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Abstract

Audio systems that reproduce spatial information are increasingly spreading across the market, aiming at offering
high fidelity in the perception of timbres and high quality in the perception of spatial content. Special equipment,
like microphones and loudspeaker arrays are commonly required for recording and reproducing spatial sound.
Similar to traditional audio formats, the manipulation of immersive sound employs digital audio workstations
(DAWSs) with software extensions installed to expand the DAW’s functionality, named “spatial audio plugins”. As
aresult, it is necessary to disseminate among researchers and practitioners the most relevant spatial audio plugins
available. Based on the production chain of immersive sound, we present plugins for the encoding and decoding
stages with a comparative perspective of its features. Common operations provided by the available plugins
encode regular audio formats such as mono, stereo or multi-channel sound into the Ambisonics spatial audio
format of different orders. Decoding plugins process Ambisonic signals into binaural outputs or loudspeaker array
formats. This paper summarizes the available spatial audio plugins and the recent developments they provide,
briefly describing the parametric and non-parametric methods in which they are based. We hope this manuscript
contributes to a better navigation through this large range of options regarding spatial audio plugins.

Keywords: Spatial audio, ambisonics, digital audio workstations, TV 3.0, MPEG-H.
PACS: 43.60.-c, 43.60.Ac, 43.60.Ek, 43.60.Dh.



2 How do spatial audio plugins work and what functionalities do they offer: a comparative perspective FIA 2020/22 | XXIX Sobrac

1. INTRODUCTION

It is very common to use the terms Spatial Audio,
Immersive Audio, 3D Audio, among others to de-
scribe the quality of an audio system that is able
to recreate the spaciousness of a sound scene.
In other words, any system that provides the lis-
tener with a sense of space beyond conventional
stereo, allowing the listeners to identify where
the sound is coming from, be it from above, be-
low or 360 degrees around them, can be termed a
spatial audio system. And, although the concept
of spatial audio may seem to be something new,
binaural! audio was invented already in the late
19th century [1].

Besides binaural technology, there is currently a
large number of different methods, technologies
and systems used to record, synthesize, encode,
decode and reproduce spatial audio. And thanks
to the rapid developments of audio for virtual
reality applications, the implementation of spa-
tial audio technology on major platforms such
as Facebook and Youtube, and also the advance-
ment of audio technologies — such as Dolby
AC-4 [2] and MPEG-H [3] — aimed at the new
generations of streaming and broadcasting televi-
sion systems (TV 3.0) [4], the number of people
interested in tools for manipulating these tech-
nologies has increased. In this context, one of
the most important and frequently asked ques-
tions in the field of spatial audio is: “Where do I
start?”

This article aims at describing, comparing and
presenting available tools for manipulating spa-
tial audio. The vast majority of the tools de-
scribed are free, from virtual studio technologies
(VST) to digital audio workstations (DAWS).

2. FUNDAMENTALS

To understand the tools described in this article, it
is important to briefly review spatial hearing and
also approaches related to spatial audio encoding
and decoding.

ITerm used to describe that two ears are involved in human
hearing, the binaural concept is directly correlated with
spatial hearing, and, therfore, spatial audio.

2.1 Spatial hearing

Sound waves arriving at the human ears are en-
coded by the auditory system to estimate, among
other features, the nature and localization of their
sources. In order to define the localization of a
sound source, humans commonly use an egocen-
tric reference system, in which the locations are
specified by the azimuth and elevation angles,
and the distance from the center of the head to
the sound source [5].

As the human ears are positioned on opposite
sides of the head, the differences in the sound
pattern perceived by each ear help us to detect
and localize sounds. The difference in the time of
arrival to each ear is known as interaural time dif-
ference (ITD), and the different sound intensity
that each ear perceives is known as the interaural
level difference (ILD), and both are called binau-
ral cues as they depend on both ears [6]. More-
over, the individual structure of the ear pinna re-
sults in a direction-dependent spectral shaping of
the incoming sound. Both monaural and binaural
cues are the information that the auditory system
encodes from acoustical environments, which
are naturally three-dimensional. The aforemen-
tioned cues can be modeled by a set of func-
tions called Head-Relative Transfer Functions
(HRTFs) [7], which describe the spectral filtering
over a sound source caused by the head, pinna
and torso before it reaches the eardrum.

