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Preface

With the use of machine learning (ML), which is a kind of artificial intelligence (Al), software
programmes may anticipate outcomes more accurately without having to be explicitly
instructed to do so. In order to forecast new output values, machine learning algorithms utilize
past data as input. picture recognition, which is a technique for cataloguing and recognizing an
item or feature in a digital picture, is one of the most renowned machine learning applications.
Further analysis using this method includes face detection, pattern recognition, and face
recognition.

Today's technology has made machine learning a buzzword, and it is developing extremely
quickly. Without even realizing it, we use machine learning every day in applications like
Google Maps, Google Assistant, Alexa, etc. The following list of the top machine learning real-
world applications includes: The use of machine learning in Image identification, Speaking
Recognition, Traffic forecast, Real-time car position provided by sensors and the Google Maps
app., Product recommendations: Various e-commerce and entertainment firms, like Amazon,
Netflix, etc., employ machine learning extensively to propose products to users. Because of
machine learning, if we look for a product on Amazon, we begin to see advertisements for the
same product when using the same browser to explore the internet. Self-driving automobiles:
Self-driving cars are one of the most intriguing uses of machine learning. Self-driving vehicles
heavily rely on machine learning. The most well-known automaker, Tesla, is developing a self-
driving vehicle. In order to train the automobile models to recognize people and objects while
driving, unsupervised learning was used. Email spam and malware filtering: Every time we get
a new email, it is immediately classified as spam, important, or both. Machine learning is the
technology that enables us to consistently get essential emails marked with the important sign
in our inbox and spam emails in our spam box. For email spam filtering and virus identification,
certain machine learning methods are utilized, including Multi-Layer Perceptron, Decision
tree, and Nave Bayes classifier.

Virtual Personal Assistant: We have many virtual personal assistants, including Siri, Alexa,
Cortana, and Google Assistant. They assist us in discovering the information using our voice
commands, as the name says. Our voice commands to these assistants, such as "Play music,"
"Call someone,"” "Open an email," and "Schedule an appointment,” among others, may support
us in a variety of ways. Machine learning algorithms are a key component of these virtual
assistants. Every time we conduct an online transaction, there may be a number of methods for
a fraudulent transaction to occur, including the use of fictitious accounts and identification
documents and the theft of money in the midst of a transaction. In order to identify this, Feed
Forward Neural Network assists us by determining if the transaction is legitimate or fraudulent.
Machine learning is utilized in medical research to diagnose disorders. As a result, medical
technology is developing quickly and is now able to create 3D models that can pinpoint the
precise location of tumours and other conditions connected to the brain.

Dr. Saurav Ganguly
Editor
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CHAPTER 1
INTRODUCTION EMBEDDED Al PROCESSOR

Ms. Akshaya M Ganorkar
Assistant Professor, Department of Electronics and Communication Engineering,
Presidency University, Bangalore, India
Email 1d- akshayamganorkar@presidencyuniversity.in

A computer and software combination created for a particular purpose is an embedded system.
Additionally, embedded systems may operate as part of a bigger system. The systems may be
programmable or may only perform certain functions. An embedded system may be found in
industrial machinery, consumer electronics, agrarian and handling industry equipment,
automobiles, medical devices, cameras, digital watches, home appliances, aero planes, vending
machines, toys, and mobile devices. Artificial intelligence (Al) transitions from lab to production
environments, it is typically seen as a massive computing solution. In the eyes of the general
public, artificial intelligence (Al) consists of sophisticated algorithms that handle enormous
volumes of data obtained from hyper scale cloud resources. As a result, business processes and
model will undergo deep, revolutionary changes, But now, a new kind of Al has appeared, one
that is more focused on the individual and less global. It's known as embedded Al, and because it
resides on the hardware, Sock, and even the processor itself, it is disseminated widely by design,
especially at the edge [1].

An embedded system is a computer system with a specific purpose within a larger mechanical or
electronic system. It consists of a processor, computer memory, and input/output peripherals. It is
incorporated into a full gadget that frequently also contains mechanical and electrical components.
An embedded system frequently has real-time computing limitations since it typically controls the
operation of the machine it is embedded within. Today's commonplace devices are controlled by
embedded systems. Digital watches and MP3 players are examples of small embedded systems.
Larger embedded systems include household appliances, professional assembly lines, robotics,
transport vehicles, stoplight controls, and medical imaging systems. They frequently function as
components of other devices, such as the avionics in aeroplanes and the astrionics in spacecraft.
Numerous embedded systems that are networked together are essential to larger buildings like
factories, pipelines, and electrical grids. Embedded systems, like programmable logic controllers,
commonly combine their functional parts through software customisation. The complexity of
embedded systems can range from very low, with a single micro controller, to very high, with
numerous units, peripherals, and networks. These networks may be spread out over a large
geographic area connected by long-distance communications lines, or they may be housed in
equipment racks [2]-[4].

Working of embedded system

The word "embedded" refers to the fact that embedded systems always operate as a component of
an entire device. Small computers that are embedded in other mechanical or electrical systems are
low-cost and power-efficient. They typically include a CPU, a power source, memory, and
communication interfaces. Embedded systems employ communication ports to send data via a
communication protocol between the CPU and peripheral devices, which are frequently other
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embedded systems. This data is interpreted by the processor with the aid of simple memory-stored
software. Typically, the software is quite specialized for the purpose the embedded system serves

[5].

A microprocessor or MCU might be the processor. Microcontrollers are merely microprocessors
with built-in memory and external ports. Memory and peripherals are not built into
microprocessors' chips; instead, they are used in separate integrated circuits. Both can be
employed, however because microprocessors are less integrated than microcontrollers, they often
need additional support circuitry. Systems on a chip (SoC) is a common phrase. On a single chip,
SoCs house several processors and interfaces. For embedded systems with great volume, they are
frequently employed. Application-specific integrated circuits (ASIC) and field-programmable gate
arrays are a few of examples of SoC kinds (FPGA).

Real-time operating systems (RTOS) are used by embedded systems to interact with the hardware
in real-time operating environments. Designers have increasingly determined that near-real-time
techniques are appropriate at greater levels of chip capacity and that the jobs are tolerant of minor
fluctuations in reaction time. In these situations, reduced-feature Linux operating systems are
frequently used, however other operating systems, such as Ambient Java and Windows IoT, have
also been reduced for use on embedded devices (formerly Windows Embedded) [6].

Characteristics of embedded systems

Embedded systems' primary attribute is their being task-specific. The following qualities can also
be present in embedded systems:

e Generally comprise hardware, software, and firmware; can be integrated into a bigger
system to carry out a specific duty since they were designed for certain system-specific
tasks rather than a variety of activities;

e They are often used for sensors and real-time computing in Internet of Thing (1oT) devices,
which are internet-connected devices that do not require a person to operate; can be either
microprocessor-based or arduino nano both are integrated circuits that offer the system
compute power; can differ in function and complexity, affecting the software, firmware,
and hardware they utilize; they frequently need to fulfil their role within a time limit to
maintain the functionality of the larger system.

