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1 Abstract

The overall aim of this project is to leverage the Web Audio API in order to create a web-based
respiratory audio capture system. The objectives are to design and implement an audio recording
workflow, including a microphone setup guide, for use in a web browser. Apply fixed bandpass filtering
to isolate respiratory audio frequencies. Implement environment testing with additional noise profile
creation where necessary. Implement a Wiener filter utilising the created noise profile. Produce multiple
output files representing each stage of the process and store audio files for later retrieval.

The literature review provided the basis for the project requirements and covered respiratory diseases
and their audio biomarkers, remote audio capture for use in clinical settings, the MERN (MongoDB,
Express, React, and Node.js) stack and the Web Audio API.

The key design decisions centred on integrating a complex audio pipeline into a user interface that
guides the user through a microphone setup process. Although scoped as a proof of concept, the
application includes authentication and a MongoDB schema to demonstrate production-readiness.

The application was developed following the Design Science Research Methodology, and the tool’s
analysis was conducted through controlled use of noise sources to induce specific behaviours, with results
gathered via additional audio-recording software and log generation within the application.

The deliverable artefact is a working web-based application that meets the stated aims and objectives.
This project demonstrates that the Web Audio API is a powerful tool in modern web development and
that a purely web-based remote diagnostic and respiratory condition management tool is achievable.

The application was developed using the MERN stack. The application code is primarily written in
TypeScript with some JavaScript where necessary.

The findings presented demonstrate that the Web Audio API is a feature-rich API that provides a
great deal of tools for creating complex audio pipelines. The Wiener filter implemented provides minimal
noise reduction and requires further work. The report details a number of additional features to both
the audio pipeline and the application as a whole that would greatly increase the application’s range of
uses.

2 Introduction

Respiratory diseases and conditions continue to place a heavy burden on global populations. Data from
the Global Burden of Disease 2023 study estimates that as many as 569.2 million people manage some
form of Chronic Respiratory Disease (CRD), with approximately 4.2 million CRD-related deaths in the
same year. In addition to personal costs, respiratory conditions impose a continuing economic burden
on governments and health care providers worldwide. The National Health Service spends an estimated
£800 million per year on the management of Chronic Obstructive Pulmonary Disease (COPD). In the
US, estimates place COPD costs growth at $40 billion over the next 20 years and, in 2023, respiratory
disease direct costs within the European Union accounted for an estimated 6% of its total healthcare
budget. The ability to continue supporting and monitoring conditions remotely is an ever-growing
requirement of modern medicine, as acutely demonstrated by the 2020 COVID-19 pandemic. The need
for instant personal monitoring and greater connectivity between patients and healthcare professionals
has seen an increase in web-based and mobile-based health and monitoring tools, with 2019 estimates
placing consumer spending on digital health products at approximately $49 billion.

Several respiratory-based solutions on the market use proprietary hardware and/or smartphone ap-
plications such as StethoMe, iMedic, Feelix, Eupnoos, and Hyfe Cough Tracker. There are a few web-
based services, such as kopo.com’s breathing analyser and AudibleHealth AI via coughscreening.com;
both complete the audio capture process via mobile phone. These options highlight the growing use of
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audio capture in respiratory and clinical contexts. Given the accessibility advantages of a web-based
system, there is a need for a purely web-based service that offers, at the very minimum, web-based audio
capture via desktop and/or mobile devices. The Web Audio API, available across browsers since April
2021, is a tool for real-time audio capture and processing in a web browser and provides a system suit-
able for developing such a product. This project will complete an engineering investigation into whether
noise-responsive respiratory audio recording is attainable within the constraints of browser-based audio
systems using the Web Audio API, when integrated into an adaptive, semi-automated digital signal
processing pipeline with quality checking and post-processing.

2.1 Aims and Objectives

2.1.1 Aim

Design and implement a web-based audio recording system using the Web Audio API that assists users
with the creation of audio recordings ready for downstream assessment.

2.1.2 Objectives

• Design an audio recording workflow with a microphone setup guide for use within a web browser

• Add fixed lowpass and highpass filters to limit bandwidth to the respiratory audio frequency range

• Implement environment testing with additional noise profile creation where necessary

• Implement a Wiener Filter utilising the created noise profile

• Produce multiple output files representing each stage of the process

• Store audio files for later retrieval

2.2 Report

Following this introduction is a literature review outlining the current burden of respiratory diseases
and the need for greater access to remote detection and management systems, provide an overview of
common issues encountered when recording respiratory audio along with potential solutions, compare
noise suppression techniques, and discuss the Web Audio API. The methodology follows the literature
review, which provides an outline of the procedures used to generate a solution for background noise
detection using the Web Audio API. The following chapter outlines the project’s design stage, detailing
the decisions made in order to convert requirements into actionable tasks. The system implementation
follows the design chapter, providing information on the tools and techniques used to develop the
product, as well as details on the issues encountered. The results and discussion chapter describes the
finished, working product and evaluates its performance against the given aims and objectives. Finally,
a conclusion and recommendations chapter provides a summary of how the actions taken throughout
this project contributed to meeting the objectives set out in the introduction, as well as a reflection on
the process as a whole.
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3 Literature Review

3.1 Respiratory Diseases and their Audio Biomarkers

3.1.1 Asthma and Chronic Obstructive Pulmonary Disease (COPD)

In 2017, global estimations put the number of people suffering from a chronic respiratory disease (CRD)
at roughly 550 million, representing a 40% increase when compared with figures from 1990, with CRD-
related deaths totalling roughly 4 million, making it the third leading cause of death worldwide [1].
More specifically, Hang et al. reported 41,555,628 new asthma cases in 2021, of which Western Europe
accounted for 1.6 million. These figures represent a slight decrease between 1990 and 2021. Although
asthma-related deaths during the same time period have increased, the mortality rate, how often a
death occurs in a specific time period, has decreased from 9.64% to 5.2% per 100,000 [2]. Hang et al.
conclude that asthma remains highly prevalent, especially in countries with higher Social-demographic
Index (SDI) and among individuals under the age of 9, where SDI is a measurement of average earnings
per person, schooling level and fertility rates [3]. Global figures for COPD cases vary due to differing
definitions over the years, with estimates ranging from 212 to 400 million worldwide [4] [5]. Boers et
al. estimate that respiratory disease direct costs in the European Union account for 6% of total annual
healthcare expenditure, with 56% (€38.6 billion) allocated to COPD. Similarly, estimates relating to the
United States’ annual COPD costs indicate an increase to $40 billion over the next 20 years. Within the
UK, estimates place the number of people affected by COPD at around 3 million; however, as previously
mentioned, COPD estimates are notoriously variable [6][7]. Rayner et al. also highlight the estimated
cost to the NHS of around £800 million per year, with annual deaths of 30,000. Scully et al. sought to
standardise datasets on the number of new cases of asthma, COPD and ILD (Interstitial Lung Disease)
across England, Scotland and Wales, per 1,000 people per year. For 2019, England, Scotland, and Wales,
respectively, saw an estimated 50,000, 3,700, and 2,000 new asthma cases; 46,000, 5,800, and 2,100 new
COPD cases; and 183,000, 9,000, and 4,300 new ILD cases [8]. Both asthma and COPD continue to
carry a significant health and cost burden in both the UK and global populations.

3.1.2 Asthma and COPD Audio Biomarkers

A 2024 study by Lozano-Garcia et al. sought to demonstrate the feasibility of measuring respiratory
sound intensity (i.e., signal amplitude) for diagnosing and monitoring COPD, citing work by Fiz et
al., who demonstrated a link between the two, particularly during inhalation [9]. Lozano-Garcia et
al. used four piezoelectric contact microphones that detect sound via the movement of solid objects
rather than the displacement of air particles. They placed them at various points on the subject’s
skin. They concluded that such measurements could detect a reduction in airflow performance among
COPD patients compared with healthy patients, and that the results were consistent with peak flow
measurements obtained using the traditional spirometry method [10]. Ashraf and Moussani compared
the performance of a purpose-built piezoelectric microphone and a standard commercial omnidirectional
condenser microphone when used to capture tracheal breathing sounds. Although they found that the
piezo microphone outperformed the condenser microphone in noisy environments, the measured power
spectral density (PSD), or distribution of power across frequencies, did not differ much under normal
conditions, as evidenced by the two charts below [11].
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(a) Condenser microphone PSD (b) Piezoelectric microphone PSD

Figure 1: Comparison of PSD [11]

With this in mind, it is safe to assume that standard microphones can also measure respiratory
sound intensity, albeit with reduced performance in noisy environments.

B.T. et al highlight that typical asthmatic symptoms include coughing, wheezing and dyspnea (dif-
ficulty breathing) [12]. To develop a system for classifying asthmatic and healthy children, B.T. et al.
used recordings of cough and /:a/ (ah) sounds to train a machine learning model. Results showed that
the model successfully aligned with clinical decisions, achieving 95.3% accuracy for cough sounds and
72.2% for /:a/ sounds; however, the cough model utilised 2029 samples, whereas the /:a/ model used
only 333. All samples were captured using a smartphone and recorded in a noisy hospital environment.
Vowel sound classification uses the identification of three formants or spaced peaks in a frequency spec-
trum plot and their relative intensities [13]. The chart below demonstrates average resonances of each
vowel sound for men, women and children, where /:a/, as used in the word ’had’, has a range of 660 Hz
for the first formant for men, up to 3320 Hz for the third formant for children [14].

Figure 2: Formant Chart

Acoustic features of cough sounds include the amplitude envelope, i.e., changes in amplitude over
time, and the relative intensity of grouped frequencies [15]. Ghrabli et al. studied the ”unique spectral
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fingerprints in cough sounds” and deemed it unnecessary to capture frequencies beyond 4000 Hz, evi-
denced by their use of a lowpass filter set to said frequency, and with their resulting analysis focusing
on bands of 50 Hz to 900 Hz, 450 Hz to 1000 Hz and 1400 Hz to 1600 Hz of particular interest in distin-
guishing between pneumonia and asthma [16]. Both studies demonstrate that the spectral significance
of respiratory audio lies within a specific range, from 50 Hz at the lower limit to 4000 Hz at the upper
limit.

3.2 Remote Audio Capture for use in Clinical Settings

3.2.1 Shift Towards Digital and Remote Monitoring

Due to the importance of early detection and monitoring in improving quality of life and reducing hos-
pitalisation, remote assessment via electronic devices is increasingly prevalent across various healthcare
domains [17]. Tools, such as speech-based remote monitoring of asthma and COPD exacerbations, hold
great promise for diagnosing and monitoring these conditions and could reduce the burden on patients
and healthcare providers [17]. The ability to capture audio samples via a mobile phone has also led
to the potential development of at-home spirometry tests that, when used in conjunction with AI deep
learning models, can accurately correlate measured forced expiration audio to lung functionality, albeit
with an error rate that is currently too high for clinical settings [18]. Alsagri et al., through their sys-
tematic literature review of emerging technologies and trends in lung volume estimation, highlight the
need for more rigorous clinical testing and standardisation when assessing the impact of remote tracking
devices on a patient’s health and care in order to fully realise the full potential of digital and remote
monitoring [19]. Mahboubian et al. assessed the perspectives of seven key groups involved in COPD care
regarding remote patient monitoring (RPM) [20]. They found that RPM offers significant opportunities
to improve care, particularly in ongoing assessment between visits, resource allocation, and symptom
tracking. However, health care providers noted concerns about the usability of technology and the need
for clear guidelines. The key concern for patients is any change in traditional practice, such as ”reduced
in-person care and overreliance on data” [20]. Yan et al. discuss the increase in the acceptance and use
of smart devices in clinical settings and how the development and understanding of digital biomarkers
provide opportunities to develop new diagnostic and monitoring methods. COVID-19 and the subse-
quent pandemic ushered in a new era of development in home-based mobile health monitoring, and the
existence of telehealth and RPM will provide opportunities to improve care practices more equitably
[21]. Digital and remote monitoring solutions will play a key role in future healthcare developments,
and the ability to collect and correlate accurate data will be vital to safely and correctly introduce any
such system into clinical use.

3.2.2 Currently Available Systems

There are existing mHealth apps for respiratory disease detection and management that focus entirely
on audio capture and analysis, such as the Hyfe Cough Tracker, a smartphone-based AI cough moni-
toring app that can detect, record, and count coughs from cough-like sounds when used in acoustically
controlled environments [22], the iMedic application, a smartphone-based self-auscultation tool for AI-
Powered pediatric respiratory assessment [23] or Eupnoos, a breath analysis tool described as ”Shazam
for diagnosing respiratory diseases” [24]. Several applications utilise connected devices such as StethoMe
and Feelix. Both StethoMe and Feelix are smartphone applications that connect to a wireless stethoscope
and utilise AI to provide in-home examinations. Welch et al. concluded that the Eupnoos application
has ”promising” accuracy for diagnosing asthma or COPD, but cited limitations due to the small num-
ber of disease cases used [25]. Similarly, for StethoMe, scheduled clinical trials have not yet commenced
at the time of writing [26]. To further highlight this point, Safavi et al. estimated in 2019 that by 2020,
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consumers would spend approximately $49 billion on digital health products; however, they found that
the majority of top-funded US-based digital health companies did not measure the ”clinical effective-
ness” of their products or assess their use within populations considered ”high-cost, high-burden” such
as those suffering with chronic illnesses, older in age or diagnosed with some form of disability. Of the
156 studies, the largest group evaluated healthy patients (34); however, only 5 sought to assess clinical
effectiveness. The four respiratory-related areas of asthma, COPD, ILD (Interstitial Lung Disease), and
influenza garnered a total of eight studies. Of these eight, three were asthma-related, and two were
COPD-related; all five studies focused on patients deemed to be high-cost/high-burden, but only two of
the three asthma studies evaluated clinical effectiveness [27].

There are a few web-based services, such as kopo.com’s breathing analyser and AudibleHealth AI via
coughscreening.com. Kopo.com offers both smartphone and web browser capture processes; however, it
only detects conditions in children aged from 6 months to 7 years. AudibleHealth AI, whilst accessible
through a web browser, only offers audio capture via mobile phone.

