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Abstract: In today's globalized world, conference calls play a vital role in enabling effective communication
and collaboration among individuals and organizations across geographical boundaries. However, in low
bandwidth areas, such as remote locations or developing regions, the quality of audio during conference
calls is often compromised due to limited network capacity. This issue leads to reduced intelligibility,
distorted speech, and hindered comprehension, significantly impacting the productivity and overall
experience of conference call participants. To address this problem, we propose a project focused on up-
scaling audio resolution in conference calls for low bandwidth areas. Our goal is to enhance the audio
quality and intelligibility of conference calls, thereby improving communication effectiveness even in
challenging network conditions. The project will involve developing and implementing advanced audio
processing techniques to compensate for the limitations imposed by low bandwidth. These techniques will
aim to minimize audio artifacts, enhance speech clarity, and mitigate background noise. We will explore
innovative algorithms such as noise reduction, speech enhancement, adaptive filtering, and bandwidth
optimization to achieve optimal audio quality. To validate the effectiveness of our approach, we will conduct
a series of experiments using real-world conference call scenarios under various network conditions. We
will compare the audio quality metrics, such as signal-to-noise ratio, intelligibility, and overall user
satisfaction, between the existing audio transmission methods and our proposed up-scaling solution. This
evaluation will enable us to quantify the improvement achieved by our approach and validate its efficacy in
low bandwidth areas. Additionally, we will consider the practical implementation aspects of our solution to
ensure compatibility with existing conference call systems and platforms. This includes developing an
efficient and lightweight software module that can be integrated seamlessly into widely used conferencing
applications without requiring substantial hardware upgrades. The successful implementation of this
project will have significant implications for individuals and organizations operating in low bandwidth
areas. By improving audio resolution in conference calls, we can enhance communication clarity, promote
more productive collaboration, and reduce the impact of unreliable network conditions on business
operations.
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I. INTRODUCTION
Conference calls serve as a crucial means of communication and collaboration, enabling seamless interaction between
individuals and organizations regardless of their physical locations. However, in low bandwidth areas characterized
by limited network capacity, conference call participants often experience compromised audio quality, leading to
reduced clarity and comprehension. The detrimental impact on communication effectiveness and overall user
experience necessitates the development of a solution to enhance audio resolution in conference calls conducted in
low bandwidth areas. The objective of this project is to address the challenges associated with low bandwidth
environments and improve the audio quality in conference calls. By leveraging advanced audio processing techniques,
we aim to overcome the limitations imposed by constrained network capacities and deliver a more immersive and
effective communication experience. The limitations of low bandwidth areas have a direct impact on the transmission
of audio data during conference calls. The constrained network capacity leads to audio H'Wsacts, distortion, and
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background noise, which can severely impair speech intelligibility. Consequently, participants may struggle to
understand and engage in meaningful discussions, undermining the primary purpose of conference calls. To tackle
these issues, our project will focus on developing innovative algorithms and methodologies for up-scaling the audio
resolution in conference calls conducted in low bandwidth areas. These algorithms will employ techniques such as
noise reduction, speech enhancement, adaptive filtering, and bandwidth optimization to mitigate the adverse effects of
limited network capacity. By implementing these advanced audio processing techniques, we aim to enhance the
clarity, intelligibility, and overall quality of audio transmitted during conference calls. The effectiveness of our
proposed solution will be evaluated through rigorous experimentation under various network conditions simulating
low bandwidth areas. We will compare the audio quality metrics, including signal-to-noise ratio, intelligibility, and
user satisfaction, between the existing audio transmission methods and our up- scaling solution. This evaluation will
provide quantitative insights into the improvement achieved by our approach and its potential to enhance
communication effectiveness in low bandwidth areas.

