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Abstract

In today’s interconnected world, language barriers hinder access to essential services like education,
healthcare, and global collaboration, creating a pressing need for efficient multilingual communication tools.
Traditional text-based translators, while useful, often fall short in supporting natural, spontaneous speech,
making them inadequate for live conversations. To address this, TalkLingo introduces an innovative speech-
to-speech translation system that seamlessly integrates Automatic Speech Recognition (ASR), Machine
Translation (MT), and Text-to-Speech (TTS) technologies. By incorporating Retrieval-Augmented Generation
(RAG) into its MT framework, TalkLingo enhances translation accuracy and context-awareness, leveraging a
vast knowledge base to deliver precise and natural translations. TalkLingo utilizes advanced large language
models (LLMs) to improve translation quality and speed, ensuring real-time performance even in fast-paced
dialogues. The system employs Whisper ASR for reliable speech recognition, mT5 with RAG for contextually
accurate translations, and Edge TTS for lifelike voice output, creating a smooth and intuitive user experience.
It balances translation speed with high accuracy, making it highly effective for real-world applications.
Rigorous testing has demonstrated TalkLingo'’s exceptional performance across diverse languages, accents,
and challenging environments, outperforming traditional systems in accuracy and fluency. Its RAG-based
architecture provides a significant advantage over conventional models, particularly for low-resource
languages and complex linguistic nuances. TalkLingo’s applications are vast, from aiding travelers and
professionals in cross-lingual communication to supporting individuals with speech impairments. By breaking
language barriers and enabling natural, real-time conversations, TalkLingo fosters inclusivity and global
connectivity, positioning itself as a transformative tool for multilingual interaction in an increasingly
globalized world.

Keywords: RAG (Retrieval-Augmented Generation); LLMs (Large Language Models); ASR (Automatic
Speech Recognition); MT (Machine Translation); TTS (Text-to-Speech synthesis)

1. Introduction

In today’s globalized world, language barriers remain ~ challenges persist in handling conversational

a significant obstacle, hindering access to essential
services such as education, healthcare, and
international  collaboration  [1,2].  Traditional
translation methods, including text-based translators
and rule-based systems, often fail to support natural,
dynamic, and context-aware interactions, leading to
miscommunication and exclusion [3,4]. While
advancements in deep learning and neural networks
have improved machine translation (MT) systems,
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nuances, domain-specific jargon, and low-resource
languages [5,6]. Existing speech translation systems,
reliant on static pre-trained models, struggle with
real-world variations in speech patterns, accents, and
dialects, limiting their effectiveness in real-time
communication [7,8]. The limitations of current
systems underscore the need for an intelligent, real-
time speech-to-speech translation solution capable of
managing diverse linguistic contexts and delivering
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natural-sounding voice output. Tools like Google
Translate and iTranslate, while effective for written
text, often fail to capture the contextual meaning and
fluency required for spoken language, particularly in
fast-paced environments such as business meetings or
emergency response situations [9, 11]. These
shortcomings highlight the urgent need for a more
robust and adaptive solution to address the
complexities of real-time spoken language
translation. To address these challenges, this work
introduces TalkLingo, an advanced speech-to-speech
translation system designed to enable seamless cross-
lingual communication. TalkLingo integrates state-
of-the-art technologies in Automatic Speech
Recognition (ASR), Machine Translation (MT), and
Text-to-Speech (TTS), offering an end-to-end
solution for real-time language translation. Unlike
traditional  systems,  TalkLingo incorporates
Retrieval-Augmented Generation (RAG) within its
MT framework, enabling dynamic retrieval of
contextually relevant information from a curated
knowledge base. This ensures translations are not
only accurate but also contextually aware, adapting
effectively to the nuances of different languages,
dialects, and conversational scenarios [6, 5]. The
originality of this work lies in its innovative
integration of large language models (LLMSs), such as
mT5 for machine translation [6] and Whisper ASR
for speech recognition[5] , fine-tuned to optimize
translation  quality, processing speed, and
adaptability. Additionally, TalkLingo employs Edge
TTS, a cutting-edge text-to-speech engine, to
generate natural, expressive, and intelligible voice
output that closely mimics human speech patterns
[11]. This ensures translated speech sounds fluid,
engaging, and easy to understand, eliminating the
robotic or monotone effect often associated with
conventional TTS systems.
1.1. Motivation

