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Abstract
A growing cohort of multimedia consumers requires
advanced accessibility solutions due to diverse sen-
sory and cognitive needs such as age-related hearing
loss, noise-induced hearing impairment, or congenital
auditory conditions. Ensuring that emerging media
technologies such as virtual and augmented reality
(VR/AR) remain inclusive has become a critical re-
quirement for broad-scale technological adoption.
Concurrently, the development of immersive Six
Degrees-of-Freedom (6DoF) audio technologies repre-
sents a shift in media consumption. Unlike traditional
static media playback, 6DoF audio gives listeners the
freedom to navigate within a virtual acoustic scene.
However, this interactivity introduces substantial chal-
lenges for the traditional authoring of accessible au-
dio experiences during content production. The low-
latency requirements of real-time 6DoF audio systems
preclude complex post-processing approaches, e.g.,
speech enhancement in reverberant scenes containing
multiple sound sources.
To enable accessible immersive audio while satisfying
latency constraints, the recently finalized MPEG-I
Immersive Audio standard (ISO/IEC 23090-4) inte-
grates several accessibility tools directly within its
6DoF audio renderer. This contribution examines
these integrated accessibility features within MPEG-I
and demonstrates how 6DoF audio rendering can be
individualized to foster more equitable experiences for
individuals with diverse sensory and cognitive needs.
Results from a listening test demonstrate the effec-
tiveness of the proposed solution.
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1. Introduction
MPEG-I Immersive Audio [1] is the new ISO/IEC
standard for Six Degrees-of-Freedom (6DoF) immer-
sive media applications, including virtual and aug-
mented reality (VR/AR). It provides an advanced
metadata framework and rendering architecture tai-
lored towards 6DoF user requirements [2], enabling
real-time interactive rendering of key acoustic effects,
including distance-dependent attenuation and prop-
agation delay, early reflections, late reverberation,
occlusion, diffraction, and Doppler shifts, all based on
an authored scene description and the spatial configu-
ration (e.g., position and orientation) of sources and
listener.
MPEG-I evolved from MPEG-H 3D Audio [3] to sup-
port six degrees of freedom (6DoF) interactivity, en-
abling listeners to freely move and orient within a
three-dimensional sound field while the perceived au-
dio scene dynamically adapts to their position and
orientation [4], [5]. To compress the audio elements
(objects, channels, HOA), MPEG-I uses the MPEG-H
core codec [6], and can also accept PCM inputs from
alternative codecs, e.g., to support future immersive
communication and Social VR applications via low-
latency speech codecs such as EVS [7] or IVAS [8], as
demonstrated in [9].
As MPEG-I aims to deliver immersive experiences
and enable Social VR interactions [10], it is vital to
standardize technology that is designed to accommo-
date users across a wide range of hearing abilities and
auditory sensitivities.
Hearing loss (HL) arises from aging, disease, ototoxic
medication, genetics, and trauma, while sensory over-
load and auditory hypersensitivity (e.g., intolerance
to loud or complex sounds) are common in neurodiver-
gent conditions like autism. As populations age, more
consumers experience some degree of HL, supporting
the claim by Drever and Hugill [11] that fewer than
17% of Europeans meet ISO’s definition of “normal”
hearing [12].
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1.1. Related Work
In recent years, the video game and AR/VR com-
munity have made significant strides toward formal-
izing audio accessibility [13], [14], [15], [16] and cur-
rent industry standards, such as the Xbox Accessi-
bility Guidelines 1, the W3 XR Accessibility User
Requirements2 or the IGDA Game Accessibility guide-
lines3 address audio accessibility to varying degrees.
For instance, it is recommended to allow separate
level control of music, sound effects, voice-over, and
background ambiance, so that players can mitigate
cognitive overload and ensure that critical speech or
screen-reader outputs remain intelligible. It is also rec-
ommended that a (non-directional) diotic headphone
mix is provided to ensure that users with unilateral
or strong asymmetric HL do not miss vital auditory
information.
In contrast, spatial audio has also emerged as an ac-
cessibility feature. For instance, the authors of [17]
indicated that binaural spatial audio can reduce audi-
tory hypersensitivity in autistic young people. Spatial
audio is also known to improve identification and
localization of specific sounds in complex, crowded
environments which is beneficial in many video games
and AR/VR experiences. This benefit generally dete-
riorates with increasing HL which has been studied
using hearing loss simulators [18], [19], [20].
However, while accessibility approaches for users with
low vision have been well categorized and formally
evaluated by the research community (e.g., [21]), tools
that address audio accessibility have received consid-
erably less research attention so far.

