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Abstract—This paper focuses on aesthetic approaches, specific
projects and tools for online jamming involving immersive audio.
By ’online jamming’, we refer to the widespread practice of
individual performers located in different spaces collaborating
via the Internet in near real-time. By ’immersive audio’, we
mean the capture, processing and delivery of sound with three-
dimensional directional characteristics — specifically, through
binaural rendering via headphones. The first part of the pa-
per focuses on the spatial dimension of telematic performance
practices, which, compared to the temporal dimension of said
practices, is under-conceptualised in the relevant literature. The
second part highlights some perceptual requirements that need
to be considered when musicians play together and interact with
each other via binaural rendering. We then analyse a number
of tools, technical applications and artistic projects that can be
subsumed under an expanded understanding of online jamming
with immersive audio, two of which were developed in our own
research unit. The analysis namely draws on how these projects
aesthetically deal with spatial categories and how they respond
to the perceptual challenges. The paper concludes by measuring
the latencies of spatial audio plug-ins and streaming utilities. The
results show that the potential of such telemersive approaches is
promising and that such tools can be designed to address latency
issues, which are critical for online jamming.

Index Terms—telematic performance, online jamming, telemer-
sion, immersive audio, Ambisonics

I. INTRODUCTION

Today, a wide range of bi- and multidirectional stream-
ing tools are available for live interaction between remote
musicians over the Internet for telematic performances, also
known as networked (music) performances [1]. In addition to
pioneering utilities such as JackTrip [2], LoLa [3], UltraGrid
[4], Soundjack [5], Jamulus [6], TPF-Tools [7] or Artsmesh
[8], a large number of applications have emerged, particularly
in connection with or in the aftermath of the Covid pandemic,
such as SonoBus!, Qacktrip?, Quaxtrip®, Maxtrip*, FarPlay,
Elk live®, Koord”, OVBOX® or Digital Stage’. The list could

Thttps://sonobus. net
Zhttps://msp.ucsd.edu/tools/quacktrip/
3https://github.com/damonholzborn/Quaxtrip
“https://github.com/dispersionlab/maxtrip
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easily go on, and different tools each have specific features.
They are offered as standalone devices, web applications
or VST plug-ins for digital audio workstations, focus more
on audio or video streaming or differ in terms of network
architecture, internet quality of service flexibility, number of
channels available, audio codecs or latency characteristics, to
name but a few. This allows users the undeniable advantage
of being able to choose a specific tool to suit their individual
needs, whether for online teaching, online rehearsals, online
jamming or for demanding projects such as simultaneous
performances where stages and audiences are connected in
(near) real-time. In telematic performance practice, as well
as in the engineering of streaming tools that facilitate such a
practice, the time domain is well understood and explored. It
builds on one of the main specificities of this artistic format:
the propagation time of audiovisual signals between distributed
locations. While there are a number of systematic treatments of
such latency effects from technical and aesthetic perspectives
(e.g. [9] [10] [11]), there are no comparable conceptualisations
for the spatial domain. This is even more surprising as the
coupling of the acoustic characteristics of virtually linked
spaces is another key feature that distinguishes telematic
performance from other artistic formats. This lack is confirmed
by the conventional performance practice of networked per-
formances in real-time in front of a live audience: in order
to minimise crosstalk effects in the bidirectional arrangement
of the stages involved, instruments or other sound sources are
usually captured by microphones placed in the near field (see
e.g. [12] [13] [14]), largely erasing the spatial characteristics
of the room in which the performance takes place. On the
other hand, the signals received from the remote stage are
mixed on the local stage, merging the local and remote sound
sources into a coherent mix adapted to the local environment
[15]. Finally, the inevitable delayed feedback from the remote
location is often masked by artificial reverberation added to the
local mix [16]. Thus, the spatial characteristics of the remote
space(s), as well as the spatial effects of the intermediate space
(the Internet), are nullified, ’creating an ambiguous space that
confuses rather than elucidates the interaction between the
dispersed ensemble” [17] [18].



