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The ISO/MPEQG international standard on MPEG-I immersive audio was issued in Novem-
ber 2025 by the MPEG Audio group (ISO/IEC JTC 1/SC 29/WG 6). It provides technology
for a compressed audio representation and real-time interactive rendering within virtual and
augmented reality applications with six degrees of freedom. It enables efficient bitrate manage-
ment, high-quality storage, and transmission of virtual environments, including audio sources
with spatial dimensions and specific radiation traits (such as musical instruments), along with
geometric descriptions of acoustically relevant scene details (e.g., walls, doors, sound re-
flecting, and occluding elements). The audio rendering process incorporates comprehensive
modeling of room acoustics and intricate acoustic phenomena, including occlusion, reflection,
and diffraction caused by sound obstacles, Doppler effect, and dynamic environment changes
triggered by user interactivity. This article presents an overview of background, development,
underlying technology, and selected application aspects of the new standard.

Keywords: interactive sound rendering, six degrees of free- 1 INTRODUCTION

dom, spatial audio, virtual acoustics ) ) )
Virtual reality (VR) and augmented reality (AR) have

seen remarkable growth in recent years, paving the way for

widespread consumer applications including educational

entertainment, cultural performances and exhibitions, vir-

*To whom correspondence should be addressed, email: tual concerts and conferences, live sports, and Social VR in
sascha.disch @iis.fraunhofer.de general. The term “Social VR” denotes applications where
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several people (often represented by their avatars) can
gather in shared virtual scenes, talk to each other and inter-
act with objects in the scene. Also, the necessary hardware
including head-mounted displays (like, e.g., HTC VIVE
[1], Microsoft HoloLens [2], Apple Vision Pro [3], Meta
Quest [4], and PICO [5]) became available to mass market
consumers and was adopted by several communities, for
example, by VR gaming enthusiasts.

For many applications, it will be essential that the VR/AR
content created can be represented in an open and enduring
format, ensuring that the content remains functional and
accessible for decades to come and compatible across dif-
ferent platforms. Consequently, the ISO/MPEG standard-
ization group initiated a new work item several years ago
focused on a high-quality compressed representation and
efficient rendering of VR/AR media [6]. The audio com-
ponent of this MPEG-I standard builds on the latest prede-
cessor technology (i.e., the ISO/IEC MPEG-H 3D Audio
standard [7]) and incorporates a wide range of VR/AR-
specific technological elements, enabling users to navigate
and interact within the virtual environment in six degrees
of freedom (6DoF), which includes free movement in 3D
space (x, y, z) and head orientation (yaw, pitch, roll).

Previous papers provided an early overview of the
ISO/MPEG-I immersive audio concept [8, 9]. A consid-
erable amount of technology has been added to the stan-
dard since then. Now that the standard is finalized, this
article—based on a prior convention publication [10] that
has been substantially extended for journal publication—
presents background, development, underlying technology
and selected application aspects of the new standard.

1.1 MPEG Spatial Audio History

The MPEG work on audio for VR and AR is based
on extensive expertise in compressed representation and
rendering of spatial audio, which is briefly outlined in the
following. In fact, beginning around 1990, the standards
established by the MPEG Audio group have effectively
defined the cutting edge of perceptual audio coding for over
30 years. Gradually, the focus of these technologies has
shifted from basic mono or stereo audio coding to the rep-
resentation and interactive rendering of spatial audio and
VR/AR audio. This progression represents a natural evolu-
tion toward greater immersion and user interactivity [11].

The key spatial audio technologies include the follow-
ing developments: The first widely adopted multichannel
audio codec standardized by MPEG in 1997 was MPEG-2
Advanced Audio Coding (AAC) [12, 13], which delivers
EBU broadcast quality at a bitrate of 320 kbit/s for a 5.1-
channel signal. A major advancement came with the intro-
duction of MPEG-4 High-Efficiency AAC (HE-AAC) [14]
in 2002/2004, which merges AAC technology with band-
width extension and parametric stereo coding, enabling full
audio bandwidth even at lower bitrates. For 5.1 content,
HE-AAC achieves quality comparable to AAC at a reduced
bitrate of 160 kbit/s [15]. Subsequent MPEG standards in-
troduced generalized methods for the parametric coding
of multichannel spatial audio: MPEG-D MPEG Surround
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(2006) [16, 17] and MPEG-D Spatial Audio Object Coding
(2010) [18, 19], which facilitate the efficient transmission
of multichannel audio and object signals, respectively. Both
codecs can operate at lower bitrates (e.g., 48 kbit/s fora 5.1
signal).

Finally, MPEG-D Unified Speech and Audio Coding
(USAC; 2012) [20, 21] integrated enhanced AAC coding
with advanced full-band speech coding into a highly ef-
ficient system, enabling the transmission of good quality
mono signals at bitrates as low as 8 kbit/s. By incorporat-
ing advancements in joint stereo coding, USAC offers im-
proved performance compared to HE-AAC, even for mul-
tichannel audio. The MPEG-H 3D Audio codec [7, 22]
delivers efficient and universal representation and render-
ing of all known production paradigms [channels, objects,
and higher-order ambisonics (HOA)] across various loud-
speaker configurations and binaural outputs. Although its
waveform coding core is based on MPEG-D USAC, the in-
novative unified integration of these production paradigms,
along with versatile rendering capabilities, establishes a
comprehensive spatial audio system.

1.2 Immersive Audio Background

Interactive immersive 3D audio rendering is already be-
ing deployed in several popular interactive applications like
in [23] and [24] and closed ecosystems (e.g., Apple Spatial
Audio Format, Apple Positional Audio Codec, or ECLIPSA
by Google/Samsung), using proprietary technology or au-
dio middlewares like Wwise [25] and FMOD [26]. Wwise
and FMOD, but also Google Resonance Audio [27], Meta
XR Audio SDK [28], and Alliance for Open Media Immer-
sive Audio Model and Format [29] occupy distinct layers
within the immersive audio and media processing stack.
Resonance Audio and Meta XR Audio SDK are spatial-
audio software development kits (SDKs) designed to render
3D audio scenes for VR/AR. Resonance Audio offers cross-
platform engine integrations (Unity/Unreal), while Meta
XR Audio SDK provides optimization for Meta devices
and ecosystems. Rather than being a dedicated spatial audio
renderer, Alliance for Open Media Immersive Audio Model
and Format focuses on broad media processing, codecs, and
encoding/decoding within GPU-accelerated pipelines.

Middlewares like FMOD and Wwise are designed to be
used together with extensive authoring tools that have direct
game engine integration and thus allow for artistic aural-
ization of interactive applications for various playback sce-
narios and end consumer devices. They are versatile sound
composition tools that inevitably require artistic tuning to
achieve the desired output [30, 31]. Often, the desired out-
put is not a realistic simulation of natural acoustics but a
sound composition that is designed to support narration or
game-play and that usually sounds “larger than life.” While
this is a desired feature for some use cases, other applica-
tions might demand a realistic and plausible output without
requiring elaborate expert authoring and dedicated sound
design that is often required for authoring virtual acoustic
scenes with middlewares.
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Based on real-world acoustic parameters that can be con-
trolled to the necessary level of detail, authoring a scene for
the MPEG-I Immersive Audio renderer is simply a matter
of transferring real-world acoustic parameters to the virtual
environment, which in turn creates a plausible auralization
of that environment. To some degree, tuning is possible, but
MPEG-I Immersive Audio does not rely on it to produce
plausible auralizations.