The Apollo Guidance Computer, created in 1965 by Charles Stark Draper of the MIT
Instrumentation Laboratory, was one of the earliest clearly contemporary embedded systems. The
Apollo guidance computer, which used then-recently invented monolithic computer chips to
minimise the smartphone's size and weight, was once regarded as the riskiest component of the
Apollo project. The 1961-released Autonetics D-17 missile guidance computer was an early
example of a mass-produced embedded system. The D-17 was replaced with a new computer when
the Minuteman Il began into production in 1966, marking the first large-scale application of
integrated circuits. Since these early uses in the 1960s, embedded systems' costs have decreased
and their popularity has increased rapidly.
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CHAPTER 2

STRUCTURE OF EMBEDDED SYSTEMS

Dr. Anilloy Frank
Professor, Department of Electronics and Communication Engineering,
Presidency University, Bangalore, India
Email Id- anilloy@presidencyuniversity.in

An embedded system is a computer system—a combination of a computer processor, computer
memory, and input/output peripheral devices—that has a dedicated function within a larger
mechanical or electronic system. Although embedded systems' complexity varies, they typically
include three key components:

Hardware

The hardware of embedded systems is designed around microcontrollers. A microprocessor, like
a microcontroller, combines a central processing unit (CPU) with other basic computing
components including sd card and digital signal processors. (DSPs). Microcontrollers have a single
chip that houses all of the components. Hardware is any tangible component of a computer system
that includes an electronic circuit, integrated circuits (ICs), and other electronics. Hardware in
action is the screen you are viewing this website on. Whether it's a monitor, tablet, or smartphone,
it's hardware since a system wouldn't be and software couldn't function without it. The image
displays a Logitech camera as an example of a device interface device. Using these gadgets, users
may take pictures or videos and post them online [1] .

Software and firmware

Software, sometimes known as computer instructions, Software is the collective name for all of
the programmes, directives, and operations that make up a computer system. The word was coined
to distinguish these instructions from the hardware, or the physical components of a computer
system, in question. A collection of instructions called a programmer, or software coders, tells an
operating system how to do a task. The two main types of software are system software &
application software. The operating system controls a computer's core operations, together with
peripherals like displays, scanners, and storage devices. These peripherals are also under the
control of system software. On the other hand, application software, which is frequently known to
as any programs that processes the data on the user's behalf, tells the computers to carry out
subscriber orders. Applications include word processors, spreadsheets, data analysis tools,
inventory and payroll, and many more. The third type of software is network software, which
controls communication between computers linked to a network [2]-[5].

The two main types of software are system software and application software. The operating
system controls a computer's core operations, together with peripherals like displays, scanners, and
storage devices. These peripherals are likewise under the control of system software. On the other
hand, application software is any programmer who processes data on behalf of the user and tells
the device to carry out customer orders. Applications include word processors, spreadsheets,
business intelligence, inventory and payroll, among many more "applications." The third type of
software is network software, which controls communication between computers linked to a
network. To make a piece of gear work as planned, firmware, a type of software, is directly

ISBN 978-81-962230-5-2 March 2023



Machine Learning Applications

embedded into the machine. The manufacturer codes the firmware for a digital gadget and instals
it right away in the production plant. Every electrical device includes firmware [6].

Firmware microcode, which itself is accessible in a range of complexity levels, is required by both
more complex digital devices like connected autos and simpler ones like laptops. When a device
is turned on, the firmware issues directives to the CPU. Your firmware continues to operate even
if the hardware is as simple as a keyboard since software cannot take its place.

Real-time operating system

A real-time operating system is an Operating System (OS) for various applications that processes
events and information within precisely defined time limitations RTOS (real-time operating
system). A time-sharing software, like UNIX, manages how system resources are distributed in a
multiprogramming or gaming setting using a schedule, storage buffers, or set task priority. An
RTOS is different from this. It's crucial to fully understand and maintain processing time demands
to a minimum, rather than just keeping them at all. All processing shall be contained within the
defined limits. Real-time operating systems that are event-driven and preemptive can change task
priorities while monitoring the pertinent objectives of opposing activities. They are typically
absent from embedded systems, especially for smaller-scale systems. RTOSes define how the
system works by managing the software and setting standards for programmer execution [7]. They
are often missing in embedded systems, especially in smaller-scale systems. By controlling the
software and establishing guidelines for programmer execution, RTOSes dictate how the system
will function.

Sensors

A sensor is a device that picks up input from the physical universe and reacts to it. Light, heat,
speed, moisture, pressure, and a variety of other environmental disasters can all be inputs.

Analog-to-digital (A-D) converters

Analogue-to-digital converters, or ADCs, enable digital logic devices like Arduinos, Raspberry
Pis, and other microprocessor-controlled circuits to communicate with the outside world. Because
analogue signals in the real world come from a variety of sources or sensors that can track sound,
light, warmth, or movement, many modern computers communicate with their environment
through detecting the analog inputs from all these transducers. Analogue-to-Digital Converters
(ADCs) allow digital logic circuits in microprocessor-controlled devices like Adafruit, Raspberry
Pis, and other similar products to communicate with the outside world. Analog signals have
numbers that are continually changing and can assess audio, light, heat, or mobility in the real
environment. These analogue signals are often used by digital systems to interact with their
environment.

Processors

The computations for a computer are performed by an integrated electrical circuit known as a
processor. Basic operating system instructions, such as logical, input/output (1/0), or other
activities, are carried out by a CPU (OS). The operations of a processor are relied upon by the mass
of other processes. The terms processor, a central processing unit (CPU), and processor are
frequently used interchangeably. Since a computer's CPU is merely one of its processors, the words
"chip" and "CPU" are frequently interchangeable in today's society (PC).
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CHAPTER 3
DIGITAL-TO-ANALOG (D/A) CONVERTERS

Mrs. Renuka Bhagwat
Assistant Professor, Department of Electronics and Communication Engineering,
Presidency University, Bangalore, India
Email 1d- renuka@presidencyuniversity.in

Music players frequently employ DACs to transform digital data streams into analogue audio
signals. They also transform digital video data into analogue video signals for usage in televisions
or mobile phones. At opposing extremes of the frequency/resolution trade-off, these two
applications employ DACs. While the video DAC is a high-frequency, low- to medium-resolution
kind, the audio DAC is a low-frequency, elevated type. All but the most specialized DACs are
built as integrated circuits because to the complexity and requirement for perfectly matched
components (ICs). These often come in the form of mixed-signal MOS integrated circuit chips,
which combine analogue and digital circuitry [1] .

Actuators

A machine's actuator is the part in charge of moving and controlling a mechanism or system, for
as by opening a valve. It is a "mover," to put it simply. A control mechanism (operated by a control
signal) and an energy supply are necessary for an actuator. The control signal has a low energy
level and can be produced by electrical or current, pneumatic or hydraulic density of the fluid, or
even by human force. Electric current, hydraulic pressure, or peripheral device are all potential
sources of power for it. Typically, the check valve is a valve. An actuator responds to a control
signal by transforming the energy of the source into mechanical motion. It is a type of automation
or automated control in the electric, hydraulic, and pneumatic senses [2].

Types of embedded systems

There are a few fundamental types of embedded systems, and each has unique functional needs.
As follows:

Real-Time Embedded Systems

Real-time systems are ones that operate under stringent time limitations and give a worst-case time
estimate under urgent circumstances. A specific function is performed by embedded systems
within a much bigger system. Whenever a real-time system contains an embedded component, it
is referred to as a real-time embedded system. A system called a "real-time system" is utilized to
carry out some particular activities. It is a computing system used for a variety of real-time, hard
and soft activities. These particular tasks have a time component. Real-time systems have been
given tasks that must be finished in a specific amount of time. Embedded Systems are mesh
networking made up of a certain function's hardware and software from a computer. It may be
described as a special computer system created with a specific purpose in mind. However, they are
embedded systems rather than conventional computers, which may operate on their own or be
connected to bigger systems to perform a limited number of specified tasks [3]-[5]. When a system
is required to do its task and provide its service promptly, it is said to be real-time. The application
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software is managed by real-time operating systems, which also provide a framework to enable
processor operation. The physical components of a computer and the host programmers that run
on it are managed by the Real Time operating system [6]. An RTOS is specifically created to
operate programmes with a high level of dependability and extremely accurate timing. This is
crucial, especially in measurement and industrial automated systems where downtime is expensive
or when a delay in a programme might endanger safety.