The most common real-life sound environments
in which we live are rooms, which reflect the
sound in the walls, ceiling and floor. The behav-
ior of sound in rooms can be characterized by
the room impulse responses (RIRs). Therefore,
the synthesis of three-dimensional virtual sound
spaces is one of the basic application to offer an
immersive sound experience. In contrast, spatial
audio recording, processing and playback tech-
niques focus on maintaining the spatial audio
properties, which can be perceived by humans as
in natural hearing. In the next section, we will
explain the workflow of spatial audio production.

2.2 Spatial audio

Spatial audio technologies have gained attention
principally due to improvements in digital signal
processing techniques and audio hardware devel-
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opment, designed to enhance the spatial quality
of reproduced sound [8]. Since the first stereo
transmission in 1881, sound industry has been in-
terested in offering some spatial realism in sound
reproduction.For instance, the cinema stereo evo-
lution developed surround sound audio systems
as 5.1,7.1, 10.2, 11.1, 22.2, which define loud-
speakers positions to create an immersive sound
experience. Further information about surround
systems can be found in [9, 10].

According to the ISO/MPEG-H standardization
group [3], spatial sound acquisition and subse-
quent processing, transmission and reproduc-
tion follow three principal approaches: channel-
based, object-based, and scene-based format. As
they are not mutually exclusive, they can be used
together. Next, these approaches will be briefly
explained.

2.2.1 Channel-based approach

This approach renders spatial information
through the difference between the transmitted
waveforms, called channel signals. Each input
audio channel feeds a loudspeaker placed in
an intended position relative to the listener.
In this way, the renderer or decoder retrieves
the produced audio channels and feed them
to the corresponding loudspeakers [11]. The
placement and mixing of the channels depend on
the application of digital perceptual cues, such
as ITDs and ILDs.

2.2.2 Object-based approach

As explained in [11], this approach describes
the spatial sound scene by a number of uncorre-
lated sound sources, also called sound objects,
such that each sound can be placed in a specific
position of the auditory scene, independent of
the availability of loudspeaker position. Hence,
sound objects generally need to be rendered to
their target positions by algorithms as Vector
Base Amplitude Panning (VBAP) [12] or Multi-
ple Direction Amplitude Panning (MDAP) [13].
The processing module prepares the objects
along with the scene description. Hence, several
parameters are needed for successful rendering,
such as position, orientation, and reverberation
parameters.

In this context, the acoustic scene parameters
can be obtained by using parametric models.
Once the sound field is analyzed, the parame-
ters of the sound scene can be transmitted, ma-
nipulated, and synthesized [14]. The param-
eters’ extraction is achieved by analyzing the
sound field in narrow frequency bands using sev-
eral microphones. Then, instead of transmitting
many microphone signals, only the direct and dif-
fuse components are transmitted along with the
parametric information. Examples of parametric
models include: higher order directional audio
coding (HO-DirAC) [15], COding and Multidi-
rectional Parametrization of Ambisonic Sound
Scenes (COMPASS) [16], etc. Further infor-
mation about parametric models can be found
in [14].

Parametric models are not exclusively used by
the object-based approach, these are also useful
techniques for the scene-based approach that will
be explained in the following section.

2.2.3 Scene-based approach

This approach uses the Ambisonics format to de-
scribe the spatial sound scene. Based on princi-
ples of psychoacoustics, Ambisonics was first
presented as a unified system for directional
sound pickup, storage or transmission, and re-
production. The sound is encoded from all direc-
tions in terms of pressure and velocity compo-
nents by using microphone arrays, and these sig-
nals are decoded to different loudspeaker config-
urations [9]. The first-order Ambisonics (FOA)
consist of an omnidirectional signal W, and three
directional signals (X, Y, Z) aligned with the
Cartesian coordinate axes [17]. This is called the
B-format of Ambisonics.

The incorporation of more recording channels
can improve directional encoding, as it provides
more coefficient signals for increasing spatial
selectivity. These second and higher order Am-
bisonics (HOA) are expressed in terms of the real
spherical harmonics (SH) [18],

sin (|m|¢) if m <0,
cos (|m|¢) if m > 0,
(1

Y"(¢,0)=N,"B" sin@- {
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where Y denotes the spherical harmonic of order
n and degree m with ranges of —n < m < n, and
0<n<N. N;'is a normalization factor, P}
is the associated Legendre polynomial, ¢ the
azimuth angle, and 6 the elevation angle. Further
information about SHs can be found in [19].