A. Typology of spatial configurations

Compared to latency issues, there seems to be no systematic
conceptualisation of spatial configurations in telematic perfor-
mances. In the temporal domain, Cardt and Werner [5] have
presented a now widely used categorisation based on aesthetic
aspects, namely regarding musical interaction styles as a
consequence of latency effects. The resulting approaches are
useful in the design, development and application of technical
devices for rehearsing and performing music in telematics.
Accordingly, this paper presents a classification of approaches
in the spatial domain, derived from a number of projects
that consider spatial acoustics as an aesthetic dimension. In
addition to a Space Ignoring Approach (SIA), which does
not consider the spatial configuration on a conceptual level,
we propose a classification into the following strategies:

Single Perspective Approach (SPA): The primary aim of
SPA is to create a consistent acoustic scene, integrating both
local and remote players as well as the acoustic consequences
of latency and feedback phenomena, according to the charac-
teristics of the local stage. The perspective of the latter is thus
the sole guiding principle, and the acoustic situation at the
different locations may differ considerably — a difference that
is not made aesthetically productive. The conventional practice
of close-miking, feedback-masking and rendering through a
Public Address System, as mentioned earlier, exemplifies this
approach when concert stages for respective audiences are
concerned. Another example is rendering through headphones
in an online jam, where individual musicians are in separate
locations and each musician may monitor a discrete person-
alised mix using techniques like panning, reverberation or
spatial audio. Each location thus has an individual acoustic
characteristic without being informed about the others.

Virtual Space Approach (VSA): In VSA, a shared virtual
acoustic space is created so that performers and the audience
at different venues experience an identical, or at least similar,
acoustic environment, merging the spatial properties into a
synthetic, overarching virtual space. This can be achieved
through an installative approach [19], concert performance
[20], headphone rendering [21] or by extracting properties of
the intermediary space, such as propagation time, and using
them to create a virtual acoustic space [22] [23]. The main
goal of this approach is to ensure that all performers at all
locations inhabit the same acoustic environment and interact
according to its properties [24].

Dynamic Space Approach (DSA): In the aforementioned
approaches, spatial characteristics are understood as a static
category. In contrast, DSA dynamically transforms the acoustic
properties of the involved physical or imaginary spaces over
time. Listeners (who might also be performers) are guided
sequentially through different spaces [25]. They can virtu-
ally visit the various rooms of involved performers [26],
experience the transformation between acoustic properties of
concert venues [27], witness the evolution from a point source
rendering over stereo to an Ambisonics sound scene [28] and
more.

Coupled Room Approach (CRA): Whereas the approaches
mentioned up to this point are based on an understanding of
a specific (real or imagined) acoustic space, CRA adopts a
synthetic strategy. It actively blends the acoustic properties of
the participating spaces into each other, making the influence
of the remote space’s specificities perceivable at the local site
and vice versa [29] [30]. This can be compared to acoustic
volumes coupled through an aperture in non-mediated real-
world contexts.

Spatial Discontinuity Approach (SDA): SDA actively re-
veals the rupture lines between the connected acoustic rooms.
It does not preserve the fidelity in relation to their equivalent
real-world sensory modalities” [31]. Instead, it avoids con-
structing a (real or conceptual) continuity between the involved
spaces, leading to a form of conflict or dissonance in the spatial
domain by actively making the rupture lines perceivable in the
interplay of the acoustic spaces involved [32] [33] [34].

Spatial audio, defined as the discipline of capturing, process-
ing and delivering sound with three-dimensional directional
characteristics [35] — which we will refer to as ’immersive
audio’ in the following — opens up a wide field of exploration
regarding the interplay of different room acoustics. This paper
focuses on aesthetic approaches, specific projects and tools
for online jamming that include immersive audio features.
By ’online jamming’, we refer to the widespread practice
where individual performers are located in separate rooms
and are brought together via the Internet — a form of (video)
conferencing for the performing arts. The goal of the strategies
observed and proposed here is to transform the telematic per-
formance practice to one which might be called telemersive’:
portemanteau consisting of ’telematic’ and ’immersive’ [36].