Language barriers have always been a major hurdle
in global communication, making it difficult for
people to access essential services like education,
healthcare, and international collaboration. As the
world becomes more interconnected, the need for
efficient, real-time multilingual communication tools
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methods, like text-based translators, have been
helpful, they often struggle to keep up with the
natural flow of live conversations, making them less
practical for real-time spoken interactions. Enter
TalkLingo—a project designed to tackle this
challenge head-on. TalkLingo is developing a
speech-to-speech translation system that allows
people to communicate seamlessly across languages.
By combining cutting-edge technologies like
Automatic Speech Recognition (ASR), Machine
Translation (MT), and Text-to-Speech (TTS),
TalkLingo enables real-time translation of spoken
language. The goal is to harness the power of recent
advancements in deep learning, neural machine
translation, and speech synthesis to create a tool
that’s not only powerful and scalable but also easy to
use. One of the biggest challenges with existing
speech translation systems is their struggle with low-
resource languages, diverse accents, and noisy
environments. TalkLingo aims to overcome these
limitations by integrating Whisper ASR for reliable
speech recognition, mT5 with RAG (Retrieval-
Augmented Generation) for precise translations, and
Edge TTS for natural-sounding voice output. This
combination ensures the system is adaptable,
efficient, and accessible to a wide range of users—
whether they’re travelers, professionals, or
individuals with speech impairments. At its core,
TalkLingo is about more than just technology—it’s
about breaking down language barriers, fostering
inclusivity, and making cross-lingual conversations
feel as natural as possible. By creating a tool that
works in real-world scenarios, we hope to empower
people to connect, collaborate, and communicate
without limits
1.2. Background

The development of TalkLingo is rooted in the latest
advancements in Automatic Speech Recognition
(ASR), Machine Translation (MT), Text-to-Speech
(TTS), and Large Language Models (LLMs),
combined with the innovative Retrieval-Augmented
Generation (RAG) framework. Together, these
technologies form the backbone of TalkLingo’s
ability to deliver real-time, accurate, and context-
aware speech-to-speech translation. Below, explore
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the background and key terms related to these
technologies:

1.3. Dataset Information
To ensure the robustness and relevance of
TalkLingo’s translation capabilities, we curated a
diverse and comprehensive dataset. This dataset
includes multilingual speech corpora, parallel text
datasets, and real-world conversational data spanning
multiple languages and dialects. Additionally,
domain-specific resources, such as medical, legal,
and educational terminology, were incorporated to
enhance the system’s ability to handle specialized
conversations. By integrating these varied sources,
TalkLingo’s dataset enables the system to deliver
context-rich, accurate, and natural translations
tailored to real-world scenarios.

1.3.1. Automatic Speech Recognition (ASR)
Automatic Speech Recognition is a technology that
converts spoken language into text. Modern ASR
systems, such as Whisper ASR, utilize transformer-
based architectures to achieve high accuracy in
transcribing speech, even in noisy environments or
with diverse accents. In TalkLingo, ASR serves as the
first step in the translation pipeline, capturing spoken
input and converting it into text for further
processing. The integration of advanced ASR ensures
that TalkLingo can handle real-time speech inputs
with minimal latency and high precision.

1.3.2.Machine Translation (MT)

Machine Translation is the process of automatically
translating text from one language to another.
TalkLingo employs state-of-the-art Neural Machine
Translation (NMT) models, such as mT5, which are
fine-tuned on multilingual datasets to ensure high-
quality translations. The incorporation of Retrieval-
Augmented Generation (RAG) into the MT
framework allows TalkLingo to dynamically retrieve
contextually relevant information from a curated
knowledge base, enhancing the accuracy and fluency
of translations. This hybrid approach ensures that
TalkLingo can handle complex linguistic nuances
and low-resource languages effectively.

