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Abstract. Tamil is spoken as a first language by more than five million people in Sri 
Lanka, representing approximately 15% of the population, and serves as the nation's 

second official language. Despite its importance, many young children experience 

difficulties in learning and reading Tamil, particularly those enrolled in English-

medium preschools. Storytelling is a valuable educational tool that supports language 

development, knowledge transfer, and the preservation of cultural values. However, the 

complexity of Tamil grammar and the limited advancement of Tamil Natural Language 

Processing (NLP) technologies have resulted in a shortage of effective digital learning 

resources. To address this issue, this research developed a storytelling application that 
uses Tamil Text-to-Speech (TTS) technology to narrate stories for children. An 

evaluation comparing TTS-generated narration with human speech showed no 

significant difference in speech quality, indicating that modern Tamil TTS systems can 

effectively support children's storytelling and language learning experiences. 
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1 Introduction 

 
Children find it challenging to read and grasp a language on their own at the kindergarten 

level. Particularly, their native language. The Tamil language can be considered for an 

example. One of the likely causes for this could be the English-language play schools that 

are held all around the island. As a child, one of the most important things that everyone 

hears is a story. Early on, stories play an important role in enhancing a child’s learning [1]. It 

is usual to obtain knowledge and language via books. It is said that children learn a lot from 

books when learning a language. The importance of story time, for example, can indeed be 

challenged [2]. 

Because of the engaging nature of storytelling, it is effective in the Early Childhood 

Education stage as well as in the Primary Education stage. A crucial instructional tool, 

storytelling also plays a significant role in passing down morals and preserving cultural 

traditions. At this point in time, the literary story needs to be modernized in order to cater to 

the requirements of a new audience that currently resides inside a society that is saturated 

with knowledge and information.  
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It is vital, without detracting from the value of the paper format, to include alternative 

multimedia formats that are more appealing and that react to the interests of newer 

generations in this era of digital technology. In this regard, children’s and young adult 

literature is undergoing significant shifts in the ways in which stories can be told by utilizing 

digital surroundings. The fact that the new reader needs to adopt an active and participatory 

attitude in the process of teaching and learning, becoming the protagonist in the construction 

of their own knowledge, is an aspect of this that is of the utmost significance and is required 

of them [3]. Children’s brain development must be prioritized during the early stages of life. 

Although there are a number of available application apps for storytelling, most of them are 

built primarily for English language support, there are few computer-based systems that 

support the Tamil language. 

Though speech generation is rather complicated, including naturalness into the speaker’s 

expression is a significant issue in TTS. When considering the Tamil language, as adaptive 

pronunciations are fully reliant on the language structures, the algorithms utilized for other 

languages such as English will not operate in Tamil due to its phonetics. The Tamil text-to-

speech algorithm divides the input text into basic Tamil units, retrieves the relevant 

phonemes from the database, and then concatenates the basic unit waveforms into the correct 

order to generate the desired sound waveform [4]. Despite the fact that the speech generation 

being complicated, including naturalness into the speaker’s expression is a significant issue 

in TTS. Speech intelligibility and naturalness must be considered to an acceptable degree. As 

a result, the study’s goal is to create a story-telling app for kids that uses Text-to-Speech 

(TTS) technology. Hence, the proposed research will be done with the goal of emphasizing 

the value of Text - to - Speech technology in supporting story narration to children from a 

story book or novel using technology. 

The research mainly contributes to implementing a story telling application for kids that 

uses Text-to-Speech (TTS) technique, which will narrate children’s stories in Tamil 

language supporting the features of comprehensibility, intelligibility, accuracy and 

naturalness as of human produced speech or story narration. 

The structure of this paper is as follows: The literature review is included in Section II. 

Section III provides the methodology adopted for the study. Section IV presents the findings 

and a thorough analysis of the suggested research. Section V brings the paper to a close.  

 

2 Related Work 

 

Text-to-speech synthesizers, often known as TTS synthesizers, are computer programs 

that can turn written text into voice that sounds human. In theory, a text-to-speech (TTS) 

system should be able to read any text that is entered into the system. However, in fact, this 

is not an easy goal to accomplish, and TTS systems still have room for development [5]. 

