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Preface

Emerging Trends and Applications in Artificial Intelligence

Selected papers from the International Conference on Emerging
Trends and Applications in Artificial Intelligence (ICETAI)

This book is a compilation of the selected papers presented at the International Confer-
ence on Emerging Trends and Applications in Artificial Intelligence (ICETAI) in 2023.

The conference has been organized by the Istanbul Medipol University, Turkey, on
September 08—09, 2023. This event brought together leading experts, researchers, schol-
ars, and professionals from around the world to share their latest findings and explore the
newest advances in the field of artificial intelligence. As technology continues to shape
our lives, the role of artificial intelligence has become increasingly significant. This con-
ference provided a unique opportunity to gain insights into the latest developments and
applications of artificial intelligence in the digital age. From cutting-edge research to
real-world applications, the conference provided a comprehensive overview of the field
and its impact on society.

This conference managed a large number of submissions of original, high-quality
research papers, where only a few were accepted. Authors submitted their work in areas
related to artificial intelligence and its applications, including, but not limited to, machine
learning, deep learning, computer vision, natural language processing, robotics, and
more. All submissions were reviewed by a panel of experts in the field, and the accepted
papers are presented in this book. This is an excellent opportunity for researchers, schol-
ars, and professionals to showcase their work and contribute to the advancement of the
field. Submissions were made through the conference website following the submission
guidelines.

Each paper was peer-reviewed by at least two reviewers and evaluated based on orig-
inality, technical depth, correctness, relevance to conference, contributions, and read-
ability. The papers were accepted based on technical merit, interest, applicability, and
how well they fit a coherent and balanced technical program.

The conference was carried out in hybrid mode.

The book highlights some of the latest research advances and cutting-edge analysis
of real-world case studies on computational intelligence, data analytics, IoT, and applica-
tions from a wide range of international contexts. It also identified business applications
and the latest findings and innovations in Operations Management and the Decision
Sciences, e.g.:

Data Analysis and Visualization

e Exploratory Data Analysis
e Statistical and mathematical modeling
e Business Intelligence



Preface

Big Data Analysis

Data Mining

Cloud Computing Architecture and Systems
ETL and Big Data Warehousing

Business Intelligence

Data Visualization

Statistical Analysis

Computer Vision

Document Analysis

Biometrics and Pattern Recognition
Remote Sensing & GIS

Medical Image Processing

Image and Video Retrieval
Motion Analysis

Structure from Motion

Object Detection and Recognition
Image Restoration

Speech and Audio Processing
Signal Processing

Artificial Intelligence

Machine Learning

Pattern Recognition

Deep Learning
Human—Computer Interactions
Medical Image Processing
Image and Video Retrieval
Audio Video Processing

Text Analytics

Natural Language Processing
Information Retrieval
Robotics Applications

Internet of Things

3D Printing

Securing IoT infrastructure
Future of IoT and Big Data
Internet of Things

Intelligent Systems for IoT
Security, Privacy, and Trust
Visual Analytics IoT

Data Compression for IoT Devices
IoT Services and Applications
Education and Learning
Social Networks Analysis
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Communication Systems and Networks

Antennas, Propagation and RF Design
Transmission and Communication Theory
Wireless/Radio Access Technologies

Optical Networks and NGN

5G & 6G Cellular systems and SON

Sensor Networks

Multimedia and New Media

High-Speed Communication.

Computational Intelligence in Telecommunications

Software Engineering

Requirements Engineering

Security Aspects

Agile Software Engineering

Software Evolution & Reuse

Reverse Engineering

Software Dependability

Data & AI Monetization and Products
Data as a Service/Platform

Biomedical Experiments and Simulations
Decision Support Systems

vii

Fausto Pedro Garcia Mérquez
Akhtar Jamil

Alaa Ali Hameed

Isaac Segovia Ramirez



General Chairs

Gokhan Silahtaroglu

Samee U. Khan

Advisory Committee

Ahmed Abdelgawad
Gabriella Casalino

Hasan Dincer
Rene Vinicio Sanchez Loja
Serhat Yuksel

Program Chairs

Fausto Pedro Garcia Marquez
Kivang Kok

Organizing Committee

Kemal Ozdemir
Bahadir Giintiirk

Elif Baykal

Humera Azam

Ozge Doguc

Kailas Hambarde
Kevser Sahinbas

Tuba Khalifa

Esra Baytoren

David Yeregui Marcos

Organization

School of Business and Management Sciences,
Istanbul Medipol University, Turkiye

Department of Electrical & Computer
Engineering, Mississippi State University,
USA

Central Michigan University, USA

Universita degli Studi di Bari Aldo Moro Bari,
Italy

Istanbul Medipol University, Turkiye

Universidad Politécnica Salesiana, Ecuador

Istanbul Medipol University, Turkiye

University of Castilla—La Mancha, Spain
Istanbul Medipol University, Turkiye

Istanbul Medipol University, Turkiye
Istanbul Medipol University, Turkiye
Istanbul Medipol University, Turkiye
University of Karachi, Pakistan
Istanbul Medipol University, Turkiye
University of Beira Interior, Portugal
Istanbul Medipol University, Turkiye
Istanbul Medipol University, Turkiye
Istanbul Medipol University, Turkiye
University of Leon, Spain