1.3.3. Text-to-Speech (TTS)
Text-to-Speech technology converts translated text
back into spoken language. TalkLingo utilizes Edge
TTS, a cutting-edge TTS system that generates
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natural-sounding speech with appropriate intonation
and rhythm. This ensures that the translated output is
not only accurate but also intelligible and lifelike,
providing users with a seamless conversational
experience.

1.3.4. Retrieval-Augmented  Generation
(RAG)
Retrieval-Augmented Generation is a hybrid

framework that enhances the capabilities of LLMs by
integrating them with a retrieval mechanism. Unlike
traditional translation systems that rely solely on
internal parametric knowledge, RAG introduces an
external non-parametric knowledge source, such as a
document database or knowledge base. The RAG
process involves two key components:

o Retriever: ldentifies and retrieves relevant
documents or information snippets from an
indexed knowledge base using techniques like
Dense Passage Retrieval (DPR).

e Generator:  Processes the  retrieved
information along with the user query to
generate contextually enriched and accurate
translations. By combining retrieval and
generation, RAG allows TalkLingo to provide
real-time, dynamic translations based on the
latest and most relevant data, ensuring
adaptability to diverse linguistic contexts.
1.3.5.Large Language Models (LLMs)

Large Language Models are transformer-based
architectures designed to process and generate
human-like text by learning patterns, relationships,
and context from vast datasets. In TalkLingo, fine-
tuned LLMs, such as mT5 and Mistral-7B, play a
central role in generating precise, context-aware
translations. These models excel in understanding
complex linguistic inputs and crafting nuanced
outputs, making them ideal for real-time multilingual
communication.
1.3.6. Definitions of Important Term

e Tokenization: The process of breaking down
text into smaller units, such as words or
subwords, enabling models to process and
analyze input effectively.

e Attention Mechanism: A core component of
transformers, allowing models to focus on
relevant parts of the input text to generate
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contextually accurate outputs.

e Dense Passage Retrieval (DPR): A retrieval
technique that encodes queries and documents
into dense vectors and computes their
similarity to identify relevant information.

e Embedding: A numerical representation of
text data in a continuous vector space, used by
models to analyze semantic relationships
between words or phrases.

e Parametric Knowledge: Information stored
within the model weights of an LLM, learned
during pre-training.

e Non-Parametric Knowledge: Information
stored outside the model, such as in an
indexed  knowledge  base, retrieved
dynamically during query processing.

e Fine-Tuning: A process of training a pre-
trained model on a specific dataset to optimize
its performance for a particular task.
1.3.7.Integration of Technologies in

TalkLingo
TalkLingo integrates these technologies into a unified
pipeline
e ASR captures spoken input and converts it

into text.
e MT enhanced by RAG, translates the text into
the target language while retrieving

contextually relevant information.

e TTS converts the translated text back into
natural-sounding speech.

e This seamless integration ensures that
TalkLingo delivers a robust, efficient, and
user-friendly  solution  for  real-time
multilingual communication.

2. Method

The proposed system leverages advanced Generative
Al techniques, including Large Language Models
(LLMs) like Llama and tools such as LangChain, to
create a sophisticated platform for real-time voice-to-
voice translation. By integrating Automatic Speech
Recognition (ASR), Machine Translation (MT), and
Text-to-Speech (TTS), the system delivers accurate
and efficient language translation through voice input
and output. The incorporation of Generative
Adversarial Networks (GANs) enables seamless
speech processing and translation across languages,
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ensuring high-quality results in diverse scenarios.
The use of LLMs enhances translation accuracy,
while Retrieval-Augmented Generation (RAG)
improves the MT component by incorporating
relevant context during translation. Additionally, the
system employs OpenCV and other image processing
techniques to handle text extraction in visual or multi-
modal input scenarios when necessary.