For many applications, it is also important that the
VR/AR content to be created can be represented in an open
and long-term stable format that will reliably play back
for decades to come, just the way MP3 compressed audio
files (or any of its standardized successor formats) can be,
to preserve the investment to be made into the new con-
tent creation chain and to allow for long-term archiving of
content. MPEG-I Immersive Audio is the first standardized
format and renderer that potentially enables interoperabil-
ity of devices of different manufacturers and is independent
of a closed proprietary ecosystem.

2 MPEG-I WORK ITEM

Starting in 2017, initial conversations about creat-
ing a specification for audio in VR/AR applications at
ISO/MPEG Audio were prompted by broader discussions
on MPEG-I that encompassed both visual and audio repre-
sentations, as well as the transmission of VR/AR content
within a single bitstream or file. Requirements and general
architecture of the audio specification were established and
approved [32]. It was determined that the coding of source
waveforms would adhere to the recently finalized MPEG-H
Audio standard. Consequently, the MPEG-I Immersive Au-
dio project concentrated on developing a compressed 6DoF
scene representation and its rendering.

In contrast to the offline audio encoding and rendering
of previous MPEG Audio standards, the development and
evaluation of an audio standard for real-time interactive
VR/AR content is a much more complex project. Such a
project needs many preparation steps to enable the gener-
ation of suitable VR/AR test material and to process it by
the technology under development. Also, content presenta-
tion to subjects and evaluation of the technology’s perfor-
mance, while experiencing full 6DoF interaction, needed
novel tools.

A PC-based real-time audio evaluation platform (AEP)
[33] and a non-normative encoder input format (EIF) [34]
for uncompressed scene representation had to be prepared
to aid the actual development work. EIF and AEP allowed
for the creation of test content that includes both visual
components (Unity) and audio elements (EIF), which are
used to test the technology under development by simulat-
ing specific acoustic phenomena. The MPEG Audio group
compiled a list of essential acoustic attributes related to
anticipated functionalities, along with a collection of test
scenes that address these attributes. A selection of these
scenes were used as a test set for a thorough and critical
evaluation of audio quality [8].

The competitive phase of development required technol-
ogy proposals to be submitted by November 2021 for the
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real-time rendering of a set of pre-agreed test scenes on the
AEP. The top proposals were chosen in January 2022 based
on established testing and evaluation procedures, resulting
in Reference Model 0, setting the technical foundation for
all subsequent developments. Additional technical exten-
sions were suggested, their effectiveness was evaluated us-
ing a method called the “Core Experiment Methodology,”
and they were incorporated into the reference model if they
passed the evaluation successfully [8]. The technical work
on the specification was finalized by issuing the final draft
international standard in early 2025. The international stan-
dard was released in November 2025 [35], with a reference
software implementation also standardized at the same time
[36].

3 MPEG-I PERCEPTUAL QUALITY
ASSESSMENT

The perceived audio rendering quality was extensively
evaluated both during the development and, finally, at a
verification test of the finalized standard [37]. The evalu-
ation posed numerous challenges, for which several sub-
jective evaluation techniques were explored as potential
solutions. Unlike earlier MPEG audio standards, VR/AR
quality assessment requires a new test paradigm that goes
beyond subjective audio quality alone. The method has
to consider three interacting senses—hearing, vision, and
proprioception—and, unlike traditional MPEG Audio lis-
tening tests, there is no clear reference condition (such as
uncompressed audio) for auralized VR/AR content [8].

Subjective evaluation of VR/AR applications often
adapts established methods such as the Multi Stimulus test
with Hidden Reference and Anchor, as defined in ITU-R
BS.1534 [38], which has been used to evaluate 3D au-
dio reproduction [40]. In the search for suitable references
for VR/AR audio, some previous frameworks have incor-
porated task-based behavioral metrics (e.g., wayfinding in
6DoF [41]) and subjective comparisons to real acoustic
scenes, including archetypal AR scenarios where computer-
generated audio must be indistinguishable from physically
present sound sources heard through transparent earphones
[42].

However, evaluation based on external references can be
problematic: reproducing identical acoustic environments
(AEs) across laboratories is logistically challenging, and
even small mismatches can bias ratings and scale usage. As
scene complexity increases, faithful virtual reproduction of
a real reference becomes infeasible. Conversely, subjec-
tive evaluations based on an internal reference have been
reported as effective for 3D audio, where the perceived in-
ternal “ideal” reference can also vary with the application
and is determined by the experience and expectations of the
listener [43]. This reliance on internal references is formal-
ized through the concept of “plausibility,” which evaluates
if a simulation is in agreement with a listener’s prior real-
world experiences and expectations. While “authenticity”
requires a simulation to be perceptually indistinguishable
from a physical sound field, “plausibility” is often a suffi-
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Fig. 1. Top-level MPEG-I Immersive Audio data flow.

cient and more practical quality criterion for the vast ma-
jority of consumer VR/AR applications [44].

For MPEG-I, the motivation for the chosen subjective
assessment was the need to balance scientific rigor with
industry relevance while acknowledging the nonexistence
of a physical reference. Consequently, MPEG-I evaluation
intentionally moved away from traditional Multi Stimulus
test with Hidden Reference and Anchor tests toward a multi-
stimulus evaluation without an external reference according
to ITU-R BS.2132 [39]. This measures both overall qual-
ity and plausibility [8, 45], using expert listeners involved
in development of the standard but also experts stemming
from other immersive audio domains.

Quality evaluation efforts progressed from initial A/B
comparison tests during the call for proposals [8] to a final
verification test utilizing a refined set of anchors [45]. An-
chors are based on simplifications of the rendering pipeline
for degrading spatial audio perception and additional de-
liberate timbre degradations. Extensive investigations were
conducted to find stable anchor conditions; the group eval-
uated renderer modifications such as disabling early reflec-
tions (ERs) or portals but found the resulting degradation
severity to be too scene-dependent.

Further tests compared simplified head-related trans-
fer functions (HRTFs), specifically evaluating interaural
level difference (IALD)-only models against stereo pan-
ning laws; panning was chosen because it provided a more
stable spatial degradation by significantly reducing exter-
nalization. The low anchor was defined as a mono mix-
down with a 3.5-kHz low-pass filter, while the mid anchor
utilized stereo amplitude panning with a 7.5-kHz low-pass
filter. This final large-scale verification test, involving ten
diverse VR scenes across six international laboratories, con-
firmed that the renderer consistently achieved “excellent”
ratings, with a median score of 84 points [45].

4 RENDERER OVERVIEW

This section provides an overview of the key aspects
of the MPEG-I Immersive Audio technology. Fig. 1 illus-
trates the high-level architecture of the normative renderer.
The waveforms associated with a VR/AR scene are ex-
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(b)

Fig. 2. Geometry representation: visual geometry (a) versus acous-
tic geometry (b).

tracted preferably from an MPEG-H 3D Audio bitstream
and converted into pulse code modulation (PCM) input for
the MPEG-I renderer. Additionally, PCM audio can also
be obtained from local audio input or from the output of
alternative codecs; for example, delay-optimized communi-
cation codecs may be leveraged for Social VR applications.
Another input to the renderer is the MPEG-I Audio meta-
data bitstream, carrying a compressed description of the
VR/AR scene. This is further detailed in SEC. 4.2.