3.2.3 Issues Associated with Capturing User-Controlled Audio Recordings

There are several issues associated with end-user or patient-captured audio recordings. In their study
examining the use of cough AI systems to detect COVID-19, Khanzada et al. found that varying audio
quality was the most significant barrier to developing an algorithm for this task, with particular mention
of poor recording environment associated with high levels of background noise, distorted audio as a result
of signal clipping (audio amplitude levels going beyond what the system is capable of handling), audio
compression and wide ranging microphone quality [28]. Other issues include the need for a sufficient
signal-to-noise ratio (SNR), a comparison of the wanted signal level to the unwanted signal level. When
using audio recordings to determine proper inhaler use amongst patients with asthma or COPD by
measuring peak inspiratory flow rate, inspiratory capacity and inhalation ramp time, Taylor et al.
found that 13 dB (decibels) represented an acceptable SNR, providing 80% accuracy when estimating
inhalation parameters; however, lower SNR levels, such as 10 dB, were still able to provide accuracy
of around 70%. Busquet et al. discuss the importance of microphone placement, in terms of distance
and angle to the user, having a significant impact on the consistency and quality of the captured
audio recording [29]. Distance can affect spectral quality through the proximity effect, an increase
in low-frequency spectral content caused by the lack of distance between the subject and the audio
device [30], and the angle of the speaker to the device will also cause unwanted spectral changes to the
recorded signal, as will the microphone’s stated frequency response [29]. Below is an example polar
pattern and a frequency response for a consumer condenser microphone, with the polar pattern showing
changes in performance as a function of angle to the microphone transducer, and the frequency response
demonstrating changes in the signal at different frequencies [31].
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(a) Polar pattern (b) Frequency Response

Figure 3: Rode NT1-A Polar Pattern and Frequency Response [31]

Given the current trends in remote diagnosis and management of respiratory conditions, it is clear
that to fully realise the potential of user-controlled audio recordings in this setting, whether for training
AI models or for human analysis, minimising the impact of these issues is vital to any such endeavour.

3.2.4 The Web Audio API

The Web Audio API, introduced in June 2021, is a W3C official web standard for audio creation and
manipulation. It provides users with several ”modular building blocks” that require no additional plu-
gins, enabling the creation of a wide variety of audio-based applications for both websites and web
applications on mobile and desktop devices [32]. Being a W3C standard has positive implications for
long-term support and stability when creating a new platform. Further benefits include support across
all major desktop and mobile browsers, without requiring users to install any additional extensions or
natively installed applications, dramatically increasing accessibility and adoption, especially for users
who are inexperienced or not comfortable installing software [33]. In addition to browser compatibility,
Web Audio API applications can be deployed as part of Progressive Web Applications (PWAs), further-
ing their accessibility and use cases [34]. In 2017, Jillings et al. demonstrated the potential of the Web
Audio API by developing a purely web-based digital audio workstation (DAW), using AngularJS for the
user interface (UI), Web Audio for the audio engine, and a relational database for storage. A DAW is
a tool for recording and manipulating multiple audio channels for playback and balancing, used across
a variety of music technology disciplines such as music production and sound design. They further
highlight the potential for research and analysis by collecting data on user interactions and decisions
within the field of music technology [35].

The key component of the Web Audio API is the audio graph and the ability to build a modular sys-
tem of nodes. The API provides access to tools for manipulating and analysing audio streams, including
filtering, gain control, and real-time analysis. Examples of such nodes include BiQuadFilterNode for
creating highpass and lowpass filters, the GainNode, and the AnalyserNode. End-to-end connectivity
between inputs and outputs is available via the MediaStreamSourceNode and AudioDestinationNode,
which allows for connection to speakers and/or analysis streams all within the confines of the web
browser [36] [37].
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Figure 4: Web Audio API Architecture [36]

The ability to programmatically access a user’s microphone and manipulate and analyse any in-
coming audio stream provides developers with the opportunity to create in-browser real-time digital
signal processing pipelines that can provide user feedback and support automated or user control. Au-
dioWorklets further extend the adaptability and potential of this API by providing the ability to develop
DSP processors that are not part of the standard, which run on a separate thread to the user inter-
face (UI), providing additional low-latency (a delay between input/action and output/response) control
over the audio stream [37]. The analysis node’s ability to provide live data enables the development
of detailed user feedback UIs, such as waveform generation, level meters, spectrograms, etc. [33]. A
W3C paper from 2013 outlines several use cases and requirements for the API standard, highlighting
its potential for real-time audio manipulation, a clear indicator that the API provides opportunities to
create tools for guiding and correcting user microphone usage before recording a respiratory sample for
submission [38].

3.2.5 Noise Reduction Techniques

The ability to improve audio intelligibility and accuracy without adversely affecting the primary signal
has many uses in speech and audio enhancement, and over the years, a large number of speech enhance-
ment algorithms (SEAs) have emerged [39]. There are several ways to categorise SEAs, with a key
definition being whether they require single-channel or multi-channel audio capture [39] [40] [41].

Adaptive noise cancelling is one such multi-channel method that, as its name suggests, can adapt
to a changing noise signal and attempt to subtract the noise captured using a secondary input from a
primary input containing both noise and wanted signal [42]. Given the limitations of home audio setups
regarding multi-channel audio capture, this solution is not suitable within this context [43].

Basic filtering, the removal of unwanted frequencies using static filters set to specific frequencies,
can provide an element of noise reduction and have several benefits [44]. As previously mentioned, they
are easy to implement using the Web Audio API via the BiQuadFilterNode. In addition, they have a
low computational cost due to their relatively simple arithmetic algorithm (see figure below), providing
stable, predictable outputs for given inputs, which, in turn, makes them suitable for real-time audio
pipelines [45] [46].

Figure 5: Infinite Inpulse Response (IIR) Difference Equation
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While these benefits certainly have a place in any audio processing pipeline dealing with limited-
bandwidth audio, such as respiratory sounds and speech, there are several limitations when specifically
attenuating fixed-frequency bands in a recording. The main issue with basic filtering is the lack of
knowledge about which part of the signal is noise and which is the desired signal, leading to potentially
unwanted changes if applied aggressively in those key frequency bands [45] [44].

Spectral subtraction is a technique that removes noise from a signal containing the desired audio
output using noise-spectrum estimates derived from non-speech audio segments. Spectral subtraction
assumes that noise follows an additive model, in which the desired signal and the noise combine to
produce the output signal [47]. The alternative is the multiplicative noise model, in which the noise’s
strength directly alters the desired signal’s strength, or vice versa. Another assumption or requirement is
that the background noise is relatively stationary in terms of spectral power and level; noise from HVAC
systems, fans, steady traffic, etc. [48]. To perform the subtraction, for each input signal frequency or
collection of frequencies, the noise power for that same frequency/frequencies is subtracted from the
noisy input signal. Unlike standard basic filtering, spectral subtraction responds directly to the noise
in a given environment. However, like basic filtering, it is computationally efficient and suitable for
use in low-resource settings [47] [43]. Limitations include the introduction of ”musical noise” into the
resulting signal, characterised as sporadic ”whistles or hums” that have a detrimental effect on the
listening experience [47] [49]. Whilst its use of a static noise estimate is a benefit over basic filtering,
the fact that it can only work with static noise is also a limitation, as any error in the applied noise
estimate will result in an inaccurate, potentially over-suppressed desired audio signal, also known as the
mean square error (MSE) [50].

Closely related to spectral subtraction is the Wiener filter [43]. Wiener filtering minimises the MSE
by replacing the direct subtraction used in spectral subtraction with a weighted gain applied to the
input signal at each frequency or frequency band. The weighted gain is calculated from the ratio of
signal power to the sum of the signal and noise powers at that frequency (see below).

Figure 6: Wiener Filter Weight Calculation

With this calculation, the weighting ranges from 0 (complete attenuation) to 1 (no attenuation).
When the signal power equals the noise power, the gain is set to 0.5, providing gentle attenuation of
the signal. The process described here is the ”optimal estimate” or ”optimal statistical estimate” and
reduces or minimises the mean square error (MMSE) [43]. The strengths of this approach are similar
to those of spectral subtraction, but with the added benefit of less ”musical noise” from weighted gain
application. The limitations are also similar: it is best utilised with static or non-variable background
noise and requires an accurate noise estimation/profile [51].

Machine learning, using neural networks such as convolutional neural networks (CNNs), can map
degraded, noisy signals to a clean signal. Anvekar et al. compared the performance of Wiener and band-
pass filtering with an autoencoder (an artificial neural network trained on clean audio with added white
noise) for denoising a given audio signal contaminated with white noise. The autoencoder outperformed
both Wiener and bandpass filters in terms of MSE and signal-to-noise ratio [44]. Zhu et al. demonstrate
that artificial neural networks also perform well when reducing the impact of non-stationary background
noise or ”babble noise” [52]. This improved performance comes at a high computational cost, with Zhu
et al. noting that traditional noise reduction methods, such as Wiener filtering and spectral subtraction,
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are still widely used due to their low computational cost and effectiveness in pre-processing environments
[53] [52]. ML models often require sensitive data for training, and concerns exist about the safety and
security of that data, as machine learning is vulnerable to model inversion and extraction attacks, as
well as membership-inversion attacks [54].

Given the relative strengths and limitations of each technique, Wiener filtering would suit a real-time,
lightweight, browser-based audio enhancement pipeline. To increase the effectiveness of such a system,
adding basic lowpass and highpass filtering with conservative cutoff frequencies to the incoming signal
will remove much of the unnecessary bandwidth from the frequency spectrum, thereby reducing the
attenuation required by the Wiener filter. In addition to such measures, a noise power and variability
check can ensure that users recording in uncontrollable environments beyond theWiener filter’s operating
window are not permitted to continue, preventing the production of an audio file unsuitable for further
processing and assessment. To determine signal strength and variability, time-based signal analysis will
be required.

A standard approach to audio signal analysis involves creating short, fixed-length frames containing
collections of audio samples. Any data derived from that frame then represents the entire frame, as
any change is assumed insignificant over such a short period. Measurements taken from each frame are
then compared across larger collections of frames to assess variability within a signal. In audio signal
processing, frame lengths of 20-40ms balance time resolution with local stationarity assumptions, with
25ms being a commonly adopted choice [55] [56].

3.3 MERN Stack

MERN is a technology stack for developing web applications and includes MongoDB (database), Ex-
pressJS (backend framework), React (frontend library) and NodeJS (server environment). MERN appli-
cations are deployable on mobile devices and web browsers and known for their responsiveness, thanks in
part to React’s Virtual DOM (Document Object Model - programming interface for representing a web
page) and Node’s non-blocking I/O (prevents input and output tasks like reading a file from blocking
further code execution) [57]. Other stacks are available, such as the MEAN stack (replace React with
Angular), and whilst there are differences (e.g., the use of the virtual or real DOM), the key reason
for choosing one over the other is author familiarity. When working with audio files of unknown size,
MongoDB’s GridFS system supports storing files larger than 16 MB. GridFS also optimises retrieval
by splitting files into chunks, distributing them, and reconstructing them as needed [58]. NodeJS is a
JavaScript runtime environment that allows JavaScript code to execute outside the browser, thereby
enabling app development via a unified language [59]. ExpressJS is a server-side framework for NodeJS
and provides methods for handling different ”HTTP requests, and parsing URL parameters”, and pro-
vides no more than the core functionallity required to implement HTTP-based APIs [60]. ExpressJS is
an extremely popular framework, as evidenced by its current weekly downloads exceeding 58.5 million
(at the time of writing). Other frameworks, such as NextJS, NestJS, and KoaJS, each have benefits of
their own, such as NextJS’s folder-based page routing structure; however, as with React vs Angular,
author familiarity is key.

3.4 Why Web Audio API with DSP?

Given the previously outlined issues with user-controlled respiratory audio capture, conventional DSP
implemented via the Web Audio API offers a good opportunity to deliver a multi-platform, multi-device
solution for real-time audio quality enhancement.

Respiratory audio biomarkers are subtle and sensitive to poor recording environments, such as back-
ground noise, low signal-to-noise ratios, clipping/distortion, and inconsistent positioning and technique.
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However, the biomarkers also exist within known frequency ranges and, given the right conditions, can
be captured successfully using consumer-based technology. Whilst post-processing solutions, and in
particular ML models, offer opportunities for enhancement that surpass the capabilities of conventional
DSP, they require substantial computational power, are privacy-sensitive, and cannot provide the user
with real-time feedback. The goal at the start of a respiratory audio tool is to ensure the captured
audio is of the highest quality. From here, ML models and other analysis tools can extract features and
markers from the audio where required; however, downstream performance or output will diminish if
the audio is not of a particular standard.

The Web Audio API provides real-time audio graph processing with low-latency audio nodes for
standard audio DSP control. Beyond this, access to both frequency and time-domain data enables de-
velopers to build real-time user feedback UIs and data-controlled pipelines. The AudioWorkletProcessor
class enables developers to build bespoke DSP units, such as a Wiener filter. The modular nature of
the Web Audio API also allows for a clear understanding of each stage of the pipeline and prevents
the ”black boxing” of specific processes. It allows for deterministic behaviour: the system will produce
the same output for a given input, and this will apply across every process/step of the pipeline. All
JavaScript/AudioWorklet code executes locally in the browser runtime; all audio samples from the user’s
device microphone are passed through the audio graph and processed in real time. Hence, avoiding ma-
chine learning at this stage ensures all processing is on-device, improving privacy and reducing data
transmission until the file is ready for storage. Any submission of files will require the user to take direct
action. Beyond the technical capability, the API is a cross-platform standard, requires no installation
and offers immediate access via consumer devices.

4 Methodology

4.1 Introduction

The purpose of this study is to investigate the use of digital signal processing techniques in a web browser
audio pipeline that utilises the Web Audio API, in the context of building an end-user respiratory audio
capture system. The developed artefact will consist of an environment noise level and variability testing
system, a signal level check with automatic gain adjustment, audio capture capability, automatic audio
file quality checks, audio post-processing, and storage of various audio files captured at each stage of
the process.

4.2 Research Methodology

The chosen methodologies for this study are the Design Science Research Methodology (DSRM) along-
side experimental testing. This study aligns with DSRM, where the structured process of problem
identification, objective definition, design and development, demonstration, evaluation, and commu-
nication align with the stated aims and outcomes of this study [61] [62] [63]. Producing a research
contribution is a significant aspect of the DSRM, with the overall aim being an artefact and solution to
an identified and ”understood research problem”, and where the artefact can consist of any number of
outputs, such as a new method or technical product [63].

Experimental testing allows independent variables to be tested in controlled environments to as-
certain their effect on dependent variables [64]. In the context of this study, the experimental tests
need to demonstrate that, under different environmental conditions and user signal levels, the developed
application responds appropriately. The experimental tests also need to demonstrate that the defined
audio defects are correctly identified post-recording and dealt with accordingly.
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4.3 Analysis and Design Activities

The literature review in Chapter 2 identified problems caused by poor-quality remote respiratory audio
capture, whether for clinical assessment or for passing to an ML model. Issues included poor micro-
phone placement, suboptimal recording environments due to background noise, signal clipping, and poor
recording levels. The literature review also identified the lack of web-based respiratory audio services,
with many current respiratory-based remote monitoring and diagnosis applications requiring download-
ing and installing on a mobile device, as well as some form of proprietary hardware. These issues defined
the audio pipeline’s functional requirements, which in turn became user stories.

