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Abstract: This paper presents a web application developed with React, focused on real-time 

transcription and translation through the usage of machine learning. By leveraging the latest 

advancements in machine learning (ML) as well as in natural language processing (NLP), the 

application seeks to give the user a user-friendly experience for converting spoken language 

into text and translating it into multiple languages. Notable features include instantaneous 

speech-to-text conversion, smooth integration with widely used translation APIs, and an 

adaptable interface suitable for diverse scenarios such as meetings, lectures, and multilingual 

communications. The paper details the technical framework, including the React-based front 

end, back-end services, and NLP model integration. Additionally, performance metrics, user 

feedback, and case studies are provided to showcase the application's effectiveness and 

potential to enhance cross-linguistic communication. The conclusion outlines future 

enhancements to the application's capabilities and the expansion of its language support 

Keywords Neural Machine Translation (NMT), Automatic Speech Recognition (ASR), 

Natural Language Processing (NLP),  

1. Introduction

In a world that is becoming more 

globalized, the capacity to communicate 

effectively across language has become 

increasingly essential. With the 

proliferation of international 

collaborations, multicultural workplaces 

and global information exchange, the 

demand for robust tools that facilitate real-

time transcription and translation has grown 

substantially. This paper introduces a 

cutting-edge web application developed 

using the React framework, designed to 

meet this demand by providing users with 

an intuitive, efficient, and scalable solution 

for transcribing spoken language and 

translating text across multiple languages in 

real time. 

Real-time transcription and translation 

are crucial across multiple areas, such as 

business, education, healthcare, and social 

interactions. Their significance is evident in 

facilitating communication and improving 

accessibility in these fields. For instance, 

multinational corporations often face 

challenges in managing communications 
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between employees who speak different 

languages. Similarly, educational 

institutions with diverse student 

populations need tools that can bridge 

language gaps in classrooms and online 

learning environments. In healthcare, 

accurate and timely communication 

between medical professionals and for 

patients who speak different languages, 

effective communication can be crucial and 

may even determine life or death. 

Furthermore, in social contexts, breaking 

down language barriers enhances cultural 

exchange and mutual understanding. 

Our application utilizes the strengths of 

ML and NLP to provide exceptional 

accuracy and performance. NLP, which is a 

branch of artificial intelligence, 

concentrates on how computers and 

humans interact using natural language. By 

implementing advanced NLP models, the 

application enhances its capabilities in 

understanding and processing language, the 

application can effectively convert spoken 

language into text (speech-to-text) and 

subsequently translate this text into the 

desired language. The integration of these 

models with the React framework ensures 

that the application is both responsive and 

user-friendly, providing a seamless 

experience for users. 

The decision to use React for front-end 

development stems from its strength, 

versatility, and capacity. The component-

based usage present in React facilitates 

efficient application development and 

maintenance, allowing developers to create 

reusable components that are easy to 

manage and update. This modular approach 

not only improves the application's 

scalability but also guarantees consistency 

and reliability throughout various sections 

of the user interface. 

On the back end, the application 

incorporates scalable services that handle 

data processing, model integration, and API 

interactions. These services are designed to 

support the heavy computational load 

required for real-time transcription and 

translation, ensuring that the application 

remains performant even under high usage 

conditions. The back-end architecture is 

optimized for rapid data processing and 

minimal latency, which is crucial for real-

time applications. 

In addition to the technical aspects, the 

application places a strong emphasis on 

user experience. The interface is crafted to 

be user-friendly, enabling individuals to 

navigate and use the transcription and 

translation features effortlessly, without 

requiring extensive training. Considerable 

focus is placed on accessibility, ensuring 

that the application is functional for users 

with different levels of technical expertise 

and for those with disabilities. 

To validate the effectiveness of the 

application, we conducted extensive 

performance evaluations and gathered user 

feedback through various case studies. 

These evaluations focused on metrics such 

as transcription accuracy, translation 

quality, response time, and overall user 

satisfaction. The results demonstrate the 

application's capability to enhance 

communication in multilingual settings and 

its potential to be a valuable tool in diverse 

scenarios. 

In the upcoming sections, we will 

explore the technical architecture of the 

application in greater depth, the NLP and 

ML models utilized, and the integration of 

translation APIs. Additionally, we will 

examine performance metrics, user 

feedback, and detailed case studies to 

provide a thorough overview of the 

application’s development and its impact. 