2. Accessibility in MPEG-I Audio
2.1. Accessibility Concept
In a 6DoF rendering environment where the listener
can freely move within the scene, existing personaliza-
tion strategies that presume a static listening scenario,
e.g., MPEG-H’s user-controllable audio group settings
to increase dialog loudness [22] may not be sufficient.
Novel methods, as described in the following section,
account for the listener’s movements and thus com-
plement existing concepts. With MPEG-I Immersive
Audio being an audio standard, we focus on accessi-
bility strategies within the audio domain.
In MPEG-I, the 6DoF renderer composes the acoustic
scene from multiple individual audio elements plus
metadata placed within a simulated virtual space.
This enables direct control over the scene composition.
We leverage the ability to access authored metadata
to directly modify the immersive real-time rendering.
This avoids additional computational complexity and
the risk of introducing potential artifacts (see e.g.,
[23], [24]) by post-processing enhancement methods
such as source separation [25] or dereverberation.

1https://learn.microsoft.com/en-
us/xbox/accessibility/xbox-accessibility-guidelines/105

2https://www.w3.org/TR/xaur
3https://igda-gasig.org/get-involved/sig-

initiatives/resources-for-game-developers/sig-guidelines

2.2. Accessibility Interface
As illustrated in Fig. 1, the modification of parameters
that control the rendering is facilitated by a decoder-
side Accessibility Interface, which maps high-level
user-specific accessibility user parameters to low-level
rendering parameters via a Data Preprocessor. This
preprocessor accounts for the user’s spatial pose and
position within the scene, as well as authoring con-
straints embedded in the bitstream (e.g., indicators
specifying audio elements that are exempt from modi-
fication). The preprocessing operates at the metadata
(control data) level and does not involve real-time
audio rendering. Decoding and rendering are per-
formed by the Decoder and Renderer functional block,
which processes the incoming MPEG-I bitstream and
synthesizes the sound field in accordance with the
metadata and the user’s spatial context. Because
our approach only modifies the low-level rendering
instructions, there is no increase in the system’s low
motion-to-sound latency [5] or a significant increase
in run-time complexity.

Figure 1: Architecture to configure accessible rendering.

2.3. Accessibility Tools
The accessibility tools are organized into categories
as described in the following section. The goal is to
let users effectively adapt the audio rendering to their
individual needs with minimal effort.
Notably, the MPEG-I standard defines the Accessibil-
ity Interface and its input user parameters but does
not prescribe predefined configurations, as accessibil-
ity settings are inherently context and user-dependent.
Hence, this design enables personalized configurations,
e.g., by audiologists or third-party algorithms, which
lie outside the scope of the standard, while preserving
flexibility for future enhancements and optimization
strategies.
2.3.1. Attenuation of Early Reflections and Late Re-

verberation
Early reflections and especially late reverberation sig-
nificantly alter clarity and speech intelligibility [26],
[27]. The accessibility user parameters provide con-
trol to independently attenuate the energy of early
reflections and late reverberation in the audio scene.
2.3.2. Expansion/Compression of Distance-dependent

Attenuation
A primary cue for distance perception is distance-
based sound attenuation that is often simulated in
virtual auditory environments using the 1/r free-field
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approximation: doubling the distance r causes an at-
tenuation of 6 dB SPL. Distant sources sound quieter,
and sources that are in close proximity sound loud.
An accessibility user parameter provides a control of
the tuning parameter α, to artificially expand or com-
press the distance used for the distance-dependent
gain attenuation by replacing the distance r with rα.
The intended effect is that the depth of a sound scene,
comprised of audio objects, can be expanded or com-
pressed by the user at runtime. Fig. 2 plots the
distance-dependent gain attenuation for three config-
urations, including the default setting of the renderer
(red curve). For instance, when α > 1 the depth of the
scene expands and objects that are farther away will
become less audible and vanish (blue curve), making
the sound scene less complex and easier to attend to
nearby sounds while navigating the virtual world.
In contrast, when α < 1 (yellow curve), the depth of
the scene shrinks and objects that are farther away
will become more audible.