The client-server system architecture supported browser-based audio capture and storage via the
Web Audio API. Prior to implementation, an end-to-end capture and processing workflow outlined each
stage of the pipeline, from microphone to storage and retrieval. Where appropriate, literature-derived
criteria and values defined the decision logic for the environment test, but further refinement occurred
through iterative testing throughout the implementation. Ensuring visual feedback on the live audio
signal level was key to the user interface design, as was providing clear instructions for each stage of the
environment test.

4.4 Evaluation Criteria

There are four stages in the pipeline to determine whether the user can capture audio and whether
any processing is required to improve its quality: environment test and applied noise profile, signal-
to-noise ratio test, captured audio quality tests, and applied post-processing. This study will focus on
environmental testing and the subsequent application and performance of a noise filter when required.
The environment test performs two functions: it not only assesses background noise to determine whether
the user’s environment is suitable for respiratory audio capture, but also captures a background noise
profile for future use if the noise falls within certain criteria. Depending on whether the environment
meets usability thresholds, the system will either pass, pass but with a noise profile captured, or fail the
environment under test. The testing method involved simulating various background noise environments,
with each simulation chosen for specific characteristics that allow testing against specific criteria. Tests
will also assess behaviour close to threshold levels to ensure correct categorisation. Each test generated
several system logs and, where necessary, visual spectrum plots showing relationships among noise
levels, noise variability, noise frequency distributions, and evaluation outcomes, supporting verification
of system robustness. The second stage of the pipeline consists of a signal-to-noise ratio (SNR) test
and subsequent automatic gain control. The evaluation criteria consist of measuring the input signal
level and either rejecting the signal or applying gain, as needed. If the signal requires too much gain
to reach the minimum target level or is too loud, the test fails. If the signal requires a small amount
of gain to reach an acceptable, usable level, gain is applied. Finally, the signal level is compared with
the median noise level from the first test to determine whether the signal-to-noise ratio is sufficient.
Upon completion of a recording, several evaluation criteria will assess the pipeline’s performance. Noise
reduction evaluation requires the use of difference spectrograms generated in Audacity (a free, open-
source audio recording and editing software package), where the difference between two versions (pre-
and post-noise reduction) of the same recording visually demonstrates any reduction that has taken
place.

4.5 Materials and Tools

This study used a MERN (MongoDB, Express, React, and Node) stack with TypeScript, providing a
type-safe framework for rapid web-based prototyping to develop a web-based environment noise test.
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React, Vite, Tailwind CSS with Shadcn, and React-Router implemented the user interface and managed
page navigation. The Web Audio API provided the necessary tools to develop the DSP pipeline for
environmental noise testing and analysis through its modular routing and audio node system. Use of
the Winston logging library enabled the development of JSON logs that provided structured test results
to support the verification and analysis of outcomes. Microsoft Excel enabled the conversion of JSON
noise profile data points to visual frequency plots.

4.6 Procedures

As the requirements were primarily defined upfront based on the literature review, the development
process loosely followed a Waterfall approach [65]. However, iterations refined the decision-logic variables
to ensure the system correctly categorised environmental noise, signal level, SNR and audio quality,
aligning with Rapid Application Development (RAD). RAD consists of iterative refinement, evaluation,
and artefact development [66]. Structured approaches such as Yourdon or Ward-Mellor emphasise the
need for data flow diagrams and formal modelling, but are unnecessary for developing a single pipeline
[67]. The Agile/Scrum approach requires stakeholder input, sprints and reviews. Given that this is a
single-developer project with no stakeholders, this again does not fit the purpose of the study [65].

4.7 Requirements and Design Documentation

Requirements derived from the literature review provided the basis for a series of user stories acting as
lightweight specification and design documentation. Further design documentation includes an environ-
ment test logic and decision flowchart (see appendix), as well as a high-level user interaction and noise
capture lifecycle state machine model.

5 Design and Implementation

5.1 Design Overview

The overall design requirement is to develop a browser-based audio-capture platform specifically for res-
piratory audio analysis. To ensure user-captured audio is suitable, an environmental noise assessment (a
process for measuring unwanted background sounds) will be conducted before each attempted recording.
Based on the measured noise levels, recording may be blocked, allowed, or allowed with the application
of a Wiener filter (an algorithm that estimates and subtracts unwanted background noise). After the
environment test, users will receive guidance on adjusting their audio input volume. This helps achieve
a good signal-to-noise ratio (a measure comparing the level of the desired audio signal to the level of the
unwanted noise) and helps to prevent artefacts, such as clipping (which occurs when the audio signal
is too loud and exceeds the maximum system level) or distortion (where the audio is changed from its
original form), in the submitted file. A key design aspect focuses on providing a simple interface for
recording once all tests pass. After recording, the system must perform a quality check before allowing
the audio to be submitted for analysis or storage. To maintain transparency, it is also important to
allow audio to be captured and stored at various pipeline stages (meaning at each step in the audio
processing workflow). Finally, the application requires security, user authentication and authorisation.

5.2 System Architecture

The system architecture is a browser-based audio capture system which employs a separated client-server
architecture with a real-time audio processing pipeline, RESTful APIs, document storage, and external
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analysis integration.
The client-server separation has several benefits, such as independent technology for frontend and

backend services, enabling flexibility in upgrading or replacing specific components. The server can also
handle multiple client types simultaneously through exposing HTTP endpoints that any client capable
of making HTTP requests can consume, such as a React web app, a mobile app, a research dashboard, or
a command-line interface tool. There are several trade-offs with this architectural pattern, including the
need to maintain separate codebases, configure cross-origin resource sharing (CORS), and use separate
build processes and dependencies. The client-server architecture makes API versioning critical when
adding or upgrading endpoints, as different clients may interact with the service via different versions
of an endpoint.

Another key tenet of the system architecture is real-time audio processing with external analysis
integration. The ability to provide real-time audio processing via the Web Audio API is vital, as it
enables both user- and app-controlled adjustments to the audio signal chain in response to the immediate
environmental conditions and the captured respiratory audio signal level. The external analysis service,
VoxLab, is integrated as a demonstration of potential downstream services that would utilise an audio
capture pipeline such as this.

As previously mentioned, MongoDB, ExpressJS, React, and NodeJS form the MERN stack, which is
the chosen full-stack development and build environment for this project. The flexible schema approach
in MongoDB, through its binary JSON (BSON) document model, enables rapid prototyping and is
particularly useful in proof-of-concept scenarios where complexity and validation can be added as the
application grows. Beyond the benefit of schema flexibility, MongoDB, in combination with its GridFS
specification, is extremely effective for storing audio files, which, given the focus of this study, elevates
MongoDB over other database options. The JavaScript ecosystem provides access to numerous libraries
and frameworks that simplify both frontend and backend development. The NodeJS runtime environ-
ment enables JavaScript throughout the codebase and, when combined with the ExpressJS framework,
provides developers with a number of features for server-side web application development, including
flexible routing, middleware, and support for RESTful API design. The ReactJS JavaScript library is
a tool for developing dynamic and interactive user interface components where reusability, performance
and maintainability are central to the development process. TypeScript is a superset of JavaScript and
can be used with the MERN development stack. The key benefit of using TypeScript is the addition of
static typing, which allows errors to be caught earlier in the development process and ultimately leads
to a more maintainable codebase.

5.3 Project Structure and Organisation Design

The three key elements of the client folder structure will be the features, pages, and app folders. The
client structure is feature-based because there is limited overlap between the two main application fea-
tures: authentication and audio recorder. The audio-recorder feature will manage hooks, utilities, types
and components relating to Web Audio API integration, real-time processing, audio-visual feedback, and
the logic for environment and signal-to-noise ratio testing, whereas authentication will manage JWT
token handling, login/registration components, protected route logic, and session management. A layer-
based approach, where files are grouped by type (e.g., all hooks together and components together),
would become unwieldy and hard to maintain as features grow in complexity. This feature-driven
approach also provides clear development boundaries and creates a structured way to extend the appli-
cation with new capabilities. Certain hooks and components will not fall under the scope of any single
feature and will be shared across the application; therefore, they will be placed in their own folders
alongside the features, pages and app folders.

The pages folder will hold top-level route components and page layouts. Again, this structure
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provides a clear development strategy: any new page layouts must be placed in their own new folder
within the pages folder, or nested within an existing folder if accessed via another page. Page layouts
will primarily return JSX alongside feature- or generic UI components, and in some cases, React Router
navigation elements.

The app folder contains the application scaffolding or infrastructure that supports feature develop-
ment. This includes centralised state management via providers, consistent page layouts with reusable
headers and content areas, the routing structure, and the root App component that orchestrates the
overall application structure.

The React Router library is a solid option for building a routing structure and supports multiple
pages within a single-page application, handles URL parameters and query strings, provides tools for
creating protected routes that require authentication, and supports nested routes and layouts. Alter-
native solutions include TanStack Router or Next.js router; however, using the Vite build tool with its
fast development server and optimised hot module replacement precludes Next.js as a routing option,
as Next.js includes its own integrated build system and while TanStack router has many benefits, it is
also more complex and comes with a steep learning curve when compared to React Router.

Employing centralised state management will enable multiple features and components to share con-
text/state, ensuring a single source of truth where necessary. Centralised state also minimises prop
drilling - the practice of passing data through multiple component layers as props, even when interme-
diate components don’t need that data.

Unlike the client, the server will utilise a standard layered structure with four key layers: Routes,
Controllers, Models, and Utils. Routes will contain files defining API endpoints for the three main
application actions: audio storage and retrieval, audio analysis, and user actions (login, logout, etc.).
Controllers will contain files that define the business logic for handling each client API request and,
where necessary, returning a response. The models folder will contain all data schema definitions and
data validation. The utils folder will contain shared functionality to reduce code duplication. This
approach is suitable because of the limited number of features, making it easier to find all controllers,
models, and routes in one place while maintaining clear separation of concerns.

5.4 User Interface and Experience Design

The user journey will start with either registration for first-time users or logging in with a username
and password. Once authenticated, the user can initiate a microphone test, complete a recording and
submit the results for storage and analysis. To aid user navigation, components such as breadcrumbs
and a header navigation bar will be present across all pages. As the primary purpose of this app is to
assist audio recording, the user interface will need controls for selecting a microphone source, starting
the microphone within the application and monitoring the microphone signal level via an audio level
meter. The audio level meter will require coloured segments indicating signal strength: green for low to
moderate, yellow for optimal to approaching clipping, and red for clipping. Providing numerical data on
signal strength is not vital from a user experience, but it will provide useful feedback during development
and testing. To carry out the necessary tests, the user will need to follow instructions, so a clear panel for
text that updates based on test states and results is vital. Upon completion of an attempted recording, a
panel displaying the results of the quality checks will provide useful insights, particularly if the recording
failed for a specific reason. Finally, buttons for starting and stopping recordings, clearing the audio for
when the user is not happy with the result and a space for labelling and uploading the completed audio
recording.
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5.5 Audio Processing Pipeline Design

The audio processing pipeline is a key feature of this application and therefore requires additional
attention. The signal will need to flow from the user’s microphone through several processes, then be
recorded and stored for future retrieval and analysis. Once the user has selected their microphone, a
number of constraints must be applied to set it up, such as channel count, sample size, and sample rate,
as well as constraints that prevent system-wide behaviours from altering the audio signal, such as echo
cancellation, noise suppression, and auto gain control. All of the aforementioned behaviours, except
channel count, sample size, and sample rate, can alter the audio signal and must therefore be disabled
to provide audio that has not been changed outside of the application’s control, as there will be no way
to ascertain what has been changed as a result of these actions.

Channel count defines the number of audio channels, which, given the purpose of this application,
will always be 1 (mono). It should be noted that, according to MDN, this constraint is sometimes
ignored by certain browsers; therefore, the audio stream must be manually downmixed to mono within
the application to ensure consistency [68]. The sample rate determines how often the incoming audio
signal is sampled per second. An increase in the sample rate results in more samples and, therefore, a
larger file size. Sample rate is measured in Hertz (Hz), and typical values range from 44.1 kHz (CD-
quality) to 192 kHz. Sample size or bit depth determines the vertical resolution of the sampled audio
signal; it is expressed in bits, such as 16, 24, or 32. These values represent the number of binary digits
available to store each sampled value with 16-bit resolution, giving you 216 or 65,536 different values,
with each value taking 16 bits of storage or approximately 2 decimal Bytes. Higher bit values also
improve a system’s dynamic range (the distance between the noise floor and the upper limit). Given
the trade-off between higher-quality audio and the relatively short recording lengths for respiratory
analysis, 24-bit 48 kHz will produce reasonably sized, high-definition audio files. For example, a one-
minute mono recording captured at 24-bit, 48 kHz resolution will produce a file size of approximately
8.64 MB (decimal MegaBytes) or 8.24 MiB (binary MebiBytes).

The Web Audio API provides a number of basic audio operations via audio nodes that can be linked
together to form an audio routing graph through which an audio stream can be processed or analysed.
Basic operations include gain control, filtering, reverb, compression and panning. In addition to these
basic audio operations, the Web Audio API provides the facilities for creating bespoke, more advanced
processes, such as downmixing a stereo signal to mono or creating a signal-adaptive noise filter. Below
is a flowchart that shows the path of the audio signal from the microphone through the audio routing
graph to a number of destinations that allow recordings to be made at various points along the graph.
The basic operations required are gain control and filtering. Gain is straightforward: it enables the
application to adjust the signal level. Filtering will perform two functions: DC offset and band limiting.
DC (Direct Current) Offset filtering protects against inaudible electrical voltages that can occur during
analogue-to-digital conversion and prevents the incoming audio signal from being distorted by being
offset from zero. This can cause issues with peak detection, as one side of the waveform will appear to
have a higher amplitude than the other. As DC Offset is a constant shift that never changes, it has a
frequency of 0 Hz and can be removed with a high-pass filter set very low, below the range of human
hearing, thereby minimising any impact on audio quality. Band limiting the signal will allow for the
rejection or reduction of non-respiratory significant frequencies. Respiratory-significant frequencies tend
to reside within the 50 Hz to 2500 Hz range; therefore, limiting the audio signal to a range slightly
wider than this will ensure non-respiratory sounds will be reduced or removed in the final submitted
audio. Before looking more closely at the audio pipeline, it’s important to introduce some standard
audio system terms for signal measurement.
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Figure 7: Flowchart - Audio Graph

The terms are amplitude, gain, peak level, root-mean-square (RMS), decibel (dB) and dBFS (decibel
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level full scale). Amplitude is simply the measurement of a signal’s strength, and gain is an amplifi-
cation factor or a measurement of a change in signal strength. The signal peak level is the maximum
instantaneous level of a signal over a defined period. RMS is a signal’s average power and more closely
represents how we perceive the loudness of a signal over a given time interval. RMS is calculated by
squaring each sample value, averaging the squared values, and taking the square root of the result. The
decibel is a relative unit of measurement that represents the ratio of two signals and, therefore, can
be applied to different systems using different reference points; all of the previous signal measurements
(amplitude, peak and RMS) can be given in decibels. Full-scale decibel measurements are used in digital
systems, where 0 dBFS is the absolute limit of the system and the point at which signal clipping occurs.
0 dBFS is the reference point for this decibel ratio measurement, and therefore, all usable levels are
below 0 dBFS. Other decibel systems include dBSPL (used for sound pressure measurements), dBu
(voltage measurement used in audio), and dBA (a weighted measurement that accounts for how humans
perceive loudness at a given frequency).

