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Abstract: In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
levels and poor microphone handling frequently result in unclear and uncomfortable audio delivery. These issues 
to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 
disruptive, particularly in formal or large
that automates the process while ensuring clarity and consistency in audio output.
introduce AutoModulate an in
based on real
a sound level detection module, such as t
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.
AutoModulate uses a digital potentiometer 
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu
to maintain comfort. This automated feedback loop ensures a consistent and distortio
audience, regardless of who is speaking or how they use the microphone.T
and easy to build using common development tools like the Arduino IDE. It also supports optional add
OLED display to show volume levels and status indicators, and a web
maximum and minimum volume thresholds remotely.
environments, pub
intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 
experience for all participants in a g
Keywords: 
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In today’s dynamic public communication environments such as classrooms, auditoriums, seminar halls, and conference 
rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 
challenge arises due to t
leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 
volume during live sessions is inefficien
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In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
levels and poor microphone handling frequently result in unclear and uncomfortable audio delivery. These issues 
to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

particularly in formal or large
that automates the process while ensuring clarity and consistency in audio output.
introduce AutoModulate an in
based on real-time analysis of the speaker’s vocal intensity. At the heart of the system is a high
a sound level detection module, such as t
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.
AutoModulate uses a digital potentiometer 
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu
to maintain comfort. This automated feedback loop ensures a consistent and distortio
audience, regardless of who is speaking or how they use the microphone.T
and easy to build using common development tools like the Arduino IDE. It also supports optional add
OLED display to show volume levels and status indicators, and a web
maximum and minimum volume thresholds remotely.
environments, public venues, and community centers. By automating volume control, it reduces the reliance on human 
intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 
experience for all participants in a g
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rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 
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In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
levels and poor microphone handling frequently result in unclear and uncomfortable audio delivery. These issues 
to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

particularly in formal or large
that automates the process while ensuring clarity and consistency in audio output.
introduce AutoModulate an intelligent, voice

time analysis of the speaker’s vocal intensity. At the heart of the system is a high
a sound level detection module, such as t
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.
AutoModulate uses a digital potentiometer 
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu
to maintain comfort. This automated feedback loop ensures a consistent and distortio
audience, regardless of who is speaking or how they use the microphone.T
and easy to build using common development tools like the Arduino IDE. It also supports optional add
OLED display to show volume levels and status indicators, and a web
maximum and minimum volume thresholds remotely.

lic venues, and community centers. By automating volume control, it reduces the reliance on human 
intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 
experience for all participants in a given space.

Automatic volume control, real
module, ESP32 microcontroller, MCP41010 digital potentiometer, adaptive gain regulation, smart audio systems, public 

n, dynamic sound level management, Arduino

In today’s dynamic public communication environments such as classrooms, auditoriums, seminar halls, and conference 
rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 

he variation in voice levels among different speakers and the improper use of microphones, 
leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 
volume during live sessions is inefficient, impractical, and often results in unnecessary distractions. 

IJIRIS: International Journal of Innovative Research in Information Security
Volume 11, Issue 08, November 2025                      

                                                                                                                             

_________________________________________________________________________________________
AM Publications - All Rights Reserved         

: Intelligent
Control

Dr.Vinola C
Associate Professor & HOD

Department of CSE 
Sri Sairam College of Engineering,

hod.iot@sairamce.edu.in
https://orcid.org/0000

, Mounasri V, Ayush Chand D, N. Mohammed Mudassir
Department of CSE

Sri Sairam College of Engineering,
guruprasathm.dev@gmail.com
ayushchand469@gmail.com

IJIRIS/RS/Vol.11/Issue08/OCIS1009
Research Article Open Access| Double-Blind Peer-

November 2025, Accepted: 12, November 2025, Published Online: 21, November 2025.
https://www.ijiris.com/volumes/Vol11/iss-08/14.OCIS10093.pdf

Mounasri,Ayush,Mohammed
IJIRIS: International Journal of Innovative Research in Information Security, Volume 11, Issue 08 of 

https://doi.org/10.26562/ijiris.2025.v1108.14

IJIRIS papers should be cited as IJIRIS (International Journal of Innovative Research in Information Security, AM 
7017, https://doi.org/10.26562/ijiris.2025.v1108.14
0004-9398-7488

2025 copyright by the authors. This article is an open access article distributed under the terms and conditions 
of the Creative Commons Attribution (CC BY) license 

In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
levels and poor microphone handling frequently result in unclear and uncomfortable audio delivery. These issues 
to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

particularly in formal or large-scale settings. Addressing this challenge calls for a smart and reliable solution 
that automates the process while ensuring clarity and consistency in audio output.

telligent, voice-responsive sound control system that dynamically adjusts speaker volume 
time analysis of the speaker’s vocal intensity. At the heart of the system is a high

a sound level detection module, such as the MAX4466, which continuously captures audio input. The captured signal is 
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.
AutoModulate uses a digital potentiometer - MCP41010 to regulate the g
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu
to maintain comfort. This automated feedback loop ensures a consistent and distortio
audience, regardless of who is speaking or how they use the microphone.T
and easy to build using common development tools like the Arduino IDE. It also supports optional add
OLED display to show volume levels and status indicators, and a web
maximum and minimum volume thresholds remotely.