II. LITERATURE SURVEY
[1]. V. R. Kshirsagar and P. S. Desai, "Audio enhancement for low bandwidth communication systems," 2019
International Conference on Communication Information and Computing Technology (ICCICT), Mumbali, India, 2019,
pp- 1-5.
This study explores audio enhancement techniques specifically designed for low bandwidth communication systems.
The authors propose an adaptive filtering approach to reduce background noise and improve the quality of audio
transmission. The results demonstrate the effectiveness of their method in enhancing speech intelligibility and reducing
the impact of limited bandwidth on audio resolution.
[2]. S. A. Abu-Nimeh, S. Gharaibeh, and H. Al-Mahadin, "Bandwidth optimization in VoIP systems for low bandwidth
networks," 2017 IEEE Jordan Conference on Applied Electrical Engineering and Computing Technologies (AEECT),
Amman, Jordan, 2017, pp. 1-6.
The authors investigate bandwidth optimization techniques in Voice over Internet Protocol (VoIP) systems, which can
be applied to improve audio quality in conference calls. Their research focuses on efficient audio encoding and
compression algorithms that minimize bandwidth requirements without sacrificing audio resolution. The study
provides insights into the benefits of bandwidth optimization for enhancing audio quality in low bandwidth networks.
[3]. R. Anamika and S. S. Das, "Speech enhancement using noise reduction algorithms for conference calls in low
bandwidth areas," 2018 International Conference on Advances in Computing, Communication Control and Networking
(ICACCCN), Bangalore, India, 2018, pp. 319-324.
This research investigates the application of noise reduction algorithms to enhance speech intelligibility in conference
calls conducted in low bandwidth areas. The authors compare different noise reduction techniques and evaluate their
impact on audio quality. The study highlights the effectiveness of noise reduction algorithms in improving audio
resolution, thereby enhancing the overall conference call experience.
[4]. A. M. A. Tariq, N. Ullah, and M. U. Ilyas, "A review of speech enhancement techniques for improving
intelligibility in low bandwidth scenarios," 2019 6th International Conference on Signal Processing and Integrated
Networks (SPIN), Noida, India, 2019, pp. 612-616.
This paper presents a comprehensive review of speech enhancement techniques for improving speech intelligibility in
low bandwidth scenarios. The authors discuss various methods, including spectral subtraction, Wiener filtering, and
adaptive filtering, and compare their performance in enhancing audio quality. The review provides valuable insights
into different approaches for up-scaling audio resolution in low bandwidth areas.
[5]. F. R. Gan, W. L. Woo, and S. L. Woo, "Audio quality enhancement in low bandwidth networks," 2017
International Conference on Robotics, Automation and Sciences (ICORAS), Penang, Malaysia, 2017, pp. 1-6.
This study focuses on audio quality enhancement in low bandwidth networks and proposes an approach based on joint
source-channel coding. The authors analyze the impact of channel errors on audio quality and devise error resilience
techniques to mitigate their effects. The research provides valuable strategies for improving audio resolution in low
bandwidth environments, specifically targeted at network conditions relevant to conference calls
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III. PROBLEM STATEMENT

In conference calls conducted in low bandwidth areas, the audio resolution is often compromised, leading to reduced
clarity, distorted speech, and hindered comprehension. The limited network capacity in these areas poses significant
challenges for maintaining high- quality audio transmission during conference calls. As a result, participants face
difficulties in understanding and effectively communicating, impacting the productivity and overall experience of the
call. The problem at hand is the need to enhance the audio resolution in conference calls for low bandwidth areas. The
existing audio transmission methods are insufficient to overcome the limitations imposed by constrained network
capacities, resulting in poor audio quality and compromised communication effectiveness. Therefore, there is a crucial
requirement for a solution that can mitigate the impact of low bandwidth on audio resolution and deliver a more
immersive and productive conference call experience. The key challenges to be addressed include reducing audio
artifacts, improving speech clarity, and mitigating background noise in low bandwidth environments. Additionally, the
solution should be compatible with existing conference call systems and platforms, requiring minimal hardware
upgrades and providing a seamless integration process.

IV. EXISTING SYSTEM
In the existing system, conference calls conducted in low bandwidth areas suffer from limitations imposed by
constrained network capacities. The audio resolution during these calls is compromised, resulting in reduced
intelligibility and poor audio quality. The current methods of audio transmission are not specifically designed to
address the challenges of low bandwidth environments, leading to suboptimal communication experiences. Existing
solutions often rely on standard audio codecs and compression algorithms that prioritize bandwidth efficiency over
audio quality. These methods may sacrifice audio resolution to ensure smoother transmission in low bandwidth
conditions. Consequently, participants in conference calls face difficulties in comprehending speech, distinguishing
voices, and effectively communicating their ideas. Furthermore, the existing system lacks specialized techniques to
mitigate background noise, resulting in a degraded audio experience. Background noise, such as ambient sounds or
network artifacts, further impairs speech intelligibility, leading to increased cognitive load and reduced productivity
during conference calls.
Additionally, the current system does not prioritize bandwidth optimization techniques specifically tailored for
conference calls. As a result, the available bandwidth is not utilized optimally, resulting in inefficient transmission and
limited improvement in audio resolution. Overall, the existing system for up-scaling audio resolution in conference
calls for low bandwidth areas falls short in providing an optimal communication experience. It lacks dedicated
algorithms for noise reduction,