Finally, we will discuss potential future 

directions for the application, such as 

expanding language support, integrating 

more NLP models, and enhancing the 

overall user experience. 

By addressing the critical need for real-

time transcription and translation, this 

React-based web application represents a 



 

significant step forward in facilitating 

effective communication across language 

barriers. The insights and findings 

discussed in this paper add to the wider field 

of language technology and highlight the 

potential of web-based solutions to 

transform global communication dynamics. 

2. Related work 

Traditional speech-to-speech 

translation (S2ST) systems are typically 

constructed by integrating end-to-end 

speech-to-text (S2T) models along with 

text-to-speech (TTS) technologies. Most 

research in translation of vocal speech has 

concentrated upon speech-to-text 

framework. Investigations into ASR+MT 

systems aim to find more effective ways to 

incorporate and leverage lattice of speech 

outputs into machine translation models to 

mitigate the issue of spread of error among 

processes. End-to-end S2T systems show 

promise in addressing this issue, 

particularly when trained effectively using 

multitask learning, model pre-training, or 

data augmentation techniques to tackle data 

scarcity challenges. Research on TTS 

within the context of S2ST emphasizes the 

synthesis of paralinguistic information 

derived from the source speech. 

Speech-to-speech (S2ST) 

translation systems play a vital role in 

facilitating communication across different 

languages in real time. These innovative 

systems work by taking spoken input in one 

language, translating it, and then generating 

spoken output in another language. This 

process generally involves three essential 

components: speech recognition to capture 

the spoken words, machine translation to 

interpret the content, and text-to-speech 

synthesis to vocalize the translation. 

There are primarily two approaches 

to designing S2ST systems: a modular (or 

cascaded) approach and a more integrated 

end-to-end approach. In the modular setup, 

each function operates separately. Speech 

recognition processes the audio into text, 

which is then translated, and finally, that 

text is transformed back into speech. While 

this structure allows for individual 

components to be upgraded or improved 

independently, it can also lead to 

challenges. One significant issue is the risk 

of "error propagation," where mistakes 

made during transcription can compromise 

the quality of the subsequent translation. 

Recent efforts in this area focus on 

minimizing these errors by enhancing how 

transcription outputs are utilized in the 

translation phase. By implementing 

methods such as providing multiple 

potential transcriptions or confidence 

scores, researchers aim to enable translation 

modules to better manage uncertainties, 

ultimately leading to more accurate results. 

Conversely, end-to-end S2ST 

systems strive to consolidate the entire 

translation process into a single framework. 

This integrated method helps reduce the 

chances of errors accumulating across 

different stages since the model learns to 

handle the entire conversion from audio 

input to speech output directly. However, 

developing these systems often requires 

large, diverse datasets, which can be a 

challenge, especially for less commonly 

spoken languages. To tackle this, 

researchers are exploring innovative 

training strategies that can effectively 

utilize limited data, helping to expand the 

capabilities of end-to-end models. 

As advancements in this field 

continue, S2ST technology is becoming 

increasingly sophisticated, producing 

translations that sound more natural and are 

easier to understand. These developments 

are paving the way for more seamless 

multilingual interactions, making it 

possible for individuals from different 

linguistic backgrounds to communicate 

effortlessly. The future of S2ST holds great 



 

promise, potentially transforming how we 

connect across cultures and languages. 

3. Model 

The proposed model for the React-based 

web transcription and translation 

application aims to utilize pre-trained AI 

models to offer real-time transcription and 

translation services. The system 

architecture is divided into front-end and 

back-end components, with each playing a 

vital role in ensuring a smooth user 

experience. 

Fig 1. Hugging face architecture of prebuilt AI 

model for transcription 

3.1 Front end  

The front end of the application is 

developed using the React framework, 

selected for its component-based 

architecture, which enhances reusability 

and maintainability. 

The user interface (UI) is composed of 

various components, including an audio 

input component for uploading or recording 

live audio, a transcription display 

component that shows real-time 

transcriptions, and a translation display 

component that presents the translated text 

in the selected language.

Fig 2. Basic block diagram representation of 

transcription and translation website. 

