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ARTICLE INFO ABSTRACT

Artificial intelligence, particularly Machine Learning and Deep Learning techniques,
are becoming more prevalent in today's technological and social landscape. These
advances have significantly aided the development of Speech Synthesis, also known
as Text-To-Speech, in which speech is artificially produced from text using computer
technology. This is where Voice Cloning technology comes in, which allows for the
creation of artificial synthetic speech that resembles a specific human voice.
The study will start by analysing how several deep learning methods, such as recurre
nt neural networks (RNN) and transformers can be used for voice synthesis. These
methods' efficacy will be contrasted with that of more conventional voice synthesis te
chniques.The project will thereafter concentrate on developing and putting into use
a realtime deepfake speech synthesis system.The synthesis quality and realism of the
suggested framework will be assessed. To boost the effectiveness of the suggested fr
amework, transfer learning will also be investigated. The planned study will evaluate
the suggested framework's possible uses in the media and entertainment sectors. Th
e possibility for harmful or dishonest use of the technology will also be investigated,
along with the ethical and societal ramifications of the suggested framework. Additio
nally, the research will investigate the usage of GANs and multispeaker models for v
oice synthesis in deepfake technologies. The proposed framework's scalability and ca
pacity for handling huge datasets will be investigated. Finally, the research will
investigate the use of deepfake framework to improve accessibility for individuals
with speech impairments. Overall, this system aims to make significant
contributions to the field of deepfake voice synthesis, and to provide a framework for
the real time generation of high quality and realistic synthetic voices.
Arealtime deepfake speech synthesis framework will be investigated and developed a
s part of this research project employing
Artificial intelligence. Industry sectors including entertainment, media, and custome
r service could be completely transformed by the adoption of deep learning techniqu
es for speech synthesis in deepfake technology. To accomplish highquality and realis
tic speech synthesis in realtime, however, several issues still need to be resolved.

Keywords— Voice Cloning, Audio Deepfakes (ADs), Machine Learning (ML),
Deep Learning (DL), Artificial Intelligence (AI), Speech Synthesizer, TTS.

I. INTRODUCTION

By using artificial intelligence techniques to build a machine learning speech model on genuine recordings,
voice cloning produces a voice that is very similar to the original. This technology enables you to impersonate
someone else, as was the case with a British energy firm where an unidentified hacker group employed
artificial intelligence voice cloning technology to place phone calls and was successful in stealing 220,000
euros. For this voice must be:

o Crispness of sound

o Accurate language comprehension and pronunciation

o Reliable language sources
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In order to create synthetic speech audio that accurately mimics the sound of a real person's voice, a real-time
deepfake voice synthesis framework would need to use artificial intelligence methods like deep learning. There
may be uses for this in the media, entertainment, and communication technology sectors.

Creating such a system would require amassing a sizable dataset of audio recordings of genuine human voices,
which could then be used to train a deep learning algorithm. Using a WaveNet, a deep neural network capable
of producing high-quality audio output that sounds quite natural, is one preferred method for this kind of
activity.

To avoid the technology being used for evil objectives like impersonation, fraud, or misconduct, it is crucial to
include strong quality control and verification procedures while creating a real-time deepfake voice synthesis
framework.

When creating Al systems, ethical considerations and knowledge of the potential hazards and difficulties that
could outweigh the seemingly limitless rewards are essential.

Il. RESEACH OBJECTIVES

2.1: Blueprint

The objective of developing a real-time deepfake voice synthesis framework is to apply artificial intelligence
and machine learning techniques to create high-quality synthetic voice for various applications such as speech
synthesis, text-to-speech conversion, and voice cloning. The framework will use deep learning models to
analyze and replicate the unique characteristics of real human voices in real-time. The project aims to advance
the state-of-the-art in voice synthesis technology and enable new use cases for synthetic voice applications.
The study will involve training deep learning models on large datasets of human speech and evaluating the
performance of the resulting models in terms of quality and accuracy. Other objectives may include developing
efficient algorithms for real-time processing and optimization techniques for reducing computational
requirements.