4.1 Renderer Technology

The scene description is based on a discretized geometry
representation of rooms and objects alongside their mate-
rial properties and their positions and orientation within
the scene. Fig. 2 shows two examples of visual geometry
and a simplified, acoustically relevant geometry used for
audio rendering. MPEG-I supports both common descrip-
tion paradigms: meshes (a set of connected vertices, edges,
and faces) and voxels (volumetric elements on a regularly
spaced, 3D grid). For more details of audio scene authoring,
also refer to SEC. 7.6.

The renderer also receives real-time updates of the user’s
position and orientation, local scene updates, and, for AR
applications, data of the acoustic and geometric character-
istics of the consumption environment, the listener space
information (LSI). Alignment of the virtual objects to
the physical scene is implemented with AR anchors. The
renderer accepts head-related impulse response (HRIR)
datasets provided in SOFA format, specifically the Simple-
FreeFieldHRIR convention, with HRIRs expected to match
the renderer’s sampling rate and preferably offer fine di-
rectional resolution. The HRIRs are used by the binaural
spatializer as well as by rendering stages such as the multi-
point HOA (MP-HOA), single-point HOA (SP-HOA), and
homogeneous extent stages.

The renderer is further detailed in Fig. 3. The scene state
is a central functional block which holds a description of the
current state of all metadata including audio elements and
geometry with associated materials. The scene controller
handles all internal and external changes to the scene state
data. The stream manager is an interface for the renderer
to access audio streams that are associated with an au-
dio element. A clock component is the time reference for
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Fig. 3. MPEG-I audio renderer overview.

the system. The renderer auralizes the scene controller’s
updated scene state. The scene controller also determines
whether there have been significant changes in the scene
since the last update to the scene state and, if so, which
sources have been updated. This allows for some rendering
stages to determine if they can reuse previously calculated
data, giving a reduction in computational complexity, or if
new data must be generated.

Rendering is performed by sequential processing of au-
dio elements in the renderer pipeline that comprises sev-
eral renderer stages. Acoustic effects are modeled in ded-
icated stages [e.g., distance (simulating attenuation, prop-
agation delay, and Doppler shifts), occlusion, diffraction,
ERs by geometries carrying acoustic material properties,
and room reverberation]. Other stages aim to reduce ren-
dering complexity or aim at calculating supporting data
for other stages. Render items (RIs) propagate through this
pipeline and are processed or modified on their way. RIs
originate from the scene state audio sources (primary RIs)
or are created by the stages when secondary sources are
needed (secondary RIs), like mirror image sources for ERs
or substitute sources for diffraction. Most modifications,
like gain or equalizer (EQ) changes, happen in the paramet-
ric metadata domain and alter metadata rather than directly
processing audio samples. Audio processing is mostly car-
ried out at the end of the pipeline and during spatialization.

Operations that directly depend on a snapshot of the time-
variant scene state happen at a low control-step rate (e.g.,
50 Hz), while operations on the actual audio streams run at
an audio block rate of, for example, 187.5 Hz (48 kHz/256)
using nonoverlapping blocks of typically 256 time-domain
PCM samples and a sample rate of 48 kHz. Sample rates
of f;=32, 44.1, or 48 kHz and customizable block sizes are
supported. After the audio effects processing takes place,
the spatializer positions all Rls to their target locations,
supporting both headphone binauralization or loudspeaker
playback by tracked rendering. To prevent clipping in ex-
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treme situations, such as very loud nearby sources, a limiter
is applied to the final output.

4.2 Bitstream Concept

MPEG-I Immersive Audio builds on the MPEG-H Audio
Transport (MHAS) format that was introduced with MPEG-
H 3D Audio [7], enabling it to additionally transmit the
MPEG-I metadata. This is achieved through three newly
defined MHAS packets: the Scene Config packet, Scene
Update packet, and Scene Payload packet. This three-packet
MHAS structure facilitates VR/AR applications across var-
ious scenarios, including client-server models and broad-
casting. The Scene Payload packet carries all scene geom-
etry and materials-related information required to render
a scene. This information can be transmitted in one large
packet, or it can be distributed to multiple smaller Scene
Payload packets that can be sent sequentially, allowing for
the interleaving of different MHAS packet types within
a single stream, for instance, audio packets and metadata
packets. Existing MHAS mechanisms can be utilized for
stream linking and synchronization.

MPEG-I Immersive Audio uses specific encoding tech-
niques for efficient transmission of bitstream metadata com-
ponents (e.g., for acoustically relevant geometry, source
directivity patterns, and precomputed ER and diffraction
paths). While precomputation of reflection and diffraction
paths reduces computational runtime complexity, it can sig-
nificantly contribute to the overall size of the bitstream. The
precomputed data is transmitted as “Voxel Data” (i.e., a
key-value storage where voxel coordinates are used as keys
for looking up data sets like path lists). Efficient encoding
of this data is achieved by leveraging, for example, Voxel
Coordinate Prediction, Inter-Voxel Redundancy Reduction,
and Generic Codebooks that provide a flexible solution for
entropy encoding of data series like ER and diffraction path
lists. It allows for switching between fixed-length encoders
and variable length encoders with individual codebooks that
are transmitted together with the encoded series of symbols.

4.3 Listener Space Information

The MPEG-I Immersive Audio LSI file format [36] pro-
vides a structured approach for describing the geometry and
acoustic properties of physical listening spaces to support
immersive audio rendering in AR applications (note that
LSI was termed “LSDF” in earlier publications, e.g., [8]).
By specifying elements such as room boundaries, acoustic
materials, reverberation parameters, loudspeaker configu-
rations, and anchors, the LSI enables accurate alignment of
virtual audio scenes with real-world environments. The for-
mat further facilitates integration of locally captured audio
streams and object sources, ensuring adaptability to diverse
AR and VR scenarios such as rendering of a device user’s
own voice. This direct provision of environmental data to
the renderer enhances the realism and spatial fidelity of AR
audio experiences, representing a significant advancement
in the field of immersive audio technology.
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Fig. 4. MPEG-I audio renderer pipeline.

5 RENDERER PIPELINE TECHNOLOGY

5.1 General

The renderer pipeline auralizes all relevant acoustic ef-
fects. Its stages are shown in Fig. 4. Each stage can access
and modify the list of RIs by adding, deleting, or deactivat-
ing them. The stages operate in a designated order, each ful-
filling a distinct role that does not overlap with subsequent
stages. Some stages prepare elements for further processing
without modifying audio samples, while others, typically
later in the pipeline, perform actual audio processing tasks.

5.2 Effects Activator

The standard generally relies on continuous audio sig-
nals, synchronized with animations in the visual content,
but also supports sound effects that can be triggered by ac-
tions of the user or another local process. To optimize com-
putational complexity, the sound source associated with the
sound effect will not be rendered until the sound effect is
triggered. With the duration of the sound effect being en-
coded as part of the bitstream, the stage can disable the
sound source once the rendering of the sound effect has
ended, freeing up computational resources, and without re-
quiring knowledge of the content of the sound effect.

5.3 Acoustic Environment Assignment

The AE assignment stage updates metadata of RIs to
reflect the current scene configuration regarding its AEs.
This provides information on which signals are currently
relevant for the late reverberation processors and which
reverberation extent items are audible. A default AE can be
applied in scene parts without an explicitly defined AE to
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create ambient, reverberation-like echoes whose parameters
can be signaled in the bitstream.

