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Abstract

The ability to discern multiple sound sources in complex environments is an innate auditory skill that varies
across individuals due to diverse personal and contextual factors. Conditions such as aging, disabilities, or
neurodevelopmental disorders — now more widely recognized — highlight the need for inclusive approaches.
Hearing impairment is commonly understood as deafness or hearing loss, but numerous conditions affect not
the quantity (how much one hears) but the quality of auditory perception (how one hears). This calls for
interdisciplinary research on how technological and Al tools can support diverse users, promoting inclusion
and improving quality of life, particularly for those with vulnerabilities. Therefore, in this paper, we introduce
and discuss the adoption of AURALYS, smart glasses expressively designed to improve audio capabilities in
educational and working scenarios. In particular, this device is intended to enhance audio selection and perception
in dynamic contexts, in which multiple competing voices and background noises are present. We also introduce
the VERSE framework to create and collect synthetic audio data to train machine learning systems for audio

selection and perception implemented on the smart glasses.
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1. Introduction

The ability to perceive and distinguish multiple sound
sources in complex acoustic environments — recognized
as an innate auditory skill, akin to other cognitive pro-
cesses — manifests differently among individuals depend-
ing on various endogenous and exogenous factors, lead-
ing to diverse profiles of competence and functioning.
Some of these conditions are universal, such as aging,
while others stem from specific individual circumstances,
such as sensory disabilities or neurodevelopmental disor-
ders. These conditions are increasingly present in educa-
tional and work settings, due both to greater recognition
and the spread of an inclusive culture.

It is therefore essential to foster interdisciplinary reflec-
tion closely tied to the purposes of using technological
devices and to the characteristics of individuals and con-
texts. This should be done through a multidisciplinary

Figure 1: The prototype of AURALYS
glasses placed on a 3D printed
head.

approach, starting from a pedagogical perspective that values the emancipatory potential of technology
and Al in enhancing quality of life for all, with those who experience vulnerability.
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For example, in schools, students spend many hours in noisy environments that can create chal-
lenging acoustic conditions, with background noise and overlapping voices interfering with lesson
comprehension and the ability to distinguish individual speakers [1] (e.g., crowded classrooms, gyms,
hallways, cafeterias). Similar conditions can be found in workplace settings, such as offices. Industrial
environments — such as factories and production plants — pose additional challenges, where the use of
loud machinery requires appropriate hearing protection. However, such protective equipment may also
reduce auditory sensitivity or impair the ability to discriminate sounds and identify their sources.

Considering these elements, we introduce and discuss a technological solution called AURALYS, i.e.,
smart glasses provided with embedded audio capturing and analysis capabilities (see Fig. 1). From
a hardware point of view, the proposed system is mainly made up of six microphones, placed on a
frame that, in future developments, could also integrate cameras and other sensors. The number and
positioning of microphones is itself an object of study and research to maximize the ability to localize
audio sources and, at the same time, limit the computational capabilities required for the corresponding
processing. AURALYS also integrates several software components capable of processing the signals
coming from the microphones in real time. Most of them are realized through innovative machine
learning techniques, which exhibit excellent performance but, at the same time, require large amounts
of data to obtain valid training. With current technologies, the ability of the system to generalize to any
condition and situation is incompatible with a low-latency embedded system suitable for integration
in AURALYS. Therefore, it is necessary to create specific datasets that contain only the degrees of
freedom strictly necessary for the application in question. For this purpose, the VERSE framework was
introduced, a complete framework able to generate suitable datasets of synthetic but realistic recordings
of human voices together with all the annotations required to train machine learning algorithms. The
specific dataset can be configured to include, for example, specific languages, types of voice, mutual
positioning, and motion between audio sources and the listener.

2. Related Work

2.1. Inclusive Perspectives of Audio Capability

Recent studies have investigated the impact of hearing loss on other functions essential for living a quality
life, confirming that it can significantly impair learning processes, affecting language development [2]
and broader language skills [3]. These impacts potentially affect a wide range of individuals across the
lifespan and in various settings, from schools to workplaces and elderly care environments.

Hearing impairment is commonly understood as deafness or hearing loss, but numerous conditions
affect not the quantity (how much one hears) but the quality of auditory perception (how one hears).
As noted by Bérard [4], these include auditory slowness, painful hearing, lack of auditory selectivity,
auditory dis-laterality, auditory distortions, residual hearing effects, and tinnitus. All of these anomalies
can significantly impact attention and learning. During developmental age, beyond more evident
conditions such as deafness or hearing loss, the ability to focus selectively can also be compromised in
cases of neurodevelopmental disorders, such as Attention Deficit Hyperactivity Disorder (ADHD) and
Specific Learning Disabilities (SLDs) — including dyslexia, dysgraphia, and dyscalculia — and Autism
Spectrum Disorder. Research has highlighted the key role of Executive Functions [5] and the difficulties
associated with deficits in attentional and perceptual abilities [6].