The main purpose of the audio processing pipeline is to provide noise suppression and gain control
over an incoming audio signal. Enabling greater control over the design and implementation of these
processes is a key aspect of this design. Noise suppression in this pipeline involves an environmental
test followed by a Wiener filter to target and reduce unwanted noise from the signal. There are several
node packages that provide noise suppression or cancellation, as well as just applying the MediaDevice
constraint; however, to provide the greatest flexibility and fully utilise the Web Audio API, a bespoke
Wiener filter will be developed and added to the audio routing graph. The Web Audio API AudioWorklet
interface allows for bespoke audio processes to run on threads separate from the main thread by passing
messages between each thread, and provides very low-latency real-time audio processing [68]. Once the
process script is in place, integration with an existing audio graph is as simple as adding pre-existing
audio processors such as the Biquad filter. This flexible interface will allow for the addition of both a
mono downmix processor and a Wiener processor to the audio graph.

With a Wiener filter script in place, an environment test will determine whether to engage the filter
and provide a means to capture a noise profile from the signal. There are three checks that must be
performed during this environment test. Is the noise too loud, is the noise too variable, and, finally, if
the noise is significant but not too loud, is the noise dominated by non-respiratory frequencies? In order
to carry out each check, the user will need to start the test and not make any sound so that the system
can “capture” a snapshot of the current environment. From here, the application will determine the
RMS of the environmental noise and compare it with a given maximum noise level; if the noise exceeds
the limit, the application will return a fail. To check the signal’s variability, a series of RMS values
taken at equally spaced intervals, arranged in ascending order, will allow the application to determine
the difference between the 90th- and 10th-percentile RMS values. If the difference is too great, then the
signal will not pass the variability test. The final check will ascertain whether the signal is dominated by
frequencies above or below the respiratory band and whether it is loud enough to be considered relevant.
If so, then the signal will pass, but a filter will need to be applied. At this point, the noise spectrum’s
frequency response needs to be stored and passed to the Wiener filter.

Audio gain control helps ensure the recorded signal is at an optimal level, i.e., with a good signal-
to-noise ratio, no distortion or clipping, and a sufficient level for listening and analysis. In a clinical
setting where repeatability, transparency, control, and predictability are vital, using the browser audio
constraint autoGainControl is not suitable. Auto gain control (AGC) is essentially a black box, with
the aim of maintaining audio level consistency, offering no insight into the thresholds, no system for
capturing the original audio signal, or whether it will behave the same across different systems or during
repeated recordings of the same test. As previously mentioned, audio level consistency is not the aim
in this context; rather, the aim is to prevent signal clipping and a poor signal-to-noise ratio. To assist
the user with such a setup, the test will need to perform three signal level checks and allow the user to
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make adjustments.
The first signal-level check ensures there is sufficient headroom, or margin, between a system’s normal

operating level and the maximum level it can handle before clipping occurs. The application will need
to monitor the peak level of the incoming signal and warn the user if it exceeds a certain threshold.
Anything below 0 dBFS is sufficient, but it is important to utilise the full dynamic range of 24-bit audio
recording; therefore, there is no need to allow signals close to 0 dBFS. It is also vital to be mindful of
sudden spikes in level that will exceed the detected maximum peak level. Once the signal is deemed
low enough not to cause digital audio clipping, it will need a sufficient level to be useful; therefore,
peak level is not an appropriate check in this scenario, as it doesn’t provide a useful measurement of
perceived loudness. The signal’s RMS value will provide this information and must exceed a specified
lower limit. The final check will determine whether the audio signal has a sufficient signal-to-noise
ratio by calculating the difference between the RMS values of the wanted and unwanted signals. Once
calculated, it must meet a predetermined threshold. Another important aspect to consider in relation
to SNR is that a single value representing the RMS of the entire signal provides no information about
whether the signal and noise overlap in the frequency domain and, given the use of a Wiener filter to
help reduce the spectral significance of any static noise, an option to pass a signal if the respiratory
frequencies dominate non-respiratory frequencies is extremely useful within this context. All three
measurements taken from the audio signal will allow the application to either pass the audio setup or
ask the user to make adjustments based on the outcomes. Once the test is complete, there are only
2 possible adjustments: adjusting the microphone level using the system controls or physically moving
closer to the microphone. If the signal is too quiet or too loud and the signal-to-noise ratio is not an issue,
adjusting the microphone level will solve the problem; if the signal-to-noise ratio needs improvement,
moving closer to the microphone relative to the source of the noise is the only solution.

The final stage of the pipeline will provide the user with a single upload point that stores audio
files from each processing point in the pipeline in the connected MongoDB and submits only the fully
processed audio file to a third-party vocal analysis tool called VoxLab.

5.6 Data Schema and Storage Design

The database technology used for schema definition and validation is MongoDB with Mongoose ODM
(Object Data Modelling), alongside GridFS for large-file storage. Mongoose ODM is a Node.js package
that translates between NoSQL document structures and application objects, similar to how ORMs
(Object-Relational Mapping), such as Hibernate or JPA, provide for SQL databases. Mongoose provides
comprehensive SchemaTypes and validation options that allow developers to set a range of parameters
for each field, such as enum values, custom text field validation, minimum and maximum lengths,
required fields, and automatic trimming. Each option can also return customisable error messages when
validation fails. Middleware that can execute before or after specific operations, such as save or find, as
well as custom instance and static methods, can be created to encapsulate model-specific business logic
and data manipulation functionality.

The User model will demonstrate these features through its schema design. Data fields will include
firstName, surname, email, and role. The role field will use enum values (admin, patient and clinician)
to enable clear role-based access control. To improve search functionality, lowercase versions of names
will be generated automatically via pre-save middleware. Password security will be handled using
bcrypt hashing, with additional fields for the password’s last change date, a password reset token, and a
password reset expiry date. The model will use an active boolean field to implement soft deletion, with
query middleware automatically filtering out inactive users from all find operations. Custom methods
will provide secure password comparison, token validation, and reset token generation functionality.

The primary purpose of the Audio model will be to link the four MongoDB object IDs for the
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recordings captured at various stages of the audio pipeline into a single record. Additional fields will
store a user identifier, a filename, and an upload date. To store the actual audio binary data, GridFS
creates two collections: one for the audio file metadata, suffixed with .files, and another for the individual
binary chunks, suffixed with .chunks. GridFS stores audio by splitting large files into 255 KiB (261 KB)
chunks. The chunk documents also include a field for the GridFS-generated audio file ID. The GridFS
files collection automatically stores data on the full size of the audio file, the chunk size (which is fixed
by default and the same for all documents), and the upload date. When creating the GridFS audio
stream, you can pass additional information, such as a filename and any additional metadata. With
these options, it would be possible to omit an additional Mongoose Audio model; however, given the
need for four audio streams per recording, it is important to have a document that links them. As
previously mentioned, a 24 Bit 48 kHz one-minute audio recording will require roughly 8 MB of storage,
which is only half the limit before GridFS becomes necessary. The benefits of utilising GridFS in this
scenario are that it future-proofs the service, allows for storage of larger files both in terms of length
and quality, has built-in metadata, and has better memory efficiency when streaming audio. The final
benefit is currently not utilised within the application; however, future features will involve clinicians
listening to captured audio, and improved streaming will prevent the need to download audio to a local
machine.

5.7 Security and Authentication Design

Security and authentication will utilise JSON Web Tokens (JWTs), with both an access and a refresh
token generated when a user logs in via the login page or registers as a new user. Access tokens will be
stored in authorisation headers as Bearer tokens, will have a short lifespan of 15 minutes, and will allow
certain routes to be protected based on the permissions associated with specific roles. Refresh tokens
will be stored in HTTP-only cookies and have a 1-day lifespan. Refresh tokens allow the application
to generate new access tokens when an access token expires after 15 minutes or on page refreshes. To
increase the refresh token’s lifespan, a user can select ”Remember me” in the UI, which sets the refresh
token’s age to 30 days.

6 Implementation

6.1 Audio Provider and React Context API

There are several areas of the application that ultimately control and define how it assists the user in
preparing their audio system for capturing audio and submitting the audio for further analysis. Central
to controlling state and user interactions is the AudioProvider (see code appendix). The AudioProvider
utilises the React Context API for centralised state management, allowing state to be shared throughout
the codebase without passing props directly between components and functions. During the early stages
of development, individual components and hooks used the React useState hook to store and retrieve
data, and when combined with prop drilling, the state was passed from a parent to a child component
as needed. Once the audio pipeline grew beyond a simple audio recorder, it became apparent that
managing state through components and prop drilling would not suffice and that certain data needed
to be held centrally. Initially, all data related to the audio pipeline was moved to the AudioProvider,
which became the single source of truth. If a component, such as RecordingControls, or a bespoke hook,
such as useMicSelector, required access to various audio-related data, it could retrieve it by calling
useAudioState, and subsequently, any state held within the AudioProvider would be available to that
component or hook. This not only simplified the interfaces for each component but also ensured the
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correct data was available. In total, 15 components/hooks utilised the AudioProvider. This alone made
the AudioProvider essential to the application; however, once environment noise testing was introduced,
it provided the perfect location to control the flow of the environment test and subsequent communication
with the Wiener filter when a noise filter is required.

To perform an environment test, the application needs to coordinate among the user interface,
the microphone audio stream, and the Wiener filter. Once the user selects the microphone (if multiple
options are available) and starts it, the AudioMeter component visually updates to indicate that a signal
is present via a level meter, and a test prompt appears, replacing the mic setup controls. There are two
states managed by the AudioProvider, MicState and TestPhase, that control the various components
involved in this process, ensuring that the correct text appears and that the functions associated with
a particular button press result in the correct action. The combination of MicState and TestPhase,
in conjunction with the AudioProvider, forms a finite-state machine that controls the entire flow. The
MicState has six transitions: idle, micEnabled, testPrompt, testing, ready and error. TestPhase provides
several stages for both the environment test and the signal-to-noise ratio test; however, the signal-to-
noise ratio test has not been implemented. The TestPhase not only controls the behaviour of the
application but also combines with testPhaseInstructions, which holds all the text to display with each
phase. Once the user initiates the environment test, the application invokes the environmentTesting
utility, which contains all the logic for capturing a sample of the environment audio, analysing it, and
returning one of three results to the AudioProvider. The three results are pass, pass filtered, or fail.
From here, the AudioProvider can coordinate with the UI to again update the text displayed to the
user and change the actions associated with the available buttons. For example, if the test fails, the
two buttons available allow the user to cancel, which resets the application to its initialised state, or to
retry, which allows the application to re-test the environment noise. If the test passes either with or
without additional filtering, the user can leave the test and begin their recording, as the AudioProvider
enables the record button by setting testPhase to ‘passed’. As previously mentioned, the AudioProvider
also posts messages to the Wiener filter class when required as part of the audio pipeline, due to an
environment test result of pass with filtering applied. AudioWorkletProcessors run on separate threads
from the main application thread and receive messages via port.onmessage sent from port.postMessage.

6.2 Environment Test

The environmentTesting utility module holds the logic for capturing audio for environmental noise
assessment (see code appendix). To implement this feature, a 4-second capture loop runs, after which the
captured audio samples are assessed for level, variability, and frequency distribution. The audio samples
are also converted from the time domain to the frequency domain, which allows the application to
produce a noise power spectrum for use with the Wiener filter. The 4-second capture loop is divided into
25 ms frame intervals, yielding 160 frames of data. During each of the 160 frames, the Web Audio API
method getFloatTimeDomainData is called. This method fills an array called timeBuffer with the most
recent 2048 sample values, roughly 42.7 ms worth (assuming a 48 kHz sample rate and an fftsize of 2048),
by collecting samples from a circular buffer implemented by the AnalyserNode of the Web Audio API (not
part of the application code). A sleep function is then called to pause the capture loop for 25 ms, allowing
the browser, via the Web Audio API, to collect more data, after which getFloatTimeDomainData calls
for another 2048 samples, however, given only 25 ms have passed, the most recent 2048 samples will
only contain around 17.7 ms of new samples (42.7 ms - 25 ms). This use of overlapping frames provides
a smoother, continuous picture of how the audio signal changes over time. Another utility function,
calculateRmsAmplitude, is also called and returns a single root-mean-square amplitude for all samples
captured during that frame, with the value stored in a new array for later use in the environment test.
Finally, the capture loop also implements a bespoke floatFrequencyData method that converts time-
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domain data to frequency-domain data. Initially, the Web Audio API getFloatFrequencyData method
performed this task; however, during the implementation of the Wiener filter, it became apparent that
discrepancies existed between the noise-spectrum power values produced by the environment test for
the noise profile and those of the live signal passing through the Wiener filter, resulting in incorrect gain
reduction (the Web Audio API returns dB-scaled, smoothed values rather than the linear power values
the Wiener filter operates on). Given that the Wiener filter compares a desired signal with an undesired
signal, it is vital that the two signals be properly scaled. To overcome this issue, the FFT implementation
used by the Wiener filter was replicated in a main-thread function called floatFrequencyData, ensuring
both use identical windowing, normalisation, and power computation. It should be noted that methods
cannot be easily shared between main-thread modules and AudioWorkletProcessor scripts, so copying
the code made more sense in this instance.

Once the capture cycle is complete, the average noise-spectrum power is computed from the 160
captured frames. There are several stages to this process, and it employs complex mathematics, the
details of which are beyond the scope of this paper. In broad terms, the array noiseSpectrumPowerAvg
stores the power for 1025 frequency bins per captured frame, where each bin spans roughly 23.4 Hz. This
value is calculated by dividing the sample rate (48 kHz) by the FFT size (2048). The power value stored
in the array represents the summed power across all frequencies within that bandwidth. When assigning
frequency bin values to the given array, we use only power values from bin 0 to bin 1024, as beyond this
point, all values are redundant for real-valued inputs. Real-valued numbers are ordinary real numbers
that do not contain a complex part, such as audio samples, which are just amplitude measurements at a
point in time. During the capture period, the power values for each bin are summed. The first action after
the capture loop completes is to average these values by dividing each summed value by the total number
of frames (160 in this instance). A for loop mutates the noiseSpectrumAvgPower array by replacing the
summed values with the averaged values. When a noise filter is required, the noiseSpectrumAvgPower
array is returned as the representative noise profile for the captured environment.