2.2: To provide an overview of the review, the following research question was addressed:

The research questions that could be addressed in Developing a Real-Time Deepfake Voice Synthesis
Framework: A Study in Artificial Intelligence could include:

RQ1: How can deep learning models be used to analyze and replicate the unique characteristics of human
voices in real-time?

RQ2: How can the quality and accuracy of synthetic voice generated by the framework be evaluated and
improved?

RQ3: What are the ethical and moral implications of implementing deepfake voice synthesis technology?
RQ4: What are the potential applications for real-time deepfake voice synthesis, and how can the technology
be optimized for those applications?

RQ5: What computational requirements are needed for real-time deepfake voice synthesis, and how can
algorithms be optimized to reduce computational cost?

2.3: Research Objectives:

1: To investigate and evaluate the use of various learning techniques for real-time voice and text-to-speech
(TTS) synthesis in deepfake technology.

2: To access the potential applications of the proposed framework in industries such as entertainment,
education, media, and customer service.

3: To improve the deepfake framework system accessibility for individuals with speech impairments.

4: To investigate the use of transfer learning for improving the performance of the deepfake framework.

5: To design and implement a text-to-speech (TTS) synthesis framework using neural networks.

2.4: Retrieving and selecting apropos literature:

The technological and social world of today is becoming more and more populated with artificial intelligence,
particularly with machine learning and deep learning approaches. These developments have greatly influenced
the creation of Speech Synthesis, often known as Text-To-Speech, which uses computer technology to
artificially synthesize speech from text. This is where voice cloning technology comes into play, allowing for
the creation of synthetic artificial speech that closely matches a chosen human voice. The quality of synthetic
speech is currently improving thanks to Deep Learning and Artificial Intelligence (AI) developments. TTS
applications are increasingly often submitted. Anyone who has used an IVR system for a phone, Apple's Siri,
Amazon Alexa, auto navigation systems, or any of the numerous other voice interfaces has encountered
synthetic speech. Their two methods of TTS in the past.

The first, called Concatenative TTS, compiles a library of words and sound units (phonemes) from audio
recordings that may be combined to make sentences. It lacks the inflection and emotion that characterize
authentic human speech. When employing Concatenative TTS, it takes a significant amount of work to clone
any specific voice using this technique.

The second method, known as Parametric TTS, uses statistical models of speech to make the process of
synthesizing a voice simpler and less expensive than Concatenation.
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I11. LITERATURE REVIEW

1. Neural Voice Cloning with a Few Samples: In this article, we present a neural voice cloning system that only
requires a small number of audio samples as input. Both speaker encoding and speaker adaptability are topics
of our work. A few clone examples are used to fine-tune a multi-speaker generative model for speaker
adaption. completed by Sercan O. Ark * 1 Yanqi Zhou 1 Jitong Chen 1 Kainan Peng 1 Wei Ping.

2. Deepfakes Generation and Detection: Current State, Open Challenges, Solutions, and Future Directions:
gives a thorough overview and in-depth examination of the machine learning (ML) based tools and deep fake
generating technologies now in use, as well as the methods for identifying such manipulations for both audio
and visual deep fakes.

We go through details about manipulation techniques, current publicly available datasets, and important
benchmarks for measuring the effectiveness of deepfake detection techniques along with their findings for
each type of deepfake. Aun Irtazas, Momina Masood1, Mariam Nawaz2, Khalid Mahmood Malik3, Ali Javedy,

3. DATA EFFICIENT VOICE CLONING FOR NEURAL SINGING SYNTHESIS: We modify one of these
methods for singing synthesis. Small quantities of target data can effectively adjust the model to brand-new,
unheard voices by first using data from multiple speakers to build a multi speaker model. Ryunosuke Daido,
Jordi Bonada, and Merlijn Blaauw completed the work.

