ISSN:2250-3676

Interje AnRJVTgf EngEzermg @fc

Deve

d Advalced Technolo

opment

fit “Towards Intéffigént”

System Voice Assistant

Jay Vishwakarma Computer
Science and Engineering Samrat
Ashok Technological Institute
Vidisha, M.P
jay25cs060@satiengg.in

Jaydeep Bamniya
Computer Science and Engineering
Samrat Ashok Technological Institute
Vidisha, M.P
jaydeep25cs062@satiengg.in

Abstract—This paper presents the design and implementation of a
multifunctional voice assistant named JARVIS, developed using
Python. The assistant integrates real-time voice recognition, intent
classification, intelligent task execution, and voice-based
interaction using modular architecture. Core components include
browser-based speech-to-text (via Web Speech API and Selenium),
intent detection using Cohere API, conversational responses and
real-time summaries using Groq LLaMA3, and Al-based image
generation via Hugging Face Stable Diffusion. The system
supports voice-activated automation for opening applications and
controlling media through PyAutoGUIL JARVIS also features a
PyQt5-based graphical user interface that provides visual feedback
and status tracking. Designed with secure environment
configurations and asynchronous processing, the assistant
demonstrates the practical potential of voice-controlled Al systems
for productivity, automation, and natural human-computer
interaction..
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1. INTRODUCTION

Voice control is one of important development of
human-machine interaction, which was possible because of
advancement in Artificial Intelligence. In current era, we are
able to train our machine to do their tasks by themselves or to
think like humans wusing technologies like Artificial
Intelligence, Machine Learning, Neural Networks, etc. we
can talk to our machines with the help of virtual assistants. In
recent time great appearance of voice assistants such as
Apple’s Siri, Google’s Assistant, Microsoft’s Cortana and
Amazon’s Alexa have been noticed due to heavy use of
smartphones. Voice assistants uses technologies like voice
recognition, speech synthesis, and Natural Language
Processing (NLP) to provide various services which help
users to perform their task using their machine by just giving
commands in voice format and also with the help of Voice
Assistant there will be no need to write the commands again
and again for performing particular task.

Basics fundamental tasks performed by Voice assistants
are as follows:
Search on web
Play a music or video
Setting a reminder and alarm
Run any program or application
Getting weather updates
Sending WhatsApp etc.

O O O O OO0

These are very few examples of tasks performed by voice
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assistants, we can do many more things according to our
requirement. The capabilities and improvements of voice
assistants are continuously developing day by day to
provide better performance to users. We have used python
modules and libraries for making our Desktop based voice
assistant so that our personal voice assistant can run easily,
smoothly on desktop. The basic idea of our paper is that
the user makes a request to voice assistant through the
Microphone of the device to get their work done and then
their command gets converted into text. Then the text
request goes to processing gives text response along with
work done by voice assistant. Along with basic day to day
functionalities we are also trying to implement the concept
in our voice assistant to make it more flexible and to it
make it more personal. our program uses the least amount
of system resources which minimizes the expensive system
requirements also reduces threat to your system as it
directly does not interact with servers.

Some Reasons why there is necessity of voice
assistants: There are lots of reason why this verbal voice
command application is in need in real time situations.
Some of them are given below:

1. To enable a highly engaging user experience:

Voice assistance engages users like no other interface. Users
can speak to the applications naturally to ask for whatever
they'd like.

2. To make application frustration free:

We have to touch, type and mouse in the existing machine
system to getting our work done, which are makes user
frustrated sometimes. By using voice assistant users can
directly ask what they wanted to get done.

3. To personalize your app experience for every user:
Voice assistants are actually able to respond for every user
based on their locality, language and preferences.

4. To Remove Language Barriers:

Voice Assistant technology are blended with Translation
services which helps users to handle them in their own
language without concerning about language barriers
which allows them to interact more freely with voice
assistant.