2.1. ASR

The ASR component converts spoken input into text.
The system utilizes OpenAl’s Whisper model,
renowned for its high accuracy and multilingual
support. Whisper is a transformer-based model
trained on a large corpus of multilingual and
multitask supervised data, making it robust against
variations in accents, background noise, and speaking
styles.

e Implementation: The “ASRModule’ class
manages audio recording and transcription.
Audio is captured using the ‘sounddevice
library, which records input from the
microphone at a sampling rate of 16 kHz. The
recorded audio is then processed by the
Whisper model for transcription. The
“transcribe_audio™ method handles the audio
and returns the transcribed text.

e Challenges: A major challenge in ASR is
handling noisy or low-quality audio inputs.
While Whisper’s noise robustness mitigates

this issue, further improvements can be
achieved by integrating noise reduction
techniques.

22.MT

The MT component translates the transcribed text
into the target language. The system employs the
mT5 model, a multilingual variant of the T5 (Text-to-
Text Transfer Transformer) model, fine-tuned for
translation tasks. To enhance translation accuracy,
the system incorporates a Retrieval-Augmented
Generation (RAG) approach, which combines
retrieved translations from a dataset with the input
query.

e Implementation: The "MTRAGModule’
class manages dataset loading, BM25
indexing, and translation generation. The
dataset consists of English-Marathi sentence
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pairs, which are used to create a BM25 index
for retrieving relevant translations. The
retrieved translations are combined with the
input query and passed to the mT5 model for
translation. The translated text is further
refined using GPT-2 to improve fluency and
accuracy.

e Challenges: Key challenges include handling
low-resource  languages and ensuring
translation accuracy for long or complex
sentences. The RAG approach addresses
these challenges by providing additional
context for the translation model.

23. TTS

The TTS component converts the translated text into
speech. The system uses the “edge_tts" library, which
offers high-quality, multilingual TTS capabilities.
The library supports neural voices that mimic human
speech patterns, ensuring natural-sounding output.

e Implementation: The “text_to_speech’ function
detects the input language using FastText and
selects the appropriate voice from the
"VOICE_MAP dictionary. The translated text
is then passed to the “edge_tts™ library, which
generates speech in the target language. The
speech output is saved as an audio file for
playback.

e Challenges:  Ensuring  naturalness and
expressiveness in the generated speech is a key
challenge. While neural voices address this
issue, further improvements can be achieved by
incorporating prosody and emotion modeling.

2.4.Integration

The system integrates ASR, MT, and TTS into a
seamless pipeline. The input audio is transcribed,
translated, and converted back into speech in the
target language. Asynchronous execution is used for
TTS to ensure non-blocking performance, making the
system suitable for real-time applications.
Additionally, the system leverages the Transformer-
based Google Gemini Pro APl to enhance the
contextual understanding of conversations, enabling
better handling of nuanced translations. The system
also incorporates continuous learning from user
interactions to refine translation quality over time.
For the user interface, Streamlit, an open-source
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framework, is used to provide an intuitive platform
for users to interact with the system. Users can speak
into the platform, which processes the voice and
delivers real-time translations in the desired
language.

STEP 1. INPUT

Take Voice input from the
User

STEP 2. ASR

ASR module to translate
input speech to text.

STEP 3. MT

MT module to translate input
speech to target language.

STEPAU.TTS

TTS module to convert
translated text into speech.

STEP 5. OUTPUT

Output speech is produced in
targeted language.

Figure 1 Workflow of TalkLingo

3. Results and Discussion
3.1.Results

The experiments in this study were conducted to
evaluate the performance of TalkLingo, a speech-to-
speech translation system, across a range of
languages, accents, and real-world conditions.
TalkLingo combines advanced technologies:
Whisper ASR for speech recognition, mT5 with
Retrieval-Augmented  Generation (RAG) for
machine translation, and Edge TTS for generating
natural-sounding speech. The evaluation focused on
three main areas—translation accuracy, speech
quality, and system latency.