Therefore, this section discusses the existing studies related to Tamil text-to-speech. 

 

A. Existing Story Telling Applications 

 

Stories are one of the oldest forms of human communication and a powerful tool for 

disseminating cultural norms and ideals. Stories incorporate several aspects of learning 

methodology, including student participation and reflective and reflective learning. They can 

also include the incorporation of technological elements and project-based learning [6]. The 

authors of [7] aim to implement a system that can convert an English story into an event-

level and hierarchical-level grammar. With the help of this method, an encoding scheme that 

converts a story narration with flashbacks into a chromosome is possible to create. The 

generated narrations are then evaluated using 42 human volunteers. A mixed reality (MR) 
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storytelling system developed specifically for cross-generational cooperation with a primary 

emphasis on kid participation and an augmented reality (AR) smartphone application’s 

development in the studies by [8], [9]. 

 

B. Design Considerations for Tamil Text to Speech 

 

The application of digital signal processing in speech processing has an effect on the way 

of daily lives. Text to speech conversion is useful for a wide variety of applications, 

including automated processes, audio recording, and help systems that are based on audio 

(TTS). TTS transcription is feasible for a broad variety of languages, even for those that 

have relatively low levels of native speaker population. Written-to-speech, or TTS, systems 

take text input and produce spoken counterparts of that text. 

In the research [10], the authors present a TTS conversion that is both accurate and 

efficient when applied to the Tamil language. AN HMM voice synthesis for the Tamil 

language is performed in the study [11]. The authors offer a concatenative synthesis-based 

text-to-speech (TTS) system for the Tamil language that is driven by a corpus. The ability of 

a synthesized speech to sound natural and to be understandable are two of its most essential 

characteristics. Words and syllables serve as the fundamental building blocks for the 

synthesis process in this system [12]. Tamil voice synthesizers by utilizing sentiment 

analysis, Hidden Markov Model (HMM) are proposed in the study by [13], [14]. 

 

C. Adopting MaryTTS for Language Synthesis 

 

One of the most widely used open-source text-to-speech synthesis (TTS) systems in recent 

years is MaryTTS. Currently, professional software developers working in FOSS and 

business contexts, as well as researchers in the domains of human-computer interface (HCI), 

speech science, and other relevant subjects, use it extensively. 

Employing unit selection and HMM-based techniques in the MaryTTS framework to 

create a Sinhalese text-to-speech system for talking with children has been proposed in the 

study [15]. MaryTTS-based unit selection and deep learning where the research involves 

data preparation, unit selection which is categorized into language addition, voice building, 

preprocessing and prosody assignment is been discussed in the study [16]. 

The study [17] provides a description of an open source voice generation toolkit that was 

designed to work with the MARY (Modular Architecture for Research on Speech Synthesis) 

text-to-speech (TTS) platform. The toolkit allows the creation of unit selection and HMM-

based voices. People that are interested in supporting a new language and developing 

additional voices for MARY TTS will be able to do so if we are successful in our mission to 

provide the necessary tools and generic reusable runtime system modules. In another 

research [18], study makes a suggestion for how a Text-to-Speech system for the Sinhala 

language could be implemented by making use of the MaryTTS framework. In the course of 

working on this project, the researchers came up with a set of rules for mapping text to 

sound, and then we moved on to the Unit selection mechanism. The datasets that were used 

for this study were collected from different newspaper stories, and a trained speaker was 

employed to record the sentences that corresponded to each dataset. An evaluation at the 

user level was carried out with a total of 20 applicants; the intelligibility and naturalness of 

the produced Sinhala TTS system was given an approximate score of 70 %. 
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3 Methodology 

 

The research methodology mainly concentrates on two elements, namely the design and 

development of a Tamil TTS system that could narrate children’s stories and an under-

resourced language synthesized in MaryTTS. The main goal of the study is to thoroughly 

investigate and pinpoint a method for adapting a language with limited resources, like Tamil, 

into MaryTTS. As a result, it might be regarded as a research contribution from the 

completed study. An application for telling stories in Tamil using TTS has also been put into 

place. 