II. BACKGROUND AND MOTIVATION

A. Background

The initial development of voice assistants relied on
basic command-response paradigms, with limited capacity
to understand nuanced user queries or adapt to indi
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preferences. As technology progressed, natural language
processing (NLP) and machine learning significantly
enhanced these systems, enabling more sophisticated
interactions. However, several challenges persist:

1) Contextual Continuity: Current systems often treat
each query as an isolated interaction, leading to
repetitive and fragmented user experiences.

2) Task Complexity: Many assistants struggle to
perform multi-step or conditional tasks cohesively.

3) Data Privacy: The reliance on cloud-based
processing raises concerns about unauthorized
access and data misuse.

B. Motivation

JARVIS is designed to address these limitations and
redefine voice assistant technology. Key motivating factors
include:

1) Enhancing User Productivity: By automating complex,
multi-step workflows and providing proactive assistance,
JARVIS minimizes manual intervention, saving users
time and effort.

2) Improving Personalization: The system leverages
advanced machine learning to adapt dynamically to user
behaviors and  preferences, offering tailored
recommendations and responses.

3) Prioritizing Security: Robust privacy measures, such as
voiceprint authentication and on-device data processing,
ensure secure interactions while maintaining user trust.

4) Bridging Accessibility Gaps: JARVIS’s intuitive voice-
driven interface makes technology accessible to users
across age groups and technical proficiencies.

III. LITERATURE SURVEY

Voice assistants such as Siri, Alexa, and Google Assistant
have significantly transformed human-computer interaction
(HCI) by enabling speech-driven interfaces for information
access and task automation (Tulshan & Dhage, 2019). These
systems set the foundation for modern voice-enabled Al
assistants like J.A.R.V.L.S.

Recent advancements in cloud-based Al services have
enabled lightweight, real-time NLP processing without the
need for locally trained models. Tools like Cohere for intent
classification and Groq’s LLaMA models for real-time
conversational responses empower developers to build
modular Al systems with minimal computational overhead
(Smith & Brown, 2023).

For capturing user input, browser-integrated tools such as
the Web Speech API, when combined with Python
automation frameworks like Selenium, offer effective and
accessible methods for real-time speech recognition in cross-
platform environments (Johnson & Lee, 2022).

Natural voice feedback plays a key role in enhancing user
experience. Text-to-speech engines such as Microsoft Edge
TTS provide expressive, human-like speech synthesis,
significantly improving interaction quality in Al assistants
(Chen et al., 2021).
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Furthermore, diffusion-based generative models like Stable
Diffusion have opened new possibilities for creative Al use
cases, including text-to-image generation, enabling
intelligent assistants to support visually driven tasks
(Rombach et al., 2022).

TABLE I LITERATURE SURVEY TABLE

Model/ Authors Key Features Ap‘;l)lication in
Technique ARVIS
Devlin, J., Deep Understanding
Chang, M. bidirectional complex user
BERT W., Lee, transformer commands and
. model for context
Toutﬁnova, NLP tasks management
van den Generative Text-to-speech
WaveNet Oord, A., et model for system f(?r
al. high-quality natural voice
raw audio responses
Deep Neural Hinton, G. Application Improved
Networks for E. etal of deep accuracy in
Speech learning to speech
acoustic recognition
modeling modules
Reinforcement Silver, D., Combination | Adaptive learning
Learning et al. of deep and decision-
(AlphaGo) learning and making in
tree search for JARVIS's
decision interaction
making strategies
Machine Deng, L., Overview of | Provides insights
Learning for Li, X. ML into various
Speech paradlgn%ls I | machine learning
iti speech techni fi
Recognition recognition eCJRI}%I\IﬁSS or
Deep Learning LeCun, Y., | Comprehensi Foundational
(Nature) Bengio, Y., | ve review of deep learning
Hinton, G. deep learning | principles applied
techniques in JARVIS’s Al
modules
Voice User Pearl, C. Design Guides the
Interface Design principles for development of
voice intuitive voice
interfaces interactions in
Deep Mnih, V., Deep Q- Adaptive learning
Reinforcement etal. networks for in response to
Learning complex user interactions
decision within JARVIS
making
Pattern Pearl, C. Design Guides the
Recognition and principles for development of
Machine voice intuitive voice
Learning interfaces Interactions in
IV. SYSTEM ARCHITECTURE
Speech Recognition Module .
Speech To Text Conversion
Giving output to the user
__» througn speker and scren
Process & Executes the
Required Command
Taking input from
the user in voice &
Text To Speech Conversion - W
Giving output to the user