Standalone embedded system

Standalone embedded systems are embedded systems that run without the assistance of a host
system. Much like every other embedded system, they carry out a specified task. They are not
required to be a component of a host system, unlike others. This could resemble a calculator. This
kind of embedded system operates autonomously and displays data on the associated device, thus
a host computer is not required. Signals are taken from the interfaces and processed there, whether
they are analogue or digital. After sufficient calculation and conversion, the final result is shown
on a linked device. These systems provide excellent flexibility and efficiency despite being
autonomous. Examples of standalone embedded systems include washing machines, mobile
phones, MP3 players, and wristwatches.

Network Embedded Systems

When a software is executing on another device, a network is established. It is known as a network
embedded system, and the operating system is controlled by a microprocessor or controller. This
system is linked to a LAN or WAN network. The link can function whether it is cable or wireless.
The whole network may be accessed and managed using a web browser. In any corporation or tech
park, all connections are established through a common network and are controlled by a single set
of security mechanisms.

Mobile embedded systems

Any mobile device is referred to as a "mobile embedded system." Although its capacity and
functionality are constrained, many users nevertheless profit from its portable design and useful
features. The easiest examples to link are cell phones, computers, and calculators. Security systems
for homes and businesses are made up of a network of sensors, webcams, alarms, as well as other
embedded systems that collect data on the inside and exterior of a facility and utilize it to warn
users of odd, possibly harmful disruptions nearby. Network links to a host computer and a
computer controlled by the bank are necessary for an ATM to accept and allow withdrawals,
balance enquiries, deposits, and other bank requests. POS systems are made up of networks of
several workstations and a system that records customer transactions, sales income, and other data
pertaining to customers.

Small-scale, medium-scale, and large-scale embedded systems

An 8-bit or 16-bit micro-controller is used in the creation of small scale embedded systems.
Batteries may be used to power them. The processor only needs a little amount of memory and
computing power. Generally speaking, these systems do not function as autonomous systems;
rather, they function like any computer system component, but they are not computationally
intensive or task-focused.
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A micro-controller with 8 bits or 16 bits is used to develop small scale embedded systems. They
could be battery-powered. Very little/limited memory and processing speed resources are used by
the CPU. The majority of the time, these systems don't function as standalone units; instead, they
function as almost any component of a computer system, but they aren't specifically programmed
to perform calculations.

Sophisticated or Complex or Large Embedded Systems

Multiple 32-bit or 64-bit micro-controllers are used in the creation of sophisticated or complex
embedded systems. These systems were created to carry out intricate tasks on a huge scale. These
systems have complicated hardware and software. To create finished systems or hardware goods,

we use both software as well as hardware.
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CHAPTER 4

MICROPROCESSOR

Mrs. Renuka Bhagwat
Assistant Professor, Department of Electronics and Communication Engineering,
Presidency University, Bangalore, India
Email Id- renuka@presidencyuniversity.in

Computers' computer chips are Central Processing Units (CPUs) made of a single Integrated
Circuit (IC). A microcomputer is a device that accepts digital data as an input and processes it
using a single Hardware microprocessor. It is an electrical device that accepts binary along with
the instructions and generates the results. It is also programmable, multipurpose, clock-driven, and
register-based. It reads binary instructions from memory, a backup system. The microprocessor is
made up of millions of tiny components such diodes, registers, and diodes that all function
together. Image 1. representing the microprocessor's block diagram (Figure 1) [1].

Input
Device

f Microprocessor \

ALU

: Output

»

Register Array

¥

Memory
Unit

Figure 1. Representing the block diagram of Microprocessor.

A microprocessor is made up of the control unit, the ALU, and the register array where logic and
arithmetic operations are used by the ALU to process data from such a store or input device. The
control module of the computer manages the flow of commands and data. In addition, the register
array consists of the accumulator and the registers B, C, D, E, J, and L.

Microcontroller

A circuit board (IC) element known as a microcontroller regulates other electronic system
components, frequently using a memory, ports, and a microprocessor (MPU). These devices are
intended for embedded applications that require computing resources as well as immediate, precise
communication with electrical, digital, or analogue components. The abbreviation "MCU," which
stood for "micro controller,” is also widely used to refer to this class of computer chips, even
though "micro - controller” is the name used to describe them most frequently. On rare occasions,
you could also run into "C" (in which the Greek letter mu is used in lieu of "micro™) [2].
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Since "Microcontroller” emphasises the specific features of this product category, the title is
suitable. The word "micro” emphasizes smallness, but the phrase "micro” in this context implies a
larger capacity for carrying out control functions. As was already said, this ability is created by
combining a computer's CPU and memory with additional hardware designed specifically to make
interaction between the microprocessor and other components easier.

Difference between Microcontrollers vs. Microprocessors

Although a "microprocessor” or "MPU" is sometimes used to refer to a microcontroller, these two
parts are not always the same. Computer chips and microcontrollers are both small, tightly
integrated computer systems, although their purposes might differ. A microchip is a component
that executes all of a processor's features on a single integrated circuit. A processor is a system
that consists of a main processing unit and (optionally) some memory. Microcontrollers, on the
other hand, place more emphasis on auxiliary hardware components that allow the device to run a
system rather to only processing commands and storing data. Using the phrases "computer chip”
and "microcontroller” together is not a major concern when we're conversing informally or trying
to avoid speaking the same phrase repeatedly. [3].

The Elements of a Microcontroller

A central processor unit (CPU), nonvolatile memories, volatile childhood memories, peripherals,
and support circuitry make up a microcontroller.

The Central Processing Unit

In accordance with the set of instructions provided by the programmer, the CPU performs
mathematical operations, manages data flow, and generates control signals. The extraordinarily
complex circuitry required for CPU operation is invisible to the designer. Actually, integrated
platforms and high-level technologies like C make writing code for the Arduino microcontroller a
frequently quite straightforward task.

Memory

Nonvolatile memory stores the microcontroller's programmer, a (sometimes extremely large)
collection of assembly instructions that tell the CPU what to perform commonly hear the term
"Flash," which refers to a specific kind of nonvolatile data storage, used in place of the phrase
"nonvolatile memory.” RAM or volatile memory is where transient data is kept. This information
is lost if the microcontroller loses power. Internal registers are yet another place to store temporary
data, but as they are a component of the CPU, we do not classify them as a distinct functional block

[1], [4]-6]-
Support Circuitry

The numerous functional components that microcontrollers incorporate cannot be classified as
peripherals since their primary duty is not to operate, supervise, or link with external components.
The fact that they simplify implementation, speed up development, and enable the device's internal
operation despite this makes them essential.

Debug circuitry
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The programmer may see the microcontroller carefully as it performs commands thanks to debug
circuitry. This is an essential technique for identifying errors and enhancing firmware
performance, and it is occasionally necessary.