 

A. An Under Resourced Language Synthesize in MaryTTS 

 

This section provides a comprehensive guide for developing a new voice for languages not 

yet supported by the existing MaryTTS framework. The process begins with the addition of 

language support, emphasizing the importance of following resources available on MaryTTS 

Wiki for theoretical insights and technical details. Once language support is established, the 

method progresses to voice building, involving data preparation, extraction of linguistic and 

acoustic characteristics, and model construction. The voice synthesis explores natural 

language processing (NLP) and features a selection process based on diaphones and prosody 

qualities. Subsequent steps involve audio recording, voice import tools, and the creation of 

unit selection or HMM-based voices, including language-specific prediction factors. 

The data preparation phase involves compiling a repository of raw data, including 

utterances and transcriptions, to facilitate voice building. Characteristic extraction from 

auditory data is achieved through a parametric representation, utilizing fundamental 

frequency (FO) and melfrequency cepstral coefficients (MFCC). Allophones come into play 

post post-label-transcription alignment, with the Hidden Markov model speech recognition 

Toolkit (HTK) used for labelling. The alignment process is subject to manual checking, 

ensuring accuracy. Context characteristics are stored in the data repository, aiding in 

determining feature vectors for voice building at the phone and halfphone levels. The 

subsequent model-building phase employs a unit selection-based technique, utilizing 

Classification and Regression Tree (CART) models trained with the wagon tool from 

Edinburgh Speech Tools (EST). This methodology provides an overview of synthesizing an 

under-resourced language within the MaryTTS framework.  

 

 
  

Fig. 1. Process of Synthesizing an Under Resourced Language in MaryTTS framework 
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Based on the above flow diagram, the following algorithm can be derived on how to adopt 

MaryTTS in synthesizing a new language (or an under resourced language). 

  

 
Fig. 2. Proposed Algorithm 

 

 

B. System Design and Implementation 

A. Text–to–Speech 

The Text-to-speech (TTS) technology has been the subject of research for a very long 

time. Stephen Hawking is a well-known example of someone who uses a text-to-speech 

(TTS) system to communicate with others. The voice of his TTS system always has the same 

cadence and delivery, regardless of the situation [19]. 

Text-to-speech (TTS) is vital for conveying information to those who struggle with 

reading but understand spoken language. It involves processing natural language, improving 

comprehension and enabling efficient analysis of large datasets. TTS comprises text 

processing and speech creation, and insights from both areas contribute to its overall 

advancement [20]. 

The process of transforming written words into an audible form that uses the human voice. 

The application, instrument, or piece of software takes a text input from the user, then 

applies natural language processing techniques to gain an understanding of the linguistics of 

the language being used, and then executes logical inference on the text. This text that has 

been processed is then given to the following block so that it can undergo digital signal 

processing. The processed text is also passed into this block. This processed material is 

finally turned into a format that can be spoken by employing a large number of algorithms 

and transformations. The synthesis of people’s voices is an integral part of the whole 

process. The model architecture of the TTS system is shown in the figure given below. 

  

 
Fig. 3. TTS Model Architecture 
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B. Tamil Story Teller Implementation 

The implementation storyteller application goes through the following procedural steps: 1. 

Installation of gTTS module 2. Enter the Tamil story 3. Text-to-speech translation 4. Save 

the converted speech 5. Run the file (play or read the story to the kid) 

Importing necessary libraries, particularly voice recognition libraries, is a crucial initial 

step in the speech recognition process. These libraries configure Python code to facilitate 

subsequent operations. After installing and importing the gTTS module and the OS module, 

users can select text for conversion to speech. The gTTS Engine then constructs an audio 

object, saves it as an mp3 file, and allows for playback, making it a user-friendly tool for 

converting text into speech. Figure 4 above shows the source code and the implemented 

Tamil storyteller application based on the source code. 