X Organization

Technical Program Chairs

Alaa Ali Hameed
Akhtar Jamil

Istinye University, Turkiye
National University of Computer and Emerging
Sciences, Pakistan

Publication And Publicity Chairs

Dilek Yomralioglu
Nada Misk

Registration Committee

Siimeyye Ozdemir
Miige Eke

Istanbul Medipol University, Turkiye
Istanbul Medipol University, Turkiye

Istanbul Medipol University, Turkiye
Istanbul Medipol University, Turkiye

Technical Program Committee

Abd Ullah Khan

Ahsan Altaf
Alfredo Peinado Gonzalo
Ali Javed

Ali Osman Serdar Citak
Alimatu-Saadia Yussiff
Ameur Bensefia

Ating Yilmaz

Aymen M. Khodayer Al-Dulaimi
Bharat Bhushan
Chawki Djeddi
Enkeleda Lulaj

Faezeh Soleimani
Ferhat Ozgiir Catak
Francoise Contreras
Ghulam Abid

Haroon Rashid

National University of Sciences and Technology,
Pakistan

Senior RF Systems Expert, Ahsan Altaf, Sweden

University of Castilla-La Mancha, Spain

University of Engineering and Technology Taxila,
Pakistan

Istanbul Medipol University, Turkiye

University of Cape Coast

Higher Colleges of Technology, Abu Dhabi, UAE

Istanbul Beykent University, Istanbul, Tiirkiye

Al-Farahidi University, Iraq

Sharda University, India

University of Rouen, France

University Haxhi Zeka, Kosovo

Ball State University, USA

University of Stavanger, Norway

Colombia, Universidad del Rosario

Kinnaird College For Women, Pakistan

Universiti Kebangsaan Malaysia/Xpertopedia
Academy, Malaysia



Hasan Ali Khattak

Thsan Ali

Isaac Segovia Ramirez
Isidro Pefia Garcia-Pardo
J. Satpathy

Kiran Sood
Mahavir Arjun Devmane.

Maria del Valle Ferndandez Moreno

Marina Karpitskaya
Momina Mustehsan
Muhammad Bilal

Muhammad Ilyas
Muhammad Zeshan Alam
Muhammed Davud

Mubhsin Jaber Jweeg C
Muneshwar Rajesh Niranjan

Murat Kuzlu

Mustafa Al-asadi

Mustafa Takaoglu

Naresh Kumar

Natalia Markovskaya

Oznur Giilen Ertosun
Ozlem lday

Pedro José Bernalte Sanchez
Rajasekaran S.

Raed Khalid Ibraheem
Rana Atabay

Reda CHEFIRA

S. G. Gollagi

Salih Sarp
Sebnem Ozdemir
Serkan Eti

Shivaji Ramdas Lahane

Sibel Senan

Organization xi

National University of Sciences and Technology,
Pakistan

University of Malaya, Malaysia

University of Castilla-La Mancha, Spain

University of Castilla-La Mancha, Spain

Management University of Africa, Kenya and
Srinivas University, India

Chitkara University, India

VPPCOE & VA, India

University of Castilla-La Mancha, Spain

Yanka Kupala University, Belarus

Bahria University, Pakistan

University of Engineering and Technology,
Lahore, Pakistan

Altinbas University, Turkiye

Brandon University, Canada

Istanbul Sabahattin Zaim University, Turkiye

Al-Farahidi University, Iraq

Amrutvahini College of Engineering Sangamner,
India

Old Dominion University, Norfolk, VA, USA

KTO Karatay University, Turkey

TUBITAK-BILGEM, Kocaeli, Turkey

University of Nizwa, Oman

Yanka Kupala University, Belarus

Istanbul Medipol University, Turkiye

Istanbul Medipol University, Turkiye

University of Castilla-La Mancha, Spain

University of Technology and Applied Sciences,
India

Al-Farahidi University, Iraq

Istanbul Medipol University, Turkiye

Private University of Marrakesh, Morocco

KLE College of Engineering and Technology,
India

Virginia Commonwealth University, Richmond,
VA, USA

Istanbul Istinye University, Istanbul, Tiirkiye

Istanbul Medipol University, Istanbul, Tiirkiye

R. H. Sapat College of Engineering Management
Studies and Research Nashik, India

Department of Computer Engineering, Istanbul
University, Turkiye



xii Organization

Sobhan Sarkar
Subhan Ullah

Syed Attique Shah
Tareq Hafdi Al-Khayat
Ufuk Baytar

Umit Celebi

Varsha Bhole
Vinayakumar Ravi

Waleed Ead

Waleed Khalid Ibraheem
Yurdagiil Meral

Zeynep Orman

University of Edinburgh, UK

National University of Computer and Emerging
Sciences, Pakistan

Birmingham City University, UK

Al-Farahidi University, Iraq

Istanbul Topkap1 University, Istanbul, Tiirkiye

Istanbul Medipol University, Turkiye

A.C. Patil College of Engineering, India

Prince Mohammad Bin Fahd University, Saudi
Arabia

Beni-Suef University, Egypt

Al-Farahidi University, Iraq

Istanbul Medipol University, Turkiye

Istanbul University, Turkiye



Contents

Simultaneous Optimization of Ride Comfort and Energy Harvesting

Through a Regenerative, Active Suspension System Using Genetic

Algorithm ... e 1
Hassan Sayyaadi and Jamal Seddighi

Demystifying Deep Learning Techniques in Knee Implant Identification ....... 13
Shaswat Srivastava, A. Ramanathan, Puthur R. Damodaran,
C. Malathy, M. Gayathri, and Vineet Batta