lic venues, and community centers. By automating volume control, it reduces the reliance on human 
intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 

iven space. 
Automatic volume control, real-time audio processing, voice intensity detection, MAX4466 microphone 

module, ESP32 microcontroller, MCP41010 digital potentiometer, adaptive gain regulation, smart audio systems, public 
n, dynamic sound level management, Arduino

INTRODUCTION
In today’s dynamic public communication environments such as classrooms, auditoriums, seminar halls, and conference 
rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 

he variation in voice levels among different speakers and the improper use of microphones, 
leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 

t, impractical, and often results in unnecessary distractions. 
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In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
levels and poor microphone handling frequently result in unclear and uncomfortable audio delivery. These issues 
to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

scale settings. Addressing this challenge calls for a smart and reliable solution 
that automates the process while ensuring clarity and consistency in audio output.

responsive sound control system that dynamically adjusts speaker volume 
time analysis of the speaker’s vocal intensity. At the heart of the system is a high

he MAX4466, which continuously captures audio input. The captured signal is 
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.

MCP41010 to regulate the g
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu
to maintain comfort. This automated feedback loop ensures a consistent and distortio
audience, regardless of who is speaking or how they use the microphone.T
and easy to build using common development tools like the Arduino IDE. It also supports optional add
OLED display to show volume levels and status indicators, and a web
maximum and minimum volume thresholds remotely. AutoModulate is ideal for use in institutions, corporate training 

lic venues, and community centers. By automating volume control, it reduces the reliance on human 
intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 

time audio processing, voice intensity detection, MAX4466 microphone 
module, ESP32 microcontroller, MCP41010 digital potentiometer, adaptive gain regulation, smart audio systems, public 

n, dynamic sound level management, Arduino-based implementation.

INTRODUCTION
In today’s dynamic public communication environments such as classrooms, auditoriums, seminar halls, and conference 
rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 

he variation in voice levels among different speakers and the improper use of microphones, 
leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 

t, impractical, and often results in unnecessary distractions. 
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In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
levels and poor microphone handling frequently result in unclear and uncomfortable audio delivery. These issues 
to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

scale settings. Addressing this challenge calls for a smart and reliable solution 
that automates the process while ensuring clarity and consistency in audio output.

responsive sound control system that dynamically adjusts speaker volume 
time analysis of the speaker’s vocal intensity. At the heart of the system is a high

he MAX4466, which continuously captures audio input. The captured signal is 
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.

MCP41010 to regulate the gain of the connected audio amplifier. If the 
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu
to maintain comfort. This automated feedback loop ensures a consistent and distortio
audience, regardless of who is speaking or how they use the microphone.T he system is cost
and easy to build using common development tools like the Arduino IDE. It also supports optional add
OLED display to show volume levels and status indicators, and a web-based dashboard that allows users to define 

AutoModulate is ideal for use in institutions, corporate training 
lic venues, and community centers. By automating volume control, it reduces the reliance on human 

intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 

time audio processing, voice intensity detection, MAX4466 microphone 
module, ESP32 microcontroller, MCP41010 digital potentiometer, adaptive gain regulation, smart audio systems, public 

based implementation.

INTRODUCTION 
In today’s dynamic public communication environments such as classrooms, auditoriums, seminar halls, and conference 
rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 

he variation in voice levels among different speakers and the improper use of microphones, 
leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 

t, impractical, and often results in unnecessary distractions. 
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to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

scale settings. Addressing this challenge calls for a smart and reliable solution 
that automates the process while ensuring clarity and consistency in audio output. To resolve these concerns, we 

responsive sound control system that dynamically adjusts speaker volume 
time analysis of the speaker’s vocal intensity. At the heart of the system is a high

he MAX4466, which continuously captures audio input. The captured signal is 
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.

ain of the connected audio amplifier. If the 
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu
to maintain comfort. This automated feedback loop ensures a consistent and distortion-free audio experience for the 

he system is cost
and easy to build using common development tools like the Arduino IDE. It also supports optional add

based dashboard that allows users to define 
AutoModulate is ideal for use in institutions, corporate training 

lic venues, and community centers. By automating volume control, it reduces the reliance on human 
intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 
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module, ESP32 microcontroller, MCP41010 digital potentiometer, adaptive gain regulation, smart audio systems, public 

based implementation. 
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leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 

t, impractical, and often results in unnecessary distractions. 

IJIRIS: International Journal of Innovative Research in Information Security      E-ISSN: 2349
                                   P-ISSN: 2349

https://www.ijiris.com/archives
https://doi.org/10.26562/ijiris.2025.v1108.14

_________________________________________________________________________________________
https://doi.org/10.26562/ijiris                    

esponsive S

, Mounasri V, Ayush Chand D, N. Mohammed Mudassir 

IJIRIS/RS/Vol.11/Issue08/OCIS100
November 2025, Accepted: 12, November 2025, Published Online: 21, November 2025.

AutoModulate: Intelligent Voice Responsive 
IJIRIS: International Journal of Innovative Research in Information Security, Volume 11, Issue 08 of 

IJIRIS papers should be cited as IJIRIS (International Journal of Innovative Research in Information Security, AM 
The journal’s official abbreviation is 

2025 copyright by the authors. This article is an open access article distributed under the terms and conditions 
ns.org/licenses/by/4.0/). 