Interrupts

Interrupts are a key practical aspect of microcontroller operation. In reaction to internal or external
device events, the CPU reacts to interrupts by swiftly executing a predetermined set of instructions.
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Embedded software is a type of software that is included in hardware and other non-PC devices.
The device has limited memory and processing capability because to its low computational power
and is typically designed specifically for the hardware it uses. Some examples of programming
code include factory robots, GPS-only gadgets, numerous calculators, and even modern smart
watches. Firmware and embedded software are equivalent since they frequently carry out the same
tasks. The latter, however, is a special category of programming code that is placed in memory
(like ROM or EPROM), cannot be easily updated, and is mostly used for running or starting the
device. In contrast, embedded software controls the device's overall operation. And it can be quite
complex or really simple, like the apps was using to control lighting in dwellings, the software that
controls all of the electronic parts in a smart connected car, complete mostly with forecast controls,
instantaneous cruising, collision sensors, and navigation, can operate on a seven bit
microcontroller only with just few kilobytes of memory [1].

Complex embedded software is used in fighter jet fly-by-wire systems, avionics systems for
aircraft, and sometimes even missile guidance systems. Application software operates on top of a
real complete OS to give the capabilities and operations of a computer with less resource
constraints. On the other hand, embedded software is often bound to a particular device, acting as
the OS altogether, with restrictions connected to that device's requirements, so patches and
additions.

Challenges of Software Development for Embedded Systems

The fact that embedded software is so closely linked to the hardware presents the main challenge
in its development. This might hinder the development process in a number of ways.

Parallel Development

Embedded systems software refers to specialized software applications in portable systems that
facilitate the machines' operation. The software oversees systems and hardware. The main
objective of embedded systems programming is to control the functioning of a collection of
hardware parts while maintaining the desired efficiency or function of those parts. Operating
systems for computers are analogous to software for embedded devices. Software for embedded
systems handles a variety of devices and ensures their correct operation, just how windows
operating systems oversee software developers. Based on predefined parameters, these
programmers should work independently and without human involvement. [2].

Collaboration between Teams

The software dev team must be informed about and given access to any hardware adjustments.
The operation of the physical infrastructure and that of software are closely intertwined. As a
result, if the hardware's automation, response time, or register bit position changes, the programme
might make mistakes. Important updates cannot be overlooked through email or via chat if teams
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cannot communicate inside their toolbox. It is essential to create a system that will assist everyone.
In this way, users are constantly informed of the condition of the design, the version of design that
their programming was tested on, and any alterations that could have an impact on how the
software functions.

Traceability

Dynamic or transient changes in the underlying hardware must be taken into account by the
software team. Furthermore, errors are easy to make when teams are collaborating fast. Assuring
compatibility between hardware components and software adapters or interfaces may also be
challenging; patching or bug patches in the field require knowledge of the particular software that
was installed. Because of this, traceability is essential when building software for embedded
systems. It ensures quality, lowers security risk, and ensures that criteria are fulfilled [3].

Al Processor

Artificial intelligence is the ability of robots to duplicate or enhance human intellect, such as
reasoning, experience-based learning (Al). Artificial intelligence is being applied in a variety of
various products and services, despite having been used in computer programming for a very long
time. To recognised the objects in an image, certain digital cameras, for instance, utilise artificial
intelligence algorithms. Experts predict that in the future, ai systems will be used in smart energy
systems and many other cutting-edge applications. Al uses techniques from probability theory,
economics, and algorithm design to resolve problems in the real world. The field of Al also makes
use of mathematics, linguistics, psychology, and computer science. While computer science
provides tools for inventing and constructing algorithms, mathematics provides techniques for
describing and solving the resulting optimization problems [1], [2], [4].

Given the attention that contemporary artificial intelligence is receiving, it is easy to forget that
the field is not wholly new. Al has been through a number of various phases, depending if the
objective was to demonstrate logical theorems or make an effort to use neurology to simulate the
human mind. Computer pioneers like Alan Turing and John von Neumann performed the early
investigations of artificial intelligence in the late 1940s. However, in 1956, researchers showed
that if a computer were given limitless memory, it could solve any problem, which was a
significant turning point in the development of artificial intelligence. As a result, the ‘Problem
Solver programme was developed.

The next two decades of research centred on applying artificial intelligence to tackle real-world
problems. As a product of this progress, expert systems were developed, which allow machines to
profit from their past mistakes and make predictions based on collected data. Expert systems may
be trained to spot patterns in the information and make inferences from it, although lacking the
complexities of human brains. They are now widely used both industrial and medicinal settings.
A second crucial turning point in history occurred in 1965 with the development of programmes
like Shakey the robot as ELIZA that automated fundamental human-machine communication. The
foundation for later speech processing advancements including Siri and Alexa was built by these
early voice search programmes [5]-[7].

After a decade of little progress, curiosity peaked in the late 1980s. The major forces behind this
renaissance were assertions that computers were beating humans in "narrow" tasks like playing
chess or checkers, as well as advancements in computer speech recognition and image processing.
This time, the emphasis was on developing systems that could understand and adapt to real-world
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data with minimal assistance from humans. These modifications lasted progressively until 1992,
when interest began to pick up again. First, advances in processing speed and data storage have
stoked interest in the study of artificial intelligence. The middle of 1980s saw the start of another
large boom, this one propelled by considerable improvements in computer science that had been
produced during the early 1980s.
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A high-performance parallel computing device called an Al accelerator is created especially for
the effective processing of Al tasks like neural networks. Computer scientists have traditionally
concentrated on creating algorithmic solutions for particular problems and implementing them in
high-level procedural languages. Some algorithms might be threaded to take use of the technology,
but significant parallelism was challenging due to the effects of Amdahl's Law [1].

Working OF Al Accelerator

Massively scalable computational architectures are necessary for data centres, especially
hyperscale data centres. The semiconductor industry is investing heavily in this area. For deep
learning systems, Cerebras, for instance, invented the Wafer-Scale Engine (WSE), the largest chip
ever created. The WSE can facilitate Al research at considerably quicker rates and scalability
compared to standard systems by providing additional computing, memory, and network capacity

[11-3].

The edge stands for the other end of the spectrum. Since the intelligence is dispersed at the
perimeter of the network rather than the more centralized location, energy efficiency is essential
and space is constrained. Edge SoC devices, no matter how small, produce the nearly immediate
results required for, instance, interactive applications that run on phones or for industrial robots.
Al accelerator IP is embedded into these edge SoC devices [4].

The different types of hardware Al Accelerators

While the WSE is one method of speeding Al applications, there are many other kinds of hardware
Al accelerators available for applications that don't need a single big processor. Examples
comprise:

e graphics processors (GPUs)
e CPUs with a large number of cores

Spatial accelerators, like Google's Tensor Processing Unit (TPU), are discrete processors that may
be added in groups of tens to hundreds to create bigger systems to compute complex neural
networks. In this area, coarse-grain reconfiguration architectures (CGRA) are rapidly gaining
ground because they can present alluring tradeoffs between performance and energy-efficiency
and flexibility to programme various networks.

Benefits of an Al Accelerator

Given that scalability and processing speed are two major requirements for Ai, Al accelerators are
essential for delivering the almost immediate outcomes that makes these applications attractive.
Let's explore the main advantages of Al accelerators in more depth:
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Energy efficiency

The efficiency of Al accelerators can be 100-1,000 times greater than that of general-purpose
computers. Al accelerators can't afford to consume too much power or generate too much heat
when processing large volumes of data, whether they're employed in a data centre setting that must
be kept cool or an edge application with a minimal power budget.