Before setting the noise filter, a series of time-domain calculations are performed to determine the
median RMS (root-mean-squared) noise level and the RMS noise levels at the 10th and 90th percentiles.
To determine the median noise level, the values stored in rmsFrames are converted from amplitude
to decibel units using a utility function called amplitudeToDb, and the results are stored in a new
array called rmsFramesDbFS. This conversion isn’t strictly necessary, but it allows the use of decibel
values when setting thresholds for checks completed in this environment test, which, in turn, makes it
easier to determine whether performance is correct or incorrect. The rmsFramesDbFS values are then
passed through a percentile function that takes two arguments: the array and the percentile value to be
calculated. The function sorts the array’s RMS values in ascending order, then returns the value at the
median (50th percentile) index. The median noise level is compared to a maximum noise constant of
-40 dBFS; if it exceeds this value, the noise is deemed too loud, and the test fails. If the value is below
-65 dBFS, then it is deemed quiet enough to be ignored, and the test passes with no filter applied. The
same method could be applied to the noise level instability check by passing the array and the values 10
for the 10th percentile and 90 for the 90th percentile; however, it is important to consider the amount
of time each frame represents. As discussed, each captured frame is separated by 25 ms. A sudden loud
spike in level that lasts 200 ms would occupy the frames above the 95th percentile, or, in other words,
would be in the last 8 frames (8 x 25 = 200ms) once the percentile sorted array function is applied. To
improve this, the average of 8 frames is combined into a single block, yielding 20 blocks in total, and
each block is pushed into a new array called blockRms. The array values are then mapped to decibel
units using the amplitudeToDb method, and the new array is passed to the same percentile function,
from which the p10 and p90 values are derived. The instability of the captured audio is determined by
the spread between p10 and p90; anything over 6 dB is deemed too unstable.

If the environmental noise is deemed significant enough, not too unstable, and not too loud, the
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noise frequency distribution is assessed to determine whether it is dominant on either side of the typical
respiratory frequency band. The respiratory frequency band is set at 200 Hz to 2000 Hz; the respiratory
band is generally considered wider than this. However, this allows overlap, and the Wiener filter only
attenuates frequency bins where the noise power exceeds the signal power; it does not reduce frequencies
where the live signal is already stronger than the noise. With the band set, the environment test needs to
determine which frequency bin in the noiseSpectrumAvgPower array corresponds to 200 Hz and which
to 2000 Hz. This is determined by the following formula:

1 freqBinNumber = Math.floor(( frequency/ Nyquist frequency) * (fftsize / 2 + 1))

Figure 8: Frequency Bin Number Calculation

This is because the noiseSpectrumAvgPower array has 1025 frequency bins, spanning 0 to 24 kHz, or
the Nyquist frequency, which is half the sample rate. Once the frequency bin numbers are determined,
a for loop iterates over all power values, summing them for the total whilst also summing them for the
lower and upper bin numbers. From these values, two ratios are derived: if either the low-frequency
ratio exceeds 40% or the high-frequency ratio exceeds 5% of the total noise energy, the noise filter is
applied. The type of noise to be filtered by such a system is typically low-frequency-dominated, such as
traffic, HVAC systems, or rumble.

7 Results and Discussion

7.1 The Product

The finished product is a working web application that provides the user with registration and login
functionality. Once logged in, the user can access any connected microphones. Once the microphone is
running, the user can test their background for suitability and, if certain criteria are met, record and
upload an audio sample. The system automatically uploads 3 audio files, raw, filtered and main. The
raw file is taken from the start of the audio graph and only contains the mono mix processing. The
filtered audio is the output after it passes through the low-pass and high-pass filters. If Wiener filtering
is applied, the main file will include this processing; otherwise, the main and filtered files will be the
same. It should be noted that the Wiener processor introduces a 2048-sample shift in the main audio
file. If a local version of VoxLab is running, when uploading the files to MongoDB, the main file will
also be uploaded to VoxLab. Additional endpoints, not accessible via the UI, allow retrieval of all audio
records and individual audio file streams.

7.2 Audio Consistency

For the application to function correctly, it is vital that the audio metrics gathered by the Web Audio
API analyser node are accurate. To test this element of the application, two parallel recordings were
made from the same microphone input. One recording was captured via Audacity, a free, open-source,
cross-platform audio recording and editing program, and the other via the respiratory web application,
which was subsequently stored in the database for retrieval. A fan recording played back via an external
device provided the sound source. Two key metrics for the application to function are the root-mean-
square (RMS) and peak levels of the audio signal. The images below show the application’s UI alongside
two Audacity readings. The first reading is the RMS of the audio captured directly by Audacity, the
second is the RMS of the raw audio retrieved from the respiratory audio application. These three images
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highlight the consistency between the UI display, the raw audio captured by the application, and the
corroborated audio in Audacity.

Figure 9: Audio Recorder UI

Figure 10: Audacity RMS

Figure 11: Audacity RMS

The UI value represents a single moment in time, so exact agreement with a whole-file RMS measure-
ment is not expected; rather, the UI value should fall within the range observed across the recording.
Below is a portion of the logs captured by the application, which display key metrics for the audio
recording. One of the metrics provided is signalNoiseLevel, which is the RMS of the entire audio signal
captured during the environment test. The value of 41.381 dB is within 0.5 dB of the Audacity values.
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1 "metricDetails ": {

2 "CLEAN_SIGNAL_DB_MAX ": -55,

3 "HIGH_FREQ_RATIO_MAX ": 0.05,

4 "LOW_FREQ_RATIO_MAX ": 0.4,

5 "peak": -31.566228423486766 ,

6 "signalHighFreqRatio ": 0.032994492229928805 ,

7 "signalLowFreqRatio ": 0.7259044110124064 ,

8 "signalNoiseLevel ": -41.38164442321953

9 },

Figure 12: Recording Logs

These logs also report a maximum peak level of -31.566 dB during recording. A simple method for
extracting peak levels from audio recordings is to use the Audacity “Amplify” plugin, which detects the
highest peak and displays the required adjustment to set it to 0 dBFS. The images below show the two
readings for the Audacity-captured audio and the raw application audio.

Figure 13: Audacity Peak Leve

Figure 14: Raw Peak Leve

These images highlight a 2.8 dB difference between the environment test measured peak level and
the audio recording peak level. Whilst this is not insignificant, all key logic decisions made within the
application use the RMS value, except for clipping safety checks. Within the environment test, a conser-
vative clipping guard threshold is set at -6 dBFS, so if this 2.8 dB difference were to occur consistently,
the application would still flag potential clipping before the signal reaches 0 dBFS, preventing actual
digital clipping.

Overall, these tests show that the application’s calculations for both logic and user feedback are
usable and accurately reflect the captured audio.

The first processing completed by the audio pipeline is to apply low-pass and high-pass filtering to
ensure focus on the respiratory audio band. The low-pass filter cut-off frequency is set to 3500 Hz, and
the high-pass filter cut-off frequency is set to 120 Hz. The chart below demonstrates the application
of both filters. The chart shows the frequency spectrum of the raw audio prior to filtering, and the
audio after filtering but before any additional noise filtering. The orange graph highlights the gradual
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reduction in the level of all frequencies above 3.5 kHz and below 120 Hz, demonstrating the expected
behaviour of the applied filters.

Figure 15: Raw Audio vs Filtered Audio

The final audio consistency check compares the noise profile data captured by the environment test
with the raw audio spectrum of the noise it represents. This data is used by the Wiener filter to
determine whether to reduce the levels of certain frequencies in the final captured audio by comparing
the recorded signal to this noise profile. Both plots have the same shape; however, the noise profile
is roughly 2 dB quieter than the filtered audio for the most part. The noise profile generation step
and the audio recording occur one after the other, and discrepancies may result from slight changes in
background noise over a short time period. A 2 dB difference will result in a noise estimate that is
lower than the true noise floor, meaning the Wiener filter is conservative; it preserves signal at the cost
of marginally more residual noise, whereas the opposite error would risk cancelling respiratory signal
content.
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Figure 16: Filtered Audio vs Noise Profile

7.3 Environment Test

To assess the pass/fail logic of the environmental noise test, a series of different sound sources playing
at varying levels will cause the system to pass, fail or pass with a filter applied. Each test generates
a log captured and stored server-side, with the full logs available in the appendix. The following tests
demonstrate the behaviour of the environment test:

• Static noise above the maximum threshold - Fail

• Static noise below the clean threshold - Pass

• Static noise above the clean threshold and below the maximum threshold - Pass with filter applied

• Variable noise above the clean threshold and below the maximum threshold - Fail

• Variable noise below the clean threshold - Pass

• Noise band-limited to the respiratory frequency band - Fail

Here are the key metrics for each test, extracted from the logs, along with an image of the audio
waveform captured by Audacity during the test.
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7.3.1 Static noise above maximum threshold - Fail

10 {

11 "level": "info",

12 "message ": "------------ENVIRONMENT TEST STARTED -------------",

13 "meta": {

14 "test": "TEST -1776803806599 -ENV -00001"

15 },

16 "source ": "client",

17 "timestamp ": "2026 -04 -21 T20 :38:13.001Z"

18 },

19 {

20 "level": "info",

21 "message ": "FAIL - NOISE TOO LOUD",

22 "meta": {

23 "metricDetails ": {

24 "NOISE_DB_MAX ": -40,

25 "avgNoiseDb ": -32.35587053819333 ,

26 "peak": -24.43481182033827

27 },

28 "testId ": "TEST -1776803806599 -ENV -00001"

29 },

30 "source ": "client",

31 "timestamp ": "2026 -04 -21 T20 :38:17.310Z"

32 },

Figure 17: Static Noise Test Fail

Figure 18: Loud static noise
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7.3.2 Static noise below the clean threshold - Pass

33 {

34 "level": "info",

35 "message ": "------------ENVIRONMENT TEST STARTED -------------",

36 "meta": {

37 "test": "TEST -1776803806599 -ENV -00002"

38 },

39 "source ": "client",

40 "timestamp ": "2026 -04 -21 T20 :40:53.145Z"

41 },

42 {

43 "level": "info",

44 "message ": "PASS - NO FILTER REQUIRED",

45 "meta": {

46 "metrics ": {

47 "CLEAN_DB_THRESHOLD ": -55,

48 "medianNoiseDbLevel ": -66.7082874816754 ,

49 "peak": -58.675841616299195

50 },

51 "testId ": "TEST -1776803806599 -ENV -00002"

52 },

53 "source ": "client",

54 "timestamp ": "2026 -04 -21 T20 :40:57.460Z"

55 },

Figure 19: Static Noise Test Pass

Figure 20: Quiet static noise
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7.3.3 Static noise above the clean threshold and below the maximum threshold - Pass
with filter applied

56 {

57 "level": "info",

58 "message ": "------------TEST STARTED -------------",

59 "meta": {

60 "test": "TEST -1776804179060"

61 },

62 "source ": "client",

63 "timestamp ": "2026 -04 -21 T20 :42:59.060Z"

64 },

65 {

66 "level": "info",

67 "message ": "------------ENVIRONMENT TEST STARTED -------------",

68 "meta": {

69 "test": "TEST -1776804179060 -ENV -00001"

70 },

71 "source ": "client",

72 "timestamp ": "2026 -04 -21 T20 :43:25.388Z"

73 },

74 {

75 "level": "info",

76 "message ": "PASS - NOISE PROFILE CREATED",

77 "meta": {

78 "metricDetails ": {

79 "CLEAN_SIGNAL_DB_MAX ": -55,

80 "HIGH_FREQ_RATIO_MAX ": 0.05,

81 "LOW_FREQ_RATIO_MAX ": 0.4,

82 "peak": -34.4865994605322 ,

83 "signalHighFreqRatio ": 0.04309872456448348 ,

84 "signalLowFreqRatio ": 0.6761624750553888 ,

85 "signalNoiseLevel ": -45.1844794752666

86 },

87 "testId ": "TEST -1776804179060 -ENV -00001"

88 },

89 "source ": "client",

90 "timestamp ": "2026 -04 -21 T20 :43:29.710Z"

91 },

Figure 21: Static Noise Pass - Noise Profile Created

Figure 22: Static noise

33



7.3.4 Variable noise above the clean threshold and below the maximum threshold - Fail

92 {

93 "level": "info",

94 "message ": "------------TEST STARTED -------------",

95 "meta": {

96 "test": "TEST -1776804272936"

97 },

98 "source ": "client",

99 "timestamp ": "2026 -04 -21 T20 :44:32.936Z"

100 },

101 {

102 "level": "info",

103 "message ": "------------ENVIRONMENT TEST STARTED -------------",

104 "meta": {

105 "test": "TEST -1776804272936 -ENV -00001"

106 },

107 "source ": "client",

108 "timestamp ": "2026 -04 -21 T20 :45:09.084Z"

109 },

110 {

111 "level": "info",

112 "message ": "FAIL - NOISE TOO UNSTABLE",

113 "meta": {

114 "metricDetails ": {

115 "RMS_INSTABILITY_DB_MAX ": 6,

116 "instabilityInDb ": 14.15853804513084 ,

117 "peak": -51.17475603257455

118 },

119 "testId ": "TEST -1776804272936 -ENV -00001"

120 },

121 "source ": "client",

122 "timestamp ": "2026 -04 -21 T20 :45:13.388Z"

123 },

124 {

125 "level": "info",

126 "message ": "------------ENVIRONMENT TEST COMPLETE -------------",

127 "meta": {

128 "test": "TEST -1776804272936 -ENV -00001"

129 },

130 "source ": "client",

131 "timestamp ": "2026 -04 -21 T20 :45:13.389Z"

132 },

133 {

134 "level": "info",

135 "message ": "------------ENVIRONMENT TEST FAILED -------------",

136 "meta": {

137 "reason ": "noise too unstable",

138 "test": "TEST -1776804272936 -ENV -00001"

139 },

140 "source ": "client",

141 "timestamp ": "2026 -04 -21 T20 :45:13.389Z"

142 },

Figure 23: Variable Noise Fail
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Figure 24: Variable noise fail

7.3.5 Variable noise below the clean threshold - Pass

143 {

144 "level": "info",

145 "message ": "------------ENVIRONMENT TEST STARTED -------------",

146 "meta": {

147 "test": "TEST -1776804272936 -ENV -00002"