II. ONLINE JAMMING WITH IMMERSIVE AUDIO

With very few exceptions, publicly available streaming
tools suitable for online jamming in the field of telematic
performances lack functionalities in the area of immersive
audio. This is particularly remarkable given the widespread
adoption of spatial audio in the consumer sector in recent
years, namely in web content, gaming and home electronics
[37]. A number of videoconferencing utilities have adopted the
potential of immersive audio, e.g. Clubhouse!?, Gathertown'!
or respective audio features in Microsoft Teams'?. Binaural
rendering is now widely accessible and could therefore facili-
tate applications in telematic performances, bringing together
performers from different locations who listen to each other
through headphones.

However, there are reasons that complicate the introduction
of such technologies, primarily falling under two categories:
signal path latency and user-friendliness. Tools designed to
facilitate online jamming aim to optimise their latency charac-
teristics. The use of immersive audio can counteract this, as the
corresponding processing of the recorded and streamed sounds

10https://www.clubhouse.com

https://www.gather.town

2https://support.microsoft.com/en-gb/office/spatial-audio-in-microsoft-
teams-meetings-547b5f81-1825-4eel-alcf-f02e12db4fdb



requires additional time [38] [39]. Additionally, incorporat-
ing features for auralisation demands extra functionalities,
reducing user-friendliness. Furthermore, the application of
immersive audio in such contexts almost invariably requires
headphones, as few users have suitable loudspeaker systems
at home (and even if they do, playing could be significantly
disrupted by feedback effects). However, many musicians
feel uncomfortable when listening through headphones while
playing [40] [41].

However, these practical considerations are challenged by
using conventional streaming tools in telematics, where from
the player’s perspective, other musicians often overlap in the
overall sound image — a phenomenon that simple stereo
panning can only partially mitigate. Moreover, individual
players may apply reverb or other processing to their own
mix or transmit an already reverberated signal, leading to
mutual uncertainty about the acoustic environments of the
other players. This significantly complicates playing together.
Incorporating immersive audio into tools for online jamming
therefore involves balancing a wide range of possibilities
for designing individual and collective spatial environments
that binaural rendering offers with considerations of usability,
accessibility and the imperative for low latency.

The remainder of this paper is organised as follows: the
following sections explain some of the perceptual principles
that have to be respected when it comes to telematic per-
formances with immersive audio and binaural rendering over
headphones. Although the following considerations are based
on some findings in the field of binaural auralisation in general,
they take practices in the field of telematic performances with
immersive audio as their starting point and therefore do not
claim to be valid beyond this limited focus. Chapter III then
presents a meta-study where a series of tools and projects are
presented and analyzed, including network topologies for the
streaming of audio and spatial metadata. Chapter IV adds some
latency measurements for spatial audio plugins (SAPs) and for
streaming utilities used in the analysed tools and projects.

A. Perceptual considerations

Early experiments with streaming binaural signals date back
to the 1930s at Bell Telephone Laboratories. A dummy head
named Oscar was equipped with two microphones, allowing
listeners in another room to experience striking spatial acoustic
effects, feeling “acoustically transported to the location of
the microphones, no matter at what distance from them he
might actually be.” [42] The concept of binaural telephony and
teleconferencing has intermittently been explored in various
contexts [43] [44] [45]. The early history of telematic perfor-
mances and installations is rich with reflections on the spatial
dimensions — examples include Dieter Schnebel’s Drei-Klang
from 1971 [46], Bill Fontana’s intercontinental Sound Bridges
from the 1980s [47] and the pioneering “first professional-
quality audio streaming in a public musical event” by the
SoundWIRE group at Stanford University in 2000, which
involved recording, streaming and rendering of first-order
Ambisonics [48].

Nevertheless, the situation changes when considering net-
work music performances involving headphones. Once again,
the emphasis on time in telematic research appeared to disre-
gard spatial dimensions, notably in early clapping-experiments
on latency effects conducted in anechoic environments with
dry signals through headphones (e.g. [49]). It has been ob-
served that latencies manipulated under such controlled labo-
ratory conditions “would in real-life be smeared by multiple
acoustical reflections” and that reverberation would “almost
certainly mask the effect in more natural situations by cush-
ioning sharp-edged signal arrivals” [50]. The results of such
studies can therefore be seen as critical in retrospect, as they
ignore central perceptual aspects.