5.4 Granular Synthesis

This stage generates procedural audio (i.e., sound that is
generated in real-time in response to dynamic control in-
put parameters) using a form of granular synthesis where
several aspects of the sound can be controlled dynamically
in real time [46]. This is useful for generating sounds that
can react to user input or other changes in the virtual scene,
such as vehicle sounds or the contact sound of two ob-
jects sliding against each other. The rendering is based on
precomputed databases of sound segments, referred to as
grains. To create such a database, original recordings are
partitioned into segments, which are then stored in a mul-
tidimensional database where each dimension represents
different aspects of the sound that can be controlled dy-
namically (e.g., the RPM of an engine). At rendering time,
the sound is controlled by updating a target position in
the multidimensional database and consecutive grains are
selected for rendering using a weighted random selection
where the weights depend on the target position, previously
used grains, and other parameters of the granular database.

5.5 Portals

Portals designate spatial regions where sound can prop-
agate between two environments. This is used for two pur-
poses: multiroom reverberation rendering, as described in
SEC. 5.6, and coupled source rendering. In the reverberation
stage, the portal metadata is used to determine the energy
contributions from external sources and the reverberation
from connected AEs through the portal. The generation
and management of the reverberation of extent sources is
handled within the portal stage.

A coupling source simulates the effect that even without
an airborne path between environments, occluded sources
can still be audible from their energy inducing vibrations
in an occluding material. If partial occlusion (as discussed
in SEC. 5.10) were used to simulate this, a clearly local-
izable sound from the source’s position behind the wall
would be heard, whereas a coupling source localizes the
sound across the coupling surface (typically a door or win-
dow). In the MPEG-I Immersive Audio standard portals are
used to indicate where such coupling can occur. For portals
with material having a nonzero coupling coefficient, the
portal geometry is used to create a (homogeneous) extent
source—a coupling source—that re-emits the energy of in-
cident source(s). See Fig. 5. The user can hear the coupled
energy emerge from the portal extent, rather than the orig-
inal source itself. This effect can be combined with direct
transmission, if desired, by setting the material properties
correspondingly.

5.6 Reverberation

The reverberation stage simulates late reverberation for
AEs using efficient feedback delay networks (FDNs). For
virtual reverberating environments, the FDN is configured
from the information in the bitstream, while for environ-
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Fig. 6. A portion of the emitted source energy contributes to Space
1 and not to Space 2.

ments representing an AR listener environment, the FDN
is configured slightly differently using the metadata and
optionally a room impulse response (RIR) in the LSI. Re-
verberation time and level are controlled in a frequency-
dependent manner. Furthermore, the feedback delays are
adapted to the dimensions of the environment for a real-
istic reverberation effect. Each FDN is fed with a mono
downmix of all audio sources.

The downmix process is controlled by how much energy
each source contributes to the corresponding AE. When a
source is inside the environment, this is the total source
energy reduced by the energy lost through portals (see
SEC. 5.5), while for external sources, this is the portion of
the source energy reaching the environment through por-
tals. With a source’s energy emitted in all directions, part of
that energy can go through a portal as illustrated in Fig. 6,
a part of the source’s energy is contributing to Space 1’s
reverberation and not to Space 2’s.

Contributions from external sources are an important
aspect for supporting multiroom reverberation in scenes
with multiple connected environments. Two further con-
cepts are present to realistically render multiroom rever-
beration. Firstly, reverberation for the environment con-
taining the user is rendered immersively as a diffuse sound
field reaching the listener from all directions. Reverberation
from other environments is mapped to (homogeneous) ex-
tended sources (called reverberation extent sources) around
the portals of the respective environment, such that the lis-
tener perceives those reverberations directionally from the
location of the portals, and will be filtered by any occlud-
ing geometries such as doors or windows. Fig. 7 shows the
cross-section of an AE with a reverberation extent geome-
try that is used to represent the reverberation of the room
as a directional, extended source for user positions outside
the AE.

362

REVIEW PAPERS

Fig. 7. Cross-section of AE with reverberation extent geometry at
its portal.

Secondly, reverberation of one environment can reach
another environment through the same portals and con-
tribute to its reverberation, and vice versa. This effect is
supported by feeding reverberation signals from each FDN
into FDNs of all environments it is directly connected to via
portals. These different multiroom reverberation aspects are
integrated such that they create a smooth experience as a
source or user moves through the environment. The source
contribution of an external source naturally increases to
half the energy as it approaches a portal, and the remaining
energy in the source’s environment decreases accordingly,
causing a smooth transition of reverberations as the source
crosses the boundary between two environments.

Similarly, with the reverberation extent sources placed
at a distance from the portal (Fig. 7), the fully immersive
playback of the reverberation is exchanged with the direc-
tional playback from the reverberation extent source as a
user moves over this distance from the extent to the por-
tal, resulting in a smooth transition. For large portals, this
distance is larger to obtain an accordingly realistic, more
gradual, effect. The multiroom aspects work similarly for
connected VR environments as for virtual environments
connected to a physical listener AE in AR scenes.

5.7 Early Reflections

The ER stage models low-order specular reflections on
planar and curved surfaces of the given scene geometry.
ERs are known to be important for auditory spaciousness,
immersion, and speech and music clarity. Reflections on
the faces of a triangle mesh are generated by the image
source method [47]. This method results in a good approx-
imation of sound reflection in indoor scenes, where most
surfaces are large and perpendicular. If geometry data ap-
proximates curved surfaces by triangles or rectangles, the
classic geometrical acoustics methods are no longer valid
and artifacts become audible. The resulting “disco ball ef-
fect” is illustrated in Fig. 8. For a moving listener or a mov-
ing sound source, the visibility of the image source will
alternate between visible and invisible, resulting in a per-
manently switching localization, timbre, and loudness. To
mitigate this effect, a geometry preprocessor detects curved
surfaces (i.e., “round edges” and “round corners”) and an
extended image source model is applied. If the listener is
located in between the visible areas (white area in Fig. 8),
then the round edge/corner is used as a reflection point.
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Fig. 8. Visualization of the disco ball effect (solid lines: reflecting
surfaces; S|n: image sources; S: sound source; L: listener; gray
area: area where the image sources are visible).

If geometry is represented by geometric primitives like
spheres and cylinders, then also the changed distance atten-
uation caused by the scattering can be taken into account.
The sound pressure of a point source and its reflection on
planar surfaces follows a 1/r law where r denotes the prop-
agation distance. This distance law no longer holds for re-
flections on spheres or cylinders, because of the lens effect
(mirrored objects on spherical surfaces appear to be more
far away, while mirrored objects on cylindrical surfaces ap-
pear to be compressed in one dimension). This property is
taken into account by computing per dimension a magni-
fication factor and using a derived “apparent distance” for
the distance attenuation of the image source. In addition,
the frequency dependent reflection filter is adjusted to not
only take into account the material but also the radius of
the geometric primitive [48, 49].

The calculation of ERs using the image source method
can be demanding in terms of computational complexity. A
low-complexity alternative for generating them is described
in SEC. 5.19.