Artificial Neural Network Model of Nonlinear Behavior of Micro-ring
GYTOSCOPES .« v et ettt et e et e et e e e e et e e ettt 24
Hassan Sayyaadi and Mohammad Ali Mokhtari Amir Majdi

A Framework for Knowledge Representation Integrated with Dynamic
Network Analysis . ... ... 35
Siraj Munir, Stefano Ferretti, and Rauf Ahmed Shams Malick

Time Series Forecasting Using Parallel Randomized Fuzzy Cognitive

Maps and Reservoir Computing . .............c..uuuuiiiiiiiiiinnn.. 50
Omid Orang, Hugo Vinicius Bitencourt,
Petronio Candido de Lima e Silva, and Frederico Gadelha Guimardes

Review of Offensive Language Detection on Social Media: Current Trends
and Opportunities . ........ ... .. 62
Liitfiye Seda Mut Altin and Horacio Saggion

Text Mining and Sentimental Analysis to Distinguish Systems Thinkers
at Various Levels: A Case Study of COVID-19 .......... ... ...t 77
Mohammad Nagahisarchoghaei, Morteza Nagahi, and Harun Pirim

ADHD Prediction in Children Through Machine Learning Algorithms ........ 89
Daniela Andrea Ruiz Lopez, Harun Pirim, and David Grewell

Commonsense Validation and Explanation for Arabic Sentences ............. 101
Farah Alshanik, Ibrahim Al-Sharif, and Mohammad W. Abdullah

Predicting Students Answers Using Data Science: An Experimental Study
with Machine Learning .............o ittt 113
Malak Abdullah, Naba Bani Yaseen, and Mohammad Makahleh



Xiv Contents

Arabic News Articles Classification Using Different Word Embeddings ....... 125
M. Moneb Khaled, Muhammad Al-Barham, Osama Ahmad Alomari,
and Ashraf Elnagar

Tree Fruit Load Calculation with Image Processing Techniques .............. 137
Merve Aral, Nada Misk, and Gokhan Silahtaroglu

Prediction and Analysis of Water Quality Using Machine Learning

TeChniqUes . . ... ... 148
Reshmy Krishnan, A. Stephen Sagayaraj, S. Elango,
R. Kaviya Nachiyar, T. Indhuja, J. Kanishma, A. Mohamed Uvaise,
and G. Kalaiarasi

Comparative Analysis of Feature Selection Techniques with Metaheuristic
Grasshopper Optimization Algorithm ..................................... 159
Qanita Bani Baker and Moayyad F. Alajlouni

Supermarket Shopping with the Help of Deep Learning ..................... 170
loannis Symeonidis, Panagiotis Chatzigeorgiou,
Christos Antonopoulos, Ignatios Fotiou, and Mary Panou

A Decision Support System for Detecting FIP Disease in Cats Based
on Machine Learning Methods ........... ... iiiiiiiinniiiinnan. 176
Ozge Doguc, Sevval Beyhan Bilgi, Seval Cagdas, and Nevin Yilmazturk

A Numerical Simulation for the Ankle Foot Orthosis Using the Finite
Element Technique with the Aid of an Experimental Program ................ 187
Maryam I. Abduljaleel, Muhsin J. Jweeg, and Ahmed K. Hassan

Numerical and Experimental Simulations of Damage Identification

in Carbon/Kevlar Hybrid Fiber-Reinforced Polymer Plates Using the Free

Vibration Measurements ... ...........uuuuteeenninueeeeennieeennnnn. 198
Dhia A. Alazawi, Muhsin J. Jweeg, and Mohammed J. Abbas

Computer Modelling of the Gait Cycle Patterns for a Drop Foot Patient
for the Composite a Polypropylene Ankle-Foot Orthoses .................... 212
Maryam I. Abduljaleel, Muhsin J. Jweeg, and Ahmed K. Hassan

Arabic Sign Language Alphabet Classification via Transfer Learning ......... 226
Muhammad Al-Barham, Osama Ahmad Alomari, and Ashraf Elnagar

Evaluation of Chemical Data by Clustering Techniques ..................... 238
Gonca Ertiirk and Oguz Akpolat



Contents

Novel Quantum Key Distribution Method Based on Blockchain Technology ...

Faruk Takaoglu, Mustafa Takaoglu, Taner Dursun, and Tolga Bagct

Smart Parking System Based on Dynamic and Optimal Resource Allocation . ..