Nonetheless, the impact of spatial considerations on inter-
actions among geographically dispersed musicians remains
ambiguous. Carot, Werner and Fischinger [51] found no
discernible effects in their study involving percussionists;
indeed, the latter appeared distracted rather than aided by
artificially introduced reverberation. However, their study does
not specify the type of reverberation used. It is known that
certain of its benefits, such as externalisation, diminish if
applied incorrectly: for example, adding diotic reverberation
without interaural time or level differences does not enhance
externalisation [52]. Moreover, there could be perceptual im-
pairments if virtual acoustics and the listener’s perception of
the environment do not align, a phenomenon known as the
“room divergence effect”. It is plausible that the aforemen-
tioned study gave little consideration to such sensitivities, as
these experiments are often conducted in small rooms with
mono signals treated with synthetic reverb — conditions similar
to those of online jams.

B. Effects of reverberation

In contrast, latency effect studies focusing on perceptual
aspects clearly demonstrate the positive impacts of reverber-
ation. Gang et al. [16] introduced an “audio latency mask-
ing” technique using reverberation, creating a virtual scenario
where connected musicians perform as if in electronically
linked “reverberant music halls.” Objective measurements
comparing dry and reverberant acoustics indicated significant
improvements in performance synchrony with reverberation.
Subjective evaluations showed even more pronounced benefits;
musicians perceived less audio latency and their involve-
ment was higher, a crucial aspect for collaborative music
practices. Farner et al. [53] conducted hand-clapping exper-
iments across three acoustic environments: real reverberant,
virtual anechoic and virtual reverberant. Carefully planned
reverberation, including virtual reconstruction of real room
acoustics using binaural room impulse responses (BRIRs),
resulted in similar performance indicators between real and
virtual reverberant settings, both significantly better than in
virtual anechoic conditions. Schuett’s [24] findings confirm,
through negative evidence, that ensemble performance exhibits
greater resilience when delays are spatially manipulated (e.g.,
drummers separated by increasing distances and absent eye-
contact in a real-world setting) compared to electronically



manipulated delays (e.g., time shifts in dry signals over head-
phones). The hypothesis that aural cues such as reverberation
could explain this phenomenon, however, was not supported
when artificial reverberation was added to the dry signals:
this did not affect the interaction between musicians. Schuett
does not dismiss the potential of reverberation outright but
suggests that the artificial nature of the reverberation may
have prevented players from perceiving a shared auditory
space essential for cohesive musical interaction. He therefore
proposes to transport some of the reflection paths over the
internet separate from the dry signal or the use of convolution
reverb for future studies.

In summary, the outcomes of these studies appear to hinge
significantly on the manner in which reverberation is applied
rather than simply its application in the first place. In addition
to influencing objective measures such as precision and asym-
metry, subjective factors like engagement and cohesion also
prove pivotal. It is widely acknowledged that reverberation, as
a component of spatial auditory perception, yields beneficial
effects on perception and interaction within online jamming
environments.

C. Effects of binaural audification

The aforementioned configuration using BRIRs [16] rep-
resents an initial step towards immersive, spatial audio. In
addition to acoustics effects mentioned in the previous section,
binaural rendering enables more precise placement of sound
sources within the acoustic panorama compared to stereo pan-
ning, facilitating clearer separation in the perception of remote
players [21] [41]. A series of studies demonstrates that binau-
ral auralisation is beneficial in music performance or listening
contexts [54] [55]. Comanducci [40] conducted preliminary
tests with binaural audio in online jamming, yielding positive
results for auditory perception, though subsequent tests used
loudspeaker arrays due to the obtrusiveness of headphones for
the players. While the respective reports and documentation do
not systematically compare binaural to stereo rendering, they
offer promising qualitative assessments from the participants.