For dynamically updatable complex environments that
are authored in voxel mode, the voxel-based ER stage of-
fers a computationally efficient method to generate ERs.
This method employs a uniform cuboid grid representa-
tion to compute first-order reflections without requiring
precomputed encoder data. The algorithm utilizes segment
grid traversing to verify potential reflection paths between
a sound source and the listener. Origin points are estab-
lished along the source-listener line segment, from which
rays are cast in all directions covering the full 3D space to
detect ray—voxel collisions. For valid reflection paths, the
algorithm confirms that both segments (source-to-reflection
and reflection-to-listener) remain unobstructed. Reflection
paths that are too short or too long can be discarded based
on configurable delay thresholds. The remaining valid paths
are clustered into angular sectors, creating virtual audio
sources that represent acoustically relevant ERs while meet-
ing computational complexity constraints.
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5.8 Airflow Simulation

This stage simulates the sound heard by a listener when
inside of an airflow, such as an atmospheric wind. As an
example, when listeners are standing on a hillside with a
wind blowing, they hear not only the sound of the wind in
the trees, but also the sound of the wind passing around
their head and over their ears. This sound depends on the
speed of the wind and the angle relative to the listener’s
head, changing as the listener moves and rotates. This is
simulated using efficient filtering of pink noise to increase
immersion and plausibility, without requiring complex fluid
dynamics simulations [50].

5.9 Discover Spatially Extended Sound Sources

This stage provides metadata necessary for rendering
spatially extended sound sources (SESS). It uses ray trac-
ing to sample the section of a source’s extent geometry
visible to the listener. Effectively, this provides the projec-
tion of the geometry onto the surface of a sphere centered
in the listener. The result speeds up the rendering process
by providing finite samples to check for occlusion and syn-
thesis of extent binaural output. Both processes are handled
by stages later in the pipeline [i.e., the occlusion stage
(SEC. 5.10) and the homogeneous extent stage (SEC. 5.22)].

5.10 Occlusion

The occlusion stage uses ray tracing to determine
whether the direct line of sight from a listener to a source
is occluded. The occlusion status is defined by a set of
acoustic materials retrieved from the occluding geometry.
An occlusion EQ is generated by combining the transmis-
sion coefficients of the occluding materials and applied to
the RI. This allows for arbitrary occlusion states (e.g., not,
partially, or fully occluded). For extended sound sources,
this process is applied for each of the samples produced by
the Discover SESS stage (SEC. 5.9). The occlusion results
are grouped by their set of occluding materials to be pro-
cessed by the homogeneous extent stage (SEC. 5.22). This
allows for arbitrary combinations of occluding materials on
any number of sections of the visible surface of the extent.

The voxel-based direct occlusion stage offers a version
of the stage that works on the 3D voxel grid. Using an effi-
cient segment traversing technique, the algorithm analyzes
all voxels on a line segment between listener and source
and determines material type and position of occluders. An
occlusion EQ is calculated based on material types encoun-
tered along the path. The activation of occlusion can be
configured selectively per each audio source and occluding
material type.

5.11 Heterogeneous Extent

This stage renders audio sources that have an associated
spatial extent of defined size and shape and an input sig-
nal with more than one channel, representing a nonuniform
spatial source character. Specifically, it handles the render-
ing of object sources with an extent and a multichannel
source signal (supporting up to nine channels) as well as
HOA sources with an associated extent. The stage provides
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rendering of both a so-called exterior representation of the
heterogeneous extended sound source when the listener is
situated outside of the extent and a so-called interior repre-
sentation of the extended sound source when the listener is
inside the extent.

The exterior representation can be derived from a pro-
vided interior representation, or, conversely, the interior
representation can be derived from a provided exterior rep-
resentation. There is an interpolation between the rendering
of the two representations whenever the listener moves be-
tween the inside and outside of the extent of the source
to provide a smooth transition [51]. The rendering of het-
erogeneous extended sources is based on a set of virtual
loudspeakers that are adaptively arranged so that they opti-
mally represent the sound source at any given time, as the
position of the listener changes relative to the sound source.

5.12 Diffraction

The diffraction stage models sound propagation around
occluding objects (e.g., around corners) by deriving relevant
diffraction paths from preprocessed geometrical data and
line-of-sight occlusion checks. The resulting calculations
are then used to generate secondary Rls at the diffraction
edges closest to the listener. This approach creates percep-
tually plausible diffraction effects by using perceptually
motivated, diffraction angle—dependent filters. Multipath
diffraction modes are available to support complex geome-
tries. In the case of the voxel-based diffraction stage, the
diffraction path and corner detection can be determined at
run time, using a jump-point-search path-finder algorithm.
Higher-order diffraction modeling, the aggregating diffrac-
tion around multiple corners, is supported.

5.13 Directivity

The directivity stage models source directivity by apply-
ing direction-dependent radiation patterns typical of natural
sound sources, such as human voices or musical instru-
ments. It incorporates the corresponding directional equal-
ization into the central EQ fields of the relevant RIs, which

accumulate all EQ effects for subsequent application by the
EQ stage (SEC. 5.18).

5.14 Distance

The distance stage simulates sound traveling from the
source to the listener by addressing three key factors. First,
it models a physically accurate propagation delay using
a variable delay line with subsample spline interpolation
and smoothing. The smoothly interpolated dynamic adjust-
ment of propagation delay implicitly synthesizes a high
quality Doppler effect. Second, it calculates signal atten-
uation caused by the geometrical spreading of the source
energy. Third, it determines attenuation due to air absorp-
tion. Both attenuation effects are accumulated in the central
EQ fields of the RIs. For sources with an extent, the atten-
uation due to the geometrical spreading is calculated from
a physics-based model that takes the size of the extent into
account [51]. This results in an attenuation-versus-distance
behavior that accurately mimics the real-world behavior of
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differently sized sources. Optionally, a perceived location
offset between visual position of an audio object and its
auditory localization (due to different propagation delays
of light and sound) can be modeled.

5.15 Directional Focus

The directional focus is an important part of the acces-
sibility features (SEC. 7.1) of the renderer. It leverages the
reduction of distracting sounds coming from areas outside
a specified spatial region of interest to assist persons with
hearing loss. The focus has a radial symmetry with a single
main lobe. Its attenuation characteristics can be individu-
ally adjusted using parameters available in the accessibility
interface. The directional focus attenuates the broadband
gain of selected RIs. The gain attenuation is a function of
the listener-relative azimuth and elevation angles of the RI.
By default, the focus is directed toward the user’s front
viewing direction, but it can be adjusted to other orienta-
tions, allowing control through various services or input
methods such as handheld controllers and eye trackers.

5.16 Metadata Culling

This stage deactivates Rls that become inaudible due to
very low gain mandated by the current scene state (e.g.,
due to attenuation or occlusion) and thus reduces computa-
tional complexity. If loudness data for a source is available,
loudness-based culling is also supported. Under certain cir-
cumstances, ERs might be perceptually masked by their
source signal. A dedicated culling of such ERs is addition-
ally supported.

5.17 Consolidation

The spatial resolution of human hearing and the ability
to distinguish concurrent sound source positions is limited.
The consolidation stage reduces the number of RIs and
thus computational complexity while maintaining percep-
tual quality by combining Rls in positions that can percep-
tually not be distinguished. Groups of RIs that may be com-
bined are identified based on a psychoacoustic model for
perceptual localization thresholds via a hierarchical cluster-
ing algorithm. The respective audio signals of consolidated
RIs are mixed, and the RlIs are spatially combined into a
representative RI at a consolidated position.

