transmis-
sion media designed to transmit information from one point to another efficiently and reliably.

To understand how these systems work, engineers use block diagrams. A block diagram simplifies complex
electronic circuits into functional blocks, showing the flow of signals and the purpose of each stage without getting
bogged down in transistor-level details. Let us delve into the block diagrams of both analog and digital communication
systems.

0.2.1 Analog Communication System

Analog communication is the earliest and most traditional form of electronic communication. In this system, the
information is transmitted as a continuous, time-varying signal. The physical quantity of the signal, such as voltage or
current, varies in direct proportion to the information being sent.

Information
» Input Transducer *  Transmitter
Source
'
. J Communication
Noise Source >
Channel
~N-
.. Output .
Destination < b ¢ Receiver
Transducer

Figure 1: Block Diagram of an Analog Communication System

The essential components of an analog communication system are:

1. Information Source: This is the origin of the message. The information could be human speech, music, video,
or any other continuously varying physical quantity. It generates the baseband signal.

2. Input Transducer: The information generated by the source is often non-electrical (e.g., sound waves, light).
The input transducer converts this non-electrical physical variable into an electrical signal. For example, a
microphone acts as an input transducer by converting sound pressure variations into corresponding electrical
voltage variations.
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. Transmitter: The electrical signal from the transducer is typically weak and has a low frequency (baseband

signal). The transmitter’s job is to process this signal to make it suitable for transmission over a long distance.
The most critical function inside the transmitter is Modulation. Modulation involves superimposing the
low-frequency message signal onto a high-frequency carrier signal. This process is necessary to reduce the antenna
size required for transmission and to prevent the mixing of signals from different transmitters. The transmitter
also amplifies the modulated signal before feeding it to the transmitting antenna.

. Communication Channel (Medium): This is the physical medium through which the transmitted signal

travels from the transmitter to the receiver. Common examples include copper wires, coaxial cables, optical
fibers, or free space (air/vacuum) for wireless communication.

. Noise Source: As the signal propagates through the channel, it inevitably encounters unwanted disturbances

called noise. Noise is a random, unpredictable electrical signal that corrupts the original transmitted signal. It
can originate from internal electronic components or external sources like atmospheric disturbances, lightning, or
other electronic devices.

. Receiver: At the receiving end, the antenna intercepts the weak, noise-corrupted signal. The receiver’s primary

function is to extract the original message signal from this composite signal. It first amplifies the weak signal and
then performs Demodulation, which is the exact reverse process of modulation. The demodulator strips away
the high-frequency carrier, leaving only the original baseband signal.

. Output Transducer: The electrical output from the receiver must be converted back into its original non-

electrical form so that the user can understand it. An output transducer performs this task. A loudspeaker is a
classic example, converting the received electrical audio signal back into sound waves.

. Destination: The final endpoint of the communication system, such as a human listener or a display screen,

where the message is finally consumed.

Real-World Analogy: FM Radio Broadcasting

\.

Consider a local FM radio station.

o The Information Source is the Radio Jockey (RJ) speaking.
e The Input Transducer is the microphone in the studio.

o The Transmitter modulates the audio signal onto a specific carrier frequency (e.g., 93.5 MHz) and broadcasts
it via a large antenna tower.

o The Channel is the free space (air).
o Noise might be added by atmospheric static or interference from nearby electrical equipment.

e The Receiver is your car radio or mobile phone’s FM chip, tuned to 93.5 MHz, which demodulates the
signal.

e The Output Transducer is the car speaker that plays back the RJ’s voice to you, the Destination.

J

-

Limitations of Analog Communication

The biggest drawback of analog communication is its susceptibility to noise. Because the information is contained
in the continuous variations of the signal’s amplitude or frequency, any noise added in the channel permanently
distorts the signal. Amplifiers in the receiver amplify both the weak signal and the accumulated noise, meaning
the signal quality degrades with distance.

0.2.2 Digital Communication System

In modern times, there has been a massive shift from analog to digital communication. In a digital communication
system, the information is not sent as a continuous wave, but rather as a sequence of discrete symbols, typically binary
digits (bits: Os and 1s).
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Figure 2: Block Diagram of a Digital Communication System

The block diagram of a digital communication system includes more stages than its analog counterpart, primarily
to ensure data security, compression, and error correction.

1.

Information Source: Similar to the analog system, this can be an analog source (like voice) or a digital
source (like a computer file). If the source is analog, it must first be converted into a digital format using an
Analog-to-Digital Converter (ADC).

. Source Encoder (Data Compression): The primary function of the source encoder is to remove redundant

information from the data stream. This minimizes the number of bits required to represent the message, thereby
saving bandwidth. For example, compressing a large BMP image file into a smaller JPEG file is a form of source
encoding,.

. Channel Encoder (Error Correction): This is a crucial block that makes digital communication robust

against noise. The channel encoder purposely introduces controlled redundancy (extra bits) into the digital data
stream. These extra bits do not carry new information; rather, they are mathematically calculated based on the
data bits. At the receiver, these redundant bits help in detecting and sometimes correcting errors caused by noise
in the channel. Examples include parity bits, Hamming codes, and Reed-Solomon codes.

. Digital Modulator: Although the data is discrete (Os and 1s), the physical channel (like air or copper cable) is

inherently analog and cannot directly carry square waves over long distances. The digital modulator converts the
binary sequence into an analog signal waveform suitable for transmission. For example, a ’1” might be transmitted
as a high-frequency sine wave, and a ’0’ as a lower-frequency sine wave (Frequency Shift Keying).

. Communication Channel and Noise: Just as in analog systems, the modulated signal travels through a

physical medium where it gets distorted and mixed with noise.

. Digital Demodulator: At the receiver, the demodulator analyzes the received analog waveform and makes a

decision: was a ’1’ or a ’0’ transmitted? Even if the waveform is distorted by noise, as long as the demodulator
can distinguish the threshold between a ’0’ and a '1’, it can perfectly regenerate the original bit stream. This is
why digital systems are much more immune to noise.

Channel Decoder: This block receives the bit stream from the demodulator. It uses the redundant bits added
by the channel encoder to detect and correct any bits that might have been flipped (from 0 to 1, or 1 to 0) due to
severe noise.

. Source Decoder: The source decoder performs the inverse operation of the source encoder. It decompresses the

data, converting it back to its original uncompressed digital format or passing it through a Digital-to-Analog
Converter (DAC) if the original destination requires an analog signal (like a speaker).

. Destination: The final output device or user receiving the message.

Real-World Analogy: Sending a WhatsApp Message

e You type "Hello" (the Information Source).

o Your phone compresses the text data (Source Encoder).
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L

o The app adds checksum bits to ensure the message isn’t corrupted in transit (Channel Encoder).

o The phone’s Wi-Fi or LTE chip converts these bits into high-frequency radio waves (Digital Modulator).

o The radio waves travel through the air (Channel) where interference from other devices (Noise) exists.

o The cell tower or Wi-Fi router receives the waves and decides the bit values (Digital Demodulator).

o The router checks the checksum to verify no bits were corrupted (Channel Decoder).

o The message is decompressed and routed to your friend’s phone screen (Source Decoder and Destination).

0.2.3 Comparison between Analog and Digital Communication

To solidify our understanding, let us compare the two paradigms side-by-side:

Parameter

Analog Communication

Digital Communication

Nature of Signal

Continuous, time-varying signals (e.g., sine
waves).

Discrete signals represented by binary se-
quences (0s and 1s).

Immunity to Noise

Poor. Noise gets directly added to the signal
and is difficult to separate. Signal degrades
over distance.

Excellent. Small amounts of noise can be
completely eliminated by threshold decision-
making at the receiver.

Error Correction

Not possible. Once the signal is distorted, it
is permanent.

Possible and highly effective using channel
coding (adding redundant bits).

Bandwidth
quirement

Re-

Generally lower bandwidth is required for
transmission.

Typically requires higher bandwidth to trans-
mit the discrete pulses.

Security & Encryp-
tion

Difficult to secure; easy to eavesdrop (e.g.,
tuning into an analog radio frequency).

Highly secure. Digital data can be easily
encrypted using complex cryptographic algo-
rithms.

Multiplexing Frequency Division Multiplexing (FDM) is | Time Division Multiplexing (TDM) is easier
commonly used, which can be complex. and allows many signals to share a single
channel efficiently.
Hardware Com- | Simple circuitry (amplifiers, mixers, filters). | More complex circuitry due to ADCs, DACs,
plexity encoders, decoders, and microprocessors.
Storage Analog signals are difficult to store and re- | Digital data is extremely easy to store, copy,

trieve without degradation (e.g., magnetic
tapes).

and retrieve without any loss of quality (e.g.,
hard drives, solid-state drives).

Concept While analog communication systems paved the way for modern telecommunications and are still used
in some broadcasting applications, digital communication systems dominate today’s world. The advantages of
noise immunity, error correction, security, and the ability to integrate with computer networks make digital
communication far superior for the vast majority of modern applications, from mobile telephony to high-speed

internet.

{Info Source}{ Tx }{ Channel H Rx H Dest }

Figure 3: Communication System Block Diagram
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AT TIinage Placeholder: 3D render of a futuristic communication satellite

Figure 4: Futuristic Communication Satellite
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el — ADC —1 Digital Signal

Figure 5: Analog vs Digital Flow

AT Image Placeholder: Vintage radio transmitter station

Figure 6: Vintage Radio Transmitter

0.3 Modulation: Definition & its classification

0.3.1 Modulation: Definition and Classification
What is Modulation?

In the realm of communication systems, the primary objective is to transmit information from a source to a destination
efficiently and reliably. The information we want to send—such as a human voice, a video stream, or digital data—is
called the baseband signal or modulating signal. Most baseband signals are relatively low in frequency. For
instance, the human voice typically occupies a narrow frequency range of approximately 300 Hz to 3400 Hz.

Transmitting these low-frequency signals directly over long distances through a medium like free space is highly
impractical. It would require impractically large antennas (often kilometers in length) and would lead to severe
interference among different signals sharing the same medium, as all baseband audio signals exist in the same frequency
band. To overcome these physical and technical limitations, communication systems employ a fundamental process
known as modulation.
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Box[Modulation] Modulation is the process of systematically altering one or more fundamental parameters—such

as amplitude, frequency, or phase—of a high-frequency periodic signal (called the carrier signal) in accordance
with the instantaneous values of the low-frequency message signal (the modulating signal). The resulting signal,
containing the embedded information, is known as the modulated signal.

To understand modulation intuitively, consider an everyday analogy.

The Paper and the Stone Analogy

Imagine you want to throw a crumpled piece of paper (your message) across a wide, fast-flowing river. If you
simply throw the paper, air resistance will stop it almost immediately. However, if you wrap the paper securely
around a heavy stone (the high-frequency carrier) and throw it, the stone easily cuts through the air and crosses
the river, carrying your delicate message with it. At the other side, the receiver unwraps the paper from the stone
(a process called demodulation) to read the message. The stone itself contains no valuable information; it merely
serves as a robust vehicle to transport the paper over a long distance.

\. J

In technical terms, the carrier signal is typically a high-frequency sine wave or a rapid sequence of pulses. Because
it operates at a very high frequency, it can be efficiently radiated by an antenna of a practical, manageable size and can
travel long distances with significantly less attenuation.

Classification of Modulation Techniques

Modulation techniques are primarily classified based on the nature of the carrier signal employed in the system. There
are two broad categories of carrier signals:

1. Continuous-Wave (Analog) Carrier: A continuous, unbroken sinusoidal signal that oscillates endlessly
without interruption.

2. Pulse Carrier: A discrete sequence of periodic, rectangular pulses separated by intervals of zero signal.

Based on these two types of carriers, modulation is broadly divided into Continuous-Wave (CW) Modulation
and Pulse Modulation. Let us explore this classification in detail through the hierarchy shown below.

‘ Modulation Techniques ’

/\

Contmuous Wave Pulse Modulatlon

RN N

[Amphtude Modulation ( A]\[Angle Modulatlon] [Analog Pulse Modula Dlgltal Pulse Modulatlon]

Y

[Frequency Mo[Phase MC{ PAM [ PWM [ [ PCM [Delta Modulation]

Figure 7: Classification of Modulation Techniques based on the Carrier Signal.

Continuous-Wave (CW) Modulation

In Continuous-Wave (CW) modulation, the carrier signal is a continuous, high-frequency sinusoidal wave. A generic
unmodulated sinusoidal carrier wave can be mathematically represented as:

c(t) = Accos(wet + @)
Where:
e A, is the Amplitude of the carrier wave.

o w, is the Angular Frequency (w. = 27 f., where f. is the carrier frequency).
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e ¢. is the Phase angle of the carrier wave.

Since the carrier has three distinct mathematical parameters that define its exact state at any given moment, we
can vary any one of these three parameters in direct proportion to the modulating signal. This intrinsic property gives
rise to three fundamental types of CW modulation:

1. Amplitude Modulation (AM) In Amplitude Modulation, the instantaneous amplitude of the high-frequency
carrier wave is varied in direct proportion to the instantaneous amplitude of the low-frequency modulating signal.
Meanwhile, the frequency (f.) and phase (¢.) of the carrier remain perfectly constant. As the modulating signal goes
positive, the amplitude of the carrier increases; as the modulating signal goes negative, the amplitude of the carrier
decreases. The outline of the peaks of the modulated carrier forms a shape identical to the original message signal,
known as the envelope. AM is widely used in traditional AM radio broadcasting and aviation communications due to
the simplicity of its receiver design.

2. Frequency Modulation (FM) In Frequency Modulation, the instantaneous frequency of the carrier wave is
varied in accordance with the instantaneous amplitude of the modulating signal. The amplitude and phase of the
carrier remain constant. When the message signal is at its maximum positive value, the carrier frequency is shifted
to its highest point (the cycles are compressed closer together). Conversely, when the message signal is at its most
negative value, the carrier frequency shifts to its lowest point (the cycles are stretched further apart). Because the
amplitude remains rigidly constant, FM is highly resilient to electrical noise, making it the standard for high-fidelity
FM radio broadcasting and television audio.

3. Phase Modulation (PM) In Phase Modulation, the instantaneous phase angle of the carrier wave is varied
directly in accordance with the instantaneous amplitude of the modulating signal. The amplitude and frequency of the
unmodulated carrier remain constant. Although PM is closely related to FM (since mathematically, varying the phase
inherently causes a temporary change in the instantaneous frequency), they are distinct techniques. PM is extensively
used in modern digital communication systems, such as Wi-Fi, mobile cellular networks, and satellite communications.

Interference in AM vs. FM

Electrical noise from lightning, motors, and other electronic devices primarily disrupts the amplitude of a
transmitted signal. Because AM encodes its precious information in the amplitude, it is highly susceptible to this
noise and static. In contrast, FM encodes information in the frequency, allowing FM receivers to simply slice
off (limit) any amplitude spikes caused by noise without losing the signal data, leading to significantly clearer
reception.

Pulse Modulation

In the second major branch, Pulse Modulation, the carrier signal is not a continuous sine wave. Instead, it consists of a
rapid, continuous train of identical rectangular pulses. Instead of modifying the parameters of a continuous wave, we
embed the information by modifying specific geometric properties of these pulses.

Pulse modulation is broadly divided into two subcategories depending on how the information is represented onto
the pulses: Analog Pulse Modulation and Digital Pulse Modulation.

A. Analog Pulse Modulation In analog pulse modulation, the carrier is discrete (a train of pulses in the time
domain), but the specific parameter of the pulse that is being varied changes continuously in exact proportion to the
continuous analog message signal. There is no rounding off (quantization) of the message values. The three main
geometric parameters of a rectangular pulse are its height (amplitude), its width (duration), and its position in time.
Modifying these yields three specific techniques:

o Pulse Amplitude Modulation (PAM): The amplitude (height) of each individual pulse is varied in accordance
with the instantaneous value of the modulating signal at the precise time the pulse occurs. The width and position
of the pulses remain rigidly constant. PAM is conceptually similar to AM but operates on a discrete sequence of
pulses rather than a continuous sine wave.

o Pulse Width Modulation (PWM): Also known as Pulse Duration Modulation (PDM). In this technique, the
width (duration) of each pulse is varied proportionally to the amplitude of the modulating signal. The amplitude
and starting position of the pulses remain constant. A higher signal voltage produces a wider, thicker pulse, while
a lower voltage produces a narrower, thinner pulse. PWM is famously utilized in motor control circuits, power
electronics, and LED dimming.
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o Pulse Position Modulation (PPM): The relative position of each pulse (its delay compared to a fixed reference
starting point in time) is varied according to the amplitude of the modulating signal. The amplitude and width of
the pulses remain absolutely constant. Since the amplitude is constant, PPM offers vastly better noise immunity
than PAM, making it useful in specific optical and telemetry applications.

B. Digital Pulse Modulation In digital pulse modulation, not only is the time axis discrete (because of the pulsed
nature of the carrier), but the amplitude axis is also made mathematically discrete. The analog message signal is
sampled, and instead of letting the pulse parameter take any continuous value, the sampled values are systematically
rounded off to the nearest predetermined level (a critical process called quantization). These discrete levels are then
mathematically encoded into a stream of binary digits (1s and 0s) before transmission.

o Pulse Code Modulation (PCM): This is the most fundamental and crucial form of digital modulation in
modern technology. The analog signal is sampled at regular intervals, quantized into specific discrete levels, and
each level is represented by a unique binary code. PCM is the ubiquitous standard method used to digitize audio
in computers, CDs, and modern digital telecommunication networks.

o Delta Modulation (DM): A simplified form of PCM where, instead of transmitting the absolute value of each
sample as a complex multi-bit code, the system only transmits a single bit indicating whether the current sample
is higher or lower than the previous one. This greatly reduces the circuitry complexity and bandwidth required
compared to full PCM, although it can suffer from specific types of distortion known as slope overload noise.

To summarize the differences, the following table compares the two core branches of modulation.

Feature Continuous-Wave (Analog) Pulse Modulation
Modulation
Carrier Signal Continuous high-frequency Train of discrete rectangular pulses.

sinusoidal wave.

Parameters Varied Amplitude, Frequency, or Phase of Amplitude, Width, or Position of the
the sine wave. pulses (for analog pulse) or discrete
binary levels (for digital).

Power Efficiency Generally lower, as the transmitter Higher, as power is efficiently
is continuously radiating power even | transmitted only during the short,
during silent periods. active duration of the pulses.

Applications AM/FM radio broadcasting, older Motor speed control (PWM),
analog television, legacy wireless modern digital telephony (PCM),
systems. computer data networking.

Noise Immunity Highly susceptible to noise Digital pulse modulation (like PCM)

(especially AM). FM is better but offers exceptionally high immunity
still fundamentally analog and prone | to noise, distortion, and interference.
to degradation.

Table 1: Comparison between Continuous-Wave and Pulse Modulation

Concept Core Takeaways on Modulation

e« Modulation is essential for practically shifting a low-frequency baseband signal to a higher frequency range,
allowing for efficient radiation and long-distance transmission via antennas.

o If the carrier utilized is a continuous sine wave, the process is termed CW Modulation. Information is
mapped directly to the wave’s amplitude (AM), frequency (FM), or phase (PM).

o If the carrier is instead a train of discrete pulses, the process is termed Pulse Modulation.

o Analog Pulse Modulation techniques (PAM, PWM, PPM) alter the physical dimensions of the pulse
(height, width, or timing) while keeping the values strictly continuous relative to the original message.

o Digital Pulse Modulation techniques (PCM, DM) fundamentally quantize the message and convert it
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entirely into a binary digital format, allowing for robust, error-resistant transmission and seamless integration
with modern computer systems.

Carrier

Baseband — Modulated

Figure 8: Concept of Carrier and Baseband

AT Impge Placeholder: Abstract visual of radio waves propagating in| space

Figure 9: Radio Waves Propagating

0.4 Mathematical Expression

0.5 Mathematical Expression of AM

Amplitude Modulation (AM) is one of the most fundamental analog modulation techniques used in electronic communi-
cation. To design, analyze, and troubleshoot AM systems effectively, an electronics engineer must have a strong grasp
of the mathematical foundation that governs the behavior of AM waves. In this section, we will systematically derive
the mathematical expression for an amplitude-modulated wave, define its key parameters, and explore the resulting
frequency spectrum and power distribution.

0.5.1 Defining the Baseband and Carrier Signals

In any continuous-wave modulation process, we deal with two primary signals: the modulating signal (also known as
the baseband signal) which contains the information, and the carrier signal, which is a high-frequency continuous wave
used to transport the information over a long distance.

Box[Modulating Signal and Carrier Signal] Modulating Signal (m(t)): The low-frequency signal containing the

intelligence or data (such as voice, music, or video) to be transmitted.
Carrier Signal (c(t)): The high-frequency sinusoidal signal whose parameter (amplitude, in this case) is varied
in accordance with the instantaneous amplitude of the modulating signal.

For the sake of mathematical simplicity and analytical clarity, let us assume both the modulating signal and the
carrier signal are single-tone (pure sinusoidal) waves.
Let the modulating signal be represented as:

m(t) = Ay, cos(wmt) (1)
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Where:

o A, is the peak amplitude of the modulating signal.

e Wpm = 27 [y, is the angular frequency of the modulating signal.

o fm is the frequency of the modulating signal in Hertz (Hz).

Similarly, let the unmodulated carrier signal be represented as:

c(t) = Ac cos(wet) (2)

Where:

e A, is the peak amplitude of the unmodulated carrier signal.

e we = 27 f, is the angular frequency of the carrier signal.

o fe is the frequency of the carrier signal in Hertz (Hz).

Frequency Constraint in AM

For effective modulation and subsequent radiation of the signal through an antenna, the carrier frequency must
be significantly higher than the maximum modulating frequency. Mathematically, f. > f,,. If this condition is
not met, the modulation process fails to provide the required frequency translation, and the signal cannot be
transmitted over long distances practically.

0.5.2 Derivation of the AM Equation

In Amplitude Modulation, the instantaneous amplitude of the carrier wave is varied linearly in proportion to the
instantaneous value of the modulating signal.

Let A(t) be the instantaneous amplitude of the resulting modulated AM wave. According to the core definition of
AM, the original constant carrier amplitude A. is modified by directly adding the modulating signal m(t) to it:

A(t) = Ac+m(t) = Ac + Ay cos(wpt) (3)

The mathematical expression for the complete amplitude-modulated wave, which we will denote as s(t), is simply
the standard carrier wave equation where the constant amplitude A, has been substituted with our new time-varying
amplitude A(t):

s(t) = A(t) cos(wet) (4)

Substituting the expression for A(t) into this equation gives:
s(t) = [Ac + Ap, cos(wpt)] cos(wct) (5)

To write this in a standard analytical form, we factor out the unmodulated carrier amplitude A.:

s(t) = Ac |1+ im cos(wmt) | cos(wet) (6)

C

Here, the amplitude ratio i—? emerges as a crucial parameter known as the Modulation Index, generally denoted
by m, (or sometimes ).

Key Concept

Concept The Modulation Index (m,) is defined mathematically as the ratio of the peak amplitude of the
modulating signal to the peak amplitude of the carrier signal: m, = AAZJ‘. It dictates the depth of modulation and
ultimately determines the efficiency and distortion levels of the AM transmission.

Substituting m, into our equation, we obtain the standard time-domain mathematical expression for a single-tone
AM wave:
s(t) = Ac[l 4+ mg cos(wmt)] cos(wet) (7)
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0.5.3 Frequency Spectrum of AM

While the time-domain equation successfully illustrates how the signal’s amplitude envelope changes over time, it is
equally important to analyze the signal in the frequency domain. The frequency spectrum reveals what actual frequency
components are present in the AM wave and exactly how much bandwidth is occupied during transmission.

Let us algebraically expand our standard AM equation:

s(t) = Accos(wet) + Acmyg cos(wpt) cos(wet) (8)

By applying the trigonometric identity cos(A) cos(B) = 3[cos(A + B) + cos(A — B)], where we assign A = w.t and
B = w,,,t, we can rewrite the equation as a sum of individual cosine waves:

A
s(t) = Ac cos(wet) + cMa cos((we + wm)t) + cMa cos((we — wm)t) (9)
—_——— 2
Carrier Upper Sideband (USB) Lower Sideband (LSB)

This expanded equation is incredibly revealing. It conclusively shows that an amplitude-modulated wave is not just
a single fluctuating frequency, but rather it consists of three distinct high-frequency components:

1. Carrier Component: A.cos(w.t). This term has the exact same frequency (f.) and amplitude (A.) as the
original unmodulated carrier. Most notably, it is entirely independent of f,,, meaning it contains none of the
transmitted information.

2. Upper Sideband (USB): % cos((we + wm)t). This component is shifted higher in frequency, located at
Acma

(fe + fm), and has a peak amplitude proportional to the modulation index, specifically =<

3. Lower Sideband (LSB): %cos((wC — wpm)t). This component is shifted lower in frequency, located at
(fe — fm), and shares the identical peak amplitude of %.

Amplitude (Volts)

A

AN
Acmg Acmg
2 2
> Frequency f
fe—Tfm Je Jet fm

6
Bandwidth (BW) = 2f,,

Figure 10: Single-Tone Frequency Spectrum of an Amplitude Modulated (AM) Wave

As visually represented in the frequency spectrum diagram, the original baseband information has been split and
shifted into two sidebands. The central carrier component acts merely as a reference for demodulation but itself does
not fluctuate with the intelligence.

Concept The Bandwidth (BW) of an AM signal is the difference between the highest and lowest frequencies
present in its spectrum.

BW = fusg — frse = (fe + fm) — (fe — fm) = 2fm.

Therefore, the total bandwidth required for conventional AM transmission is exactly twice the maximum frequency
of the modulating baseband signal.
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0.5.4 Power Relations in an AM Wave

In practical RF communication systems, the transmission and radiation of signals require significant electrical power.
To effectively design RF amplifiers and antennas, we must mathematically analyze how power is distributed among the
carrier and the two sidebands.

Let R be the characteristic resistance (e.g., the radiation resistance of a transmitting antenna) across which the
AM signal voltage is applied. In AC circuit theory, the average power P dissipated by a sinusoidal wave with a peak
voltage amplitude V is given by P = % = % = %.

Applying this foundational formula to the three distinct voltage components of the AM wave, we obtain:

1. Carrier Power (F.):

A2
P =< 10
=2 (10)
2. Upper Sideband Power (Pygsp): The peak voltage amplitude of the upper sideband is %. Therefore, its
power is:
2
Acm
S AQ 2
Pysp = ( ’ ) — Ll (11)

2R S8R

3. Lower Sideband Power (Prgp): Since the lower sideband has the identical peak amplitude as the upper
sideband, its average power is exactly the same:

A2m?
C a 12
SR (12)

Prsp =

Total Transmitted Power (P;): The total radiated power is simply the sum of the carrier power and the power
contained in both sidebands.
P, = P.+ Pysp + Prsp (13)

2 2,2 2,,2 2 2,,2
Ac Acma Acma _ Ac Acma

p = ‘e — ‘¢ ¢’ 14
"“3rT8R T 8R 2R 4R (14)
By factoring out the common unmodulated carrier power term (P, = %), we derive the final power relation:
m2
P=P. 1+ ?‘l (15)

This is a vital equation for engineers. It relates the total transmitter output power to the unmodulated carrier
power and the modulation index, clearly demonstrating that total power increases as the depth of modulation increases.

Calculating AM Power and Modulation Index

An AM transmitter radiates a total power of 10 kW when transmitting an unmodulated carrier. When a pure
sinusoidal modulating audio signal is applied, the total radiated power is observed to increase to 11.25 kW.
Calculate the modulation index and the exact power contained in each individual sideband.

Solution: Given parameters: Unmodulated carrier power, P, = 10 kW Total modulated power, P, = 11.25 kW
First, we use the total power relation formula:

2
B:a(u%)

2
11.25 = 10 (1 n m“)

2
1.125 = 1+%

2
Aok = — 2
0.125 = =
m2 =0.25 = m, = v0.25 = 0.5 (or 50% modulation)

Next, we calculate the total power in the sidebands (Psp), which is the total power minus the unmodulated carrier
power:
Total Sideband Power Psg = P, — P. = 11.25 kW — 10 kW = 1.25 kW
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Since the sideband power is equally distributed between the upper and lower sidebands:

Psp  1.25 kW

> 5 = 0.625 kW = 625 Watts

Pysp = Prsg =

Conclusion: The modulation index is 0.5, and each sideband independently carries 625 Watts of RF power.

\.

0.5.5 Transmission Efficiency

Transmission efficiency (often denoted by the Greek letter 7)) is a metric that measures the percentage of total
transmitted power that actually carries the useful information. As established by our frequency spectrum analysis, the
carrier itself contains no intelligence; only the sidebands carry the fluctuations of the modulating signal. Therefore,
efficiency is the ratio of sideband power to total power.

Total Sideband Power Pysp + Prsp

= x 100% = x 100% 16
" Total Transmitted Power ¢ P, ¢ (16)
By substituting the power equations we derived earlier:
AZm mg
R (1"
P(1+5)  P.(1+43E)
Canceling P, from the numerator and denominator:
mg 2
_ 2 _ My
= 2+2m3 24m2 (18)

To better understand how the modulation index mathematically influences the efficiency of an AM transmission
system, consider the scenarios summarized in the table below:

Table 2: AM Power Distribution and Efficiency for Various Modulation Indices

Modulation Index Carrier Power Total Sideband Total Transmitted Transmission
(ma) (P:) Power (Psp) Power (F;) Efficiency (n)
0.0 (0%) P, 0 P, 0%
0.5 (50%) P, 0.125P, 1.125P, 11.11%
1.0 (100%) P, 0.5P, 1.5P, 33.33%

For a maximum distortion-free modulation index of m, = 1 (100% modulation), the absolute maximum mathematical
efficiency achievable is:

1
Mmar = 575 — 3~ 33.33% (19)

Low Efficiency of Conventional AM

Even at perfectly optimal 100% modulation, only a maximum of 33.33% of the total transmitter power conveys
actual information, while the remaining 66.67% is entirely wasted transmitting the unmodulated carrier. This
glaring power inefficiency is the primary reason why standard AM is often replaced by advanced derivatives like
Single Sideband (SSB) or Suppressed Carrier variants for power-sensitive RF applications.

In summary, the mathematical expression of an Amplitude Modulated signal allows engineers to dissect the complex
wave, revealing its internal frequency structure. By transforming the time-domain signal into the frequency domain, we
uncover the carrier and information-bearing sidebands. This directly facilitates precise bandwidth calculations and
extensive power distribution analysis, forming an indispensable mathematical foundation for the practical engineering
of RF communication equipment.
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Figure 11: AM Modulator block

AT TImage Placeholder: Oscilloscope displaying an AM waveform in ja lab

Figure 12: Oscilloscope with AM Waveform

0.6 Waveform and Frequency Spectrum for DSBFC and SSBSC

0.7 Waveforms and Frequency Spectra of DSBFC and SSBSC Amplitude Mod-
ulated Waves

In the study of electronic communications, amplitude modulation (AM) forms the foundational building block for
transmitting information over long distances. While the core concept of varying a high-frequency carrier’s amplitude in
accordance with a baseband signal remains constant, there are several distinct variations of AM. These variations are
primarily classified based on which spectral components of the modulated signal are actually transmitted over the
air and which are deliberately suppressed. In this section, we will conduct an in-depth analysis of the time-domain
waveforms and frequency-domain spectra for the two most prominent types of AM: Double Sideband Full Carrier

(DSBFC) and Single Sideband Suppressed Carrier (SSBSC).

0.7.1 Double Sideband Full Carrier (DSBFC)

Box[Double Sideband Full Carrier (DSBFC)| Double Sideband Full Carrier (DSBFC), commonly referred to simply

as "Standard AM," is an amplitude modulation technique where the transmitted signal contains the original,
unmodulated high-power carrier wave alongside two information-bearing sidebands (the Upper Sideband and the
Lower Sideband).

DSBFC is the most traditional form of AM and is universally used in standard commercial AM radio broadcasting.
Its primary advantage does not lie in its transmission efficiency—in fact, it is quite inefficient—but rather in the
extreme simplicity of the receiver design required to demodulate it.

Time-Domain Waveform of DSBFC

To understand the DSBFC waveform, let us mathematically define the baseband modulating signal (the information,
such as voice or music) as m(t) = A,, cos(2m f,t) and the high-frequency carrier signal as c¢(t) = A, cos(2m f.t).

In the DSBFC generation process, the amplitude of the carrier wave is forced to vary proportionately to the
instantaneous amplitude of the modulating signal. The mathematical expression for the resulting DSBFC time-domain
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wave, spsprc(t), is constructed by adding the modulating signal to a DC offset (equal to the carrier amplitude A.)
and multiplying the result by the carrier wave:

spsprc(t) = [Ac + m(t)] cos(2m fet)

A
spsprc(t) = Ac |1+

1 cos(2m fut) | cos(2m fet)

Letting the modulation index be defined as p = m , we arrive at the standard textbook equation:

spsprc(t) = Ac[1 + pcos(27m fint)] cos(2m fet)

When we plot this equation in the time domain, the resulting waveform exhibits a visually distinct envelope.
The envelope is an imaginary boundary line that smoothly connects the positive and negative peak amplitudes of the
modulated high-frequency carrier. In a properly modulated DSBFC signal (where p < 1), the shape of this envelope is
an exact replica of the original baseband modulating signal m(t).

0
>t
Cf) Modulating (Baseband) Signal
t
SDSBfC(t) High-Frequency Carrier Signal

]\ [\/\ h;/—VV ]\
\/ V\j\/V \1\]

DSBFC Amplitude Modulated Waveform
(Note how the dashed envelope tracks the modulating signal)

Figure 13: Time-Domain Waveforms for DSBFC Generation

Notice in the figure above how the dense, rapid oscillations of the carrier wave are securely constrained within the
slowly varying boundaries of the envelope. The receiver’s primary task—often accomplished utilizing a very inexpensive
diode envelope detector circuit—is merely to extract this outer boundary and discard the high-frequency internal
oscillations, thus perfectly recovering the original message.

The Danger of Overmodulation

If the modulating signal’s amplitude inadvertently exceeds the carrier’s amplitude (A,, > A, resulting in u > 1),
a severe error condition known as overmodulation occurs. In the time domain, this causes the envelope to
aggressively cross the zero axis, which induces sudden phase reversals in the carrier wave. A basic envelope
detector cannot comprehend this phase reversal, which leads to catastrophic distortion in the recovered audio
signal. It essentially clips the signal at the zero-crossing.



https://milav.in

Frequency Spectrum of DSBFC

While the time domain provides insight into how the signal voltage fluctuates with time, the frequency domain is
equally critical as it illustrates how the signal’s power is actively distributed across the electromagnetic spectrum.
By mathematically expanding the DSBFC equation using the fundamental trigonometric identity cos(A) cos(B) =
2[cos(A + B) + cos(A — B)], we can explicitly reveal its hidden spectral components:

spsprc(t) = Accos(2m fot) + ,u;lc cos(2m(fe + fm)t) + ,uglc cos(2m(fe — fm)t)

Carrier

Upper Sideband (USB) Lower Sideband (LSB)

This critical expansion mathematically proves that a standard DSBFC signal is not just one frequency; it actually
consists of three entirely distinct sinusoidal components when modulated by a single tone:

o The Carrier Component: Represented by A.cos(27mf.t). It sits exactly at the central carrier frequency f. and
has the largest amplitude. Crucially, its amplitude and frequency are fixed; therefore, it contains absolutely no
information about the modulating signal m(t).

o The Upper Sideband (USB): Represented by "% cos(2m(fe + fm)t). It is located slightly above the carrier at
a frequency of f. + fi. Its amplitude scales directly with p, meaning it contains a complete, perfect copy of the
original information.

o The Lower Sideband (LSB): Represented by ’“240 cos(2m(fe — fm)t). It is located slightly below the carrier at
a frequency of f. — f,. Like the USB, it also contains a complete, perfect copy of the original information.

When plotted on a frequency spectrum graph, these three components present themselves as distinct impulses (or
sharp vertical lines) for a single-tone modulating signal.

Amplitude
Ac
A
HA: pAc
2 2
fm fm
,,,,,,,,,,,,, 6 — e -
aa ! ! » Frequency f
f c _‘r m f c f c ‘f“r f m

Total Bandwidth = 2f,,

Figure 14: Frequency Spectrum of a DSBFC AM Signal (Single Tone Modulated)

The bandwidth (BW) required to successfully transmit this entire signal is calculated as the mathematical
difference between the highest and lowest frequency components present in the transmission:

BW = (fc + fm) - (fc - fm) = 2fm

Thus, a DSBFC signal requires a channel bandwidth equal to exactly twice the highest frequency of the baseband
modulating signal.

Spectrum Analyzer View of AM Radio

Imagine you tune your vehicle’s AM radio to a local news station broadcasting at a designated carrier frequency
of 1000 kHz. If the station happens to play a pure 5 kHz audio tone to test their equipment, a spectrum analyzer
connected to the transmitter’s antenna would graphically display three distinct, sharp spikes: a massive, tall spike
exactly at 1000 kHz (the carrier), a much smaller spike at 1005 kHz (the USB), and an equally sized smaller spike
at 995 kHz (the LSB). Consequently, the total RF bandwidth actively occupied by this transmission is 10 kHz.
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0.7.2 Single Sideband Suppressed Carrier (SSBSC)

As we analyze the mathematical spectrum of DSBFC, two glaring inefficiencies become immediately apparent to
communication engineers. First, the carrier wave consumes the vast majority of the transmitter’s power—often up to
67% or more at full modulation—yet it carries absolutely zero intelligence. It is merely a reference signal. Second, both
the Upper Sideband and the Lower Sideband contain identical, mirrored copies of the information. Transmitting both
is a redundant waste of valuable frequency bandwidth.

To resolve these massive inefficiencies and create a superior long-distance communication link, engineers developed
Single Sideband Suppressed Carrier (SSBSC) modulation.

Box[Single Sideband Suppressed Carrier (SSBSC)] Single Sideband Suppressed Carrier (SSBSC) is an advanced
amplitude modulation technique where both the carrier wave and one of the two sidebands (either the USB or the
LSB) are completely filtered out or suppressed within the transmitter prior to reaching the antenna. Ultimately,
only a single, highly efficient information-bearing sideband is transmitted over the airwaves.

Time-Domain Waveform of SSBSC

The generation of an SSBSC waveform in the time domain is mathematically more intricate. If we assume we are
intentionally suppressing the lower sideband and the carrier, and transmitting only the Upper Sideband for a standard
single-tone modulating signal, the complex DSBFC equation reduces down to:

sssnlt) = 22 cos(2n(fe + fm)t)

Notice a fascinating, frequently misunderstood characteristic of this resulting equation: it represents nothing more
than a single, continuous sine wave with a fixed, constant amplitude of % and a fixed, constant frequency of
(fe+ fm)-

Unlike DSBFC, the time-domain waveform of a single-tone SSBSC signal does not have a visually varying envelope.
To an oscilloscope, it looks functionally indistinguishable from a standard, unmodulated continuous wave (CW) carrier,
except its overall frequency has been slightly shifted higher by exactly the amount f,,.

m(t)

A

SSBSC Waveform (Note the Constant Flat Envelope)
Frequency is fixed at f. + fi,

Figure 15: Time-Domain Waveforms for SSBSC Generation (Single Tone)

It is critical to note that if the modulating signal is complex (such as human speech, which contains hundreds of
different frequencies simultaneously), the resulting composite SSBSC waveform will indeed have a varying envelope.
This variation arises from the constructive and destructive phase interference of the various shifted sideband frequencies
mixing together. However, for fundamental mathematical analysis, the single-tone constant-envelope property remains
a defining and heavily tested characteristic.
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Frequency Spectrum of SSBSC

The frequency spectrum of SSBSC is incredibly minimalist and visually striking in its efficiency. Because the large
central carrier and one entire sideband are suppressed via tight bandpass filtering or phase shifting at the transmitter,
the resulting spectrum consists of only a single lone impulse (when evaluating a single-tone modulation).

Assuming we suppressed the carrier and the LSB, the spectrum would only visually manifest the USB located
exactly at fo+ fo-

Amplitude
A, (Suppressed)
Suppressed LSB ! Acglm
| C
| D
7 : ; ! y Frequency f
fC - fm fc fc _'T fm

|
|
A\l

Bandwidth Requiremént = fm

Figure 16: Frequency Spectrum of an SSBSC Signal (Assuming USB is Transmitted)

The bandwidth (BW) conservation for an SSBSC transmission is vastly superior to that of DSBFC:

BWZ(fc+fm)_fc:fm

The required electromagnetic bandwidth over the air is exactly equal to the bandwidth of the original baseband
audio signal. This incredible efficiency effectively doubles the total number of communication channels that can be
simultaneously packed into a given frequency allocation band when compared directly to standard AM.

Receiver Complexity in SSBSC

While SSBSC is undeniably the champion in terms of power utilization and bandwidth conservation, it comes at a
significant engineering cost: extreme receiver complexity. Because the reference carrier is entirely missing from
the incoming airwaves, a simple, cheap envelope detector will completely fail to recover the audio, yielding only
silent static. An SSBSC receiver must internally generate its own precise, perfectly synchronized local carrier
wave and electronically "re-insert" it into the received signal before demodulation can happen (a rigorous process
called coherent or synchronous detection). If the receiver’s local oscillator drifts off by even a few Hertz, the
recovered human voice will sound highly shifted and distorted, often humorously described by radio operators as
having a mechanical "Donald Duck" quality.

\. J

0.7.3 Comparative Analysis Summary

To consolidate our analytical understanding, it is highly beneficial to compare the operational characteristics of DSBFC
and SSBSC side-by-side. The choice between these two forms of modulation is not a matter of one being universally
"better," but rather a classic engineering trade-off between transmission efficiency, available bandwidth, and acceptable
equipment complexity.

Concept DSBFC intentionally sacrifices RF power and spectrum bandwidth efficiency to guarantee that mass-
market consumer receivers can be manufactured cheaply and simply. Conversely, SSBSC optimizes power and
bandwidth to their theoretical maximums, but absolutely requires highly stable, sophisticated, and expensive
circuitry at both the transmitter and the receiver endpoints.
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Design Parameter

DSBFC (Standard AM)

SSBSC (Single Sideband)

Bandwidth Requirement

2 fm (Requires exactly double the base-
band message bandwidth).

fm (Requires the exact same band-
width as the original baseband mes-

sage).