Tomasetti and Turchet [56] show the superiority of binau-
ral rendering with head-tracking over stereo in a simulated
online jamming environment. Here, the signals of individual
players were spatialised using 5th order Ambisonics and
binaurally rendered with a head-tracking system, ensuring
that fellow players remained ‘world-fixed’ in the auditory
scene. A qualitative survey found that the binaural plus head-
tracking system received higher evaluations than stereo across
several dimensions, including localisation of and connection
to the virtual musicians, distinction of one’s own contribution,
immersion, realism of the acoustic scene, sound quality and
social presence. The study’s limited informative value regard-
ing telematic performances stems from its simulated setting:
an individual musician played along with pre-recorded songs
in different genres, avoiding latency effects or interaction
behavior typical of telematic performances. Further in-depth
studies are warranted, as this study only placed sources in two
dimensions, did not apply any room simulation techniques and

used generic Head-Related Transfer Functions (HRTFs) for the
binaural rendering.

Nevertheless, an important observation hints at the user’s
behaviour in terms of embodied experience: the results which
showed that the participants moved their heads to a greater
extent in binaural condition suggest a stronger involvement,
granting players the possibility of taking a first-person per-
spective in their performative behaviour, as opposed to the
third-person perspective associated with stereo [56].

D. Externalisation

The binaural rendering of immersive audio is, therefore,
a promising approach for enhancing the immersive quality
of online jamming practices. However, achieving an accurate
representation of sound sources in binaural rendering through
headphones requires careful consideration of several factors,
particularly externalisation and localisation issues. Binaural
Ambisonics in particular often lacks externalisation, which is
the perception of a sound source positioned at a certain dis-
tance outside the head [57]. This inside-the-head locatedness
is a primary challenge for binaural rendering over headphones.
Individual HRTFs, which map the physical properties of the
user’s body and its influence on sound propagation, would
be necessary for an ideal representation. However, producing
individual HRTFs is complex and costly, making them imprac-
tical for the average user in online jamming contexts.

However, there are strategies to compensate for the lack of
individualised HRTFs. In addition to contextual information
such as visual cues, two types of cues improve the ability
to resolve the aforementioned ambiguities: well-controlled
environmental cues derived from models of room acoustics
and dynamic cues correlated with head motion of the listener
[41]. Research indicates that artificial reverberation can effec-
tively enhance the perception of externalised sound images in
headphone listening [44] [58]. To synthesise accurate acoustic
images, the ratio of direct to reflected energy may also play a
role in enhancing externalisation, with no significant difference
observed between early-reflection and full-reverberation con-
ditions for externalisation [59]. Studies suggest that a minimal
representation of a reverberant acoustic field is sufficient for
many contexts: for instance, no significant difference was
found when using reverberation algorithms in 1st or 3rd order
Ambisonics [60]. Simulating early reflections and higher-
order ambisonic (HOA) reverberation can be computationally
intensive, suggesting a potential trade-off to reduce processing
latency. Nevertheless, early reflections are crucial for creating
a realistic auditory scene, enhancing parameters such as en-
velopment and spaciousness, thereby augmenting the sense of
presence. The same applies to the directivity patterns of sound
sources, especially in environments where the sources and/or
the listening positions are moving, allowing for a perspective
in 6 degrees of freedom (6DoF).

E. Localisation

Localisation, the ability of the human auditory system to de-
termine the direction (azimuth, elevation, distance) from which



a sound originates, is another critical factor in binaural render-
ing. Several strategies can be employed to reduce localisation
ambiguities in binaural rendering. In the Ambisonics domain,
increasing its encoding order from Ist to 3rd significantly
enhances lateralisation in the perception of spatialised sound
sources [61] [62]. However, further increases in Ambisonics
order do not appear to notably improve localisation [63], at
least when generic HRTFs are used [64]. Again, this aspect
warrants consideration in the context of CPU usage. While
individually-tailored HRTFs also enhance lateralisation, data
suggests that most listeners can discern directional information
adequately using generic HRTFs, especially for azimuth [65],
which is more crucial than elevation in online jamming.

The limitations of generic HRTFs in localisation and ex-
ternalisation can be partly mitigated through dynamic bin-
aural rendering, which incorporates natural head movements
of listeners [59]. Self-initiated movements are particularly
effective in this regard [44] [66]. As demonstrated in the above
mentioned study by Tomasetti et al. [56], musicians appear
to exhibit greater movement in binaural rendering compared
to stereo, thereby enhancing localisation and externalisation
further. However, these benefits are contingent upon the sound
sources being *world-fixed’, or stable relative to the environ-
ment. Therefore, head-tracking enabled systems are essential,
significantly improving the externalisation and localisation
of virtual sound sources [67] [68]. In contrast, the absence
of head-tracking represents a compromise, diminishing the
accuracy of localisation and externalisation cues in binaural
rendering. Nonetheless, "head-fixed’ static binaural techniques
may still offer advantages over stereo, including enhanced
source intelligibility, reduced masking effects between sources
and a more spatially immersive experience.