In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
levels and poor microphone handling frequently result in unclear and uncomfortable audio delivery. These issues 
to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

scale settings. Addressing this challenge calls for a smart and reliable solution 
To resolve these concerns, we 

responsive sound control system that dynamically adjusts speaker volume 
time analysis of the speaker’s vocal intensity. At the heart of the system is a high-sensitivity microphone and 

he MAX4466, which continuously captures audio input. The captured signal is 
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.

ain of the connected audio amplifier. If the 
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu

free audio experience for the 
he system is cost-effective, energy

and easy to build using common development tools like the Arduino IDE. It also supports optional add
based dashboard that allows users to define 

AutoModulate is ideal for use in institutions, corporate training 
lic venues, and community centers. By automating volume control, it reduces the reliance on human 

intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 

time audio processing, voice intensity detection, MAX4466 microphone 
module, ESP32 microcontroller, MCP41010 digital potentiometer, adaptive gain regulation, smart audio systems, public 

In today’s dynamic public communication environments such as classrooms, auditoriums, seminar halls, and conference 
rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 

he variation in voice levels among different speakers and the improper use of microphones, 
leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 

t, impractical, and often results in unnecessary distractions.  

ISSN: 2349-7017
ISSN: 2349-7009

https://www.ijiris.com/archives
https://doi.org/10.26562/ijiris.2025.v1108.14

_________________________________________________________________________________________
                    Page -376 

Sound

IJIRIS/RS/Vol.11/Issue08/OCIS10093 Received: 
November 2025, Accepted: 12, November 2025, Published Online: 21, November 2025.

AutoModulate: Intelligent Voice Responsive 
IJIRIS: International Journal of Innovative Research in Information Security, Volume 11, Issue 08 of 

IJIRIS papers should be cited as IJIRIS (International Journal of Innovative Research in Information Security, AM 
The journal’s official abbreviation is 

2025 copyright by the authors. This article is an open access article distributed under the terms and conditions 

In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
levels and poor microphone handling frequently result in unclear and uncomfortable audio delivery. These issues can lead 
to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

scale settings. Addressing this challenge calls for a smart and reliable solution 
To resolve these concerns, we 

responsive sound control system that dynamically adjusts speaker volume 
sensitivity microphone and 

he MAX4466, which continuously captures audio input. The captured signal is 
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly.

ain of the connected audio amplifier. If the 
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the outpu

free audio experience for the 
effective, energy-efficient, 

and easy to build using common development tools like the Arduino IDE. It also supports optional add-ons, such as an 
based dashboard that allows users to define 

AutoModulate is ideal for use in institutions, corporate training 
lic venues, and community centers. By automating volume control, it reduces the reliance on human 

intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 

time audio processing, voice intensity detection, MAX4466 microphone 
module, ESP32 microcontroller, MCP41010 digital potentiometer, adaptive gain regulation, smart audio systems, public 

In today’s dynamic public communication environments such as classrooms, auditoriums, seminar halls, and conference 
rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 

he variation in voice levels among different speakers and the improper use of microphones, 
leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 

7017 
7009 

https://www.ijiris.com/archives 
https://doi.org/10.26562/ijiris.2025.v1108.14 

_________________________________________________________________________________________ 
 

ound 

Received: 
November 2025, Accepted: 12, November 2025, Published Online: 21, November 2025. 

AutoModulate: Intelligent Voice Responsive 
IJIRIS: International Journal of Innovative Research in Information Security, Volume 11, Issue 08 of 

IJIRIS papers should be cited as IJIRIS (International Journal of Innovative Research in Information Security, AM 
The journal’s official abbreviation is 

2025 copyright by the authors. This article is an open access article distributed under the terms and conditions 

In public spaces such as classrooms, conference halls, auditoriums, and seminar rooms, inconsistent voice 
can lead 

to listener fatigue, disengagement, and even miscommunication during critical presentations or events. Often, manual 
volume adjustments are required during live sessions, but this process is inconvenient, inefficient, and can be highly 

scale settings. Addressing this challenge calls for a smart and reliable solution 
To resolve these concerns, we 

responsive sound control system that dynamically adjusts speaker volume 
sensitivity microphone and 

he MAX4466, which continuously captures audio input. The captured signal is 
processed by an ESP32 microcontroller, which analyzes the volume level in real time and responds accordingly. 

ain of the connected audio amplifier. If the 
speaker's voice is too soft, the system increases the gain to make it audible; if the voice is too loud, it reduces the output 

free audio experience for the 
efficient, 

, such as an 
based dashboard that allows users to define 

AutoModulate is ideal for use in institutions, corporate training 
lic venues, and community centers. By automating volume control, it reduces the reliance on human 

intervention or technical staff, enhances the professionalism of presentations, and significantly improves the auditory 

time audio processing, voice intensity detection, MAX4466 microphone 
module, ESP32 microcontroller, MCP41010 digital potentiometer, adaptive gain regulation, smart audio systems, public 