4. Multilingual Speech Synthesis and Cross-Language Voice Cloning for Learning to Speak Fluently in a
Foreign Language We offer a Tacotron-based multi speaker, multilingual text-to-speech (TTS) synthesis
model that can generate high-quality voice in numerous languages. Additionally, the model can synthesized
fluent Spanish speech using the voice of an English speaker without having been trained on any bilingual or
parallel samples. Such transfer operates between languages that are not even remotely related, like English
and Mandarin. Ye Jia, Andrew Rosenberg, Ron J. Weiss, Heiga Zen, Yonghui Wu, Zhifeng Chen, RJ Skerry-
Ryan, and Bhuvana Ramabhadran completed the work.

5. Combining Unit-Selection and Statistical Parametric Speech Synthesis for Automatic Voice Cloning: In this
presentation, we will describe two cutting-edge systems: the commercial unit-selection system Cere Voice,
produced by Cereproc, and the HMM-based system HTS-2007, developed by CSTR and Nagoya Institute
Technology. Using publicly available audio from the web, these systems have been used to replicate the voice
of George W. Bush, the 43rd president of the United States.

IV. VOICE CLONING TECHNOLOGY

Voice cloning technology allows the generation of audio that imitates or mimics the voice of a real human
being. There are different types of voice cloning technology, including technologies that require a human to
record audio samples, and those that use text-to-speech (TTS) algorithms powered by artificial intelligence
(AI) to generate synthetic audio.

Voice cloning technology has been used in various fields, such as in film and entertainment, where voice actors
and impressions can be used to dub movies, TV shows, or video games. Additionally, voice cloning technology
can be used to create personalized virtual assistants or chatbots that sound like real people.

There have also been instances where voice cloning technology has been used for malicious purposes, such as
impersonation or fraud. The Federal Trade Commission has hosted workshops to examine voice cloning
technologies and their potential impact on consumers.

Overall , voice cloning technology is a rapidly developing field that has the potential to revolutionize the way
we interact with audio and virtual assistants, but its development and use need to be carefully monitored to
prevent misuse.

A. Artificial Intelligence, Machine Learning, and Deep Learning

Artificial intelligence (AI), Machine Learning (ML), and Deep Learning (DL) are related terms but refer to
different concepts. Al can be thought of as a broad field that encompasses any technique or algorithm that
enables computers to perform tasks that typically require human intelligence, such as visual perception,
speech recognition, decision-making, and language translation.

Machine learning is a subset of AI that involves training a computer to learn from data, without being
explicitly programmed. This is often accomplished using algorithms that can identify patterns and make
predictions based on patterns in the data.

Deep learning is a subset of machine learning that uses artificial neural networks, which are composed of
layers of interconnected nodes, to learn and make predictions. Deep learning algorithms are particularly
effective for tasks that depend on large amounts of data, such as image and speech recognition.

Identify applicable funding agency here. If none, delete this text box.
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B. Batch Size

Neural networks are trained using stochastic gradient descent optimisation.[14] Based on the model's current
state, a prediction is created, and the difference between the forecast and the expected values is used to
estimate the error gradient. This error gradient is then used to update the model weights, and the procedure is
repeated. The error gradient is a statistical estimate. The more training instances utilised in the estimate, the
more accurate it is and the more probable it is that the network's weights will be altered in a way that improves
the model's performance. The improved estimate of the error gradient comes at the expense of producing
numerous extra estimates using the model.

"Minibatch gradient descent" refers to batches of a size that is between more than one example and the
quantity of examples in the training dataset. The training dataset's batch size is set to more than one and
below the total number of examples. Batch size figure in [15] [14]
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Fig. 2 Batch Size

C. Principles of Voice Cloning operation

The speech synthesis language sources should be determined. The process of turning text into synthetic
speech that closely resembles real speech in accordance with the pronunciation standards of a special
language is known as text to speech synthesis. Text to speech (TTS) systems are what these devices are known
as. Text serves as the system's input element, and synthetic voice serves as its output element. There are two
potential scenarios. The required speech material is simply pre-recorded when it comes to pronouncing the
small number of phrases (and their linear pronouncing does not vary.

In this situation, specific issues are created. For instance, this method does not allow for the text to be read
aloud when the text is unknown. The spoken text must be stored in computer memory for this function.
Additionally, it will result in an increase in the amount of memory needed to store information. In the case of a
lot of information, this will result in an essential load on the computer's memory and may cause certain
operational issues. The primary strategy utilised in this paper is the voicing of previously unidentified text
using a particular algorithm.