Head-tracking systems are computationally efficient in
scene-based audio, as Ambisonic signals can be rotated us-
ing simple frequency-independent matrix multiplication. In
contrast, dynamic binaural rendering of object-based audio
typically requires fading or switching of filters (HRIRs or
Binaural Room Impulse Responses [BRIRs]) [69] [70], which
is computationally expensive and not yet explored in existing
online jamming tools. When working with Spatial Impulse
Responses [SIR], these are usually summed into a single
complete Ambisonic scene before applying rotation for head-
tracking [71] [72].

The complexity of the human auditory system can therefore
quickly lead to a similar complexity on the part of the technical
apparatus when it comes to simulating auditory scenes. Thus,
tools for telematic performances, including immersive audio,
have to mitigate a trade-off between the goal of perceptual
quality on the one hand and practical elements such as usabil-
ity, CPU usage, latency or bandwidth limitations on the other.
In the following chapter, a number of tools and approaches
are presented with their respective aesthetic dimensions.

III. ONLINE JAMMING TOOLS WITH IMMERSIVE AUDIO

In this chapter, a series of systems employed for online
jamming including immersive audio, primarily utilising open-
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Fig. 1. Signal flows of audio and spatial meta data (spat.) between locations
and their rendering (rend.): no coordination of room parameters (A); room
simulation on central server (B); coordination by prior agreement (C); or
through OSC in real-time (D).

source software, is presented. Some of these systems (intro-
duced and referenced below) are publicly accessible (digital-
stage-web, VRR, OVBOX, Tpf-jam-tool), while others are
documented sufficiently to enable reconstruction (VIIVA-NMP
audio system, dispersion.spat, IRENE, Zone). Two approaches
(Zone and Tpf-jam-tool) have been developed and are utilised
within our own research group at the Institute for Computer
Music and Sound Technology of the Zurich University of
the Arts. The tools are evaluated based on their use of
specific room simulation utilities, whether they employ head-
tracking in 3 or 6 Degrees of Freedom, their aesthetic approach
to spatial configuration (as discussed in Chapter I-A), their
coordination of spatial meta data between locations (see Figure
1), the host system, the streaming protocol used, whether there
are video functionalities and whether it is publicly available.
An overview is provided in Table I. The Ambisonics order is
given if applicable, and the main focus is highlighted in bold
where the spatial configuration and the spatial coordination is
concerned.

Besides the streaming of audio, which relies on various
protocols, and the consideration of perceptual issues when
processing immersive audio, as outlined in the previous chap-
ter, tools for online jamming must address how to coordinate
spatial parameters across different locations. The following
presentation of the tools and projects is organised according to
such coordination logics employed. Unless absent (A), these
logics are implemented via a central server (B), through the
prior exchange of room parameters (C) or through their real-
time exchange using the corresponding streaming utility (D).
An overview of the signal flow for spatialisation is provided
in Figure 1.

A. No coordination of room parameters between locations

Tools in this category focus on the sonic environment of
the local performers without accessing or coordinating with
spatial information from other locations. Apart from digital-
stage-web, which is limited to this configuration, most of the
other tools of this overview also allow such an approach.