148 },

149 "source ": "client",

150 "timestamp ": "2026 -04 -21 T20 :46:15.766Z"

151 },

152 {

153 "level": "info",

154 "message ": "PASS - NO FILTER REQUIRED",

155 "meta": {

156 "metrics ": {

157 "CLEAN_DB_THRESHOLD ": -55,

158 "medianNoiseDbLevel ": -61.207239254694514 ,

159 "peak": -47.745125877568725

160 },

161 }

162 }

Figure 25: Quiet Variable Noise Pass
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Figure 26: Quiet variable noise pass

7.3.6 Noise band-limited to the respiratory frequency band - Fail

163 {

164 "level": "info",

165 "message ": "------------ENVIRONMENT TEST STARTED -------------",

166 "meta": {

167 "test": "TEST -1776804436167 -ENV -00001"

168 },

169 "source ": "client",

170 "timestamp ": "2026 -04 -21 T20 :47:49.416Z"

171 },

172 {

173 "level": "info",

174 "message ": "FAIL - NOISE IN RESPIRATORY BAND",

175 "meta": {

176 "allMetrics ": {

177 "CLEAN_SIGNAL_DB_MAX ": -55,

178 "HIGH_FREQ_RATIO_MAX ": 0.05,

179 "LOW_FREQ_RATIO_MAX ": 0.4,

180 "RMS_INSTABILITY_DB_MAX ": 6,

181 "highFrequencyRatio ": 0.0030442615391076118 ,

182 "lowFrequencyRatio ": 0.16869228767819716 ,

183 "medianNoiseDbLevel ": -42.177041581451036 ,

184 "noiseInstability ": 0.9285774473535113 ,

185 "peak": -31.680728422845654

186 },

187 }

188 }

Figure 27: Band-limited noise fail
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Figure 28: Band-limited noise fail

7.4 Wiener Filter

To test and demonstrate the application of the Wiener filter, the same fan noise used for the environment
test and audio consistency test will cause the environment test to pass with the filter applied. Once
the filter is applied, the user will start a recording, cough at roughly 1-second intervals, and upload the
completed recording to MongoDB. Below are Audacity-generated spectrograms of the pre- and post-
Wiener-filter audio files, along with a difference spectrogram. To generate a difference spectrogram, the
post-Wiener filter waveform is shifted by 2048 samples, due to the sample shift introduced by the filtering
process, and inverted. A new audio file is then generated by combining the pre- and post-Wiener-filter
waveforms, leaving only the difference between them.

Figure 29: Spectrograms - Top: pre noise reduction, middle: post noise reduction, bottom: difference

Spectrograms combine time, frequency, and signal level in a single graph. The x- and y-axes are for
time and frequency, with signal level represented by colour intensity. Therefore, as highlighted by the
slightly darker sections of the post-Wiener spectrogram between each cough, some of the noise has been
reduced; however, the reduction is not significant. This is also confirmed by the difference spectrogram.
The images below are the same pre- and post-spectrograms, except their dB ranges are now set to
different values. With the pre-Wiener set at 47 dB and the post-Wiener set at 50 dB, the images now
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look similar, suggesting a reduction of about 3 dB. The difference spectrogram also highlights that some
of the respiratory audio has also changed as a result of the Wiener filtering.

Figure 30: Spectrograms - Top: pre noise reduction, bottom: post noise reduction

8 Conclusions and Recommendations

The main outcome of this work is a working web-based application that allows users to record and
store audio for future retrieval. More specifically, the project has produced a guided microphone setup
workflow, real-time bandpass filtering tuned to respiratory frequencies, an environment testing system
with noise profiling, multiple output files at each processing stage, and authenticated storage with
streaming retrieval. The principal results demonstrate that the Web Audio API is a flexible and powerful
tool for developing such an application, and analysis confirmed that accurate measurements of audio
recordings are achievable and that real-time decisions and workflows can utilise these measurements
to assist users with audio recording. All of the stated aims and objectives have been met. An audio
workflow that guides the user through the process was designed and implemented. A state machine with
dedicated UI components for each stage of the process allows the user to successfully select and start a
microphone, assess background noise, record and then submit multiple audio files. The audio pipeline
includes audio filters to attenuate frequencies above and below the respiratory band. The environment
test captures a 4-second snippet of background noise and assesses the environment’s suitability for
recording. The test results and logs demonstrate the application’s performance against these objectives
and that the metrics used to determine the application behaviour are relevant and non-trivial. These
tests also highlight that a successful recording submission generates multiple audio files from various
stages of the audio pipeline, with each file stored in MongoDB and retrievable via an HTTP client, such
as Bruno. Whilst the implementation of a Wiener filter meets one objective, its use in this application
is limited by the minimal noise reduction it can achieve, and further development is required if it is to
be of any use to this pipeline.

This work is a good starting point for future web-based audio capture systems and demonstrates
a successful implementation of the Web Audio API using bespoke AudioWorkletProcessors, further
increasing the API’s functionality, all within the widely used MERN development stack. In addition
to the stated aims and objectives, this service is integrated with a vocal analysis tool. Also, using the
React Context API to manage complex state across components was vital, as it significantly reduced
component interface complexity and ensured a single source of truth for certain data.

There are four key areas that require further development to meet the needs outlined in the literature
review regarding poor audio recording techniques. Firstly, there is currently no signal-to-noise ratio
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check. This was discussed as part of the design process; however, time constraints prevented a successful
implementation. To ensure users are not recording in sub-par environments, it’s vital that the captured
signal is as loud as possible, without clipping, and that there is sufficient dynamic range between the
desired and undesired audio. A major barrier to implementing such a feature is the inability to control
system settings from within a web application. Whilst an application can provide gain control to prevent
clipping during processing, if clipping occurs at a hardware level, there is not much that can be done
about it after this point. Conversely, if the system audio is too low, then excessive gain applied by the
application may result in poor audio quality. It should be noted that without some form of gain staging,
the environment test is unable to fully assist the user. Where the environmental noise is too loud, the
user can simply lower their system audio until it reaches a level that satisfies the environment test logic,
which is only useful to a point. Lowering the system audio may result in the desired signal being too
quiet. A signal-to-noise ratio check would quickly highlight this and, if possible, guide the user to a
satisfactory balance. Ultimately, spectral and dynamic separation between desired and undesired signals
is key to producing clean audio recordings. This leads to the second area for future development, the
Wiener filter or more specifically, noise reduction. In its current form, the Wiener filter does not add
much to this application. Implementing such a tool requires highly complex digital signal processing and
is really beyond the scope of this paper. The module could only be developed with AI assistance to the
point that this author takes no real ownership of the code, and in hindsight, an “off-the-shelf” solution,
such as RNNoise via WASM or server-side processing via Python libraries such as noisereduce, may have
provided more value to a web development project. The module required extensive bugfixing, including
identifying audible issues and using detailed logs to better understand the performance. Although the
obvious solution to a poor recording environment is to move somewhere else, that may not always be
possible, especially if the device itself is causing the noise (e.g., a computer fan). Therefore, improving
the ability to reduce or remove noise without distorting the desired signal is vital to the success of
such an application. The third area for future development is the ability to provide an audio recording
assessment prior to submission. Even with assistance, poor recordings can still occur and preventing the
submission of substandard recordings is the main purpose of an application such as this. Key metrics
would include signal clipping or distortion, a low signal-to-noise ratio, and excessive low-frequency
content, which suggest wind noise or proximity to the microphone. To prevent frustration, a grading of
severity would help users submit audio that meets a minimum standard while also highlighting that the
audio quality could be improved. Finally, introducing post-processing would allow certain defects to be
fixed prior to submission. Gentle normalisation can increase the overall signal level, provided it does not
introduce distortion. Where recordings have excessive low-frequency content, some form of additional
filtering will improve the overall tonal quality of the audio.

Beyond the audio pipeline and the issues highlighted in the literature review, there are a number of
key additions that would improve a service such as this. The ability to complete and set questionnaires in
the application will help clinicians gather vital patient information to supplement any audio recordings.
The integration of wearable technology can provide another layer of data to assist in diagnosing and
supporting respiratory conditions. Being a web-based application also opens the possibility of converting
it to a Progressive Web App for greater cross-compatibility and improved user access.
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A Flow Diagrams

Figure 31: Flowchart - Audio Recorder

Figure 32: Flowchart - Auth
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Figure 33: Flowchart - Login
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Figure 34: Flowchart - Mic Selector

42



Figure 35: Flowchart - Capture Loop
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Figure 36: Flowcharts

B Patient User Stories

Figure 37: Basic Patient User Stories
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C Code Snippets

2 import { useState , useRef , useCallback } from ’react ’;

3 import { AudioContext } from ’./AudioContext ’;

4 import { sleep , useMicrophone , type NoiseProfile } from ’@/features ’;

5 import { DB_DEFAULTS , MIN_DB_SPL_IDLE } from ’@/lib ’;

6 import { type AudioControllerState , type RecordedBlobs } from ’./types ’;

7 import { logger } from ’@/logging ’;

8 import { runEnvironmentTest } from ’@/features/audio/utils/environmentTesting ’;

9

10 export const AudioProvider = ({ children }: { children: React.ReactNode }) => {

11 const [isActive , setIsActive] = useState <boolean >(false);

12 const [audioDevices , setAudioDevices] = useState <Array <{ name: string; label: string }>>([]);

13 const [selectedDevice , setSelectedDevice] = useState <string >(’’);

14 const [amplitudeGain , setAmplitudeGain] = useState <number >(1);

15 const [isRecording , setIsRecording] = useState <boolean >( false);

16 const [uploadStart , setUploadStart] = useState <boolean >( false);

17 const [isUploading , setIsUploading] = useState <boolean >( false);

18 const [micSetupState , setMicSetupState] = useState <AudioControllerState >({

19 lifecycle: ’idle ’,

20 testPhase: ’none ’,

21 });

22 const [rawAudioDbSpl , setRawAudioDbSpl] = useState <number | undefined >( MIN_DB_SPL_IDLE);

23 const [rawAudioDbFsRms , setRawAudioDbFsRms] = useState <number | undefined >( DB_DEFAULTS.MIN_FS);

24 const [rawAudioDbFsPeak , setRawAudioDbFsPeak] = useState <number | undefined >( DB_DEFAULTS.MIN_FS);

25 const [filename , setFilename] = useState <string >(’’);

26 const [recordedUrl , setRecordedUrl] = useState <string >(’’);

27 const [recordedBlobs , setRecordedBlobs] = useState <RecordedBlobs >({

28 mainBlob: null ,

29 filteredBlob: null ,

30 rawBlob: null ,

31 postProcessedBlob: null ,

32 });

33 const [environmentTestNumber , setEnvironmentTestNumber] = useState <number >(1);

34 const [environmentTestState , setEnvironmentTestState] = useState <string | null >(null);

35 const [medianNoiseDb , setMedianNoiseDb] = useState <number | null >(null);

36 const testId = useRef <string >(’’);

37 const environmentTestId = useRef <string >(’’);

38

39 const mic = useMicrophone(selectedDevice , amplitudeGain);

40

41 /**

42 * when called resets audio state to initialised state

43 */

44 const resetAudioState = useCallback (() => {

45 logger.info(’Reset audio state has been called ’, { test: testId.current });

46 setIsActive(false);

47 setIsRecording(false);

48 setAmplitudeGain (1);

49 setRawAudioDbFsRms(DB_DEFAULTS.MIN_FS);

50 setRawAudioDbFsPeak(DB_DEFAULTS.MIN_FS);

51 setRawAudioDbSpl(DB_DEFAULTS.MIN_FS);

52 setMicSetupState ({ lifecycle: ’idle ’, testPhase: ’none ’ });

53 setEnvironmentTestNumber (1);

54

55 if (mic.wienerFilterNodeRef.current) {

56 mic.wienerFilterNodeRef.current.port.postMessage ({ type: ’reset ’ });

57 }

58 }, [mic]);

59

60 const stopAll = () => {

61 logger.info(’------------TEST STOPPED -------------’, {

62 test: testId.current ,

63 });

64 resetAudioState ();

65 mic.stopMic ();

66 testId.current = ’’;

67 environmentTestId.current = ’’;

68 };

69

70 /**

71 * When called microphone starts and audio starts to stream updates setup state and mic active state

72 * @returns void

73 */

74 const startMicAndSetup = useCallback(async () => {

75 if (micSetupState.lifecycle !== ’idle ’) return;

76

77 testId.current = ‘TEST -${Date.now()}‘;
78 logger.info(’------------TEST STARTED -------------’, {

79 test: testId.current ,

80 });

81 try {

82 await mic.startMic ();

83 setIsActive(true);

84 mic.updateGain ();

85 setMicSetupState ({ lifecycle: ’micEnabled ’, testPhase: ’testIntro ’ });

86 } catch (err) {

87 if (err instanceof Error) {

88 logger.error(’Failed to start microphone ’, {

89 test: testId.current ,

90 error: err.message ,

91 });

92 stopAll ();

93 } else {

94 logger.error(’Unknown error type thrown ’, {

95 test: testId.current ,

96 error: String(err),

97 });

98 throw new Error(’Failed to start microphone: Unknown error ’);

99 }

100 }

101 }, [mic , micSetupState.lifecycle , stopAll ]);

102

103 const startEnvironmentTest = async () => {

104 await sleep (1000);

105

106 if (micSetupState.testPhase !== ’environmentIntro ’ && micSetupState.testPhase !== ’

failedEnvironment ’) return;

107 environmentTestId.current = testId.current + ’-ENV -’ + environmentTestNumber.toString ().padStart(5,

’0’);

108 logger.info(’------------ENVIRONMENT TEST STARTED -------------’, {

109 test: environmentTestId.current ,

110 });

111 setMicSetupState ({ lifecycle: ’testing ’, testPhase: ’environmentCapture ’ });

112 await runEnvironmentTestLogic ();

113 };

114

115 const runEnvironmentTestLogic = async () => {

116 try {

117 const result = await runEnvironmentTest(mic.filteredAudioAnalyserRef.current!, mic.

audioContextRef.current!, environmentTestId.current);

118

119 if (result) {

120 setMicSetupState ({ lifecycle: ’testing ’, testPhase: ’environmentComplete ’ });

121 logger.info(’------------ENVIRONMENT TEST COMPLETE -------------’, { test: environmentTestId.

current });

122 setEnvironmentTestNumber(prev => prev + 1);

123

124 if (result.outcome === ’fail ’) {

125 const delayEnvFailState = setTimeout (() => {

126 setEnvironmentTestState(result.reason);

127 setMicSetupState ({ lifecycle: ’error ’, testPhase: ’failedEnvironment ’ });

128 }, 2000);

129 logger.info(’------------ENVIRONMENT TEST FAILED -------------’, {

130 test: environmentTestId.current ,

131 reason: result.reason ,

132 });