In today’s dynamic public communication environments such as classrooms, auditoriums, seminar halls, and conference 
rooms, clear and consistent audio output plays a vital role in ensuring effective communication. However, a common 

he variation in voice levels among different speakers and the improper use of microphones, 
leading to either inaudible speech or excessively loud output that disrupts the listener’s experience. Manual adjustment of 



                  IJIRIS: International Journal of Innovative Research in Information Security
                  Volume 11, Issue 08, November 2025  
                                                                                                                             

_________________________________________________________________________________________
IJIRIS©2014

 
 

To address this issue, this project proposes the development of “AutoModulate,” an intelligent voice
system designed to automatically regulate speaker volume based on real
microphone, a sound level sensor, a microcontroller (ESP32), and a digitally controlled potentiometer to monitor voice 
amplitude and adjust the speaker output accordingly. It ensures that soft
moderating overly loud voices, thereby maintaining audio clarity and consistency throughout. The system is 
programmable using Arduino IDE and is designed to be cost
components suc
adaptable and scalable for various public settings. By automating the volume adjustment process, AutoModulate not only 
enhances the overall audio experienc
institutions with limited resources. This introduction highlights the significance, motivation, and practical value behind 
building a smart audio control system for real
halls, and auditoriums, ensuring clear and consistent audio delivery is crucial for effective communication. One of the 
common challenges faced in these environments is the fluctuation in 
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To address this issue, this project proposes the development of “AutoModulate,” an intelligent voice
system designed to automatically regulate speaker volume based on real
microphone, a sound level sensor, a microcontroller (ESP32), and a digitally controlled potentiometer to monitor voice 
amplitude and adjust the speaker output accordingly. It ensures that soft
moderating overly loud voices, thereby maintaining audio clarity and consistency throughout. The system is 
programmable using Arduino IDE and is designed to be cost
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Manual volume adjustment during such events is both inefficient and distracting. To 
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To address this issue, this project proposes the development of “AutoModulate,” an intelligent voice
system designed to automatically regulate speaker volume based on real
microphone, a sound level sensor, a microcontroller (ESP32), and a digitally controlled potentiometer to monitor voice 
amplitude and adjust the speaker output accordingly. It ensures that soft
moderating overly loud voices, thereby maintaining audio clarity and consistency throughout. The system is 
programmable using Arduino IDE and is designed to be cost
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halls, and auditoriums, ensuring clear and consistent audio delivery is crucial for effective communication. One of the 
common challenges faced in these environments is the fluctuation in 
softly, making it difficult for the audience to hear, while others may speak too loudly, causing discomfort or distortion. 
Manual volume adjustment during such events is both inefficient and distracting. To 
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systems. These enhancements allow the system to become self-
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To address this issue, this project proposes the development of “AutoModulate,” an intelligent voice
system designed to automatically regulate speaker volume based on real-time
microphone, a sound level sensor, a microcontroller (ESP32), and a digitally controlled potentiometer to monitor voice 
amplitude and adjust the speaker output accordingly. It ensures that soft-spoken individuals 
moderating overly loud voices, thereby maintaining audio clarity and consistency throughout. The system is 
programmable using Arduino IDE and is designed to be cost-effective, portable, and easy to implement. Optional 

based interface allow for user feedback and control, making the system 
adaptable and scalable for various public settings. By automating the volume adjustment process, AutoModulate not only 

e but also reduces reliance on AV technicians, making it especially valuable in 
institutions with limited resources. This introduction highlights the significance, motivation, and practical value behind 

applications. In modern public settings such as classrooms, seminar 
halls, and auditoriums, ensuring clear and consistent audio delivery is crucial for effective communication. One of the 
common challenges faced in these environments is the fluctuation in speaker voice levels. Some individuals speak too 
softly, making it difficult for the audience to hear, while others may speak too loudly, causing discomfort or distortion. 
Manual volume adjustment during such events is both inefficient and distracting. To 

responsive audio control system that automatically adjusts speaker 
output based on the speaker’s voice intensity. The system employs a microphone, sound level sensor, ESP32
microcontroller, and digital potentiometer to detect and regulate volume in real time.
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threshold. At its core, the system is built around an ATMega microcontroller, which continuously processes real

icrophones. The device empowers users to set custom noise limits for 
specific areas via a user interface consisting of a display and input buttons. The system operates under a green

threshold is breached, the system triggers a buzzer alert 
and displays a warning message. It maintains this alert state until the noise level is reduced and returns to acceptable 
levels, upon which it resets to green mode. This solution effectively addresses 3 noise management in communal spaces 
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narrow, targeted sound beams, effectively mimicking the transverse behavior seen in light waves. Parametric speakers, 
already known for their directional sound capabilities, serve as the foundation for this concept. What distingu
work is the integration of Artificial Intelligence (AI), machine learning (ML), and deep learning into these directional audi

-learning, responsive, and capable of intelligent decision
making. The proposed solution is designed not only to enhance privacy and reduce ambient noise in public or semi
environments but also to support the visually impaired and elderly populations who rely heavily on auditory 
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To address this issue, this project proposes the development of “AutoModulate,” an intelligent voice
time voice input.