0 5 10 15 20 25 30
0

10

20

30

40

50

60

True Distance [m]

M
od

ifi
ed

D
is

ta
nc

e
[m

] α = 1.1
α = 1.0 (default)
α = 0.7

Figure 2: Effect of the parameter α on the distance r
used to render distance-dependent attenuation.

2.3.3. Directional Focus
In complex audio scenes, e.g., many simultaneous
talkers, it can be helpful to reduce the scene complexity
by attenuating sounds that are outside the area of
interest, which is often centered around the user’s
viewing direction. For this use case, the Accessibility
user parameter can configure a directional focus effect
which attenuates sound energy outside of the direction
of interest. As depicted in Fig. 3, the aperture width,
the amount of attenuation outside the direction of
interest, and the transition width between these two
regions are configurable. By default, this directional
filter aligns with the user’s forward direction, but can
be steered in real-time to other directions, e.g., using
a handheld controller or an eye-tracker.
2.3.4. Spectral Compensation
These parameters describe the magnitude spectrum
to equalize the binauralized sound field for the left
and right ear independently. Based on this magnitude
spectrum, minimum-phase filters are designed at the
initialization phase and applied during binauralization
without additional block delay.

Figure 3: Visualization of the directional focus beam
pattern and its configuration parameters.

3. Subjective Evaluation
3.1. Setup
To evaluate the potential of the described features, a
VR listening test was conducted. We extended the Au-
dio Evaluation Platform (AEP) [28] that was designed
for the development process of MPEG-I, including
verification testing [29].
To approximate how the rendered MPEG-I scenes
sound to hearing-impaired listeners, we integrated
the Hearing Loss Simulator (HLS) VST plugin by
Mourgela et al. [20] which approximates the four com-
mon hearing-loss effects:

• High-frequency attenuation
• Spectral smearing
• Temporal disruption
• Rapid loudness growth

For more details of these hearing-loss effects and hear-
ing loss simulators, see e.g., [20], [30]. In the eval-
uation setup the HLS plugin processes the binaural
output of the MPEG-I immersive audio renderer in
real-time (see Fig. 4). This allows participants with
normal hearing abilities to compare and evaluate the
proposed accessibility features using the MPEG-I test-
ing methodology while being exposed to various types
of simulated hearing loss.
3.2. Test Conditions
The listening test consists of four VR test scenes. All
of them are primarily composed of audio objects:

Scene A: Sonically complex scene with ambient battle
noise, tank and helicopter noise and a jet flyover.
A nearby radio emits distorted speech.

Scene B: Highly reverberant scene of a large cathedral
with four singers in front of the altar.

Scene C: Moderately reverberant gymnasium with
three simultaneous talkers (see Fig 5).

Scene D: A large outdoor scene, including a reverber-
ant indoor swimming pool with a conversation
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Accessibility
configuration

MPEG-I Rendering
w/ Accessibility

MPEG-I Rendering
w/o Accessibility

System
Selector

User Inputs
(Location, Pose, Controller)

Hearing Loss Simulator

Binaural Audio
Output

Figure 4: Listening test setup using the Audio Evaluation
Platform (AEP) and the Hearing Loss Simulator (HLS).

between two swimmers. Another swimmer mak-
ing splashing noises.

Figure 5: Scene C: Three simultaneous talkers in a gym.

For each scene, three different simulated hearing loss
conditions are tested, ranging from a) mild HL in both
ears; b) moderate HL in both ears; to c) mild HL in
left ear and moderate HL in right ear (see details in
Tab. 1 and Fig. 6), resulting in a total of 12 test trials.
In each trial, two MPEG-I rendering conditions are
compared: Without Accessibility and With Accessi-
bility. Since our focus is on improving listening effort
and speech intelligibility, all four VR scenes include
voice or speech content, along with environmental
sound effects, and comprise indoor and outdoor en-
vironments with corresponding acoustic rendering of
early reflections and reverberation. As an example,
Fig. 5 shows Scene C with three simultaneous talkers
in a reverberant gym, simulating the challenging Cock-
tail Party situation where a listener has to concentrate
on one particular speaker in a noisy crowd. For each
trial, an accessibility configuration, prepared during a
pilot study, was loaded as shown in Fig. 4, aiming to
balance enhanced clarity with preserving the intended
immersion of the scene.