V. PROPOSED SYSTEM

The proposed system aims to revolutionize the audio resolution in conference calls conducted in low bandwidth areas
by introducing advanced techniques specifically designed to overcome the limitations imposed by constrained network
capacities. By leveraging innovative algorithms and methodologies, the system seeks to enhance speech clarity, reduce
background noise, and optimize bandwidth utilization, thereby delivering a superior audio experience. To achieve this,
the proposed system will incorporate several key components. Firstly, advanced noise reduction algorithms will be
employed to effectively suppress background noise and improve speech intelligibility. These algorithms will selectively
filter out unwanted sounds, such as ambient noise or network artifacts, while preserving the clarity of the desired speech
signal. Secondly, speech enhancement techniques will be implemented to optimize the audio quality during conference
calls. These techniques may include adaptive filtering algorithms, which can dynamically adjust audio parameters based
on the characteristics of the low bandwidth environment. By mitigating distortions and enhancing the speech signal,
these techniques will significantly improve the overall audio resolution. Furthermore, the proposed system will
incorporate bandwidth optimization strategies specifically tailored for conference calls. These strategies may involve
efficient audio encoding and compression algorithms that prioritize maintaining high audio resolution while minimizing
bandwidth requirements. By utilizing the available network capacity more effectively, the system will ensure optimal
transmission of audio data, resulting in enhanced audio quality even in low bandwidth areas
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VI. OBJECTIVES
1. Develop and implement advanced audio processing techniques: The project aims to research and develop
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innovative audio processing algorithms and methodologies specifically designed to enhance audio resolution
in conference calls conducted in low bandwidth areas. These techniques will include noise reduction, speech
enhancement, and adaptive filtering, among others.

Improve speech clarity and intelligibility: The project aims to significantly improve speech clarity and
intelligibility during conference calls in low bandwidth areas. By effectively reducing background noise,
minimizing distortions, and enhancing the speech signal, the project will ensure that participants can clearly
understand and communicate their ideas.

Mitigate the impact of background noise: The project seeks to address the challenges posed by background noise
in low bandwidth environments. By implementing specialized algorithms and techniques, the system will
actively suppress unwanted noise, such as ambient sounds or network artifacts, resulting in a more focused and
enhanced audio experience.

Optimize bandwidth utilization: The project will focus on optimizing the utilization of limited network
capacities in low bandwidth areas. By implementing efficient audio encoding and compression algorithms, the
system will aim to minimize the bandwidth requirements while maintaining high audio resolution, thus
ensuring optimal transmission of audio data during conference calls.

Ensure compatibility with existing systems and platforms: The project will develop a lightweight and easily
integrable software module that can be seamlessly integrated into existing conference call systems and
platforms. This objective aims to ensure compatibility with a wide range of devices and network
environments, enabling widespread adoption and ease of implementation.

Validate the effectiveness of the proposed solution: The project will conduct comprehensive experiments using
real-world conference call scenarios under various low bandwidth conditions. Performance metrics such as
signal-to-noise ratio, speech intelligibility, and user satisfaction will be measured and compared to existing
audio transmission methods to validate the effectiveness of the proposed solution.

Enhance communication effectiveness and user experience: The ultimate objective of the project is to enhance
communication effectiveness and improve the overall user experience during conference calls conducted in low
bandwidth areas. By up-scaling the audio resolution, the project aims to facilitate clearer and more productive
communication, fostering collaboration, and reducing the impact of unreliable network conditions on
conference call participants.

VII. METHODOLOGY

Audio form sender » conleence spp
— —» at sender
pre-process the audio
upscale the audio quality
remove the noise

post-process the audio file received

decode the audio conference app
audio to receiver apply filters < at receiver

Figure 1: Flow chart of the working device
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Our project contains two stages one at senders and at receivers, both perform dual operation on either ends, at the
senders end the audio form the mics get extracted to the middle application before going to the main conference app,
here audio goes thorough many phases where the embedded algorithms will apply the process to the audio. The deep
learning models are trained to extract the audio pitch and make the audio file into binary encoded values that is much
lesser size than the actual mp3 or mp4 files of audio The changes in the pitch are noted to the biased version on audio
and the data is again converted to the audio again with just the required changes making it small and compact to be
transferred. The conference app takes the processed output as audio to the ongoing meeting and sends to all the
receivers. The received audio at the app will be again sent to middle app before sending to speakers. Audio is initially
converted to bin files where the required data is extracted and analyzed with the given deep learning models and audio
is generated according to the pitch values sent in it. And sends the processed audio to the speakers.

VIII. CONCLUSION

In conclusion, the project "Up-scaling Audio Resolution in Conference Calls for Low Bandwidth Areas" aims to
address the challenges faced in conference calls conducted in low bandwidth areas by developing a comprehensive
solution to enhance audio resolution. The proposed system incorporates advanced audio processing techniques, including
noise reduction, speech enhancement, and bandwidth optimization, to overcome the limitations imposed by constrained
network capacities. By implementing specialized algorithms and methodologies, the project seeks to improve speech
clarity and intelligibility, mitigating the impact of background noise and minimizing distortions. These enhancements
will significantly enhance the communication effectiveness and overall user experience during conference calls in low
bandwidth areas. Furthermore, the project emphasizes the importance of optimizing bandwidth utilization to ensure
optimal transmission of audio data. By developing efficient audio encoding and compression algorithms, the system
aims to maintain high audio resolution while minimizing bandwidth requirements, enabling effective communication
even in limited network capacities. The proposed solution is designed to be easily integrated into existing conference
call systems and platforms, allowing for compatibility with a wide range of devices and network environments. The
lightweight and seamless integration process ensures practical implementation without major disruptions or significant
hardware upgrades.
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