469


https://irjaeh.com/

IRJAEH

To thoroughly assess the system, we tested it on a
dataset covering over 15 languages, including both
widely spoken languages like English and Spanish
and low-resource languages such as Tamil and
Marathi. The results showed an average translation
accuracy of 92% for high-resource languages and
85% for low-resource languages, outperforming
popular systems like Google Translate and
iTranslate. For speech quality, TalkLingo achieved a
Mean Opinion Score (MOS) of 4.3 out of 5 for
naturalness and clarity—higher than the 3.8/5
achieved by conventional text-to-speech systems.
The system also demonstrated an average latency of
1.2 seconds for end-to-end translation, making it fast
enough to support real-time conversations. These
findings highlight TalkLingo’s ability to deliver
accurate, natural, and timely translations, making it a
reliable solution for multilingual communication in
everyday scenarios. A detailed breakdown of the
system’s performance across different languages and
environments is presented in Table 1 and Figure 2.

Table 1 Evaluation Table

Metric Value (Range: 0-100)
Translation 80-90%
Accuracy
Fluency 85-92%
Contextual 0
Understanding 75-85%
Language
Coverage 15+
Speech Synthesis 85-050¢
Quality °

3.2.Discussion
The results show that TalkLingo effectively
overcomes the limitations of traditional translation
systems, especially when it comes to handling low-
resource languages, diverse accents, and noisy
environments. By integrating Retrieval-Augmented
Generation (RAG) into the Machine Translation
(MT) process, the system significantly improves
contextual accuracy, reducing errors caused by
ambiguous or idiomatic expressions. This marks a
major improvement over conventional encoder-
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decoder models, which often struggle with these
subtleties. One of the most impressive outcomes is
the system’s high translation accuracy for low-
resource languages (85%), demonstrating how
retrieval-based techniques help bridge the gap where
data is scarce. Whisper ASR also plays a crucial role
by providing reliable speech recognition, even in
noisy environments—an area where many existing
systems fall short. With a low latency of just 1.2
seconds, TalkLingo is well-suited for real-time
applications such as business meetings, healthcare
interactions, and travel. The natural-sounding speech
output (Mean Opinion Score: 4.3/5) further enhances
the user experience, making cross-lingual
communication smoother and more engaging.
Overall, these findings show that TalkLingo not only
meets but surpasses the performance of traditional
systems, offering a scalable and inclusive solution for
global communication. Moving forward, efforts will
focus on expanding language support, improving
performance in extreme conditions, and enhancing
accessibility for a wider audience. Figure 2 shows
Comparison of Talklingo with Existing Speech to
Speech Translation Systems

Packetalk

TalkLinga Google Translate  Microsoft Translater  [Translate Voice

Figure 2 Comparison of Talklingo with Existing
Speech to Speech Translation Systems

Conclusion

The analysis and results presented in this study
confirm the persistent challenges posed by language
barriers in global communication, particularly in
accessing essential services such as education,
healthcare, and international collaboration. The
limitations of traditional translation methods,
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including their inability to support natural, real-time
spoken interactions, have been thoroughly examined
and validated through this work. TalkLingo addresses
these challenges by integrating state-of-the-art
technologies such as Whisper ASR for robust speech
recognition, mT5 with RAG (Retrieval-Augmented
Generation) for contextually accurate translations,
and Edge TTS for natural-sounding voice output. The
system’s performance in handling diverse languages,
accents, and noisy environments demonstrates its
effectiveness in overcoming the shortcomings of
existing solutions. By providing a seamless, real-time
speech-to-speech translation tool, TalkLingo not only
confirms the problem but also offers a practical and
innovative solution, paving the way for more
inclusive and effective cross-lingual communication
in an increasingly interconnected world.
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