 

 
  

Fig. 4. The Implementation of Tamil Story Teller Application 
 

 

 

  
Fig. 5. Input the Story as a Text 
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Fig. 6. The Application Narrating the Story in an Audio Form 

 

 

4 Evaluation of Tamil Story Teller 

 
The evaluation type known as the “Evaluation of the complete system” is the one that the 

implement system, also known as the “Tamil story teller,” has been tested on. The research 

evaluation is based on analyzing the quality of speech produced by the implemented Text to 

speech system (Tamil story teller) in comparison with that by the humans. 

Comprehensibility, naturalness, accuracy, and intelligibility are the four variables that were 

employed in carrying out the evaluation of the system. 

 

A. Participants and Design 

The participants listened to human-produced and TTS-produced stories and assessed them 

on a 5-point scale in order to evaluate the comprehensibility, naturalness, accuracy, and 

intelligibility of both types of narration. Fifty-five university-level participants who are 

native Tamil speakers were selected from the Department of Management and IT, Faculty of 

Management and Commerce, South Eastern University of Sri Lanka. Rating the speech 

quality based on the four given indicators was the task that was aimed to stimulate responses 

from participants regarding their thoughts on the TTS system. During the task, participants 

listened to speech samples produced by TTS and a human, with the goal of human-TTS 

equivalency; thus, a paired samples design was employed for the analysis. The data were 

collected using a 5-Point Likert Scale questionnaire. Using the online survey technology that 

Google Docs provides, each and every copy of the questionnaire was made available to 

respondents online. 

B. Stimuli and Materials 

The application that was developed for telling stories in Tamil was utilized as the TTS 

system, and its results were compared to those of a native speaker of the same dialect who 

possessed speech qualities that were comparable. The participants evaluated the quality of 

the speech by listening to two stories consisting of five sentences each and rating them on a 

five-point scale according to the following judgment criteria or indicators: 

comprehensibility, naturalness, accuracy, and intelligibility. The Tamil children’s stories 

were derived from one of the most well-known and reputable sources. The tasks were carried 

out by the researcher individually in a quiet laboratory at the university using various 

Microsoft tools and by auditory giving the required instructions. 
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A questionnaire on the narration of children’s stories utilizing the TTS system was the 

name of the instrument that was used for this research. Therefore, the survey, which 

consisted of open-ended questions and was conducted online after the participants had 

listened to both a TTS-produced story and a human-created story, was presented to the 

participants. It had a Likert type response scale with five possibilities for response, where 1 

equated to total disagreement and 5 equated to the total agreement for the dimensions of 

”Comprehensibility”, ”Naturalness”, ”Accuracy” and “Intelligibility” respectively. 

 

C. Analysis 

Using the Statistical Package for the Social Sciences (SPSS), the information acquired 

from the questionnaires was analyzed, and basic descriptive statistics such as frequency, 

mean scores, and standard deviations were computed. The following is an interpretation of 

the scores for the items on the Likert scale with five points: 1 indicates significant 

disagreement, 2 indicates disagreement, 3 indicates neutrality, 4 indicates agreement, and 5 

indicates extreme agreement. To support the conclusions drawn from the quantitative data, 

the information gleaned from open ended questionnaires, interviews, and reflection logs is 

utilized. The participants were asked to rate the stories that they were told and rate how 

accurately they perceived the following indicators: comprehensibility, naturalness, accuracy, 

and intelligibility. The results of these evaluations were used to compile the data. Both the 

speech produced by TTS and the speech produced by humans were rated by each participant, 

but the ratings were kept separate. The primary analysis was performed by means of paired 

samples t-tests, and a significance threshold of .05 (alpha level) was employed to determine 

whether or not the results were statistically significant. The Paired Samples t Test compares 

the means of two measures taken from the same individual in-item, or comparable units in 

order to determine whether or not there is a significant difference between the means [21]. 

The formula for the test statistic, which is indicated by the letter t and refers to the paired 

samples t-test, is the same as the formula for the one-sample t-test. The sum of the 

differences between each pair divided by the square root of n times the sum of the 

differences squared minus the sum of the squared differences, overall n-1, is the formula for 

the paired t-test. 