Khadidja Tair, Lylia Benmessaoud, and Saida Boukhedouma

Marine Predatory Algorithm for Feature Selection in Speech Emotion

RecOgnItion . ... ... ...

Osama Ahmad Alomari, Muhammad Al-Barham, and Ashraf Elnagar

Machine Learning Algorithms are Used for Fake Review Detection ...........

Wesam Hameed Asaad, Ragheed Allami, and Yossra Hussain Ali

Development and Research of Models for Optimization Information Flow

in Interactive Analysis Big Data in Geographic Information Systems ..........

Ali Abdulkarem Habib Alrammahi, Farah Abbas Obaid Sari,
and Bushra Kamil Hilal

Comparison of Text Summarization Methods in Turkish Texts ...............

Semih Marangoz and Ahmet Sayar

Formation of a Speech Database in the Karakalpak Language for Speech

Synthesis SYStEIMS . ...ttt e e e

N. S. Mamatov, K. M. Jalelov, B. N. Samijonov, A. N. Samijonov,
and A. D. Madaminjonov

Approaches to Solving Problems of Markov Modeling Training in Speech

ReCOZNItION ...

D. T. Muxamediyeva, N. A. Niyozmatova, R. A. Sobirov,
B. N. Samijonov, and E. Kh. Khamidov

Spatio-Angular Resolution Trade-Off in Face Recognition ...................

Muhammad Zeshan Alam, Sousso kelowani, and Mohamed Elsaeidy

Bridging the Gap Between Technology and Farming in Agri-Tech:

A Bibliometric Analysis .........cooii e

Fatma Serab Onursal and Sabri Oz

Eye Tracking Review: Importance, Tools, and Applications .................

Taisir Alhilo and Akeel Al-Sakaa

Using Machine Learning to Control Congestion in SDN: A Review ..........

Tabarak Yassin and Omar Ali

XV

251

264



Xvi Contents

Deployment Yolov8 Model for Face Mask Detection Based on Amazon
Web Service ... 404
Muna Jaffer Al-Shamdeen and Fawziya Mahmood Ramo

The Contribution of the Texturing in the Processing of Optical Data .......... 414
Abdelrafik Touzen, Sarah Ghardaoui, Hadria Fizazi, Meriem Abidi,
Nourredine Boudali, and Belhadj K. Oussama

Modeling Automobile Credit Scoring Using Machine Learning Models ....... 424
Pakize Yigit

Exploring Lightweight Blockchain Solutions for Internet of Things: Review ... 437
Omar Ayad Ismael, Mohammed Majid Abdulrazzagq,
Nehad T. A. Ramaha, Yasir Adil Mukhlif,
and Mustafa Ali Sahib Al Zakitat

Harnessing Advanced Techniques for Image Steganography: Sequential

and Random Encoding with Deep Learning Detection ...................... 456
Mustafa Ali Sahib Al Zakitat, Mohammed Majid Abdulrazzagq,
Nehad T. A. Ramaha, Yasir Adil Mukhlif, and Omar ayad Ismael

Performance Analysis for Web Scraping Tools: Case Studies

on Beautifulsoup, Scrapy, Htmlunitand Jsoup ............................. 471
Yimaz Dikilitas, Coskun Cakal, Ahmet Can Okumus,
Halime Nur Yal¢in, Emine Yildirim, Omer Faruk Ulusoy, Bilal Macit,
Asli Ece Kirkaya, Ozkan Yalgin, Ekin Erdogmus, and Ahmet Sayar

Exploring Spreaders in a Retweet Network: A Case from the 2023
Kahramanmarag Earthquake Sequence .......... ... ... ... ... 481
Zeynep Adak and Ahmet Cetinkaya

Verifying the Facial Kinship Evidence to Assist Forensic Investigation
Based on Deep Neural Networks . ... ........uuuuuuniiiiin.. 493
Ruaa Kadhim Khalaf and Noor D. Al-Shakarchy

Software Defects Detection in Explainable Machine Learning Approach ...... 505
Muayad Khaleel Al-Isawi and Hasan Abdulkader

Explainable Al for Predicting User Behavior in Digital Advertising ........... 520
Ashraf Al-Khafaji and Oguz Karan

CryptStego: Powerful Blend of Cryptography and Steganography

for Securing COMMUNICALIONS . . ... v vttt e 532
Shraiyash Pandey, Pashupati Baniya, Parma Nand, Alaa Ali Hameed,
Bharat Bhushan, and Akhtar Jamil



Contents

Applications and Associated Challenges in Deployment of Software

Defined Networking (SDN) .. ...t e

Pashupati Baniya, Atul Agrawal, Parma Nand, Bharat Bhushan,
Alaa Ali Hameed, and Akhtar Jamil

Combining Text Information and Sentiment Dictionary for Sentiment

Analysis on Twitter During COVID ........ ...