Power Efficiency

Very low. Even at 100% optimal mod-
ulation, at least 66.7% of the transmit-
ter’s power is wasted entirely on the
uninformative carrier.

Extremely high. 100% of the transmit-
ted RF power is strictly dedicated to
carrying the intelligence.

Transmitted RF Components

The Carrier wave, the Upper Sideband
(USB), and the Lower Sideband (LSB).

Only one single sideband (either the
USB or the LSB is chosen).

Transmitter Complexity

Moderate and straightforward. Mod-
ulation is achieved easily with basic
non-linear components.

High. Requires extremely sharp band-
pass crystal filters or highly precise
phase-shift networks to properly sup-
press the carrier and unwanted side-
band.

Receiver Complexity

Extremely simple. Demodulation is
achieved flawlessly with a basic diode
envelope detector circuit.

Very complex. Requires a highly stable
local oscillator for synchronous carrier
reinsertion prior to detection.

Typical World Applications

Standard AM radio broadcasting, in-
ternational shortwave broadcast, avia-
tion voice communications.

Amateur (Ham) radio, long-distance
maritime/military point-to-point com-
munications, deep space telemetry.

Table 3: Detailed Technical Comparison between DSBFC and SSBSC Modulation Formats
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Figure 17: Frequency domain spectrum of AM

AllImage Placeholder: Spectrum analyzer screen showing sidebands
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Figure 18: Spectrum Analyzer Screen

Modulation Index and Power saving in SSB
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0.8.1 Modulation Index, Carrier Power, Modulated Signal Power, and Power Saving in SSB

In the study of Amplitude Modulation (AM), analyzing the signal mathematically is only the first step. For practical
implementation, an engineer must deeply understand how effectively the carrier is modulated, how power is distributed
among the different components of the transmitted signal, and how this power can be optimized. This section explores
the fundamental concepts of the modulation index, the power relations within an AM wave, and the significant power
savings achieved by adopting Single Sideband (SSB) transmission techniques.

Modulation Index

When a message signal modulates a carrier wave, the extent to which the carrier amplitude varies is determined by the
amplitude of the message signal relative to the amplitude of the unmodulated carrier. This relationship is quantified by
a fundamental parameter known as the Modulation Index.

Box[Modulation Index (m)] The modulation index (also referred to as the modulation factor, depth of modulation,
or degree of modulation) is defined as the ratio of the peak amplitude of the modulating signal (message signal),
A, to the peak amplitude of the unmodulated carrier signal, A..

Am
Ac

m =

When expressed as a percentage, it is called the percentage of modulation: M = m x 100%.

The modulation index can also be calculated directly from the AM wave’s envelope observed on an oscilloscope. If
Apaz is the maximum peak amplitude of the AM envelope and A, is the minimum peak amplitude, the modulation
index can be mathematically derived. The maximum amplitude occurs when the message signal is at its positive peak
(Apaz = Ac + Ap), and the minimum occurs at the negative peak (Apin = A — Ay). By solving these equations
simultaneously, we can express the modulation index in terms of the envelope amplitudes:

Amam - Amm

m=-—-——
Amax + Amzn

Based on the numerical value of the modulation index, amplitude modulation can be classified into three distinct
categories:

o Under-modulation (m < 1): In this scenario, the amplitude of the modulating signal is strictly less than
the carrier amplitude (A4,, < A.). The envelope of the AM wave never reaches zero and accurately resembles
the original message signal. This is the standard, desired condition for commercial AM broadcasting, ensuring
distortion-free demodulation.

o Exact or 100% Modulation (m = 1): The amplitude of the modulating signal is perfectly equal to the
carrier amplitude (A,, = A.). The minimum amplitude of the envelope just touches the zero-voltage axis
(Apmin = 0). This specific condition provides the maximum possible power in the sidebands without causing
non-linear distortion, thereby maximizing the signal-to-noise ratio at the receiver.

o Over-modulation (m > 1): The amplitude of the modulating signal exceeds the carrier amplitude (A, > A.).
The mathematical envelope crosses the zero axis, leading to severe phase reversals in the carrier wave during the
negative peaks of the modulating signal.

The Dangers of Over-modulation

When m > 1, the envelope of the modulated wave no longer perfectly traces the shape of the original message
signal. This results in envelope distortion (also called clipping). When a standard envelope detector (the most
common type of AM receiver) attempts to demodulate this signal, the recovered audio will be heavily distorted and
lose its original fidelity. Furthermore, over-modulation generates spurious sideband frequencies that fall outside
the allocated channel bandwidth—a disruptive phenomenon known as spectral splatter or adjacent channel
interference. For these stringent regulatory and technical reasons, over-modulation must be strictly avoided in
AM transmitters.
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Calculating the Modulation Index

An unmodulated carrier wave has a peak amplitude of 10 V. When a sinusoidal audio signal is applied to the
modulator, the maximum peak amplitude of the resulting AM wave becomes 14 V, and the minimum peak
amplitude becomes 6 V. Determine the modulation index and the state of modulation.

Solution: Given: Aq: = 14 V, Amin = 6 V. Using the envelope formula:

_Amax_Amin_ 14_6_ 8

_ - = — =04
Aoz + Amin 1446 20

The modulation index is 0.4, or the degree of modulation is 40%. Because m < 1, this represents a safe case of
under-modulation.

Carrier Power and Modulated Signal Power

An AM wave is a composite signal that consists of three distinct frequency components: the central carrier frequency
(fc), the Lower Sideband (LSB) located at f. — fp,, and the Upper Sideband (USB) located at f. + f,. When this AM
wave is transmitted through an antenna (which has an effective radiation resistance, typically denoted as R), each of
these components dissipates electrical power into space.

The total power of the modulated signal (F;) is the arithmetic sum of the power contained in the unmodulated
carrier (P.) and the power contained in both sidebands (Prsp and Pysp). Let us derive these fundamental power
relationships.

In alternating current (AC) circuits, the average power dissipated across a resistor R is given by P = VTj’%”S, where

Vrms is the root-mean-square voltage. For a continuous sinusoidal wave with a peak amplitude of V,,, the RMS voltage
v,
2.

1. Carrier Power (F.): The unmodulated carrier wave is mathematically modeled as v.(t) = A. cos(27 fct). Its
peak voltage is A..

is universally defined as Vs =

(Ac/V2)? _ A2
PC = — = —
R 2R
2. Sideband Power (Pysp and Prgp): From the standard mathematical expansion of an AM wave, the peak

amplitude of both the upper and lower sidebands is strictly mTAC. Therefore, the power in each individual sideband is

calculated as:

(mAc>2 2 42
B ~\ove) m Az
Pysp = Prsp = Y

2
Since the base carrier power is P, = ‘24—1%, we can strategically substitute this back into the sideband power equation to
express sideband power directly in terms of carrier power:

m2 A2 m2
PUSB:PLSB:T' ﬁ :Tpc

The total sideband power (Psp) is simply the sum of the LSB and USB power:

m2 m2
Psp = Prsp + Pysp = 2 X <4Pc = 7Pc

3. Total Modulated Signal Power (P;): The total transmitted power radiated by the antenna is the sum of the
carrier power and the total sideband power:

2

m
Pt:Pc‘i‘PSB:Pc"‘?Pc

2
3:30+2>

4. Antenna Current Relation: In many practical field scenarios, it is significantly easier to measure the antenna
current using an ammeter rather than measuring direct RF power. Using the standard Joule’s law relation P = I?__R

rms ’
m2
ﬁR:ﬁRl+3—

we can write:
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Where I; is the total RMS current of the modulated wave, and I, is the RMS current of the unmodulated carrier. By
cancelling R from both sides and taking the square root, we obtain the vital current relation:

/ 2
m
It:IC 1+7

Concept The total power and current in an AM wave are directly dependent on the modulation index (m).
o When unmodulated (m = 0), P, = P, and I; = I.. The transmitter rests at its baseline rating.

o At 100% modulation (m = 1), the total power increases to P, = P.(1+ 0.5) = 1.5P,. Thus, a commercial
AM transmitter must be engineered to handle 50% more power than the unmodulated carrier alone when
fully modulated to prevent thermal component failure.

Inefficiency of Standard AM and Power Saving in SSB

The primary technological goal of any communication system is to transmit intelligence or information over a distance.
In standard AM (Double Sideband Full Carrier, or DSB-FC), the actual information is contained entirely within the
frequency-shifted sidebands. The high-power carrier component, despite consuming the vast majority of the transmitted
energy, contains absolutely no dynamic information about the message signal. Its only practical purpose is to serve as
a continuous reference beacon to simplify demodulation at the receiver end (allowing for cheap and highly simplified
envelope detectors).

Let us mathematically evaluate the power efficiency (7) of standard AM, defined as the ratio of useful power (total
sideband power) to total transmitted power:

, - Psz _ wP_ m?
P, Pc(1_|_m72) 2+ m?

For a maximum allowable modulation index of m = 1, the theoretical maximum efficiency is:

12 1
Nmaz = 7123 33.33%

This harsh mathematical reality proves that under the absolute best operating conditions, only 33.33% of the total
transmitted power actually carries useful information. The remaining 66.67% is entirely wasted on radiating the
static, empty carrier. Furthermore, because both the LSB and USB contain perfectly identical information (they are
symmetrical mirror images of the original baseband spectrum), transmitting both of them simultaneously is highly
redundant. Standard AM not only wastes precious power but also wastes spectral bandwidth by occupying twice the
highest frequency of the modulating signal (BW = 2f,,).

To drastically improve transmission efficiency, radio engineers developed advanced sideband suppression techniques.

1. Double Sideband Suppressed Carrier (DSB-SC): The carrier is filtered out or suppressed using a balanced
modulator prior to transmission. This saves massive amounts of power, but it still requires the full 2 f,,, bandwidth.

2. Single Sideband Suppressed Carrier (SSB-SC or simply SSB): Both the carrier and one of the redundant
sidebands are aggressively filtered and suppressed. Only a single sideband (either USB or LSB) is transmitted
over the air. This scheme represents the pinnacle of AM efficiency, offering the maximum possible power savings
and halving the required channel bandwidth to just f,.

Calculating Power Savings in SSB Let us systematically calculate exactly how much power is mathematically
saved when a transmission network shifts from standard AM to an SSB transmission format. The total power required
for a standard AM wave is defined as: )

EZRG+@>

In SSB transmission, we deliberately suppress the carrier (P.) and one specific sideband (for example, the LSB, where

Prsp = PcmTz). The amount of power saved is simply the arithmetic sum of the power of the components we chose not
to radiate:

m2 m2
Power Saved = P. + Prsgp = P. + PCT =P, (1 + 4)
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The exact percentage of power saved relative to the total standard AM power budget is:

P Saved
% Power Saving = w x 100%
t

P (1+12)
P(1+m)

By cancelling P. and simplifying the complex fractions by multiplying the numerator and denominator by 4, we arrive
at the standard formula for SSB power savings:

% Power Saving = x 100%

4 4+ m?
4 + 2m?

Power Saving Calculation for Maximum Modulation

Calculate the exact percentage of power saved in an SSB-SC system compared to a standard AM system when the
modulation index is m = 1 (100% modulation) and m = 0.5 (50% modulation).

% Power Saving = x 100%

Solution: Case 1: m =1

44 (1) 5
W 100% = 2 x 100% ~ 83.33%

% Power Saving = 1720) .

By switching to SSB at 100% modulation, the transmitter saves an incredible 83.33% of power. This means if a
standard AM transmitter was radiating 600 Watts into an antenna, an equivalent SSB transmitter would only
need to radiate 100 Watts to deliver the exact same information to the receiver!

Case 2: m =0.5

4+ (0.5)2 4+40.25 4.25

x 100% = ——— x 100% = —— x 100% ~ 94.44%

Power Saving = —— "=
% Power aving 44_2(0‘5)2 4+0.5 4.5

At lower modulation depths, standard AM is even less mathematically efficient. Therefore, the relative power
saved by shifting to SSB becomes even more dramatic, saving nearly 95% of the total system power.

Power (P)

A

ler)

Suppressed
in SSB Transmitted

in SEB{FSB)

L e » Frequency (f)

Figure 19: Power spectrum of an AM signal. In Single Sideband (SSB) transmission, the immense power of the central
carrier and one redundant sideband (e.g., the LSB) are completely suppressed prior to amplification. Only a single
sideband is ultimately transmitted, yielding massive savings in both transmission power and spectral bandwidth.

In conclusion, a deep analytical understanding of the modulation index and its associated mathematical power
relations exposes the extreme inherent inefficiencies of standard AM broadcasting. While traditional AM remains
widely popular for basic public broadcasting due entirely to the sheer simplicity and low manufacturing cost of
consumer receivers, its enormous power waste and excessive bandwidth consumption make it highly unsuitable for
many modern, demanding applications. This gross inefficiency directly drove the widespread historical adoption of SSB
techniques in applications where transmission power conservation, mobile battery life, and strict spectral efficiency
are paramount—such as in long-haul point-to-point military communications, global maritime radio, trans-oceanic
aviation, and amateur radio (HAM) operations.
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Figure 20: Modulation Index representation

AT Image Placeholder: Concept art of varying signal envelopes

Figure 21: Varying Signal Envelopes

0.9 Mathematical representation of FM wave

0.10 Mathematical Representation of FM Wave, Modulation Index, Bandwidth,
and Frequency Spectrum

0.10.1 Introduction to Frequency Modulation (FM)

Frequency Modulation (FM) is a continuous-wave modulation technique in which the instantaneous frequency of a
high-frequency carrier wave is varied in accordance with the instantaneous amplitude of a low-frequency modulating
signal, while the amplitude of the carrier remains constant. This technique is widely used in radio broadcasting,
television sound, and two-way radio systems due to its superior noise immunity compared to Amplitude Modulation
(AM).

Key Concept

Concept In Frequency Modulation (FM), the amplitude of the FM wave remains constant, but its frequency
changes depending on the amplitude of the modulating signal. A higher amplitude of the modulating signal results
in a larger shift in the carrier frequency.

0.10.2 Mathematical Representation of an FM Wave

To derive the mathematical expression for a frequency-modulated wave, let us define the unmodulated carrier wave and
the baseband modulating signal.
Let the unmodulated carrier wave be represented as:

ve(t) = Ve cos(wet + 6p) (20)
Where:
o V. is the peak amplitude of the carrier wave.

e we = 27 f, is the angular frequency of the carrier wave in radians per second.
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o fc is the unmodulated carrier frequency in Hertz (Hz).

o 0y is the initial phase angle (assumed to be zero for simplicity).
Let the modulating (baseband) signal be a simple sinusoidal wave:
U (t) = Vi, cos(wimt) (21)
Where:

o V., is the peak amplitude of the modulating signal.
e Wy = 27 f,, is the angular frequency of the modulating signal.

e fm is the modulating frequency.

In FM, the instantaneous angular frequency w;(t) of the modulated wave varies directly with the amplitude of the
modulating signal v,,(t). Therefore, we can write:

wi(t) = we + kpom(t) (22)
Substituting v, (t):
wi(t) = we + k¢ Vi cos(wmt) (23)
Here, k¢ is the frequency sensitivity constant of the frequency modulator, measured in Hertz per Volt (Hz/V) or radians
per second per Volt.

The instantaneous phase angle 0;(t) of the FM wave is the integral of the instantaneous angular frequency with
respect to time:

0;(t) = /Ot wi(T)dT = /Ot(wc + k¢ Vi cos(wp,T))dT (24)
0;(t) = wet + k:(f)Vm sin(wpt) (25)

The general expression for the FM wave is:
vrnm (t) = Vecos(6i(t)) (26)

Substituting the expression for 6;(t), we obtain the fundamental mathematical representation of an FM wave:

k¢Vin
v (t) = Vecos (wct + AL sin(wmt)> (27)

Wm

0.10.3 Frequency Deviation and Modulation Index

Box[Frequency Deviation (A f)] Frequency deviation is the maximum change or shift in the instantaneous frequency

of the FM wave from its unmodulated carrier frequency f.. It is directly proportional to the peak amplitude of
the modulating signal.

From our earlier equation, the maximum angular frequency shift is Aw = k;V;,,. Therefore, the maximum frequency
deviation Af in Hertz is:
kiVin
o
Notice that the frequency deviation Af depends only on the amplitude of the modulating signal (V},,) and not on its

frequency (fim).

Af = (28)

Box[Modulation Index of FM (my)] The modulation index for frequency modulation is defined as the ratio of the
maximum frequency deviation (Af) to the frequency of the modulating signal (fy,).

Mathematically, the modulation index my (often also denoted by f3) is:
_Af
Jm

Using the modulation index, the mathematical representation of the FM wave can be elegantly rewritten as:

my (29)

vpMm(t) = Vecos(wet + my sin(wit)) (30)
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Calculating Modulation Index

An FM transmission has a carrier frequency of 100 MHz and a frequency deviation of 75 kHz. If the modulating
signal has a frequency of 15 kHz, calculate the modulation index.

Solution:

Given:

Frequency deviation, Af = 75 kHz

Modulating frequency, f,, = 15 kHz

Modulation index m; = % = % =15

r
\

Overmodulation in FM

Unlike Amplitude Modulation (AM), where a modulation index greater than 1 causes severe distortion (over-
modulation), an FM system can have a modulation index much greater than 1 without causing distortion in
the traditional sense. However, a higher modulation index increases the bandwidth required for transmission.
Standard commercial FM broadcasting allows a maximum frequency deviation of 75 kHz.

r
\

0.10.4 Bandwidth of an FM Wave

The bandwidth of an FM wave depends heavily on the modulation index my. In theory, an FM wave contains an
infinite number of sidebands, meaning its bandwidth is technically infinite. However, in practice, the amplitude of
sidebands situated far from the carrier frequency becomes negligibly small.

FM can be broadly classified into two categories based on the modulation index:

« Narrowband FM (NBFM): If the modulation index my is very small (my < 1), the FM wave will have only
one significant pair of sidebands (similar to AM). The bandwidth of NBFM is approximately 2 f,,.

« Wideband FM (WBFM): If m; > 1, the FM wave contains multiple significant sidebands. Commercial FM
radio is an example of WBFM.
Carson’s Rule for Bandwidth Estimation

To calculate the practical bandwidth of an FM signal, a widely accepted approximation known as Carson’s Rule is
used. Carson’s rule states that the bandwidth includes approximately 98% of the total transmitted power.

Key Concept

Concept Carson’s Rule formula for FM Bandwidth (BW):
BW ~2(Af + fin) (31)

or alternatively:
BW =~ 2fp(mys+1) (32)

,
.

Calculating Bandwidth using Carson’s Rule

An FM signal has a maximum frequency deviation of 50 kHz and is modulated by an audio signal of 10 kHz.
Determine the approximate bandwidth required for transmission.

Solution:

Given: Af =50 kHz, f,,, = 10 kHz

Using Carson’s Rule:

BW = 2(Af + fm) = 2(50 + 10) = 2(60) = 120 kHz.

The required bandwidth is 120 kHz.

0.10.5 Waveforms of Frequency Modulation

To visualize Frequency Modulation, we compare the modulating signal, the unmodulated carrier wave, and the resulting
FM wave in the time domain.

When the modulating signal’s amplitude is zero, the FM wave’s frequency is exactly the carrier frequency (f).
As the modulating signal amplitude increases towards its positive peak, the instantaneous frequency of the FM wave
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increases, resulting in the waves being "compressed" together. As the modulating signal amplitude decreases towards
its negative peak, the instantaneous frequency decreases, and the waves appear "stretched" apart.
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Figure 22: Time-domain waveforms illustrating Frequency Modulation.

As seen in the figure above, the amplitude of the FM wave remains constant at V., while its frequency varies. The
highest frequency (fmaz) occurs at the positive peaks of the modulating signal, and the lowest frequency (fmin) occurs
at the negative peaks.

0.10.6 Frequency Spectrum of an FM Wave

The frequency spectrum analysis of an FM wave is more complex than that of an AM wave because the mathematical
expression involves the sine of a sine function: vpy(t) = V. cos(wet + my sin(wpt)).

To analyze its frequency components, this expression must be expanded using complex trigonometric identities and
Bessel functions of the first kind, denoted as J,,(my).

The expanded FM voltage equation is given by:

vem (t) = VelJo(my) cos(wet)
+ Ji(my) cos((we + wm)t) — Ji(my) cos((we — wm)t)

( ((
+ Jo(my) cos((we + 2w )t) + Jo(my) cos((we — 2w )t)
+ J3(my) cos((we + 3wm)t) — J3(my) cos((we — 3wm)t)
+...]

From this expansion, we can derive the following key observations regarding the FM frequency spectrum:

1. Carrier Component: The first term represents the carrier frequency component, but its amplitude is now
Vedo(my). Unlike AM, the carrier amplitude in FM depends on the modulation index and can even be zero for
certain values of my (known as carrier nulls).

2. Infinite Sidebands: The FM wave contains an infinite number of sideband pairs spaced at intervals of f,, from
the carrier frequency (fe &+ fim, fe £ 2fm, fe £ 3fm, etc.).

3. Sideband Amplitudes: The amplitude of the n-th sideband pair is determined by V.J,(my). As n increases,
the value of the Bessel function J,,(my) generally decreases. Sidebands with an amplitude of less than 1% of the
unmodulated carrier are typically considered insignificant.
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Figure 23: Typical Frequency Spectrum of a Wideband FM signal, showing the carrier and multiple sideband pairs.

The graph above illustrates a typical Wideband FM spectrum. The amplitudes of the spectral lines are determined
by the Bessel functions for a specific modulation index. The alternating signs for odd harmonics (like —J;(my),
—J3(my)) on the lower sideband side indicate a 180° phase shift relative to their upper sideband counterparts. However,
spectrum analyzers typically display magnitude, so these would appear positive in practical measurements.
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Figure 24: FM signal generator block

ATl Imdge Placeholder: A glowing FM waveform moving across a digital grid

Figure 25: Glowing FM Waveform

0.11 Definition of phase modulation

0.12 Definition of Phase Modulation

0.12.1 Introduction to Angle Modulation

Before diving specifically into Phase Modulation (PM), it is essential to understand the broader category it belongs
to: Angle Modulation. Unlike Amplitude Modulation (AM), where the amplitude of the carrier wave is varied in
accordance with the instantaneous value of the message signal, angle modulation keeps the amplitude of the carrier
completely constant. Instead, the total phase angle of the high-frequency carrier wave is varied proportionally to the
modulating signal.

Angle modulation is fundamentally divided into two closely related types:

1. Frequency Modulation (FM): The instantaneous frequency of the carrier is varied proportionally to the
modulating signal.
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2. Phase Modulation (PM): The instantaneous phase of the carrier is varied proportionally to the modulating
signal.

Though FM is far more common in everyday analog broadcasting (such as commercial FM radio), PM forms the
foundational basis for many advanced digital modulation techniques used in modern wireless communications, such as
Phase Shift Keying (PSK) and Quadrature Amplitude Modulation (QAM).

0.12.2 Concept and Formal Definition

Box[Phase Modulation (PM)] Phase Modulation is defined as the modulation process in which the instantaneous
phase of the unmodulated carrier wave is varied linearly in accordance with the instantaneous amplitude of the
modulating baseband signal, while the amplitude and the unmodulated frequency of the carrier remain completely
constant.

To visualize this phenomenon, imagine a continuous high-frequency wave. When the modulating signal’s voltage
increases positively, it pushes the phase of the carrier forward (creating a phase advance). Conversely, when the
modulating signal’s voltage decreases into the negative region, it pulls the phase of the carrier backward (creating
a phase retardation). Because phase and frequency are mathematically linked (frequency is the rate of change of
phase), any dynamic change in phase inherently results in a temporary change in frequency. However, the fundamental
parameter being controlled directly by the message signal in PM is the phase, not the frequency.

0.12.3 Mathematical Representation of Phase Modulation

To rigorously analyze PM, let us consider a continuous-wave carrier signal ¢(t) and a baseband modulating signal (the
message to be transmitted) m(t).
The unmodulated carrier signal can be expressed mathematically as:

c(t) = Ve cos(wet + ¢p) (33)
Where:
e V. is the peak amplitude of the carrier signal.
e we = 27 f, is the angular frequency of the carrier signal.
o ¢ is the initial phase angle (often assumed to be zero for simplicity of analysis).

The total instantaneous phase angle of the unmodulated carrier is given by 6(t) = w.t + ¢g. In Phase Modulation,
the instantaneous phase 6;(t) of the carrier is varied so that it is directly proportional to the modulating signal m(t).
Therefore, the modulated phase angle is written as:

0;(t) = wet + kym(t) (34)

Where k), is the phase sensitivity or phase deviation constant of the electronic modulator. It is measured in radians
per volt (rad/V) and determines exactly how much phase shift is produced for a 1-volt change in the modulating signal.
Substituting this instantaneous phase back into the general expression for the carrier, we obtain the fundamental

equation for a Phase Modulated wave:
spy(t) = Vecos(wet + kpm(t)) (35)

Concept In a phase-modulated wave, the amplitude V. remains absolutely constant at all times. The information
from the message signal m(t) is entirely encoded within the argument (the phase) of the cosine function.

0.12.4 Modulation Index and Phase Deviation

To understand the extent of modulation and its impact, let us assume a single-tone sinusoidal modulating signal:
m(t) = Vi, cos(wmt) (36)

Where V,,, is the peak amplitude and w,, = 27 f,, is the angular frequency of the message signal.



https://milav.in

Substituting m(t) into the PM equation yields:
spy(t) = Ve cos(wet + kp Vi, cos(wmt)) (37)

The maximum phase change caused by the modulating signal is known as the Phase Deviation, denoted by Ad.
Looking at the equation, the phase deviates from its unmodulated state by a maximum of k,V;, radians.

A¢ = kyVin (38)

The Modulation Index for phase modulation, conventionally denoted as m,, is defined directly as the maximum
phase deviation. Therefore:
my = A¢ = kpVi, (39)

Thus, the final expression for a single-tone phase-modulated wave simplifies to:

spa(t) = Ve cos(wet + my, cos(wpt)) (40)

Calculating Modulation Index and Phase Deviation

A phase modulator circuit possesses a phase sensitivity constant k, = 0.75 rad/V. If the modulating signal is an
audio sine wave with a peak amplitude of 2 V, determine the modulation index and the maximum phase deviation.
Solution:

Given values: k, = 0.75 rad/V, V;,, =2 V.

The modulation index m, in Phase Modulation is equivalent to the phase deviation A¢, and is calculated as:

my = kpVim, = 0.75 X 2 = 1.5 radians

Thus, the modulation index is 1.5, meaning the maximum phase shift experienced by the carrier wave from its
unmodulated position is 1.5 radians.

0.12.5 Instantaneous Frequency and Frequency Deviation in PM

Although PM directly manipulates the phase of the carrier, the frequency of the carrier is also indirectly affected. This
is a crucial concept because angular frequency is simply the time derivative of the phase angle. The instantaneous
angular frequency w;(t) of the modulated wave is the rate of change of the instantaneous phase 6;(t):

wit) = %[eiu)] - %[wct 4+ kym(t) (41)
m@:%+@%m® (42)

Dividing the entire equation by 27 to express it in standard frequency (Hertz), the instantaneous frequency f;(t)
becomes:
k, d
ilt) = fot 52 Sm(t) (43)

This derivation is highly profound. It reveals that in Phase Modulation, the change in instantaneous frequency is
proportional to the derivative (the slope or rate of change) of the modulating signal, rather than the amplitude of the
signal itself.

If we apply this mathematical logic to our single-tone modulating signal m(t) = V},, cos(wp,t):

d
ﬁm(t) = — VW, sin(wp,t) (44)
kpVimwm . .
fi(t) = fe— 7‘0‘2 @ sin(wmt) = fo — kpVin frm sin(wmt) (45)
T
Since we established earlier that m, = k,V,,, we can rewrite this as:
fi(t) = fo — myp frn sin(wmt) (46)

The maximum departure of the instantaneous frequency from the unmodulated center carrier frequency f. is called
the Frequency Deviation (Af). From the equation above, the absolute maximum value of this frequency shift is:

Af = mpfm = kpvmfm (47)
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Crucial Difference from FM

In Frequency Modulation (FM), the frequency deviation Af depends only on the amplitude of the modulating
signal (V},,) and is completely independent of its frequency (fy,).

However, in Phase Modulation (PM), the frequency deviation Af is proportional to both the amplitude of the
modulating signal (V;,,) and its frequency (fi,). A higher frequency message signal will cause a much wider
frequency deviation in PM, resulting in a significantly larger bandwidth requirement for transmitting higher
frequency audio or data.

L J

0.12.6 Waveform Analysis of Phase Modulation

To properly visually comprehend phase modulation, we can plot the modulating signal, the unmodulated carrier wave,
and the resulting phase-modulated waveform.

Amplitude
(a) Modulating Signal m(?)

t
V.,

Amplitude .
(b) Unmodulated Carrier c(t)

— t
Amplitude
(c) Phase Modulated Signal spys(t)

— t

Figure 26: Time-domain waveforms illustrating Phase Modulation. Notice that the regions of highest frequency in
the PM wave correspond to the times when the modulating signal has the steepest slope (highest derivative), not
necessarily its highest peak.

Observing the PM waveform in the figure above, the density of the carrier cycles (which represents the instantaneous
frequency) varies dramatically over time. The cycles are packed closest together (indicating the highest frequency)
exactly where the slope of the modulating signal is maximally positive. They are spread furthest apart (indicating the
lowest frequency) where the slope of the modulating signal is maximally negative. When the modulating signal is at
its maximum and minimum peaks (where the slope is precisely zero), the instantaneous frequency of the PM wave is
completely unaltered and remains equal to the unmodulated carrier frequency f..

0.12.7 Indirect Generation: Interoperability of PM and FM

Because Phase Modulation (PM) and Frequency Modulation (FM) are fundamentally interconnected as forms of angle
modulation, it is completely feasible to generate one type of modulation using the hardware designed for the other.
This interchangeable relationship is widely exploited in practical communication systems.

Generating FM using a Phase Modulator: Recall that the instantaneous frequency deviation in PM is
proportional to the derivative of the modulating signal. If we desire an FM signal (where frequency deviation must
be proportional strictly to the modulating signal itself), we must pre-process the message signal. By passing the
modulating signal m(t¢) through an integrator circuit (acting as a low-pass filter) before applying it to a phase
modulator, the integration mathematically cancels out the differentiation inherent in the PM frequency deviation.
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Thus, if the input to the PM modulator is [ m(t)dt, the resulting instantaneous frequency variation will be proportional
to & ['m(t)dt = m(t). This perfectly yields Frequency Modulation.

Generating PM using a Frequency Modulator: Conversely, if we possess an FM modulator circuit but need
to transmit a PM signal, we can pass the modulating signal m(t) through a differentiator circuit (acting as a
high-pass filter) prior to injecting it into the FM modulator. The FM modulator creates a frequency variation directly
proportional to its input. Since the modified input is %m(t), the frequency variation becomes proportional to the
derivative of the message. Consequently, the phase variation is proportional to the integral of the derivative, which
perfectly reproduces m(t) itself. Thus, Phase Modulation is successfully achieved using an FM transmitter.

0.12.8 Comparison: Phase Modulation vs Frequency Modulation

Since PM and FM share numerous characteristics, it is crucial to clearly summarize their key differences to prevent
confusion.

Parameter Phase Modulation (PM) Frequency Modulation (FM)

Definition Carrier phase varies linearly in Carrier frequency varies linearly in
accordance with the modulating accordance with the modulating
signal. signal.

Frequency Deviation (Af) Proportional to modulating voltage | Proportional only to the modulating
and modulating frequency voltage (Af o Vip).

Phase Deviation (A¢) Proportional only to the modulating | Proportional to modulating voltage
voltage (A¢ x V). and inversely proportional to

modulating frequency
(Ap < Vi / fm)-

Modulation Index Remains constant if modulating Decreases as the modulating
frequency changes, provided V,, is frequency increases (if V;;, is
constant. constant).

Noise Immunity Relatively better than AM, but Excellent noise immunity; widely
generally inferior to FM for analog utilized for high-fidelity audio
audio signals. transmission.

Bandwidth Requirement Varies directly with both V;, and f,,. | Varies with V,,,, but remains
Tends to be excessively wide for relatively stable across different
high-frequency messages. baseband frequencies (fy,)-

Table 4: Detailed Comparison between Phase Modulation and Frequency Modulation

0.12.9 Advantages, Disadvantages, and Applications of Phase Modulation
Advantages:

e Constant Amplitude: Like FM, PM maintains a constant envelope amplitude. This crucial characteristic
makes it immune to amplitude fading and allows the use of highly efficient non-linear amplifiers (such as Class-C
amplifiers) for transmission without introducing distortion.

e Digital Superiority: Phase modulation concepts are exceptionally scalable to digital modulation formats.
Modulating the phase in discrete steps yields Phase Shift Keying (PSK, BPSK, QPSK), which provides exceptional
data rates and spectral efficiency compared to amplitude or frequency shift keying techniques.

» Noise Rejection: It inherently provides better noise immunity than Amplitude Modulation (AM). Any noise
that attempts to corrupt the amplitude of the signal during transmission can be easily removed at the receiver
using a limiter circuit before demodulation.

Disadvantages:

o Hardware Complexity: The modulation and demodulation circuits required for PM are generally much more
complex and expensive than those for AM. To demodulate a PM signal accurately, the receiver must possess a
local oscillator that is exactly phase-locked with the unmodulated carrier (a process known as coherent detection).
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o Bandwidth Expansion: As proven mathematically earlier, the frequency deviation in PM increases proportion-
ally with the modulating frequency. A high-frequency message signal can cause an excessively wide bandwidth,
making pure analog PM inefficient for broadband analog signals like television video or high-fidelity audio.

o Phase Ambiguity: In digital phase modulation, distinguishing between absolute phase shifts can be challenging
for the receiver, often necessitating the implementation of Differential Phase Shift Keying (DPSK) to avoid phase
ambiguity and data loss.

Real-World Applications:

e Digital Wireless Communications: PM is the absolute cornerstone of modern digital data transmission.
Techniques derived from PM, like QPSK (Quadrature Phase Shift Keying) and 8-PSK, are extensively utilized in
satellite communications, Wi-Fi networks (IEEE 802.11 standards), and modern cellular mobile networks (3G,
4G LTE, and 5G).

o Indirect Generation of FM (Armstrong Method): An incredibly common historical and modern application
of analog PM is the Armstrong Method of FM generation. Because producing a highly stable frequency modulation
directly is electronically difficult, engineers first generate a highly stable PM signal using a crystal oscillator and
then feed an integrated version of the audio message signal into it, effectively outputting a high-stability FM
broadcast signal.

e Synthesizers and Audio Generation: Phase modulation synthesis was popularized in the 1980s by companies
like Yamaha (marketed commercially as "FM Synthesis", though technically it functioned via phase modulation)
to digitally generate complex, harmonic-rich sounds in digital pianos and electronic synthesizers.

m(t) > Integrator |— PM Mod- |, gy Signal

ulator

Figure 27: PM vs FM relationship block
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Figure 28: Phase Shifts Illustration

0.13 Compare AM and FM

0.14 Comparison of Amplitude Modulation (AM) and Frequency Modulation
(FM)

In the realm of analog communication systems, Amplitude Modulation (AM) and Frequency Modulation (FM) stand
as the two most foundational and widely implemented continuous-wave modulation techniques. While both serve
the fundamental purpose of transmitting low-frequency information (such as voice or music) over long distances by
superimposing it onto a high-frequency carrier wave, they achieve this through entirely different mechanisms. The
choice between AM and FM for a given communication system dictates the system’s bandwidth requirements, power
efficiency, noise performance, and overall circuit complexity. This section provides an in-depth comparative analysis of
AM and FM across various technical parameters.
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0.14.1 Fundamental Mechanisms

To effectively compare these two modulation schemes, it is essential to first understand their core operating principles.

Box[Amplitude Modulation (AM)] Amplitude Modulation is a process in which the instantaneous amplitude of
a high-frequency continuous carrier wave is varied in direct proportion to the instantaneous amplitude of the
modulating (message) signal. Throughout this process, the frequency and phase of the carrier wave remain strictly
constant.

\. J

Box[Frequency Modulation (FM)] Frequency Modulation is a process in which the instantaneous frequency of
a high-frequency continuous carrier wave is varied in direct proportion to the instantaneous amplitude of the
modulating signal. In this scheme, the amplitude and phase of the carrier wave are kept entirely constant.

,

J

The visual distinction between the two is striking. An AM waveform exhibits a constant frequency but a continuously
changing envelope that traces the shape of the message signal. Conversely, an FM waveform maintains a constant
peak-to-peak amplitude, but the wave cycles compress (higher frequency) and expand (lower frequency) as the message
signal’s amplitude rises and falls.

0.14.2 Key Technical Parameters for Comparison

The structural differences between AM and FM yield vastly different performance characteristics in practical applications.
We evaluate these differences through several critical engineering parameters.

Bandwidth Requirements

Bandwidth refers to the range of frequencies occupied by the modulated signal. In AM, the transmission of a baseband
signal with a maximum frequency of f,, requires a bandwidth of exactly 2f,,, accommodating the upper and lower
sidebands. For example, standard AM audio broadcasting limits the audio frequency to 5 kHz, resulting in a channel
bandwidth of 10 kHz.

FM, on the other hand, theoretically generates an infinite number of sidebands. However, effective bandwidth is
typically calculated using Carson’s Rule: BW = 2(Af + f,), where Af is the peak frequency deviation. Because
high-fidelity FM broadcasting uses a large frequency deviation (e.g., 75 kHz) and a higher maximum audio frequency
(15 kHz), a standard FM broadcast channel requires a massive 200 kHz of bandwidth. Thus, FM systems consume
significantly more spectral space than AM systems.

Noise Immunity and Signal Quality

One of the most defining differences between AM and FM is their response to electrical noise and interference.
Atmospheric noise, electrical transients, and interference primarily manifest as additive random spikes in the amplitude
of a propagating signal.

The Vulnerability of AM to Noise

Because AM relies entirely on the variations in the carrier’s amplitude to convey the message, any noise that
alters the amplitude of the received signal directly distorts the recovered message. If a receiver attempts to clip
or remove this amplitude noise, it will simultaneously clip and destroy the actual information. Therefore, AM
systems are notoriously susceptible to static and electrical interference.

Conversely, FM encodes its information solely in the frequency variations of the carrier. While noise will still corrupt
the amplitude of the transmitted FM signal during transit, the FM receiver employs a circuit called an amplitude
limiter. The limiter clips off the tops and bottoms of the received waveform, stripping away the amplitude noise while
perfectly preserving the frequency variations (and thus, the message). This makes FM inherently far superior in terms
of noise immunity and overall signal-to-noise ratio (SNR), rendering it the standard for high-fidelity audio transmission.

Power Efficiency

In standard AM (specifically Double Sideband Full Carrier, DSB-FC), a significant portion of the total transmitted
power is wasted on the carrier wave, which contains absolutely no information. Even at 100% modulation depth,
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the carrier consumes roughly 66.67% of the total transmitter power, leaving only 33.33% divided between the two
information-bearing sidebands. This makes standard AM highly power-inefficient.

In FM, the amplitude of the modulated wave is constant regardless of the modulating signal’s amplitude. Conse-
quently, the total transmitted power remains constant and is always equal to the power of the unmodulated carrier. All
transmitted power is effectively utilized, making FM transmitters highly efficient in their power usage.

Circuit Complexity

The simplicity of AM is its greatest historical advantage. AM modulators can be built using simple non-linear devices
(like diodes or transistors in a non-linear region). More importantly, an AM receiver can be as simple as an envelope
detector, which consists of nothing more than a diode, a resistor, and a capacitor. This simplicity made early AM radio
receivers incredibly cheap to manufacture.

FM systems are considerably more complex. Generating FM requires circuits like Voltage-Controlled Oscillators
(VCOs) or phase modulators (for indirect FM). FM receivers are equally complex, requiring stages like amplitude
limiters, frequency discriminators (or Phase-Locked Loops, PLLs) to convert frequency variations back into voltage
variations, and pre-emphasis/de-emphasis networks to manage high-frequency noise.

Propagation and Operating Frequencies

Because AM requires very little bandwidth, AM broadcast stations operate in the Medium Frequency (MF) band
(approximately 535 kHz to 1605 kHz). At these frequencies, radio waves can travel via ground waves during the day
and skywaves (bouncing off the ionosphere) at night, allowing AM signals to propagate over hundreds or even thousands
of kilometers.

Because FM requires substantial bandwidth, it is pushed into the Very High Frequency (VHF) band (e.g., 88 MHz
to 108 MHz for FM broadcasting). VHF waves do not reflect off the ionosphere; they travel primarily via line-of-sight
propagation. Therefore, the range of an FM transmission is strictly limited by the curvature of the Earth and the height
of the transmitting and receiving antennas, typically restricting reliable coverage to a radius of 50 to 100 kilometers.

0.14.3 Summary Comparison Matrix

To consolidate the engineering trade-offs between the two modulation schemes, the following table provides a direct
parameter-by-parameter comparison.

Table 5: Comprehensive Comparison between AM and FM

Parameter

Amplitude Modulation (AM)

Frequency Modulation (FM)

Definition

Amplitude of carrier varies with modulat-
ing signal.

Frequency of carrier varies with modulat-
ing signal.

Constant Parameters

Frequency and Phase.

Amplitude and Phase.

Bandwidth (BW)

Small (BW = 2f,,). Typical broadcast
channel is 10 kHz.

Large (BW = 2(Af + fm)).
broadcast channel is 200 kHz.

Typical

Noise Immunity

Poor. Highly susceptible to atmospheric
and electrical noise.

Excellent. Amplitude noise can be re-
moved via limiters.

Transmitted Power

Varies with the modulation index (u).

Constant, independent of the modulation
index.

Power Efficiency

Low. Carrier wastes power without carry-
ing information.

High. All transmitted power is utilized
efficiently.

Operating Range

MF /HF bands. Long range (hundreds of
km) due to skywave propagation.

VHF /UHF bands. Short range (line-of-
sight), limited by antenna height.

Number of Sidebands

Only two (Upper and Lower).