One drawback of the Ambisionics format is the
existence of multiple standards concerning nor-
malization and chaneel ordering. The traditional
B-format, which consists of four channels, was
expanded by the Furse-Malham format (FuMa),
such that channels up to the third Ambisonics or-
der could be identified. For HOA, the Ambisonic
Channel Number (ACN) format was considered,
as it orders the channels corresponding to the
SHs following the relation ACN = I?>+1+m.
Regarding the Ambisonics’ normalization tech-
niques, the most common are: 1) maxN, which
is used in the FuMa format and is compatible
with the B-format, 2) SN3D semi-normalization,
adopted for the ambiX format [18], and 3) N3D
normalization, which is also supported by sev-
eral Ambisonics applications and has a simple
relation with SN3D. Authors in [18] proposed
ambiX, a standard Ambisonics format that facili-
tates exchange and communication when using
Ambisonics. This considers ACN as the offi-
cial channel ordering system, and SN3D the nor-
malization factor. The ambiX format has been
widely implemented in spatial audio plugins.

3. SPATIAL AUDIO PLUGINS

Creating and manipulating spatial audio requires
digital processing of the audio signals, which
can be managed by audio plugins. Software de-
velopers and audio researchers have provided
computational tools that help us synthesize, or
process, spatial sound. Virtual Studio Technol-
ogy (VST) and Avid Audio Extension (AAX)
audio plugins designed to handle spatial audio
can be incorporated in DAWs that allow multi-
channel inputs.

Spatial audio recordings commonly rely on an
array of microphones that capture the entire sur-
rounding sound scene. Nowadays, several com-
mercial microphone arrays are in the market,
such as: Eigenmike, Zylia, VisiSonics, Zoom
H3-VR, etc. The recorded audio signals are com-

monly processed using the scene-based approach,
resulting in a greater number of plugins based on
Ambisonics. However, the parameters’ extrac-
tion of the sound scene is also achieved by using
parametric models.

The maximum Ambisonics order N that the plu-
gins accept, is generally limited by the maxi-
mum number of channels that the host DAW can
support. However, plugins that rely on paramet-
ric models are typically limited to the third Am-
bisonics order due to its high computational cost.
Table 1 presents the plugin suites explored in this
work, as well as the maximum order that they can
deal with, and whether they are free or licensed.

Table 1: Spatial audio plugin suites.

Plugin suite | Order | Availability
IEM 7th Free
ambiX 7th Free
mcfx 7th Free
SPARTA 7th Free
COMPASS 3rd Free
HO-DirAC 3rd Free
Blue Ripple 3rd Licensed
Sound
b<>com 4th Licensed
HARPEX 3rd Licensed
SSA 7th Licensed
dearVR Ambi 3rd Free
Micro
dearVR Pro 3rd Licensed

In order to analyze and compare the functionali-
ties offered by the studied spatial audio plugins,
we separate them into these categories: encod-
ing plugins, decoding plugins, rendering plugins,
and digital spatial audio effects.

3.1 Encoding plugins

The encoding plugins aim to transform mono
or multichannel audio signals into different or-
ders of Ambisonics. The explored plugins are
listed in Table 2, in which we categorized them
to compare their characteristics.

For panning the audio sources, it is necessary
to define the desired sound position in terms of
azimuth and elevation angles, from which the
listener will perceive the sound coming from.
IEM StereoEncoder and SSA aXPanner plu-
gins are the most basic tools, which are able
to generate spatial sound up to 7th order of


https://mhacoustics.com/products
https://www.zylia.co/
https://visisonics.com/acoustic-measurement-visualization/
https://zoomcorp.com/en/us/handheld-recorders/handheld-recorders/h3-vr-360-audio-recorder/
https://zoomcorp.com/en/us/handheld-recorders/handheld-recorders/h3-vr-360-audio-recorder/
https://plugins.iem.at/
http://www.matthiaskronlachner.com/?p=2015
http://www.matthiaskronlachner.com/?p=1910
https://leomccormack.github.io/sparta-site/
https://leomccormack.github.io/sparta-site/docs/plugins/compass-suite/
https://leomccormack.github.io/sparta-site/docs/plugins/hodirac-suite/
https://www.blueripplesound.com/
https://www.blueripplesound.com/
https://b-com.com/en
https://harpex.net/
https://www.ssa-plugins.com/
https://www.dear-reality.com/products/dearvr-ambi-micro
https://www.dear-reality.com/products/dearvr-ambi-micro
https://www.dear-reality.com/products/dearvr-pro
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Table 2: Spatial audio plugins for encoding purposes.