Although auditory processes have been studied less frequently than visual ones, impairments in
auditory attention have been shown to be significant in students with ADHD, SLDs, and Disruptive
Behavior Disorders. Low scores in auditory attention are associated with reduced selective and sustained
attention [7], leading to notable consequences for both learning quality and active participation.

2.2. Selective Hearing

Selective Hearing [8] becomes less effective with increasing complexity of the environment, which
means a larger number of competing sound sources and a higher background noise level. A key aspect



of this perceptual process involves localizing where sounds are coming from, which the human brain
achieves by using a combination of spatial, spectral, and temporal cues. Among the most critical spatial
cues are Interaural Time Differences (ITD) and Interaural Level Differences (ILD). ITD refers to the tiny
differences in the time it takes for a sound to reach each ear; for example, if a sound source is located
to the left of a listener, it will reach the left ear slightly earlier than the right. This time difference,
often in the range of microseconds, is processed by the auditory system to infer the direction of the
sound in the horizontal plane. ILD, on the other hand, refers to differences in sound pressure level
(or loudness) between the ears, which occur because the head acts as a physical barrier, casting an
acoustic shadow that attenuates sounds arriving at the far ear. These interaural cues are most effective
for high-frequency sounds (ILD) and low-frequency sounds (ITD), respectively, and are combined by
the brain to localize sound sources with remarkable precision.

In near-field scenarios, where sound sources are located close to the listener, the auditory system
can also exploit additional spatial cues, such as variations in the shape and timing of reverberations
and subtle changes in binaural cues due to head movement. Moreover, proximity of the source often
increases the signal-to-noise ratio and preserves finer acoustic details, making it easier to distinguish
between individual voices. In contrast, far-field conditions introduce challenges such as increased
reverberation, reduced spatial separation, and signal degradation due to distance, all of which blur
spatial and spectral distinctions between sources. Auditory spectral differences become predominant
for subjects with hearing aid devices. Differences in spectrum perception between the two ears will
affect the acoustic signal arriving at the two eardrums.

2.3. Technical Background for Selective Hearing

Humans are able to localize audio sources as a combination of multiple senses. Audio cues are the
fundamental part of this process, even if it is proven that the interaction with visual information
enhance the capability to distinguish sounds sources [9]. For this reason, the usage of multi-microphone
techniques have raised the interest of researchers, exploring techniques like beamforming to improve
source localization in combination with head orientation and gaze [10]. Arrays of microphones have
been used to collect data for hearing aid applications, opening new scenarios [11].

In recent years, deep learning-based models have significantly advanced the state-of-the-art in both
sound source separation and localization. This is also the case for more complex scenarios involving
hearing aid implants [12]. However, the fields face persistent challenges that hinder systematic progress
and fair benchmarking, primarily related to open-source dataset availability and reproducibility of
results. Despite the availability of reference benchmarks like CHiME [13] and DCASE [14], it is
still difficult to obtain the same results starting from a single product scenario, facing differences on
microphones, geometry, and calibration. Reference dataset do not fully capture the complexities of real-
world acoustic environments, such as custom reverberation, dynamic source movement, background
noise, and overlapping speech from multiple direction; all applied to a real, specific receiver (human,
binaural or multi-microphone array) that is different from the one used the reference dataset.

To mitigate the effort required for acquiring huge set of real recording, despite the complexity
of measurements and data processing, the usage of synthetic data in combination with direct audio
recordings presents advantages in scalability and reproducibility, allowing for solving some challenges
presented by "fixed recording audio datasets". Datasets with accurate spatial annotations of all the
components of the audio chain (e.g., microphone array geometries, source coordinates in space, sound
levels with calibration) became available only in recent times, limiting the capability to train or evaluate
models that rely on spatial cues for localization.

However, even when datasets are available, there is a lack of consistency in evaluation protocols,
metrics, and data splits. This leads to a reproducibility gap in which results reported in the studies
cannot be directly compared. Furthermore, some datasets used in high-profile publications are not
made publicly available due to licensing restrictions or privacy concerns, making it challenging for
researchers to validate or extend previous work. Finally, when considering the usage of synthetic data,
it is important to address the reverberation of the environment to properly simulate the audio signal as



close as possible to the real-life scenario. The shape and size of the environment surrounding sound
sources influence early reverberations, which are predominant in the source localization process [15].