Theoretically infinite; practically dictated
by Carson’s rule.

Equipment Complexity

Transmitters and receivers are very simple
and inexpensive.

Transmitters and receivers are complex
and historically more expensive.

Fidelity /Audio Quality

Poor audio fidelity due to restricted band-
width (5 kHz audio limit).

High audio fidelity; can transmit audio
frequencies up to 15 kHz.
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Key Concept

Concept The fundamental engineering trade-off between AM and FM is Bandwidth vs. Noise Immunity. AM
conserves spectral bandwidth but suffers from severe noise vulnerability. FM achieves excellent noise immunity
and high-fidelity transmission but demands significantly more bandwidth to do so.

0.14.4 Real-World Applications and Selection Criteria

Despite the obvious audio quality advantages of FM, AM has not been rendered obsolete; rather, both modulation
schemes have found their respective niches based on their physical characteristics.

Aviation Communications: Why AM Survives

While one might expect modern aviation to use the clearer FM standard, aircraft communications worldwide still
rely on VHF AM. The primary reason is the FM Capture Effect. In an FM receiver, if two signals are received on
the same frequency, the receiver will "capture" and perfectly lock onto the stronger signal, entirely suppressing
the weaker one. In aviation, if two pilots transmit a distress call simultaneously, an FM receiver in the control
tower would only hear one. With AM, both signals will superimpose, and the air traffic controller will hear a
heterodyne whistle or garbled audio, immediately alerting them that multiple transmissions are occurring on the
same channel. Furthermore, AM does not suffer from severe Doppler shift distortions that can affect FM signals
transmitted from aircraft moving at high velocities.

Other standard applications include:

e Applications of AM: Long-distance news and talk radio broadcasting, two-way marine radios, amplitude-shift
keying (ASK) in digital communications, and early video transmission systems (the video signal in analog TV is
transmitted using a variant of AM called Vestigial Sideband, VSB).

e Applications of FM: High-fidelity stereophonic music broadcasting, point-to-point communication links,
emergency services (police, fire) two-way radios, telemetry, and the audio portion of analog television broadcasts.

In conclusion, understanding the comparative merits of AM and FM allows engineers to select the appropriate
modulation strategy based on the specific constraints of the communication environment, whether prioritizing long-
distance reach, circuit simplicity, spectral efficiency, or pristine signal quality.

AM Compare FM

System N ’ System

Figure 29: AM and FM blocks side by side

AT Image Placeholder: Split screen art: AM tower on left, FM tower ¢n right

Figure 30: AM and FM Towers
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0.15 Characteristic of radio receiver

0.16 Characteristics of Radio Receivers

A radio receiver is an electronic device that receives radio waves from an antenna, processes them, and extracts the
original information (such as audio, video, or data) that was transmitted. In communication systems, the performance
of a radio receiver is evaluated based on several fundamental characteristics. These parameters determine how effectively
the receiver can pick up weak signals, distinguish between multiple signals, reproduce the original message accurately,
and reject unwanted interference.

In this section, we will explore the four most critical characteristics of a radio receiver: Sensitivity, Selectivity,
Fidelity, and Image Frequency Rejection. Understanding these characteristics is essential for analyzing and designing
effective receiver circuits, especially in the context of superheterodyne receivers, which form the basis of most modern
radio communication systems.

0.16.1 Sensitivity

Box[Sensitivity]| Sensitivity is defined as the ability of a radio receiver to detect and amplify weak signals received

by the antenna and produce a usable output with an acceptable signal-to-noise ratio (SNR). It is typically measured
in microvolts (©V) or decibels relative to one milliwatt (dBm).

In any practical communication scenario, the radio signal undergoes significant attenuation (loss of power) as
it travels from the transmitter to the receiver over large distances. By the time the electromagnetic wave reaches
the receiver’s antenna, its amplitude may be extremely small—often in the range of a few microvolts. A highly
sensitive receiver can pick up these very faint signals and amplify them to a level sufficient for demodulation and audio
reproduction.

Key Concept

Concept The higher the sensitivity of a receiver, the weaker the signal it can successfully process. Therefore, a
receiver with a sensitivity of 2uV is considered more sensitive than one with a sensitivity of 10uV.

Several factors influence the sensitivity of a receiver:

o Gain of the RF and IF Amplifiers: The overall gain provided by the Radio Frequency (RF) and Intermediate
Frequency (IF) amplification stages directly determines how much the incoming weak signal can be boosted.

e Noise Figure: Every electronic component generates intrinsic thermal noise. If the internal noise generated by
the receiver’s front-end (first RF amplifier) is too high, it will drown out the weak incoming signal. Thus, a low
noise figure is crucial for high sensitivity.

o Bandwidth: A wider receiver bandwidth allows more noise to enter the system, which degrades the signal-to-noise
ratio and effectively reduces sensitivity.

Real-World Analogy for Sensitivity

Imagine trying to listen to someone whispering from across a large, noisy room. If you have excellent hearing
(high sensitivity), you can pick up the faint whisper despite the distance. If your hearing is poor (low sensitivity),
the whisper will go entirely unnoticed, or it will be masked by the background noise of the room. In this analogy,
your ear’s ability to pick up the whisper represents the receiver’s sensitivity, and the background noise represents
thermal noise.

0.16.2 Selectivity

Box[Selectivity] Selectivity is the ability of a radio receiver to select a desired signal at a specific frequency while
simultaneously rejecting all other signals on closely adjacent frequencies.
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The radio frequency spectrum is incredibly crowded. At any given moment, an antenna picks up hundreds or
thousands of different signals simultaneously, originating from various broadcasting stations, mobile networks, and
other communication systems. The receiver must be able to "tune in" to one specific station and ignore everything else.

Selectivity is primarily achieved using tuned circuits (LC circuits) in the RF and IF stages. These circuits act as
band-pass filters, allowing a specific narrow band of frequencies to pass through while heavily attenuating frequencies
outside this band. The performance of these tuned circuits is heavily dependent on their Quality Factor (Q). A higher
Q-factor results in a narrower bandwidth and steeper filter skirts, leading to better selectivity.

The Trade-off of High Selectivity

While it might seem ideal to have extremely high selectivity (a very narrow bandwidth) to perfectly reject all
adjacent channels, this can lead to a fundamental problem. If the bandwidth is made too narrow, it may cut off
the higher-frequency components (sidebands) of the desired signal itself, leading to severe distortion and a loss of
audio quality. This brings us to the concept of fidelity.

Gain/Amplitude
T fe (Desired)
Ideal Selectivity

> Frequenc
Adjacent Channel Adjacent Channel E y (/)

Figure 31: Selectivity curve illustrating the difference between an ideal band-pass response and a practical filter response
in rejecting adjacent channel interference.

0.16.3 Fidelity

Box[Fidelity| Fidelity is the ability of a radio receiver to accurately reproduce all the modulating frequencies (the
original audio, video, or data) present in the transmitted signal without adding any distortion.

When a baseband signal (like audio) modulates an RF carrier, it generates sidebands above and below the carrier
frequency. For example, in a standard AM radio broadcast, if the highest audio frequency transmitted is 5 kHz, the
total bandwidth of the AM signal is 2 x 5 kHz = 10 kHz. To achieve high fidelity, the receiver’s tuned circuits and IF
amplifiers must have a passband wide enough (at least 10 kHz in this scenario) to allow the carrier and all its essential
sidebands to pass through equally without attenuation.

If the receiver’s bandwidth is too narrow (which, as discussed, implies very high selectivity), the higher frequency
sidebands will be clipped off. When this truncated signal is demodulated, the higher audio frequencies (such as treble
notes in music or the sharp consonants in human speech) will be lost. The resulting audio will sound muffled, unnatural,
and lacking in clarity.

Concept There is a fundamental compromise between selectivity and fidelity in receiver design. Excellent selectivity
requires a narrow bandwidth to block adjacent stations, whereas excellent fidelity requires a wide bandwidth to
pass all necessary sideband information. Receiver designers must strike an optimal balance based on the specific
communication application.

For instance, AM radio broadcasting prioritizes selectivity over fidelity due to the tight spacing of AM stations
(typically spaced 9 kHz or 10 kHz apart). Consequently, AM radio generally sounds inferior and lacks treble compared
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to FM radio. FM broadcasting, on the other hand, utilizes a much wider channel bandwidth (up to 200 kHz per
channel), allowing for excellent fidelity and the transmission of high-quality stereophonic sound.

0.16.4 Image Frequency and Image Frequency Rejection

The concept of image frequency is a specific, troublesome phenomenon associated primarily with the superheterodyne
receiver architecture, which is the standard design used in modern radio equipment.

In a superheterodyne receiver, the incoming RF signal at frequency fs is fed into a mixer alongside a locally
generated continuous wave from a Local Oscillator (fro). The mixer produces a fixed Intermediate Frequency (frr).
Typically, the local oscillator frequency is designed to be higher than the signal frequency:

fir = fro — fs

From this, the required local oscillator frequency to tune to fs is:

fLO = fs +fIF

However, the mixer is a non-linear component that generates the difference between any two signals applied to
its inputs. Consider a scenario where an unwanted, entirely different broadcast signal arrives at the antenna with a
frequency fs that is higher than the local oscillator frequency by exactly frrp. Mathematically, this frequency is:

fsi = fro+ fir

If this unwanted strong signal bypasses the initial filtering and reaches the mixer, the mixer will produce a difference
frequency of:

fsi — fro = (fro + fir) — fro = fir

Box[Image Frequency| The image frequency (fs;) is an unwanted external input frequency that is separated from
the desired tuned signal frequency (fs) by exactly twice the intermediate frequency (2f7r). If it successfully enters
the mixer, it will produce the exact same IF as the desired signal, causing severe co-channel interference.

Joi = fs+2f1F

p

Once the image frequency is down-converted to the IF, it becomes mathematically indistinguishable from the
desired signal. The IF amplifiers will amplify both signals indiscriminately, and the demodulator will extract audio
from both. The user listening to the radio will hear two different stations superimposed over each other, creating a
chaotic listening experience.

Calculating Image Frequency

Suppose an AM superheterodyne receiver has a standard Intermediate Frequency (IF) of 455 kHz. A listener
tunes the receiver to a desired station broadcasting at f; = 1000 kHz. The local oscillator inside the receiver will
be automatically tuned to:

fLO = fs + fIF = 1000 kHz + 455 kHz = 1455 kHz
The image frequency for this specific tuned station will be:
fsi = fs +2frr = 1000 kHz + 2(455 kHz) = 1000 4+ 910 = 1910 kHz

If another transmitter happens to be broadcasting at 1910 kHz, and its signal reaches the mixer, the mixer will
output 1910 — 1455 = 455 kHz. This unwanted signal will directly interfere with the desired 1000 kHz station.

L

\

Image Frequency Rejection Ratio (IRR)

To prevent image frequency interference, the receiver must heavily suppress the image frequency before it reaches the
mixer. This critical suppression is known as Image Frequency Rejection.

Since the image frequency is relatively far away from the desired signal (separated by a gap of 2frr), it can be
effectively rejected by tuned LC circuits located in the RF amplifier stage, which precedes the mixer. The ability of this
pre-selector stage to reject the image frequency is quantified by the Image Rejection Ratio (IRR). IRR is formally
defined as the ratio of the receiver’s voltage gain at the desired frequency to its voltage gain at the image frequency.
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_ Gain at fs

IRR =
Gain at fg

Expressed in terms of the quality factor (@) of the tuned circuit and a frequency parameter p:

IRR = /1 + Q2p?

where p = % — %

Concept To improve a receiver’s image frequency rejection, designers employ two primary strategies:

1. Implementing a Tuned RF Amplifier Stage: Placing high-() tuned circuits before the mixer acts as a
selective filter, significantly attenuating the image frequency before mixing occurs.

2. Choosing a Higher Intermediate Frequency (IF): A higher IF pushes the theoretical image frequency
much further away from the desired signal (fs; = fs + 2f7r). The larger this separation, the easier it is for
the front-end RF tuned circuits to effectively filter out the image frequency.

0.16.5 Summary of Receiver Characteristics

To design a high-quality communication system, engineers must carefully consider these four parameters. A summary
of the key receiver characteristics is presented in the table below:

Characteristic Description Determined Primarily By

Sensitivity The ability to receive and amplify | RF and IF amplifier gain, overall Noise Figure
very weak signals to a usable level.

Selectivity The ability to reject adjacent un- | Q-factor of tuned circuits, IF filter bandwidth

wanted frequencies and isolate the
desired signal.

Fidelity The accuracy of reproducing the | Bandwidth of the IF stages and audio amplifiers
original modulating signal without
distortion.

Image Rejection | The suppression of unwanted signals | RF amplifier tuning, Choice of Intermediate Frequency
occurring at fs + 2frr.

Table 6: Summary of essential radio receiver characteristics and their determining factors.

Understanding the intricate trade-offs between these characteristics—particularly the balance between selectivity
and fidelity, and the strategies for image rejection—is the foundation for analyzing complex communication architectures
and designing modern, robust transceiver units.

Antenna H Tuner H Amplifier H Speaker

Figure 32: Simple Receiver Block Diagram
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AT Image [Placeholder: An old-fashioned radio receiver with glowing vacuum tubes

Figure 33: Old-fashioned Radio Receiver

0.17 Super heterodyne receiver

0.17.1 Block Diagram and Working of Superheterodyne Receiver

The superheterodyne receiver is the most widely used receiver architecture in modern radio and television broadcast
systems. Invented by Edwin Armstrong in 1918, it revolutionized radio communication by solving the stability and
selectivity issues of earlier receiver designs. The word "heterodyne" refers to the process of mixing two signals of different
frequencies to produce new frequencies. In this receiver, the incoming variable Radio Frequency (RF) signal is mixed
with a locally generated frequency to convert it into a fixed, lower frequency called the Intermediate Frequency (IF).
This fixed-frequency signal is then amplified, filtered, and demodulated. The primary advantage of the superheterodyne
design is that most of the receiver’s amplification and filtering are performed at a fixed IF, which significantly improves
the receiver’s sensitivity, selectivity, and overall stability compared to Tuned Radio Frequency (TRF) receivers.

Antenna

RF [s N fir IF D AF Speaker/
Amplifier et Amplifier etector Amplifier Output
E Ganged Tuning fo
Local
Oscillator

Figure 34: Block Diagram of a Superheterodyne Receiver

Working of Individual Blocks

The operation of a superheterodyne receiver can be understood by examining the function of each block in its
architecture:

1. Receiving Antenna: The antenna intercepts electromagnetic waves propagating in space from various transmit-
ters and converts them into very weak alternating electrical currents. These incoming RF signals cover a very
wide range of frequencies, and all are fed into the input of the receiver.

2. Radio Frequency (RF) Amplifier: This stage consists of a tunable bandpass filter and an amplifier. It is
tuned to select the desired incoming signal frequency (fs) from the multitude of signals picked up by the antenna.
The RF amplifier serves three critical purposes:

e It provides initial amplification of the weak received signal, improving the signal-to-noise ratio before the
signal enters the noisy mixer stage.

e It provides initial selectivity by filtering out signals and noise on adjacent frequencies.
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o Crucially, it suppresses the image frequency (discussed later in this section) before it reaches the mixer,
preventing severe interference.

3. Local Oscillator (LO): The local oscillator generates a high-frequency, unmodulated sine wave (f,). In most
receivers, the LO frequency is deliberately kept higher than the incoming signal frequency by a constant, fixed
amount (f, > fs). The tuning capacitor of the LO is mechanically or electronically "ganged" (linked) with the
tuning capacitor of the RF amplifier. This ensures that as the user tunes the receiver to a different station, the
local oscillator frequency changes simultaneously, always maintaining a constant difference between f, and fs.

4. Mixer (Converter): The mixer is a non-linear electronic circuit that receives two inputs: the amplified RF
signal (fs) and the local oscillator signal (f,). Through the mathematical process of heterodyning (multiplication
of the two time-domain signals), it produces an output containing several frequencies. The prominent frequencies
at the mixer output are the original frequencies (fs, f,), their sum (f, + fs), and their difference (f, — fs). A
tuned circuit at the output of the mixer is sharply tuned to pass only the difference frequency, which is known as
the Intermediate Frequency (IF):

Jir = fo—fs

The mixing process translates the carrier frequency but preserves the amplitude, frequency, or phase modulation
present on the original RF signal, transferring it completely intact to the new IF carrier.

5. Intermediate Frequency (IF) Amplifier: The IF amplifier is the heart of the superheterodyne receiver. It
typically consists of multiple stages of highly selective, fixed-frequency amplification. Because the IF remains
constant regardless of which station the receiver is tuned to, the IF amplifiers can be designed with tightly
coupled, sharply tuned LC circuits. This provides massive voltage gain and excellent adjacent-channel selectivity
(the ability to reject stations immediately next to the desired station). The vast majority of the receiver’s overall
gain and selectivity is achieved in this section.

6. Detector (Demodulator): The heavily amplified IF signal is fed to the detector. The function of the detector is
to extract the original modulating baseband signal (audio, video, or data) from the IF carrier. For AM receivers,
this is typically an envelope detector comprising a simple diode followed by an RC low-pass filter. The output of
the detector is the original baseband signal.

7. Audio Frequency (AF) Amplifier: The extracted audio signal from the detector is usually very weak in
amplitude. It is first amplified by an AF voltage amplifier and then by an audio power amplifier. The power
amplifier boosts the electrical signal’s power to a level sufficient to drive the loudspeaker, converting the electrical
variations back into audible sound waves.

Concept The core operating principle of the superheterodyne receiver is frequency translation. Instead of attempting
to tune multiple amplifier stages to a variable incoming frequency across a wide band, it translates every selected
station to a single, fixed intermediate frequency (IF) for efficient, highly selective amplification.

0.17.2 Intermediate Frequency (IF) Selection

The Intermediate Frequency (IF) is the fixed frequency to which all incoming RF signals are converted. The choice of
the specific IF value is a crucial design decision that heavily impacts the receiver’s performance, physical size, cost, and
complexity.

Box[Intermediate Frequency (IF)] The Intermediate Frequency is a standardized, fixed frequency created by
mixing the incoming radio signal with the local oscillator frequency. It acts as a stepping stone between the radio
frequency and baseband frequency, allowing for highly efficient signal amplification and filtering.

Factors Influencing the Choice of IF

Choosing the optimal IF is not straightforward; it requires engineers to balance several conflicting requirements:

o High IF vs. Image Frequency Rejection: A higher IF value provides much better rejection of the image
frequency. As explained in the following section, the image frequency is separated from the signal frequency by
twice the IF (2f7r). A very high IF places the image frequency far away from the desired signal, making it trivial
for the RF amplifier’s initial tuned circuit to filter it out before mixing occurs.
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o Low IF vs. Selectivity and Gain: Conversely, a lower IF provides superior selectivity (the ability to
differentiate between closely spaced channels) and allows for higher voltage gain per amplifier stage. High-gain
amplification is easier, cheaper, and far more stable to achieve at lower frequencies because parasitic capacitances
and high-frequency losses are minimized. Furthermore, the bandwidth of a tuned LC circuit is proportional to its
center frequency for a given quality factor (Q)). Therefore, a lower IF inherently results in a narrower bandwidth,
permitting much sharper rejection of adjacent channel interference.

e Avoidance of IF in the Tuning Range: The chosen IF must under no circumstances fall within the band of
frequencies the receiver is designed to tune. If the IF equals a frequency in the active broadcast band, a strong
incoming signal at that frequency could penetrate the receiver shielding, bypass the mixer entirely, and directly
enter the IF amplifier, causing severe and continuous interference.

Standard IF Values

Due to these complex trade-offs, international standards bodies have adopted specific IF values for different types of
broadcast receivers to balance gain, selectivity, and image rejection perfectly:

o« AM Radio Broadcast Receivers: The universally adopted standard IF is 455 kHz (or occasionally 450 kHz,
465 kHz depending on the region). This relatively low IF provides excellent selectivity and high gain, which

is vital for AM radio. The image rejection is deemed acceptable because the AM band itself is relatively low
frequency (540 kHz - 1600 kHz).

« FM Radio Broadcast Receivers: The standard IF is 10.7 MHz. Since the FM broadcast band operates at
much higher frequencies (88 MHz - 108 MHz), a 455 kHz IF would place the image frequency far too close to
the desired signal, making it impossible to filter. A 10.7 MHz IF provides adequate image rejection while still
allowing for reasonable gain and selectivity at the 200 kHz bandwidth required for FM.

o Television Receivers: Analog TV receivers require much wider bandwidths for video signals. The standard IF
for video is typically high, around 38.9 MHz (in CCIR systems) or 45.75 MHz (in NTSC systems), to prevent
image interference across the wide VHF and UHF television bands.

0.17.3 Image Frequency and its Rejection

While the superheterodyne architecture is overwhelmingly advantageous, its most significant drawback is its susceptibility
to image frequency interference. This phenomenon is a direct mathematical consequence of the heterodyning process.

Box[Image Frequency| The image frequency (f;) is an unwanted incoming radio frequency that is separated from
the desired signal frequency (fs) by exactly twice the intermediate frequency (2f7r). If an image frequency signal
reaches the mixer, it will generate the same IF as the desired signal and cause overlapping interference.

Mechanism of Image Interference

Consider a receiver currently tuned to a desired signal frequency fs. The local oscillator is set above the signal frequency
to produce the IF:

fo:fs+fIF

The mixer generates the IF from the difference: frp = f, — fs.
Now, suppose a strong, unwanted broadcast signal is present at the antenna, possessing a frequency f; that is higher
than the local oscillator by the IF amount:

fi=fo+ fIFr

When this unwanted signal f; enters the mixer, it will also beat (mix) with the local oscillator f,. The difference
frequency produced is:

fi—fo=(fo+ f1r) = fo= fIF

As demonstrated, both the desired signal (fs) and the image signal (f;) mix with the local oscillator to produce
the exact same Intermediate Frequency (frr). Once both signals are converted to the IF, the receiver has absolutely
no way to distinguish between them. Both will pass through the IF amplifiers and be demodulated simultaneously,
resulting in the listener hearing two stations playing over one another.

By substituting f, = fs + frr into the image frequency equation, we can find the direct relationship between the
signal and its image:

fi=(fs+ fir) + f1r
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fi=fs+2frF

Calculating Image Frequency Interference

Suppose a user is tuning an AM radio receiver (which has a standard IF of 455 kHz) to listen to a local news
station broadcasting at 800 kHz.

e The desired signal frequency is f; = 800 kHz.

o To tune this station, the receiver automatically sets its local oscillator frequency to f, = fs + frr =
800 kHz + 455 kHz = 1255 kHz.

o The critical image frequency is f; = fs + 2frr = 800 kHz + 2(455) kHz = 800 + 910 = 1710 kHz.

If another powerful transmitter happens to be broadcasting at 1710 kHz and the signal reaches the mixer, it will
mix with the 1255 kHz LO signal (1710 — 1255 = 455 kHz). This creates a phantom 455 kHz IF signal that will
severely interfere with the desired 800 kHz news station.

\. J

Image Rejection Ratio (IRR)

The ability of a practical receiver to attenuate the image frequency before it reaches the mixer is quantified by a metric
known as the Image Rejection Ratio (IRR). It is formally defined as the ratio of the receiver’s voltage gain at the
desired signal frequency to its voltage gain at the image frequency.

Voltage Gain at f;

IRR =
Voltage Gain at f;

In engineering practice, IRR is almost exclusively expressed in decibels (dB):

Gain at fs>

For a single parallel tuned LC circuit in the RF amplifier stage, the IRR can be mathematically approximated

using the circuit’s Quality Factor (Q):
IRR = /1 + Q?p?
Where:

o @ is the quality factor (selectivity) of the tuned circuit.

e p= (% — %) is the fractional frequency deviation between the image and signal.

Methods to Improve Image Rejection

Because the mixer and subsequent IF stages are entirely "blind" to the difference between a converted signal and a
converted image, all image frequency rejection must occur before the mixer stage. Engineers employ several
strategies to maximize image rejection:

1. Implementing Highly Selective RF Amplifiers: The primary line of defense is the tuned RF amplifier
placed immediately after the antenna. A sharply tuned RF amplifier (having a high @ factor) will heavily amplify
the desired signal f; while severely attenuating the image frequency f;, which is located at a considerable distance
(2frr away) on the frequency spectrum. Adding multiple tuned RF amplifier stages multiplies the overall IRR.

2. Choosing a Higher Intermediate Frequency: As evident from the equation f; = fs + 2frr, selecting a
higher IF drastically increases the physical frequency spacing between fs and f;. This large separation places the
image frequency far down into the rejection band (the "skirts") of the RF amplifier’s resonance curve, resulting in
immensely greater natural attenuation.

3. Double Conversion (Dual-Conversion) Superheterodyne Architecture: High-performance communi-
cations receivers resolve the fundamental conflict between high IF (for good image rejection) and low IF (for
good selectivity and gain) by utilizing two separate mixing stages. The first mixer converts the incoming signal
to a very high "first IF" to guarantee phenomenal image rejection. A second mixer then immediately converts
this high IF down to a standard low "second IF" (e.g., 455 kHz) where excellent adjacent-channel selectivity and
massive gain can be safely applied.
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The Universal Receiver Trade-off

It is a fundamental law of receiver design that simply increasing the IF to completely eliminate image interference

will inevitably degrade the receiver’s adjacent-channel selectivity and make high-gain amplification more difficult.
Modern receiver design always involves striking an optimum balance or utilizing complex multi-conversion
techniques to secure the benefits of both high and low IF architectures.

M
LO

Figure 35: Superheterodyne receiver block diagram

AT Image [Placeholder: A schematic style art of a modern superheterodyne receiver

Figure 36: Modern Superheterodyne Schematic
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Figure 37: RF -> Mixer -> IF block
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AT Image Placeholder: Microchip with radio frequency traces

Figure 38: Microchip RF Traces

0.18 Envelope detector using diode

0.19 Envelope Detector Using Diode

0.19.1 Introduction to Envelope Detection

In the field of analog communication, demodulation is the process of extracting the original information-bearing signal
(modulating signal) from a modulated carrier wave. For Amplitude Modulation (AM), one of the simplest, most
effective, and widely used methods for demodulation is the envelope detector using a semiconductor diode.

Box[Envelope Detector] An envelope detector is an electronic circuit that takes a high-frequency amplitude-

modulated (AM) signal as input and provides an output which is the envelope of the original signal. In essence, it
recovers the low-frequency message signal hidden in the amplitude variations of the high-frequency carrier wave.

The diode envelope detector is classified as an asynchronous or non-coherent demodulator because it does not
require a local oscillator synchronized with the carrier phase at the receiver. Its sheer simplicity and low cost make it
the standard choice for most commercial AM radio receivers.

0.19.2 Circuit Construction

The basic circuit of a diode envelope detector consists of three primary components:

o Diode (D): Acts as a half-wave rectifier, allowing current to flow only during the positive half-cycles of the
incoming AM signal.

o Capacitor (C): Acts as a low-pass filter component that charges up to the peak voltage of the input signal and
holds the charge, smoothing out the high-frequency carrier ripples.

o Resistor (R): Connected in parallel with the capacitor, it provides a discharge path for the capacitor so that
the voltage across the capacitor can follow the decreasing amplitude of the signal envelope.

D

V;n (t) N | Vout (t)

Figure 39: Basic circuit diagram of a Diode Envelope Detector

The AM signal V;,(t) is applied to the input terminals. The diode is connected in series with the parallel RC
network. The output V() is taken across the resistor and capacitor.
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0.19.3 Working Principle

The operation of the diode envelope detector can be understood by breaking it down into two distinct phases based on
the state of the diode: charging and discharging.

1. Charging Phase (Diode Forward-Biased): When the input AM signal V;,,(¢) goes positive and its magnitude
is greater than the voltage already present across the capacitor V., the diode D becomes forward-biased. In an ideal
scenario, the diode acts like a closed switch. The capacitor C' charges very quickly to the peak value of the input signal.
The charging time constant is 7. = RyC, where R is the forward resistance of the diode. Since Ry is typically very
small, the capacitor charges almost instantaneously, closely tracking the rising edge of the high-frequency carrier wave.

2. Discharging Phase (Diode Reverse-Biased): As the input high-frequency carrier signal passes its positive
peak and begins to decrease, the input voltage Vj,(t) falls below the capacitor voltage V.. This reverse-biases the diode,
effectively opening the circuit and disconnecting the source. The capacitor C' now begins to discharge through the
resistor R. The discharging time constant is 7; = RC.

During this discharging period, the voltage across the capacitor slowly decreases until the next positive cycle of
the high-frequency carrier signal comes along and its voltage exceeds the capacitor voltage. At this point, the diode
conducts again, and the capacitor recharges to the new peak value.

Because the high-frequency carrier variations are extremely fast compared to the low-frequency message signal, the
rapid charging and slow discharging result in an output voltage that closely traces the outline or “envelope” of the AM
signal. The small voltage drops between successive peaks create a minor ripple at the carrier frequency, which can be
further eliminated using a simple low-pass filter or a coupling capacitor at the output stage.

Visualizing the Output

Imagine draping a heavy blanket over a series of closely spaced, varying-height posts. The posts represent the
high-frequency carrier wave, and their varying heights represent the amplitude modulation. The blanket cannot
dip fully into the spaces between the posts; instead, it rests on their peaks, forming a smooth continuous curve
that traces the overall shape. The blanket represents the output of the envelope detector, and its shape is the
recovered original message!

\.

0.19.4 Selection of RC Time Constant

The most critical design parameter in a diode envelope detector is the proper selection of the discharging time constant,
74 = RC. The choice of R and C dictates how accurately the detector can follow the variations of the message signal
envelope.

There are two primary frequencies to consider: the carrier frequency (f.) and the maximum modulating signal
frequency (fy,). To function correctly, the time constant must satisfy the following condition:

1 1
7. < RO o
Let us examine what happens if this condition is violated:
Case 1: RC is too small (RC < 1/f.)
If the time constant is too small, the capacitor discharges very quickly through the resistor during the reverse-biased
period of the diode. Instead of holding the peak voltage, the capacitor voltage dips significantly between the carrier
peaks. This results in an output signal with a massive amount of high-frequency carrier ripple, severely distorting the
recovered message signal. The circuit essentially acts just like a half-wave rectifier rather than an envelope detector.
Case 2: RC is too large (RC > 1/f,)
If the time constant is too large, the capacitor discharges very slowly. While this successfully eliminates high-frequency
ripple, a major problem arises when the envelope amplitude decreases rapidly. If the envelope decreases faster than
the capacitor can discharge, the capacitor voltage will fail to track the envelope. Instead of following the message
signal, the output voltage will gently slope downwards, “clipping” off the negative-going peaks of the message signal.
This phenomenon is known as diagonal clipping or negative peak clipping, and it causes severe distortion in the
demodulated audio.

Diagonal Clipping

Diagonal clipping occurs when the rate of decline of the envelope is steeper than the rate of discharge of the
RC circuit. To avoid this, especially at high modulation indices (close to 100%), the time constant RC' must
be carefully optimized so the capacitor can discharge fast enough to follow the steepest downward slope of the
modulating signal.
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0.19.5 Practical Considerations and Modifications

While the basic circuit is highly functional, a practical AM radio receiver adds a few modifications:

« DC Blocking Capacitor: The basic envelope detector output contains a DC component corresponding to the

unmodulated carrier amplitude. A coupling capacitor is typically placed in series with the output to block this
DC voltage, allowing only the AC message signal to pass to the audio amplifier.

Ripple Filter: An additional RC low-pass filter is often cascaded after the basic detector to further suppress
any residual high-frequency carrier ripple that the initial capacitor could not completely smooth out.

Automatic Gain Control (AGC): The DC component generated by the envelope detector, although blocked
from the audio path, is incredibly useful. It is proportional to the average signal strength received by the antenna.
This DC voltage is often fed back to earlier RF amplification stages as an Automatic Gain Control (AGC) signal
to maintain a constant audio volume regardless of the radio station’s signal strength.

0.19.6 Advantages and Disadvantages

Advantages:

1. Simplicity: The circuit is incredibly simple, requiring only a single diode, a resistor, and a capacitor.

2. Cost-Effective: Due to its low component count, it is very inexpensive to manufacture.

3. No Synchronization Required: As an asynchronous detector, it does not require a complex local oscillator at
the receiver to match the frequency and phase of the transmitter.

Disadvantages:

1. Distortion Prone: It is susceptible to diagonal clipping and negative peak clipping if the RC time constant is
not chosen perfectly or if the modulation index is too high (overmodulation).

2. Threshold Effect: Real semiconductor diodes have a forward voltage drop (e.g., 0.7 V for Silicon, 0.3 V for

Germanium). If the incoming AM signal is very weak and its peak amplitude is below this threshold, the diode
will not conduct, and the detector will fail to demodulate the signal. For this reason, Germanium diodes or
Schottky diodes are preferred over Silicon diodes in this application.

Concept The diode envelope detector is the standard method for AM demodulation due to its simplicity. Its
performance relies heavily on the correct selection of the RC time constant, balancing the need to filter out
high-frequency carrier ripple while avoiding diagonal clipping of the low-frequency message envelope.

}—> lbery P — Baseband

Filter

AM In ﬂ Rectifier

Figure 40: Diode envelope detector circuit block
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AT Image Placeholder: Close up of a diode on a green PCB

Figure 41: Diode on PCB

0.20 Block diagram of basic FM receiver
0.21 Block Diagram of Basic FM Receiver

The purpose of a frequency modulation (FM) receiver is to intercept the transmitted FM radio frequency (RF) signal,
extract the original intelligence (audio or data) from it, and present it in a usable form. Modern FM receivers almost
universally employ the superheterodyne principle, which is similar in architecture to AM receivers but incorporates
several distinct modifications tailored to the specific characteristics of frequency-modulated signals. The standard
commercial FM broadcast band spans from 88 MHz to 108 MHz, and the standardized intermediate frequency (IF) is
widely set at 10.7 MHz with a bandwidth of 200 kHz.

Concept Unlike Amplitude Modulation (AM) where the intelligence is contained in the varying amplitude of
the carrier, in Frequency Modulation (FM), the information is encoded entirely in the instantaneous frequency
variations of the carrier wave. Consequently, a high-quality FM receiver must be designed to be completely
insensitive to amplitude variations (which usually consist of noise) and highly responsive to frequency changes.

0.21.1 System Architecture

The block diagram of a basic superheterodyne FM receiver illustrates the step-by-step processing of the incoming signal.
The architecture ensures that high-frequency RF signals are down-converted to a lower, fixed intermediate frequency
where amplification and filtering can be performed much more efficiently and stably.

Ant RF e N 0.7 MH IF Amplitude
ntenna Amplifier et Amplifier Limiter
A
fro
\
Local De-emphasis FM
Oscillator Network Discriminator
Audio b ker
Amplifier

Figure 42: Block Diagram of a Superheterodyne FM Receiver
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The receiver is composed of several distinct functional blocks, each responsible for a specific stage of signal processing.
These blocks are detailed below.

0.21.2 1. Receiving Antenna

The FM broadcast band operates in the Very High Frequency (VHF) range. Therefore, the receiving antenna must be
designed to efficiently capture electromagnetic waves at these short wavelengths. A simple half-wave dipole or a folded
dipole is commonly utilized. The antenna intercepts the propagating radio waves from free space and converts them
into microvolt-level electrical signals. These weak signals are then fed into the receiver’s input circuit, typically via a
coaxial cable or a 300 €2 twin-lead transmission line.

0.21.3 2. Radio Frequency (RF) Amplifier

The RF amplifier acts as the first active processing stage of the receiver. It is a tuned amplifier that selects the desired
FM station’s frequency while rejecting signals from adjacent stations. The primary functions of the RF amplifier
include:

o Signal-to-Noise Ratio (SNR) Improvement: The RF amplifier boosts the very weak signal from the antenna
before it reaches the mixer. Because mixers inherently generate a significant amount of noise, providing initial
gain in the RF stage ensures that the overall noise figure of the receiver is kept remarkably low.

o Image Frequency Rejection: Since FM intermediate frequencies are relatively high (10.7 MHz), image
frequencies can fall within other active high-frequency communication bands (e.g., aviation or military bands).
The tuned LC circuits of the RF amplifier provide the necessary selectivity to suppress these unwanted image
signals before they can enter the mixer and cause interference.

e Local Oscillator Isolation: It acts as a buffer, preventing the local oscillator signal from radiating backward
through the antenna. If this were to happen, the receiver itself could act as a low-power transmitter, causing
interference to neighboring receivers.

0.21.4 3. Mixer and Local Oscillator (LO)

The mixer and local oscillator together form the frequency translation or heterodyning stage. Their purpose is to
convert the incoming variable RF signal to a fixed lower frequency.

e The Local Oscillator generates an unmodulated, continuous sine wave at a frequency denoted as fro. In a
standard FM receiver, the LO is typically tuned to a frequency that tracks exactly 10.7 MHz above the desired
incoming RF signal (fs). Thus, fro = fs + 10.7 MHz.

o The Mixer is a non-linear active device (such as a bipolar junction transistor, field-effect transistor, or specialized
integrated circuit) that accepts both the amplified RF signal (f5) and the LO signal (fro). Due to its non-linear
characteristics, the mixer produces a multitude of output frequencies, primarily the original frequencies, their
sum (fro + fs), and their difference (fro — fs).

The output circuit of the mixer is sharply tuned to resonate only at the difference frequency. This difference frequency
is the standard Intermediate Frequency (IF) of 10.7 MHz. This down-conversion strategy allows the subsequent stages
of the receiver to operate at a fixed frequency, making it much easier to achieve high, stable gain and sharp selectivity.

0.21.5 4. Intermediate Frequency (IF) Amplifier

The IF amplifier is responsible for providing the overwhelming majority of the receiver’s voltage gain and selectivity. It
typically consists of multiple cascaded stages of tuned amplifiers, all fixed-tuned precisely to 10.7 MHz. Because the IF
is fixed, these amplifiers can be highly optimized for maximum performance without the complexities of needing to
track variable tuning components across a wide band.

IF Bandwidth Requirements

A standard AM receiver only requires an IF bandwidth of approximately 10 kHz. In stark contrast, a commercial
FM receiver requires a much wider IF bandwidth of 200 kHz. This wide bandwidth is absolutely necessary
to faithfully pass the wideband FM signal without distortion, as it must accommodate a maximum frequency
deviation of +75 kHz along with necessary safety guard bands (25 kHz on each side). If the IF bandwidth is too
narrow, the higher frequency deviation components of the modulated signal will be clipped, resulting in severe
distortion of the recovered audio.
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0.21.6 5. Amplitude Limiter

The amplitude limiter is a defining and crucial component that differentiates a high-quality FM receiver from an AM
receiver. During transmission through the atmosphere, the FM signal inevitably picks up electrical noise (originating
from lightning, industrial machinery, or thermal noise). This noise primarily superimposes itself as amplitude variations
on the carrier wave.

Box[Amplitude Limiter] An amplitude limiter is a specialized non-linear circuit designed to clip or heavily saturate

the peaks of the input signal. It ensures that the output signal amplitude remains perfectly constant, regardless of
any amplitude fluctuations in the input signal.

Since all the transmitted intelligence is embedded solely in the frequency variations, any amplitude variations
are purely interference. The limiter effectively "chops off" these noise spikes, flattening the waveform to a constant
amplitude. Without the amplitude limiter, the subsequent discriminator circuit might respond to these amplitude
variations, which would manifest as audible static or buzzing in the speaker. This stage is the primary reason why FM
broadcasting is famous for its "static-free" reception.

0.21.7 6. FM Discriminator (Demodulator)

The FM discriminator, also known simply as the FM demodulator or frequency detector, performs the critical task of
extracting the original audio intelligence from the constant-amplitude, frequency-modulated IF signal. Its fundamental
job is to perform a frequency-to-voltage conversion.

As the instantaneous frequency of the incoming IF signal deviates above and below the unmodulated center
frequency of 10.7 MHz, the discriminator produces an output voltage that varies proportionately in both amplitude
and polarity. For example, a frequency deviation above 10.7 MHz might produce a positive voltage, while a deviation
below it produces a negative voltage. Common topologies for FM demodulators include the Foster-Seeley discriminator,
the Ratio detector, the Quadrature detector, and modern Phase-Locked Loop (PLL) demodulators. The direct output
of this block is the raw, recovered audio frequency (AF) signal.

0.21.8 7. De-emphasis Network

At the FM transmitter, a process called pre-emphasis is applied to artificially boost the amplitude of the higher
frequency audio components before modulation. This is done to improve the signal-to-noise ratio at the receiver end,
as high-frequency audio components are naturally weaker and more susceptible to high-frequency noise interference
during transmission.

Pre-emphasis and De-emphasis

Think of pre-emphasis like turning up the treble on a music track before broadcasting it over a noisy channel to
make sure the cymbals can be heard over the hiss. De-emphasis is turning the treble back down at the receiver so
the music sounds normal again, but in the process, the channel hiss is also proportionally turned down.

To restore the natural tonal balance of the original audio, the receiver incorporates a de-emphasis network
immediately following the discriminator. The de-emphasis network is essentially a simple resistor-capacitor (RC)
low-pass filter that attenuates the higher audio frequencies by the exact same mathematical amount they were boosted
at the transmitter. The time constant (7 = R x C') of this network is strictly standardized—it is 75 us in North America
and 50 us in most of Europe and Asia.

0.21.9 8. Audio Frequency (AF) Amplifier and Speaker

The output from the de-emphasis network is the fully restored original audio signal, but its electrical power level is
generally very low (typically in the millivolt range). The Audio Frequency Amplifier consists of low-power voltage
amplifier stages to sufficiently boost the signal level, followed by a robust power amplifier stage. The power amplifier is
designed to deliver adequate current and wattage to drive the physical load of the speaker. Finally, the Speaker acts
as an electro-acoustic transducer, converting the amplified electrical audio signals into mechanical vibrations, thereby
producing the audible sound waves that the listener hears.
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0.21.10 Comparison between AM and FM Receivers

To better understand the unique design choices made in FM receivers, it is highly beneficial to contrast their specifications
and components with those of standard AM receivers.

Parameter

AM Receiver

FM Receiver

Operating Frequency
Band

Medium Frequency (MF) band, ranging
from 540 kHz to 1600 kHz.