microphone, a sound level sensor, a microcontroller (ESP32), and a digitally controlled potentiometer to monitor voice 
spoken individuals 

moderating overly loud voices, thereby maintaining audio clarity and consistency throughout. The system is 
effective, portable, and easy to implement. Optional 

based interface allow for user feedback and control, making the system 
adaptable and scalable for various public settings. By automating the volume adjustment process, AutoModulate not only 

e but also reduces reliance on AV technicians, making it especially valuable in 
institutions with limited resources. This introduction highlights the significance, motivation, and practical value behind 

In modern public settings such as classrooms, seminar 
halls, and auditoriums, ensuring clear and consistent audio delivery is crucial for effective communication. One of the 

speaker voice levels. Some individuals speak too 
softly, making it difficult for the audience to hear, while others may speak too loudly, causing discomfort or distortion. 
Manual volume adjustment during such events is both inefficient and distracting. To overcome this, the proposed project 

responsive audio control system that automatically adjusts speaker 
output based on the speaker’s voice intensity. The system employs a microphone, sound level sensor, ESP32
microcontroller, and digital potentiometer to detect and regulate volume in real time. 

The study presents a novel loudspeaker beamforming algorithm designed to enhance the performance of 
driven applications (VDAs), particularly in challenging environments where the loudspeakers themselves are a major 
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such scenarios due to high acoustic interference. The proposed algorithm addresses this by manipulating loudspeaker 

” around the VDA’s microphone. This results in significantly 
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threshold. At its core, the system is built around an ATMega microcontroller, which continuously processes real

icrophones. The device empowers users to set custom noise limits for 
specific areas via a user interface consisting of a display and input buttons. The system operates under a green

threshold is breached, the system triggers a buzzer alert 
and displays a warning message. It maintains this alert state until the noise level is reduced and returns to acceptable 

ses 3 noise management in communal spaces 
by promoting behavioral awareness and providing immediate feedback through visual and auditory signals. By automating 
this process, the system removes the need for constant human monitoring, ensuring consistent noi
fostering a more conducive environment for concentration and learning. It demonstrates how embedded systems and IoT 
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This research explores a transformative approach to controlling sound propagation by channeling its typically 
like form using parametric or directional speakers. 

Traditionally, sound spreads in all directions upon generation, leading to reduced privacy and increased noise pollution in 
public spaces. However, the proposed system leverages the principles of wave interference an
narrow, targeted sound beams, effectively mimicking the transverse behavior seen in light waves. Parametric speakers, 
already known for their directional sound capabilities, serve as the foundation for this concept. What distingu
work is the integration of Artificial Intelligence (AI), machine learning (ML), and deep learning into these directional audi

learning, responsive, and capable of intelligent decision
making. The proposed solution is designed not only to enhance privacy and reduce ambient noise in public or semi
environments but also to support the visually impaired and elderly populations who rely heavily on auditory 

opportunities for highly personalized, location-specific data delivery systems that could 
redefine auditory information sharing in both public and commercial environments. 
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To address this issue, this project proposes the development of “AutoModulate,” an intelligent voice-responsive audio 
voice input. This system uses a sensitive 

microphone, a sound level sensor, a microcontroller (ESP32), and a digitally controlled potentiometer to monitor voice 
spoken individuals are heard clearly while 

moderating overly loud voices, thereby maintaining audio clarity and consistency throughout. The system is 
effective, portable, and easy to implement. Optional 

based interface allow for user feedback and control, making the system 
adaptable and scalable for various public settings. By automating the volume adjustment process, AutoModulate not only 

e but also reduces reliance on AV technicians, making it especially valuable in 
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In modern public settings such as classrooms, seminar 
halls, and auditoriums, ensuring clear and consistent audio delivery is crucial for effective communication. One of the 

speaker voice levels. Some individuals speak too 
softly, making it difficult for the audience to hear, while others may speak too loudly, causing discomfort or distortion. 
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responsive audio 
This system uses a sensitive 

microphone, a sound level sensor, a microcontroller (ESP32), and a digitally controlled potentiometer to monitor voice 
are heard clearly while 

moderating overly loud voices, thereby maintaining audio clarity and consistency throughout. The system is 
effective, portable, and easy to implement. Optional 

based interface allow for user feedback and control, making the system 
adaptable and scalable for various public settings. By automating the volume adjustment process, AutoModulate not only 

e but also reduces reliance on AV technicians, making it especially valuable in 
institutions with limited resources. This introduction highlights the significance, motivation, and practical value behind 

In modern public settings such as classrooms, seminar 
halls, and auditoriums, ensuring clear and consistent audio delivery is crucial for effective communication. One of the 

speaker voice levels. Some individuals speak too 
softly, making it difficult for the audience to hear, while others may speak too loudly, causing discomfort or distortion. 

overcome this, the proposed project 
responsive audio control system that automatically adjusts speaker 

output based on the speaker’s voice intensity. The system employs a microphone, sound level sensor, ESP32

The study presents a novel loudspeaker beamforming algorithm designed to enhance the performance of 
driven applications (VDAs), particularly in challenging environments where the loudspeakers themselves are a major 

ng music loudly. Traditional automatic speech recognition (ASR) systems suffer in 
such scenarios due to high acoustic interference. The proposed algorithm addresses this by manipulating loudspeaker 