Latency and computational speed

Al accelerators reduce the latency the amount of time it takes to generate an answer. In security
applications as sophisticated driver assistance systems (ADAS), where any second counts, this low
latency is particularly crucial.

Scalability

It's hard to create an algorithm to solve an issue. Even more difficult is to parallelize this technique
over several cores to increase computing power. However, in the area of neural networks, Al
accelerators allow for a degree of performance speed acceleration that may be virtually as high as
the number of processor cores involved.

Heterogeneous architecture.

This strategy enables a system to host many specialized processors to handle different activities,
delivering the computational performance required for Al applications. It may also make use of
many gadgets, such as memory, light, and even the magnetic and capacitive capabilities of certain
silicon architectures.

Difference between Al Processor and Normal Processor

The IT sector has seen many changes in the past, and "Acrtificial Intelligence™ is the most recent in
a string of recent technical advances (Al). That said, in the current digital era, no technology has
advanced as quickly as Al. Today, practically every business is concentrating on Al, if you take a
glance around. Some of the most popular keywords in Al right now include mobile processing,
machine learning, personal assistants, bots, and personal assistants. Similar to what the Internet
accomplished a few years ago, Al is the main force behind the transformation of practically
everything. The new ground-breaking technology known as the Al processor is doing to
smartphones what robo - advisors did to them on the software side [5], [6].

The IT industry has seen several changes throughout the years, with "Atrtificial Intelligence™ being
the most current of several recent technological developments (Al). That said, no technology has
developed more swiftly than Al in the modern digital era. [7]almost every firm is focusing on Al
these days. Mobile processing, machine learning, assistants, chatbots, and personal assistants are
some of the current top Al keywords. Al is the driving factor behind the transformation of almost
everything, much like the Internet did a few years ago. The Al processor, a cutting-edge
innovation, is doing to cellphones what software-based robo-advisors did to them.

Al Processor

The core idea behind artificial intelligence is machine learning, which enables intelligent machines
to learn and make predictions. Al processors do the same tasks as mobile GPU chips do, but for
specialised purposes rather than visuals. In terms of mobile technology, semiconductors,
particularly Modulation technique Processing Units (NPUs) designed to mimic the human brain,
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have made the most astounding strides. When it pertains to mobile computing, the phrase
"heterogeneous computing™ is frequently used in relation to Al. The goal is to increase battery life
and CPU power. With the new design, processing speed and energy efficiency have improved.
Simply said, Al chips are made to do particular Al tasks more efficiently and effectively.

Normal Processor

The central processing unit, or CPU, is one of a computer's most crucial components. Common
names for the CPU include microprocessor and processor. Additionally, processors—often
referred to as CPUS or mobile chips are employed in portable devices like mobile phones. The
fundamental goal of mobile CPUs is to minimize their size, power consumption, and heat
production. Smartphones employ a System-on-a-Chip (SoC), an integrated circuit containing all
the elements on a single chip, rather than just processors. A mobile device is defined by its SoC,
which lowers the price and battery use while simultaneously shrinking the device's size and cost.
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The popularity of social networking sites and other digital platforms has caused a rapid increase
in multimedia material over the last several years. The necessity for reliable multimedia processing
methods to interpret audio signals and extract different speech- and music-based information has
risen as a result. The basic job in multimedia processing is speech/music classification, which
involves classifying the incoming audio input into appropriate groups. The output of speech/music
classification may be utilised for a variety of speech-processing tasks including speaker identity,
emotion detection, and voice recognition as well as a variety of music-processing tasks like genre
identification, mood detection, and note identification. Usually, the initial block is speech/music
categorization, and then comes further audio processing. Speech/music classification has a variety
of uses, including choosing a radio broadcast channel based on listener preferences, creating a
profile for a radio station or TV channel, identifying different audio scenes in newscasts, enhancing
ASR performance, effectively using audio compression techniques, content-based audio storage,
and more [1]-[3].

Radio broadcast channel selection based on listener preferences:

To process the demodulated audio stream and change radio stations according to the listener's
preferences, SMC may be used in digital radio. The two most prevalent forms of audio content on
radio stations are speech and music. If the user chooses any of the aforementioned choices, the
channel will automatically tune to various stations one by one and stop at the frequency band
whose content matches the user's preferences.

Create a radio station or TV channel profile:

A user may want to learn more about a channel's profile before subscribing to it. It helps to
understand the audience whether the radio station or TV channel is more focused on music or
speech.

Differentiation of audio scenarios in news broadcasts:

There is no background noise in broadcast news; just spoken messages are there. However, there
are situations when an advertisement is placed in the midst. In these commercials, jingles or a
voice-and-music mashup may be employed. It is possible to use digital processing methods to
automatically recognise different audio situations [4]-[6].

Enhanced ASR performance:

It is crucial for a speech recognition system to be able to distinguish between speech and non-
speech elements in an incoming audio stream. This will stop the model from being included in
non-speech segments. This will boost the system's efficiency while reducing the cost of processing.
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Effective use of audio compression methods:

Speech and music signals need different codecs for low-bit rate audio coding. As a consequence,
for effective signal processing, the output of a speech/music discriminator may be used to switch
between audio compression methods. The MPEG audio encoding system now employs alternative
coding techniques.

Content-based audio archiving:

Depending on the topic, it might be useful to preserve broadcast audio signals. By automatically
identifying segments as speech or music, SMC's output may be utilised to construct a labelled
database. Numerous researchers have contributed to the development of SMC throughout the years
and have put forward numerous strategies for creating a powerful speech/music classifier. Finding
an ideal collection of features that will operate in every case with 100% efficiency even though
several feature sets have been put forward by academics over the last three decades is still a
challenge. Our objective is to create and research the numerous characteristics of an effective
speech/music classifier.

Speech/music classification typically involves a two-stage procedure in which the audio signal is
first divided into segments based on statistical parameters, and then these segments are classified
as either speech or music based on feature characteristics. We go through the two primary
classifications for audio in the next section. Even though many alternative methods for audio
segmentation and labelling have been put out over the years, these approaches may be roughly
grouped into two categories:

Classification Followed By Segmentation

Using this technique, the feature sequences are tracked for substantial changes to first segment the
audio signals. Depending on whether the parts were effectively formed, they are then classified as
speech or music. A moving window with a defined length and a duration of 1-3 seconds is used to
segment data. Although reasonably straightforward, the accuracy of this method relies on the
categorization step. Typically, it has an over-segmentation issue and needs post-processing to
increase its dependability.

The analysis of the sudden shift in feature vector statics that occurs when a transition from speech
to music and vice versa occurs is another method for locating a change point in an audio stream.
This method reduces the likelihood of over-segmentation at the expense of longer segments and
higher computing costs. Thresholding is a common categorization method. In the thresholding
procedure, each feature's statistics are assessed, and then a threshold is determined specifically for
that feature. Using a decision tree, these distinct choices are further combined. Another strategy
involves training classifiers like GMM, SVM, ANN, and k-NN and segment classification utilizing
short-term processing. These classifiers provide labels for each frame of the segments, and overall
predictions are produced using a fuzzy rule-based system, majority voting, or heuristic functions.
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The second method does away with the mid-term segmentation window and conducts
segmentation and classification simultaneously. There are two primary methods for using this
strategy. The first method makes use of dynamic programming to determine the segment lengths
and labels that best fit each segment. With this method, the job is transformed into a posterior
probability maximization task. The second strategy makes use of the region-growing method, in
which the algorithms develop from a "seed"” until the specified requirement is met [1]-[3].