Very High Frequency (VHF) band, ranging
from 88 MHz to 108 MHz.

Intermediate
Frequency (IF)

Standard IF is typically low, precisely
455 kHz.

Standard IF is significantly higher, fixed at
10.7 MHz.

IF Bandwidth

Requires a narrow bandwidth, usually
around 10 kHz.

Requires a very wide bandwidth, strictly
200 kHz.

Amplitude Limiter
Stage

Not used. Amplitude variations contain the
actual audio intelligence, so limiting would
destroy the signal.

Absolutely essential. Removes amplitude
noise before demodulation since intelligence
is in the frequency.

Demodulator Circuit

Uses a simple envelope detector (typically
a single diode detector).

Uses a complex frequency discriminator
(e.g., Foster-Seeley, Ratio detector, PLL).

De-emphasis
Network

Not required or used.

Required to counteract transmitter
pre-emphasis and restore audio balance.

Overall Noise
Immunity

Very poor. Highly susceptible to
atmospheric (static) and man-made
electrical noise.

Excellent. The combination of FM
properties and the limiter removes nearly
all amplitude noise.

Table 7: Comparison of Basic AM and FM Superheterodyne Receivers

Limiter }—>’ Discriminat(ﬁr

Figure 43: FM Receiver blocks

AT Image Placeholder: FM radio tuner dial glowing in the dark

Figure 44: FM Radio Tuner Dial

0.22 Principal of FM demodulators

0.23 Principal of FM Demodulators

Frequency Modulation (FM) is a robust and widely used modulation scheme in modern communication systems, favored
for its resilience to amplitude noise. However, to retrieve the original information (baseband signal) transmitted via an
FM carrier, the receiver must perform a critical operation known as FM demodulation.
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Box[FM Demodulator] An FM demodulator, also commonly referred to as an FM detector or discriminator, is
an electronic circuit that extracts the original modulating baseband signal from a frequency-modulated carrier
wave. It achieves this by producing an output voltage that is directly proportional to the instantaneous frequency
deviation of the input FM signal.

The fundamental task of an FM demodulator is to continuously monitor the frequency of the incoming high-frequency
carrier and translate any shifts from the center frequency into proportional amplitude variations that represent the
original audio or data stream. Unlike AM receivers which simply track the envelope of the signal, FM receivers must
be sensitive purely to the rate of change of the carrier’s phase angle.

0.23.1 Core Requirements of an Ideal FM Demodulator

For a receiver to reproduce the transmitted audio or data accurately without distortion, the FM demodulator must
satisfy several stringent criteria:

e Linearity: The most crucial requirement is that the output voltage must be strictly linearly proportional
to the frequency deviation of the input signal over the entire operating bandwidth. Any non-linearity in the
voltage-frequency (V-f) transfer characteristic will introduce harmonic distortion into the recovered audio signal,
severely degrading sound quality or corrupting digital data.

o Amplitude Variation Rejection (Limiting): Real-world FM signals often suffer from amplitude fluctuations
as they travel through the channel. These fluctuations can be caused by atmospheric noise, multi-path fading, or
interference from other transmitters. A good FM demodulator must be insensitive to these amplitude variations.
This is typically achieved by preceding the demodulator with an amplitude limiter circuit (an amplifier driven
into saturation), or by utilizing a demodulator topology inherently immune to amplitude changes (such as the
Ratio Detector or PLL).

e High Conversion Efficiency: The circuit should provide a substantial output voltage swing for a given
frequency deviation. In technical terms, it should possess a steep transfer slope (measured in Volts per Hertz). A
higher conversion efficiency improves the signal-to-noise ratio (SNR) at the output, making the receiver more
sensitive.

e Wide Bandwidth: The linear operating region of the demodulator must be wide enough to accommodate the
maximum frequency deviation of the FM signal plus the significant sidebands. For commercial FM broadcasting,
the standard deviation is £75 kHz, requiring a linear bandwidth of at least 200 kHz to prevent clipping during
peak modulation peaks.

Concept The defining characteristic of any FM demodulator is its S-curve. The S-curve is a graphical representation
plotting the output voltage on the y-axis against the input frequency on the x-axis. The central portion of this curve,
centered precisely around the unmodulated carrier frequency (f.), must be a straight line to ensure distortionless
demodulation.

0.23.2 Basic Principles of Frequency-to-Voltage Conversion

Most classical analog FM demodulators operate on a two-step fundamental principle:

1. FM-to-AM Conversion: The circuit first translates the frequency variations of the incoming FM wave into
corresponding amplitude variations. This effectively converts the pure FM signal into a signal that possesses both
FM and AM characteristics. This is usually achieved using frequency-selective reactive components like inductors
and capacitors.

2. Envelope Detection: Once the frequency variations have been mapped to amplitude variations, a standard
AM envelope detector (usually comprising a simple semiconductor diode and an RC smoothing filter) is used to
rectify the signal and extract the low-frequency modulating envelope.

More modern demodulators, such as the Phase-Locked Loop (PLL) and the Quadrature Detector, depart from this
classical approach and utilize phase comparison and feedback techniques rather than direct FM-to-AM conversion.
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0.23.3 Common Types of FM Demodulators

Over the decades, telecommunications engineers have developed several distinct circuit topologies to perform FM
demodulation. We will explore the theoretical principles behind the most prominent types.

1. The Single Slope Detector

The single slope detector is the most rudimentary form of an FM demodulator. It relies on the frequency-dependent
impedance of a tuned LC (inductor-capacitor) resonant circuit.

Output Voltage (Vout)

A

Linear Operating
Region

> Frequency (f)

Figure 45: Transfer characteristic of a Single Slope Detector utilizing the slope of an LC resonance curve.

The operating principle involves intentionally tuning an LC circuit not to the exact center frequency of the incoming
FM carrier (f.), but to a frequency slightly higher or lower, known as the resonant frequency (f,). By doing so, the
FM carrier is positioned on the sloping side of the LC circuit’s bell-shaped resonance curve.

When the instantaneous frequency of the FM signal deviates upwards from f. due to modulation, it moves closer to
the resonant frequency f, (assuming f, > f.). This causes the impedance of the tuned circuit to increase, which in
turn causes the amplitude of the RF voltage developed across the tuned circuit to increase proportionally. Conversely,
a downward frequency deviation reduces the voltage. Thus, the FM signal is converted to an AM signal, which is
subsequently rectified and filtered by a diode to recover the audio.

Limitations of the Slope Detector

While conceptually easy to understand, the single slope detector is rarely used in practical commercial applications.
Its primary and most severe drawback is poor linearity. The slope of a simple LC tuned circuit is only roughly
linear over a very narrow frequency range. Additionally, it provides absolutely zero rejection of unwanted amplitude
variations, requiring a perfect, high-gain amplitude limiter stage preceding it.

2. The Balanced Slope Detector

To mitigate the severe non-linearity of the single slope detector, the balanced slope detector employs two single slope
detectors connected in a back-to-back, push-pull configuration.

One tuned circuit is tuned to a frequency slightly above the carrier frequency (f. + Af), and the other is tuned to a
frequency slightly below the carrier frequency (f. — Af). The outputs of their respective diode envelope detectors are
then algebraically subtracted from each other.

This differential arrangement provides a much wider and more linear operating region (creating a highly symmetric
S-curve crossing through zero volts at f.). Because the non-linearities of the two individual resonance curves are
opposing, they tend to cancel each other out in the final subtracted output. However, despite the improved linearity,
the balanced slope detector still fails to reject amplitude variations inherently.

3. Foster-Seeley Discriminator

The Foster-Seeley discriminator is a classic and historically significant FM demodulator circuit that provides excellent
linearity without the complexity of dual offset-tuned circuits. It utilizes a special center-tapped double-tuned RF
transformer.
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Both the primary and secondary windings of the transformer are tuned to the precise unmodulated center carrier
frequency (f.). A distinguishing feature of the Foster-Seeley design is a coupling capacitor that feeds the primary RF
voltage directly to the center tap of the secondary winding.

Phase Shift Principle in Foster-Seeley

The operation of the Foster-Seeley discriminator relies fundamentally on phase relationships between inductive
circuits. At exactly the center frequency f., the induced voltage across the secondary winding is exactly 90 degrees
out of phase with the primary voltage. When the incoming frequency deviates from f., this critical 90-degree phase
shift alters—becoming less than 90 degrees for higher frequencies and more than 90 degrees for lower frequencies.
The circuit acts as a vector adder, combining the primary and secondary voltages. This vector addition translates
the varying phase shift into a varying amplitude, which is subsequently detected by two diodes configured to
produce a differential output.

\_ /

While offering superior linearity compared to slope detectors, the Foster-Seeley discriminator remains sensitive to
amplitude variations. It therefore mandates a dedicated, hard-limiting amplifier stage preceding it to strip away any
AM noise.

4. The Ratio Detector

The Ratio Detector is physically very similar to the Foster-Seeley discriminator, utilizing a nearly identical center-tapped
transformer configuration. However, there are two crucial design differences: one of the two rectifying diodes is reversed
in polarity, and a large electrolytic stabilizing capacitor is added across the combined output of the diodes.

This subtle design variation drastically alters the circuit’s electrical behavior. Instead of responding to the absolute
amplitude differences created by frequency shifts (as the Foster-Seeley does), the Ratio Detector responds specifically
to the ratio of the voltages across the two halves of the secondary winding.

The most significant operational advantage of the Ratio Detector is its inherent, built-in immunity to amplitude
variations. The large stabilizing capacitor maintains a nearly constant voltage across the diode load over short time
periods. This effectively limits and suppresses any AM noise, static, or signal fading present on the incoming wave.
Because of this self-limiting characteristic, the Ratio Detector was extensively used in millions of mid-20th-century
analog FM radios and analog television audio receivers, saving the cost of a separate limiter stage.

5. Phase-Locked Loop (PLL) FM Demodulator

In modern digital systems and integrated-circuit (IC) based communication receivers, the Phase-Locked Loop (PLL) has
become the dominant method for FM demodulation. It offers excellent linearity, an exceptionally high signal-to-noise
ratio, and is easily fabricated onto a silicon wafer without requiring the bulky, expensive, and difficult-to-tune inductors
or transformers required by classical circuits.

A PLL consists of three primary components arranged in a closed negative-feedback loop:

1. Phase Detector (PD): A device (often an analog multiplier or XOR gate) that compares the instantaneous
phase of the incoming FM signal with the phase of a locally generated oscillator signal.

2. Low Pass Filter (LPF): Filters the high-frequency output of the phase detector to produce a slowly varying
DC control voltage.

3. Voltage Controlled Oscillator (VCO): A local oscillator that generates a frequency directly controlled by the
DC voltage supplied by the LPF.
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Figure 46: Block diagram of a Phase-Locked Loop (PLL) configured as an FM demodulator.
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Principle of Operation: The PLL feedback loop attempts to force the VCO to perfectly track the frequency and
phase of the incoming FM signal. If the input frequency modulates and changes, the phase detector immediately senses
a growing phase difference and generates an error voltage (Ve(t)). The LPF smooths this error voltage into a clean
control voltage (V.(t)). This control voltage is fed back to the VCO, forcing it to shift its frequency to match the new
input frequency, thus driving the phase error back toward zero.

Because the VCO’s output frequency is strictly proportional to its input control voltage, and the loop forces the
VCO to exactly track the FM signal’s frequency deviations, it mathematically follows that the control voltage V,(t) is
an exact, linear replica of the original modulating baseband signal. By tapping this control voltage line, high-fidelity
FM demodulation is achieved.

6. The Quadrature Detector

The Quadrature detector is another highly popular method for FM demodulation, particularly in intermediate frequency
(IF) integrated circuits used for FM radio receivers and television audio stages. It is highly valued for its simplicity
when implemented on a silicon chip, as it requires only a single external tuned coil or a cheap ceramic resonator.

The core principle of the quadrature detector involves mathematically multiplying the incoming FM signal with a
delayed, phase-shifted version of itself.

1. Phase Shifting: The incoming (amplitude-limited) FM signal is split into two internal paths. One path goes
directly into an analog multiplier (often implemented as a Gilbert cell mixer in ICs). The second path is passed
through a frequency-dependent phase-shifting network.

2. Quadrature Relationship: This external phase-shifting network is tuned exactly to the unmodulated carrier
frequency f.. At precisely f., the network is designed to introduce exactly a 90-degree (/2 radians) phase shift.
Therefore, when there is no modulation, the two signals entering the multiplier are in quadrature.

3. Multiplication and Filtering: The analog multiplier acts as a phase detector. When the input frequency
deviates from f. due to frequency modulation, the phase shift introduced by the tuned network deviates from 90
degrees in direct proportion to the frequency change. The multiplier mathematically combines these two signals,
producing sum and difference frequency terms. A subsequent internal low-pass filter removes the high-frequency
components.

The resulting low-frequency output from the filter is a voltage that is directly proportional to the phase deviation
away from 90 degrees, which in turn is strictly proportional to the frequency deviation of the original FM signal.

Demodulator Type Key Characteristics and Applications

Single Slope Simplest design, converts FM to AM via detuned circuit. Suffers from very poor
linearity and offers zero AM rejection. Mostly educational.

Balanced Slope Offers better linearity than a single slope via a differential push-pull setup. Still lacks
AM rejection capability.

Foster-Seeley Provides excellent linearity. Requires a complex center-tapped transformer. Possesses
no inherent AM rejection (requires a hard limiter).

Ratio Detector Good linearity with the major advantage of inherent AM rejection due to a large
stabilizing capacitor. Used heavily in older consumer electronics.

PLL Demodulator The modern digital standard. Offers exceptional linearity and SNR. Inductor-less
design makes it highly IC-friendly.

Quadrature Detector IC-friendly design requiring only one external tuned component. Uses phase multipli-

cation to achieve demodulation. Common in modern IF chips.

In summary, the evolution of FM demodulators has progressed significantly from simple but flawed resonant
slope circuits to sophisticated phase-tracking feedback loops and multipliers. This evolution reflects the broader
telecommunications engineering transition from discrete, hand-tuned analog components to highly integrated, reliable
silicon chips.

| PD |—{ LPF |

VCO

Figure 47: PLL demodulator block diagram
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Figure 48: Phase-Locked Loop Circuit Art
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0.24 Signals and its representation

0.25 Signals and Their Representation

In the realm of communication engineering, electronics, and digital signal processing, a signal is a fundamental concept
that forms the absolute basis of how information is transmitted, processed, and received. Whether you are making a
cellular phone call, listening to a high-fidelity audio track on your smartphone, monitoring a patient’s electrocardiogram
(ECG) in a hospital, or watching a live high-definition broadcast, signals are actively carrying the information behind
the scenes.

Box[Signal] A signal is formally defined as any physical quantity that varies with time, space, or any other

independent mathematical variable, and carries some meaningful form of information. Mathematically, it is
represented as a function of one or more independent variables.

For example, when you speak, your vocal cords create minute variations in air pressure over time. These pressure
variations constitute an acoustic signal. A microphone, acting as a transducer, converts this acoustic signal into a
corresponding electrical signal (a voltage or current that varies proportionately with time). This electrical signal can
then be amplified, filtered, transmitted over long conductive wires, or radiated through free space via antennas.

Concept In electrical and communication engineering, signals are almost universally represented as variations of
voltage or current with respect to time, denoted mathematically as v(t) or i(¢). In this context, Time (¢) is the
most common independent variable.

Based on how signals behave in relation to their independent variable (time) and their dependent variable (amplitude),
they are broadly classified into two major categories: Analog Signals and Digital Signals. Understanding the nuanced
differences between these two representations is absolutely crucial for studying modern communication networks, control
systems, and computer architecture.

0.25.1 Analog and Digital Signals

The physical universe we live in is inherently analog. Natural phenomena such as ambient temperature, atmospheric
pressure, the velocity of wind, sound wave intensity, and light brightness all vary smoothly and continuously. There
are no sudden, instantaneous jumps in these natural properties. However, modern computer systems and digital
microprocessors are built using millions of microscopic transistors that act as switches, processing discrete numerical
values. This core dichotomy between the continuous physical world and discrete computational systems gives rise to
the two primary ways of representing signals.

Analog Signals

An analog signal is a continuous wave that changes smoothly and seamlessly over time. For any given infinitesimally
small point in time, an analog signal has a precise, specific amplitude value. There are no sudden breaks, steps, or
discontinuous jumps in an ideal analog signal.

Box[Analog Signal] An analog signal is a continuous-time signal where the time-varying feature (variable) of the
signal is a direct mathematical representation of some other time-varying physical quantity. Both the time axis
(x-axis) and the amplitude axis (y-axis) are continuous, meaning they can take on any infinite number of values
within a given range.
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Real-world Analogies of Analog Signals

e Mercury Thermometer: Consider an old-fashioned mercury thermometer. As the room temperature rises,
the liquid mercury level moves up the glass tube smoothly. It does not jump instantaneously from 30°C
directly to 31°C. Instead, it passes through every infinitely small intermediate value, such as 30.1°C, 30.154°C,
and so on. The height of the mercury is an analog of the temperature.
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e Vinyl Records and Cassette Tapes: The physical micro-grooves inscribed in a vinyl record are an exact
physical analog (hence the name) of the original acoustic sound waves recorded in the studio. The record
player’s stylus needle physically tracks these continuous microscopic variations to reproduce the sound.

While analog signals represent nature accurately and with theoretically infinite resolution, they suffer from a major
drawback in practical engineering: they are highly susceptible to noise. Noise is any unwanted random electrical
disturbance or interference. Because an analog receiver assumes that every slight variation in the voltage is part of the
meaningful information, any noise added during transmission or processing directly corrupts the signal. In long-distance
analog transmission, separating the original pure signal from the accumulated noise becomes nearly impossible, leading
to a degraded signal quality (like static on an old analog radio).

Digital Signals

In stark contrast to the smooth, continuous nature of analog signals, digital signals are non-continuous or discrete.
They do not vary smoothly; rather, they transition abruptly between specific, predefined levels of amplitude.

Box[Digital Signal] A digital signal is a signal that represents data as a sequence of discrete numerical values. At
any given instant in time, it can only take on one of a finite, predetermined number of amplitude values.

In most digital electronic systems, computers, and modern communication links, these signals are binary. This
means they only possess two valid logical states: HIGH (represented by a logical '1’) and LOW (represented by a
logical ’0”). In physical circuit hardware, a HIGH state might correspond to a voltage level of +5V, +3.3V, or +1.8V,
while a LOW state typically corresponds to 0V (Ground).

Real-world Analogies of Digital Signals

e A Standard Light Switch: A conventional wall-mounted light switch has only two mechanical states: ON
or OFF. You cannot physically balance it in a "half-on" position to get half the light. This is a rudimentary
representation of a binary digital system.

« Digital Clock Display: A digital alarm clock displays time in discrete, sudden steps (e.g., the display
changes instantly from 10:01 to 10:02). It simply does not show the continuous, smooth flow of time that
occurs between the minutes.
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The primary and most revolutionary advantage of digital signals is their supreme immunity to noise and distortion.
Consider a digital system where 5V represents a logical ’1’. If this signal travels down a noisy wire and arrives at the
receiver distorted to 4.2V or even 3.5V, the digital receiver circuit is designed with a threshold. It can easily recognize
that 3.5V is still closer to the HIGH state and successfully interpret it as a flawless "1 The original digital information is
thus perfectly recovered without any degradation, allowing for flawless copying and error-free long-distance transmission.

Information Loss in Conversion

In order for a computer to process a natural analog signal (like a singer’s voice), the signal must first be converted

into a digital format using an Analog-to-Digital Converter (ADC). Because the ADC must approximate continuous,
infinite voltage levels into a finite set of discrete digital numbers, a tiny amount of information is permanently lost.
This inherent approximation error is known as quantization noise or quantization error.

Detailed Comparison of Analog and Digital Signals

To consolidate our understanding, the table below highlights the crucial differences between these two signal modalities:
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Parameter

Analog Signal

Digital Signal

Nature of Variable

Continuous in both the time domain and
the amplitude domain.

Discrete in the amplitude domain, and typ-
ically discrete in the time domain.

Possible Values

Can theoretically assume any infinite num-
ber of values within a specific continuous
range.

Can only assume a finite, restricted number
of specific values (most commonly binary
0 and 1).

Visual Representation

Smoothly flowing, continuous curves like
sine waves.

Sharp, stepped waveforms represented by
square waves or discrete pulses.

Noise Immunity

Poor. Highly affected by noise; any noise
picked up is cumulative and difficult to
remove.

Excellent. Highly immune to noise; easy
to electronically regenerate and clean up
without data loss.

Storage Mechanism

Harder to store accurately over time; re-
quires bulky physical or magnetic media
(e.g., VHS, cassette tapes).

Extremely easy to store perfectly with-
out degradation using solid-state memory
(RAM, SSDs, USB flash drives).

Bandwidth Usage

Typically consumes less bandwidth for the
same raw information.

Generally requires more bandwidth to
transmit the equivalent amount of infor-
mation due to high-frequency switching.

Examples

Human voice, acoustic violin sound, raw
output from an analog temperature sensor.

Executable computer code, compressed
MP3 audio files, HDMI video output, fiber-
optic internet data.

Table 8: Comprehensive Comparison between Analog and Digital Signals

0.25.2 Standard Signal Waveforms

In the rigorous study of electrical circuits, control systems, and communication engineering, highly complex real-world
signals are often analytically broken down or tested using a standardized set of mathematically defined signal waveforms.
These standard signals serve as fundamental building blocks. By thoroughly understanding how an electronic circuit
behaves when subjected to these simple standard signals, engineers can accurately predict how the circuit will process
far more complex, real-world information. Let us explore the most critical standard waveforms in detail.

Sinusoidal Signal

The sinusoidal signal (encompassing both sine and cosine waves) is arguably the most fundamental and mathematically
important of all continuous signals in engineering. Thanks to a mathematical principle known as Fourier analysis, we
know that absolutely any complex, repeating analog signal (no matter how jagged or bizarre its shape) can be perfectly
decomposed into a massive sum of multiple pure sinusoidal signals, each with varying frequencies, amplitudes, and
phases.

A standard sinusoidal voltage signal is mathematically represented by the equation:

v(t) = Vi sin(wt + ¢)
Where each parameter dictates a distinct physical property of the wave:
e V,, is the Peak Amplitude: The absolute maximum voltage value the signal reaches above the zero baseline.

e w is the Angular Frequency, measured in radians per second. It dictates how fast the wave oscillates. It is
directly related to standard frequency f (measured in Hertz) by the formula w = 27 f.

o t represents Time, typically measured in seconds.

e ¢ is the Phase Angle, measured in radians or degrees. It represents the horizontal shift of the wave in time
(e.g., whether the wave starts at zero, or if it is shifted forward or backward).

Real-World Application of Sinusoidal Signals

The Alternating Current (AC) electrical power supplied by the grid to your home’s wall outlets is a high-power
sinusoidal voltage signal. In regions like India and Europe, it typically has a Root Mean Square (RMS) amplitude
of 230V and oscillates at a frequency of 50Hz. Furthermore, the invisible Radio Frequency (RF) carrier waves used
to transmit AM and FM radio broadcasts, as well as Wi-Fi signals, are fundamentally high-frequency sinusoidal
signals.
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Rectangular and Square Signals

A rectangular wave is a periodic digital-like signal that abruptly alternates between two distinct, constant voltage levels.
It maintains a high voltage level for a specific duration, and then switches almost instantaneously to a low voltage level
for another duration, repeating this cycle endlessly.

When the duration spent at the high voltage level (Thign) is exactly equal to the duration spent at the low voltage
level (T}oy), the wave is perfectly symmetric and is specifically classified as a Square Wave.

The relationship between the high time and the total period (7" = Thign + Tiow) of the waveform is defined by a
critical parameter known as the Duty Cycle:

T
Duty Cycle (%) = ( ];gh> x 100%

By definition, a perfect square wave always has a duty cycle of exactly 50%. If the duty cycle is, for example, 20%, the
signal spends 20% of its time high and 80% of its time low, rendering it a rectangular wave, not a square wave.

Key Concept

Concept Rectangular and square waves act as the critical timing heartbeat of modern digital electronics. The
central "clock" signal inside your computer’s CPU—which flawlessly synchronizes billions of logical operations
every single second—is fundamentally a high-frequency, precision-generated square wave.

Saw-tooth Signal

A saw-tooth wave earns its name because its visual shape closely resembles the jagged teeth of a hand saw. It typically
ramps upward linearly at a constant rate from zero (or a negative value) to a peak positive value over a defined time
period, and then suddenly and sharply plummets back to its starting value almost instantly. Alternatively, a reverse
saw-tooth can ramp down slowly and jump up sharply.

This unique combination of a slow, linear rise time (the sweep) and an extremely fast fall time (the flyback) gives
the saw-tooth wave a highly asymmetric profile.

Application of Saw-tooth Signals

Saw-tooth waves are primarily utilized as "sweep signals" or "time-base signals" in traditional visual display
equipment like Cathode Ray Tube (CRT) televisions, analog computer monitors, and oscilloscopes. The slowly
rising voltage horizontally sweeps the electron beam smoothly across the phosphor screen at a constant speed to
draw a glowing line of information. Once the beam hits the right edge, the sudden voltage drop quickly "flies
back" the invisible beam to the left edge so it can begin drawing the next line downward.

Pulse Signal

A pulse signal is defined as a rapid, temporary, and distinct change in voltage or current from a steady baseline value
to a higher (or lower) active value, followed shortly by a rapid return to that original baseline. A pulse can occur as
a single, isolated electrical event (like a sudden transient spike), or it can repeat in an organized sequence, which is
known as a pulse train.

Unlike a periodic square wave which is characterized by ongoing symmetric alternation, a pulse is often defined by
its very short, distinct active duration compared to the relatively longer resting time between pulses.

In practical, real-world circuits, an ideal pulse that jumps instantaneously in zero seconds is physically impossible
due to inherent capacitance and inductance. Therefore, important parameters of a real physical pulse include:

o Pulse Width (Duration): The total time span for which the pulse remains near its active high level.

o Rise Time (¢,): The precise time it takes for the signal’s leading edge to transition from 10% to 90% of its final
peak amplitude.

« Fall Time (¢7): The precise time it takes for the signal’s trailing edge to decay from 90% back down to 10% of
its peak amplitude.

Radar and sonar systems heavily rely on generating high-power radio or acoustic pulses. The system transmits
a powerful, brief pulse of energy into the environment and then rapidly switches to listening mode. By precisely
measuring the time taken for a faint echo pulse to reflect off an object and return, the system can calculate the exact
distance to that target.
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Impulse Signal (Dirac Delta Function)

The impulse signal represents a highly theoretical mathematical construct rather than a physical signal you could ever
generate in a laboratory. Nevertheless, it is one of the most enormously powerful analytical tools in the mathematical
analysis of linear systems and signal processing.

Formally known as the Dirac Delta Function and mathematically denoted by d(¢), an ideal impulse possesses the
following extreme properties:

1. It has an infinitely tall amplitude occurring entirely and exactly at time ¢t = 0.
2. It possesses an amplitude of absolute zero at all other times before and after (¢ # 0).

3. Despite being infinitely tall and infinitesimally narrow (essentially having zero width), the total integrated
mathematical area under the impulse curve is exactly equal to 1.

Mathematically, this area property is expressed as an integral over all time:

/ T S()dt =1

—0o0

Physical Interpretation of an Impulse

While we cannot build an ideal impulse generator, we can easily understand it through physical analogies. Think
of an impulse as a sudden, massive burst of energy delivered in an almost unmeasurable, vanishingly small instant
of time.

¢ Mechanical Impulse: Imagine striking a large brass bell with a heavy steel hammer. The intense force is
applied for only a microscopic fraction of a second, but it injects a massive amount of energy that causes the
bell to physically vibrate and ring for a long duration. The lingering sound the bell produces is its unique
"impulse response."

e Electrical Impulse: Consider a massive lightning strike directly hitting an overhead power transmission
line. It acts as a sudden, catastrophic spike in voltage that lasts for merely a few microseconds, yet it
contains electrical energy spread across the entire frequency spectrum, acting as a massive shock to the
electrical grid.

In advanced control theory and systems engineering, the impulse signal holds a special status. If an engineer can
accurately determine how a complex system responds mathematically to an ideal impulse signal (the system’s Impulse
Response), they can then utilize a powerful mathematical operation called convolution to perfectly calculate and
predict how that exact same system will respond to any other complex input signal imaginable. This remarkable
property makes the impulse signal an indispensable, universal testing key in advanced signal processing.

Key Concept

Concept To conclude, standard waveforms provide the essential alphabet of communication engineering. Analog
signals faithfully capture the infinite continuity of the physical world, while digital signals offer the robust, noise-
immune discrete representations required for modern computing, data storage, and global internet transmission.
The fundamental standard waveforms—sine, square, saw-tooth, pulse, and impulse—serve as both the theoretical
foundation and the practical diagnostic tools utilized daily by engineers to design, analyze, and troubleshoot
complex electronic communication systems worldwide.

x(t)

/AN
7

Figure 49: Analog vs discrete time signals block
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AT Image Placeholder: Continuous wave transforming into digital blocks

Figure 50: Continuous to Digital Wave

0.26 Statement of sampling theorem

0.27 Statement of Sampling Theorem

In the study of modern communication systems, one of the most transformative concepts is the conversion of analog
signals into digital formats. The real world operates in analog; signals such as human voice, temperature variations,
and musical instruments produce continuous-time variations. However, digital systems, computers, and microprocessors
can only process discrete numbers. To bridge the gap between the continuous analog world and the discrete digital
world, a fundamental process called sampling is employed.

Sampling is the process of measuring the instantaneous values of a continuous-time signal at regular intervals. But
a fundamental question arises for communication engineers: How often do we need to take these samples to ensure that
no information is lost and the original signal can be perfectly reconstructed from its samples?

The answer to this profound question is provided by the Sampling Theorem, developed independently by
Harry Nyquist and Claude Shannon. It forms the undisputed foundation of all digital signal processing and digital
communication systems.

Box[Nyquist-Shannon Sampling Theorem| The sampling theorem states that a continuous-time, band-limited
signal can be completely represented by its discrete samples and perfectly recovered from them if and only if the
sampling frequency (fs) is at least twice the maximum frequency component (f,,) present in the original signal.
Mathematically, this crucial condition is expressed as:

Js 2 2fm
where:
o fs is the sampling frequency or sampling rate (measured in Hertz or samples per second).

o fm is the maximum frequency component (or bandwidth) of the message signal (measured in Hertz).
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If a signal is sampled according to this mathematical rule, the original analog signal can be faithfully and precisely
reconstructed at the receiver without any distortion.

0.27.1 Mathematical Representation of Sampling

To truly understand why the sampling theorem dictates the fs > 2f,, rule, we must look at how sampling works from a
mathematical standpoint.

Let the continuous-time analog signal be denoted as x(t). We assume that x(t) is band-limited, meaning its frequency
spectrum is strictly confined within a finite range from 0 to f,,. This signal has absolutely no frequency components
higher than f,,.

The practical sampling process is typically modeled theoretically as a mathematical operation where the continuous-
time signal x(¢) is multiplied by an impulse train p(t). The impulse train consists of extremely narrow pulses (Dirac
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delta functions) spaced evenly by a constant time interval Ty.
The time between consecutive samples is called the sampling interval or sampling period, denoted by Ts. It is

simply the reciprocal of the sampling frequency:
1

s
The resulting sampled signal, denoted as z5(t), is the mathematical product of the original continuous signal and
the periodic impulse train:

T =

ws(t) = 2(t) - p(?)

oo
xs(t) = x(t) - Z 5(t —nTs)
n=-—oo
In the time domain, xs(¢) looks like a series of distinct spikes whose amplitudes directly trace the physical envelope
of the original analog signal z(t).

Concept While sampling happens visibly in the time domain, the true physical consequences of sampling are
best understood in the frequency domain. Multiplying signals in the time domain is equivalent to convolving
their spectrums in the frequency domain. Sampling mathematically causes the original frequency spectrum of the
baseband signal to replicate itself infinitely at integer multiples of the sampling frequency (i.e., at fs, 2fs, 3fs,
etc.).

0.27.2 Frequency Domain Analysis and Sampling Scenarios

Because the spectrum of the sampled signal repeats at every multiple of fs, the physical spacing between these repeated
spectral copies is determined entirely by our choice of the sampling rate fs;. Depending on the chosen value of f;
relative to the maximum signal frequency f,,, three distinct technical scenarios arise, as illustrated in the figure below.

(a) Oversampling (fs > 2f,,): Spectrum copies are safely separated.

1 Xs(f)
~f
_fs _fm 0 fm fs
_fs + fm fs - fm
(b) Critical Sampling (fs; = 2f,,): Spectrum copies are exactly touching.
1 Xs(f)]
f
_fs _fm 0 fs
fm = fs - fm
(c¢) Undersampling (fs < 2f,,): Spectrum copies overlap (Aliasing).
[ Xs ()]
erlap (Aliasi
f
_fs 0 fm fs
fs - fm

Figure 51: Frequency spectrum of sampled signals under three different conditions based on the sampling theorem.

Case 1: Oversampling (fs > 2fn)

When the sampling frequency is strictly greater than twice the maximum signal frequency, the copies of the signal
spectrum in the frequency domain are spaced safely apart. There is a clear gap, known as a guard band, between the
maximum frequency f,, of the baseband signal and the lowest edge of the first replicated spectrum (fs — fin)-
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This is the ideal practical scenario. Because the original signal spectrum (centered at 0 Hz) and the replicated
spectrum (centered at fs) do not mix or interfere with one another, we can easily and flawlessly recover the original
analog signal by passing the sampled signal through a standard Low Pass Filter (LPF). The provided guard band
uniquely allows the use of practical, non-ideal electronic filters that have a gradual roll-off characteristic, significantly
lowering hardware complexity and cost.

Case 2: Critical Sampling or Nyquist Rate (fs = 2f,)

When the chosen sampling rate is exactly equal to twice the highest frequency component, the boundaries of the
original baseband spectrum and the duplicated spectrum exactly touch each other at a single point (f, = fs — fm)-
There is zero guard band provided.

While theoretically and mathematically possible, recovering the original signal in this precise case requires an ideal
Low Pass Filter with an infinite slope (a perfect vertical cut-off exactly at f,,,). Since mathematically ideal "brick-wall"
filters are physically impossible to manufacture using real electronic components, critical sampling is purely a theoretical
limit. It is almost never utilized in actual engineering applications without accepting some margin of error.

Case 3: Undersampling and Aliasing (fs < 2f,,)

If the sampling rate falls below twice the highest frequency component, the repeated high-frequency spectra shift too
close to the origin, physically overlapping with the original baseband spectrum. This severe spectral overlap causes the
high-frequency components of the replicated signal to seamlessly fold back and mix into the low-frequency components
of the original signal.

The low-pass filter at the receiving end will now output a severely distorted version of the audio or data, as it
is completely unable to distinguish between the genuine original low frequencies and the high frequencies that have
"folded back". This destructive interference, overlap, and subsequent distortion is universally known in signal processing
as Aliasing.

The Permanent Danger of the Aliasing Effect

Aliasing is a destructive phenomenon where high-frequency signals become indistinguishable from—or "masquerade"
as—low-frequency signals due to an inadequate sampling rate. Once aliasing has occurred during the sampling
process, the original continuous-time signal is irreparably distorted and cannot ever be recovered. No amount
of digital processing, filtering, or software correction after the sampling stage can undo the aliasing effect.

A common real-world visual analogy of aliasing is the famous "wagon-wheel effect" observed in older movies or
television. Sometimes, a fast-spinning car wheel or helicopter rotor appears to be spinning very slowly, or even spinning
backward. This optical illusion happens because the movie camera captures video at a fixed frame rate (which is
a form of temporal sampling). If the wheel spins significantly faster than half the camera’s frame rate, the camera
undersamples the physical wheel’s continuous rotation. This results in visual aliasing, where the fast forward motion
aliases directly into a completely fake, slow backward motion.

0.27.3 Nyquist Rate and Nyquist Interval

To effectively formalize the absolute minimum requirements of the sampling theorem, design engineers rely heavily on
two standardized metric definitions:

o Nyquist Rate (fx): The absolute minimum required sampling frequency necessary to reliably prevent aliasing.
It is mathematically equal to precisely twice the highest frequency component of the analog signal.

Nyquist Rate (fn) = 2fm

o Nyquist Interval (T%): The maximum permissible time interval between two consecutive sample points to
guarantee flawless signal reconstruction. It is explicitly the reciprocal of the Nyquist rate.

1

Nyquist Interval (Tx) = F
m

Calculating the Nyquist Rate for Telephony

Suppose a human voice signal slated to be transmitted over a standard commercial telephone line has a frequency
range strictly limited between 300 Hz and 3,400 Hz. Determine the theoretical minimum sampling rate required
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to successfully digitize this communication signal without introducing aliasing distortion.

Solution: The voice signal naturally consists of multiple frequencies, but the core tenet of the sampling theorem
dictates that we only care about the absolute mazimum frequency component, denoted as f,,. In this scenario,
fm = 3,400 Hz.

The Nyquist Rate (fn) is calculated as follows:

v =2 X fm =2 x 3,400 = 6,800 Hz

To rigidly guarantee successful reconstruction of the voice at the receiver, the sampling frequency fs must be at
least 6,800 samples every single second. (Note: In practical, deployed global telephone networks (like ISDN or
PSTN), a standardized 8,000 Hz sampling rate is deliberately used. This safely provides a 1,200 Hz guard band
to accommodate the physical limitations of real-world filtering).

\.

0.27.4 The Indispensable Role of Anti-Aliasing Filters

In real-world environments analyzing natural signals (like a live musical performance, human voice, or atmospheric
sensor data), it is exceptionally rare for a physical signal to be strictly and perfectly band-limited by nature. They
continuously contain ambient high-frequency noise, transient spikes, or harmonics that theoretically stretch out to
infinity. If we attempt to directly sample such an unconstrained signal, these high frequencies will inevitably cause
catastrophic aliasing, regardless of how incredibly fast our analog-to-digital converter is operating.

To aggressively combat this, engineers universally place an Anti-Aliasing Filter (AAF) in the circuit directly
before the Analog-to-Digital Converter (ADC). An anti-aliasing filter is simply a high-quality analog Low Pass Filter
that aggressively attenuates and cuts off any frequency components in the incoming signal that sit above fs/2. By
physically forcing the incoming electrical signal to become band-limited before the sampling process even begins, the
AAF guarantees that the strict conditions of the Nyquist-Shannon Sampling Theorem are fulfilled, thereby decisively
preventing aliasing from ever occurring.

Digital Audio Recording - The 44.1 kHz Standard

Have you ever wondered why standard high-fidelity music CDs are sampled at exactly 44.1 kHz?
Extensive biological research shows that the average healthy human ear can hear sound frequencies ranging from
roughly 20 Hz up to a maximum threshold of approximately 20,000 Hz (or 20 kHz). Therefore, to perfectly
capture and reconstruct any instrumental or vocal sound a human listener is physically capable of hearing, the
maximum frequency of interest is established as f,,, = 20 kHz.
According to the unyielding rules of the Nyquist-Shannon Sampling Theorem, the absolute minimum sampling
rate required is:

fv =2 %20 kHz = 40 kHz

If audio engineers opted to sample exactly at the theoretical 40 kHz Nyquist boundary, they would be executing
"critical sampling." As discussed, this fundamentally mandates an impossibly perfect analog filter to reconstruct
the audio during playback. To pragmatically allow the use of practical, inexpensive analog anti-aliasing filters
inside CD players—filters that can gently roll off rather than violently dropping to zero at 20 kHz—a guard
band is mandatory.

The audio engineers who authored the "Red Book" CD standard consciously selected a sampling rate of 44.1 kHz.
This engineering decision deliberately provides a generous 4.1 kHz frequency gap (44.1 kHz — 40 kHz), comfortably
allowing a real-world low-pass filter to attenuate all frequencies above 20 kHz seamlessly before the analog signal
hits the 22.05 kHz Nyquist folding limit.

\. J

0.27.5 Comparison of Sampling Conditions

The following table elegantly summarizes the three fundamental conditions of digital sampling based directly on the
Nyquist-Shannon theorem.
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Sampling Condition Mathematical Relation | Frequency Domain | Practical Application
State
Oversampling fs > 2fm Broad gap exists (Guard | The universal standard for
Band) strictly separating | all robust practical systems.
spectral copies. Enables the confident use of
non-ideal electronic filters
for eventual reconstruction.
Critical Sampling | fs = 2fn Spectral copies are exactly | A rigid theoretical bound-
(Nyquist Limit) touching at the far edges. | ary.  Fundamentally re-
quires an impossible "brick-
wall" filter to perfectly re-
construct the transmitted
signal.
Undersampling (Alias- | fs < 2fn, Spectral copies violently | Unquestionably results in
ing) overlap. permanent, irreversible sig-
nal distortion. Strictly
avoided unless specifically
intended for advanced sub-
sampling techniques.

Table 9: Comprehensive comparison of different sampling scenarios relative to the Nyquist limit.

0.27.6 Final Summary of Sampling Theorem Protocol

To effectively transition an analog waveform into a digital dataset—and later flawlessly reverse the process—the
following sequential protocol must be observed without exception:

1. Pre-Filter the Signal: Route the analog signal through an analog Anti-Aliasing Filter (AAF) to unconditionally
eliminate frequencies higher than your intended f,,.

2. Sample Above the Nyquist Limit: Program the analog-to-digital converter to ensure the sampling frequency
fs remains comfortably larger than 2f,,, purposefully engineering a guard band for practical filtering.

3. Reconstruction via LPF: To finally recover the original continuous signal from the digital binary, run the
reconstructed analog pulses through a dedicated reconstruction (low pass) filter specifically tuned with a cutoff
frequency nestled safely between f,, and fs — fi,.

Fully grasping the mathematical Statement of the Sampling Theorem is the initial and most vital step in demystifying
the robust digital telecommunications infrastructure that routes our mobile phone calls, streams our gigabit video
content, and meticulously processes critical biomedical sensor data across the globe.

xs(t)

Figure 52: Sampler multiplier block
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AT Image Placeholder: Conceptual art of taking snapshots of a moving wave

Figure 53: Taking Snapshots of a Wave

0.28 Nyquist rate and interval

0.29 Nyquist Rate and Interval

In the realm of digital communication and signal processing, converting a continuous-time analog signal into a discrete-
time digital signal is a fundamental operation. This process, known as sampling, forms the bridge between the physical
analog world and the digital domain. However, a crucial question arises: How often do we need to sample a signal to
ensure that no information is lost? The answer to this question lies in the Nyquist-Shannon Sampling Theorem, which
introduces the critical concepts of the Nyquist rate and the Nyquist interval.