m Input Output Panning | Reverberation | Filter | Directivity
ugin

IEM - StereoEncoder Mono X X
IEM - DirectivityShaper S terec; X X X
SSA - aXPanner X

IEM - Multiencoder ambiX - 7th X

ambiX - Encoder 64 ch X X
SPARTA - AmbiENC X

b>com - HOAPan 8ch | ambiX -3rd [—X

IEM - RoomEncoder . X X

SPARTA - 6DoFconv Mono | ambiX - 7th — X

SPARTA - AmbiRoomSim 64 ch X X

COMPASS - 6DoF* 16 ch ambiX - 3rd X X

SPARTA - Array2SH Microphone | ambiX - 7th X

ATK - AtoB array signals | ambiX - Ist

*Parametric processing

Ambisonics by panning static sound sources.
IEM DirectivityShaper offers the same func-
tionality, however, the input sound can be filtered
into four independent frequency bands, each one
with its own filter parameters and Ambisonics or-
der. Moreover, the radiation pattern (or directiv-
ity) of the sound source can be adjusted. Among
the plugins able to encode and panning more
than two sounds we found: IEM MultiEncoder
in which the gain of each source can be also
modified, ambiX Encoder that also offers direc-
tivity adjustment, and SPARTA AmbiENC that in-
cludes several loudspeaker layout positions as
presets, in order to facilitate the panning align-
ment of the sound sources. The b<>com HOAPan
and 03A Panner panning function supports up
to 8 independent input sound sources, which can
be encoded into the 3rd Ambisonics order. In
b<>com HOAPan, a distance attenuation and a
near-field effect can also be added to the sounds.
These encoding plugins consider a far-field con-
dition.

In addition to panning a sound source,
IEM RoomEncoder is a room acoustic simulator,
in which the user can move a sound source and
a listener into a virtual shoebox-shaped room,
simulating over 200 wall reflections. Attenuation
parameters can be also adjusted as well as the
room size. The SPARTA AmbiRoomSim plugin
also simulates room reflections, but it allows
up to 64 sound sources that can be placed in
the virtual room. This plugin’s output can be a

single 7th order Ambisonics signal, or several
lower order signals, as long as the 64 channels
are not exceeded. In contrast, external spatial
room impulse responses (SRIRs) datasets can
be imported in SPARTA 6DoFconv plugin to
simulate how a sound source would be perceived
by the listener in different positions of the room
and with different head orientations.

Based on [20], SPARTA Array2SH plugin en-
codes spherical/cylindrical array signals into Am-
bisonics format by using analytical descriptors,
which determine the influence of the microphone
array physical properties on the incoming sound.
Depending on the microphone array character-
istics, the plugin estimate the order-dependent
equalization curves that remove the influence of
the array itself. Besides including the specifica-
tions for several commercially available micro-
phone arrays, it is a convenient mean for obtain-
ing the spherical harmonic signals for custom-
build arrays. Lastly, the ATK AtoB plugin en-
codes four microphone signals into the 1st order
of Ambisonics by equally distributing the sound
throughout the sound field.

The plugins explained in this section output Am-
bisonic signals, which need to be decoded for
playback. In the next section, we present sev-
eral decoding plugins available for using within
DAWs.
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3.2 Decoding plugins

One goal of the research in the audio reproduc-
tion field is bringing a three-dimensional sound
field to a listening situation [12], either virtually
created acoustic scenarios or recorded scenar-
10s. This section includes several plugin descrip-
tions for decoding Ambisonic signals into mono,
stereo, binaural output, or into a loudspeakers
array. Table 3 compares the principal features of
the analyzed plugins.