” around the VDA’s microphone. This results in significantly 
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Findings: This project introduces an intelligent noise pollution control system designed specifically for educational and 
sensitive environments such as classrooms, libraries, and laboratories. The system utilizes Internet of Things (IoT) 

nitor ambient noise levels and take responsive action when those levels exceed a user-defined 
threshold. At its core, the system is built around an ATMega microcontroller, which continuously processes real-time 

icrophones. The device empowers users to set custom noise limits for 
specific areas via a user interface consisting of a display and input buttons. The system operates under a green-safe status 

threshold is breached, the system triggers a buzzer alert 
and displays a warning message. It maintains this alert state until the noise level is reduced and returns to acceptable 

ses 3 noise management in communal spaces 
by promoting behavioral awareness and providing immediate feedback through visual and auditory signals. By automating 

se regulation and 
fostering a more conducive environment for concentration and learning. It demonstrates how embedded systems and IoT 

time, and location specific monitoring 

This research explores a transformative approach to controlling sound propagation by channeling its typically 
ing parametric or directional speakers. 

Traditionally, sound spreads in all directions upon generation, leading to reduced privacy and increased noise pollution in 
d superposition to produce 

narrow, targeted sound beams, effectively mimicking the transverse behavior seen in light waves. Parametric speakers, 
already known for their directional sound capabilities, serve as the foundation for this concept. What distinguishes this 
work is the integration of Artificial Intelligence (AI), machine learning (ML), and deep learning into these directional audi
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environments but also to support the visually impaired and elderly populations who rely heavily on auditory 

specific data delivery systems that could 
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The process begins with the selection and integration of suitable hardware components, including directiona
transducers, microcontrollers (such as ATMega328P or ESP32), microphone arrays, and supporting circuits.
hardware prototype is built, it is configured to emit tightly focused sound beams using the principles of interference and 
superposition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
to the hardware development, machine learning models are trained using real
movement, and noise level
microcontroller using lightweight frameworks like TensorFlowLite, ensuring real
is carried out using Arduino IDE and Python, al
triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 
repeated testing in acoustically varied environments to fine
The final stage includes integrating all modules and validating the system’s effectiveness in real
libraries, classrooms, and public service counters. The methodology ensures a holistic ap
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience.

The system architecture of “AutoModulate: Intelligent Voice
combination of hardware components and embedded software that work collaboratively to ensure automatic and 
adaptive volume control. The architecture i
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 
1. Input Stage: 
At the core of the input stage is a high
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog
Converter) pin of the ESP32 microcontroller. 
2. Processing Un
The ESP32 is responsible for sampling, processing, and analyzing the incoming audio signal. It uses threshold
determine whether the volume should be increased or decreased. Based on predefined lower and upper thr
microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 
timing constraints to avoid false triggers caused by short bursts of noise. 
3. Volume Control Unit: 
The ESP32 interfaces 
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 
maintain natural audio quality. 
4. Output Stage: 
This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 
speaker’s voice intensity. 
5. User Interface (UI):
 A user-friendly interface includes push buttons to set minimum and maximum volume thresholds manually. An OLED 
display (optional) shows the current volume level, system mode (e.g., Normal, Increasing, Decreasin
makes it easy for users to monitor and fine
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osition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
to the hardware development, machine learning models are trained using real
movement, and noise level
microcontroller using lightweight frameworks like TensorFlowLite, ensuring real
is carried out using Arduino IDE and Python, al
triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 
repeated testing in acoustically varied environments to fine
The final stage includes integrating all modules and validating the system’s effectiveness in real
libraries, classrooms, and public service counters. The methodology ensures a holistic ap
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience.
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adaptive volume control. The architecture i
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 
1. Input Stage:  
At the core of the input stage is a high
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog
Converter) pin of the ESP32 microcontroller. 
2. Processing Unit (ESP32 Microcontroller): 
The ESP32 is responsible for sampling, processing, and analyzing the incoming audio signal. It uses threshold
determine whether the volume should be increased or decreased. Based on predefined lower and upper thr
microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 
timing constraints to avoid false triggers caused by short bursts of noise. 
3. Volume Control Unit: 
The ESP32 interfaces with a digital potentiometer (e.g., MCP41010) or uses PWM
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 
maintain natural audio quality. 

utput Stage:  
This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 

’s voice intensity.  
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display (optional) shows the current volume level, system mode (e.g., Normal, Increasing, Decreasin
makes it easy for users to monitor and fine

IJIRIS: International Journal of Innovative Research in Information Security
Volume 11, Issue 08, November 2025  

                                                                                                                             

_________________________________________________________________________________________
AM Publications 

The process begins with the selection and integration of suitable hardware components, including directiona
transducers, microcontrollers (such as ATMega328P or ESP32), microphone arrays, and supporting circuits.
hardware prototype is built, it is configured to emit tightly focused sound beams using the principles of interference and 

osition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
to the hardware development, machine learning models are trained using real
movement, and noise levels, to enable smart decision
microcontroller using lightweight frameworks like TensorFlowLite, ensuring real
is carried out using Arduino IDE and Python, al
triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 
repeated testing in acoustically varied environments to fine
The final stage includes integrating all modules and validating the system’s effectiveness in real
libraries, classrooms, and public service counters. The methodology ensures a holistic ap
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience.