0.29.1 The Nyquist-Shannon Sampling Theorem

Before defining the Nyquist rate and interval, it is essential to understand the foundation upon which they are built.
The Nyquist-Shannon Sampling Theorem states that a continuous-time signal can be completely represented in its
samples and perfectly recovered back if the sampling frequency (f;) is strictly greater than or equal to twice the highest
frequency component (f,,) present in the signal.

Mathematically, the condition for perfect reconstruction is given by:

fs = 2fm
Where:
o fs is the sampling frequency (or sampling rate) in Hertz (Hz) or samples per second.

o fm is the maximum frequency component (bandwidth for baseband signals) present in the analog signal in Hertz
(Hz).

Key Concept

Concept The Sampling Theorem guarantees that sampling is a reversible process as long as the samples are taken
rapidly enough. If the condition fs > 2f,, is satisfied, the original analog signal can be exactly reconstructed from
its discrete samples using an ideal low-pass filter.

0.29.2 Understanding the Nyquist Rate

The Nyquist rate is the theoretical minimum sampling rate required to avoid a phenomenon called aliasing (which we
will discuss shortly) and to allow the perfect reconstruction of the original signal.

Box[Nyquist Rate] The Nyquist rate (fy) is defined as exactly twice the highest frequency component (f,)
present in a given continuous-time signal. It represents the absolute minimum sampling frequency required to
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capture all the information in the signal without overlap in the frequency domain.

fN = 2fm

When a signal is sampled exactly at the Nyquist rate (fs = fn), it is referred to as critical sampling. While
theoretically sufficient, critical sampling is rarely used in practical systems because recovering the original signal in this
state requires ideal (brick-wall) filters. Since ideal filters are impossible to build in physical reality, practical systems
always use a sampling rate slightly higher than the Nyquist rate (a condition known as oversampling).

0.29.3 Understanding the Nyquist Interval

While the Nyquist rate deals with the frequency domain (how many samples per second are required), the Nyquist
interval deals with the time domain (the physical time gap allowed between consecutive samples).

Definition

Box[Nyquist Interval] The Nyquist interval (7% ) is the maximum allowable time interval between two successive
samples to ensure perfect reconstruction of the original signal. It is the mathematical reciprocal of the Nyquist

rate. 1 1
TN = — = —
fN 2fm

The Nyquist interval specifies the largest possible spacing between samples. If the time gap between samples
exceeds this interval (Ts > T), the sampling rate effectively falls below the Nyquist rate, leading to a permanent loss
of information.

Amplitude

Continuous Signal x(t)

> Time (t)

$-==)
Ts <TIn Discrete Samples z(nTy)

Figure 54: Sampling a continuous signal at intervals Ts. To prevent data loss, the time between samples T must not
exceed the Nyquist interval Tl .

0.29.4 Sampling Scenarios and Aliasing

Based on the relationship between the actual sampling frequency (fs) and the required Nyquist rate (2f,,), three
distinct scenarios can occur during the sampling process:

1. Oversampling (fs; > 2f,,): When the sampling rate is greater than the Nyquist rate, the signal is said to be
oversampled. In the frequency domain, the replicas of the signal’s spectrum are widely separated. This gap,
known as a guard band, makes it highly practical and easy to extract the original baseband signal using a standard,
non-ideal low-pass filter. This is the preferred and standard condition for almost all real-world applications.

2. Critical Sampling (fs = 2f,,): When the sampling rate is exactly equal to the Nyquist rate, the replicas of the
spectrum in the frequency domain just touch each other without overlapping. To recover the original signal, an
ideal low-pass filter with an infinitely sharp cutoff is required. Since such filters cannot be constructed, critical
sampling remains purely a theoretical boundary.

3. Undersampling (fs < 2f,,,): When the sampling rate is strictly less than the Nyquist rate, the time between
samples (Ts) becomes greater than the Nyquist interval (7). In this scenario, a destructive and irreversible
phenomenon called aliasing occurs.
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The Aliasing Effect

Aliasing is a severe distortion effect that causes high-frequency signals to become indistinguishable from (or aliases of)
lower-frequency signals. In the frequency domain, undersampling causes the high-frequency components of the original
signal’s spectrum to fold back and overlap into the lower frequency range.

Because of this spectral overlap, the original signal’s structural shape is permanently distorted. No amount of
filtering or digital processing can separate these overlapping frequencies to reconstruct the original continuous-time
signal. The specific frequency at which this folding begins is called the folding frequency or Nyquist frequency, defined
mathematically as fs/2. Any frequency component in the original analog signal that exceeds fs/2 will masquerade as a
completely different, lower frequency.

The Danger of Aliasing

Aliasing results in irreversible corruption of the signal. In audio processing, aliasing sounds like strange, discordant
distortion or metallic ringing. In digital images or video, it appears as visual artifacts like moiré patterns (e.g.,
the weird wavy lines that appear when a television presenter wears a finely striped shirt). To prevent aliasing
entirely, an anti-aliasing filter (a strict analog low-pass filter) is always applied before the sampling process to
limit the signal’s bandwidth to f,, < fs/2.

\. J

0.29.5 Real-World Analogy: The Wagon-Wheel Effect

A classic real-world visual analogy of undersampling and aliasing is the "wagon-wheel effect" often seen in older Western
movies or when filming spinning propellers. Sometimes, the spoked wooden wheels of a fast-moving stagecoach appear
to be spinning backward, even though the stagecoach is clearly moving forward.

This optical illusion occurs because the movie camera captures frames (discrete samples of continuous time) at a
fixed rate, typically 24 frames per second. If the wheel is spinning so fast that it rotates more than halfway between
consecutive film frames, the human brain (and the camera) misinterprets the sequence of images. The high "frequency"
of the wheel’s true forward rotation is undersampled by the camera’s fixed frame rate. As a result, the motion "aliases"
into a lower frequency that visually manifests as a slow, backward rotation.

0.29.6 Numerical Examples

Calculating the Nyquist rate and interval is a straightforward process, but it requires careful identification of the
maximum frequency component present in the mathematical representation of the signal.

Example 1: Single-Tone Signal

Consider an analog signal given by the equation: z(t) = 10sin(20007t). Calculate its Nyquist rate and Nyquist
interval.

Solution: The standard mathematical form of a sinusoidal signal is z:(t) = Asin(27 ft). By comparing the given
signal equation with the standard form, we can extract the frequency:

27 fint = 20007t
2 fm = 2000
fm = 1000 Hz = 1 kHz
The maximum frequency f,, present in this simple signal is 1 kHz.
o Nyquist Rate (fy): fv = 2f, =2 x 1000 Hz = 2000 Hz = 2 kHz
1 1

 Nyquist Interval (Tx): Ty = 7 = 3555 = 0-0005 seconds = 0.5 milliseconds

This means the signal must be sampled at least 2000 times per second, with a maximum time gap of 0.5 ms
between each sample.

Example 2: Multi-Tone Signal

Determine the Nyquist rate and Nyquist interval for a composite signal: y(t) = 5cos(10007t) + 12 sin(40007t) —
3 cos(60007t).
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Solution: A composite signal is made up of multiple frequencies. First, determine the individual frequencies of
each component:

1. For the first term 5 cos(10007t) — 27 f; = 1000w — f; = 500 Hz
2. For the second term 12sin(40007t) — 27 fo = 4000w — fo = 2000 Hz
3. For the third term 3 cos(60007t) — 27 f3 = 6000 — f3 = 3000 Hz

The signal contains three distinct frequencies: 500 Hz, 2000 Hz, and 3000 Hz. The maximum frequency component
present in the entire composite signal is f,,, = max(f, f2, f3) = 3000 Hz.

o Nyquist Rate (fn): fv = 2fm =2 x 3000 Hz = 6000 Hz = 6 kHz

o Nyquist Interval (Tx): Ty = fLN = ﬁ ~ 0.0001667 seconds = 0.1667 milliseconds

Even though there are lower frequency components present, the sampling criteria are strictly dictated by the
single highest frequency component (3000 Hz) to ensure no part of the signal suffers from aliasing.

0.29.7 Real-World Application: Digital Audio (CD Quality)

A highly prevalent and universally understood application of the Nyquist rate is found in the digital audio industry,
specifically in the standardization of Compact Discs (CDs).

Biological studies show that a healthy human ear can typically hear sounds in the frequency range extending from
roughly 20 Hz up to 20,000 Hz (20 kHz). Therefore, to capture audio that covers the entire spectrum of human hearing,
the maximum frequency component f,, for high-fidelity digital audio must be considered to be 20 kHz.

According to the Nyquist theorem, the absolute minimum theoretical sampling rate required to avoid aliasing and
capture this full range is:

fn =2 x 20,000 Hz = 40,000 Hz (or 40 kHz)

However, standard audio CDs do not use 40 kHz; instead, they use a universally standardized sampling rate of 44.1
kHz. Why is this specific number chosen?

As discussed earlier, critical sampling exactly at 40 kHz would require an impossible "brick-wall" filter—a filter that
perfectly passes all frequencies up to 20,000 Hz and instantly, completely blocks anything at 20,001 Hz. By oversampling
at 44.1 kHz, audio engineers provided a transition band (a guard band) of exactly 4.1 kHz. This extra frequency space
allows for the implementation of practical, physically realizable analog anti-aliasing filters. These practical filters can
gently and smoothly roll off, attenuating unwanted high frequencies beyond 20 kHz before the digital sampling process
takes place. This meticulous engineering ensures crystal-clear digital audio reproduction without aliasing distortions.

0.29.8 Summary

Understanding the Nyquist rate and the corresponding Nyquist interval is a fundamental prerequisite for anyone studying
digital communications, electronics, or signal processing. These theoretical concepts define the rigid, mathematical
boundaries between our continuous physical reality and its discrete digital representation. Sampling below the Nyquist
rate guarantees permanent data corruption via the aliasing effect, while sampling slightly above it ensures that real-world
signals can be accurately mapped into digital systems and successfully reconstructed without loss of fidelity.

[ fo>2fm )

Figure 55: Nyquist rate condition block
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AT Image Placeholder: A stylized clock face representing sampling frequency

Figure 56: Stylized Clock Face

0.30 Aliasing error and sampling types

0.31 Aliasing Error, Under-sampling, Over-sampling, and Critical Sampling

The process of converting a continuous-time analog signal into a discrete-time digital signal fundamentally relies on
sampling. As we have established from the Nyquist-Shannon sampling theorem, the fidelity of this conversion heavily
depends on the sampling frequency (fs) relative to the maximum frequency component present in the analog signal
(fmaw or fm)

Based on the relationship between f; and f.q., the sampling process is categorized into three distinct regimes:
under-sampling, critical sampling, and over-sampling. Understanding these three conditions and their conse-
quences—particularly the irreversible phenomenon known as aliasing—is one of the most critical concepts in digital
signal processing and communication engineering.

0.31.1 Under-sampling and the Aliasing Error

When a signal is sampled at a rate that is insufficient to capture its highest frequency oscillations, a devastating
distortion occurs in the digital domain. This condition is known as under-sampling.

Box[Under-sampling] Under-sampling occurs when the sampling frequency fs is strictly less than twice the highest

frequency component f,q, present in the continuous-time signal. Mathematically, the under-sampling condition is
defined as:

fs < 2fmaac

When a signal is under-sampled, the original analog signal cannot be uniquely or accurately reconstructed from its
discrete samples. The primary reason for this failure is an effect called aliasing.

The Mathematics and Mechanism of Aliasing

To understand aliasing, we must look at the frequency spectrum of a sampled signal. When a continuous-time signal
with a baseband spectrum bounded between — fy,4; and + fiuq. is sampled at a frequency fs, the sampling process
creates infinite periodic replicas (or copies) of the original frequency spectrum. These replicas are centered at integer
multiples of the sampling frequency: 0,+f,s, £2fs, +3fs, and so on.

In an under-sampled system where fs < 2fpq2, the distance between the center of the baseband spectrum (0) and
the center of the first replica (fs) is too small. As a result, the lower tail of the first replica overlaps with the upper tail
of the baseband spectrum. This overlap causes the high-frequency components of the original signal to fold back into
the lower frequency range.
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Box[Aliasing Error] Aliasing is a phenomenon where high-frequency components of a signal disguise themselves as

(or "alias" into) lower-frequency components due to an inadequate sampling rate. The specific frequency fs/2 is
known as the Nyquist frequency or folding frequency, acting as a mirror; any frequency component above
fs/2 folds back into the spectrum below it.

To illustrate this mathematically, consider a simple cosine wave x(t) = cos(27 fot), where the signal frequency fj is
greater than f;/2. When sampled at intervals of Ts = 1/ fs, the discrete signal becomes:

x[n] = cos(27 fonTs)
Let us express fy as fs — f1, where f; is a lower frequency below f;/2. Substituting this into our equation:
z[n] = cos(2m(fs — f1)nTs) = cos(2w fsnTs — 27 f1nTs)

Since fsTs =1 and n is an integer, the term 27 fsnT, simplifies to 27n, representing full rotations which do not affect
the cosine value. Because cos(2mn — ) = cos(—60) = cos(d), we get:

x[n] = cos(27 finTy)

The digital system now registers a signal of frequency fi, completely losing the original high-frequency fy. The
high-frequency component has assumed an "alias."

Visual Aliasing: The Wagon-Wheel Effect

A real-world visual analogy of aliasing is the "wagon-wheel effect” frequently observed in older movies or recordings
of helicopters. Film cameras capture video by taking a sequence of still photographs (samples) at a fixed frame
rate, typically 24 frames per second (fps). If a car wheel or a helicopter rotor is spinning so fast that its spokes
move past the top position at a rate higher than half the frame rate (the Nyquist frequency of the camera), the
camera fails to sample the motion adequately. Instead of capturing smooth forward rotation, the samples catch
the spokes slightly behind their previous relative positions. When the brain reconstructs these samples, the wheel
appears to be rotating backwards at a slower speed. This illusory slow backward rotation is exactly what aliasing
is: a high frequency (fast forward spin) masquerading as a low frequency (slow backward spin).

\

The Irreversibility of Aliasing

It is crucial to understand that the aliasing error is entirely irreversible. Once a signal is under-sampled and
aliasing occurs in the digital domain, it is mathematically and physically impossible to distinguish whether a
sampled value came from a genuine low-frequency component or an aliased high-frequency component. No amount
of digital signal processing or software filtering can recover the original signal once it has been corrupted by
aliasing.

,

J

To prevent aliasing, engineers use an anti-aliasing filter. This is an analog low-pass filter placed just before
the Analog-to-Digital Converter (ADC). It strictly limits the bandwidth of the incoming analog signal, completely
attenuating any frequencies above fs/2 so they cannot fold back into the useful signal range.

0.31.2 Critical Sampling (The Nyquist Rate)

As we increase the sampling frequency to exactly twice the maximum signal frequency, we arrive at the theoretical
boundary known as critical sampling.

Box[Critical Sampling] Critical sampling occurs when the sampling frequency is exactly equal to twice the highest

frequency component of the signal. This specific sampling rate is called the Nyquist Rate.

fs = 2fmax

In the frequency domain, at f; = 2f42, the shifted spectral replicas perfectly touch the edges of the baseband
spectrum without overlapping. Because there is no overlap, aliasing does not occur, and theoretically, the original
continuous-time signal can be perfectly reconstructed from the discrete samples.
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However, critical sampling presents an enormous practical challenge. To reconstruct the original analog signal from
critically sampled data, we must extract only the baseband spectrum and completely reject the adjacent replicas. Since
the replicas are touching the baseband spectrum (the gap between them is zero), the reconstruction filter must be an
ideal low-pass filter (often called a "brick-wall" filter).

A brick-wall filter requires a perfectly flat passband, infinite attenuation in the stopband, and a transition band
of exactly zero width. Such a filter requires an infinite number of components to build in the analog domain and
introduces infinite delay, making it physically impossible to realize. Real-world filters require a finite transition band
to smoothly roll off from the passband to the stopband. If a practical filter is applied to a critically sampled signal,
its transition band will inevitably capture part of the adjacent spectral replica, re-introducing aliasing during the
reconstruction phase.

Concept While critical sampling (fs = 2fmaz) is the absolute theoretical minimum required for perfect recon-
struction according to the Nyquist theorem, it is practically unusable because it demands physically unrealizable
"brick-wall" filters for both anti-aliasing and reconstruction.

0.31.3 Over-sampling

To overcome the severe practical limitations of critical sampling, engineers intentionally sample signals at a rate
significantly higher than the Nyquist rate. This standard industry practice is known as over-sampling.

Box[Over-sampling] Over-sampling occurs when a signal is sampled at a frequency strictly greater than the Nyquist

rate (i.e., more than twice the maximum frequency component).

fs > 2fmam

When a signal is over-sampled, the spectral replicas in the frequency domain are pushed further apart. This
separation creates an empty space on the frequency axis between the highest frequency of the baseband signal (faz)
and the lowest frequency of the first replica (fs — fimaz). This empty space is known as a guard band.

The presence of a guard band is a massive advantage in practical engineering. Because there is a gap between the
desired spectrum and the unwanted replicas, we no longer need an impossible ideal brick-wall filter for reconstruction.
Instead, we can use practical, easily realizable analog low-pass filters with a gradual roll-off (a finite transition band).
As long as the filter’s transition band fits within the guard band, it will perfectly pass the desired baseband signal
while completely rejecting the high-frequency replicas, ensuring pristine signal reconstruction without any aliasing.

Furthermore, over-sampling provides additional benefits such as improving the Signal-to-Noise Ratio (SNR) by
spreading quantization noise over a wider frequency band, a principle heavily utilized in modern Analog-to-Digital
Converters.

CD Audio and Over-sampling

Consider the standard specification for Compact Disc (CD) digital audio. The average human ear can hear
sound frequencies up to roughly 20 kHz. Therefore, for high-fidelity audio, fiq. = 20 kHz. According to the
Nyquist theorem, critical sampling would require f; = 40 kHz. However, if we sampled at 40 kHz, the anti-aliasing
filter would need to pass 20 kHz perfectly and drop to complete zero at 20.0001 kHz—an impossible engineering
task. Instead, the CD standard uses a sampling rate of f; = 44.1 kHz. This is a clear case of over-sampling
(44.1 kHz > 40 kHz). This creates a guard band of 4.1 kHz (from 20 kHz to 24.1 kHz). This generous guard
band allows audio engineers to design relatively simple and cost-effective analog low-pass filters that smoothly
roll off between 20 kHz and 24 kHz, preventing aliasing while keeping manufacturing costs low and audio quality
exceptionally high.

\ J

0.31.4 Frequency Domain Visualization

The differences between over-sampling, critical sampling, and under-sampling are best understood by visualizing the
frequency spectrum of the sampled signal. Figure 57 clearly illustrates the concept of spectral replicas, guard bands,
and aliasing overlap.
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Figure 57: Frequency spectrum illustrating the effects of different sampling rates on the signal spectrum replicas.
Overlapping red areas denote the destruction of signal integrity due to aliasing.

0.31.5 Summary and Comparison

To consolidate the concepts, the table below provides a comprehensive comparison of the three sampling paradigms.

baseband.

Parameter Under-sampling Critical Sampling Over-sampling
Condition fs < 2fmax fs = 2fmax fs > 2fma:p

Spectrum Adjacent spectral replicas Spectral replicas perfectly A gap (guard band) exists
Status overlap with the baseband. touch the edges of the between adjacent spectral

replicas.

Present and highly destructive.
High frequencies alias to low

Aliasing Error

Theoretically absent, but
practically occurs due to

Completely absent (provided
a proper anti-aliasing filter is

specialized bandpass
sampling).

due to filter limitations.

frequencies. non-ideal filters. used).
Reconstruction | Cannot be reconstructed Requires an ideal "brick-wall" | Requires a practical filter with
Filter accurately under any filter with a zero transition a finite, gradual transition
Required circumstances. band (impossible to build). band (easy to build).
Practical Undesirable for baseband Not used in practice for The standard practice in
Usability signals (used only in highly hardware implementations almost all real-world digital

communication and audio
Systems.

Table 10: Comparison of Under-sampling, Critical Sampling, and Over-sampling.

Concept In practical engineering designs, you must strictly avoid under-sampling baseband signals, acknowledge
critical sampling merely as a theoretical limit, and confidently implement over-sampling to guarantee robust,

alias-free data acquisition and reconstruction.

Analog In ——

Anti-
Alias LPF

ADC

Figure 58: Anti-aliasing filter block
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AT Image Placeholder: Visual representation of a moiré pattern or aliasing artifacts

Figure 59: Moiré Pattern Aliasing

0.32 Ideal, Natural and flat top sampling

0.33 Types of Sampling: Ideal, Natural, and Flat-Top Sampling

In the realm of digital communication and signal processing, the process of converting a continuous-time analog signal
into a discrete-time signal is known as sampling. While the Nyquist-Shannon Sampling Theorem establishes the
foundational mathematical condition (fs > 2f,,) for perfect signal reconstruction, the actual physical implementation
of sampling can take various forms. The method by which the continuous signal is "sliced" or "chopped" into discrete
pulses profoundly affects the frequency spectrum of the sampled signal and the complexity of the circuitry required.

Broadly, sampling techniques are classified into three major types based on the shape and characteristics of the
sampling pulses:

1. Ideal Sampling (or Impulse Sampling)

2. Natural Sampling (or Chopper Sampling)

3. Flat-Top Sampling (or Sample-and-Hold)

Each of these techniques presents unique mathematical properties, practical implementation challenges, and specific

use cases in communication engineering. Let us delve into a comprehensive analysis of each type.

0.33.1 Ideal Sampling (Impulse Sampling)

Box[Ideal Sampling] Ideal sampling, also known as instantaneous sampling or impulse sampling, is a mathematical

abstraction where a continuous-time analog signal is sampled using a periodic train of Dirac delta functions
(impulses). The resulting sampled signal is a sequence of weighted impulses, where the weights correspond exactly
to the instantaneous amplitudes of the message signal at the sampling instants.

Mathematical Representation

Let the continuous-time message signal be denoted as x(t). The sampling signal is an impulse train, denoted as o7, (t),
which consists of a series of unit impulses spaced uniformly by the sampling period T%.
The impulse train can be mathematically expressed as:

Sn(f)= 3 (- nTy)

n=—oo

where T is the sampling interval, and the sampling frequency is fs = 1/T5.
The ideally sampled signal, z4(t), is obtained by taking the product of the message signal x(t) and the impulse
train op, (t):

xs(t) = x(t) - Z d(t —nTy)

n=—oo
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Using the sifting property of the Dirac delta function, which states that x(¢)d(t —to) = x(t9)0(t — tg), we can rewrite

the sampled signal as:
oo

xs(t) = Z x(nTs)o(t — nTy)

n=—oo

This equation clearly shows that the sampled signal is a train of impulses whose amplitudes (weights) are determined
by the sample values x(nT).
Frequency Domain Analysis

To understand the spectral characteristics of ideal sampling, we apply the Fourier Transform to z5(t). Since multiplication
in the time domain corresponds to convolution in the frequency domain, we have:

Xs(f) = X(f) * F{or, (1)}

The Fourier transform of an impulse train in the time domain is another impulse train in the frequency domain, scaled
by fs:

f{(sTs } fs Z 6 _nfs

Therefore, the spectrum of the ideally sampled signal is:
X(f ) * | fs Z 5 - nf s
n=—oo
Z X - nfs

This fundamental equation reveals that the spectrum of the ideally sampled signal consists of the original baseband
spectrum X (f) scaled by fs and infinitely replicated at integer multiples of the sampling frequency (0, £fs, £2fs,...).
As long as fs > 2f.,, these spectral replicas do not overlap, and the original signal can be perfectly recovered using an
ideal low-pass filter.

Physical Realizability Constraints

Ideal sampling remains purely theoretical. A true Dirac delta function has zero duration (7 — 0), infinite amplitude,
and an area of unity. Generating a pulse with zero width and infinite peak voltage is physically impossible with
real-world electronic components. Any practical pulse, no matter how narrow, will have a finite duration and a
finite amplitude. Therefore, ideal sampling is used exclusively for mathematical modeling and as a benchmark to
analyze practical sampling schemes.
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Figure 60: Waveforms depicting the ideal sampling process.

0.33.2 Natural Sampling (Chopper Sampling)

To overcome the impossibility of generating ideal impulses, practical sampling systems utilize pulses of finite width
7 and finite amplitude. Natural sampling is the most straightforward extension of ideal sampling into the physical
domain.

Box[Natural Sampling] Natural sampling is a practical sampling technique where the continuous-time message

signal is multiplied by a periodic train of rectangular pulses. The unique characteristic of this method is that the
top of each resulting sampled pulse is not flat; rather, it "naturally" follows the exact contour or shape of the
analog message signal during the pulse duration 7.

Circuit Operation and Mathematical Representation

Natural sampling is often implemented using simple analog switching circuits. An analog switch (like a Field-Effect
Transistor, FET) is toggled on and off by a clock signal representing the periodic pulse train p(¢). When the switch is
ON (for duration 7), the input signal is connected to the output. When the switch is OFF, the output is zero. This
acts as an electronic "chopper," hence the alternative name, chopper sampling.

Let the sampling signal p(t) be a periodic train of rectangular pulses with amplitude A, pulse width 7, and period
T,. The naturally sampled signal z,4(t) is simply the product of the message signal and the pulse train:

ns(t) = x(t) - p(t)

Because p(t) is a periodic signal, it can be expanded into a complex exponential Fourier series:

o
Py = D cqelit

n=-—oo
where the Fourier coefficients ¢, for a rectangular pulse train are given by:
AT
Cp = ?sinc(nfST) =d- A-sinc(nnd)
S
Here, d = 7/T; represents the duty cycle of the pulse train, and sinc(z) = sin(7x)/(7z).
Substituting the Fourier series representation back into the sampling equation:

[e.o]

oo
ﬂ?ns(t):{lﬁ(t) Z CnejQanst: Z cnx(t)ejQﬂ’nfst

n=—oo n=—oo
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Frequency Domain Analysis

Taking the Fourier transform of x,s(t) and utilizing the frequency shifting property (F{z(t)e??™/t} = X (f — f.)), we
obtain the spectrum of the naturally sampled signal:

an(f) = Z CnX(f - nfs)
AT
an(f) = ? Z SlnC(nfsT)X(f - nfs)

Key Concept

Concept Unlike ideal sampling where all spectral replicas are scaled equally by fs, the spectrum in natural
sampling X,,s(f) contains the original signal replicas weighted by the Fourier coefficients ¢,. This means that
higher-frequency harmonics are attenuated by the envelope of the sinc function. However, the baseband component
(at n = 0) is perfectly preserved and simply scaled by ¢y = A7/Ts. Since there is no distortion introduced into the
baseband spectrum, the original signal can still be perfectly recovered using an ideal low-pass filter, without any
equalization.

V.

Practical Constraints of Natural Sampling

While naturally sampled signals can be reconstructed without distortion using just a low-pass filter, this technique
is rarely used in modern digital systems like Analog-to-Digital Converters (ADCs). The fluctuating top of the
pulse means the amplitude is continuously changing during the sample time 7. An ADC requires a stable, constant
voltage during its conversion cycle to assign an accurate binary code. If the voltage varies during conversion, it
leads to significant quantization errors.

\
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0.33.3 Flat-Top Sampling

To address the limitations of natural sampling in analog-to-digital conversion, flat-top sampling is heavily employed in
almost all practical digital communication systems and digital signal processors (DSPs).

Box[Flat-Top Sampling] Flat-top sampling is a practical sampling technique where the amplitude of the continuous-
time signal is captured at the precise sampling instant, and this specific instantaneous voltage value is held
constant for the entire duration of the sampling pulse 7. The resulting sampled waveform resembles a series of
rectangular pulses with flat tops, forming a "staircase-like" structure.

Sample-and-Hold (S/H) Circuit

Flat-top sampling is implemented using a Sample-and-Hold (S/H) circuit. When the sampling clock ticks, a switch
closes momentarily (Sample mode) to rapidly charge a holding capacitor to the current voltage level of the analog
signal. The switch then opens (Hold mode), and the capacitor maintains this constant voltage for the duration of the
pulse period, presenting a stable DC voltage to the subsequent ADC stage.

Mathematical Modeling

We can mathematically model flat-top sampling as a two-step process:

1. First, the analog signal z(t) is subjected to ideal impulse sampling, creating an intermediate signal z4(t) =
Y x(nTs)d(t — nTs).

2. Second, this ideally sampled impulse train is passed through a Linear Time-Invariant (LTI) system—specifically,
a pulse shaping filter—whose impulse response h(t) is a rectangular pulse of width 7 and unit amplitude.

<t <
h(t):{l’ 0<t<r

0, otherwise
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The flat-top sampled signal x 45(t) is the convolution of the ideal sampled signal z4(t) and the pulse shape h(?):

xfts(t) = xs(t) * h(t)

Tps(t) = Z x(nTs)d(t — nTs)| = h(t)
Trs(t) = _io: x(nTs)h(t — nTs)

This equation confirms that the flat-top sampled signal is a sequence of rectangular pulses h(t — nT}), each scaled by
the sample value z(nTy).

Frequency Domain Analysis and the Aperture Effect

To find the spectrum of the flat-top sampled signal, we take the Fourier transform of the convolution equation. In the
frequency domain, convolution translates to multiplication:

Xpes(f) = Xs(f) - H(f)

We know that X(f) = fs > X(f —nfs). The transfer function of the rectangular pulse shaping filter H(f) is the
Fourier transform of h(t):

() = [ we e = [T = sine(fr) - e

Substituting these into our frequency domain equation:
= .
Xfts(f) = [fs Z X(f — nfs)] . [7— . SinC(fT) . 6—j7rf’r}
n=-—o0o

Let’s focus strictly on the baseband replica (where n = 0). For perfect signal recovery, we need to extract this
baseband component using a low-pass filter. The baseband component is:

Baseband Component = f X (f) - H(f)

Notice that the desired signal spectrum X (f) is multiplied by H(f), which is essentially a sinc function. The sinc
function rolls off (decreases in amplitude) as frequency increases. This implies that the higher frequency components of
the message signal X (f) within the baseband will be attenuated (distorted) by the sinc function envelope.

The Aperture Effect

The amplitude distortion introduced in the original baseband spectrum due to the finite width 7 of the sampling
pulse in flat-top sampling is known as the Aperture Effect. It acts like a low-pass filter that gently rolls off the
higher frequencies of the message signal. The larger the pulse width 7, the more pronounced the aperture effect
becomes.

Equalization for Flat-Top Sampling

Because the aperture effect causes amplitude distortion in the baseband, merely passing the flat-top sampled signal
through a standard ideal low-pass filter will not yield a perfect replica of x(¢). The recovered signal will sound muffled
(in audio) or lack sharpness (in video) because its high frequencies are suppressed.

To completely reconstruct the original signal, we must compensate for this distortion. This is achieved by cascading
the reconstruction low-pass filter with an Equalizer circuit. The equalizer must possess an amplitude response F(f)

that is the exact inverse of the amplitude response of the pulse-shaping filter H(f) within the baseband region (up to
fm)-

1 1

ST 7o) oS I

By passing the distorted signal through this equalizer, the high-frequency attenuation is counteracted, and the exact
original continuous-time signal z(t) is faithfully recovered.

E(f)
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0.33.4 Comparison of Sampling Techniques

The table below summarizes the key differences between the three distinct types of sampling discussed in this section.

Table 11: Comparison of Ideal, Natural, and Flat-Top Sampling

Feature Ideal Sampling Natural Sampling Flat-Top Sampling
Principle Multiplies signal with Dirac Multiplies signal with Samples instantaneously and
impulses. rectangular pulses. holds the value constant.
Pulse Shape Impulse (zero width, infinite | Rectangular, but top follows | Rectangular, perfectly flat
amplitude). signal contour. top.
Practicality Purely theoretical, not Practically possible using Highly practical, widely used
physically realizable. analog switches. in industry (Sample & Hold).
Suitability for N/A Poor; fluctuating voltage Excellent; provides a stable
ADC during pulse causes constant voltage for accurate
quantization errors. conversion.
Baseband Undistorted replica of original | Undistorted replica, just Distorted due to the sinc
Spectrum spectrum. scaled down by a constant. function roll-off.
Aperture Effect | Absent Absent Present
Reconstruction | Ideal Low-Pass Filter only. Ideal Low-Pass Filter only. Low-Pass Filter + Equalizer
network to fix amplitude
distortion.

Concept In summary, while ideal sampling provides the mathematical baseline, and natural sampling offers
a straightforward analog implementation without baseband distortion, flat-top sampling remains the de facto
standard in modern digital communications. Its ability to provide stable voltage levels for analog-to-digital
conversion heavily outweighs the minor inconvenience of having to implement a compensatory equalization filter
at the receiver.

| Natural J-- Flat-top

Figure 61: Natural vs flat-top sampling block

ATl Image Placeholder: A series of flat-topped bars in a 3D bar chart style

Figure 62: 3D Bar Chart Flat-Tops

0.34 Concept of Quantization

0.35 Concept of Quantization

Quantization is the second major step in the fundamental process of converting an analog signal into a digital format,
immediately following the sampling stage. While sampling discretizes a continuous-time signal along the horizontal
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time axis, quantization discretizes the continuous amplitude of the signal along the vertical y-axis.

In the physical world, naturally occurring signals such as human speech, musical acoustics, seismic waves, or
temperature variations are inherently continuous in both time and amplitude. This physical continuity implies that
at any given instant, the signal can take on an infinite number of possible voltage or current values. However,
digital systems—ranging from simple microcontrollers to advanced computer processors—possess finite memory, finite
bandwidth, and finite processing capabilities. They are fundamentally incapable of storing or transmitting an infinite
number of decimal places. Digital systems can only process a finite set of discrete, binary-encoded values.

Quantization is the pivotal mathematical operation that bridges this gap between the infinite analog world and the
finite digital realm. It does so by approximating the infinitely possible amplitude values of a sampled analog signal to a
restricted, predetermined set of discrete levels.

Concept In Analog-to-Digital Conversion (ADC), sampling discretizes the signal in time, whereas quantization
discretizes the signal in amplitude. Without the quantization step, a sampled signal would still demand an infinite
number of bits for perfect mathematical representation, rendering digital storage and transmission functionally
impossible.

To intuitively visualize the concept of quantization, consider the difference between walking up a smooth ramp
versus walking up a flight of stairs. An analog signal is completely analogous to the ramp: you can stand securely
at any exact height along its smooth slope. However, a digital system is akin to a staircase. When navigating
a staircase, your vertical elevation is strictly confined to the specific heights of the individual steps. You cannot
stand floating between two steps. If you are asked to communicate your vertical position on this staircase, you
must effectively ‘round" your physical position to the nearest available step. Quantization performs
this exact rounding operation for electrical signals: it maps every sampled voltage point to the
nearest predefined voltage ‘step.”

Box[Quantization] Quantization is the process of mapping a continuous and infinite range of amplitude values

(from a sampled analog signal) into a finite and discrete set of predefined amplitude values. The resulting discrete
values can then be represented by a fixed number of binary digits (bits). The unavoidable mathematical difference
between the actual continuous value and the selected discrete value is known as quantization error.

0.35.1 The Mechanics of Quantization

The core mechanics of the quantization process involve dividing the entire possible amplitude range of the input signal
into a specific number of non-overlapping intervals or zones. Each interval is then represented by a singular discrete
value, commonly referred to as a quantization level.

Let us denote the absolute minimum expected voltage of the analog signal as V,,;, and the absolute maximum
expected voltage as V4. The total voltage span, or the dynamic range of the signal, is mathematically calculated as
Vmax - szn

When designing a digital system, an engineer must decide how many bits (n) will be allocated to represent each
individual sample. The total number of available quantization levels, denoted by the variable L, is exponentially
dictated by the number of bits chosen:

L=2"

For example, a basic 8-bit analog-to-digital converter will provide 2% = 256 discrete quantization levels. In stark
contrast, a simple 3-bit quantizer is heavily restricted to only 22 = 8 possible levels.

The vertical distance or spacing between adjacent discrete quantization levels is known as the step size or
resolution, denoted by the Greek letter A (Delta). For a uniform quantizer—where all steps are designed to be of
strictly equal height—the step size is calculated by dividing the total dynamic range by the total number of levels:

o Vimaz — Vimin

Calculating Quantization Parameters

Suppose an engineering team is working with a raw audio signal that has a bounded voltage range from —5 V
to +5 V. They are utilizing a 4-bit Analog-to-Digital Converter (ADC) for their embedded system. We need to
determine the quantization characteristics.
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Step 1. Calculate the total number of quantization levels (L): Because the system utilizes a 4-bit ADC,
the bit depth n = 4.
L = 2" = 2* = 16 distinct levels

Step 2. Calculate the quantization step size (A): The maximum peak voltage V4 = 5 V and the minimum
peak voltage Vi = —5 V. The overall dynamic range is 5 V— (=5 V) =10 V.

Vmaa: - Vmin o 10V

A:
L 16

=0.625V

This calculation reveals that each step on our quantization “staircase” is precisely 0.625 V high. Any sampled
voltage that enters the ADC will be automatically rounded to the nearest multiple of these established levels.

0.35.2 Types of Quantization

Quantization architectures are broadly categorized into two major classifications based entirely on how the step sizes
(A) are distributed across the dynamic range of the input signal.

Uniform Quantization

In uniform quantization, the step size (A) remains strictly constant throughout the entire amplitude range. Every
single quantization interval is identically wide. This specific method is mechanically straightforward to implement in
hardware and is predominantly utilized when the signal’s amplitude is relatively evenly distributed, or when the system
architecture prioritizes simplicity and cost over absolute bandwidth efficiency.

Uniform quantizers are further subdivided into two distinct categories based on their input-output transfer
characteristics (how they handle values near zero volts):

o Mid-tread Quantizer: In a mid-tread configuration, the origin (exactly zero volts) lies safely in the
middle of a quantization step (representing the horizontal ‘tread" of a staircase). This geometry
is particularly advantageous because a zero-volt input is exactly represented by a zero-volt
digital output level. This inherently prevents tiny electrical noise fluctuations around
the zero-line from causing the output to rapidly toggle or ‘bounce” between two non-zero levels.

e Mid-riser Quantizer: In a mid-riser configuration, the origin lies strictly at the vertical boundary between
two adjacent steps (representing the vertical “riser” of the staircase). In this setup, there is no discrete level for
exactly zero volts. A zero-volt input must therefore be rounded up or down to the nearest non-zero level, which
can sometimes introduce unwanted low-level noise during periods of signal silence.
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Figure 63: Transfer Characteristic of a Uniform Mid-Tread Quantizer, illustrating constant step sizes.
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Non-Uniform Quantization and Companding

In a vast majority of real-world communication signals, notably human speech and orchestral audio recordings, lower
amplitude signals (quiet sounds and whispers) occur much more frequently than higher amplitude signals (loud shouts or
explosive noises). If we blindly apply uniform quantization to such signals, the universally large step sizes will be much
too coarse for the quiet, subtle low-amplitude sounds. This mismatch results in a disproportionately high quantization
error for small signals, leading to deeply degraded sound quality and a severely reduced Signal-to-Quantization Noise
Ratio (SQNR) at low audio volumes.

Non-uniform quantization directly solves this engineering dilemma by deploying variable step sizes across the
dynamic range. The step sizes are deliberately grouped closely together (highly dense resolution) for low-amplitude
signals and spaced much further apart (sparse resolution) for high-amplitude signals. This intelligent distribution
ensures that delicate, quiet sounds are digitized with a high degree of precision, while loud sounds—which inherently
mask underlying quantization noise due to their sheer volume—are safely allocated lower resolution.

In real-world telecommunications engineering, rather than constructing a highly complex analog-to-digital converter
with varying step sizes built into the silicon, networks achieve non-uniform quantization through a clever two-step
analog technique called Companding (a linguistic blend of Compressing and Ezpanding). The raw continuous analog
signal is first fed through a specialized non-linear amplifier, acting as a compressor. This compressor forcefully amplifies
weak signals and simultaneously attenuates strong signals, effectively crushing the dynamic range. This intentionally
warped, compressed signal is then fed into a completely standard, simple uniform quantizer.

Upon reaching the receiving end, the digital data is converted back to analog and immediately passed through an
expander. The expander performs the exact mathematical inverse of the compression curve, perfectly restoring the
original signal’s natural dynamics. Global telephony networks rely heavily on standardized non-uniform companding
algorithms. The two most prominent international standards are the p-law algorithm (predominantly deployed in the
telecommunications infrastructure of North America and Japan) and the A-law algorithm (widely utilized in Europe
and the rest of the international community).

0.35.3 Quantization Error (Quantization Noise)

Because the very act of quantization inherently involves rounding or mathematically truncating a continuous value to
the nearest available discrete level, there is almost inevitably a discrepancy between the true, original sampled value
and its new quantized representation. This unavoidable loss of precision is defined mathematically as quantization
error. When this error is analyzed as a random signal varying rapidly over time, it is referred to as quantization
noise.

Mathematically speaking, if x(ts) represents the continuous-amplitude sampled value at sampling instant ¢, and
x4(ts) represents the finalized quantized value, the quantization error e,(ts) is captured by the straightforward algebraic
relation:

eq(ts) = z(ls) — zq(ts)

For a properly configured uniform quantizer that utilizes a standard rounding scheme (where values are rounded
directly to the nearest available level), the original sample can be maximally separated from the chosen discrete level by
no more than one-half of a step size. Therefore, the quantization error is strictly bounded and is generally considered
to be uniformly distributed within the interval:

A< <+A
R e JR—
2 — 1= "9

This persistent error actively manifests itself as an additive, granular noise overlaying the final reconstructed analog
signal. If a listener were to play back a heavily quantized audio file—such as the 8-bit audio characteristic of early 1980s
video game consoles—the quantization noise is distinctly and unavoidably perceived as a continuous, gritty background
hiss. It is crucial to understand that unlike standard thermal or electromagnetic noise, which originates from external
interference and the random movement of electrons in components, quantization noise is generated entirely and solely
by the mathematical analog-to-digital conversion process itself.