2.4. Synthetic Audio Data Generation

The AURALYS glasses and the developed software rely on the assumption that synthetic datasets can
be created and correctly used to train deep learning algorithms. In particular, one of the most important
is the generation of realistic asset items to combine in the rendering framework, and the study of the
intrinsic characteristics of the listener is one of them.

The scientific study of binaural hearing has its roots in psychoacoustics and auditory physiology,
dating back to the early 20th century [16]. By the mid-20th century, advances in signal processing and
acoustics enabled more rigorous measurement of Head-Related Transfer Functions (HRTFs), a critical
component in binaural modeling. Indeed, HRTFs characterize how the listener’s head, torso, and pinnae
filter incoming sound before reaching the eardrums, and provide direction-dependent spectral and
temporal cues essential for precise localization [17]. With improvements in audio recording equipment
and microphones, and thanks to digital signal processing applied to audio signals, it has been possible to
define multiple techniques to measure the HRTF function of a given subject [18]. Different techniques
have different performance regarding signal-to-noise ratio (SNR) and spatial accuracy [19], but the
Exponential Sine Sweep stands out as one of the most used techniques up to modern times [20].

Physical dependencies of the HRTF from human body characteristics have been studied with mea-
surements for ear pinna, torso, and head, forming databases of morphological measurements. Yet
the collection of these measurements requires careful setup and calibration to properly retrieve the
transfer function. Measuring HRTFs is still a time consuming and complex procedure, often requiring
anechoic chambers. New techniques have been proposed to simplify constraints on the recording
environment [21].

HRTF measurements are even more important when we focus on human voice and speech intelligi-
bility. Using non individualized HRTFs will introduce a significant difference between the reference
data and the real life scenario. This is critical for synthetic datasets, which are widely used for datasets
related to neural network development [22].

3. AURALYS: smart glasses with AUdio captuRing and anALYSis
capabilities

AURALYS ! represents a cutting-edge research
project that aims to design a tool to enhance
human auditory perception in dynamic, real-
world environments. The idea behind the adop-
tion of glasses to improve audio capabilities
derives from he necessity to include an array of
microphones, in which each devices is slightly
distanced from the others. In our opinion, the

temples of glasses represent a good solution to LI A Middte-Right N
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ical space available on a rigid surface, and the

proximity to the ears. In addition, the use of Figure 2: The 3D rendering of the AURALYS glasses;
glasses is largely accepted in society, especially highlighted in red, the position of the mi-
in contexts related to school and work. We also crophones.

note that, as future work, there is the possibil-

ity of easily expanding the functionalities of glasses through the use of vision systems in terms of, for
instance, two cameras placed on the lenses.
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AURALYS integrate a custom-designed microphone array mounted on 3D-printed frames (see Fig. 2),
precisely positioned to capture spatial audio cues around the wearer. Unlike standard binaural recording
setups, the glasses leverage six analog microphones - strategically placed to maximize directional
sensitivity — enabling advanced real-time audio processing, including source localization, selective
hearing, and speech enhancement. The six microphones are not only spatially distributed along
the transverse (horizontal) plane, but also have a difference in positioning on the craniocaudal axis
(distance from the ground), thus enabling a more correct localization of the audio sources in the entire
three-dimensional space.

Thanks to the use of analog microphones and high-fidelity acquisition systems, the glasses achieve
tight synchronization between input channels, which is essential for computing accurate HRTFs
(see Sect. 2.4). These functions capture how sound interacts with the unique geometry of the user’s
head and ears, ensuring highly individualized and realistic spatial audio rendering. This makes the
AURALYS glasses particularly effective in acoustically challenging scenarios, such as environments
with reverberation, overlapping voices, or moving sound sources.

By combining hardware precision with the VERSE software framework — which simulates and
processes dynamic scenes with high realism — AURALYS is not only a platform for research but also a
promising assistive device. Indeed, as mentioned, they open up new possibilities for augmented hearing,
enhanced situational awareness, and robust speech understanding in settings like crowded streets,
classrooms, or public transportation. In this way, AURALYS stands at the intersection of wearable
technology, human-centered design, and advanced acoustic modeling,.