Inspirations

The S&S database, GTZAN database, and MUSAN database have all been used to review research
that has been presented on the categorization of speech and music. Despite they encompass a broad
range of musical instruments, the bulk of the soundtrack samples in all these databases are of
western origin. Our goal is to design a speech/music classifier for the Kannada language, evaluate
how well the dataset's produced state-of-the-art features perform, and then compare the findings
to previous research.

The input is represented by the first block and is an audio signal. Music or spoken signals may be
present in the audio input. Music Signal, Melody, Rhythm, Pitch, Harmony, etc. are all components
of music, which is the art of organising sounds in time using these aspects. Speech is the skill of
organising sounds in time using linguistic and physical models to communicate meaningful
information to listeners. Energy, amplitude, the rate at which the zero line crosses, fundamental
frequency, etc.

The preprocessing of the recorded EEG signals is specified in the methodology's second section.
The input data signals are normalised and down-sampled in this stage. Next, the compiled code
input signals are used to extract the features. Short-term energy (STE), zero-crossing rate (ZCR),
Mel-frequency cepstral coefficients (MFCC), Spectral Centroid, Spectral Roll-off, Spectral Flux,
Spectral Entropy, Chroma Vector, and others are some of the properties that are offered. In the
chapter, these elements will be covered in more depth. The classifier is now fed the extracted
characteristics. The Support Vector Machine is the classifier in use (SVM). In the chapter, the
classifier's specifics will be covered. According to the training provided, which will be covered in
more detail in the chapter, the classifier will finally categorise the incoming control signal into
speech as well as music signals [4]-[6].

The many approaches and concepts used in the course of this project are described in Chapter. The
four chapters that contribute to this report Chapters through are all fully explained. The
experimental findings for the project are presented in Chapter. Finally, the Chapters provide a
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summary and a detailed strategy for extending the suggested technique to the project's future scope,
respectively.

The separation of audio signals into speech and music using an efficient algorithm is discussed in
this work. Examining consumer audio apps, which commonly make use of multiple real-time
enhancements, was the main motivation for this study. The algorithm comprises two stages:
classification and learning. Predetermined training data were used to generate different latency and
frequency-domain features for communication and music signals separately throughout the
learning phase, as well as to estimate the optimal thresholds for speech and music based on the
probability density functions of the features. An automated technique was utilised to choose the
best characteristics for separation. Each audio signal segment underwent initial classification
during the test phase using a three-stage sieve-like process that integrated Bayesian and rule-based
methods. To avoid erroneous fast alternations in the categorization, a smoothing method was
applied, averaging each segment’s option with selections from prior segments.

On a database of more than 12 hours of speech and more than 22 hours of music, extensive testing
of the algorithm produced accurate recognition rates of 99.4% and 97.8%, respectively, and quick
adaptation to alternating speech/music sections. The technique was precise, steady, and perfect for
real-time operation. Additionally, it was simple to adapt to many audio formats. In this work,
chroma vectors a feature that represents musical tonality were used to build a novel set of features
for speech/music discrimination. These traits outperformed other widely used features in a variety
of contexts and corpora. Even when trained on mismatched data, the new features performed well
both on their own and when paired with existing features to gain additional improvement. It
reported 97.1 percent accuracy on speech and 93.1 percent precision on music for the Broadcast
News corpus using a simple classifier trained on an unrelated corpus.

This research uses speech-specific factors to explain how speech and music are classified. We
looked at the vocal tract and excitation source properties as well as the syllabic pace of speech.
The two source characteristics were the normalized autocorrelation peak intensity of the zero
spectral filtered signal and the peak-to-side lobe rate of return of the Hilbert wrapper of quantizer
residual. The log mel energy characteristic describes the vocal tract information. The modulation
spectrum reflected the slowly shifting temporal envelope of the speech syllabic rate. The
originality of this study lay in its examination of the speech and musical region discriminating
behaviour of these variables. These characteristics were non-linearly mapped and concatenated
using a threshold-based approach to complete the classification job. In addition, the performance
of speech-specific traits was evaluated using classifiers such as support vector machines and
Gaussian mixture models. It was shown that the speech-specific traits outperformed the existing
characteristics. Further advancement for the classification of speech from music was made possible
when speech-specific factors were added to the already-existing ones, showing varied information-
exploitation tactics by the former.
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The S&S database, GTZAN database, or MUSAN database have all been used to examine papers
that have been presented on the categorization of speech and music. Although these databases span
a wide range of musical instruments, the bulk of the music samples seem to be of western origin.
It thus provided inspiration for assessing the efficacy of present characteristics for audio samples
created from Indian musical instruments. Further research on speech/music segmentation for
performances using Indian instruments will benefit from the study's findings [1]-[3].

A musician alternates between playing and speaking throughout the live performance, resulting in
audio samples of both voice and music at different periods. The study's findings will be helpful in
developing a speech/music classifier for these audio recordings. Eighty speech samples were
recorded and collected using the Audacity programme. Each sample, which is estimated to be 15
seconds long, is recorded and edited using the Audacity sound editing programme. The S&S
database also yielded 80 musical samples. Out of the 80 samples collected for speech and music,
respectively, 60 samples were utilised for training and the remaining 20 samples were used for
testing [4]-[6]. For Windows, macOS, Linux, and other Unix-like operating systems, there is a
free and open-source digital audio editor and recorder called Audacity.

Audacity Features

e Record live sound and replay audio on a computer.

e Edit audio files in MP2, MP3, AIFF, WAV, and FLAC formats.

e Convert music cassettes to MP3 or CD format.

e Make multiple copies of, cut, mix, or splice sound documents together.

e The pitch or speed of a sound recording may be changed.

e The benefits of using audacity

e Thereisno cost atall.

e A variety of operating systems are supported, including Windows, Apple, and Linux.

e It'san open-source platform with a sizable community that's always striving for greater
performance.

e lItsa little software programme that uses less hard disc space.

The following actions were taken in order to record the audio files: Download and launch the
audacity programmer open source. Create a quiet backdrop and the text that will be read over the
microphone. Use a sample rate of 4100 to record voice files that are each around a minute or two
long.
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Using Matlab's "audiowrite” function, the larger recorded files were divided into frames of 15
seconds each and stored for further analysis. These samples are then prepped. Each collected data
sample is normalised and down-sampled to 8 kHz as part of the preprocessing procedure. The
process of scaling signals to the same level is referred to as "normalisation™ in this context. When
a signal is normalised, its amplitude is altered to meet a certain specification. By lowering the
sampling rate or sample size, the downsampling method is used to minimise the size of a digital
audio stream (bits per sample). Down-sampling is used to reduce the bit rate when sending over a
confined network or when converting to a more constrained audio format.

Music Database

In this research, the recommended feature set for classifying speech and music signals was
evaluated using the S&S database. A music-speech corpus called the Scheirer and Slaney (S&S)
Database has 240 15-second MSWAVE audio recordings of radio programmes that were made at
a sample frequency of 22.05 KHz. Under Malcolm Slaney's direction, Eric Scheirer gathered it
during his summer job at Interval Research Corporation in 1996. Feature extraction is the process
of interpreting audio inputs to generate a number of feature sequences. The two primary categories
into which the characteristics in this study were recovered are temporal domain features and
spectral domain features.