133 return () => clearTimeout(delayEnvFailState);

134 }

135

136 if (result.outcome === ’passFiltered ’) {

137 const delayEnvPassFilterState = setTimeout (() => {

138 setEnvironmentTestState(result.outcome);

139 setMicSetupState ({ lifecycle: ’ready ’, testPhase: ’passedEnvironment ’ });

140 if (result.noiseProfile.medianNoiseDbLevel) setMedianNoiseDb(result.noiseProfile.

medianNoiseDbLevel);

141 enableWienerFiltering(result.noiseProfile);

142 logger.info(’------------ENVIRONMENT TEST PASS WITH FILTER -------------’, {

143 test: environmentTestId.current ,

144 reason: result.outcome ,

145 });

146 return () => clearTimeout(delayEnvPassFilterState);

147 }, 2000);

148 }

149

150 if (result.outcome === ’pass ’) {

151 const delayEnvPassState = setTimeout (() => {

152 setEnvironmentTestState(result.outcome);

153 setMicSetupState ({ lifecycle: ’ready ’, testPhase: ’passedEnvironment ’ });

154 logger.info(’------------ENVIRONMENT TEST PASS -------------’, {

155 test: environmentTestId.current ,

156 reason: result.outcome ,

157 });

158 if (result.noiseProfile.medianNoiseDbLevel) setMedianNoiseDb(result.noiseProfile.

medianNoiseDbLevel);

159 disableWienerFiltering ();

160 }, 2000);

161 return () => clearTimeout(delayEnvPassState);

162 }

163 }

164 } catch (err) {

165 if (err instanceof Error) {

166 logger.error(’Environment test failed ’, {

167 test: testId.current ,

168 error: err.message ,

169 });

170 setMicSetupState ({ lifecycle: ’error ’, testPhase: ’failedEnvironment ’ });

171 } else {

172 logger.error(’Unknown error type thrown ’, { test: testId.current , error: String(err) });

173 throw new Error(’Failed environment test: Unknown error ’);

174 }

175 }

176 };

177

178 /**

179 * Called by runEnvironmentTestLogic function if result.outcome = ’passFiltered ’ and returns void

180 * @param noiseProfile

181 */

182 const enableWienerFiltering = (noiseProfile: NoiseProfile): void => {

183 if (noiseProfile) {

184 /**

185 * send message using port to wiener -processor via the

186 * wienerNodeRef within useMicrophone with type

187 * setNoiseProfile which enables filter. Sets noisePower

188 * to avgPowerSpectrum generated within runEnvironmentTest ()

189 * (see audio -recorder/utils/environmentTesting)

190 */

191 try {

192 mic.wienerFilterNodeRef.current ?.port.postMessage ({

193 type: ’setNoiseProfile ’,

194 noisePower: noiseProfile.noiseSpectrumAvgPower ,

195 });

196 } catch (err) {

197 logger.error(’Failed to enable Wiener filter ’, { err: (err as Error).message });

198 }

199 }

200 };

201

202 /**

203 * Called by runEnvironmentTestLogic function if result.outcome = ’pass ’ and returns void

204 */

205 const disableWienerFiltering = (): void => {

206 mic.wienerFilterNodeRef.current ?.port.postMessage ({

207 type: ’reset ’,

208 });

209 };

210

211 return (

212 <AudioContext.Provider

213 value ={{

214 isActive ,

215 setIsActive ,

216 audioDevices ,

217 setAudioDevices ,

218 selectedDevice ,

219 setSelectedDevice ,

220 amplitudeGain ,

221 setAmplitudeGain ,

222 isRecording ,

223 setIsRecording ,

224 uploadStart ,

225 setUploadStart ,

226 isUploading ,

227 setIsUploading ,

228 micSetupState ,

229 setMicSetupState ,

230 rawAudioDbSpl ,

231 setRawAudioDbSpl ,

232 rawAudioDbFsRms ,

233 setRawAudioDbFsRms ,

234 rawAudioDbFsPeak ,

235 setRawAudioDbFsPeak ,

236 medianNoiseDb ,

237 setMedianNoiseDb ,

238 filename ,

239 setFilename ,

240 recordedUrl ,

241 setRecordedUrl ,

242 recordedBlobs ,

243 setRecordedBlobs ,

244 environmentTestState ,

245

246 audioRoutingGraphNodes: mic.audioRoutingGraphNodesRef.current ,

247 rawAudioAnalyser: mic.rawAudioAnalyserRef.current!,

248 rawAudioDataArray: mic.rawAudioDataArrayRef.current!,

249 rawAudioStream: mic.audioRoutingGraphNodesRef.current ?. rawAudioDestination.stream ,

250 filteredAudioAnalyser: mic.filteredAudioAnalyserRef.current!,

251 filteredAudioDataArray: mic.filteredAudioDataArrayRef.current!,

252 filteredAudioStream: mic.audioRoutingGraphNodesRef.current ?. filteredAudioDestination.stream ,

253 recordedAudioStream: mic.streamRef.current ,

254

255 resetAudioState ,

256 startMicAndSetup ,

257 stopAll ,

258 startEnvironmentTest ,

259 }}

260 >

261 {children}

262 </AudioContext.Provider >

263 );

264 };

Figure 38: Audio Provider
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266 import { logger } from ’@/logging ’;

267 import {

268 BLOCK_SIZE ,

269 CAPTURE_DURATION_MS ,

270 CLEAN_DB_THRESHOLD ,

271 FRAME_INTERVAL_MS ,

272 HIGH_FREQ_CUTOFF_HZ ,

273 HIGH_FREQ_RATIO_THRESHOLD ,

274 LOW_FREQ_CUTOFF_HZ ,

275 LOW_FREQ_RATIO_THRESHOLD ,

276 MAX_ALLOWED_PEAK_DBFS ,

277 NOISE_DB_MAX ,

278 RMS_DB_VAR_MAX ,

279 } from ’@/lib ’;

280 import { sleep } from ’./timing ’;

281 import { calculateRmsAmplitude } from ’./audioCalculations ’;

282 import { floatFrequencyData , amplitudeToDbFS } from ’./audioConversions ’;

283 import { type EnvironmentTestOutcome } from ’../types ’;

284

285 const percentile = (arr: number[], p: number): number => {

286 // if array length is 0 return out of function

287 if (arr.length === 0) return -1;

288 if (p < 0 || p > 100) return -1;

289

290 // copy array values and sort ascending

291 const sorted = [... arr].sort((a, b) => a - b);

292

293 // given a percentile value find the index value at that point e.g. for

294 // p = 50 -> 0.5 * (20 - 1) -> 0.5 * 19 = 9.5

295 const index = (p / 100) * (sorted.length - 1);

296

297 // this returns the greatest integer less than or equal to the index e.g. 9

298 const lower = Math.floor(index);

299

300 // this returns the smallest interger greater than or equal to the index e.g 10

301 const upper = Math.ceil(index);

302

303 return lower === upper ? sorted[lower] : (sorted[lower] + sorted[upper]) / 2;

304 };

305

306 export const runEnvironmentTest = async (analyser: AnalyserNode , audioContext: AudioContext , testId:

string): Promise <EnvironmentTestOutcome > => {

307 if (! analyser || !audioContext) return { outcome: ’fail ’, reason: ’audio stream error ’ };

308

309 // extract fftSize from analyser to ensure value is correct

310 const fftSize = analyser.fftSize;

311

312 // setup buffers for loading samples with size set to fftSize

313 const timeBuffer = new Float32Array(fftSize);

314 const freqRe = new Float32Array(fftSize);

315 const freqIm = new Float32Array(fftSize);

316 // for storing the average power of each frequency bin of the captured environment noise

317 const noiseSpectrumAvgPower = new Float32Array(fftSize / 2 + 1);

318

319 const rmsFrames: number [] = [];

320

321 // number of frames captured during the test e.g. 160

322 const frameCount = Math.floor(CAPTURE_DURATION_MS / FRAME_INTERVAL_MS);

323

324 /** AUDIO SAMPLE CAPTURE LOOP */

325 // During the 4000 ms test , every 25 ms (see sleep function) a snapshot of the most recent

326 // ~42.7 ms of audio data (2048 samples/ 48000 sample rate) is captured from the analyser

327 // causing an overlap where on every subsequent capture roughly 17.7 ms of samples were

328 // in the previous capture. Overlapping frames is intentional as it provides

329 // a smoother continuous picture of how the audio signal is changing over time

330 for (let i = 0; i < frameCount; i++) {

331 // fills the timeBuffer array with time domain audio samples (values between -1 and 1)

332 // that represent the audio signal

333 analyser.getFloatTimeDomainData(timeBuffer);

334

335 // Calculate the rms level taken from the time domain data during this frame iteration

336 const rms = calculateRmsAmplitude(timeBuffer);

337

338 // collect the rms level of the time domain data for each iteration

339 rmsFrames.push(rms);

340

341 // performs a Fast Fourier Transform to convert the time domain data from this iteration to

frequency

342 // data in order for the app to analyse the noise frequency and perform any filtering where

necessary

343 floatFrequencyData(timeBuffer , freqRe , freqIm , noiseSpectrumAvgPower , noiseSpectrumAvgPower.length)

;

344

345 // allows the event loop to continue and for more samples to be collected from the media device

346 await sleep(FRAME_INTERVAL_MS);

347 }

348

349 let instantPeak = 0;

350

351 /** PEAK CAPTURE FOR CLIPPING PROTECTION */

352

353 for (let i = 0; i < timeBuffer.length; i++) {

354 const absolute = Math.abs(timeBuffer[i]);

355 if (absolute > instantPeak) instantPeak = absolute;

356 }

357

358 const instantPeakDb = instantPeak > 0 ? 20 * Math.log10(instantPeak) : -Infinity;

359

360 if (instantPeakDb > MAX_ALLOWED_PEAK_DBFS) {

361 logger.info(’FAIL - CLIPPING DETECTED ’, {

362 metricDetails: { MAX_ALLOWED_PEAK_DBFS , peak: instantPeakDb },

363 testId ,

364 });

365 return { outcome: ’fail ’, reason: ’clipping detected ’ };

366 }

367

368 /** NOISE SPECTRUM PROFILE CAPTURE */

369

370 // calculate the average power of each frequency bin across all 160 frames of the capture loop

371 for (let i = 0; i < fftSize / 2 + 1; i++) {

372 noiseSpectrumAvgPower[i] /= frameCount;

373 }

374

375 /** NOISE LEVEL CHECK */

376

377 // convert rmsFrames rms value to an rms decibel value

378 const rmsFramesDbFS = rmsFrames.map(amplitudeToDbFS);

379

380 // calculate the median noise level across all 160 frames

381 // median instead of mean is used here in order to not have

382 // the result skewed by outliers

383 const medianNoiseDbLevel = percentile(rmsFramesDbFS , 50);

384

385 if (medianNoiseDbLevel === -1) return { outcome: ’fail ’, reason: ’audio stream error ’ };

386

387 console.log(medianNoiseDbLevel);

388

389 // if the median level is greater than a set maximum level then immediately fail test

390 if (medianNoiseDbLevel >= NOISE_DB_MAX) {

391 logger.info(’FAIL - NOISE TOO LOUD ’, {

392 metricDetails: { avgNoiseDb: medianNoiseDbLevel , NOISE_DB_MAX: NOISE_DB_MAX , peak: instantPeakDb

},

393 testId ,

394 });

395 return { outcome: ’fail ’, reason: ’noise too loud ’ };

396 }

397

398 // if the median level is below a minimum level then pass immediately

399 if (medianNoiseDbLevel < CLEAN_DB_THRESHOLD) {

400 logger.info(’PASS - NO FILTER REQUIRED ’, {

401 metrics: {

402 medianNoiseDbLevel ,

403 CLEAN_DB_THRESHOLD ,

404 peak: instantPeakDb ,

405 },

406 plots: { noiseProfile: noiseSpectrumAvgPower },

407 testId ,

408 });

409 return {

410 outcome: ’pass ’,

411 noiseProfile: {

412 noiseSpectrumAvgPower ,

413 fftSize ,

414 medianNoiseDbLevel ,

415 },

416 };

417 }

418

419 /** NOISE INSTABILITY CHECK */

420 // Noise isn ’t too loud or too quiet so check for instability issues

421

422 // Create 20 blocks that average 8 rmsFrames ensuring that relatively

423 // short periods of level change don ’t fall outside of 90th percentile

424 const blockRms: number [] = [];

425

426 // take the average of the rms value of the 8 rmsFrames and store in blockRms

427 for (let i = 0; i + BLOCK_SIZE < rmsFrames.length; i += BLOCK_SIZE) {

428 const slice = rmsFrames.slice(i, i + BLOCK_SIZE);

429 const avgRmsOfSlice = slice.reduce ((total , sum) => total + sum , 0) / slice.length;

430 blockRms.push(avgRmsOfSlice);

431 }

432

433 // convert the 20 block rms values to rms decibel values

434 const blockRmsDbFS = blockRms.map(amplitudeToDbFS);

435

436 // determine the dB values at the 10th and 90th percentiles

437 const p10 = percentile(blockRmsDbFS , 10);

438 const p90 = percentile(blockRmsDbFS , 90);

439

440 if (p10 === -1 || p90 === -1) return { outcome: ’fail ’, reason: ’audio stream error ’ };

441

442 // calculate the spread of rms dB values

443 const noiseInstability = p90 - p10;

444

445 // if the spread is greater than a set allowable range then fail test due to instability

446 if (noiseInstability > RMS_DB_VAR_MAX) {

447 logger.info(’FAIL - NOISE TOO UNSTABLE ’, {

448 metricDetails: { instabilityInDb: noiseInstability , RMS_INSTABILITY_DB_MAX: RMS_DB_VAR_MAX , peak:

instantPeakDb },

449 testId ,

450 });

451 return { outcome: ’fail ’, reason: ’noise too unstable ’ };

452 }

453

454 /** NON RESPIRATORY FREQUENCY DOMINANCE CHECK */

455 // if the noise isn ’t too loud , too quite or too variable then check if the noise is dominated

456 // by non respiratory frequencies

457

458 // Nyquist frequency is the highest frequency captured given a set sample rate e.g. 24 kHz for a 48

kHz sample rate

459 const nyquist = audioContext.sampleRate / 2;

460

461 // determine the frequency bin numbers that will contain the upper and lower bounds of relevant

respiratory frequencies

462 const lowFreqBinNumber = Math.floor(( LOW_FREQ_CUTOFF_HZ / nyquist) * noiseSpectrumAvgPower.length);

463 const highFreqBinNumber = Math.floor(( HIGH_FREQ_CUTOFF_HZ / nyquist) * noiseSpectrumAvgPower.length);