Table 1: Settings to simulate Mild and Moderate hearing
loss using the HLS VST plugin [20].

Hearing-Loss Effect Mild HL Moderate HL
High-freq. Attenuation mild moderate

Spectral Smearing low low
Rapid Growth on on

Temporal Disruption off on
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Figure 6: High-frequency loss effect as simulated by the
HLS for the Mild HL and Moderate HL setting.

3.3. Subjects and Listening Task
Eight normal-hearing (NH) participants, all with prior
experience in VR listening tests and the AEP, took
part in the evaluation. Using a double-blind A-B test-
ing methodology, participants were asked to “Compare
your Listening Effort and the Speech Intelligibility be-
tween the two systems under test.”. Using a HTC Vive
Pro HMD and Beyerdynamic DT990 Pro headphones,
subjects could freely move within the VR scenes. Us-
ing the hand-held controller, a popup GUI within the
VR scene allowed users to switch between the two
rendering conditions continuously at runtime and to
provide their rating on a 7-point bipolar scale that
ranges from “A is much better” to “B is much better”
(see Fig. 7).

Figure 7: Evaluation GUI displayed within the VR scene.
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3.4. Results
Fig. 8 presents the subjective data of the A-B listening
test with the three previously defined hearing loss
configurations and four VR scenes as boxplots. On
average, the results show a consistent preference for
the accessibility condition across scenes and simulated
HL configurations.

Scenes
Scene A Scene B Scene C Scene D

Much Better 
w/ Accessibility

Same

Slightly Better 
w/ Accessibility

Better 
w/ Accessibility

Slightly Better 
w/o Accessibility

Better 
w/o Accessibility

Much Better 
w/o Accessibility

Simulated 
Hearing Loss

Mild L+R
Moderate L+R
Mild L + 
Moderate R

Figure 8: Listening test results of A-B test for the three
different hearing loss simulations.

Fig. 9 shows the pooled results across all four scenes,
indicating an improvement between “Slightly Better”
and “Better” for each of the simulated HL conditions.
The highest improvement was achieved for the moder-
ate HL condition.

Simulated Hearing Loss

Mild 
L+R L+R

Mild L 
Moderate R

Moderate

Much Better 
w/ Accessibility

Same

Slightly Better 
w/ Accessibility

Better 
w/ Accessibility

Slightly Better 
w/o Accessibility

Better 
w/o Accessibility

Much Better 
w/o Accessibility Overall

Figure 9: Pooled results across scenes for the three
different hearing loss simulations and overall.

Outliers below and above the median values are
present in many conditions. For Scene C and the
Mild HL, scores show the greatest variability, suggest-
ing varying preferences across listeners. This indicates
that (generic), pre-defined accessibility configurations
may have limited benefit. Also, during a post-test
debriefing, some participants reported that the tested
accessibility configurations generally improved their
perception, but the improvements varied in larger
scenes that feature different acoustic environments.
This indicates that in practice, users will benefit from

the ability to quickly bypass or modify the accessibility
user settings.

4. Conclusion and Summary
In this contribution, we reported the motivation, con-
cepts, and implementation of the audio accessibility
options within the MPEG-I immersive audio standard.
Being a fully interactive 6DoF renderer, MPEG-I en-
ables advanced possibilities for powerful accessibility
features to address various forms of Hearing Loss (HL)
compared to existing approaches for 3DoF audio sys-
tems. We discuss the technical means that implement
these features and demonstrate how 6DoF audio ren-
dering can provide customized experiences adapted
to diverse sensory and cognitive needs without any
increase in motion-to-sound latency or significant com-
plexity overhead.
An A-B listening test was conducted in which three
HL configurations were simulated in four different
VR experiences. Overall, on a bipolar 7-point scale,
an improvement between 1 and almost 2 points for
each HL condition was achieved. The listening-test
results, obtained with simulated hearing-loss condi-
tions, indicate that MPEG-I Immersive Audio has the
potential to support listeners with a range of hear-
ing abilities. Especially in social-VR contexts, social
participation and inclusion are key requirements that
MPEG-I Immersive Audio addresses by design.

5. Ethics Statement
All participants provided their informed consent prior
to the listening test and agreed to the reporting of
anonymized data.
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