3.1. Hardware Prototype

The 3D printed glasses prototype is the base to place the six microphones in specific positions (see Fig. 2).
Analog mems microphones are used to simplify the synchronization of recorded signals with the source
stimuli. As shown in Figure 1, glasses are placed on a 3D printed head, in order to replicate a realistic
setting during the sound acquisition. Industry does provide standardized mannequins replicating
the human torso and head. Few products are available on the market like the well known Kemar
mannequin®. These apparatuses are a must to have in acoustic and physic research, but there are use
cases where the subject is custom and it is not comparable to the standard specification.

In our work, we use a 3D printed head from the open-source project OpenAural [23], available under
common-creative license®. The OpenAural head has been selected for its license and reproducibility at
low cost, but with modern tools it is possible to perform a 3D scan and print of any subject, robotic
device or human and, in particular, child head. For this project the printed head is combined with a
commercial torso mannequin, similar to the ones used for store display. The receivers are built using an
analog mems microphone model KNOWLES SPM0687LR5H-1. The full schematic is released as part
of the repository, for reproducibility, and provide a small microphone with 48 volts phantom power
capabilities.

The technique used to compute the HRTF function is based on the common sine sweep method,
where the stimuli is produced by a calibrated (equalized) speaker and the receivers and source signal are
recorded with a digital audio card on a computer. AURALYS project uses a FAITAL PRO audio speaker
4FE32 (8 ohms)*. The combination of speaker and audio amplifier has been equalized for a flat audio
response via external equalizer Beheringer UltraCurve DEQ2496°

3.2. Software modules

The software developed for the project and capable of processing the audio streams coming from the six
microphones of the glasses must include the components shown in Figure 3. For each specific application,

*https://www.grasacoustics.com/industries/audiology/kemar
*https://www.thingiverse.com/thing:4691843
*https://faitalpro.com/it/products/LF_Loudspeakers/product_details/index.php?id=401005100
>https://www.behringer.com/product html?modelCode=0821-AAD
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Figure 3: Software modules used for the processing of the audio stream

a dataset will be created as described in Section 4 which is essential for training or configuring the
parameters of each of the modules described here.
In particular, the main software components are the following:

« Human Voice Detection: identifies the presence and the number of speakers. It is useful to
start the following steps only when required (also for energy saving) and to enable appropriate
algorithms depending on the number of audio sources.

+ Source localization: estimates and tracks over time the positions of the speakers in the 3D
space.

« Selection: this module allows a (semi)-automatic selection of which speaker the interest of the
subsequent modules should fall on.

« Isolation: outputs an audio stream where only the voice of the selected speaker is audible.

+ Processing: depending on the application, the final step could be a speech-to-text translation, a
re-equalization, a frequency shift or any useful task.

3.3. Use Cases

The proposed use of AURALYS focuses on two application domains: a general workplace setting and
a specific learning environment. Both contexts offer the possibility to detect sound features and to
develop an appropriate response model, enabling the anticipation of suitable scenarios.

The first context is the general workplace, where an individual operates within a defined environment
with known characteristics. In such settings, relevant auditory stimuli that are difficult to discriminate
may occur sporadically or originate from directions that are challenging to localize.

The second context is educational, where multiple individuals interact simultaneously, and activities
vary in nature. In this scenario, it may be particularly useful to isolate one voice from others, for
example, by filtering based on intensity, timbre, or direction of origin.

In the following, we further discuss some real-world use-cases.

Difficulties. Several everyday environments present continuous and uniform background noise,
intermittently punctuated by other sounds, only some of which are relevant. The relevance of these
sounds may depend on their type (e.g., equipment alarms) or their direction (e.g., voices in crowded
environments, such as communication among workers, or auditory signals perceived by drivers). In
educational settings, such as classrooms, group activities often involve multiple overlapping voices
and background noise, making it difficult for students to understand the teacher, or conversely, to
follow what peers are saying when the teacher is interacting with others. This issue also extends to



informal moments, such as recess or time spent in the schoolyard, where the ability to selectively
focus on a specific auditory stimulus becomes challenging. In university contexts, similar difficulties
can arise during collaborative activities, such as group discussions, or study sessions, where multiple
simultaneous conversations may interfere with effective communication and participation.
Disorders. Here, the use case focus is on the case of ADHD, in which individuals are more prone to
distraction during tasks due to difficulty in inhibiting irrelevant auditory stimuli — such as background
voices or environmental sounds — and in shifting attention efficiently between stimuli. To support
attentional performance in individuals with ADHD, several strategies can be adopted. One approach
involves filtering or reducing the volume of non-relevant sounds or voices, based on characteristics
such as direction, intensity, or timbre. This can help the individual maintain focus on the primary
auditory stimulus, such as the teacher’s voice or the voices of peers seated nearby or directly in front.
Another strategy is to enhance or emphasize target voices within noisy environments — for example,
during group discussions held outdoors — so that relevant speech stands out from background noise.
A further option is to suppress or minimize all environmental sounds to create an artificially quieter
setting. This can support concentration on cognitively demanding tasks, such as reading or studying,
in otherwise noisy environments.