Vidushi, Anshika Jain, Ajay Kumar Shrivastava, Bharat Bhushan,
Alaa Ali Hameed, and Akhtar Jamil

Cyber Threat Analysis and Mitigation in Emerging Information

Technology (IT) Trends ...ttt e e

Mohsin Imam, Mohd Anas Wajid, Bharat Bhushan, Alaa Ali Hameed,
and Akhtar Jamil

Author Index . .......... . e

xXvii



q

Check for
updates

Formation of a Speech Database
in the Karakalpak Language for Speech
Synthesis Systems

N. S. Mamatov! ® @, K. M. Jalelov! ®, B. N. Samijonov2 , A.N. Samijonov3 s
and A. D. Madaminjonov'

1 Digital Technologies and Artificial Intelligence, Tashkent Institute of Irrigation and
Agricultural Mechanization Engineers” National Research University, Tashkent, Uzbekistan
m_narzullo@mail.ru
Z Sejong University, Seoul, South Korea
3 Tashkent University of Information Technologies Named After Muhammad Al-Khwarizmi,
Tashkent, Uzbekistan

Abstract. The article deals with speech synthesis, the conversion of an arbitrary
text given in a natural language into spoken form in that language, and this issue has
been of interest to mankind since ancient times. Also, the paper described mechan-
ical, electrical, articulating, format, linear prediction, concatenative, selective, and
statistical parametric synthesis methods. The paper describes how a high-quality
speech database is essential for creating speech synthesis systems. Also, the paper
notes that such databases have been created for many languages, but no speech
database has been created to translate text information in the Karakalpak language.
Therefore, creating a speech database for converting Karakalpak text into speech
is urgent. Furthermore, this article depicts the problems and their solutions related
to the creation of a speech database in the Karakalpak language.

Keywords: text-to-speech (TTS) - speech database - synthesis system - digital
signal processing (DSP)

1 Introduction

The Karakalpak language, a member of the Turkic language family, holds the official
status in the Republic of Karakalpakstan, an autonomous region within the Republic of
Uzbekistan. About a million people speak this language, which combined with Kazakh
and Nogai, two other Turkic languages that are a part of the Kipchak language group,
makes up the Kipchak language family. The Khorezm, Navoi, and Bukhara regions, as
well as nearby Kazakhstan and Turkmenistan, the Russian Federation, and Afghanistan,
are the main distribution areas for Karakalpak language speakers. The two north-eastern
and two south-western dialects of the Karakalpak language are primarily separated from
one another phonetically. The literary Karakalpak language evolved during the initial
decades of the 20th century, drawing inspiration from the northeastern dialect. It boasts

© The Author(s), under exclusive license to Springer Nature Switzerland AG 2024
F. P. Garcia Mdrquez et al. (Eds.): ICETAI 2023, LNNS 960, pp. 333-343, 2024.
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a remarkable history and culture, making it a fascinating linguistic development. The
Karakalpak people’s traditional music, dance, and literature are all expressed in this lan-
guage, which is regarded as their mother tongue. Speaking of several Turkic languages,
it is widely utilized and of strategic importance in Central Asia. Communication and
understanding amongst the many ethnic and linguistic groups in the area are made easier
by knowing and comprehending the Karakalpak language.

The Karakalpak language is also important for scientific research. Linguists and
anthropologists can learn a lot about the history and culture of the Karakalpak people by
studying their language. The development of a text synthesis system in the Karakalpak
language is expected to contribute to the advancement of language technologies and the
preservation of this language for future generations.

The creation of a text-to-speech (TTS) synthesis system in any natural language,
including the Karakalpak language, requires a speech database. It is employed to instruct
the system on how to produce the proper intonation, rhythm, and sounds of the language.
This necessitates using a wide variety of speech, including official and informal speech
as well as speech with various emotions, intonations, and accents.

The ability to produce high-quality synthetic speech will help make the language
more approachable to a wider audience, including non-fluent speakers, as speech tech-
nologies advance. As a result, the Karakalpak language will be encouraged to be used
in a variety of contexts, including business, entertainment, and education. This will also
assist to conserve the language for future generations.

This article discusses the technical and linguistic considerations of speech data
recording and the importance and sources of speech data recording for native speakers.

TTS is a cutting-edge technology that transforms written text into spoken language,
utilizing algorithms and advanced techniques to analyze and comprehend the written
material to produce precise speech output.

The fundamental components of TTS systems include text analysis, linguistic pro-
cessing, and speech synthesis. The text analysis module scrutinizes the written content.
This breaks the text down into manageable chunks, like words, phrases, and sentences.
The language processing component then applies grammar, pronunciation, and into-
nation rules to provide a phonetic representation of the text. The phonetically repre-
sented text is then translated into speech that is sufficient for hearing through the speech
synthesis component [1].

TTS systems can produce speech that sounds robotic or natural-sounding and mimics
human voice and intonation. TTS technology has many different uses. These include
speech recognition technology, automated voice assistants, and aids for people who have
trouble speaking [2].