3.2.1 Loudspeaker layout decoders

For decoding Ambisonic signals into specific
loudspeaker arrangements, ambiX Decoder and
b<>com HOA2Spk rely on a set of configura-
tion files containing a decoder matrix. In that
way, several standard surround configurations
can be selected to playback spatial sound. The
IEM SimpleDecoder plugin also allows the
user to import personalized configuration files
to decode the Ambisonic input. It also of-
fers a subwoofer functionality that allows us
to separate the input signal into two frequency
bands. When using the discrete subwoofer, the
upper band follows the configuration decoding
file, and the lower band is sent to a defined

subwoofer channel; whereas, the virtual sub-
woofer passes the lower band to all loudspeak-
ers. The TEM Al1RADecoder is a powerful plu-
gin which supports all the creation process of an
Ambisonic decoder for any desired loudspeaker
layout. Once the user has defined the number
of loudspeakers and its positions, the plugin
uses the AIIRAD technique described in [21]
to triangulate the layout and even include imag-
inary loudspeakers to disambiguate certain lay-
outs. The Ambisonics order is suggested to be
chosen depending on the separation between
the loudspeakers, for example: 2nd order for
60° spacing, or 7th order for 15°. In the fi-
nal stage, the decoder can be directly applied
to Ambisonics input signals, or exported to a
JSON file, which in turn can be used in plug-
ins that accept an imported configuration file, as
IEM SimpleDecoder.

3.2.2 Binaural decoders

IEM BinauralDecoder uses the Magnitude
Least-Squares (MagLS) technique to decode the
Ambisonic input into binaural headphone sig-
nals. The MagLS technique designs binaural
rendering filters for Ambisonic signals based
on magnitude-only optimization at high frequen-

Table 3: Spatial audio plugins for decoding purposes.

N Input Output HRTFs | HT | Filter | Diffuseness | DOA
ugin

IEM - AlIRADecoder
IEM - SimpleDecoder ambiX - 7th | Loudspeakers X
ambiX - Decoder layout
b<>com - HOA2Spk ambiX - 4th
IEM - BinauralDecoder ambiX - 7th X
ambiX - Binaural ambiX - 7th X
SPARTA - AmbiBIN ambiX - 7th X X X
SSA - aXMonitor ambiX - 7th . X
b<>com - HOAZ2Bin ambiX 4 | Dinaural X
COMPASS - Binaural* ambiX - 3rd X X X X
COMPASS - Binaural VR* ambiX - 3rd X X X
CroPaC - Binaural* ambiX - 1st X X X X
SPARTA - AmbiDEC ambiX - 7th Binaural, X
COMPASS - Decoder * ambiX - 3rd | Loudspeakers X X X
O3A - Decoder ambiX - 3rd layout X

Mono, stereo,
ATK - Decoders ambiX - 1st binaural, X

loudspeakers

layout

O3ABeamer - Virtual Microphone ambiX - 3rd | Mono, stereo
IEM - ProbeDecoder ambiX - 7th Mono

*Parametric processing
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cies, and disregarding the interaural phase differ-
ences above 2 kHz [22]. Moreover, it includes
headphone equalization for several commercial
headphones. In the ambiX Binaural plugin,
the Ambisonic signals are convolved with the
associated binaural loudspeaker IRs, this plu-
gin employs virtual loudspeakers. Using the
SPARTA AmbiBIN plugin, the user can select
from the following decoding methods: Least-
squares (LS), spatial re-sampling (SPR) [23],
MagLS, or time-aligment [24]; the last men-
tioned method can apply diffuseness correction.
This plugin also accepts, as input, positional in-
formation from a head tracker via an OSC con-
nection. A simpler binaural decoding plugin
that still maintains the maximum 7th order of
Ambisonics is SSA aXMonitor, which is com-
monly used to monitor how the Ambisonic sig-
nals sound over headphones. This plugin con-
volves the input signals with a set of HRTFs, that
can also be loaded by the user via SOFA files.
The b<>com HOA2Bin plugin includes, as pre-
sets, different HRTFs sets; some of them even
belong to a reverberant acoustic scene.

We found several binaural decoders based on
parametric techniques. They usually manage
up to 3rd order Ambisonics, and can involve
more computational complexity. The COMPASS
method, used in the COMPASS Binaural plugin,
operates on time-frequency transformed signals,
and processes the sound field to estimate its di-
rect and diffuse sound components. It can ex-
tract multiple source components up to half the
number of input channels by using MUSIC [25]
or ESPRIT [26] DoA estimators. The direct
sound component DoAs are used to process the
binaural output [16]. Then, the source compo-
nents are transmitted to the channels with max-
imum directional concentration from their es-
timate DoA, following the amplitude panning
gains, or the HRTFs. The user can import person-
alized HRTFs via SOFA files, and communicate
with a head tracking device via OSC messages.
Moreover, the COMPASS Binaural VR version
of this plugin also supports listener translation.