The system architecture of “AutoModulate: Intelligent Voice
combination of hardware components and embedded software that work collaboratively to ensure automatic and 
adaptive volume control. The architecture i
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 

At the core of the input stage is a high
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog
Converter) pin of the ESP32 microcontroller. 
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The process begins with the selection and integration of suitable hardware components, including directiona
transducers, microcontrollers (such as ATMega328P or ESP32), microphone arrays, and supporting circuits.
hardware prototype is built, it is configured to emit tightly focused sound beams using the principles of interference and 

osition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
to the hardware development, machine learning models are trained using real

s, to enable smart decision
microcontroller using lightweight frameworks like TensorFlowLite, ensuring real
is carried out using Arduino IDE and Python, al
triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 
repeated testing in acoustically varied environments to fine
The final stage includes integrating all modules and validating the system’s effectiveness in real
libraries, classrooms, and public service counters. The methodology ensures a holistic ap
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience.

SYSTEM ARCHITECTURE
The system architecture of “AutoModulate: Intelligent Voice
combination of hardware components and embedded software that work collaboratively to ensure automatic and 
adaptive volume control. The architecture is designed to capture real
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 

At the core of the input stage is a high-sensitivity microphone (e.g., MAX4466) capable of detecting variations in ambient 
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog
Converter) pin of the ESP32 microcontroller.  

it (ESP32 Microcontroller):  
The ESP32 is responsible for sampling, processing, and analyzing the incoming audio signal. It uses threshold
determine whether the volume should be increased or decreased. Based on predefined lower and upper thr
microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 
timing constraints to avoid false triggers caused by short bursts of noise. 

with a digital potentiometer (e.g., MCP41010) or uses PWM
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 

This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 

friendly interface includes push buttons to set minimum and maximum volume thresholds manually. An OLED 
display (optional) shows the current volume level, system mode (e.g., Normal, Increasing, Decreasin
makes it easy for users to monitor and fine-tune system behavior. 
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The process begins with the selection and integration of suitable hardware components, including directiona
transducers, microcontrollers (such as ATMega328P or ESP32), microphone arrays, and supporting circuits.
hardware prototype is built, it is configured to emit tightly focused sound beams using the principles of interference and 

osition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
to the hardware development, machine learning models are trained using real

s, to enable smart decision-making within the system. These models are deployed onto the 
microcontroller using lightweight frameworks like TensorFlowLite, ensuring real
is carried out using Arduino IDE and Python, allowing for efficient sensor communication, threshold
triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 
repeated testing in acoustically varied environments to fine-tune beam sh
The final stage includes integrating all modules and validating the system’s effectiveness in real
libraries, classrooms, and public service counters. The methodology ensures a holistic ap
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience.
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The system architecture of “AutoModulate: Intelligent Voice
combination of hardware components and embedded software that work collaboratively to ensure automatic and 

s designed to capture real
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 

microphone (e.g., MAX4466) capable of detecting variations in ambient 
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog

 
The ESP32 is responsible for sampling, processing, and analyzing the incoming audio signal. It uses threshold
determine whether the volume should be increased or decreased. Based on predefined lower and upper thr
microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 
timing constraints to avoid false triggers caused by short bursts of noise. 

with a digital potentiometer (e.g., MCP41010) or uses PWM
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 

This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 

friendly interface includes push buttons to set minimum and maximum volume thresholds manually. An OLED 
display (optional) shows the current volume level, system mode (e.g., Normal, Increasing, Decreasin

tune system behavior. 
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The process begins with the selection and integration of suitable hardware components, including directiona
transducers, microcontrollers (such as ATMega328P or ESP32), microphone arrays, and supporting circuits.
hardware prototype is built, it is configured to emit tightly focused sound beams using the principles of interference and 

osition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
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triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 

tune beam sharpness, sound clarity, and AI responsiveness. 
The final stage includes integrating all modules and validating the system’s effectiveness in real
libraries, classrooms, and public service counters. The methodology ensures a holistic ap
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience.

SYSTEM ARCHITECTURE 
The system architecture of “AutoModulate: Intelligent Voice-Responsive Sound Control System” is a modular 
combination of hardware components and embedded software that work collaboratively to ensure automatic and 

s designed to capture real-
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 

microphone (e.g., MAX4466) capable of detecting variations in ambient 
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog

The ESP32 is responsible for sampling, processing, and analyzing the incoming audio signal. It uses threshold
determine whether the volume should be increased or decreased. Based on predefined lower and upper thr
microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 
timing constraints to avoid false triggers caused by short bursts of noise.  

with a digital potentiometer (e.g., MCP41010) or uses PWM
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 

This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 

friendly interface includes push buttons to set minimum and maximum volume thresholds manually. An OLED 
display (optional) shows the current volume level, system mode (e.g., Normal, Increasing, Decreasin

tune system behavior.  