2 Methodology

In general, a TTS synthesizer consists of a text analysis module and a digital signal
processing (DSP) module (Fig. 1). The text analysis module serves to create a phonetic
transcription of the read text with the necessary intonation and rhythm. The DSP module
enables the production of synthetic speech that is suitable for transcription by the text
analysis module (Fig. 2).
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The text analysis step is very complex because this step only needs to generate all the
information required by the DSP module (for speech generation) from the text. However,
plain text does not contain all the information needed to create a speech. The first block
of the text analysis module converts the entered text into phonetic transcription (Text-
to-Phonetics (T2P)), and the second block produces prosodic information from the text
(Text-to-Prosody).

The text-to-phonetic transcription block can be divided into such modules as text
normalization and word pronunciation. Below is a brief description of these two modules:

The supplied text is organized by the text normalization module using predetermined
word lists. It stretches any numbers, acronyms, or idioms it finds into full text. Usually,
basic grammar is used for this.

Word pronunciation The pronunciation of a string of words is established once they
have been generated using the text normalization module. The simple letter-to-speech
(LTS) rule is used when words are spoken exactly as they are written. When the contrary
situation arises, a morphosyntactic analyzer becomes necessary. This tool is designed to
group words within sentences based on their syntactic relationships, including nouns,
verbs, and adjectives, while also classifying speech elements like prepositions, stems,
and adverbs according to their specific properties. A lexicon is then used to establish
how they should be pronounced.

Turning from text to prosody. The term prosody refers to certain features of the
speech signal, such as loudness in pitch, i.e., intonation, or vocal changes in tempo,
duration, stress, and rhythm. The naturalness of speech is mainly described in terms of
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prosody. Prosodic events are also called suprasegmental events because these events do
not coincide with segments (sounds, phonemes), but with syllables or groups of syllables.

How speech sounds are pronounced, known as prosody, plays a significant role in
communicating the meaning of sentences. To generate the appropriate prosody for a
given text, a text-to-prosody block is utilized. This block utilizes both the text itself
and the output of the word pronunciation module to produce prosodic information. The
text-to-prosody block can be further divided into several subprocesses, each of which is
responsible for determining stress, phrasing, duration, and intonation for every sentence.
Below is a brief description of these four processes:

The accent is based on word order. The placement of words in a sentence determines
where the emphasis is placed, and this can greatly impact the way the sentence is inter-
preted. When constructing a sentence, it is important to consider the role of different
types of words. For instance, content words such as nouns, adjectives, and verbs are
usually given greater stress compared to function words such as articles, prepositions,
and conjunctions. Understanding these patterns of emphasis can aid in predicting the
intonation and duration of the sentence. By considering these factors, one can ensure
that the intended meaning and emphasis of the sentence are accurately conveyed to the
listener or reader.

Phrases are divided into phrasal verbs, and phrase boundaries are set that match the
text, and these boundaries make it possible to restore pauses and intonation contours.

Intonation determines the type and meaning of a sentence. The sentence can be
neutral, a command, or a question. In addition, intonation can be used to determine
speaker features such as the speaker’s gender, age, and emotions. The intonation module
creates pitch contours for sentences. For example, “Esikti ash” and “Esikti ashii” have
different prosody. In terms of intonation contour, the first sentence is imperative and has
a relatively flat pitch contour, while the second is interrogative, signifying a tone that
ascends towards the sentence’s conclusion.

Duration Segmental continuity is an important aspect of prosody and affects the
general rhythm of speech, stress, syntactic structure of the sentence, and speech rate.
Many other factors affect the length of a speech segment.

Digital signal processing (DSP) module. This module uses phonetic transcription
and prosodic data generated based on the text analysis module for speech formation.
This can be done in two ways, namely:

e using a set of rules describing how one phoneme affects another (called the
coarticulation effect)

e storing different copies of each speech sound unit and using them as the final acoustic
units.

The two primary categories of TTS systems, synthesis by rule and synthesis by
combination, have been developed based on the methods described above. The DSP
module’s overall structure is illustrated in the accompanying figure (Fig. 3).

A TTS system is a sophisticated piece of computer software that combines several
parts to create synthesized speech from written text. The following will be the TTS
system’s primary elements:

Text analysis. The TTS system’s text analysis component analyzes the incoming
text to separate and categorize individual text components including words, phrases,
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Fig. 3. Schematic of a digital signal processing (DSP) module

and sentences. To analyze the grammatical structure of the text, it carries out tasks like
tokenization, assigning part-of-speech labels, and parsing [3].

Linguistic processing. The TTS system’s linguistic processing section uses linguistic
models and rules to translate a text’s syntactic expression into a phonetic representa-
tion. Prosody, stress, and intonation, as well as pronunciation modeling, fall under this
category.

Speech synthesis. Using a speech synthesis component, the TTS system converts
the phonetic representation of the text into audible speech. To create understandable
and natural-sounding speech sounds, it makes use of a variety of signal-processing
techniques, such as filtering, amplification, and modulation (Fig. 4).
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Fig. 4. Speech synthesis system
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Sound database. This is a collection of speech samples written by native speakers.
Samples are used to train a TTS system to produce speech that closely resembles natural
speech. The database employs phonetic transcriptions of speech samples for the training
of linguistic and speech synthesis models.