 

D. Results 

Initially, descriptive statics were computed to the descriptive variables from the 

questionnaire. Each variable was considered separately for text-to-speech-produced speech 

and human-produced speech. In that manner, there were eight variables in total that were 

considered for the computation. The following Table 1. shows the descriptive statistics of 

mean, standard deviation, minimum, and maximum for all the variables considered. And 

then the descriptive statistics were computed making text-to-speech-produced speech as one 

variable and human-produced speech as another variable. The mean, standard deviation, 

minimum, and maximum were computed respectively. The Table 2. Below are the 

descriptive statistics of text-to-speech produced speech and human-produced speech. After 

that, the paired sample t-test was carried out in order to compare the results from the 

participants in both text-to-speech produced speech and human-produced speech, in order to 

provide more supporting details of the results. This was done in order to show that there is a 

significant relationship between the two types of speech. The Table 3., Table 4. and Table 5. 

below is the comparison of paired sample t-test results. It is clear from the tables that have 

been provided above that the paired samples t-tests conducted on the TTS-generated speech 

samples and the human-produced speech samples indicated that there are no substantial 

differences between the two types of samples between samples produced by humans and 

TTS for all measures considered (Comprehensibility, Naturalness, Accuracy, and 
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Intelligibility). The table also shows that there is a significant relationship between text-to-

speech-produced speech and human-produced speech. The correlation signifies a positive 

correlation with a value of 0.357. Therefore, it is understood that the values between 0.3 and 

0.7 can be considered to be the moderate positive relationship values [22] for the study 

conducted. In addition, the findings showed that the samples generated by the TTS system 

scored significantly higher than the samples generated by humans in each of the four 

categories of speech quality as the means values from Table 3. show 3.53 for text-to-speech-

produced speech and 3.34 for human-produced speech. This validates the findings of earlier 

research (based on the literature study) that have shown reduced positive evaluations for 

TTS-produced speech in comparison to human speech. 

Table 1. Descriptive Statics of TTS Indicators and Human Speech Indicators 

 
 
 

Table 2. Descriptive Statics of TTS Produced Speech and Human Produced Speech 

 

Table 3. Paired Samples Statistics 
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Table 4. Paired Samples Correlations 

 

 

Table 5. Paired Samples Test 

 

 

 
 

5 Conclusion 

 
Text-to-speech synthesizers, also referred to as TTS synthesizers, are pieces of software 

that, when run on a computer, are capable of converting written text into a voice that is 

convincingly human. Text-to-speech (TTS) software should, in principle, be able to read any 

text that is input into the system. However, in reality, this is not a simple objective to 

achieve, and there is still potential for progress in terms of TTS systems. In order to develop 
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the implementation of the TTS system, separate analyses were conducted on existing 

storytelling applications, design considerations for Tamil text-to-speech, and the use of 

MaryTTS for language synthesis. 

It is essential to take note of the fact that the mean rating scores that were given to the TTS 

system for each of the four categories were among the highest values possible. Therefore, 

the speech quality of this particular TTS system can be considered to have achieved the ”top 

rating(s)” needed for advancement to the next stage of evaluation and use in language 

learning or storytelling in general. The results also demonstrate that modern TTS systems 

appear to be ready for advancement to further stages of evaluation, but more importantly, for 

use in language learning activities, particularly in narrating children’s stories. This is shown 

by the fact that these results show that modern TTS systems seem ready for advancement to 

further stages of evaluation. In addition to that, these TTS systems can function notably as a 

supplementary stream of content that can be tailored to the specific requirements and 

pursuits of each learner. 

The focus of the research is on two areas: the first one is the design and implementation of 

a Tamil TTS system that could tell children’s stories and the second one is the language 

synthesized in MaryTTS that lacks adequate resources. The major objective of the work is to 

analyze in depth and identify a technique for translating a language with low resources, like 

Tamil, into MaryTTS. It could be viewed as a research contribution from the finished study 

as a consequence. A TTS application for telling stories in Tamil has also been developed. 
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