through vissalem

Fig 1 — Block Diagram of J.A.R.V.1.S Voice Assistant
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Basic Workflow

The figure below shows the workflow of the main
method of voice assistant. Speech recognition is used to
convert speech input to text. This text is then sent to the
processor, which determines the character of the command
and calls the appropriate script for execution. But that's not
the only complexity. No matter how many hours of input,
another factor plays a big role in whether a package notices
you. Ground noise simply removes the speech recognition
device from the target. This may be due to the inability to
essentially distinguish between the bark of a dog or the sound
near hearing that a helicopter is flying overhead from your
voice.

V. METHODOLOGIES

The development of an AI desktop voice assistant
involves several key components, including speech
recognition, natural language understanding, dialogue
management, and task execution. In this section, we outline
the proposed methodology for designing, implementing, and
evaluating the Al desktop voice assistant using Python.

A. System Architecture Design:

The first step is to design the architecture of the voice
assistant system. This involves defining the high- level
components, their interactions, and the flow of information
within the system. We will design a modular architecture that
facilitates scalability, flexibility, and maintainability. The
system architecture will comprise modules for speech
recognition, natural language understanding, dialogue
management, and task execution, with well-defined interfaces
for seamless integration.

B. Data Collection and Preprocessing:

Data collection is crucial for training and evaluating
the voice assistant's machine learning models. We will gather
datasets for speech recognition and natural language
understanding tasks, including speech corpora and annotated
text data. The collected data will undergo preprocessing steps
such as noise reduction, feature extraction, and tokenization
to prepare it for model training.

C. Speech Recognition Module:
For speech recognition, we will leverage existing
Python libraries such as SpeechRecognition or Mozilla
DeepSpeech. These libraries offer pre-trained models for
converting speech input into text. We will fine-tune these
models on domain-specific data if necessary to improve
accuracy and robustness.

D. Natural Language Understanding Module:

The natural language understanding module will
process the transcribed speech input to extract user intent and
relevant entities. We will employ techniques such as keyword
extraction, named entity recognition (NER), and sentiment
analysis using Python libraries like NLTK or spaCy.
Additionally, we may use pre-trained language models such
as BERT or GPT for more advanced NLP tasks.

E. Dialogue Management Module:

Dialogue management is responsible for
maintaining the conversational context and generating
appropriate responses to user queries. We will design a
dialogue management system using rule-based approaches
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or machine learning-based approaches such as finite state
machines or deep reinforcement learning. The dialogue
manager will consider the user's intent, context, and system
capabilities to generate coherent and contextually relevant
responses.

F. Task Execution Module:

The task execution module will translate user
requests into actions or commands that interact with the
underlying desktop system or external services. We will
implement functionalities for tasks such as retrieving
information from the web, controlling system settings,
sending emails, and Schedule.

At the outset we make our program capable of using
system voice with the help of sapi5 and pyttsx3. pyttsx3 is
a text-to-speech conversion library in Python. Unlike
alternative libraries, it works offline, and is compatible
with both Python 2 and 3. The Speech Application
Programming Interface or SAPI is an API developed by
Microsoft to allow the use of speech recognition and
speech synthesis within Windows applications. The main
function is then defined where all the capabilities of the
program are defined. The proposed system is supposed to
have the following functionality:

a) The assistant asks the user for input and keeps
listening for commands. The time for listening can be
set according to user's requirement.

b) If the assistant fails to clearly grasp the command it
will keep asking the user to repeat the command again
and again. (c) This assistant can be customized to have
either male or female voice according to user’s
requirement.