Each language has distinctive qualities of its own. For instance, the English language contains some
inconsistencies between

particular letters and sounds. As a result, when two different letters are combined, they sound different from
when they are used alone. For instance, the sound of the letters (t) and (h) independently differs from that of
the chain (th). This is just one issue with the English language. In other words, the position of the letters
determines whether or not they should be uttered. Thus, the first letter (k) of the word (know) is not spoken in
accordance with the phonetic standards of the English language. Additionally, there are certain pronunciation
characteristics in Russian. The letter (o) does not always pronounce similar sound, it should be indicated up
front.

The principles of voice cloning operation utilize speech synthesis technology to create a synthetic voice that
mimics the unique characteristics of a real human voice. This includes analysing and replicating aspects such
as pitch, tone, cadence, and accent. The process of voice cloning involves training machine learning models on
large datasets of human speech in order to recognize patterns and generate synthetic speech that sounds
natural and intelligible. The resulting synthetic voice can be used for a variety of purposes, including text-to-
speech conversion, speech synthesis, and voice cloning. Voice cloning technology has many potential
applications, including assisting people with speech disorders, creating personalized voice assistants, and
enhancing the entertainment industry by allowing actors and musicians to create digital versions of
themselves. However, the development of voice cloning technology also raises ethical concerns, particularly in
terms of privacy and the potential for misuse. As a result, it is important for researchers and developers to
consider these implications and work to develop responsible solutions that prioritize the safety and autonomy
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of individuals. Therefore, the principles of voice cloning operation involve utilizing advanced machine
learning algorithms to create high-quality synthetic voice that replicates the unique characteristics of real
human speech. While there are both potential benefits and ethical concerns associated with this technology,
continued research and development holds promise for improving the quality of synthetic voice and
expanding its potential applications.

D. Possible Token type Text

The set of possible token types for raw text in a table will vary depending on the specific context and purpose
of the table. However, some common token types that may appear in text tables include:

Words: individual units of text that are separated by whitespace, punctuation, or other delimiters.
Numbers: numeric values that may be integers, decimals, or scientific notation.

Dates and times: values that represent specific points or ranges of time.

Symbols: non-alphanumeric characters that have specific meanings, such as currency symbols or

mathematical operators etc. shown in the table below:
Type Text Speech

Decimal numbers 1.2 One and Two Tenth

Ordinal Numbers 1-st, 2-nd First, Second

Roman numbers III, X Third, Tenth

Alphanumeric Strings 110 One a Power of Ten

Phone Numbers +918454968480 | Plus, Nine, One, Eight, Four, Five, Four,
Nine, Six, Eight, Four, Eight, Zero

Count 99 Ninety Nine

Date 21/10/2023 Twenty First of October Twenty Twenty
Three

Time 11:15 pm Quarter past eleven post meridiem

Mathematical 2+8=10 Two plus eight is equal to Ten

Table. 1: Possible Tokens

E. Speech versus text difference

The main difference between speech and text lies in their modality. Speech is a mode of communication that
involves the use of spoken language and sound waves that are transmitted through the air or other medium.
Text, on the other hand, is a written mode of communication that represents language through symbols such
as letters, numbers, and punctuation marks.

Speech and text signals both have a distinct hierarchical structure. We can infer from hierarchical
representation that a model of the mechanism of speech generation must be created in order to create systems
of speech synthesis that are qualitatively constructed. The information flow within the system should be
initially defined and should follow the plan shown below:

TEXT . SPEECH
Phonoparagraph
Paragraph
.
Sen Ultterance
Word Phonoword
Syllable Diphane
Phoneme
Letter

Fig. 2: Text vs Speech

F. Survey of Current Apps and Websites

Based on the search results, here are a few current apps and websites that utilize voice cloning technology:
Parodist- an app with the voices of over 40 famous artists, personalities, and cartoon characters. It allows
users to enter the first and last name of a friend or family member and hear them speak in a familiar voice.
Amazon Polly - a service that uses deep learning technologies to synthesize natural-sounding human speech
from text. It can be used to convert articles or other written content into audio formats.