User interface. It is the component of a TTS system that allows users to enter text
and interact with the system, and it can be a command-line interface, a web interface, or
an APL

Audio Output: The audio output component of a TTS system is used to convert
synthesized speech into an audio format that can be played on a loudspeaker or other
audio device [4].

The database typically necessitates speech samples from a native speaker proficient
in the desired language, along with phonetic transcriptions and linguistic annotations
[5]. Some of the ways in which a speech database is important to a TTS system include:

Teaching the speech synthesis model. The TTS system makes extensive use of
machine-learning techniques to generate natural-sounding speech. The speech database
serves to train the speech synthesis model of the system, enabling it to learn and compare
the written text with the corresponding speech sounds. The more high-quality speech
data a system has access to, the better it will be at generating natural-sounding speech
[6].

Improve pronunciation accuracy. The speech database can be used to improve the
system’s accuracy in pronouncing words and phrases. By providing the system with
multiple examples of how a native speaker would pronounce words, it can be taught to
pronounce them correctly and consistently.

Support for multiple voices. Typically, a TTS system uses speech databases to gen-
erate multiple voices, each with its features. By training the system on speech data from
different speakers, it can be trained to produce different voices with different pitches,
tones, and other features.

Strengthening intonation and prosody. A high-quality speech database helps the TTS
system produce speech with natural-sounding intonation and prosody [7]. This speech
output can be represented as a human, and its diagram is shown in the figure below
(Fig. 5).

Text corpus G2p Prosody model

D D 2]

Text PhonemelD Prosody name

Features of prosody

Audio samples Speaker

(2] D

TextiD Name

b
[->{ PhonemelD Age
>
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Audio Nationality

Fig. 5. The scheme of expressing speech like a human
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In the absence of a speech database, a TTS system relies solely on rule-based
algorithms to generate speech, resulting in less clear and less natural-sounding speech.

The creation of a speech database for the Karakalpak text-to-speech (TTS) synthesis
system was carried out in the following main steps:

Choosing a speaker. When creating a speech database, it is very important to select
a Karakalpak speaker, that is, a speaker when recording speech samples. It requires
the speaker to have a clear, natural, and beautiful pronunciation and to read the text
coherently and expressively. It is also important that the speaker have a popular and
pleasant voice.

Recording speech samples. A chosen speaker is tasked with reading an extensive
range of sentences in a dedicated room equipped with high-quality recording devices.
The speech samples need to encompass diverse speech sounds, comprising vowels,
consonants, and diphthongs, while also capturing various prosodic elements like stress,
intonation, and rhythm. Speech samples should cover a variety of contexts, including
different sentence types, word positions, and phonetic environments.

Transcription of speech samples. It is desirable to phonetically transcribe the
recorded speech samples by a linguist. Phonetic transcriptions must represent the exact
pronunciation of each speech sound in the sample.

Explanation. Speech samples must be annotated with additional linguistic informa-
tion. For example, part-of-speech tags, prosodic cues, and contextual information can
be interpreted. This information helps the TTS system generate more natural-sounding
speech.

Initial processing. Pre-processing of recorded speech samples can also be performed
to remove noise, normalize pitch, and adjust pitch and tempo. This helps to ensure that
the speech samples in the database are of high quality and consistency [8—12].

TTS system training. The final step is to use the speech database to train the TTS
system’s speech synthesis model. Based on the patterns and features of the speech
samples in the model database, it learns to match the corresponding speech sounds to the
written text [7]. Then, through the TTS system, it can form high-quality, natural-sounding
speech in the Karakalpak language. Building a speech database for the Karakalpak TTS
synthesis system presents certain challenges. Some of these issues are outlined below.

Dialect and phonological diversity. There are several dialects of the Karakalpak
language, each of which has its own phonological features. This can make it diffi-
cult to choose a single vowel that represents the entire language. In this case, it is
required to record speech samples from several speakers representing different dialects
and phonological features.

Limited resources for linguistic annotations. Linguistic annotations of speech
samples are important in building a high-quality speech database. However, resources
for this task may be limited, such as linguists or software tools.

Technical limitations. The recording equipment and software used to create a speech
database must be of high quality and capture the subtle features of speech sounds. In
addition, the TTS system itself may have technical limitations that affect the quality of
speech output [18].

For the following reasons, it is necessary for the speaker who records the speech
samples for the database to be fluent in his native language.
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Naturalness. A native speaker of a language can produce speech that is natural and
unique. They become relatively more familiar with important features of the language,
including intonation, stress, and rhythm. This has a strong impact on the quality of speech
generated by the TTS system.

Compatibility. Only a native speaker can provide coherent speech patterns that
represent the language as a whole. They may also have consistent pronunciation and
intonation. This allows the TTS system to provide natural-sounding speech output that
is representative of the language.

Phonological accuracy. A native speaker is more likely to have a thorough under-
standing of the phonology of the language needed to correctly transcribe speech pat-
terns. This TTS system serves to generate speech output that accurately reflects the
pronunciation of the language.

Some of the important technical aspects of speech database recording depend on the
equipment used, the recording environment, and the features of the recording technique
used.