¢) This assistant can be customized to have either male or
female voice according to user’s requirement.

d) The current version of the assistant supports features
like Checking weather updates, Sending and checking
mails, Search Wikipedia, Open applications, Check
time, take note, show note, Open YouTube, Google,
Close YouTube, Google, Open and close applications.

Use Case Diagram

Automation
(Play/Open/Close)
[Cohere API]

Real-Time
Search
[Grog LLM] "'

Speech
Recognit ion

alenam + HTML Speach APl

Query
Classification
[Cohere API]

User Chatbot
Interaction

[Groq LLM]

Generate

Response
[Edge TTS]

Display
Response on GUI
and Speak Output
Convert to

Speech
[Edge TTS]

Fig 2 Use Case diagram of the voice assistant
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This diagram illustrates the workflow of a voice assistant
system. Here's a brief explanation:

a) User Interaction: The user provides input via a
microphone.

b) Voice Input Processing: The system captures the
user's queries and processes them as voice input.

c) System Processing: The voice input is processed by
the system to determine the appropriate action. The
system may Provide information, respond with a joke,
conduct a search, make API calls to external services,
perform system calls (e.g., managing apps or settings),
interact with Internet of Things (IoT) devices.

d) Output: The system generates a voice output or
response based on the processed input.

The workflow highlights the versatility of voice assistant
systems in handling various types of user queries.

Sequence Diagram

User II Speaker Listener Interpreter Web Scraper

1

1
Send Query(Audio) 1 ! :
1

p Query(Text)

a--

Passes To

r

Fetch Answer

Receive
Answer

Fig 3 Sequence diagram of the voice assistant

This sequence diagram illustrates the process of handling
a user query using a system involving audio and web
scraping. Here's the breakdown:

a) User Interaction: The User sends a query as audio
to the Speaker.

b) Audio Processing: The Speaker forwards the audio
query to the Listener.

c) Text Interpretation: The Listener passes the
processed query to the Interpreter, which converts
the audio query into text.

d) Web Scraping: The Interpreter sends the text query
to a Web Scraper to retrieve relev_ant information or
an answer from the web.

e) Response: The Web Scraper fetches the answer and
sends it back through the sequence to the Speaker,
which provides the response to the User.

This diagram demonstrates the flow of interaction and

data processing in a system that combines voice recognition,
text interpretation, and web-based information retrieval.

VI. RESULT

The Al-based voice assistant demonstrated robust
performance in accurately recognizing user commands and
responding promptly with relevant information. Users
reported satisfaction with the system's natural language
understanding capabilities and its ability to execute tasks

efficiently. Additionally, the voice assistant exhibited
adaptability across diverse contexts, demonstrating its
versatility in handling various user queries and commands.
Overall, the results highlight the effectiveness of the Al-
based voice assistant in enhancing user productivity and
convenience in desktop computing environments.
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VII. CONCLUSION

This paper presents the design and development of a
Python-based desktop voice assistant named J.A.R.V.L.S
(Just A Rather Very Intelligent System). The system
integrates modular components such as browser-based
speech recognition, cloud-based intent classification, real-
time web search, Al-driven content generation, image
synthesis, and task automation. Built using publicly
available APIs like Cohere, Groq, and Hugging Face, the
assistant demonstrates the feasibility of creating intelligent,
voice-controlled applications without local ML training. Its
GUI interface, natural voice output (Edge TTS), and
asynchronous architecture make it responsive, scalable,
and user-friendly. Future improvements include deeper
multi-language support, offline speech recognition, and
enhanced contextual memory.
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