464

465 let lowEnergy = 0;

466 let highEnergy = 0;

467 let totalEnergy = 0;

468

469 // determine the total energy across all bins

470 for (let i = 0; i < noiseSpectrumAvgPower.length; i++) {

471 totalEnergy += noiseSpectrumAvgPower[i];

472

473 // determine the total energy below the low frequency cut off

474 if (i < lowFreqBinNumber) {

475 lowEnergy += noiseSpectrumAvgPower[i];

476 }

477 // determine the total energy above the high frequency cut off

478 if (i > highFreqBinNumber) {

479 highEnergy += noiseSpectrumAvgPower[i];

480 }

481 }

482

483 // determine the ratio of low and high energy as proportion of the total energy

484 const lowFrequencyRatio = lowEnergy / (totalEnergy + 1e-12);

485 const highFrequencyRatio = highEnergy / (totalEnergy + 1e-12);

486

487 // return true if the noise is dominated by non respiratory relevant frequencies

488 const nonRespiratoryNoiseFrequencyDominanceCheck = lowFrequencyRatio > LOW_FREQ_RATIO_THRESHOLD ||

highFrequencyRatio > HIGH_FREQ_RATIO_THRESHOLD;

489

490 // return the noise profile for downstream services in order to filter microphone signal

491 if (nonRespiratoryNoiseFrequencyDominanceCheck) {

492 logger.info(’PASS - NOISE PROFILE CREATED ’, {

493 metricDetails: {

494 signalNoiseLevel: medianNoiseDbLevel ,

495 CLEAN_SIGNAL_DB_MAX: CLEAN_DB_THRESHOLD ,

496 signalLowFreqRatio: lowFrequencyRatio ,

497 LOW_FREQ_RATIO_MAX: LOW_FREQ_RATIO_THRESHOLD ,

498 signalHighFreqRatio: highFrequencyRatio ,

499 HIGH_FREQ_RATIO_MAX: HIGH_FREQ_RATIO_THRESHOLD ,

500 peak: instantPeakDb ,

501 },

502 plots: { noiseProfile: noiseSpectrumAvgPower },

503 testId ,

504 });

505 return {

506 outcome: ’passFiltered ’,

507 noiseProfile: {

508 noiseSpectrumAvgPower ,

509 fftSize ,

510 medianNoiseDbLevel ,

511 instabilityDb: noiseInstability ,

512 },

513 };

514 } else {

515 logger.info(’FAIL - NOISE IN RESPIRATORY BAND ’, {

516 allMetrics: {

517 medianNoiseDbLevel ,

518 CLEAN_SIGNAL_DB_MAX: CLEAN_DB_THRESHOLD ,

519 noiseInstability ,

520 RMS_INSTABILITY_DB_MAX: RMS_DB_VAR_MAX ,

521 lowFrequencyRatio ,

522 LOW_FREQ_RATIO_MAX: LOW_FREQ_RATIO_THRESHOLD ,

523 highFrequencyRatio ,

524 HIGH_FREQ_RATIO_MAX: HIGH_FREQ_RATIO_THRESHOLD ,

525 peak: instantPeakDb ,

526 },

527 plots: { noiseProfile: noiseSpectrumAvgPower },

528 testId ,

529 });

530 return {

531 outcome: ’fail ’,

532 reason: ’noise in respiratory band ’,

533 };

534 }

535 };

Figure 39: Environment Testing
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537 import { useRef , useCallback } from ’react ’;

538 import { cleanUp , initialiseAudio } from ’../utils ’;

539 import type { AudioRoutingGraphNodes } from ’@/app/providers ’;

540 import logger from ’@/logging/clientLogger ’;

541

542 export const useMicrophone = (selectedDevice: string , amplitudeGain: number) => {

543 const audioRoutingGraphNodesRef = useRef <AudioRoutingGraphNodes | undefined >( undefined);

544 const gainNodeRef = useRef <GainNode >( undefined);

545 const streamRef = useRef <MediaStream >( undefined);

546 const rawAudioAnalyserRef = useRef <AnalyserNode >( undefined);

547 const filteredAudioAnalyserRef = useRef <AnalyserNode >( undefined);

548 const recordedAudioAnalyserRef = useRef <AnalyserNode >( undefined);

549 const rawAudioDataArrayRef = useRef <Float32Array <ArrayBuffer >>(undefined);

550 const filteredAudioDataArrayRef = useRef <Float32Array <ArrayBuffer >>(undefined);

551 const recordedAudioDataArrayRef = useRef <Float32Array <ArrayBuffer >>(undefined);

552 const audioContextRef = useRef <AudioContext >( undefined);

553 const wienerFilterNodeRef = useRef <AudioWorkletNode >( undefined);

554

555 const startMic = useCallback(async () => {

556 try {

557 if (! selectedDevice) throw new Error(’No device selected ’);

558 const audioRoutingGraphNodes = await initialiseAudio(selectedDevice);

559 if (! audioRoutingGraphNodes) throw new Error(’Failed to initialise audio ’);

560

561 if (audioRoutingGraphNodes.audioContext.state === ’suspended ’) {

562 await audioRoutingGraphNodes.audioContext.resume ();

563 }

564

565 audioRoutingGraphNodesRef.current = audioRoutingGraphNodes;

566 gainNodeRef.current = audioRoutingGraphNodes.gainNode;

567 audioContextRef.current = audioRoutingGraphNodes.audioContext;

568 wienerFilterNodeRef.current = audioRoutingGraphNodes.wienerFilterNode;

569

570 const currentGraph = audioRoutingGraphNodesRef.current !;

571

572 currentGraph.dcOffsetFilter.frequency.value = 5;

573 currentGraph.dcOffsetFilter.Q.value = 0.707;

574

575 currentGraph.highPassFilter.frequency.value = 120;

576 currentGraph.highPassFilter.Q.value = 0.707;

577

578 currentGraph.lowPassFilter.frequency.value = 3500;

579 currentGraph.lowPassFilter.Q.value = 0.707;

580

581 currentGraph.source.connect(currentGraph.rawAudioMonoMix);

582 currentGraph.rawAudioMonoMix.connect(currentGraph.rawAudioAnalyser);

583 currentGraph.rawAudioMonoMix.connect(currentGraph.rawAudioDestination);

584

585 currentGraph.source.connect(currentGraph.gainNode);

586 currentGraph.gainNode.connect(currentGraph.dcOffsetFilter);

587 currentGraph.dcOffsetFilter.connect(currentGraph.highPassFilter);

588 currentGraph.highPassFilter.connect(currentGraph.lowPassFilter);

589 currentGraph.lowPassFilter.connect(currentGraph.filteredAudioMonoMix);

590 currentGraph.filteredAudioMonoMix.connect(currentGraph.filteredAudioAnalyser);

591 currentGraph.filteredAudioMonoMix.connect(currentGraph.filteredAudioDestination);

592

593 currentGraph.lowPassFilter.connect(currentGraph.wienerFilterNode);

594 currentGraph.wienerFilterNode.connect(currentGraph.recordedAudioMonoMix);

595 currentGraph.recordedAudioMonoMix.connect(currentGraph.recordedAudioAnalyser);

596 currentGraph.recordedAudioMonoMix.connect(currentGraph.recordedAudioDestination);

597

598 streamRef.current = currentGraph.recordedAudioDestination.stream;

599 rawAudioAnalyserRef.current = currentGraph.rawAudioAnalyser;

600 filteredAudioAnalyserRef.current = currentGraph.filteredAudioAnalyser;

601 recordedAudioAnalyserRef.current = currentGraph.recordedAudioAnalyser;

602 rawAudioDataArrayRef.current = new Float32Array(rawAudioAnalyserRef.current.fftSize);

603 filteredAudioDataArrayRef.current = new Float32Array(filteredAudioAnalyserRef.current.fftSize);

604 recordedAudioDataArrayRef.current = new Float32Array(recordedAudioAnalyserRef.current.fftSize);

605 } catch (err) {

606 logger.error(err instanceof Error ? err.message : String(err), {

607 name: err instanceof Error ? err.name : String(err),

608 });

609 }

610 }, [selectedDevice ]);

611

612 const stopMic = useCallback (() => {

613 if (audioRoutingGraphNodesRef.current) {

614 cleanUp(audioRoutingGraphNodesRef.current);

615 audioRoutingGraphNodesRef.current = undefined;

616 gainNodeRef.current = undefined;

617 audioContextRef.current = undefined;

618 streamRef.current = undefined;

619 wienerFilterNodeRef.current = undefined;

620 rawAudioAnalyserRef.current = undefined;

621 filteredAudioAnalyserRef.current = undefined;

622 recordedAudioAnalyserRef.current = undefined;

623 rawAudioDataArrayRef.current = undefined;

624 filteredAudioDataArrayRef.current = undefined;

625 recordedAudioDataArrayRef.current = undefined;

626 }

627 }, []);

628

629 const updateGain = useCallback (() => {

630 if (gainNodeRef.current) {

631 gainNodeRef.current.gain.value = amplitudeGain;

632 }

633 }, []);

634

635 return {

636 startMic ,

637 stopMic ,

638 updateGain ,

639 wienerFilterNodeRef ,

640 audioRoutingGraphNodesRef ,

641 streamRef ,

642 rawAudioAnalyserRef ,

643 filteredAudioAnalyserRef ,

644 recordedAudioAnalyserRef ,

645 rawAudioDataArrayRef ,

646 filteredAudioDataArrayRef ,

647 recordedAudioDataArrayRef ,

648 audioContextRef ,

649 };

650 };

Figure 40: useMicrophone Hook
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652 import { useAudioState } from ’@/app/providers ’;

653 import MicControls from ’./MicControls ’;

654 import MicReadyToTest from ’./MicReadyToTest ’;

655 import MicTestPrompt from ’./MicTestPrompt ’;

656 import MicTestingPanel from ’./MicTestingPanel ’;

657 import MicTestResult from ’./MicTestResult ’;

658 import MicReadyIndicator from ’./MicReadyIndicator ’;

659

660 const MicSetupPanel = () => {

661 const { micSetupState } = useAudioState ();

662

663 switch (micSetupState.lifecycle) {

664 case ’idle ’:

665 return <MicControls />;

666 case ’micEnabled ’:

667 switch (micSetupState.testPhase) {

668 case ’none ’:

669 return <MicControls />;

670 }

671 return <MicReadyToTest />;

672 case ’testPrompt ’:

673 return <MicTestPrompt />;

674 case ’testing ’:

675 return <MicTestingPanel />;

676 case ’error ’:

677 return <MicTestResult />;

678 case ’ready ’:

679 switch (micSetupState.testPhase) {

680 case ’passedEnvironment ’:

681 return <MicTestResult />;

682 case ’passedSNR ’:

683 return <MicReadyIndicator />;

684 case ’passed ’:

685 return <MicControls />;

686 }

687 }

688 };

689

690 export default MicSetupPanel;

Figure 41: MicSetupPanel
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cisions in design-based research: From theory to design,” Science Education, vol. 109, no. 2, pp.
523–536, Oct. 2024.

[62] J. R. Venable, J. Pries-Heje, and R. L. Baskerville, “Choosing a design science research
methodology,” in ACIS, 2017. [Online]. Available: https://api.semanticscholar.org/CorpusID:
115194465

[63] K. Peffers, T. Tuunanen, M. A. Rothenberger, and S. Chatterjee, “A design science research method-
ology for information systems research,” Journal of Management Information Systems, vol. 24,
no. 3, pp. 45–77, Dec. 2007.

[64] R. Bevans, “A Guide to Experimental Design - 5 Steps and Examples,” Dec. 2022,
accessed on 25-01-2026. [Online]. Available: https://www.scribbr.co.uk/research-methods/
guide-to-experimental-design/

[65] S. Komai, H. Nakanishi, and H. Saidi, “Guidelines for selecting agile development method in system
requirements definition,” in 2017 7th IEEE International Conference on Control System, Computing
and Engineering (ICCSCE). IEEE, Nov. 2017, pp. 49–53.

[66] P. Beynon-Davies, C. Carne, H. Mackay, and D. Tudhope, “Rapid application development (rad):
an empirical review,” European Journal of Information Systems, vol. 8, no. 3, pp. 211–223, Sep.
1999.

[67] A. Butterfield, A Dictionary of Computer Science, 7th ed., ser. Oxford Quick Reference Ser., G. E.
Ngondi and A. Kerr, Eds. Oxford: Oxford University Press, Incorporated, 2016, description based
on publisher supplied metadata and other sources.

[68] MDN, “MediaTrackConstraints: channelCount property,” Website, May 2024, accessd
on 05-04-2026. [Online]. Available: https://developer.mozilla.org/en-US/docs/Web/API/
MediaTrackConstraints/channelCount

55

https://api.semanticscholar.org/CorpusID:115194465
https://api.semanticscholar.org/CorpusID:115194465
https://www.scribbr.co.uk/research-methods/guide-to-experimental-design/
https://www.scribbr.co.uk/research-methods/guide-to-experimental-design/
https://developer.mozilla.org/en-US/docs/Web/API/MediaTrackConstraints/channelCount
https://developer.mozilla.org/en-US/docs/Web/API/MediaTrackConstraints/channelCount

	Abstract
	Introduction
	Aims and Objectives
	Aim
	Objectives

	Report

	Literature Review
	Respiratory Diseases and their Audio Biomarkers
	Asthma and Chronic Obstructive Pulmonary Disease (COPD)
	Asthma and COPD Audio Biomarkers

	Remote Audio Capture for use in Clinical Settings
	Shift Towards Digital and Remote Monitoring
	Currently Available Systems
	Issues Associated with Capturing User-Controlled Audio Recordings
	The Web Audio API
	Noise Reduction Techniques

	MERN Stack
	Why Web Audio API with DSP?

	Methodology
	Introduction
	Research Methodology
	Analysis and Design Activities
	Evaluation Criteria
	Materials and Tools
	Procedures
	Requirements and Design Documentation

	Design and Implementation
	Design Overview
	System Architecture
	Project Structure and Organisation Design
	User Interface and Experience Design
	Audio Processing Pipeline Design
	Data Schema and Storage Design
	Security and Authentication Design

	Implementation
	Audio Provider and React Context API
	Environment Test

	Results and Discussion
	The Product
	Audio Consistency
	Environment Test
	Static noise above maximum threshold - Fail
	Static noise below the clean threshold - Pass
	Static noise above the clean threshold and below the maximum threshold - Pass with filter applied
	Variable noise above the clean threshold and below the maximum threshold - Fail
	Variable noise below the clean threshold - Pass
	Noise band-limited to the respiratory frequency band - Fail

	Wiener Filter

	Conclusions and Recommendations
	Flow Diagrams
	Patient User Stories
	Code Snippets