Time domain features

Two of the most often examined temporal domain variables in research are short-term energy
(STE) and zero-crossing rate (ZCR). While STE counts the energy of a signal over a brief period
of time, ZCR counts how many times the signal crosses zero. It gives the rate of sign change of a
time-domain waveform. The ZCR calculates the noise level of the signal. It is calculated by the
number of times the message crosses zero during a certain period of time.

Spectral Domain Extractions

Over the years, several features based on the Short Time Fourier Transform (STFT) have been
suggested. Some of the characteristics that are widely employed are spectral centro, spectral roll-
off, spectral flux, spectral heterogeneity, Magenta vectors, and Mel-frequency cepstral
coefficients.Higher values indicate "brighter” sounds. | Spectral Centroid: The spectral structure
of the audio samples is assessed. The spectral centroid is frequently referred to as the "centre of
gravity" of a spectrum. Spectral Roll-Off Is Graphically Represented Components of a Sample
Flux spectral: It assesses the spectral data variance between two succeeding frames.
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CHAPTER 10
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Speech and music signals both have a fundamental frequency, which is a characteristic of
harmonic signals. The basic frequencies of speech and music may be separated from one another
because music's fundamental frequencies fluctuate more widely than speech’'s. However, it is
difficult to track the pulse width for both music and spoken communications. Chroma Vector It is
a mathematical representation of an audio signal's energy distribution in the 12 typical pitch classes
of the equal-tempered scale used in western music. It is computed using DFT coefficients. A series
of chroma vectors is a chromagram.

Cepstral coefficients at the Mel frequency MFCC is the most widely used set of characteristics for
too many speech processing applications. DFT coefficients are translated to a bank of triangular
Mel filters to simulate the human ear. Mel Frequency Cepstral coefficients fundamentally
represent the spectral contour of audio input (MFCC). Mel Filter Bank is the main component.
The Mel-scale has 40 filter channels. The signal’s intensity is calculated by the first filter bank,
and the signal's spectral envelope is shown by the next 12 linearly spaced outputs. The harmonics
of the signal are shown on the 27 log-spaced channels. The discrete cosine transform is then
applied to the filter outputs to create the MFCCs. The top 13 coefficients and their single and then
double derivatives are used for categorization [1]-[3].

Mir Toolbox

The MIR toolbox offers a comprehensive collection of Matlab techniques for separating tonality,
rhythm, structures, and other musical components from audio data. All functions start with the
mir-prefix to prevent conflicts with already existing Matlab functions. Each function has a specific
data type it works with; the miraudio function, for instance, loads, modifies and displays audio
waveforms. Here, the characteristics of the acquired audio samples are extracted using the MIR
toolKkit.

Speech and music separation is a binary classification job. Researchers have employed Gaussian
Mixtures Model (GMM) and Support Vector Machine (SVM) extensively throughout the years. A
portion of the research also looked at classifiers based on Artificial Neural Networks (ANN), K-
Nearest Neighbors (k-NN), Naive Baye's, Decision Trees, and Dynamic Time Warping (DTW).
The efficacy of a model based on the SVM Classifier is evaluated in this research.

Support Machine For Vector (SVM)

It is a discriminative classifier that, with a given vector weight w and bias b, distinguishes between
two classes using a hyperplane. The margin of separation is the spacing between the nearest data
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points and the hyperplane. Support vectors are the locations that are closest to the hyperplane. The
hyperplane with the largest separation margin is the one the algorithm chooses [4]-[6].

Support Vector Machine

The hyperplane is a two-dimensional line that splits the plane in half, with each class on one side.
For more complicated data that isn't linearly separable in two dimensions, SVM uses kernels to
map data in extra dimensions. Linear, Radial Basis Function (Gaussian), and Polynomial are the
three different types of kernels.

Kernel-Based Non-Linear Transformation

As previously said, when a simple hyperplane is unable to categorise a problem, a mathematical
method is used that maintains all of the characteristics of an SVM separating hyperplane.

Benefits

« Adistinct margin of separation is beneficial.

+ It requires less memory since they only utilise a portion of the training data during the
decision phase, which results in excellent accuracy and quicker performance.

e Applications,

e Face recognition, handwriting analysis, etc.

Testing And Model Training

Pre-processed and down-sampled training samples for speech and music were used. The down-
sampled signals are split into 150 separate, 100-ms-long frames. These smaller frames were used
as input to the feature extraction block, which looked at eight different statistical characteristics.
To represent each training and testing voice or music sample signal, an 80x150 matrix was
employed. These characteristics are provided to the classifier together with the target labels for
model training after being individually normalised. Test data characteristics are added to the
trained model after the model has successfully been trained to categorise them as either speech or
music. We discuss a few of the project's experimental initiatives in the next section. Following
observation of the feature dimensions, the SVM classifier is utilised to evaluate the classification
results for each data sample.

The output of Isolated Features

This section includes a variety of outputs, such as the dimensions of the features and the
classification accuracy for an SVM classifier utilising Radial Basis Function (RBF) kernels, for
isolated characteristics of speech and music samples. Additionally, it includes a graphic for the
SVM classifier's classification accuracy using isolated features from voice and music samples.
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CHAPTER 11
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The analysis and creation of numerous characteristics for creating an effective speech/music
classifier is the main focus of the work detailed in the thesis. This research evaluates the
performance of many temporal and spectral factors to build an effective speech/music classifier
for speech samples collected from data recorded by persons and music samples taken from the
S&S database. Radial Basis Function (RBF) kernels were used in experiments that combined 80
samples of each speech and music with an SVM classifier. First, we calculated how well state-of-
the-art features classified voice and music signals collected from various databases.

The fact that so many people speak various languages and hence do not effectively have a common
language is a hurdle to this expansion in global communication. That is, successful communication
requires the use of a language that both parties can comprehend. By using Language Identification,
this media may be made available. Since language is founded on a sophisticated set of rules that
link symbols to their meanings and produce an infinite number of creative utterances from a finite
set of components, it is believed to be completely separate from and far more complicated than the
communication systems of other species. Language is one of the many elements that distinguish
diverse civilizations and societies. It is possible to overstate the value of voice and language in
human-to-human communication. Thus, speech would be the most natural form of communication
between people and robots. Language may be spoken verbally or written down [1], [2].

After observing the dimensions of the features, the SVM classifier was used to evaluate and
provide a graphical representation of the classification accuracy for each data sample, utilising
both isolated and hybrid features. The MFCC feature had the weakest classification accuracy for
isolated features (51.56%), whereas the Spectral Flux feature had the greatest classification
accuracy of 85.93%. Similar to this, the top 2 hybrid features achieved the greatest classification
accuracy of 84.37%. While the classification accuracy for the top 6 and top 3 hybrid features,
respectively, was 51.56% and 78.12%.

The future scope of this thesis will be dependent on the following work plans, keeping in mind the
findings that have been accomplished. Use of deep learning architecture to enhance the outcomes.
Study of singing speech, which is important since it has both qualities. to design hardware for
regionally-languaged smart radios that can switch channels automatically depending on users'
preferences. Additionally, to enhance the regional language ASR model by using a speech/music
classifier as a pre-processing block.

People from all around the globe have come together as a result of the globalisation phenomenon.
The technique of identifying the language used in an utterance is known as spoken language
identification (LiD). The issue of determining the language being spoken from a sample of speech
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by a speaker is known as automatic language identification. Humans are now the most accurate
language identification technologies available, similar to how voice recognition works. People can
tell if speech is in a language they are familiar with in a matter of seconds after hearing it. When
speaking a language they are unfamiliar with, people often conclude how similar it is to another
language they are acquainted with.