Circuit Diagram 

IJIRIS: International Journal of Innovative Research in Information Security
                                        

                      https://www.ijiris.com/archives
https://doi.org/10.26562/ijiris.2025.v1108.14

_________________________________________________________________________________________
https://doi.org/10.26562/ijiris

The process begins with the selection and integration of suitable hardware components, including directiona
transducers, microcontrollers (such as ATMega328P or ESP32), microphone arrays, and supporting circuits.
hardware prototype is built, it is configured to emit tightly focused sound beams using the principles of interference and 

osition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
to the hardware development, machine learning models are trained using real-world data, such as user presence, 

making within the system. These models are deployed onto the 
microcontroller using lightweight frameworks like TensorFlowLite, ensuring real-time adaptability.

lowing for efficient sensor communication, threshold
triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 

arpness, sound clarity, and AI responsiveness. 
The final stage includes integrating all modules and validating the system’s effectiveness in real
libraries, classrooms, and public service counters. The methodology ensures a holistic approach that combines physical 
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience.

Responsive Sound Control System” is a modular 
combination of hardware components and embedded software that work collaboratively to ensure automatic and 

-time voice input, process it through a 
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 

microphone (e.g., MAX4466) capable of detecting variations in ambient 
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog

The ESP32 is responsible for sampling, processing, and analyzing the incoming audio signal. It uses threshold
determine whether the volume should be increased or decreased. Based on predefined lower and upper thr
microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 

with a digital potentiometer (e.g., MCP41010) or uses PWM-based control to regulate the gain of an 
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 

This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 

friendly interface includes push buttons to set minimum and maximum volume thresholds manually. An OLED 
display (optional) shows the current volume level, system mode (e.g., Normal, Increasing, Decreasin
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The process begins with the selection and integration of suitable hardware components, including directiona
transducers, microcontrollers (such as ATMega328P or ESP32), microphone arrays, and supporting circuits.
hardware prototype is built, it is configured to emit tightly focused sound beams using the principles of interference and 

osition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
world data, such as user presence, 

making within the system. These models are deployed onto the 
time adaptability. Software development 

lowing for efficient sensor communication, threshold
triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 

arpness, sound clarity, and AI responsiveness. 
The final stage includes integrating all modules and validating the system’s effectiveness in real-world use cases like 

proach that combines physical 
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience.

Responsive Sound Control System” is a modular 
combination of hardware components and embedded software that work collaboratively to ensure automatic and 

time voice input, process it through a 
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 

microphone (e.g., MAX4466) capable of detecting variations in ambient 
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog

The ESP32 is responsible for sampling, processing, and analyzing the incoming audio signal. It uses threshold
determine whether the volume should be increased or decreased. Based on predefined lower and upper thr
microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 

based control to regulate the gain of an 
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 

This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 

friendly interface includes push buttons to set minimum and maximum volume thresholds manually. An OLED 
display (optional) shows the current volume level, system mode (e.g., Normal, Increasing, Decreasing), and any alerts. This 
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The process begins with the selection and integration of suitable hardware components, including directional ultrasonic 
transducers, microcontrollers (such as ATMega328P or ESP32), microphone arrays, and supporting circuits. Once the 
hardware prototype is built, it is configured to emit tightly focused sound beams using the principles of interference and 

osition. This allows the sound to travel in a straight, targeted path instead of dispersing omnidirectionally. Parallel 
world data, such as user presence, 

making within the system. These models are deployed onto the 
Software development 

lowing for efficient sensor communication, threshold-based sound 
triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 

arpness, sound clarity, and AI responsiveness. 
world use cases like 

proach that combines physical 
acoustics, embedded systems, and intelligent software design to achieve a seamless and effective user experience. 

Responsive Sound Control System” is a modular 
combination of hardware components and embedded software that work collaboratively to ensure automatic and 

time voice input, process it through a 
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments. 

microphone (e.g., MAX4466) capable of detecting variations in ambient 
sound pressure levels. This analog signal, representing voice intensity, is continuously fed to the ADC (Analog-to-Digital 

The ESP32 is responsible for sampling, processing, and analyzing the incoming audio signal. It uses threshold-based logic to 
determine whether the volume should be increased or decreased. Based on predefined lower and upper thresholds, the 
microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 

based control to regulate the gain of an 
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 

This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 

friendly interface includes push buttons to set minimum and maximum volume thresholds manually. An OLED 
g), and any alerts. This 
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triggering, and intelligent modulation of audio based on environmental input. System calibration is performed through 
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Responsive Sound Control System” is a modular 
combination of hardware components and embedded software that work collaboratively to ensure automatic and 

time voice input, process it through a 
microcontroller, and dynamically adjust speaker output for optimal clarity and comfort in public speaking environments.  
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Digital 

based logic to 
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microcontroller evaluates if the detected audio level is too soft or too loud. It incorporates smoothing algorithms and 

based control to regulate the gain of an 
audio amplifier connected to the speaker. Adjustments are made in small, gradual steps to ensure smooth transitions and 

This stage consists of an audio amplifier circuit and a speaker. The amplifier receives modulated signals from the 
potentiometer and outputs them to the speaker. As the gain changes, the output volume adjusts in real time based on the 

friendly interface includes push buttons to set minimum and maximum volume thresholds manually. An OLED 
g), and any alerts. This 
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1. Voice Input Capture and Signal Processing Module This module forms the core of the AutoModulate system, tasked 
with capturing and analyzing environmental voice input. High
pass the analog signal throu
ADC within the microcontroller. The system evaluates the signal amplitude against predefined thresholds and adjusts 
speaker output accordingly. Noise filtering is 
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