5.18 Equalizer

Global and frequency-dependent gains that were at-
tributed to an RI in one of the preceding stages correspond-
ing to acoustic effects, like occlusion, air absorption, etc.,
are accumulated in the central EQ fields of the RlIs. In the
EQ stage, minimum-phase FIR filters are designed based
on gain parameters with third-octave resolution and applied
to the corresponding RI signals to auralize the accumulated
gains.

5.19 Low-Complexity ER

The geometric room acoustics model to generate ERs
(SEC. 5.7) requires a high computational complexity that
increases with the number of sound sources and desired
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Fig. 9. Indoor LC-ER pattern plotted across location (top view).

reflection order. However, the exact simulation of RIRs is
often less important for VR/AR applications. This alter-
native stage uses a simplified fixed ER pattern for a per-
ceptually plausible and convincing experience at very low
computational complexity. The number and positions of
ERs are derived from simple room acoustic parameters as
input, using different patterns for indoor and outdoor. The
indoor low-complexity ER (LC-ER) pattern is presented in
Fig. 9. In this way, only one common ER pattern is needed
to process any number of sound sources in a scene.

The reflection model incorporates distance-dependent
attenuation, room volume dependency, and automatic in-
door/outdoor scene classification to appropriately adjust a
static reflection pattern by number of reflections, spacing in
time, positioning in space, and gains. It was proposed, dis-
cussed, and evaluated in [52]. Listening tests confirm that
LC-ERs are equally plausible as a costly dynamically up-
dated image source model. The bitrate reduction is shown
to be 25% on average across all tested indoor scenes, and
the overall relative complexity reduction is 39%, averaged
across all nine tested scenes.

5.20 Fade

The fade stage performs fade-in and fade-out of the au-
dio signals when their corresponding Rls are activated or
deactivated [e.g., by the metadata culling (SEC. 5.16), by
consolidation (SEC. 5.17), or during teleportation of the
listener]. Activation/deactivation of RIs is performed in a
coordinated manner across stages, such that stages continue
processing of the RIs’ audio signals until the fade-out has
completed.

5.21 Single-Point Higher-Order Ambisonics

The SP-HOA stage provides 3DoF binaural output for
HOA signals. A magnitude least-squares decoder is cal-
culated during initialization based on the provided HRTFs
[53]. During rendering, HOA sources are rotated accord-
ing to the listener head orientation and decoded using the
magnitude least-squares decoder to binaural output.
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5.22 Homogeneous Extent

The stage efficiently auralizes SESS that have a size and
uniform sound characteristics directly to the binaural out-
put using a set of adaptively designed filters. The target
auditory cues are synthesized directly to binaural signals
from just two decorrelated input signals using preprocessed
tables derived from the HRTF data. Preprocessing is possi-
ble because no signal-dependent design is required and the
employed processing filters solely depend on the desired
spatial extent range. This approach is much more efficient
than, for example, modeling extent by generating several
decorrelated point sources spatially distributed over the de-
sired extent range and rendering each of these point sources
individually.

The process begins by identifying the binaural cues to
be created by the SESS at the ear signals, namely interau-
ral cross correlation (IACC), interaural phase differences,
and IALDs. These are calculated in real time from the
preprocessed HRTF data, the samples provided by the dis-
cover SESS stage, and their occlusion information. To syn-
thesize IACC, a decorrelator based on all-pass filters and
time-frequency variant envelope shaping is used [54]. The
binaural output is produced by mixing the original and
decorrelated signals using a set of four FIR filters that are
adaptively designed dependent on the identified cues. The
mixing as depicted in Fig. 10 is implemented by a set of
four FIR filters where the EQ gains are determined by the
TALDs and the mixing ratio between signals is determined
by the IACCs [55].

5.23 Panner

The panner stage positions the immersive late reverb
outputs of the reverberation stage (SEC. 5.6) into the out-
put sound image using Vector Base Amplitude Panning
[56] with additional controls, such as spatial spread. The
stage implements high-quality triangulation of the immer-
sive loudspeaker setup and ensures that the triangle edges
do not cross the horizontal plane, which improves spatial
localization.

5.24 Multipoint Higher-Order Ambisonics

The MP-HOA rendering approach in MPEG-I Immersive
Audio supports 6DoF binaural output for scenes captured
with one or more HOA sources. The system enables effi-
cient capture, streaming, and 6DoF rendering of complete
audio scenes using a sparse array of spatial microphones,
without requiring close-up microphones at the sources. The

365



DISCH ET AL.

method employs interpolation of spatial parameters deter-
mined at microphone positions to estimate spatial parame-
ters at the listener’s location [57]. These interpolated spa-
tial parameters are used to construct target binaural signal
statistics for 6DoF rendering. The time-frequency domain
recording from the microphone nearest to the listener is
then adapted to match the desired binaural cues.

The method works best within the area defined by the
microphone array positions but also supports plausible ren-
dering at positions outside of the area, referred to as exterior
rendering. In exterior rendering, the spatial parameters are
first interpolated at the edge of the microphone area and
then modified based on a projection radius and the listener
distance from the microphone area edge [58]. A similar
principle is used to handle the special case of 6DoF render-
ing using a single HOA source.

To enhance the clarity of relevant sound sources in com-
plex immersive scenes, source locations may be provided
to the renderer as metadata to enable so-called informed-
mode rendering. The informed-mode rendering enables the
renderer to construct more accurate target binaural sig-
nal statistics by estimating sound source characteristics via
beamforming toward the known source positions. The in-
formed mode rendering greatly improves the localization
and distance attenuation performance for the sound sources
of interest. A low-complexity MP-HOA stage provides bin-
aural output from a set of HOA microphone signals using
virtual loudspeaker objects derived from the HOA signals.

6 SPATIALIZER

6.1 Binauralization

The binauralizer positions the individual point source
RIs into the binaural output signals. It selects the nearest
HRIR in the provided HRIR dataset for a given RI posi-
tion and convolves its associated audio waveform with the
HRIR stereo filter through a fast partitioned convolution. A
cross-fade is used to ensure smooth filter changes between
positions. When the low-complexity mode is activated, in
a first step, the signals of all RIs are panned to predefined
representative virtual loudspeakers based on the RI posi-
tions and the virtual loudspeaker positions relative to the
listener. For panning, precomputed time shifts and gains
for left and right outputs are applied to the RIs. In a second
step, the panned signals are summed at the representative
positions and are convolved with HRIRs according to the
listener-relative locations of the representative positions.
The resulting binaural signals are then summed to form the
auralized output signals.

6.2 Tracked Loudspeaker Rendering

While most VR/AR applications are expected to em-
ploy binaural head-tracked audio rendering, MPEG-I Im-
mersive Audio also provides the option to render to spa-
tial loudspeaker setups. Multichannel loudspeaker setups
have a dedicated listening position, the so-called sweet spot,
where optimal spatial perception is achieved. Moving with
6 degrees of freedom in a VR scene, while using a fixed
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loudspeaker setup in the physical reproduction space, will
inevitably compromise the spatial perception severely and
break any stable localization unless there is a compensa-
tion mechanism. To adapt the sweet spot of the loudspeaker
setup to the current listener position (and avoid audio im-
age collapse toward the nearest speaker), the position of the
user is tracked in real-time.