Clipping and Overload Distortion

If the incoming analog signal unexpectedly exceeds the maximum design voltage limit (V},4,) or drops below the
minimum limit (V},,;,), the quantizer has no higher or lower discrete levels to assign. It will simply clamp the
signal, assigning it the highest or lowest available level respectively. This severe, sudden truncation is known in the
industry as clipping or overload distortion. Clipping forcefully chops the peaks off the waveform, introducing
massive amounts of harmonic distortion that severely degrades signal quality. System engineers must carefully
condition incoming signals—ensuring they are appropriately amplified or attenuated via Automatic Gain Control
(AGC)—to fit strictly and safely within the quantizer’s defined dynamic range.
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0.35.4 Signal-to-Quantization Noise Ratio (SQNR)

To scientifically evaluate and compare the quality of different quantizer designs, engineers rely on a fundamental
performance metric known as the Signal-to-Quantization Noise Ratio (SQNR). Much like a standard Signal-to-Noise
ratio, SQNR represents the ratio of the desired signal power to the unwanted quantization noise power. In digital
communications and audio engineering, SQNR is universally expressed on a logarithmic scale in decibels (dB).

For a standard sinusoidal input signal that spans the full dynamic range of a uniform n-bit quantizer, the theoretical
maximum SQNR can be tightly approximated by a widely cited engineering rule of thumb, often referred to as the
“6 dB rule”:

SQNR (in dB) ~ 1.76 + 6.02n

This straightforward linear equation reveals one of the most fundamental principles in digital signal processing;:
Every single additional bit added to the resolution of a quantizer increases the Signal-to-Quantization
Noise Ratio by approximately 6 decibels.

Resolution (n) Quantization Levels (L) Approximate SQNR (dB)
4 bits 16 ~ 25.8 dB
8 bits (Traditional Telephony) 256 ~49.9 dB
12 bits (Basic Instrumentation) 4,096 ~ 74.0 dB
16 bits (Commercial Audio CD) 65,536 ~98.1 dB
24 bits (Professional Studio Audio) 16,777,216 ~ 146.2 dB

Table 12: Relationship between bit depth, quantization levels, and resulting SQNR.

As tangibly demonstrated in the table above, a standard commercial Audio CD utilizing a 16-bit quantization
depth commands a massive theoretical dynamic range of over 98 dB. This pushes the inherent quantization noise floor
so low that it becomes practically imperceptible to the human auditory system. However, this reveals a prominent
engineering trade-off: relentlessly increasing the bit depth (n) drastically multiplies the number of discrete levels, which
in turn drastically increases the raw volume of digital data that must be rapidly processed, stored on physical media,
or transmitted across communication networks.

0.35.5 Step-by-Step Summary of the Quantization Workflow

To entirely solidify the mechanics of quantization, let us trace the step-by-step journey of a single, isolated data point
as it passes through the quantization phase of an analog-to-digital converter:

1. Continuous Input Capture: An analog signal is frozen by a sample-and-hold circuit at a specific microscopic
instant in time, yielding a highly precise, continuous voltage value, for instance, 3.141592... V.

2. Level Evaluation: The internal quantizer circuitry simultaneously evaluates this raw voltage against its
predefined geometric grid of allowed steps. Assume the system has established steps at exactly 3.0 V, 3.1 V,
3.2 V, and so forth (implying a step size A = 0.1 V).

3. Rounding Logic Execution: The quantizer executes a mathematical comparison, determining that the captured
value of 3.141592... V sits structurally closer to the 3.1 V step than it does to the 3.2 V step.

4. Discrete Value Assignment: The system irrevocably assigns the sample the fixed discrete value of 3.1 V. The
permanent quantization error permanently embedded in this sample is exactly 3.141592... — 3.1 = 0.041592... V.

5. Binary Encoding: Finally, this normalized level (3.1 V) is passed to the encoder, where it is mapped to a
specific binary sequence (e.g., the 8-bit word 10110101) so it can be reliably stored in memory or transmitted
across a digital channel.

A comprehensive understanding of quantization remains fundamentally critical for any engineering student navigating
the modern digital landscape. It highlights the unavoidable physical limitations and inherent mathematical compromises
involved in tearing continuous reality apart and rebuilding it into a finite, discrete, and transmissible digital format.

:L‘S(n)—{ Quantizer }—»xq(n)

Figure 64: Quantizer staircase function block
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Figure 65: Staircase over Smooth Curve

0.36 Classification of quantization

0.37 Classification of Quantization

In digital communication systems, quantization is the critical bridge between the continuous analog world and the
discrete digital domain. Once a signal is sampled in time, its amplitude must also be discretized to enable processing,
transmission, and storage by digital hardware. However, not all signals have the same characteristics. For instance,
human speech consists largely of low-amplitude sounds interspersed with occasional high-amplitude peaks, while a
simple temperature sensor might output a steadily varying voltage. Because of these varying requirements, a "one size
fits all" approach to quantization is inefficient. Consequently, quantization techniques are classified based on how they
assign discrete levels to the continuous input signal.

The primary classification is based on the step size (the voltage difference between adjacent quantization levels)
and whether it remains constant or changes. Furthermore, quantization can be classified based on whether it adapts
over time, or whether it processes one sample at a time versus a block of samples.

In this section, we will thoroughly explore the major classifications of quantization: Uniform, Non-Uniform, Adaptive,
and the distinction between Scalar and Vector quantization.

0.37.1 Uniform Quantization

Uniform quantization is the most straightforward and intuitive form of quantization.

Box[Uniform Quantization] Uniform quantization is a method where the input dynamic range is divided into a set

of equally spaced intervals. The step size, denoted by A, is strictly constant across the entire amplitude range of
the signal.

If an analog signal has a maximum amplitude of V4, and a minimum amplitude of V,;,, and we wish to represent
it using an n-bit binary word, the number of available quantization levels is L = 2™. The constant step size is

mathematically defined as:
Vmaa; - Vmin

L
Because the step size is uniform everywhere, an input signal that falls anywhere within a specific interval of width A is
rounded off (or truncated) to the center value of that interval.

Calculating Uniform Step Size

Suppose an environmental sensor outputs a voltage ranging from —5V to +5V, and an Analog-to-Digital Converter
(ADC) uses an 8-bit uniform quantizer.

A =

o Total range: Vinae — Vinin = 5V — (=5V) = 10V
o Number of levels: L = 28 = 256
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e Step size (A): ¥ ~ 0.039V or 39mV

This means any change in the input signal smaller than 39 mV might not be detected, as it will likely fall into the
same quantization bin.

Uniform quantizers are further divided into two specific types based on how they handle the zero-voltage origin:

1. Mid-Tread Quantizer: In this configuration, the origin (zero volts) lies exactly in the middle of a quantization
step (the "tread" of the staircase). This means that a continuous input of exactly zero volts is mapped directly to
a digital output of zero. This is highly advantageous in communication systems because during periods of silence
(zero input), the output is purely zero, preventing low-level background noise from toggling the output between
two non-zero states.

2. Mid-Riser Quantizer: Here, the origin lies precisely at the vertical transition (the "riser") between two
quantization levels. There is no actual output level corresponding to zero volts. Even a tiny noise voltage near
zero will cause the output to toggle between the positive step +A/2 and the negative step —A/2.

The transfer characteristics of both types are illustrated in Figure 66.

Output (z4) Output (z4)
24 — 3
| 3A -
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(a) Mid-Tread Quantizer (b) Mid-Riser Quantizer

Figure 66: Transfer Characteristics of Uniform Quantizers: Mid-Tread and Mid-Riser

Limitation of Uniform Quantization

Uniform quantization applies the same step size to all signals. For high-amplitude signals, the quantization error
is relatively small compared to the signal itself, yielding a good Signal-to-Quantization-Noise Ratio (SQNR).
However, for low-amplitude signals, the quantization noise is relatively massive, resulting in a very poor SQNR.
This makes uniform quantization highly inefficient for signals like speech, where low-level sounds dominate.

0.37.2 Non-Uniform Quantization

To overcome the fatal flaw of uniform quantization for dynamic signals (like human voice), engineers developed
Non-Uniform Quantization.

Box[Non-Uniform Quantization] A quantization scheme where the step size varies across the amplitude range of

the signal. The step sizes are closely spaced (smaller A) for low-amplitude signals and widely spaced (larger A)
for high-amplitude signals.

The philosophy behind this is derived from a real-world analogy: If you are carrying a 100kg weight, adding an extra
1kg is barely noticeable (high amplitude, low precision required). However, if you are carrying a 2kg weight, adding an
extra 1kg represents a massive change (low amplitude, high precision required). By dedicating more quantization levels



https://milav.in

to weaker signals, non-uniform quantization ensures that the ratio of the signal power to the quantization noise power
(SQNR) remains relatively constant regardless of how loud or quiet the input signal is.

Concept Companding: Instead of building a complex quantizer with varying step sizes in hardware, practical
systems use a technique called Companding (Compressing + Expanding).

o Compressor (at Transmitter): The analog signal is passed through a logarithmic amplifier that boosts
weak signals and attenuates strong signals.

e Uniform Quantization: The compressed signal is then fed into a standard, simple uniform quantizer.

o Expander (at Receiver): The digital data is converted back to analog and passed through an inverse
logarithmic amplifier to restore the original dynamic range.

Two international companding standards heavily utilize non-uniform quantization principles for digital telephony:

o p-law (Mu-law): Primarily used in North America and Japan, providing a specific logarithmic compression
curve characterized by the parameter p (typically u = 255).

e A-law: Primarily used in Europe and the rest of the world, offering slightly better performance for very low
signal levels, characterized by the parameter A (typically A = 87.6).

0.37.3 Adaptive Quantization

While non-uniform quantization handles the wide dynamic range of a signal well, it is still a static system—the
logarithmic curve never changes. But what happens if an entire conversation shifts from a whisper to a shouting match
over several minutes?

Adaptive Quantization solves this by actively changing the step size A based on the statistical properties (like
variance or average power) of the incoming signal over time.

o Forward Adaptive Quantization: The system buffers a block of incoming analog samples, analyzes their
peak amplitude, determines the optimal step size for that specific block, and transmits this step size as "side
information" to the receiver along with the quantized data.

« Backward Adaptive Quantization: The system continuously estimates the optimal step size by looking at
the past output levels of the quantizer. If recent outputs are consistently hitting the maximum levels, the system
assumes the signal is getting louder and increases A. If recent outputs are hovering near zero, it decreases A.
This method requires no extra side information to be transmitted.

0.37.4 Scalar vs. Vector Quantization

The final dimension of classification lies in how the samples are grouped before quantization:

1. Scalar Quantization: This is the traditional approach. Every individual analog sample is processed and
quantized independently of its neighbors. Uniform, Non-Uniform, and basic Adaptive quantization are all
fundamentally scalar techniques. It is simple and requires almost zero processing delay.

2. Vector Quantization (VQ): Instead of processing one sample at a time, Vector Quantization groups N
consecutive samples into a "vector" or a block. It then compares this vector against a predefined dictionary
or "codebook" of reference vectors, and transmits the index of the best-matching reference vector. Because
consecutive samples (especially in audio and video) are highly correlated, VQ can achieve dramatically higher data
compression ratios than scalar quantization, albeit at the cost of significantly higher computational complexity
and processing delay.

0.37.5 Summary Comparison

To synthesize the differences between the two most fundamental types of quantization, Table 13 highlights their key
contrasts.
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Feature Uniform Quantization Non-Uniform Quantization

Step Size (A) Remains strictly constant across the entire Variable; smaller for weak signals, larger for
amplitude range. strong signals.

Quantization Constant noise power. Dominates weak Proportional to the signal amplitude. Less

Noise signals. noise for weak signals.

SQNR Highly dependent on signal level (poor for Remains roughly constant across a wide
weak signals). dynamic range.

Complexity Very simple to implement directly in More complex, typically implemented via a
hardware. companding process.

Primary Uncompressed Audio (PCM WAV), Image Telephony (Speech), Digital Voice

Applications Processing, General ADCs. Communications, cellular networks.

Table 13: Comparison between Uniform and Non-Uniform Quantization

Understanding the classification of quantization techniques enables engineers to tailor digital communication systems
to specific types of data. By selecting the correct quantizer, one can minimize bandwidth, maximize the perceived
quality of the signal, and effectively manage the limitations of quantization noise.

Compressor H Uniform Q ‘

Figure 67: Uniform vs non-uniform quantizer block
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Figure 68: Uneven Grid Lines Tunnel

0.38 Pulse Modulation techniques
0.39 Pulse Modulation Techniques: PAM, PWM, and PPM

In traditional continuous-wave modulation systems (such as Amplitude Modulation and Frequency Modulation), a
continuous high-frequency sinusoidal wave acts as the carrier. In contrast, Pulse Modulation employs a discrete,
periodic train of pulses as the carrier signal. Rather than varying a continuous sinusoid, one of the physical characteristics
of the pulse train is altered in direct proportion to the instantaneous amplitude of the baseband modulating signal (the
message).

Pulse modulation is broadly categorized into two families: analog pulse modulation and digital pulse modulation.
Digital techniques, such as Pulse Code Modulation (PCM) and Delta Modulation, involve quantizing the signal and
encoding it into binary form. On the other hand, analog pulse modulation conveys information by varying a parameter
of the pulses continuously without quantization. The three fundamental analog pulse modulation techniques are
Pulse Amplitude Modulation (PAM), Pulse Width Modulation (PWM), and Pulse Position Modulation
(PPM).
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Concept In all analog pulse modulation schemes, the continuous-time message signal is first transformed into a
discrete-time format through the process of sampling. The Nyquist-Shannon Sampling Theorem dictates that the
sampling frequency (fs) must be at least twice the highest frequency component of the message signal (f,,) to
ensure that the original signal can be perfectly reconstructed without aliasing. Mathematically, this is expressed

as fS Z 2fm‘

0.39.1 Pulse Amplitude Modulation (PAM)

Box[Pulse Amplitude Modulation (PAM)] Pulse Amplitude Modulation (PAM) is a modulation technique in which

the amplitude of each carrier pulse is varied in direct proportion to the instantaneous amplitude of the modulating
message signal, while the width and the position of the pulses remain constant.

In a PAM system, the modulating signal is essentially multiplied by a periodic pulse train. The resulting waveform
consists of discrete pulses that "ride" the envelope of the original continuous message signal. There are two primary
architectural types of PAM:

1. Natural PAM: The top of the modulated pulse follows the exact contour of the modulating signal during the
pulse duration. This is achieved using an analog switch that directly passes the message signal during the "on"
time of the carrier pulse.

2. Flat-top PAM: The amplitude of the pulse is instantly sampled and held constant for the entire duration of the
pulse. This is achieved using a sample-and-hold (S&H) circuit, containing a switch and a capacitor. Flat-top PAM
is overwhelmingly preferred in practical communication systems because flat pulses are far simpler to process,
digitize, and reconstruct.

PAM in Legacy Telephony Networks

Historically, PAM was heavily utilized in early Time-Division Multiplexing (TDM) telephony systems. By
interleaving the PAM pulses of multiple separate voice channels into the empty time slots between pulses, several
conversations could be transmitted over a single physical wire. However, because analog PAM is extremely
susceptible to degradation, it was eventually replaced by its robust digital successor, Pulse Code Modulation
(PCM).

While PAM is exceptionally simple to generate and demodulate—often requiring just a precise Low-Pass Filter (LPF)
to recover the baseband signal—its major drawback lies in its vulnerability to noise. Since the encoded information
exclusively resides in the amplitude of the pulses, any additive channel noise directly distorts the transmitted signal and
lowers the Signal-to-Noise Ratio (SNR). Furthermore, because the pulse amplitude fluctuates rapidly, the transmitted
power also varies continuously, rendering PAM highly inefficient for direct radio-frequency transmission.

0.39.2 Pulse Width Modulation (PWM)

Box[Pulse Width Modulation (PWM)] Pulse Width Modulation (PWM), frequently referred to as Pulse Duration

Modulation (PDM), is a technique where the width (or duration) of the carrier pulses varies in accordance with
the instantaneous amplitude of the modulating signal, while the amplitude and the center-position of the pulses
remain completely constant.

In a PWM waveform, as the amplitude of the message signal increases (becomes more positive), the corresponding
pulse becomes proportionally wider. Conversely, as the message signal amplitude decreases (becomes more negative),
the pulse becomes narrower. This variation can occur symmetrically around the center of the pulse, or a specific edge
(either the leading or trailing edge) can be actively shifted while the opposite edge remains rigidly fixed in time.

To generate a PWM signal, the baseband message signal is typically fed into one input of an analog comparator, while
a high-frequency sawtooth or triangular wave (acting as the carrier) is fed into the other input. The comparator outputs
a high state whenever the message signal exceeds the sawtooth wave, resulting in a pulse whose width dynamically
tracks the message amplitude.
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Transmitted Power Variations in PWM

Although the amplitude of a PWM signal is completely uniform, the width of the pulses constantly varies. This
means that the mathematical area under each pulse changes from one cycle to the next. Consequently, the average
transmitted power in a PWM communication system is not constant. Wider pulses consume significantly more
transmission power than narrower pulses.

PWM overcomes the most critical limitation of PAM: noise susceptibility. Since the valuable information is stored
entirely in the temporal width of the pulse rather than its vertical amplitude, amplitude noise picked up during
transmission can be completely eradicated. This is done by passing the received signal through an amplitude limiter or
clipper circuit that simply slices off the noisy tops of the pulses before demodulation.

Beyond traditional communication systems, PWM is an enormously popular technique in modern power electronics
and motor control. By systematically varying the duty cycle of a high-power switching signal, the average voltage
delivered to a resistive or inductive load can be precisely controlled with minimal thermal power loss.

0.39.3 Pulse Position Modulation (PPM)

Box[Pulse Position Modulation (PPM)] Pulse Position Modulation (PPM) is a technique in which the exact

temporal position (timing) of each carrier pulse is shifted relative to its unmodulated reference time slot in
proportion to the instantaneous amplitude of the modulating signal. The amplitude and width of all pulses remain
strictly constant.

In PPM, if the message signal is at a zero-voltage reference, the pulse occurs exactly at its nominal time slot. If
the message amplitude is positive, the pulse is shifted forward in time (delayed); if negative, it is shifted backward
(advanced). The shift is strictly bounded to prevent adjacent pulses from overlapping and causing inter-symbol
interference.

The most common method for generating a PPM signal relies directly on a pre-existing PWM signal. The trailing
edge of a PWM pulse is used to trigger a monostable multivibrator (also known as a one-shot timer) that subsequently
generates a brief, fixed-width output pulse. Because the trailing edge of the PWM pulse moves back and forth according
to the message signal’s amplitude, the newly generated fixed-width pulse will also dynamically change its position,
perfectly creating a PPM waveform.

PPM offers several distinct advantages for long-range transmission. First, it completely inherits the high noise
immunity of PWM because the amplitude is constant and can be cleanly clipped. Second, unlike both PAM and
PWM, absolutely every single PPM pulse has the exact same amplitude and the exact same width. This phenomenal
characteristic guarantees that the transmitted power remains perfectly constant at all times, making PPM highly
energy-efficient for radio frequency (RF) transmitters and laser diodes.

However, PPM is undeniably the most complex of the three analog pulse modulation techniques. At the receiver side,
a highly stable, phase-locked reference clock must be perfectly synchronized with the original transmitter to accurately
measure the minute time-shifts of the incoming pulses. If this delicate synchronization is lost, the demodulation process
fails entirely. Because of its superb power efficiency and noise immunity, PPM is heavily utilized in mission-critical
systems such as deep-space satellite telemetry, optical fiber communications, and radio-control (RC) aviation systems.

0.39.4 Waveform Representations

The following figure comprehensively illustrates the comparative time-domain waveforms for PAM, PWM, and PPM
against a common sinusoidal modulating signal. Notice specifically how each distinct technique intelligently encodes
the sine wave’s amplitude variations into a different pulse parameter.
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Figure 69: Detailed waveform comparisons for PAM, PWM, and PPM based on a common sinusoidal message signal.

0.39.5 Summary Comparison

To logically synthesize the fundamental differences between the three analog pulse modulation methods, the compre-
hensive table below highlights their core operational properties, electrical characteristics, and practical implementation
constraints.
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Parameter

Pulse Amplitude
Modulation (PAM)

Pulse Width
Modulation (PWM)

Pulse Position
Modulation (PPM)

Varying Characteristic

Amplitude of the carrier
pulse

Width (duration) of the

carrier pulse

Timing position of the
carrier pulse

Constant Characteristics

Width and Position

Amplitude and Position

Amplitude and Width

Transmitted Power

Variable (depends on
pulse amplitude)

Variable (depends on
pulse width)

Constant (all pulses are
identical in size)

Noise Immunity

Very Low (noise directly
affects amplitude)

High (amplitude limiters
remove noise)

Very High (amplitude
limiters remove noise)

Bandwidth Requirement

Low (proportional to
fixed pulse width)

High (varies with
changing width)

High (requires wide
bandwidth for sharp
pulses)

Synchronization

Not strictly required at
the receiver

Not strictly required at
the receiver

Absolutely critical for
position decoding

Implementation Complexity

Simple (easy generation
and detection)

Moderate

Complex (requires strict
timing logic)

Primary Applications

Intermediate step for
PCM digitization

Motor speed control,
LED dimming, Class D
audio

Deep-space telemetry,
optical communications

Table 14: Comprehensive Comparison of Analog Pulse Modulation Techniques

In conclusion, the careful selection of an analog pulse modulation technique involves critical engineering trade-offs.

PAM offers extraordinary simplicity but rapidly fails in electrically noisy environments. PWM provides excellent noise
resistance and versatile power-control capabilities but suffers from transmission power variability. Finally, PPM delivers
pristine constant-power transmission and high communication fidelity, but entirely at the cost of demanding strict

clock synchronization and utilizing highly complex hardware circuitry.

PAM | | PWM | | PPM

Figure 70: PAM, PWM, PPM block comparison

AT Image Placeholder: Glowing pulses of different widths and posit
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0.40 PCM transmitter and receiver

0.41 Pulse Code Modulation (PCM)

In the modern era of communication, digital signals have become the standard for transmitting information, ranging
from simple voice calls to high-definition video streaming. One of the most fundamental and widely used techniques
for converting continuous-time analog signals into digital discrete-time signals is Pulse Code Modulation (PCM).
Developed originally in the late 1930s by Alec Reeves, PCM forms the backbone of digital audio and telecommunication
networks today.

Box[Pulse Code Modulation (PCM)] Pulse Code Modulation (PCM) is a method used to digitally represent

sampled analog signals. It involves three primary mathematical operations: sampling the analog signal at uniform
intervals, quantizing the sampled amplitude into a discrete set of values, and encoding these discrete values into a
sequence of binary digits (bits).

The transformation of a fragile analog signal into a robust digital bitstream offers unparalleled advantages, including
immunity to noise, the ability to use error-correcting codes, and seamless multiplexing of various data types. To
understand how this transformation occurs, we must delve into the architecture of the PCM communication system,
which consists of a transmitter, a communication channel (often with regenerative repeaters), and a receiver.

0.41.1 PCM Transmitter

The PCM transmitter is responsible for capturing the real-world analog signal and converting it into a standard binary
format suitable for transmission. This process ensures that all essential characteristics of the original message are
preserved while discarding unnecessary frequencies that could cause interference. The transmitter comprises four main
functional blocks: the Low Pass Filter (Anti-aliasing filter), the Sampler, the Quantizer, and the Encoder.

Analog Signal z@jlterBandlin iteg A Quantized POM Output
ampler Quantizer Encoder
al Signal Signal

aliasing)

Figure 72: Block Diagram of a PCM Transmitter

Low Pass Filter (Anti-Aliasing Filter)

Before an analog signal can be safely digitized, its bandwidth must be strictly confined. Real-world signals often contain
high-frequency noise or unwanted harmonic components that extend beyond the frequency range of interest. If these
high frequencies are allowed to pass into the sampler, they will fold back into the useful frequency band, creating severe
distortion known as aliasing.

To prevent this, the analog input signal z(t) is first passed through an analog Low Pass Filter (LPF). This filter acts
as an anti-aliasing guard, sharply cutting off all frequencies above the maximum message frequency f,,. By limiting the
signal’s bandwidth, the LPF ensures that the subsequent sampling process perfectly adheres to the Nyquist criterion.

The Danger of Aliasing

Aliasing occurs when a signal is sampled at a rate lower than twice its highest frequency component. The
high-frequency components disguise themselves as lower frequencies in the sampled signal, permanently corrupting
the information. Once aliasing happens, it is mathematically impossible to separate the original signal from the
alias distortion at the receiver using normal filtering.

Sampler

The bandlimited analog signal then enters the Sampler. The sampler measures the instantaneous amplitude of the
continuous signal at strictly uniform time intervals, Ty, known as the sampling period. The output of the sampler is a
discrete-time, continuous-amplitude signal called a Pulse Amplitude Modulation (PAM) signal.

For the receiver to be able to perfectly reconstruct the original signal, the sampling rate fs = 1/Ts must satisfy the
Nyquist-Shannon Sampling Theorem.
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Key Concept

Concept Nyquist-Shannon Sampling Theorem: A bandlimited continuous-time signal can be perfectly
reconstructed from its discrete samples if the sampling frequency fs is strictly greater than or equal to twice the
maximum frequency f,, present in the signal.

fs 2 2fm

The minimum required sampling rate (2f,,) is known as the Nyquist Rate.

Quantizer

While the sampled PAM signal is discrete in time, its amplitude can still take on infinite possible values. Digital systems,
however, can only process a finite number of states. The Quantizer bridges this gap by mapping each continuous sample
amplitude to the nearest value from a predetermined set of discrete levels.

The range of the input signal is divided into L discrete levels, separated by a constant step size A (in uniform
quantization). When a sample arrives, the quantizer evaluates its amplitude and assigns it the value of the closest
quantization level. Because the true amplitude is rounded off to a discrete level, a small error is always introduced. This
difference between the original sample and the quantized value is known as Quantization Error or Quantization
Noise.

To minimize this error, engineers can increase the number of quantization levels L, which makes the step size A
smaller. However, as we will explore in bandwidth requirements, this directly increases the number of bits needed and
the bandwidth required for transmission.

Encoder

The final stage of the PCM transmitter is the Encoder. The quantizer outputs a sequence of discrete voltage levels.
The encoder assigns a unique binary code (a sequence of 1s and 0s) to each of the L quantization levels.
If there are L quantization levels, the encoder will require n bits per sample, calculated as:

L=2"

For instance, if a signal is quantized into 256 discrete levels, each level can be uniquely represented by an 8-bit binary
word (2% = 256). The encoder outputs these bits sequentially, creating the final PCM digital bitstream.

Compact Disc (CD) Audio PCM

The standard format for audio CDs is a prime example of PCM in everyday technology. Human hearing extends
up to about 20 kHz. To satisfy the Nyquist theorem and allow for a non-ideal anti-aliasing filter, CD audio is
sampled at f; = 44.1 kHz. The system uses 16-bit encoding, meaning the audio amplitude is quantized into
216 — 65,536 discrete levels. This high number of levels ensures that quantization noise is virtually imperceptible
to the human ear. The resulting bit rate for a single channel is 44,100 x 16 = 705,600 bits per second (bps).

\. J

0.41.2 The Transmission Channel and Regenerative Repeaters

As the PCM bitstream travels through a communication channel (such as a copper wire or fiber optic cable), it
inevitably suffers from attenuation, dispersion, and additive noise. If the transmission distance is long, the sharp,
square pulses of the PCM signal become distorted and smeared.

To combat this, Regenerative Repeaters are placed at regular intervals along the transmission path. Unlike
traditional analog amplifiers that amplify both the signal and the accumulated noise, a regenerative repeater completely
reconstructs the signal from scratch. It performs equalization to reshape the distorted pulses, extracts timing information
to know exactly when to sample, and makes a strict decision on whether the incoming distorted pulse represents a ’1’
or a '0’. It then transmits a brand new, perfectly clean pulse. Because noise is stripped away at each repeater before it
can cause a bit error, PCM systems can transmit data over vast distances with essentially zero loss of quality.

0.41.3 PCM Receiver

At the destination, the primary objective of the PCM receiver is to perform the exact inverse operations of the
transmitter, translating the binary bitstream back into a continuous analog waveform. The receiver fundamentally
consists of a Decoder and a Reconstruction Filter.
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Figure 73: Block Diagram of a PCM Receiver

Decoder (Digital-to-Analog Converter)

The received binary data enters the Decoder, which essentially acts as a Digital-to-Analog Converter (DAC). The
decoder groups the incoming bits into n-bit words (e.g., 8 bits at a time) and translates each word back into its
corresponding quantized voltage level.

The output of the decoder is a staircase-like discrete-time signal. It closely resembles the quantized PAM signal
generated in the transmitter just before encoding. However, it is impossible to perfectly reconstruct the very original
unquantized signal because the quantization error introduced at the transmitter is mathematically irreversible.

Reconstruction Filter (Low Pass Filter)

The staircase PAM signal produced by the decoder contains the desired baseband analog signal, but it is accompanied
by high-frequency spectral images and sudden voltage jumps caused by the step-like transitions.

To recover a smooth, continuous analog waveform, this staircase signal is passed through a Reconstruction
Filter. This is another analog Low Pass Filter with a cutoff frequency identical to the maximum message frequency
fm- The filter smooths out the abrupt steps and perfectly interpolates between the discrete voltage levels, suppressing
all high-frequency images. The final output #(t) is a smooth analog waveform that is practically indistinguishable from
the original input signal, differing only by the subtle presence of quantization noise.

0.41.4 Bandwidth Requirement of PCM

Understanding the bandwidth required for PCM transmission is crucial for designing digital communication links. Let
the highest frequency component of the analog message signal be f,,. According to the Nyquist theorem, the minimum
sampling frequency is fs = 2f,,.

If each sample is encoded using n bits, the total number of bits transmitted per second (the bit rate, Rp) is given by:

Rb:nxfs

In a baseband transmission system, the minimum theoretical transmission bandwidth (BW,,:y,) required to transmit
a bit rate of Ry, is half the bit rate (according to Nyquist’s pulse transmission criterion for zero Intersymbol Interference).

Ry, mnXxfs

B min — 5 —
W, 2 2

If we sample exactly at the minimum Nyquist rate (fs = 2f,,), the bandwidth becomes:

nx 2fm

=nX fm

This equation clearly illustrates why PCM consumes significant bandwidth. The required bandwidth is at least n
times larger than the bandwidth of the original analog signal (f,,). For example, in a standard telephone system, a
voice signal (f,, ~ 4 kHz) is sampled at 8 kHz and quantized with 8 bits per sample.

» Bit Rate Rj = 8 bits/sample x 8000 samples/sec = 64 kbps.
e Minimum Bandwidth BW,,;, = % = 32 kHz.

Thus, a 4 kHz voice signal requires at least 32 kHz of baseband channel bandwidth when transmitted using standard
PCM.
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Parameter

Description / Formula

Sampling Rate (fs)

The frequency at which the analog signal is sampled. Must satisfy
fs = 2fm.

Quantization Levels (L)

The number of discrete amplitude levels. L = 2.

Bit Resolution (n)

Number of bits used to represent one sample. n = log,(L).

Step Size (A)

The voltage difference between adjacent quantization levels. A =
Vmaz_vmin
T .

Bit Rate (Rp)

The transmission speed in bits per second. Ry = n X fs.

Minimum Bandwidth (BW)

Theoretical minimum baseband channel bandwidth. BW > %.

Table 15: Summary of Key PCM Parameters and Formulas

0.41.5 Merits and Demerits of PCM

While PCM is the cornerstone of digital communication, it requires a careful engineering trade-off between signal

quality and system resources.
Advantages of PCM:

e High Noise Immunity: Since the information is carried in binary form, the receiver only needs to detect the
presence or absence of a pulse (1 or 0), not its precise amplitude. This makes PCM highly resistant to channel

noise and interference.

« Robust Long-Distance Transmission: Signal quality does not degrade progressively over long distances
because regenerative repeaters reconstruct a clean signal at intermediate points.

o Uniform Format and Multiplexing: Different types of data (voice, video, telemetry) can all be converted to
standard PCM streams, allowing them to be easily mixed using Time Division Multiplexing (TDM) and routed

over the same digital network.

e Secure Communication: PCM data can easily be digitally encrypted and error-correction codes can be applied
to ensure secure and highly reliable communication.

Disadvantages of PCM:

« High Bandwidth Requirement: As derived earlier, a major drawback of PCM is that it requires a significantly
larger transmission bandwidth compared to analog transmission techniques like AM or FM.

e System Complexity: The hardware implementation of anti-aliasing filters, highly accurate samplers, rapid
A /D converters, and precise clock synchronization circuits makes PCM systems substantially more complex than

traditional analog circuits.

e Quantization Noise: The fundamental process of rounding continuous amplitudes to discrete levels introduces
a permanent, albeit small, noise component that cannot be entirely removed.

Sampler H Quantizer }»

Figure 74: PCM Tx block diagram
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AT Image Placeholder: Binary code streams converting into analog waves

Figure 75: Binary Code to Analog Wave

0.42 Features of PCM

0.42.1 Advantage, Disadvantage and Application of PCM

Pulse Code Modulation (PCM) is the foundational technique used to digitally represent sampled analog signals. It
forms the backbone of modern digital communication systems. Before we delve into its specific characteristics, it is
essential to understand that the transition from analog to digital communication via PCM brought about a paradigm
shift in how information is transmitted, stored, and processed. This section provides a comprehensive analysis of the
advantages that make PCM ubiquitous, the disadvantages that engineers must mitigate, and the wide array of practical
applications where PCM is deployed.

Concept The defining characteristic of PCM is its ability to convert continuous analog signals into discrete digital
bitstreams. This fundamental shift provides immense resilience against channel noise and allows for seamless
integration with computer networks and digital storage systems.

Advantages of Pulse Code Modulation (PCM)

The widespread adoption of PCM in telecommunications and audio engineering is largely due to its numerous technical
benefits over traditional analog modulation techniques (such as Amplitude Modulation or Frequency Modulation). The
shift to digital communication using PCM has revolutionized the industry due to the following primary advantages:

1. High Immunity to Channel Noise and Interference: In analog communication, any noise added to the
signal during transmission cannot be easily separated from the original signal because the signal itself is continuous.
However, in PCM, the transmitted signal consists of discrete pulses (typically representing binary 1s and 0s).
The receiver does not need to perfectly reconstruct the exact shape of the incoming pulse; it merely needs to
determine whether a pulse is present (a logic ’1’) or absent (a logic ’0’) at a given time. By setting an appropriate
voltage threshold at the receiver, most channel noise, cross-talk, and signal distortion can be completely ignored.
This makes PCM highly robust in noisy environments.

2. Signal Regeneration Using Repeaters: Over long distances, signals attenuate (weaken) and accumulate
noise. In analog systems, amplifiers are used to boost the signal, but they indiscriminately amplify both the
signal and the accumulated noise. Over multiple stages of amplification, the noise can eventually drown out
the signal. PCM systems solve this by using regenerative repeaters instead of analog amplifiers. A regenerative
repeater detects the weakened and noisy digital pulses, extracts the binary information, and generates entirely
new, clean pulses to send further down the line. This prevents noise accumulation, allowing digital signals to be
transmitted over virtually infinite distances without degradation.
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The Power of Regenerative Repeaters

Consider a transoceanic submarine cable transmitting telephone calls. If an analog signal were sent, it would
require hundreds of amplifiers, each adding a small amount of static noise, resulting in a poor-quality call.
With PCM, digital repeaters placed every few kilometers simply recreate the 1s and Os exactly as they
originated, ensuring crystal-clear voice quality across thousands of miles.

3. Efficient Multiplexing via Time Division Multiplexing (TDM): PCM signals are naturally suited for
Time Division Multiplexing (TDM). Because the analog signal is represented as short bursts of digital data, the
idle time between these bursts can be used to transmit data from other independent sources. This allows multiple
PCM signals (e.g., hundreds of different phone calls) to share a single physical transmission medium, like a fiber
optic cable or a coaxial cable, efficiently. This maximizes bandwidth utilization and drastically reduces the cost
per channel.

4. Ease of Encryption and Security: Since the output of a PCM system is a standard digital bitstream, it is
straightforward to apply advanced cryptographic algorithms and digital scrambling techniques before transmission.
Digital encryption ensures that the data is secure from eavesdropping, which is crucial for military communications,
banking transactions, and private cellular networks. Encrypting an analog signal, by contrast, is much more
complex, less secure, and prone to introducing distortion.

5. Uniform Format for Different Signal Types: PCM allows various types of information—such as voice, video,
telemetry data, and computer files—to be converted into a common digital format. Once digitized into a stream
of 1s and Os, these disparate signals can be multiplexed together, transmitted, routed, and stored using the exact
same digital hardware and network infrastructure.

6. Digital Storage and Advanced Processing: PCM data can be effortlessly stored on digital media such as
hard drives, solid-state drives (SSDs), and optical discs without any loss of quality over time. Furthermore, the
digital format allows for the application of advanced Digital Signal Processing (DSP) techniques. Engineers can
easily apply error detection and correction codes (like Hamming codes or CRC), data compression algorithms,
and digital filtering to improve system reliability and efficiency.

Disadvantages of Pulse Code Modulation (PCM)

Despite its overwhelming benefits, PCM is not a perfect solution. It possesses certain drawbacks that engineers must
carefully consider and mitigate when designing communication systems.

1. High Bandwidth Requirement: The most significant disadvantage of PCM is the very large transmission
bandwidth it requires compared to the original analog signal. When an analog signal is sampled and quantized,
each sample is represented by n bits. Consequently, the bit rate of the PCM system is much higher than the
maximum frequency of the original signal, leading to a massive expansion in required bandwidth.

Bandwidth Expansion Problem

For example, a standard voice telephone signal has a maximum frequency bandwidth of about 4 kHz. In a
standard PCM telephone system, it is sampled at 8 kHz (to satisfy the Nyquist criterion), and each sample
is encoded using 8 bits. This results in a digital bit rate of 8 kHz x 8 bits/sample = 64 kbps. Transmitting
this 64 kbps digital signal requires significantly more channel bandwidth (typically around 32 kHz or more,
depending on the line coding used) than directly transmitting the original 4 kHz analog baseband signal.
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2. System Complexity: A complete PCM system is highly complex in its hardware implementation. The
transmitter requires an anti-aliasing low-pass filter, a precise sample-and-hold circuit, a complex analog-to-
digital converter (which includes quantization and encoding stages), and parallel-to-serial conversion circuitry.
The receiver is equally complex, requiring exact synchronization circuits, digital-to-analog converters, and
reconstruction low-pass filters. While modern Very Large Scale Integration (VLSI) technology has minimized the
physical size and cost of these components, the underlying architecture remains intricate.

3. Quantization Noise: During the quantization step of PCM, the continuous amplitude of the analog sample
is approximated to the nearest discrete predetermined quantization level. This rounding process introduces an
error known as quantization error or quantization noise. Unlike channel noise, which occurs during transmission
and can be ignored by regenerative repeaters, quantization noise is generated inherently during the encoding
process at the transmitter and cannot be entirely eliminated at the receiver. It can only be reduced by increasing
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the number of quantization levels, which in turn increases the number of bits per sample and exacerbates the
bandwidth problem.

4. Requirement for Exact Synchronization: In digital communications, synchronization between the transmitter
and receiver is absolutely critical. The receiver must know exactly when a bit starts and ends (bit synchronization),
and it must properly align the received bits into meaningful words or frames (frame synchronization). Loss of
synchronization can result in complete data corruption and loss of intelligence. Complex timing, clock recovery,
and phase-locked loop (PLL) circuits are essential in PCM systems to maintain this synchronization continuously.

Applications of Pulse Code Modulation (PCM)

Because of its robust nature, flexibility, and compatibility with modern digital electronics, PCM is utilized across a
vast spectrum of technologies. Below are some of the most prominent practical applications where PCM shines.

o Public Switched Telephone Network (PSTN): PCM is the international standard for digitizing voice in
modern telecommunications. The ITU-T G.711 standard defines how human voice is encoded into a 64 kbps
PCM stream using either p-law (in North America and Japan) or A-law (in Europe and elsewhere) companding.
This digital encoding is what allows millions of telephone calls to be efficiently routed through digital telephone
exchanges and transmitted over high-capacity long-distance optical fiber networks using TDM hierarchies like
SONET/SDH.

« Compact Disc (CD) Digital Audio: The standard format for audio CDs (often referred to as the Red Book
standard) relies entirely on uncompressed PCM. In this application, stereo audio signals are sampled at a rate
of 44.1 kHz, and each sample is linearly quantized using 16 bits per channel. This high sampling rate (which
covers the entire human hearing range up to 20 kHz) and precise quantization provide the high-fidelity sound
reproduction that made CDs a revolutionary audio format.

e Space and Satellite Communication: In space exploration and satellite communications, signals must travel
immense distances through space, subjecting them to severe attenuation and cosmic noise. The exceptional noise
immunity of PCM, combined with its ability to support advanced error-correcting codes, makes it the ideal choice
for transmitting telemetry data, high-resolution images, and critical control commands between spacecraft, rovers,
and Earth tracking stations.

« Digital Video and Audio Production: Professional audio recording studios, film scoring, and video production
environments use PCM to capture raw audio. Often, professional setups use even higher resolutions than CDs,
such as 24-bit/96 kHz or 192 kHz PCM. Because PCM is an uncompressed format, it preserves the absolute
highest possible quality for mixing, digital effects processing, editing, and mastering before the audio is eventually
compressed into consumer formats like MP3, AAC, or Dolby Digital.

e Telemetry and Data Acquisition Systems: In industrial automation, aviation, meteorology, and automotive
testing, sensors constantly measure physical variables such as temperature, pressure, speed, and vibration. These
continuous analog sensor readings are converted to digital format using PCM. Once in PCM format, the data can
be reliably transmitted to central monitoring computers or stored in data loggers safely and accurately, even over
electrically noisy industrial environments or radio channels.

lw]
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Figure 76: Basic Block Diagram of a PCM Transmitter emphasizing the transformation of the signal at each stage.
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Table 16: Summary of PCM Characteristics

Parameter Description

Primary Advantage Excellent noise immunity and the ability to perfectly regenerate signals using
repeaters without degrading quality.