Disabilities. The performance of existing hearing aids can be improved by integrating their current
software with the specific capabilities offered by the proposed software, without requiring the use
of AURALYS glasses. Additionally, an even greater enhancement can be achieved by combining
the software with AURALYS glasses, which provide directional sound capture from the surrounding
environment, thereby further refining the device’s ability to process relevant auditory stimuli.

4. The Verse framework

The “Virtual Environment for Rendering of Speech Emissions” (VERSE) framework® contains a platform
to generate synthetic datasets of voice recordings and real environment characterization measurements.
Among the others, the main goal is to study the advantages of an array of microphones versus binaural
audio signals, in the context of real embedded devices and including machine learning algorithms for
signal processing, with a particular focus on human voices.

VERSE is based on the abstraction of main components for an audio scene: voice sound sources from
speakers, one listener and reverberation generated by the environment itself, meaning the room hosting
speakers and listener. Specific to the definition of a scene is the concept of motion: the scene defines
how sound sources are placed around the listener and how they move in space.

The basic resources defined and used in the VERSE framework are defined as follows.

- \
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Figure 4: The VERSE framework for application-specific dataset generation
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+ Speakers: these are audio recordings in a digital format capturing a single speaker recorded
on a single track (mono) in a non-reverberant room (or as much low reverberation as possible).
The absence of reverberation is important since the scene itself will define the type of room
reverberation that must be applied. Each source can be static (does not move in space during
playback) or dynamic (will move along a specific path in space), defining an audio scene.

« Room: environment defines early and late reflections of sounds arriving from walls and objects.
The sum of all sound reflections to the listener’s head (and microphones) defines the final audio
perceived by the subject. Multiple techniques have been developed to properly measure the
impulse response of a room, using energetic “impulsive” stimulus and sine sweep [24].

« Listener: the current version provides for a single listener. The listening subject is assumed to
be at the centre of the three-dimensional reference system adopted to model the source paths. A
listener can be defined as the coupling between a head and a pair of AURALYS glasses. The most
important item contained in the listener definition is the HRTF of the microphone array (binaural
or multi-microphone or both). The HRTF function is stored using the SOFA format (Spatially
Oriented Format for Acoustics) [25] defined by the Audio Engineering Society (AES) in a specific
standard (AES69-2022: AES standard for file exchange - Spatial acoustic data file format) [26].

- Dataset configuration: the dataset configuration contains all the information for the audio
scene definition, i.e.the mix of speakers, room and listener.

Given a dataset configuration, the VERSE framework allows to render a complete dataset of dynamic
scenes, moving the sources along a pre-defined path, thanks to the convolution engine by 3D Tuneln.

This flexibility of composing virtual audio scenes by swapping the resources into a definition is the
essence of the VERSE dataset and framework: it is possible to generate a wide set of data with precise,
repeatable positioning and with reference files (ground truth), skipping the cost and reducing the time
for laborious recording sessions from real-life audio setup.

VERSE is also modular: the resource definition abstraction is done at a file level using YAML files
to describe each resource with a common syntax and folder structure. This allows to add resources
(sounds, heads or rooms) from other dataset to expand the possibilities for final audio generation.

5. Conclusion

In conclusion, the ability to perceive and selectively attend to relevant sounds in complex acoustic
environments is a critical challenge, especially for individuals facing age-related, sensory, or neurode-
velopmental vulnerabilities. These challenges are increasingly evident in everyday contexts such as
schools and workplaces, where noisy conditions can significantly impair communication and learning.
In these scenarios, the proposed AURALYS smart glasses represent a promising technological solution
to address these issues. By enabling real-time directional sound capture and selective auditory filter-
ing, AURALYS has the potential to enhance auditory perception and attention in noisy settings. The
complementary VERSE framework supports this effort by providing targeted datasets optimized for
the device’s embedded processing constraints, facilitating efficient and context-specific sound source
localization.

Future work will focus on refining hardware design, improving model generalization, and conducting
extensive user-centered evaluations to fully realize the system’s potential in promoting inclusive,
accessible environments that support diverse auditory needs. This interdisciplinary approach, grounded
in pedagogical principles and technological innovation, aims to improve quality of life for all individuals,
particularly those who experience auditory vulnerabilities.
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