Any voice or audio transmission is what an utterance is. The study of voice signals and the
processes used to process them is known as speech processing. Speech processing may be thought
of as a specific example of digital signal processing since the signals are often treated in a digital
form. There are a variety of speech features that may be used to reflect a language's qualities. Since
the raw voice stream is complicated, it may not be appropriate [3], [4].

A strong front end is thus required for spoken language recognition utilising machine learning to
give input to the language identification system. This front-job end is to gather all pertinent
acoustic data in a manageable manner. To put it another way, the pre-processing should eliminate
any irrelevant data, such as background noise, and encode the remaining (relevant) data into a
small collection of characteristics that may be used as input for the classifier.

Finding the characteristics that must be extracted to distinguish different languages is the main
effort. When it comes to voice signals, the word "feature" is rather general. These characteristics
could be prosodic features, phonotactic features, or acoustic qualities. Speech has a rhythm, an
emphasis, and an intonation. Variations in syllable length, loudness, pitch, and the formant
frequencies of speech sounds all contribute to prosodic diversity in spoken languages. Phoneme
length and pitch contour are included in this. The real phonetic "spurts,” or chunks of speech, are
these prosodic units. Rules governing the acceptable ordering of phonemes in speech signals are
known as phonotactics. Phonotactics uses phonotactically restrictions to specify the acceptable
syllable structure, consonant clusters, and vowel sequences [5], [6].

The prosodic and phonotactic features are low-level characteristics that are derived from the
acoustic aspects. The modelling of the parameters acquired by digital signal processing methods
is the focus of acoustic features. A signal's power spectrum may provide acoustic information in
speech. We use the cepstral analysis of the voice signal's power spectrum. A cepstrum is produced
by applying the Inverse Fourier transform on the logarithm of a signal's spectrum. To model the
language feature space, this data is used.

Bibliography

[1] Q. Que and M. Belkin, “Back to the Future: Radial Basis Function Network Revisited,”
IEEE Trans. Pattern Anal. Mach. Intell., 2020, doi: 10.1109/TPAMI.2019.2906594.

[2] G. Roussos and B. J. C. Baxter, “Rapid evaluation of radial basis functions,” J. Comput.
Appl. Math., 2005, doi: 10.1016/j.cam.2004.10.002.

[3] M. Urquhart, E. Ljungskog, and S. Sebben, “Surrogate-based optimisation using adaptively
scaled radial basis  functions,” Appl. Soft Comput. J., 2020, doi:
10.1016/j.as0¢.2019.106050.

[4] A. Bemporad, “Global optimization via inverse distance weighting and radial basis

ISBN 978-81-962230-5-2 March 2023



Machine Learning Applications

functions,” Comput. Optim. Appl., 2020, doi: 10.1007/s10589-020-00215-w.

[5] D. Zhang, N. Zhang, N. Ye, J. Fang, and X. Han, “Hybrid Learning Algorithm of Radial
Basis Function Networks for Reliability Analysis,” IEEE Trans. Reliab., 2021, doi:
10.1109/TR.2020.3001232.

[6] Z. Ren, R. Li, B. Chen, H. Zhang, Y. Ma, C. Wang, Y. Lin, and Y. Zhang, “EEG-Based
Driving Fatigue Detection Using a Two-Level Learning Hierarchy Radial Basis Function,”
Front. Neurorobot., 2021, doi: 10.3389/fnbot.2021.618408.

ISBN 978-81-962230-5-2 March 2023



Machine Learning Applications

CHAPTER 12
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This project's main goal is to accurately identify the speech in every language that is included in
the training examples. The audio model for Language Identification is used in this study.
According to the acoustic model, only characteristics that are unrelated to prosodic or phonotactic
information are employed to represent languages. Mel Frequency Cepstral Coefficients are one
such property (MFCC). The Mel-frequency Cepstrum, which is based on a linear cosine transform
of a log power spectrum on a non-linear Mel scale of frequency, is a depiction of the short-term
power spectrum of a sound. An MFC is made up of several coefficients known as Mel-frequency
cepstral coefficients (MFCCs). They come from a nonlinear "spectrum-of-spectrum™ sort of
cepstral reconstruction of the audio sample. The MFC frequency bands are evenly separated on
the mel scale, which more closely resembles the response of the human auditory system than the
frequency bands that are linearly spaced.

The LiD approach we've suggested averages the MFCC at each nth-order cepstrum. Twenty mean
MFCC values per voice sample are produced by computing similar means up to the twentieth
order. These are independent of prosodic qualities and represent the auditory information that is
unique to each language. This information makes up the feature space for many languages, which
serves as the classifier's knowledge base. Support Vector Machine (SVM) is used as the classifier
in this research. Training the SVM using cepstral data (mean MFCC) and testing it with speech
samples are the two stages of the procedure. The system's functional, software, and hardware
requirements on both the client and server sides are explained in more detail in the next sections.
The next paragraph outlines the system's end-user interface, which will act as the project's front
end and a user portal [1]-[4].

The thorough evaluation of the designed system's performance under different limitations and
datasets comes next. Plots and graphs demonstrate the system's effectiveness and resilience. The
system's limitations are discussed in the next part, which concludes the performance analysis. The
system's components and architectural layout are shown in this section. A hierarchy of the parts
involved in voice utterance processing and language detection is shown. The system's separate
modules' functionality is thoroughly explained in depth in the design. Each module's operation,
processing, input, and output are described in detail. The implementation of the aforementioned
modules and the associated algorithms for their functioning are covered in depth in the part that
follows. The developed system is then put to the test using a variety of input samples to determine
its resilience and range of operation [5]-[8].

A LiD set up in a hotel lobby might answer questions from visitors from other countries. They can
ask inquiries and get assistance in their languages. If the system can identify their language, the
consumers may make bookings, establish menus, and arrange cleaning schedules. LiD is often
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utilised in the tourism sector since visitors may or may not be familiar with the local tongue. As a
result, these systems can act as a bridge, allowing individuals from various communities to
recognise and, through further analysis, understand each other's languages. This aids in the
dissemination of accurate information to tourists, which might otherwise be distorted due to a lack
of language proficiency.

Foreign tourists often stop at international airports on their way to or from another country. These
solutions at airports may help the airport administration meet the demands of international visitors.
This negates the impact of a language barrier on the quality of the airport's customer service. To
accommodate a wider language space, various voice-activated systems that can grasp a small
number of languages may be enlarged.

Internationally active businesses establish customer service centres to aid their customers. As a
result, these centres respond to inquiries from all over the world, which may not be in the same
language. Such contact centres may assist in routing client calls to the appropriate language-
specific area by having an automated language identification module available. For example, a call
from Germany may be automatically transferred to an operator who speaks German. This improves
the organization's ability to comprehend the issues that customers face. In venues like parliament,
dialogue technology is becoming more prevalent. These systems can recognise the language being
spoken and broadcast it in numerous languages at once.

The parliament has one such example. There is now a simultaneous interpretation service offered
in the Lok Sabha for the following languages: Assamese, Bengali, Kannada, Malayalam, Manipuri,
Maithili, Marathi, Nepali, Oriya, Punjabi, Sanskrit, Tamil, Telugu, and Urdu. Therefore, a
language identification system may be particularly helpful in parliaments and other gatherings
where delegates from across the world congregate, such as United Nations Organizations.
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