Binaural decoding of FOA signals can be
achieved by the CroPaC plugin [27], which offers
a performance comparable with 3rd order Am-
bisonics because of its high perceptual accuracy.

CroPaC estimates the sound source DoA via
steered-response power (SRP) beamforming [28]
and segregates the components founded in that
localization. Then, the ambient stream and the
sound source components are binauralized ac-
cording to the provided (or imported) HRTFs. It
also supports head tracking via OSC messages.

3.2.3 Decoding plugins with several output
options

The COMPASS Binaural method was included
in the COMPASS Decoder plugin, that pro-
cesses Ambisonic signals for loudspeakers play-
back and binaural reproduction. In the same
fashion, the SPARTA AmbiDEC plugin contains
SPARTA AmbiBIN, offering a binaural output
as well as loudspeaker layouts playback. The
principal characteristic that makes this plugin a
more powerful tool is the inclusion of three de-
coding techniques: AIIRAD decoder, Energy-
Preserving Ambisonic Decoder (EPAD) [29],
and Mode-Matching Decoding (MMD) [30],
which can be applied for low or high frequencies
depending on the necessities. Furthermore, each
channel can be panned in a specific position.

As O3A plugins are licensed, 03A Decoder uses
patented techniques to process the Ambisonic
signals into a binaural output or loudspeaker
arrays. Additional details about the decoding
process are no available. The 03A Beamer
Virtual Microphone extracts sound in a par-
ticular direction defined by azimuth and eleva-
tion angles, and the user can control the sharp-
ness factor. The output signal can be mono or
stereo, hence, this plugin can be useful to moni-
tor a specific sound source in Ambisonic signals.
Likewise, the IEM ProbeDecoder offers a di-
rectional mono channel output useful for testing
purpose. Finally, ATK Decoders are restricted
to process just FOA signals, and by using vir-
tual microphone decoders, extracts mono, stereo,
binaural, and loudspeaker array signals.

3.2.4 Ambisonics upmixing

The order of the Ambisonic signals directly
influences the spatial resolution of the sound
scene. Physical and practical limitations in the
recording microphone array restrict the maxi-
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mum order at which the sound scene may be
acquired [31], which consequently hampers the
accuracy of the spatial audio playback. Aim-
ing to alleviate this difficulty, several plug-
ins upmix lower-order Ambisonic signal into
HOA. Offering a basic upmixing function-
ality, 03A Injector and HARPEX ambiX pro-
cess up to 2nd order Ambisonic signals and
decode it into 3rd order. COMPASS Upmixer
and HO-DirAC Upmixer were implemented us-
ing the COMPASS approach to extract the Am-
bisonic recording parameters, and upmix the sig-
nals up to 7th order. The user can also modify the
diffuseness parameter, which controls the diffuse-
to-direct balance per frequency band. The more
‘direct’ sound is selected, the more the ambient
component would be attenuated, and the sound
source emphasized.

Some other plugins include the upmixing tool,
but also offer additional functionalities. In the
COMPASS Gravitator plugin, the user defines
Cartesian coordinates from which the DoA is
estimated. Later, the ’gravity’ parameter con-
trols if the enhanced Ambisonics order is ap-
plied equally on the sound source and the au-
ditory scene parameters, or just on the sound
source [32]. On the other hand, the princi-
pal objective of the COMPASS SideChain plu-
gin is to extract the sound scene parameters from
one Ambisonic sound scene, and apply those
parameters in the synthesis of a second Am-
bisonic scene, with the option of exporting a
higher order signal up to 7th order. Lastly, in the
COMPASS SpatEdit plugin, the user first define
markers that can follow the sound sources’ direc-
tion. The signals extracted by the beamformer
can be modified with audio effects or gain modi-
fication, and then they are passed to the second
instance of the plugin, in which the signals are
upmixed into HOA. Further details can be found
in [33].

3.3 Rendering plugins

Some spatial audio plugins include encoding and
decoding stages. In this work, we will refer to
them as ‘renderers’ because they receive audio
signals as input, and output playback audio for-
mats instead of Ambisonic signals. In this sec-

tion, we describe and compare the rendering plu-
gins functionalities.