Real time voice changer - a free app for PC that allows users to modify their voice in real-time or clone any
voice they want some news brands, such as BBC, have started using voice cloning technology to create
synthetic voices for their news broadcasts and podcasts. There are some samples are:
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ttsmp3 3,000 61 28 no Yes yes no

fromtextiospesch 30,000 17 8 yes Yes yes ves
bm, 5,000 40 13 ves no yes ves
fakevon 1000 1385 5 yes yes yes yes
MOTOREAD 2500 1 9 No no Yesno No
Voice dream reader 5000 15 11 No No no Yes
Voice aloud reader 5500 2 15 Yes No yes No
Speech central 3000 2 5 No No Yes/no ves

Table. 2: Survey Data

G. The Software’s Libraries Used

Libraries Description

Tkinter is the standard GUT library for Python, when combined with Tkinter provides a fast and easy way to creste GUIL
applications

Pytix iz a text-to-speach conversion lbtary in Pyfion, it is & very easy to Gse (ool which converls the entared text into
speach

Winsound ‘module provides access o the basic sound-playing machinery provided by Windows platiorms

Sounddevica ‘module provides bindings for the Port Audio library and a few convaniance fanctions to play and recard NumPy
anays containing audio siznals.

Scipy It provides more utility functions for optimization, stats and signal processing.

Wavio Teads 2 WAV fle and returs 2 object that kolds the sampling rate, sample width (ia bytes), and & mumpy amay

containing the data. write writes 2 zumpy away to a WAV file, optionzlly using a specifisd sample widin

Trzame A& pygame and the SDL Lbrary &= poriable across difierent platforms and devices, ey both nead 1o define aud
wazk with sbstractions fox various hardwars realities. Understanding those concepts and abstractions will help
you desizn and develop your own

TNumpy iz a Bython library used for working with arrays_ It also has functions for warking in domain of linear alzsbra,
Fourier transform, and matrices

Marplotlib is @ cross-platform, data visualization and graphical plotting library for Python and its numerical extension
NumPy.

Tpyihon ‘provides a rich architectuze for inieraciive computing with. & powerful interactive shell 4 kemel for Jupyier.

Support for imeractive data visualization and use of GUI tooliits.

il a free znd open-source additional library for the Pyton programming languaze that adds rupport for opening,
manipulating. and saving many different images file formats.

Table. 3: List of Libraries

V. RESULTS AND OUTCOMES

There are a few mentions of deepfake voice synthesis frameworks and Al in the search results, but no specific
study or outcomes mentioned in regards to a real-time deepfake voice synthesis framework. One search result
mentions a "new wave of deepfake detection research directed against real-time facial synthesis systems", but
this is focused on visual deepfakes rather than voice . Overall, the search results suggest that voice cloning and
deepfake technology are actively being developed and explored in the realm of AT and machine learning, but
there is a growing awareness of the ethical implications and concerns about misuse.

VI. CONCLUSION AND RECOMENDATIONS

As an Al language model, I cannot provide an opinion or analysis on specific research articles. However, I can
explain the general approach and significance of the research you mentioned.

In the context of Al research, developing a real-time deepfake voice synthesis framework is a significant
achievement. This research aims to generate artificial speech that sounds like a specific person by using a deep
learning algorithm. It involves training the model on the target speaker's voice to generate a synthetic voice
that mimics their vocal characteristics.

The potential applications of such a technology are vast, from creating voiceovers for movies and commercials
to personalizing virtual assistants and speech-based communication. However, there are also ethical and
privacy concerns that must be considered.

Based on the research, recommendations for further study might include improving the accuracy and
naturalness of the synthetic voice, developing better methods for detecting deepfake voices, and exploring
ways to mitigate the potential negative impacts of this technology.

Therefore, the development of a real-time deepfake voice synthesis framework is a significant advancement in
the field of AI, with both potential benefits and potential risks that should be carefully considered.
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