Primary Disadvantage Requires significantly larger channel bandwidth compared to traditional analog
baseband or analog modulation transmission.

Key Use Cases Digital Telephony (PSTN), Audio CDs, high-fidelity audio production,

telemetry, and deep-space communications.

Inherent Error Mechanism Quantization noise, which is unavoidably introduced during the
analog-to-digital conversion process when continuous values are mapped to
discrete levels.

In conclusion, while Pulse Code Modulation demands high bandwidth and relies on intricate electronic circuitry, its
unparalleled resistance to noise, capacity for long-distance regenerative transmission without degradation, and inherent
compatibility with modern digital computer systems make it an indispensable technology. From making a simple phone
call, to listening to lossless high-fidelity music, to receiving critical scientific data from a distant space probe, PCM
remains the foundational cornerstone of the digital communication era.

Decoder H Recon LPF

Figure 77: PCM Rx block diagram

AT Image Placeholder: A digital decoder processing a 1s and 0Os stijeam

Figure 78: Digital Decoder Streams

0.43 Delta Modulation
0.44 Delta Modulation (DM)

Box[Delta Modulation] Delta Modulation (DM) is a simplified form of Differential Pulse Code Modulation (DPCM)
wherein the analog signal is highly oversampled, and the transmitted data consists of a continuous 1-bit stream
representing the difference between the current analog sample and the previously approximated value. Instead of
sending the absolute value of each sampled signal, Delta Modulation only transmits the polarity of the step-to-step
change.
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In standard Pulse Code Modulation (PCM), each sampled value of a continuous analog signal is quantized into
discrete levels and encoded into a multi-bit binary word (e.g., 8 or 16 bits per sample). This method, while highly
accurate and resilient, demands a substantial transmission bandwidth and sophisticated multi-bit Analog-to-Digital
Converters (ADCs). However, in many practical signals—such as human speech and natural audio—the amplitude
typically changes slowly from one sample to the next, provided the sampling frequency is substantially higher than the
Nyquist rate. Because of this oversampling, adjacent signal samples are highly correlated.
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Delta Modulation capitalizes on this inherent signal redundancy. Since the step-to-step variation is minimal, it
is highly efficient to transmit only the incremental change—or the “delta” (A)—between consecutive samples. By
utilizing a simple 1-bit quantizer, the system evaluates whether the current signal sample is higher or lower than the
previously accumulated estimate, converting the entire analog waveform into a binary stream of 1s and Os.

Concept The fundamental principle of Delta Modulation is to encode the derivative or slope of the analog signal
rather than its absolute amplitude. A logic '1’ indicates a positive slope (the signal is rising relative to the
estimate), while a logic ’0’ indicates a negative slope (the signal is falling relative to the estimate).

0.44.1 Block Diagram of Delta Modulation Transmitter

The transmitter of a Delta Modulation system is remarkably straightforward compared to traditional PCM architectures,
primarily because it entirely bypasses the need for an elaborate multi-bit ADC. The core components include a subtractor
(or comparator), a 1-bit quantizer, a digital encoder, and an integrator which acts in a feedback loop to generate the
signal estimation.

) N W) 1-Bit v(t)
(1) \EJ - Encoder — DM Output
Z(t) =)
Integrator
(Accumulator)

Figure 79: Block Diagram of a Delta Modulation Transmitter

Let us step through the functional flow of the transmitter to understand the signal generation process:

1. Input Signal z(¢): The continuous-time, band-limited analog signal is fed into the positive terminal of the
comparator.

2. Comparator (Subtractor): The comparator calculates the instantaneous error signal e(¢) by finding the
difference between the actual incoming signal z(t) and the locally generated staircase approximation signal Z(t)
arriving from the feedback loop. Mathematically, this is expressed as e(t) = z(t) — &(t).

3. 1-Bit Quantizer: The error signal e(t) is passed into a 1-bit quantizer, which essentially operates as a hard
limiter. If the error e(¢) > 0 (meaning the actual signal is higher than or equal to the approximated signal), the
quantizer outputs a positive voltage level +A. Conversely, if e(t) < 0, it outputs a negative voltage level —A.
Here, A represents the fixed predefined step size of the modulation system.

4. Encoder: The encoder simply translates these analog voltage levels into standardized digital logic bits. A +A
level is encoded as a binary ’1’, and a —A level is encoded as a binary ’0’. This continuous stream of single bits
forms the Delta Modulated output transmitted over the communication channel.

5. Integrator (Feedback Loop): To continuously track the signal, the quantized output v(¢) is fed back into an
integrator (or an accumulator in discrete implementations). The integrator accumulates the positive and negative
steps, continuously generating the staircase approximated signal Z(¢) that is used as a reference for the next
sample.

0.44.2 Block Diagram of Delta Modulation Receiver

The elegant simplicity of the Delta Modulation system is fully realized at the receiver end. The reconstruction process
does not require complicated digital-to-analog converters, parallel data buses, or synchronized word-framing circuits.

v(t) Integrator (1) Low Pass Analog
—
(Accumulator) Filter Output

DM Input —| Decoder

Figure 80: Block Diagram of a Delta Modulation Receiver
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The receiver performs the inverse operation of the transmitter to effectively recover the original analog signal:

1. Decoder: The incoming binary stream of 1s and Os is first converted back into bipolar impulses or standard
voltage levels (+A for logic 1, and —A for logic 0).

2. Integrator: These quantized voltage levels are fed into an integrator identical to the one used in the transmitter’s
feedback loop. The integrator adds up the sequence of steps over time, completely reconstructing the exact
staircase waveform #(¢) that was present at the transmitter.

3. Low Pass Filter (LPF): The staircase signal Z(¢) is an approximation of the original signal and inevitably
contains high-frequency switching noise (quantization noise) due to the abrupt, jagged steps. By passing this
staircase signal through a Low Pass Filter whose cut-off frequency is perfectly matched to the bandwidth of
the original baseband signal, the sharp edges are aggressively smoothed out. The output of the LPF is a clean,
recovered continuous analog signal.

0.44.3 Waveforms of Delta Modulation

To truly comprehend how Delta Modulation operates, one must observe how the dynamically generated staircase
approximation tracks the continuous input signal over time. The waveform graph below perfectly illustrates the
relationship between the analog input signal x(t), the generated staircase approximation #(t), and the resulting binary
pulse train.
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Figure 81: Waveforms showcasing the continuous analog signal z(¢) (blue), the step-by-step staircase approximation
Z(t) (red), and the transmitted digital output bits.

As shown in the waveform plot, the modulation operates on a strict timing interval known as the sampling period
Ts. At each sampling instant, the comparator looks at the analog signal z(t) and the current level of the staircase
signal Z(t).

Tracking an Analog Signal

Consider the rising edge of the sine wave in the diagram (intervals 0 through 4). Initially, x(¢) is greater than
Z(t), yielding a positive error. As a result, the quantizer outputs a logic ’1’, and the staircase signal steps UP by
an amount A. In the next sampling intervals, the sine wave continues to rise and remains greater than the new
staircase levels. The system generates continuous logic '1’s, stepping UP consecutively.

When the sine wave begins to peak and flatten (e.g., between sampling instances 5 and 7), the continuous signal
level plateaus. The staircase signal, forced to either step up or down, "hunts" around the true signal level. This
leads to an alternating 0 — 1 — 0 bit pattern as the staircase overshoots and undershoots the true signal. As the
sine wave starts its definitive negative descent (intervals 8 to 15), the error stays consistently negative, triggering
a steady stream of logic ’0’s and downward steps.
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0.44.4 Advantages of Delta Modulation

Delta Modulation provides several robust practical and operational benefits, particularly for voice communication
systems, telecommunications, and telemetry, where supreme high-fidelity audio is not strictly mandatory, but equipment
simplicity, low bit rates, and bandwidth constraints are highly prioritized.

e Single-Bit Encoding and No Framing Requirements: Unlike PCM, which must transmit complex multi-bit
words (e.g., 8 or 16 bits per sample), DM transmits only a solitary bit per sample. This drastically simplifies the
data formatting. There is absolutely no need for complex word-framing or word synchronization mechanisms
between the transmitter and receiver, avoiding overhead data.

« Extremely Simplified Hardware Architecture: The physical circuitry required for both the transmitter
and receiver is exceptionally rudimentary. A DM transmitter avoids complex analog-to-digital converters,
instead relying on a basic comparator and a 1-bit quantizer limit switch. At the receiver, a straightforward
analog integrator network and an active low pass filter are sufficient to accurately recover the original signal.
This guarantees significantly lower manufacturing costs, lightweight components, and highly reduced power
consumption.

e Lower Signaling Rate Requirement for Equivalent Voice Quality: Because each sample translates to
merely one bit, the overall signaling bit rate (and consequently, the required transmission channel bandwidth)
can be lower than that of PCM for equivalent signal-to-noise ratios in certain low-fidelity voice applications. The
transmission bit rate Ry is directly equal to the sampling frequency fs, Ry = fs X 1.

e Superior Robustness Against Channel Noise and Bit Errors: In standard PCM, if the Most Significant
Bit (MSB) of a transmitted data word is corrupted by noise, it causes a massive, highly audible voltage spike
at the receiver output. However, in Delta Modulation, all transmitted bits carry equal weight and significance.
A single bit error during transmission only causes the staircase signal to deviate by one single step size (A).
This remarkably minor deviation is easily suppressed and entirely smoothed out by the receiver’s low pass filter,
making DM inherently immune to severe burst noise in the channel.

Inherent Distortions in Delta Modulation

While Delta Modulation is structurally simple and efficient, it is mathematically constrained by its fixed step size,
leading to two specific types of distinct quantization errors:

1. Slope Overload Distortion: This severe distortion occurs when the analog signal changes so rapidly
(possesses a high rate of change or high slope) that the staircase signal—limited by its fixed step size
A—cannot keep pace. The staircase physically falls behind the input signal, resulting in a loss of amplitude
fidelity.

2. Granular Noise: This noise phenomenon happens when the input analog signal is relatively constant
(flat) or changes extremely slowly. The staircase signal cannot remain perfectly flat, so it continuously
hunts around the true signal level, stepping up and down (+A) in an alternating pattern. This produces an
irritating, audible background hiss known as granular noise.

These distortions introduce an unavoidable engineering trade-off: Selecting a larger step size A effectively reduces
slope overload but increases granular noise. Conversely, selecting a smaller A diminishes granular noise but
severely exacerbates slope overload distortion. Adaptive Delta Modulation (ADM) is often employed to overcome
this limitation by dynamically varying the step size.

Diff 1-bit Q

Akcc

Figure 82: Delta modulation block diagram
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ATl Image Placeholder: A staircase tracing a sine wave closely

Figure 83: Staircase Tracing Sine Wave

0.45 Disadvantage of DM

0.45.1 Disadvantages of Delta Modulation (DM): Slope Overload and Granular Noise

Delta Modulation (DM) is a highly efficient waveform coding technique that simplifies the complex hardware required
by Pulse Code Modulation (PCM) and Differential Pulse Code Modulation (DPCM). By transmitting only a single bit
per sample—indicating whether the current sample is larger or smaller than the previous one—DM achieves a very low
bandwidth requirement and requires significantly less complex circuitry. However, this simplicity comes at a cost. The
fundamental operating principle of Delta Modulation relies on a fixed step size (A) for approximating the analog input
signal into a staircase waveform. Because this step size is strictly constant and cannot adapt to the dynamic variations
of the input signal, the system is inherently prone to severe quantization errors under certain conditions.

These quantization errors manifest in two distinct, mutually conflicting forms: Slope Overload Distortion and
Granular Noise. Understanding these two disadvantages is critical for any communication engineer, as they dictate
the practical limits of Delta Modulation and motivate the development of more advanced systems like Adaptive Delta
Modulation (ADM).

Slope Overload Distortion

Box[Slope Overload Distortion] Slope Overload Distortion is a type of quantization error in Delta Modulation that

occurs when the analog input signal changes so rapidly that the staircase approximated signal, constrained by its
fixed step size, cannot keep up with the steep slope of the input.

In a Delta Modulation system, the approximated signal increases or decreases by a fixed amount, known as the
step size (A), at every sampling interval (7). Consequently, the maximum rate of change (or maximum slope) that
the staircase signal can achieve is limited by these two parameters. Specifically, the maximum slope of the staircase
approximator is the step size divided by the sampling period, which can be mathematically expressed as T%.

If the baseband analog input signal, m(t), possesses a slope whose absolute value exceeds this maximum capability
of the staircase signal, the approximator will lag behind the actual signal. During this period, the staircase waveform
struggles to climb or descend fast enough to match the input, resulting in a significant discrepancy between the original
message signal and the reconstructed signal. This discrepancy is what we call Slope Overload Distortion.

Mathematically, slope overload occurs when:
’dm(t) ‘ A

_ > R

dt T

Since the sampling frequency f; is the reciprocal of the sampling period Ty (fs = T%)7 we can also write the condition
for slope overload as:

’ dm(t)

At
dt’> !
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When this condition is met, the sequence of bits generated by the Delta Modulator will be a continuous string of
1s (if the signal is rising rapidly) or a continuous string of Os (if the signal is falling rapidly). Despite the modulator
outputting its maximum rate of change, it remains insufficient to correctly represent the original signal’s amplitude.

Amplitude

A

Staircase approximation

[ ]

A
pe
Overload

< -Region
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Figure 84: Slope Overload Distortion in Delta Modulation

To avoid or minimize slope overload distortion, the design engineer must ensure that the maximum slope of the
staircase signal is greater than or equal to the maximum slope of the input signal. This leads to the fundamental
condition to avoid slope overload:

dm(t)
dt
From this equation, it is evident that to mitigate slope overload, we must either:

Afsz

max

o Increase the step size (A): A larger step size permits the staircase signal to climb or fall more quickly, allowing
it to closely track rapidly changing, high-frequency signals.

o Increase the sampling frequency (fs): Sampling more frequently allows the staircase signal to take steps
more often, thereby increasing its overall rate of change over time.

Calculating the Minimum Step Size to Avoid Slope Overload

Consider a message signal given by m(t) = A, sin(27 f,t), where the peak amplitude is 4, = 5 V and the
modulating frequency is f,, = 1 kHz. The signal is sampled at a frequency fs = 50 kHz using a standard
Delta Modulator. We need to determine the minimum step size (A) required to completely avoid slope overload
distortion.
Solution: First, we compute the derivative of the input signal with respect to time to find its slope:

dm_(t) = i[Am SIN(27 frnt)] = A 27 fin coS(27 fint)

dt dt

The maximum slope occurs when the cosine function reaches its peak value of 1. Therefore, the maximum absolute
slope of the input signal is:

dm(t)
— =2 A
Substituting the given values into the expression:
dm(t
‘M‘ = 2.7-1000- 5 = 100007 ~ 31415.9 V/s
dt max
To prevent slope overload, the fundamental condition A- fs > ‘d";t(t) must be satisfied. Therefore, the minimum
max
required step size is calculated as:
27 frn Am
[s
31415.9
o, = ~ 0.628 V
e 50000

Thus, the step size must be set to at least 0.628 V to ensure the Delta Modulator’s staircase signal can keep up
with the steepest parts of this specific sine wave.
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Granular Noise (Idle Channel Noise)

Box[Granular Noise] Granular Noise is a quantization error in Delta Modulation that occurs when the analog

input signal is relatively constant or changes very slowly. Because the step size is fixed and cannot be zero, the
approximated staircase signal continuously oscillates above and below the true signal level, generating unwanted
noise.

While slope overload occurs when the input signal changes too rapidly, granular noise is the exact opposite
problem—it manifests when the input signal changes too slowly or remains completely flat. In a standard Delta
Modulator, the output must always change by either +A or —A at every single sampling instant; there is no “zero step”
state where the staircase signal can simply stay level.

If the input signal m(t) is a flat DC signal or is changing at a rate significantly slower than the staircase signal’s
maximum rate of change, the modulator is forced to alternate between positive and negative steps just to stay close to
the actual signal value. This results in the staircase waveform “hunting” or oscillating continuously around the true
signal value in a square-wave fashion.

The resulting error—which is the difference between the flat input signal and the oscillating staircase signal—is
perceived as a granular, crackling background noise in audio applications. Because this noise is most prominent when
the input channel is silent (idle), it is frequently referred to in the telecommunications industry as Idle Channel
Noise.

Mathematically, granular noise becomes the dominant source of distortion when:

‘ dm(t) ‘ A
dt T
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Figure 85: Granular Noise in Delta Modulation for a slowly varying (or flat) signal

The primary method for mitigating granular noise is straightforward:

o Decrease the step size (A): By configuring the Delta Modulator with a smaller step size, the amplitude
of the inherent oscillations around the true signal value is significantly reduced, which directly decreases the
quantization noise power.

The Fundamental Trade-off and the Need for Adaptive Delta Modulation

By analyzing both Slope Overload Distortion and Granular Noise in tandem, we uncover a fundamental paradox
inherent to the design of standard, linear Delta Modulation systems.

The Fundamental Trade-off in Delta Modulation

To successfully prevent Slope Overload Distortion, the step size (A) must be made as large as possible
so the staircase signal can accurately track rapid, high-frequency changes. However, to effectively minimize
Granular Noise, the step size (A) must be made as small as possible to reduce erratic oscillations during
quiet, low-frequency periods. Because standard DM strictly requires a fixed, unchangeable step size, it is physically
impossible to optimally satisfy both conditions simultaneously.
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If a telecommunications engineer designs a DM system with a large step size to comfortably accommodate high-
frequency voice signals with steep slopes, the system will unfortunately suffer from terrible granular noise during pauses
in conversation or when low-frequency sounds are present. Conversely, if the system is designed with a very fine, small
step size to guarantee a quiet idle channel without crackling, it will fail drastically whenever the user speaks loudly or
high-frequency sounds are transmitted, resulting in heavily distorted, clipped audio due to severe slope overload.

Parameter Effect of Large Step Size (A) Effect of Small Step Size (A)

Slope Overload Distortion Decreased (Better tracking of fast, Increased (Poor tracking of fast,
steep signals) steep signals)

Granular Noise Increased (Large amplitude oscil- Decreased (Minimal amplitude os-
lations on flat signals) cillations on flat signals)

Table 17: Effect of Step Size Selection on Quantization Errors in DM

This irreconcilable trade-off severely restricts the dynamic range of a standard Delta Modulator. The dynamic
range is defined as the ratio of the largest signal to the smallest signal that the communication system can accurately
process without excessive distortion. Because of the fixed step size, the input signal amplitude and frequency must be
strictly controlled and confined to stay within a narrow “sweet spot” where neither slope overload nor granular noise
dominates.

Concept The primary disadvantages of Delta Modulation are Slope Overload (occurring during fast signal
changes due to a step size that is too small) and Granular Noise (occurring during slow signal changes due
to a step size that is too large). These two mutually exclusive errors originate directly from the fixed nature of
the step size (A). This severe limitation creates a design impasse that necessitates the use of more advanced
techniques, primarily Adaptive Delta Modulation (ADM), where the step size dynamically increases during
steep signal slopes and automatically decreases during relatively flat segments, effectively resolving both problems
simultaneously.

Figure 86: Slope overload block

AT Image|Placeholder: A graph where the steps fail to keep up with a steep curve

Figure 87: Slope Overload Graph
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0.46 Adaptive Delta Modulation
0.47 Adaptive Delta Modulation (ADM)

Delta Modulation (DM) is celebrated for its simplicity and minimal hardware requirements, making it a popular choice
for analog-to-digital conversion in resource-constrained environments. However, its fundamental limitation lies in its
use of a fixed step size (A). As we explored previously, a fixed step size forces an inevitable compromise between two
severe forms of distortion:

e Slope Overload Distortion: Occurs when the input signal changes too rapidly for the staircase approximation
to keep up, requiring a larger step size to resolve.

e Granular Noise: Occurs when the input signal changes very slowly or remains flat, causing the staircase
approximation to needlessly oscillate around the true signal value. This requires a smaller step size to resolve.

Because it is impossible for a single, fixed step size to be simultaneously large enough to prevent slope overload
and small enough to eliminate granular noise, standard Delta Modulation often suffers from poor signal-to-noise ratio
(SNR) when handling highly dynamic signals. To overcome this limitation without drastically increasing the complexity
or bit rate, engineers developed Adaptive Delta Modulation (ADM).

Box[Adaptive Delta Modulation] Adaptive Delta Modulation (ADM) is an advanced variant of Delta Modulation

in which the step size is not constant but varies dynamically in response to the slope (rate of change) of the input
analog signal. The step size is increased during segments of rapid signal change and decreased during segments of
slow signal change.

The overarching philosophy of ADM is to give the quantizer the "intelligence" to observe the history of its own
output and adjust its step size accordingly, optimizing the signal tracking in real-time.

The Principle of Adaptation

How does the ADM system know whether the signal is rising rapidly or remaining flat? It cannot look directly at the
analog input without violating the digital transmission constraints. Instead, it relies exclusively on the transmitted
digital bitstream itself.

Concept The core logic of adaptation relies on observing consecutive output bits:

o Consecutive Identical Bits (e.g., 1111 or 0000): This pattern indicates that the staircase approximation
is continuously trying to catch up with a rapidly rising or rapidly falling input signal. The system recognizes
that it is falling behind and increases the step size to cover more vertical distance per sampling interval.

o Alternating Bits (e.g., 1010 or 0101): This pattern indicates that the staircase approximation has
successfully caught up with the input signal and is now simply oscillating (hunting) around a relatively flat
signal level. The system recognizes this and decreases the step size to minimize granular noise.

Real-World Analogy: The Hiker’s Steps

Imagine you are hiking through uneven terrain, trying to follow a fast-moving guide while blindfolded. You are
only told whether the guide is ahead (take a step forward, ’1’) or behind you (take a step backward, ’0’).

If you hear "ahead, ahead, ahead, ahead" (1111), you realize the guide is sprinting rapidly away from you. To
catch up, you dynamically lengthen your stride (increase step size). Once you finally catch up, the guide might
stay in one place to wait. You then hear "ahead, behind, ahead, behind" (1010) as you continually overshoot and
step back. Realizing you are right next to the guide, you dynamically shorten your stride to tiny shuffles (decrease
step size) so you stay precisely next to them without wasting energy. This perfectly illustrates how ADM adjusts
its step size to track an analog signal!
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Architecture and Working of ADM

The implementation of Adaptive Delta Modulation requires additional circuitry compared to standard DM, specifically
an Adaptation Logic block and a Multiplier. The block diagram of an ADM transmitter is illustrated below.

+ 2\ e(n) 1-Bit
z(n) ) Quantizer

— Ttstream b(n)

Adaptation Logic A(n,
(Step Size Control) X)

eq(n)
Del o) N
elay (1.) [——(2)
_|_
+

Figure 88: Block Diagram of an Adaptive Delta Modulation (ADM) Transmitter

Detailed Working of the Transmitter

1.

Error Generation: The discrete-time analog input signal x(n) is compared against the predicted staircase
approximation signal #(n — 1) from the previous sampling instant. The difference is the error signal e(n) =
z(n) — &(n —1).

. Quantization: The error signal e(n) is fed into a 1-bit quantizer (often acting as a hard limiter or signum

function). If e(n) > 0, the quantizer outputs a bit b(n) = +1 (Logic 1). If e(n) < 0, it outputs a bit b(n) = —1
(Logic 0). This binary output b(n) is the bitstream transmitted over the communication channel.

. Adaptation Logic (Step Size Control): Instead of just being transmitted, the output bit b(n) is tapped

and routed to the adaptation logic block. This block typically contains a shift register that stores the past few
transmitted bits. By comparing the current bit b(n) with the previous bit b(n — 1), the logic deduces the new
optimal step size A(n). A standard adaptive algorithm operates as follows:

A(n) = {K x A(n—1) if b(n) = b(n — 1) (High slope, increase step)
b

n pe—
A —1)/K  ifb(n) # b(n—1) (Low slope, decrease step)

Here, K is a constant adaptation factor strictly greater than one (K > 1). To ensure system stability and prevent
the step size from becoming too minuscule or exceedingly massive, explicit minimum (Ap;,) and maximum

(Apax) boundaries are enforced.

. Multiplication and Accumulation: The newly calculated step size A(n) is multiplied by the sign bit b(n)

to yield the quantized error increment e;(n) = b(n)A(n). This increment is fed into an accumulator circuit
(comprising a summer and a delay) where it is added to the previous approximation &(n — 1) to generate the new
predicted sample Z(n).

. Delay: The updated prediction Z(n) is delayed by exactly one sampling period (75s) to serve as &(n — 1) for the

subsequent cycle.

The receiver structure closely mirrors the feedback loop found in the transmitter. It accepts the incoming bitstream
b(n), employs the exact same adaptation logic to reconstruct A(n), multiplies the two values, and integrates the result
through an accumulator. The final signal is then smoothed by a low-pass filter to flawlessly reconstruct the original
continuous-time analog waveform.

Advantages of Adaptive Delta Modulation

e Elimination of Distortions: By dynamically scaling the quantization steps in real-time, ADM severely mitigates

slope overload distortion (by taking large steps) and subdues granular noise (by taking small steps).
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e Enhanced Dynamic Range: ADM can accurately encode analog signals exhibiting a much wider variance in
amplitudes and frequencies compared to standard DM, resulting in a substantially broader dynamic range.

o Superior Signal-to-Noise Ratio (SNR): Because quantization errors are actively minimized based on the
signal’s instantaneous characteristics, the overall SNR is vastly improved.

« Lower Bit Rate for Equivalent Quality: To achieve identical voice fidelity as a high-rate standard DM
system, ADM can operate at a noticeably lower sampling rate, thereby conserving vital transmission bandwidth.

Limitations of Adaptive Delta Modulation

While ADM effectively solves the primary distortion issues of DM, it introduces its own set of technical compromises:

e Hardware Complexity: Both the transmitter and receiver demand additional logical circuitry, memory
elements (shift registers), and variable multipliers. This translates to increased power consumption, larger
silicon area, and higher manufacturing costs.

e Error Propagation vulnerability: Because the current step size calculation relies heavily on the historical
sequence of previous bits, a single bit error corrupted during channel transmission can cause the receiver’s
adaptation logic to fall out of sync with the transmitter. This triggers a cascading effect, corrupting several
subsequent decoded samples until the system resynchronizes.

\ J

Comparison: Delta Modulation vs. Adaptive Delta Modulation

The following table provides a comprehensive summary of the critical differences between the two techniques:

Parameter Delta Modulation (DM) Adaptive Delta Modulation (ADM)
Step Size Fixed (constant A) Variable (dynamic A(n))

Slope Overload Highly susceptible Significantly reduced or eliminated
Granular Noise Highly susceptible Significantly reduced or eliminated
Dynamic Range Narrow / Low Wide / High

Hardware Very simple, cheap, and low-power Complex (requires adaptation and

multiplication logic)

Bandwidth High (requires aggressive oversampling) | Lower (can operate at lower sampling
rates for identical quality)

SNR Poor for signals with wide amplitude Excellent and consistent across varying
variations signal levels

Table 18: Comparison between Standard DM and Adaptive DM

Real-World Applications

Adaptive Delta Modulation’s unparalleled ability to maintain high intelligibility at low bit rates makes it incredibly
valuable in modern communication sectors. Some prominent applications include:

o Continuously Variable Slope Delta (CVSD) Modulation: CVSD is arguably the most popular and specific
implementation of ADM. It is heavily utilized in secure military communications, tactical radios, and digital
voice encoding. Its primary advantage in these fields is its robustness; it maintains audible speech intelligibility
even in environments fraught with severe bit-error rates.

o Bluetooth Audio (Hands-Free Profile): CVSD is the standardized, mandatory codec used for encoding
bidirectional voice in Bluetooth headsets and automotive hands-free profiles (HFP). It provides clear voice
transmission with almost zero computational latency, which is essential for real-time conversational integrity over
short-range wireless links.

o Satellite and Deep-Space Communications: In extraterrestrial or satellite links where transmission bandwidth
and power are incredibly scarce, ADM-based codecs compress voice signals with high efficiency, avoiding the
heavy processing overhead associated with more complex predictive codecs like CELP (Code-Excited Linear
Prediction).
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In conclusion, Adaptive Delta Modulation beautifully bridges the performance gap left by standard DM by
introducing intelligent, real-time feedback and dynamic scaling. The fusion of theoretical elegance and rugged practical
utility cements ADM as a cornerstone technique in digital communication engineering.

Logic }—»{ Step Size

Figure 89: ADM adaptive step size block

Al Tmage Placeholder: Variable sized steps adjusting dynamically

Figure 90: Variable Sized Steps

0.48 Differential PCM
0.49 Differential Pulse Code Modulation (DPCM)

In the study of digital communication systems, Standard Pulse Code Modulation (PCM) serves as the foundational
technique for converting analog signals into digital formats. In a standard PCM system, each sample of the analog
signal is quantized and encoded completely independently of all other samples. However, a closer analysis of most
real-world continuous signals—such as speech, audio, and video—reveals that their amplitude levels do not change
abruptly from one sample to the next. Instead, successive samples are highly correlated. Transmitting the full amplitude
information for every single sample, as done in standard PCM, results in the transmission of redundant information,
thereby demanding a high bit rate and large transmission bandwidth.

To overcome this inefficiency, engineers developed Differential Pulse Code Modulation (DPCM), a technique
that exploits the correlation between adjacent samples to achieve significant data compression without compromising
the quality of the reconstructed signal.

0.49.1 The Principle of DPCM

The core idea behind DPCM is quite intuitive. If we know the past values of a signal, we can make an educated guess,
or prediction, about what the next sample’s value will be. Since real-world signals typically vary smoothly over time,
our prediction will usually be quite close to the actual value. Therefore, instead of transmitting the entire actual value
of the sample, we can transmit just the difference (the error) between the actual sample and our predicted value.

The Temperature Analogy

Imagine you are reporting the daily average temperature of a city. On Monday, it is 25°C, on Tuesday 26°C, on
Wednesday 25.5°C, and on Thursday 24°C.

If you were acting like a standard PCM system, you would transmit the full values every day: 25, 26, 25.5, 24.
This requires encoding large numeric values every single time.

If you act like a DPCM system, you would transmit the first day’s temperature to establish a baseline (25), and
then for the subsequent days, you only report the change from the previous day: +1 (for 26), -0.5 (for 25.5), and
-1.5 (for 24). The differences (+1, 0.5, -1.5) are numerically much smaller than the absolute temperatures (26,
25.5, 24). Consequently, it takes significantly fewer bits to digitally encode these small differences.
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Because the error signal usually fluctuates around zero and has a much smaller dynamic range (variance) than the
original signal, we can quantize it using fewer bits while maintaining the same quantization step size (i.e., the same
resolution). This translates directly to a lower overall bit rate.

Box|[Differential Pulse Code Modulation (DPCM)] Differential Pulse Code Modulation (DPCM) is a signal coding

technique where an analog signal is sampled, and instead of encoding the absolute amplitude of each sample,
the system predicts the current sample based on past samples and only quantizes and encodes the difference
(prediction error) between the actual sample and the predicted value.

0.49.2 DPCM Transmitter (Encoder)

The block diagram of a DPCM transmitter is more complex than a standard PCM transmitter because it incorporates
a prediction feedback loop.

4

x(n) +=@ o) > Quantizer ———— ¢e4(n)

| #(n)
Predictor (n)

Figure 91: Block Diagram of a DPCM Transmitter

The DPCM transmitter operates through the following sequence of steps:

1. Sampling: The continuous analog signal x(t) is sampled at discrete time intervals to produce the discrete-time
sequence z(n).

2. Prediction: A linear predictor circuit estimates the value of the current sample based on previously processed
samples. We denote this mathematically predicted value as &(n).

3. Error Generation: The predicted value Z(n) is subtracted from the actual incoming sample value z(n) using a
summing junction. The result is the prediction error signal e(n), represented as:

e(n) =x(n) — &(n)

4. Quantization: The error signal e(n) is then fed into a quantizer. Because e(n) is generally small and centered
around zero, the quantizer requires fewer levels (and thus fewer bits) to encode it accurately without losing signal
fidelity. The output of the quantizer is the quantized error signal, e,(n). This signal is encoded into a binary
stream and transmitted over the channel.

5. Feedback Loop for Reconstruction: In order to ensure that the prediction made at the transmitter perfectly
matches the prediction made at the receiver, the predictor must operate on quantized samples rather than the
original analog samples. The quantized error e,(n) is added back to the predicted value Z(n) to produce a locally
reconstructed version of the sample, z4(n):

zq(n) = 2(n) + eq(n)

This quantized sample z4(n) is then fed back into the predictor to help estimate the next incoming sample.

Why Use Quantized Samples for Prediction?

You might wonder why the transmitter’s predictor doesn’t just look at the original unquantized input samples x(n)
to make its predictions. If the transmitter used unquantized past samples, it would produce a different prediction
than the receiver, which only has access to the quantized samples via the noisy channel. This discrepancy would
cause quantization errors to accumulate rapidly at the receiver, severely distorting the reconstructed audio or
video. By placing the predictor inside a feedback loop after the quantizer, the transmitter mimics the exact state
of the receiver, ensuring stable and synchronized decoding!



https://milav.in

0.49.3 DPCM Receiver (Decoder)

The DPCM receiver reconstructs the original analog signal from the incoming stream of quantized error signals. The
hardware of the receiver is essentially a replica of the feedback loop found inside the transmitter, minus the quantizer.

+ zq(n)
eq(n) =@ =+ Low Pass Filter — x(t)

+
(n)

Predictor

Figure 92: Block Diagram of a DPCM Receiver

The decoding process is straightforward:
1. The receiver takes in the quantized prediction error sequence, eq(n), from the communication channel.

2. The local predictor at the receiver (which is identical in architecture and weights to the one at the transmitter)
generates the predicted value &(n) based on previously reconstructed samples.

3. The received error signal e4(n) is added to the predicted value Z(n) to yield the quantized sample z4(n).

4. This reconstructed sequence of samples x4(n) is simultaneously fed back into the predictor to help decode future
samples.

5. Finally, the discrete sequence z4(n) is passed through a Low-Pass Filter (LPF), which smooths out the quantization
steps and interpolates the points to recover the continuous-time analog signal x(t).
0.49.4 Predictor Design and Mathematical Model

The efficiency of a DPCM system hinges almost entirely on how accurately the predictor can guess the next sample.
The predictor is typically implemented as a linear transversal filter (often an FIR filter). The predicted sample Z(n) is
computed as a weighted linear combination of the past N reconstructed samples:

N
z(n) = Z wizq(n — k)
k=1

Where:
o N is the order of the predictor (the number of past samples taken into consideration).
o wy are the predictor coefficients or scaling weights.
e z4(n — k) are the previously reconstructed samples.

In the simplest scenario, a first-order predictor (N = 1) simply takes the immediate previous sample and
assumes the next sample will be exactly the same: Z(n) = z4(n — 1). (Interestingly, if we use a first-order predictor
combined with a 1-bit quantizer, the DPCM system mathematically degrades into a simple Delta Modulation system!).
Higher-order predictors (N > 1) can track the curve, velocity, and acceleration of the signal, providing far more accurate
predictions and minimizing the error variance.

Concept The main objective in DPCM predictor design is to mathematically select optimal weights (wy) that
minimize the variance of the prediction error e(n). A smaller error variance means that the quantizer can use
fewer bits without triggering overload distortion, enabling robust data compression.
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0.49.5 Advantages and Disadvantages of DPCM

Advantages:

+ Bandwidth Efficiency: By transmitting an error signal that requires fewer bits per sample (typically 4 to 6
bits instead of 8 to 16 bits), DPCM significantly reduces the required bit rate and transmission bandwidth.

o Improved Signal-to-Noise Ratio (SNR): For a given bit rate, DPCM provides a higher SNR than standard
PCM because the quantization noise is distributed over a much smaller dynamic range.

¢ Cost-Effective Compression: DPCM provides a streamlined hardware approach to data compression without
requiring highly complex, computationally heavy digital signal processing algorithms.

Disadvantages:

e Hardware Complexity: DPCM requires identical, well-calibrated prediction filters at both the transmitter and
receiver, which adds circuit complexity compared to a basic PCM setup.

» Slope Overload Distortion: If the analog signal changes abruptly and unexpectedly (featuring a steep, jagged
slope), the predictor may fail to anticipate it, resulting in a massively large error e(n). If the quantizer does not
have enough steps to cover this sudden large error, slope overload distortion occurs.

« Error Propagation: If a bit error occurs in the noisy transmission channel, the reconstructed sample z4(n) at
the receiver will be instantly incorrect. Since this corrupted sample is fed back into the predictor loop, the error
will rapidly propagate to subsequent samples.

0.49.6 Comparative Analysis: PCM vs. DPCM

To summarize the concepts discussed, the table below highlights the crucial differences between standard PCM and
Differential PCM:

Parameter Standard PCM Differential PCM (DPCM)
Information The absolute amplitude value of each The quantized difference between the
Transmitted quantized sample. actual sample and predicted sample.
Bits per Sample High (typically 8, 16, or 24 bits). Low (typically 4 to 6 bits).
Bandwidth Required | Large bandwidth is necessary to transmit | Significantly reduced bandwidth.

full data.
Hardware Low (no prediction circuitry required). Moderate (requires predictors and
Complexity synchronization loops).
Redundancy Transmits highly redundant information if | Successfully removes redundant

the signal is correlated. information before transmission.
Common High-fidelity audio, standard telephony, Speech coding, real-time audio/video
Applications CD recordings. streaming, specialized telecommunications.

Table 19: Comparison of PCM and DPCM Systems

In modern telecommunication networks, advanced variations of DPCM, particularly Adaptive DPCM (ADPCM),
are heavily utilized. In ADPCM systems, the quantizer step size and the predictor coefficients are dynamically adapted
in real-time to match the fluctuating characteristics of the input signal, providing toll-quality speech at merely 32 kbps
(exactly half the bit rate required by standard 64 kbps PCM voice channels).

Diff ‘<—{ Predictor ‘

Figure 93: DPCM Transmitter block



https://milav.in

AT Image Placeholder: A predictor circuit conceptual art

Figure 94: Predictor Circuit Concept Art

0.50 Comparison of modulation techniques

0.51 Comparison between PCM, DM, ADM, and DPCM

The digital transmission of analog signals involves converting continuous-time, continuous-amplitude signals into
discrete-time, discrete-amplitude digital streams. Over the decades, various waveform coding techniques have been
developed to achieve this conversion efficiently. The four most prominent techniques are Pulse Code Modulation (PCM),
Differential Pulse Code Modulation (DPCM), Delta Modulation (DM), and Adaptive Delta Modulation (ADM). Each
of these techniques offers a unique trade-off between transmission bandwidth, hardware complexity, and the quality of
the reconstructed signal (Signal-to-Noise Ratio or SNR).

In this section, we will systematically compare these four digital modulation schemes to understand their relative
advantages, limitations, and ideal use cases in modern communication systems.

0.51.1 Recap of the Modulation Schemes

Before diving into a parameter-by-parameter comparison, let us briefly summarize the core operating principles of each
technique:

o Pulse Code Modulation (PCM): The foundational technique where each sample of the analog signal is
independently quantized into one of 2™ levels and encoded using an n-bit binary word. It does not exploit any
redundancy between successive samples.

o Differential Pulse Code Modulation (DPCM): Recognizing that adjacent samples in natural signals (like
voice or video) are highly correlated, DPCM predicts the next sample based on previous samples and only
quantizes and transmits the prediction error (the difference between the actual and predicted sample).

o Delta Modulation (DM): An extreme simplified case of DPCM where the signal is heavily oversampled, and
the prediction error is quantized to just a single bit (either +A or —A). The step size A remains constant.

o Adaptive Delta Modulation (ADM): An enhancement over standard DM where the step size A is not fixed.
Instead, the step size adapts dynamically based on the characteristics of the input signal (increasing during steep
slopes and decreasing during relatively flat regions) to overcome the inherent noise limitations of DM.

0.51.2 Parameter-by-Parameter Comparison

To select the appropriate modulation scheme for a given engineering application, one must evaluate several critical
parameters. The following subsections detail how each scheme performs across these key metrics.

Number of Bits per Sample

The number of bits used to encode each sample directly dictates the bit rate of the transmitted signal.

o PCM: Uses n bits per sample (typically 8 to 16 bits). This provides high resolution but results in a large data
payload.
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o« DPCM: Uses fewer bits than PCM (typically 4 to 6 bits per sample) because the prediction error has a smaller
dynamic range than the actual signal.

e DM: Uses exactly 1 bit per sample. It simply transmits whether the current sample is larger or smaller than the
previous staircase approximation.

e ADM: Also uses exactly 1 bit per sample, retaining the simplicity of single-bit transmission while dynamically
adjusting the internal step size.

Bandwidth Requirements

Bandwidth is arguably the most precious resource in any communication system. The required transmission bandwidth
is proportional to the signaling rate.

e PCM: Requires the highest bandwidth. If the sampling frequency is fs and n bits are used per sample, the bit
rate is R, = n - fs. Consequently, the minimum transmission bandwidth required is B > ans

e DPCM: Requires significantly less bandwidth than standard PCM because n is smaller. For the same signal
quality, DPCM can often operate at half the bit rate of PCM.

o DM: Requires very low bandwidth per sample (since n = 1). However, to accurately track the signal, DM
requires severe oversampling (i.e., fs must be much greater than the Nyquist rate). Even with oversampling, the
overall bandwidth is usually lower than standard PCM.

e ADM: Similar to DM, it uses 1 bit per sample but can operate effectively at lower oversampling rates compared
to standard DM, making it highly bandwidth-efficient.

Bandwidth Trade-off in Delta Modulation

While DM and ADM use only 1 bit per sample, one must not mistakenly conclude they always require a fraction
of the bandwidth of an 8-bit PCM system. Because DM requires heavy oversampling (often 4x to 8x the Nyquist
rate) to function properly, the actual bit rate and resulting bandwidth requirement may approach that of a
low-resolution PCM system. ADM alleviates this by reducing the necessary oversampling factor.