SPARTA Binauraliser, b<>Spk2Bin, and
HO-DirAC Binaural receive up to 64, 32, and
16 audio channels respectively, and render them
into binaural signals. Regarding specific fea-
tures of each plugin, SPARTA Binauraliser
convolves input audio with the HRTFs by
applying normalized VBAP gains to the HRTF
magnitudes and ITDs. Additionally, the
sound sources can be individually panned and
filtered. b<>Spk2Bin uses a virtual loudspeaker
approach as well as HRTFs with or without
reverberation effects, and HO-DirAC Binaural
bypasses loudspeaker rendering by using HRTFs
directly; it also can receive head tracking
messages by an OSC port.

Similar to SPARTA Binauraliser,
SPARTA Panner applies the VBAP method to
the frequency-dependent panned input signals.
However, this renders the spatialized audio into
loudspeaker layout presets. SPARTA Spreader
1s also a renderer, which includes the additional
function of spreading an input sound source to
be reproduced over a large spreading area in a
diffuse manner. This is achieved by creating
mutually incoherent copies of the input signals
and applying decorrelators, as explained in [34].

HADES plugin processes 8 head-worn micro-
phone array signals and renders them into a bin-
aural output. An initial estimation of the binaural
signals can be achieved by: 1) a channel-based
option, which select two reference channels to
be routed into the binaural channels, 2) filter-and-
sum beamformers [35], or 3) Binaural Minimum-
Variance Distortionless Response (BMVDR)
beamformers [36]. Then, the plugin applies the
spatial covariance matching framework [37] to
enhance the initial estimate of binaural signals.
Also, with respect to head-worn microphone ar-
rays, the UltraSonic Super Hearing plugin
renders the 6 input signals into a binaural out-
put, with the special feature of making ultrasonic
sources audible for humans [38]. It employs the
DoA estimation and the pitch is shifted to an
audible range.

Among the rendering plugins which in-
put is limited to 16 channels, we found:
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1) HARPEX Stereo, in which the directivity
pattern of the virtual microphones can be
adjusted before being passed to the stereo output,
2) HARPEX Surround, in which the inputs can
be panned to be reproduced by a horizontal
loudspeaker array, 3) dearVR Pro that can
include reverberation, and the input signals
are panned into loudspeaker array presets, and
4) HO-DirAC Decoder that renders commercial
microphone array signals by estimating loud-
speaker signals using the EPAD technique, and
comparing it with the parametrical analysis of
the sound scene [39]. This can also produce a
binaural output, however, due to the processing
time, it can not be considered a lower-latency
time plugin.

Lastly, four rendering plugins limit their in-
put to 4 channels, and render them into mono,
binaural, stereo, or basic loudspeaker layouts.
Soundfield by R@DE plugin is exclusively re-
lated to the NT-SF1 Ambisonics microphone,
and dearVR Ambi Micro to the Sennheiser AM-
BEO VR microphone. HARPEX Shortgun in-
put can be raw tetrahedral or Double MS micro-
phones to be rendered.

3.4 Digital spatial audio effects

Spatial audio can be manipulated to achieve a
series of audio effects that modify the directional-
ity, spaciousness, reverberance, etc., of the sound
scene. In this section, we present several plugins
that achieve spatial audio effects and can also be
included in DAWs. The Ambisonics order sup-
ported by each digital effect corresponds to the
maximum order of each plugin suite (Table 1).

Scene rotators: The Ambisonic scene can be ro-
tated around the coordinate axes, across an arbi-
trary plane, or around the origin. The plugins as-
sociated to this feature are: IEM SceneRotator,
ambiX Rotator, ambiX widening, SPARTA
Rotator, (03A Rotation, HARPEX Sound
field rotation, SSA axRotate, ATK
Mirror, and ATK RotateTiltTumble. Related
with this feature, IEM Coordinate Converter
enables to switch between spherical or Cartesian
coordinates, and ambiX warp that distorts the
sound field towards a plane.

Transformation matrix: The user can load a
configuration file containing a matrix that will
be applied to the input signals. This could
be used to apply spatial reverberation, for en-
coding microphone array signals for which an
encoding matrix is available, even to obtain
a binaural output by using a binaural head-
related impulse response matrix. For these spa-
tial audio transformations, we refer the reader
to IEM MatrixMultiplier,mcfx convolver,
and SPARTA MatrixConv plugins.