Sweet spot adaptation is achieved by adaptive adjust-
ments of level and delay [59] while maintaining appropriate
direct sound levels [60]. Also directivity of high-frequency
loudspeaker radiation can be corrected, utilizing a distance-
dependent model of the loudspeaker in the listening room.
This is referred to as the physical compensation level which
can be utilized with any spatial loudspeaker arrangement,
ranging from 2.0 to 22.2 channels. It allows the listener
to move within the setup while maintaining a stable spatial
sound image. Tracked rendering is thus an attractive feature
for the playback of legacy audio content in that it both ex-
tends the sweet area dramatically and “detaches” the sound
from the loudspeakers [61].

Based on these provisions, virtual scenes are rendered by
the so-called object rendering level. A real-time adaptive
3D amplitude panning algorithm is employed that operates
within loudspeaker layers, such as horizontal and height
layers. Each layer utilizes a 2D panning algorithm to project
the object onto the respective layer. The final 3D object is
rendered by amplitude panning between the two virtual
objects generated from the 2D panning in the two layers.
Sound sources can be positioned both outside and inside the
loudspeaker setup, with interior sources accessible to the
listener from all directions. The target loudspeaker setup is
input to the renderer via the LSI interface as described in
SEC. 4.1.

7 APPLICATION ASPECTS

7.1 Accessibility

With the promise and aim of MPEG-I of delivering im-
mersive experiences and connecting people via Social VR,
the technology needs to be accessible to users of all ages
and hearing abilities. Due to constantly increasing popu-
lation aging, a growing number of consumers are affected
by various degrees of hearing impairment, yet only about
14.2% of the people above age 50 years with a clear hear-
ing impairment are actually using a hearing aid [62]. To
account for this, MPEG-I rendering offers a range of acces-
sibility enhancement options. Dynamic scene adjustments
during rendering (as shown in Fig. 11) are possible via
attenuation of ERs (SECS. 5.7 and 5.19) and reverberation
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(SEC. 5.6), expansion or compression of distance-dependent
gains (SEC. 5.14), directional focus (SEC. 5.15), and spec-
tral compensation. Compared to hearing aids that can only
process the rendered binaural mix under extremely con-
strained computational resources, accounting for accessi-
bility directly within the MPEG-I rendering provides clear
performance and quality improvements.

7.2 Social Virtual Reality Support

Social VR applications using the MPEG-I Immersive
Audio standard promise to reshape virtual interactions by
delivering immersive audio experiences that connect users
in unprecedented ways. One of the key features of this stan-
dard is its support for external audio sources, thereby sig-
nificantly enhancing the realism and engagement of virtual
environments. This capability allows users to incorporate
live audio feeds, such as music or voice from remote par-
ticipants, into their virtual experiences. Additionally, users
can have their own voices enabled to be heard in the virtual
scene, further enhancing the sense of presence and personal
connection. By blending real-world audio with the virtual
environment, users can engage in social interactions that
feel genuine and connected, regardless of their physical
location.

Since the standard enables real-time auralization of room
acoustics, it is ensured that all included sounds are spa-
tially accurate and contextually relevant [63]. For instance,
users can enjoy a virtual concert with live performances
streamed directly into the VR space or gather in collabo-
rative workspaces with their voice inputs rendered within
the scene. Furthermore, including musical instruments as
external audio sources enables the development of appli-
cations that facilitate jamming with other musicians in a
virtual environment.

In Social VR applications, individual participants receive
their personalized audio output from their individual render-
ers instances, while multiple renderers are interconnected
via network, sharing and exchanging audio streams, avatar
poses, and scene data. As the MPEG-I Immersive Audio
renderer ingests decoded audio signals as PCM samples,
it is not constrained per se by any specific audio coding
technology. This enables, for instance, rendering from au-
dio streams that are coded with 3rd Generation Partnership
Project communication codecs such as Enhanced Voice Ser-
vices [64] and Immersive Voice and Audio Services [65].
Specifically, this is important to facilitate low-latency com-
munication with reasonable response times in conversations
and user interaction.

7.3 Real-Time Acoustic Scene Manipulation

The MPEG-I Immersive Audio standard enables real-
time dynamic scene modifications, either through user in-
teractions or driven by a scene engine. In both available
flavors of geometry descriptions, mesh and voxel mode,
changes in the scene that affect the sound rendering can
be triggered via scene updates (e.g., to model opening and
closing of windows or doors). Such changes to a scene’s
geometry are instantaneously conveyed to the audio ren-
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dering, updating, for example, ERs, occlusion, and diffrac-
tion behavior. However, changing geometry freely by the
user within the scene is uniquely possible through MPEG-
I’s voxel-based acoustic modeling approach, which allows
prompt updates through voxel scene state modifications.
For example, when walls are built, modified, or destroyed,
the relevant voxel state transitions can be applied within
a single update frame while avoiding complex geomet-
ric recalculations required by traditional ray-tracing meth-
ods. Voxel scenes can not only be manipulated but also
constructed fully from scratch, adding reflective surfaces,
changing materials, and parameters just as the visual scene
is being generated.

7.4 Renderer Latency Considerations

An important application aspect is the latency introduced
by the rendering process [66]. Especially in Social VR
applications, the render’s audio input-to-output latency is
important: for local audio input, consisting of either the
user’s own voice or the input of a live musical instrument,
a sufficiently low latency is one of the most important
prerequisites for satisfactory user experience and a plau-
sible immersion. Another fundamental latency value is the
motion-to-sound latency (e.g., the delay of the renderer to
adapt the output audio signal to a change of listener po-
sition or orientation in 6DoF space [67]). For example, to
achieve a precise source localization and a stable spatial
image perception, changes in listener’s head rotations need
to be handled without perceivable time lag.

In the MPEG-I Immersive Audio renderer, these delay
values are mainly dependent on the sampling rate, the in-
ternal audio block rate and the control-step rate (SEC. 4.1).
All three parameters can be configured and allow an op-
timization of the renderer latencies. In its default setting,
with a sample rate 48 kHz and a block size of 256 samples,
the renderer has 480 samples input-to-output latency (10
ms) and, assuming a control-step rate of 60 Hz, a maxi-
mum motion-to-sound latency of 832 samples (17.3 ms) if
the update of incoming motion data is delayed by one full
control step.

These values can be reduced by choosing a high sam-
ple rate, a small block size, and a fast control step rate. In
practice, the choice will often be a trade-off between laten-
cies, perceptual quality, and complexity. For example, more
frequent control steps can improve the perceptual quality
through a smooth and accurate adaptation of the rendering
to movements of audio sources and listener within the scene
and will reduce motion-to-sound latency. But, in turn, this
will increase computational load due to more frequent pa-
rameter recalculations. As another example, a lower sam-
pling rate will reduce computational complexity but will
increase input-to-output latency at a given block size and
provide a lower audio bandwidth that may have an effect
on the perceived audio quality.

In applications, additional delays need to be considered,
such as sound hardware latency, preprocessing, and soft-
ware driver buffer delays [63].
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7.5 Computational Complexity and Platform
Compatibility

During development of the MPEG-I Immersive Audio
standard, the specified technology was implemented as a
plug-in for MaxMSP [68] and as a stand-alone offline ren-
derer, both of which are part of the reference software spec-
ification [36]. The focus of the reference software imple-
mentation was on flexible testing and evaluation of differ-
ent rendering technologies; hence, the final computational
complexity of an optimized implementation can be difficult
to gauge.