Step Size and Quantization
The quantization step size dictates how precisely the analog amplitude can be represented digitally.

o PCM: Step size can be uniform (fixed across the entire signal range) or non-uniform (companding, such as p-law
or A-law, where step size varies based on signal amplitude).

e DPCM: Uses a fixed or adaptive step size depending on the specific implementation, optimized for the probability
density function of the prediction error.

o DM: Uses a strictly fixed step size (A). This rigidity is its biggest flaw.

o ADM: Uses a variable (adaptive) step size that changes continuously in response to the signal’s rate of change.

Types of Noise and Signal Quality (SNR)
Every quantization process introduces noise. The nature and severity of this noise vary drastically across the techniques.

o« PCM: Suffers purely from gquantization noise, which is spread evenly across the signal. It offers an excellent and
predictable Signal-to-Noise Ratio (SNR), which increases by approximately 6 dB for every additional bit per
sample.

o« DPCM: Also suffers from quantization noise, but because the quantizer operates on the prediction error (which
has lower variance), the SNR is notably higher than PCM for an equivalent bit rate.

o DM: Suffers from two severe, distinct types of noise: Slope Overload Distortion (when the signal changes too fast
for the step size to keep up) and Granular Noise (when the signal is relatively flat, and the staircase approximation
oscillates around it). SNR is generally poor compared to PCM.

o ADM: Effectively eliminates both slope overload distortion (by increasing step size during fast variations) and
granular noise (by decreasing step size during flat portions). ADM provides a much higher SNR than standard
DM and acceptable voice quality.
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Box[Slope Overload and Granular Noise] Slope Overload: Occurs in Delta Modulation when the rate of change
(slope) of the analog input signal exceeds the maximum rate of change of the modulator’s staircase approximation
Granular Noise: Occurs when the input signal remains constant, but the modulator is forced to toggle up and
down by +A and —A, creating an artificial high-frequency noise in the reconstructed signal.

Hardware Complexity and Cost

The physical implementation of the transmitter and receiver determines the cost, power consumption, and physical
footprint of the communication equipment.

o PCM: Highly complex. It requires robust analog-to-digital converters (ADCs), digital-to-analog converters
(DACs), parallel-to-serial converters, and precise synchronization circuits.

« DPCM: Extremely complex. In addition to PCM components, it requires internal prediction filters, delay units,
and accumulators at both the transmitter and the receiver.

o DM: Extremely simple. It requires only a basic comparator, a 1-bit quantizer (flip-flop), and an integrator (which
can be as simple as an RC circuit). It is the most cost-effective solution.

e« ADM: Moderately simple. It retains the basic architecture of DM but adds a digital logic block or variable gain

amplifier to control the step size. It is slightly more complex than DM but far simpler than PCM or DPCM.

0.51.3 Comprehensive Comparison Matrix

To provide a quick reference, Table 20 summarizes the essential differences among the four modulation schemes.

Table 20: Summary Comparison of PCM, DPCM, DM, and ADM

Parameter PCM DPCM DM ADM
Bits/Sample | 4, 8, or 16 bits 4 to 6 bits 1 bit 1 bit
Step Size Fixed (Uniform) or Fixed or Adaptive Fixed Variable (Adaptive)
Variable
(Non-uniform)
Bandwidth Highest (e.g., 64 kbps | Medium (e.g., 32 kbps | Lowest (assuming Low
Requirement | for voice) for voice) nominal oversampling)
Feedback No feedback present in | Yes (Prediction filter | Yes (Simple accumula- | Yes (Integrator and
System transmitter based on past tor/integrator) Step-size adaptation
samples) logic)
Noise Type Quantization noise Quantization noise Slope overload and Quantization noise
Granular noise (mostly mitigated)
Complexity High Very High Very Low Low
SNR Excellent Good Poor Fair to Good

0.51.4 Engineering Applications and Selection Criteria

Understanding the comparison directly informs how these techniques are deployed in real-world scenarios.

Choosing the Right Codec for an Application

Consider an engineer designing a deep-space communication probe versus an engineer designing the public switched
telephone network (PSTN).
PSTN / Audio CDs: The engineer will choose PCM. Bandwidth is manageable over copper/fiber lines, and
the priority is pristine, predictable audio quality without complex predictive artifacts. PCM at 8-bits/sample
(telephone) or 16-bits/sample (CD audio) is the global standard.



https://milav.in

Tactical Military Radios: A military engineer designing a portable, battery-operated backpack radio needs high
encryption capability (digital), moderate voice quality, and extremely low power and weight. They will choose
ADM or CVSD (Continuously Variable Slope Delta Modulation). The hardware is incredibly lightweight (simple
integrators), and ADM provides acceptable speech intelligibility over narrow bandwidths while resisting bit errors
better than PCM.

/

Furthermore, DPCM (and its advanced variant, ADPCM) is heavily utilized in scenarios where bandwidth is
constrained but quality cannot be severely compromised. Early voice-over-IP (VoIP) systems, digital audio broadcasting,
and certain video compression standards leverage DPCM principles to halve the data rate (e.g., going from 64 kbps
PCM to 32 kbps ADPCM) while maintaining identical perceived audio quality.

Key Concept

Concept There is no single "best" modulation scheme. The choice depends entirely on the design constraints:
e For the best quality irrespective of bandwidth: Use PCM.
e For the simplest hardware and low bit rate: Use DM.
e For a balanced compromise of low complexity and acceptable quality: Use ADM.

o For high bandwidth efficiency with high quality (at the cost of complex hardware): Use DPCM.

PCM BW --{ DM BW

Figure 95: Bandwidth comparison block

AT Image Placeholder: A scale weighing PCM and DM characterigtics

Figure 96: Scale Weighing PCM vs DM

0.52 Concept of Time division digital multiplexing
0.53 Concept of Time Division Digital Multiplexing and TDM Frame

Time Division Multiplexing (TDM) is a foundational technique in digital communications that allows multiple digital
signals to be transmitted simultaneously over a single shared communication channel. Unlike Frequency Division
Multiplexing (FDM), which divides the channel’s bandwidth into separate frequency bands, TDM divides the channel’s
transmission capacity into distinct intervals of time, known as time slots.
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Box[Time Division Multiplexing (TDM)] Time Division Multiplexing (TDM) is a digital multiplexing technique

where multiple data streams (channels) are interleaved in time and transmitted over a single physical medium.
Each input stream is allocated a specific, very short duration of time (a time slot) on the communication link in a
repeating sequence.

0.53.1 The Principle of TDM

The fundamental principle of TDM is based on the idea that the data rate capacity of the transmission medium is
significantly greater than the data rate required by any single sender. By rapidly switching the channel among several
senders, the medium can carry multiple signals virtually simultaneously.

In a TDM system, a multiplexer (MUX) at the transmitting end accepts input from several discrete data sources.
It then samples these inputs in a strict round-robin fashion, taking a chunk of data (which could be a bit, a byte,
or a larger block) from each source and placing it onto the high-speed transmission line. At the receiving end, a
demultiplexer (DEMUX) performs the exact reverse operation. It takes the incoming high-speed data stream, separates
it into the original discrete chunks, and routes them to their corresponding destination outputs based on their time of
arrival.

Concept TDM leverages the high transmission speed of a medium to interleave multiple lower-speed signals in the
time domain, giving each signal exclusive use of the entire channel bandwidth for a fraction of the total time.

0.53.2 Synchronous vs. Asynchronous (Statistical) TDM

TDM can be broadly classified into two categories based on how time slots are allocated to the input channels.

Synchronous TDM

In Synchronous TDM, the multiplexer allocates exactly one time slot to every input device in each cycle, regardless of
whether the device has data to transmit. If a device has no data, its corresponding time slot in the output stream
remains empty (or contains dummy bits).

Advantages:

e Simple to implement and operate.

e No addressing information is required for each payload, as the destination is implicitly determined by the position
of the time slot in the sequence.

o Provides guaranteed bandwidth and consistent latency for all channels.
Disadvantages:

o Inefficient use of channel capacity if some input sources are frequently idle, as empty time slots are transmitted
over the link.

Asynchronous (Statistical) TDM

Asynchronous TDM, also known as Statistical TDM, dynamically allocates time slots only to those input channels
that actually have data to transmit. The multiplexer scans the input lines and skips over any inactive lines, effectively
utilizing the channel’s capacity.

Overhead in Statistical TDM

Because time slots are not permanently assigned to specific input channels in Statistical TDM, each transmitted
chunk of data must carry addressing information so the demultiplexer knows which output line it belongs to. This
addressing adds overhead to the transmission.
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0.53.3 Concept of the TDM Frame

The output data stream of a synchronous TDM multiplexer is organized into larger logical units called frames. A
frame is a complete cycle of time slots, typically containing one time slot for each input channel, plus some additional
bits used for synchronization and control.

Box[TDM Frame|] A TDM Frame is a complete cycle of multiplexed data that contains at least one time slot

dedicated to each active input channel, along with framing and synchronization bits. It represents one complete
round-robin sampling of all inputs.

Frame Structure and Components

A standard TDM frame consists of two primary components:

1. Payload (Time Slots): This is the actual user data. The frame is divided into N time slots, where N is
typically the number of input channels. For example, if a multiplexer combines four channels (A, B, C, and D),
the frame will contain data from A, followed by B, C, and finally D.

2. Framing Bits: To ensure that the demultiplexer at the receiving end can correctly separate the channels, it
must know exactly where a frame begins and ends. To achieve this, the multiplexer adds one or more specific
bit patterns at the beginning or end of each frame, known as framing bits or synchronization bits. The receiver
continuously looks for this specific pattern to lock onto the frame boundaries.

Channel 1

Channel 2

TDM

r-—-- g DR
Channel 3 MUX N2| Slot1l | Slot 2 | Slot 3 Slot N

Channel N} One TDM Frame

Figure 97: Basic structure of a Time Division Multiplexed (TDM) frame with synchronization bits and individual time
slots.

0.53.4 Bit Interleaving vs. Word Interleaving

The process of taking data from the input channels and placing it into the time slots can be done in different sizes:

o Bit Interleaving: The multiplexer takes one bit from each channel sequentially. This is often used for simple,
low-speed asynchronous sources.

o Word Interleaving (Byte Interleaving): The multiplexer takes a complete byte (or larger word) from each
channel before moving to the next. This is highly efficient and is the standard method used in voice telephony
(e.g., PCM signals where each sample is 8 bits).

0.53.5 Digital Carrier Systems: T1 and E1

TDM forms the backbone of global telecommunication networks through digital carrier systems. Two of the most
widely adopted standards are the North American T1 standard and the European E1 standard.

The T1 Carrier System

The T1 carrier system is a primary digital multiplexing standard used in North America and Japan. It was
originally designed to multiplex digitized voice channels.

e Input: It multiplexes 24 voice channels.
o Sampling Rate: Each voice channel is sampled 8,000 times per second (Pulse Code Modulation).

o Sample Size: Each sample is 8 bits (1 byte).
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o Frame Size: A T1 frame consists of 24 time slots (one 8-bit sample for each channel) plus 1 framing bit.
24 x 8 bits 4 1 framing bit = 193 bits/frame.

o Data Rate: Since frames are generated 8,000 times a second, the total data rate of a T1 line is:
193 bits/frame x 8,000 frames/second = 1.544 Mbps.

\.

The E1 Carrier System

The E1 carrier system is the European equivalent of T1 and is used in most parts of the world outside of North
America and Japan.

e Input: It multiplexes 32 channels. 30 channels are used for voice or data, 1 channel is used for framing and
synchronization, and 1 channel is used for signaling.

e Frame Size: An E1 frame consists of 32 time slots, each containing 8 bits.
32 x 8 bits = 256 bits/frame.

o Data Rate: 256 bits/frame x 8,000 frames/second = 2.048 Mbps.

L J

0.53.6 Synchronization and Framing Challenges

For a TDM system to function flawlessly, the demultiplexer must maintain exact synchronization with the multiplexer.
If the receiver loses synchronization, it will misinterpret the time slots, sending Channel A’s data to Channel B’s
output, resulting in complete data corruption.

To maintain synchronization, the multiplexer embeds a predictable bit pattern (framing bits) at the start of every
frame. The receiver constantly monitors the incoming bitstream for this specific pattern. If the pattern is not found
where expected, the receiver declares a "Loss of Frame" (LOF) condition and initiates a search algorithm to re-establish
synchronization by finding the framing pattern again in the incoming stream.

Table 21: Comparison of Synchronous and Asynchronous (Statistical) TDM

Feature Synchronous TDM Asynchronous (Statistical) TDM

Time Slot Al-| Fixed and pre-assigned to each channel. Dynamic, assigned only to active channels.

location

Bandwidth Inefficient; bandwidth is wasted if a channel is | Highly efficient; bandwidth is given to channels

Utilization idle. with data.

Overhead Low; no addressing information required per | High; each slot requires an address to identify
time slot. the channel.

Implementation Relatively simple. Complex, requiring buffering and address pro-

cessing.
Guaranteed Yes, constant data rate per channel. No, varying data rate depending on total system
Data Rate load.

0.53.7 Summary

Time Division Multiplexing is an essential concept in modern digital communications, enabling the efficient sharing
of high-capacity transmission mediums. By dividing time into slots and organizing these slots into repeating frames,
TDM ensures that multiple, lower-speed digital signals can be seamlessly transported across a single physical link. The
meticulous design of the TDM frame—incorporating both user payload and essential framing bits—guarantees that
the multiplexed signals can be accurately reconstructed at their destination, forming the foundation for global digital
carrier networks such as T1 and E1.
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Figure 98: TDM commutator block diagram
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Figure 99: Rotary Switch Multiplexer
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Figure 100: Decommutator block
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Figure 101: Interleaved Data Packets

0.54 Block diagram of basic PCM-TDM system
0.55 Block Diagram of Basic PCM-TDM System

The integration of Pulse Code Modulation (PCM) and Time Division Multiplexing (TDM) represents one of
the most significant and revolutionary advancements in modern telecommunications. While PCM is fundamentally
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responsible for converting an analog, continuous-time signal into a digital, discrete-time format, TDM acts as the
logistical mechanism that enables the transmission of multiple such digital signals simultaneously over a single, shared
communication channel. Together, the combined PCM-TDM system forms the structural and functional backbone of
global digital telephony, local area networks, and trunk carrier systems (such as the ubiquitous E1 and T1 standards).

Key Concept

Concept In a standard PCM-TDM system, multiple independent continuous analog signals are individually
band-limited, sampled, and time-interleaved into a single composite Time Division Multiplexed Pulse Amplitude
Modulation (PAM-TDM) signal. This composite multi-user analog signal is then uniformly quantized and encoded
into a continuous, high-speed digital bit stream for transmission.

0.55.1 Why Combine PCM and TDM?

In the early days of analog telephone networks, establishing a connection required a dedicated physical copper wire pair
between the switching exchange and the users for every single ongoing call. As telephone usage exploded globally, laying
individual massive bundles of copper cables to accommodate every concurrent user became physically cumbersome and
economically impractical.

Time Division Multiplexing (TDM) solves this capacity problem by dividing a high-bandwidth communication
channel’s total transmission time into discrete, extremely brief fragments known as time slots. Each active user is
cyclically assigned a specific time slot to transmit a tiny piece of their information. When we digitize these discrete time
slots using Pulse Code Modulation (PCM), the resulting discrete binary signal becomes incredibly robust. Digital bits
(0s and 1s) are highly resistant to noise and interference, allowing for flawless signal regeneration over intercontinental
distances without the cascading noise degradation typical of analog systems.

Real-World Analogy: The Rotating Bridge

Imagine a large manufacturing plant with N independent conveyor belts (representing the N analog voice signals)
carrying various manufactured goods. All these goods need to be transported across a single narrow bridge (the
transmission channel) to reach the shipping department on the other side. A rapidly rotating mechanical arm (the
commutator) situated at the entrance of the bridge collects exactly one item from Belt 1, then rapidly swings to
Belt 2 for the next item, continuing all the way to Belt N. It lines them up sequentially on the bridge.

On the opposite side, a perfectly synchronized receiving arm (the decommutator) catches each item as it arrives
and places it onto the correct outgoing conveyor belt. As long as these mechanical arms rotate fast enough, none of
the individual production lines will experience a backlog or bottleneck, and multiple production lines successfully
share one single bridge.

\_ /

To deeply understand how this multiplexing and digitization process takes place electronically, we can deconstruct
the PCM-TDM architecture into three primary segments: the Transmitting End, the Communication Channel, and the
Receiving End.
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Figure 102: Complete Block Diagram of a Basic PCM-TDM Transmitter and Receiver System

0.55.2 The Transmitting End

The transmitting module acts as the aggregation point of the network. It is responsible for independently processing
multiple continuous analog message signals, extracting representative samples from them, and synthesizing a single
high-bandwidth binary data stream. It comprises the following fundamental blocks:

1. Low Pass Filters (Anti-Aliasing Filters)

Each incoming continuous-time analog signal, denoted from m;(t) to my(t), is first passed through a dedicated, highly
selective Low Pass Filter (LPF). In this context, these filters are universally referred to as anti-aliasing filters. Their
critical function is to artificially constrain the bandwidth of the input signal to a specific maximum frequency limit, f,.
By aggressively attenuating any out-of-band spectral components and high-frequency noise, the LPF ensures that the
subsequent sampling process rigorously obeys the Nyquist sampling theorem (fs > 2f,,). Without this filtering step,
high-frequency components would "fold back" into the baseband spectrum during sampling, causing an irreversible
distortion known as aliasing. For human voice in commercial telephony, these filters typically enforce a strict cut-off
frequency of 3.4 kHz.

2. The Commutator (Sampler and Multiplexer)

Following the anti-aliasing filters, the signals enter the commutator, which acts as the core switching matrix of the
TDM framework. Functionally, it can be visualized as an extraordinarily fast electronic rotary switch that sequentially
taps into each of the N independent channels.

e Sampling: When the commutator establishes a brief connection with a specific input channel, it takes an
instantaneous voltage reading (a sample) of that continuous waveform.

e Interleaving: It rapidly sweeps from channel 1 down to channel N, extracting exactly one amplitude sample
from every channel, and arranging them chronologically in a single sequence.

One complete 360° rotation of the commutator—meaning it has sampled all N channels exactly once—generates a
structure known as a frame. The output emitted by the commutator is a composite Time-Division Multiplexed Pulse
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Amplitude Modulation (PAM-TDM) signal. At this point, the analog amplitude samples of all different users are
marching sequentially along a single time-axis.

Box[Frame Time and Slot Duration] If the standard sampling frequency for each channel is defined as f;,
the temporal duration it takes the commutator to execute one full revolution is called the frame time (75),
mathematically expressed as Ts = % Given there are IV distinct channels being multiplexed, the precise time

duration (time slot) allocated to accommodate each individual channel’s sample is Ty = %

3. Quantizer

It is crucial to recognize that the composite PAM-TDM signal exiting the commutator is still fundamentally analog; its
discrete time-domain pulses can possess an infinite continuum of amplitude values. Digital systems cannot process
infinite precision. Thus, the signal enters the quantizer. The quantizer meticulously measures the instantaneous
amplitude of each arriving PAM pulse and mathematically rounds it to the closest permitted discrete voltage level
from a predefined set. While this truncation introduces a tiny mathematical deviation known as quantization error or
quantization noise, it successfully maps an infinite set of analog possibilities into a finite, manageable set of distinct
steps.

4. Encoder

The encoder serves as the final transitional bridge into the digital domain. It receives the distinct, rounded voltage
levels from the quantizer and translates each specific level into a standardized binary code word (a structured string of
0s and 1s). For instance, in a standard 8-bit PCM architecture, every single quantized pulse is mapped to a unique
8-bit binary pattern. Consequently, the encoder’s output is a continuous, high-velocity stream of bits—the fully realized
PCM-TDM signal ready for line-coding and transmission.

0.55.3 The Transmission Channel and Regenerators

Once encoded, the serialized digital PCM-TDM bit stream is launched into a physical transmission medium. This
could be a twisted-pair copper wire, a long-haul coaxial cable, or a high-capacity optical fiber link. As these electrical
or optical pulses traverse vast distances, they invariably suffer from attenuation (a steady loss of signal energy) and
become smeared by dispersion and ambient electromagnetic noise.

To combat this, digital telecommunication relies on Regenerative Repeaters rather than simple analog amplifiers.
Strategically installed at intervals along the transmission route, these intelligent devices evaluate the incoming degraded
pulses, logically determine whether a ’1’ or a ’0’ was originally transmitted, and then actively synthesize and transmit
a brand-new, mathematically perfect pulse. This capability to repeatedly eliminate accumulated noise and distortion is
what allows digital PCM-TDM data to cross oceans with zero loss of information quality.

0.55.4 The Receiving End

Upon reaching the final destination exchange, the receiver system is tasked with executing the exact inverse sequence
of the transmitter’s operations to faithfully resurrect the original independent analog messages.

1. Decoder

The first operative block at the receiving terminal is the PCM Decoder. The decoder intakes the arriving sequence of
binary bits and processes them in multi-bit chunks (e.g., 8 bits at a time). It reverse-maps these binary words back into
their corresponding discrete voltage amplitudes, functionally operating as a high-speed Digital-to-Analog Converter
(DAC). The decoder’s output is a reconstructed version of the composite PAM-TDM signal.

2. The Decommutator (Demultiplexer)

This reconstructed multi-user PAM-TDM signal is subsequently fed into the decommutator. Mirroring the transmitter,
the decommutator is an electronic rotary switch that spins in absolute, precise synchrony with the transmitter’s
commutator. As it revolves, it grabs an incoming analog pulse off the main line and directs it to the appropriate
destination channel. The pulse from time slot 1 is routed to Output 1, the pulse from time slot 2 goes to Output 2,
and so forth.
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The Critical Role of Synchronization

A PCM-TDM network will experience catastrophic failure if the receiver’s decommutator falls out of step with the
transmitter. If the decommutator lags by merely a fraction of a microsecond, the channels misalign: User A might
suddenly hear User C’s private conversation. To prevent this, dedicated synchronization bits (framing bits) are
artificially injected into the data stream at the beginning of every frame. The receiver’s circuitry locks onto these
framing bits, ensuring perfect time-slot alignment throughout the transmission.

3. Reconstruction Low Pass Filters

When the decommutator routes a signal to a specific user, the resulting waveform is merely a sparse sequence of
disconnected amplitude spikes (samples), which does not resemble the smooth, original audio wave. The final requirement
is to pass these discrete spikes through a Reconstruction Low Pass Filter. This filter performs mathematical interpolation,
smoothing over the empty spaces between the abrupt voltage steps and generating a continuous, natural-sounding
analog waveform (71 (¢) through iy (¢)) that is virtually indistinguishable from the original input message.

0.55.5 System Capacity and Bit Rate Calculation

The primary engineering metric of a PCM-TDM system is its data throughput. We can mathematically determine the
requisite transmission data rate (bit rate, Rp) for a foundational PCM-TDM framework that multiplexes N analog
channels, given that each channel is sampled at a frequency of fs, and every discrete sample is quantized and encoded
into v bits.

o Number of samples generated per second by a single channel = f;
e Total number of samples generated per second across all N channels = N x f,

e Number of binary bits required to represent each sample = v

Hence, the absolute minimum digital transmission speed required to support the system (excluding extra framing
or control overhead) is defined as:

Ry, = N x v x fs (bits per second or bps) (48)

The E1 Carrier Standard

To contextualize this, consider the E1 Carrier System, the dominant digital transmission standard outside
North America. An E1 line multiplexes 30 individual voice channels alongside 2 dedicated channels used purely
for synchronization and signaling, resulting in N = 32 total time slots per frame. Each voice channel is sampled at
8 kHz (satisfying Nyquist for 3.4 kHz voice), and each sample is mapped to an 8-bit word.
Applying the formula:

Ry = 32 time slots x 8 bits/sample x 8000 samples/second

Ry, = 2,048,000 bps = 2.048 Mbps

This fundamental calculation demonstrates how a 2.048 Mbps digital pipe can effortlessly carry 30 simultaneous
high-quality phone conversations through a single physical wire utilizing the principles of PCM-TDM.

TDM |—{ PCM

Figure 103: TDM-PCM link block
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Figure 104: Telecom Exchange Multiplexing
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0.56 Electromagnetic (EM) wave spectrum

0.57 Electromagnetic (EM) Wave Spectrum, Frequency Bands, and Applications

The study of modern communication engineering fundamentally relies on the understanding and utilization of electro-
magnetic waves. Whether we are discussing radio broadcasting, mobile telephony, satellite links, or radar systems, all
these technologies harness specific portions of the electromagnetic spectrum to transmit information over distances
without the need for a physical conducting medium.

0.57.1 Fundamentals of Electromagnetic Waves

Before diving into the spectrum itself, it is crucial to understand what an electromagnetic wave is and the properties
that define its behavior in various environments.

Box[Electromagnetic Wave| An electromagnetic (EM) wave is a self-propagating transverse wave of oscillating

electric and magnetic fields. These two fields are always mutually perpendicular to each other and perpendicular to
the direction of wave propagation. Unlike mechanical waves (such as sound), EM waves do not require a material
medium and can travel through a perfect vacuum.

The behavior and application of any electromagnetic wave are determined by three fundamental interrelated
properties:

o Frequency (f): The number of complete wave cycles that pass a fixed point per second. It is measured in Hertz
(Hz).

o Wavelength (\): The physical distance over which the wave’s shape repeats, usually measured in meters (m).
It is the distance between two consecutive peaks or troughs of the wave.

o Wave Velocity (v or ¢): The speed at which the wave travels. In a vacuum, all electromagnetic waves travel at
the speed of light, denoted as ¢~ 3 x 10® meters per second (m/s).

Key Concept

Concept The relationship between frequency, wavelength, and the speed of light is given by the universal wave
equation:
c=fxA

This inverse relationship dictates that as the frequency of an electromagnetic wave increases, its wavelength
proportionally decreases. Furthermore, the energy (FE) carried by a single photon of an EM wave is directly
proportional to its frequency, expressed by Planck’s equation ¥ = hf, where h is Planck’s constant.

Calculating Wavelength for an FM Radio Station

Consider a local FM radio station broadcasting at a frequency of 98.3 MHz (Megahertz). To design a suitable
antenna for receiving this station, an engineer must first determine the wavelength of the signal.

Given: Frequency f = 98.3 MHz = 98.3 x 10% Hz Speed of light ¢ ~ 3 x 10® m/s

Using the wave equation:

)\_E_ 3 x 108
f 983 x 106

Thus, the wavelength of the radio signal is approximately 3.05 meters. This physical dimension is critical for antenna
design, as antennas are typically designed to be fractions of the wavelength (e.g., half-wave or quarter-wave).

=~ 3.05 meters

\

0.57.2 The Electromagnetic Spectrum

The electromagnetic spectrum is the continuous range of all types of electromagnetic radiation, organized by frequency
or wavelength. The spectrum encompasses everything from extremely low-frequency radio waves, which can have
wavelengths the size of mountains, to incredibly high-frequency gamma rays, with wavelengths smaller than the nucleus
of an atom.

While the spectrum is continuous, scientists and engineers divide it into several broad categories based on the
distinct physical behaviors of the waves and how they interact with matter:
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. Radio Waves: Spanning from 3 kHz to 300 GHz, radio waves are the primary workhorse of communication

systems. They are easily generated, can travel long distances, and penetrate typical building materials.

. Microwaves: A subset of radio waves (roughly 300 MHz to 300 GHz) with shorter wavelengths. Microwaves travel

by line-of-sight and can easily be focused into narrow beams by antennas, making them ideal for point-to-point
communication and radar.

. Infrared (IR): Occupying the region between microwaves and visible light, IR is widely used in short-range

communication (like TV remote controls) and optical fiber communications.

. Visible Light: The narrow band of the spectrum detectable by the human eye. Visible light communication

(such as Li-Fi) is an emerging technology domain.

. Ultraviolet (UV), X-Rays, and Gamma Rays: These are high-frequency, short-wavelength electromagnetic

waves. Due to their high energy, they are capable of ionizing atoms (removing electrons). While crucial in medical
imaging and treatments, they are not typically used for conventional telecommunications.

Ionizing vs. Non-Ionizing Radiation

\

It is important to distinguish between ionizing radiation (such as X-rays and Gamma rays) and non-ionizing
radiation (such as Radio waves, Microwaves, and Visible light). Ionizing radiation possesses sufficient energy to
break chemical bonds and damage living tissue (DNA). Therefore, telecommunication equipment, which relies
entirely on non-ionizing radio and microwave frequencies, does not carry the same biological risks as ionizing
radiation, provided power limits are strictly regulated.

0.57.3 Radio Frequency (RF) Bands and ITU Classifications

To manage the global use of the radio spectrum efficiently and avoid interference between different services, the
International Telecommunication Union (ITU) has standardized the division of the RF spectrum into distinct bands.

These bands are primarily classified logarithmically, with each band spanning a decade of frequency.

Below is a comprehensive breakdown of the standard ITU radio frequency bands, their wavelength ranges, and

primary application domains.
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Table 22: ITU Radio Frequency Bands and Applications

Band Number

Band Name

Frequency Range

Wayvelength Range

Primary
Appli-
cation
Domains

VLF (Very Low Frequency)

3 to 30 kHz

100 to 10 km

Submarine
commu-
nication,
heart rate
monitors,
geophysical
studies.

LF (Low Frequency)

30 to 300 kHz

10 to 1 km

Navigation
beacons,
AM  long-
wave broad-
casting,
RFID tags.

MF (Medium Frequency)

300 kHz to 3 MHz

1 km to 100 m

AM radio
broad-
casting
(medium-
wave),
maritime
ship-to-
shore
munication,
amateur
radio.

com-

HF (High Frequency)

3 to 30 MHz

100 to 10 m

Shortwave
broadcast-
ing, aviation
commu-
nication,
over-the-
horizon
(OTH)
radar,
global ama-
teur radio.

VHF (Very High Frequency)

30 to 300 MHz

10to 1 m

FM radio
broad-
casting,
television
broadcast-
ing, air
traffic
trol, marine

VHF radio.

con-

UHF (Ultra High Frequency)

300 MHz to 3 GHz

1 m to 10 cm

Mobile cellu-
lar networks,
Wi-Fi (24
GHz), Blue-
tooth, GPS,
television
broadcast-
ing, walkie-
talkies.

10

SHF (Super High Frequency)

3 to 30 GHz

10 to 1 cm

Satellite

COMM1l-
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0.57.4 Detailed Application Domains of Key Frequency Bands

Understanding why certain applications use specific bands requires analyzing the propagation characteristics of those
frequencies. Different frequencies interact uniquely with the Earth’s atmosphere, ionosphere, and physical obstacles.

Low Frequency (LF) and Medium Frequency (MF)

Frequencies in the LF and MF bands primarily propagate as ground waves. These waves can contour and follow the
curvature of the Earth, allowing for communication beyond the visual horizon.

e Maritime Communication: The reliability of ground wave propagation over seawater makes LF and MF ideal
for maritime and navigational beacons.

o« AM Broadcasting: Commercial AM radio operates in the MF band (roughly 535 kHz to 1605 kHz). The
relatively long wavelength allows AM signals to cover large regional areas, particularly at night when atmospheric
conditions change to allow some skywave propagation.

High Frequency (HF)

The HF band is famous for its skywave propagation capabilities. HF waves transmitted upwards are reflected or
refracted by the ionosphere (a layer of ionized gases in the Earth’s upper atmosphere) back down to Earth.

¢ Global Communication: Because skywaves can bounce between the ionosphere and the Earth’s surface multiple
times, HF signals can achieve global, intercontinental communication without the need for satellites or undersea
cables.

e« Amateur Radio and Broadcasting: "Shortwave' radio stations and amateur radio operators extensively use
the HF band to broadcast over thousands of kilometers.

Very High Frequency (VHF) and Ultra High Frequency (UHF)

Unlike HF, waves in the VHF and UHF bands are rarely reflected by the ionosphere; they punch straight through into
space. Therefore, these bands rely almost entirely on line-of-sight (LOS) propagation.

« FM Radio and TV Broadcasts: VHF and UHF signals can penetrate typical building walls and bend slightly
around large obstacles (diffraction), making them perfect for city-wide broadcasting of FM radio and television
channels.

e Cellular and Wireless Networks: The UHF band is the backbone of modern consumer electronics. Mobile
phone networks (LTE, 4G), Wi-Fi at 2.4 GHz, Bluetooth, and GPS all operate in the UHF spectrum. The shorter
wavelengths allow for compact, miniaturized antennas that fit conveniently inside mobile phones and laptops.

Super High Frequency (SHF) and Extremely High Frequency (EHF) - Microwaves

The SHF and EHF bands are commonly referred to as the microwave region. Propagation is strictly line-of-sight. At
these very high frequencies, waves behave much like beams of light; they can be blocked by buildings, hills, and even
heavy rain (rain fade).

¢ Satellite Communications: Because these frequencies easily penetrate the ionosphere without reflection, SHF
is ideal for communicating with satellites orbiting the Earth. Direct-broadcast satellite television and deep-space
communications operate in this domain.

e« Radar Systems: The extremely short wavelengths allow for highly directional antennas and the ability to detect
small objects. Air traffic control radars, weather radars, and military targeting systems operate primarily in the
SHEFE' band.

e 5G and Future Communications: As lower frequency bands become heavily congested, telecommunication
engineers have pushed into the EHF band (specifically millimeter waves or mmWave) to deploy 5G cellular
networks. While the range is significantly shorter and signals can be blocked by foliage or hands, the available
bandwidth in the EHF band is massive, enabling multi-gigabit data transfer speeds.
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Figure 105: The Electromagnetic Spectrum highlighting the relationship between frequency, wavelength, and radiation

types.

0.57.5 Summary of Spectrum Allocation and Regulation

Given that the electromagnetic spectrum is a finite and incredibly valuable natural resource, it must be carefully
managed to prevent chaos and interference. If two different services—for example, a television station and a mobile

network—were to broadcast on the exact same frequency in the same geographical area, their signals would interfere,

making both unusable.
To prevent this, regulatory bodies (such as the FCC in the United States, TRAI in India, and the overall global
framework set by the ITU) strictly allocate specific frequency bands for designated purposes. Engineers designing

antennas and communication devices must strictly adhere to these allocations, ensuring their equipment operates only

within the designated frequency boundaries and does not emit spurious out-of-band signals.

N
P

Figure 106: Simple dipole antenna radiation pattern block

ATl Image Placeholder: A large parabolic dish antenna aiming at the stars

Figure 107: Parabolic Dish Antenna

Figure 108: Tx to Rx antenna path block



https://milav.in

AT Image

Placeholder: Yagi-Uda antenna mounted on a rooftop against]

Figure 109: Yagi-Uda Antenna Sunset

a sunset



https://milav.in

	Acknowledgments
	About the Author
	Block diagram of Analog and Digital communication system
	Block Diagram of Analog and Digital Communication Systems
	Analog Communication System
	Digital Communication System
	Comparison between Analog and Digital Communication

	Modulation: Definition & its classification
	Modulation: Definition and Classification

	Mathematical Expression
	Mathematical Expression of AM
	Defining the Baseband and Carrier Signals
	Derivation of the AM Equation
	Frequency Spectrum of AM
	Power Relations in an AM Wave
	Transmission Efficiency

	Waveform and Frequency Spectrum for DSBFC and SSBSC
	Waveforms and Frequency Spectra of DSBFC and SSBSC Amplitude Modulated Waves
	Double Sideband Full Carrier (DSBFC)
	Single Sideband Suppressed Carrier (SSBSC)
	Comparative Analysis Summary

	Modulation Index and Power saving in SSB
	Modulation Index, Carrier Power, Modulated Signal Power, and Power Saving in SSB

	Mathematical representation of FM wave
	Mathematical Representation of FM Wave, Modulation Index, Bandwidth, and Frequency Spectrum
	Introduction to Frequency Modulation (FM)
	Mathematical Representation of an FM Wave
	Frequency Deviation and Modulation Index
	Bandwidth of an FM Wave
	Waveforms of Frequency Modulation
	Frequency Spectrum of an FM Wave

	Definition of phase modulation
	Definition of Phase Modulation
	Introduction to Angle Modulation
	Concept and Formal Definition
	Mathematical Representation of Phase Modulation
	Modulation Index and Phase Deviation
	Instantaneous Frequency and Frequency Deviation in PM
	Waveform Analysis of Phase Modulation
	Indirect Generation: Interoperability of PM and FM
	Comparison: Phase Modulation vs Frequency Modulation
	Advantages, Disadvantages, and Applications of Phase Modulation

	Compare AM and FM
	Comparison of Amplitude Modulation (AM) and Frequency Modulation (FM)
	Fundamental Mechanisms
	Key Technical Parameters for Comparison
	Summary Comparison Matrix
	Real-World Applications and Selection Criteria

	Characteristic of radio receiver
	Characteristics of Radio Receivers
	Sensitivity
	Selectivity
	Fidelity
	Image Frequency and Image Frequency Rejection
	Summary of Receiver Characteristics

	Super heterodyne receiver
	Block Diagram and Working of Superheterodyne Receiver
	Intermediate Frequency (IF) Selection
	Image Frequency and its Rejection

	Envelope detector using diode
	Envelope Detector Using Diode
	Introduction to Envelope Detection
	Circuit Construction
	Working Principle
	Selection of RC Time Constant
	Practical Considerations and Modifications
	Advantages and Disadvantages

	Block diagram of basic FM receiver
	Block Diagram of Basic FM Receiver
	System Architecture
	1. Receiving Antenna
	2. Radio Frequency (RF) Amplifier
	3. Mixer and Local Oscillator (LO)
	4. Intermediate Frequency (IF) Amplifier
	5. Amplitude Limiter
	6. FM Discriminator (Demodulator)
	7. De-emphasis Network
	8. Audio Frequency (AF) Amplifier and Speaker
	Comparison between AM and FM Receivers

	Principal of FM demodulators
	Principal of FM Demodulators
	Core Requirements of an Ideal FM Demodulator
	Basic Principles of Frequency-to-Voltage Conversion
	Common Types of FM Demodulators

	Signals and its representation
	Signals and Their Representation
	Analog and Digital Signals
	Standard Signal Waveforms

	Statement of sampling theorem
	Statement of Sampling Theorem
	Mathematical Representation of Sampling
	Frequency Domain Analysis and Sampling Scenarios
	Nyquist Rate and Nyquist Interval
	The Indispensable Role of Anti-Aliasing Filters
	Comparison of Sampling Conditions
	Final Summary of Sampling Theorem Protocol

	Nyquist rate and interval
	Nyquist Rate and Interval
	The Nyquist-Shannon Sampling Theorem
	Understanding the Nyquist Rate
	Understanding the Nyquist Interval
	Sampling Scenarios and Aliasing
	Real-World Analogy: The Wagon-Wheel Effect
	Numerical Examples
	Real-World Application: Digital Audio (CD Quality)
	Summary

	Aliasing error and sampling types
	Aliasing Error, Under-sampling, Over-sampling, and Critical Sampling
	Under-sampling and the Aliasing Error
	Critical Sampling (The Nyquist Rate)
	Over-sampling
	Frequency Domain Visualization
	Summary and Comparison

	Ideal, Natural and flat top sampling
	Types of Sampling: Ideal, Natural, and Flat-Top Sampling
	Ideal Sampling (Impulse Sampling)
	Natural Sampling (Chopper Sampling)
	Flat-Top Sampling
	Comparison of Sampling Techniques

	Concept of Quantization
	Concept of Quantization
	The Mechanics of Quantization
	Types of Quantization
	Quantization Error (Quantization Noise)
	Signal-to-Quantization Noise Ratio (SQNR)
	Step-by-Step Summary of the Quantization Workflow

	Classification of quantization
	Classification of Quantization
	Uniform Quantization
	Non-Uniform Quantization
	Adaptive Quantization
	Scalar vs. Vector Quantization
	Summary Comparison

	Pulse Modulation techniques
	Pulse Modulation Techniques: PAM, PWM, and PPM
	Pulse Amplitude Modulation (PAM)
	Pulse Width Modulation (PWM)
	Pulse Position Modulation (PPM)
	Waveform Representations
	Summary Comparison

	PCM transmitter and receiver
	Pulse Code Modulation (PCM)
	PCM Transmitter
	The Transmission Channel and Regenerative Repeaters
	PCM Receiver
	Bandwidth Requirement of PCM
	Merits and Demerits of PCM

	Features of PCM
	Advantage, Disadvantage and Application of PCM

	Delta Modulation
	Delta Modulation (DM)
	Block Diagram of Delta Modulation Transmitter
	Block Diagram of Delta Modulation Receiver
	Waveforms of Delta Modulation
	Advantages of Delta Modulation

	Disadvantage of DM
	Disadvantages of Delta Modulation (DM): Slope Overload and Granular Noise

	Adaptive Delta Modulation
	Adaptive Delta Modulation (ADM)
	Differential PCM
	Differential Pulse Code Modulation (DPCM)
	The Principle of DPCM
	DPCM Transmitter (Encoder)
	DPCM Receiver (Decoder)
	Predictor Design and Mathematical Model
	Advantages and Disadvantages of DPCM
	Comparative Analysis: PCM vs. DPCM

	Comparison of modulation techniques
	Comparison between PCM, DM, ADM, and DPCM
	Recap of the Modulation Schemes
	Parameter-by-Parameter Comparison
	Comprehensive Comparison Matrix
	Engineering Applications and Selection Criteria

	Concept of Time division digital multiplexing
	Concept of Time Division Digital Multiplexing and TDM Frame
	The Principle of TDM
	Synchronous vs. Asynchronous (Statistical) TDM
	Concept of the TDM Frame
	Bit Interleaving vs. Word Interleaving
	Digital Carrier Systems: T1 and E1
	Synchronization and Framing Challenges
	Summary

	Block diagram of basic PCM-TDM system
	Block Diagram of Basic PCM-TDM System
	Why Combine PCM and TDM?
	The Transmitting End
	The Transmission Channel and Regenerators
	The Receiving End
	System Capacity and Bit Rate Calculation

	Electromagnetic (EM) wave spectrum
	Electromagnetic (EM) Wave Spectrum, Frequency Bands, and Applications
	Fundamentals of Electromagnetic Waves
	The Electromagnetic Spectrum
	Radio Frequency (RF) Bands and ITU Classifications
	Detailed Application Domains of Key Frequency Bands
	Summary of Spectrum Allocation and Regulation