State management is efficiently handled 

using Context API or Redux, ensuring 

smooth and responsive interactions. User 

authentication and authorization are 

managed through services like Firebase 

Auth or OAuth, providing secure access to 

the application. 

3.2 Back end 

On the back end, the application 

utilizes a Node.js server with Express.js to 

manage HTTP requests and routing. The 

back-end services are responsible for data 

processing, which involves integrating 

external NLP and ML models for 

conversion of audio into text and 

translation.  

For the translation service, various 

models were evaluated to assess their 

performance, including: 

• M2M100 (Facebook) 

• mBART50 (Facebook) 

• MarianMT (Hugging Face) 

• Xenova NLLB 600M 

Transformer 

These models integrate with the back end 

to provide high-quality translations across 



 

multiple languages. The application also 

includes a robust database system, either 

NoSQL (e.g., MongoDB) or SQL (e.g., 

PostgreSQL), to store user data, 

transcriptions, translations, and user 

preferences securely. This back-end 

architecture is designed to handle high 

computational loads and ensure minimal 

latency, which is crucial for real-time 

applications.

Fig 3. Increase in Transcription Quality 

3.3 Performace Comparison of 

Translation Models 

A crucial aspect of the application's 

backend is selecting the appropriate 

translation model to ensure optimal 

performance and accuracy. Below is a 

comparison of performance of the models 

that were tested, based on: 

• Time to produce translation (normal 

vs cache access) 

• Translation accuracy (measured by 

BLEU score) 

Model Normal 

Access 

Time(s) 

Cache 

Access 

Time(s) 

BLEU 

Score 

(Accura

cy) 

M2M10

0 

1.75 0.05 32.5 

mBAR

T50 

1.25 0.05 29.5 

Marian

MT 

0.75 0.05 27.5 

Xenovo 

nllb 

600M 

1.10 0.05 32.5 

Table No 1. Time and Accuracy Comparison of 

Translation Models 

The table and chart above provide a quick 

comparison of the models tested in the 

application. While MarianMT is the fastest 

model in terms of normal access time, 

M2M100 and Xenova NLLB 600M 

Transformer provide slightly better 

accuracy in terms of BLEU scores. Cache 

access times are significantly reduced 

across all models, as results are retrieved 

directly from cache rather than being 

recomputed. 

Fig 4. Comparison of Translation Models based on 

time and accuracy 

3.4 Overall System Architecture and 

Benefits 

The integration of these 

components ensures high performance by 

leveraging advanced NLP models like 

M2M100, mBART50, MarianMT, and 

Xenova NLLB 600M Transformer. With 

efficient back-end services powered by 

Node.js and Express.js, the application 

handles real-time transcription and 

translation with minimal latency. 

The architecture is designed for 

scalability, supporting multiple users and 

high-volume requests without performance 

degradation. Caching mechanisms further 

optimize response times, making the 



 

application both fast and reliable. Overall, 

the system offers a user-friendly interface, 

ensuring seamless and accurate 

communication across languages. 

4. Result 

These are the result of our platform 

showcasing the transcription and 

translation process 

Fig 5. Transcribed audio text 

 
Fig 6. Translated text to Hindi 

Fig 7. Translated text to Tamil 

Fig 8. Translated text to Italian 

4. Conclusion 

The creation of the React-based web 

transcription and translation application 

marks a substantial advancement in real-

time language processing and 

communication technologies. By 

accompanying natural language processing 

(NLP) and machine learning (ML) models, 

the application provides an efficient and 

dependable solution for transcribing spoken 

language and translating text among 

various languages. This comprehensive 

system, designed on a strong architecture 

that merges the flexibility of the React 

framework with powerful back end 

services, guarantees a seamless and 

intuitive user experience. 

The application addresses the 

increased wants and needs for optimal 

communication tools in an increasingly 

globalized world. It provides valuable 

support, where language barriers often pose 

significant challenges. The real-time 

transcription feature enables users to 

capture spoken language accurately, while 

the translation component facilitates 

immediate understanding and 

communication in different languages. 

Performance evaluations and user 

feedback have shown that the application 

achieves high accuracy, responsiveness, 

and overall effectiveness. Its modular 

design facilitates easy scalability and future 

improvements, such as the integration of 



 

additional languages and enhanced NLP 

models. 
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