To assess the computational load of the reference soft-
ware renderer, a dedicated complexity measurement tool
was developed and integrated as an additional feature into
the reference software. The tool quantifies the processing
time consumed by each stage of the renderer pipeline, both
for parameter update steps and real-time audio processing
steps. Naturally, the computational workload of a 6DoF
renderer substantially depends on the richness of a scene
(e.g., number of active audio sources, detail level of scene
geometry, etc.) and the actual position and movement of the
user within the scene.

The complexity measurement tool can process recorded
scene task trajectories for individual scenes and is able to
evaluate a batch of these scenes automatically for a rep-
resentative and reproducible measurement. This detailed
measurement data provides valuable analysis information
of the distribution of average and peak workload among all
stages separated into update and audio steps and its depen-
dency on scene content. Insights gained with the complex-
ity measurement tool led to several code optimizations for
specific stages already during the technology development
of the standard. In the future, the tool will support further
optimization of implementations on end-user devices.

As a proof of concept, the MPEG-I Immersive Audio ref-
erence renderer has already been successfully validated on
multiple major extended reality (XR) platforms, showing
the standard’s readiness for broad adoption in commer-
cial applications. The renderer software has been tested on
Apple’s visionOS running on head-mounted displays like
Apple Vision Pro [3] and Android-based devices such as
the Meta Quest 3 [4] and PICO 4 [5] headsets. Integration
into XR applications has been facilitated both directly as a
native library for Microsoft Windows and Android and as
an AudioUnit plug-in utilizing the JUCE audio framework
[69], allowing for integration into more advanced audio
processing pipelines.

By setting up these exemplary systems and demonstra-
tors, the standard has undergone extensive testing and vali-
dation in real-world usage, and no performance bottlenecks
or stability problems were observed in principle during
these testing periods. The standard can deliver the intended
high-quality spatial audio experience it was designed to en-
able, even under the constraints and requirements of con-
temporary XR platforms.

The deployment process has also shown excellent com-
patibility of MPEG-I audio processing with the devices’
native spatial computing capabilities: the MPEG-I renderer
has been demonstrated to run on several hardware platforms
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Fig. 12. Example of a VR scene visualization augmented with a
voxel-based geometry representation used for MPEG-I Immersive
Audio rendering technology.

(PC, Meta Quest 3, Apple Vision Pro) at MPEG meetings
and, publicly, at a workshop of the 159th AES Convention
in Long Beach, CA.

Several MPEG-I Immersive Audio features exceed what
is currently possible with default audio rendering engines,
and it has shown to be straight-forward to make use of these
features in combination with the devices’ native visual and
sensory capabilities.

7.6 Audio Scene Authoring

The MPEG-I Immersive Audio standard is engineered
for direct integration into existing XR scene creation and
authoring workflows. This integration requires the conver-
sion of the original scene and scene asset formats, such as
glTF, FBX, and USDZ, directly into the MPEG-I bitstream
or through an intermediate format known as the MPEG-I
Immersive Audio EIF [36].

The primary objective of conversion into the EIF is the
elimination of acoustically irrelevant elements from the au-
dio scene description, effectively transforming the EIF into
an audio-centric scene description format that facilitates au-
dio scene authoring. The EIF is an informative XML-based
specification that references audio assets, scene geometry,
sound environment descriptions, and other acoustic param-
eters. The format comprises static and dynamic entities,
each identified by a unique ID. This scene description sup-
ports dynamic modification through atomic updates that
alter entity properties based on time-based triggers, condi-
tional logic (e.g., user proximity), or external scene events
and user interactions. The conversion process to EIF en-
compasses scene geometry simplification and the incorpo-
ration of additional acoustically relevant data, including
content creator intent settings. The conversion of com-
plex visual scenes into EIF and the MPEG-I Immersive
Audio bitstream can be performed automatically or semi-
automatically using platforms such as Blender and Unity.
Dedicated plugins facilitate the creation, visualization, and
editing of MPEG-I Immersive Audio content.

Existing scene and 3D asset geometries can be adapted
to the MPEG-I Immersive Audio format through remeshing
or voxelization techniques. This process eliminates fine ge-
ometric details that produce a negligible acoustic impact on
the rendered audio. Fig. 12 illustrates this approach, show-
ing a visually detailed museum VR model and a simplified
voxel representation consisting of only large elements such
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(b)

Fig. 13. Example of a 3D mesh data (a) and the corresponding
voxel data (b) obtained from real environment images.

as walls, floors, and pillars. The resulting conversion and
voxelization results can be further refined using specialized
voxel editors such as MagicaVoxel or dedicated Blender
and Unity plugins. EIF scene description can also be cre-
ated directly from available low-polygon mesh models and
voxel-based geometric 3D assets, bypassing the remeshing
and conversion process entirely.

The MPEG-I Immersive Audio renderer can also lever-
age direct access to geometric data from 3D computer
graphics engines like Unity or Unreal Engine. For in-
stance, voxel-based platforms (e.g., Minecraft-like appli-
cations and games) can provide 3D voxel matrices (voxel
chunks) directly for audio rendering purposes. Such an in-
tegration between scene engines and MPEG-I Immersive
Audio rendering is essential for procedurally generated XR
scenes. It also enables real-time assessment of the audio
experience during scene creation and modification through
user interactions.

The foundation for generating comprehensive visual and
acoustic models lies in scanning of real environments. For
example, Fig. 13(a) shows a multiroom 3D model, which
enables user virtual navigation. This specific model was
generated using combined information from five 360° im-
age panoramas [70]. The resultant 3D mesh data is then au-
tomatically voxelized and converted in the format required
by the MPEG-I Immersive Audio encoder and renderer [see
Fig. 13(b)].

The selection of specific scene authoring tools and in-
tegration workflow approaches depends heavily on the in-
tended application use-cases of the standard.

8 SUMMARY

The MPEG-I Immersive Audio standard was finalized
in November 2025. This article sketches the background
and development history of the specification work starting
in 2017 and presents the concepts, supported functional-
ity, and underlying technology in detail. It discusses ap-
proaches, methodologies, and scientific questions related to
perceptual quality assessment of 6DoF audio. Specifically,
it outlines how MPEG-I Immersive Audio was tested in a
final verification test that needed to balance scientific rigor
with industry relevance while acknowledging the nonexis-
tence of a physical reference by formalizing the concept of
“plausibility.”
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Additionally, insights into important practical implemen-
tation aspects are provided such as the built-in support for
accessibility features, the processing of incoming real-time
audio streams (e.g., for Social VR applications), and the
on-the-fly acoustic scene manipulation capability. Finally,
renderer latency considerations, computational complex-
ity, and platform compatibility are discussed as well as
concluding thoughts on audio scene authoring of MPEG-I
Immersive Audio content.

As a nonproprietary standardized and open technology,
it sets the foundation for the first long-term stable audio
format specification in the VR/AR sector, allowing for in-
teroperability of devices of different manufacturers. Itis ap-
plicable to a wide range of consumer uses, including meta-
verse technologies and Social VR. Its metadata bitstream
of efficiently compressed acoustically relevant geometry
and associated side information, and the flexible transport
concept based on MHAS packets enables the adaptation
to VR/AR/XR broadcasting and streaming applications. In
summary, MPEG-I Immersive Audio offers high-quality,
bitrate-efficient representation and rendering for VR and
AR audio in 6DoF applications.
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