Filters/compressors: Some plugins offer
multichannel equalizers with different number
and type of filters applied to the frequency
bands of the input signals. Among the spa-
tial plugins with these characteristics, we
found: TIEM MultiEQ, SPARTA MultiConv,
mcfx filter, SPARTA Decorrelator, SSA
aXDeesser and SSA aXEqualizer. Sev-
eral plugins modify the gain of the input
signals by incrementing or compressing the
amplitude, such as: IEM OmniCompressor,
IEM MultiBandCompressor, mcfx gain
delay, 03A Gain, SSA aXCompressor,
SSA aXGate. With the objective to fil-
ter specific parts of the sound field, IEM
DirectionalCompressor, ATK Dominance
and ambiX DirectionalLoudness amplify,
filter or attenuate a region of the input signals.

Distance effects: The IEM
DistanceCompensator and ATK Near-field
plugins calculate the needed delays and gains
to compensate for distance differences between
loudspeakers, or reduce the proximity effect of
encoded signals.

3.5 Audio plugins for television systems 3.0

The Advanced Television Systems Committee
(ATSC) is an international organization that de-
velops standards for digital television. Hence,
the ATSC is responsible for defining the next-
generation broadcast standard for television.
ATSC 3.0 audio standards (A/342 Part 1, “Au-
dio Common Elements”) offer to bring sound
to a full 7.1+4 implementation, and incorporate
both Dolby AC-4 (A/342 Part 2, “AC-4 System”)
and MPEG-H audio (A/342 Part 3, “MPEG-H
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System”) into its audio encoder and decoder rec-
ommendations [40].

3.5.1 Dolby Audio System (AC-4) features

The Dolby Encoding Engine is a file-based com-
mand line interface application for encoding
Dolby Audio and Dolby Vision content [41]. The
engine includes a robust CLI and an API that
allows for straightforward integration into third-
party products and workflows.

Figure 1 depicts a Dolby emission encoding sys-
tem, which consists of an AC-4 encoder com-
bined with input and output stages appropriate to
the application. The emission encoding system
is not a normatively-specified part of the AC-4
standard. The user can request an evaluation
version of this licensed tool.

—

Video sync

Channel based
audio |

Objected based Main delivery

audio | Dolby emission
| encoding system

Special formats Hybrid delivery

(e. g. HOA)

Metadata

— _

Figure 1: Dolby Emission Encoding System.

3.5.2 MPEG-H audio system features

MPEG-H audio is the only Next Generation Au-
dio (NGA) codec able to provide immersive
sound using any combination of the three well-
established audio formats: channel-based, object-
based, and scene-based. It is possible to create
audio metadata to be used as input to an encoder
through the MPEG-H Authoring Suite (MAS),
which is an open-source and freely available soft-
ware [42] created by Fraunhofer IIS for authoring
MPEG-H audio scenes.

MAS is a set of tools, among which the MPEG-H
Authoring Tool (MHAT) stands out. The tool en-
ables easy MPEG-H authoring without the need
for a DAW. You can define specific MPEG-H pa-
rameters, instantly listen to your configurations,
and export your authored mixes as MPEG-H Pro-
duction Format (MPF), MPEG-H BWF/ADM,

or as a template XML file. Among its features we
find: monitoring layouts up to 22.2, combination
of channel-based components and dynamic au-
dio objects, interactivity features for component
gain and position, and binaural monitoring for
immersive audio reproduction over headphones.

Another tool to be mentioned is the MPEG-H
Conversion Tool (MCO), which converts MPEG-
H content between different file formats. The
MCO serves as an interface to the MPEG-H
Audio ecosystem, it also allows importing and
exporting MPEG-H Master files, as well as
BWF/ADM personalized files created by other
tools.The resulting files can even be edited and
enhanced using the MAS advanced feature tools.
In that way, MPEG-H authoring allows the con-
version of object-only content for music produc-
tions, and can be integrated into most existing
workflows that support up to 32 channels.

4. FINAL REMARKS

The development of technological devices that
support spatial audio has gained the interest of
both the public and the major technology com-
panies. Hence, there is a need to explore spatial
audio plugins that help users, small producers,
and developers, to manage or even generate spa-
tial audio. The free or licensed plugins presented
in this work cover most of the current needs for
spatial audio manipulation, from the encoding
of microphone signals, through the application
of audio effects, to the decoding into different
playback systems.

We hope that a greater number of people and
companies, who already work or intend to work
with these technologies, find this article an en-
lightening way to apply the spatial audio plugins
that are spread across the web. Additionally, the
presented comparative approach aims to ease the
selection of the most suitable audio plugins.
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