Equipment. The quality of the recording equipment used can significantly affect
the quality of the speech samples obtained. High-quality microphones and recording
software are required to capture high-definition recordings. For example, a condenser
microphone with a flat frequency response can record a wide frequency range and create
clear and detailed recordings.

Environment. The recording environment must be chosen wisely to minimize vari-
ous surrounding noises and interferences. A soundproof booth or studio is usually used
to achieve this. It is also desirable that the recording environment be free of echoes that
may affect the quality of speech samples. For example, acoustic foam panels can be used
to reduce reflections and echoes.

Techniques. Nowadays, many techniques can be used to obtain high-quality speech
samples. For example, the speaker may be required to speak clearly and consistently
with appropriate pauses between words and sentences [19].

Recording format. The format of the recorded speech samples also affects the
quality of the speech database. Common formats used for speech databases include
WAV, MP3, and FLAC. These formats have different relationships between file size and
sound quality. For example, uncompressed formats such as WAV provide the highest
resolution.

In addition to the technical aspects of creating a speech database for a TTS system,
there are also linguistic aspects.

Speech style. To cover the speech styles used in regular conversation, a speech
database must have a variety of styles, such as formal, informal, and casual. Diverse
speech tempos and accents should be captured on audio.

Dialect. A speech database is also required to take into account the different dialects
and accents used in natural language. To ensure the speech database encompasses various
dialects, recordings can be collected from individuals residing in different regions.

Context. It is essential to gather speech samples from diverse settings such as phone
conversations, public speaking, and group discussions. By incorporating a wide array of
speech contexts into the database, the synthesized speech can be adapted to suit various
scenarios effectively.



Formation of a Speech Database in the Karakalpak Language 341

Feeling. A speech database must contain speech samples representing various emo-
tions, including joy, anger, sadness, and fear. It allows natural expression to express
different emotions in synthesized speech.

Dictionary. A speech database must also take into account the different vocabulary
and sentence structures used in the target language. This can include technical jargon,
slang, and colloquialisms. In the Karakalpak language, it is often necessary to use an
explanatory dictionary. Because linguistic meanings, examples, and comments are given
in explanatory dictionaries [20].

3 Results

The speakers read the texts at their natural pace and style in a quiet and closed environ-
ment, as well as in a noisy environment, and they were recorded. In this case, the speakers
strictly followed the orthographic rules, the audio recordings of the female singers were
sampled at 44.1 kHz and stored at 16 bits/sample. Male vocalists were recorded in a
home studio, sampled at 48 kHz, and saved at 24bit/sample.

The resulting database consists of 19 h of audio material consisting of more than
34,000 segments. It took half a year to create the entire database, and the uncompressed
data is more than 12 GB in size.

The database consists of information such as age, gender, work experience, and
recording device of the speakers, and a Tacotron 2 system was used to demonstrate the
use of the database. The subjective demonstration showed that the trained moles are
suitable for practical use. For all listeners, the rating recordings were presented in the
same order and one at a time. In this case, records were randomly selected at each stage
(Table 1).

Table 1. Mean opinion score (MOS) results

System Male Female
Tacotron 2 4,15 £ 0,05 4,18 £ 0,08

Each listener was allowed to hear each audio recording only once, and the system
was open to all listeners. Each recording was re-evaluated up to 10 times for female
and male speakers. It was found that female speakers made more mistakes than male
speakers.

4 Conclusions

The purpose of this article on building a speech database for a TTS system in Karakalpak
is to demonstrate how to get around the challenges involved in building a voice database
for TTS. The significance of a speech database in producing natural-sounding speech
output is emphasized, and linguistic and technical factors including accommodating
various speech contexts and styles and capturing distinctive phonemes are explored
when recording a speech database.
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Playing a pivotal role in developing a TTS synthesis system that meets the needs
and expectations of the language’s users and speakers would significantly aid in the
preservation and promotion of the Karakalpak language.

The Karakalpak TTS synthesis system’s speech database is a crucial part of it.
Ensures that the output of the speech synthesizer is natural-sounding, clear, and appro-
priate for a range of situations. It is challenging to build a speech database for Karakalpak
text-to-speech synthesis because there are few sources available and linguistic and tech-
nical considerations must be made. However, a high-quality speech database can be
produced with careful planning and execution. As a result, more Karakalpak language
speakers will be able to employ sophisticated synthesis systems.

There are numerous difficulties in developing a speech database for the Karakalpak
text-to-speech technology. Since it contains several distinctive phonemes that are not
found in other languages. Building a speech database with native speakers is cru-
cial. Because only native speakers are capable of efficiently producing the necessary
phonemes.

For the creation of a high-quality voice database, technical considerations including
the choice of recording equipment, atmosphere, and data storage are equally crucial.
The instruments utilized must be of the highest caliber and completely and precisely
cover the linguistic quirks. An environment that is peaceful and devoid of outside noise
is ideal to guarantee that speech samples are clear and useful.

Linguistic aspects such as ensuring the diversity of speech styles, contexts, dialects,
and emotions are important in creating a speech database that accurately represents the
Karakalpak language. It is natural and necessary to form a synthesized speech suitable
for different scenarios.
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