TABLE I
SYNOPSIS OF TOOLS FOR ONLINE JAMMING WITH IMMERSIVE AUDIO: SPATIAL AUDIO PROCESSING (POSITIONING OF SOUND SOURCES [POS], ROOM
SIMULATION THROUGH CONVOLUTION [IR], FEEDBACK DELAY NETWORKS [FDN], RAY-TRACING [RT]), INTEGRATION OF HEAD-TRACKING (3 OR 6
DEGREES OF FREEDOM), SPATIAL CONFIGURATION (ACCORDING TO CHAPTER I-A, SPATIAL COORDINATION (ACCORDING TO FIGURE 1), HOST SYSTEM,
STREAMING PROTOCOL, INCLUSION OF VIDEO, PUBLIC AVAILABILITY; IN BOLD: MAIN FOCUS

Tool Spatial audio Head- Spatial Spatial Host Protocol Video | Public
processing tracking configuration coordination
s|ls |23 SlsIB|87|®|°]|"
z z Plrlr s
digital-stage-web X - X X Browser WebRTC X X
VRR Ist Ist - X X Pure Data AOO X
dispersion.spat 3rd X 3rd 3DoF X | x| x X x | MaxMSP JackTrip
VIIVA-NMP (1) 1st Ist - X | x X Reaper JackTrip
VIIVA-NMP (2) 3rd | 3rd 3DoF X X X Reaper SonoBus X
OVBOX Ist | x 3DoF X X generic zita-njbridge X
IRENE 3rd | Oth | 3rd | x 6DoF X X X X MaxMSP (Dante) X
Zone 3rd 3rd 6DoF X | x| X | X X | MaxMSP TTkit X
Tpf-jam-tool 3rd 3rd 3DoF X | x | X X X Reaper Tpf-client X X

Although they have the ability to exchange spatial information
between locations, immersive audio functionalities can also be
applied at each location independently. However, due to their
focus on a shared virtual space, in VRR, OVBOX and in the
hub mode of dispersion.spat, the spatial coordinates at each
location are forced to be identical. Aesthetically, tools in this
category represent the technological equivalent of the Single
Perspective Approach (SPA, see Chapter I-A).

Digital-stage-web:'3 Digital Space provides a set of tools
for online jamming, initiated in the aftermath of the COVID-19
pandemic: digital-space-pc is a standalone device for desktop
computers and has no immersive audio capabilities; digital-
space-ovbox 1is identical to the OVBOX device described
below; digital-stage-web is a browser-based web application
based on the WebRTC streaming protocol, which includes
a room editor that allows the local positioning of all sound
sources in a sound scene. In this application, no further spec-
ifications can be applied to modulate the room characteristics.

As a browser application, the spatial audio algorithms
executed directly in the browser are limited, and it uses
compressed audio formats to limit the bitrate at the cost of
introducing additional latency [73]. Consequently, it does not
(and does not aspire to) meet the latency standards for online
jamming and is therefore more akin to videoconferencing
utilities that include immersive audio, as mentioned above in
Chapter II.

B. Room simulation on a central server

An obvious approach to providing uniform spatialisation
for all locations is to perform the respective processing on a
central server. To do this, the signals from all locations must be
sent to such a server, at which point they are distributed back
in a star topology. The additional signal paths, along with the
unpacking and repacking process on the server, add latency, so
this approach may conflict with latency-sensitive situations. In
addition, the local performer’s signal also has to pass through

Bhttps://digital-stage.org/browser-version

the corresponding signal path, so it is heard with a delay
in the overall scene. Alternatively, the local performer can
suppress the returning signal, but then they are no longer part
of the acoustic scene. VRR and dispersion.spat in its hub mode
use this strategy. Aesthetically, it corresponds to the Virtual
Space Approach (VSA). In the case of dispersion.spat, options
are offered where the spatial and positional characteristics
can be changed dynamically, approaching the Dynamic Space
Approach (DSA).

Virtual Rehearsal Room (VRR):'* The audio-only VRR
is a standalone application written in Pure Data and based
on the Audio Over OSC (AOO)"S streaming protocol, both
of which are open source. As the title suggests, distributed
players gather in an environment that models the acoustics
of a virtual concert hall, based on IEM’s experience with
Ambisonics technology. By default, the virtual room is located
on a central server, where one of the participants, acting as
a ’conductor’, places the members of the ensemble in an
auditory scene in terms of azimuth and distance and applies
reverberation to the overall scene. The individual musician
then receives a binaural mix from the central server, either
with or without the local player included. There is no head-
tracking functionality.

As VRR delivers a standalone device, it is relatively easy to
use for players in an online jamming context, and the options
for virtual acoustics are displayed in a clearly organised
interface. The usability nevertheless comes at the price of
considerably high latency. The local player is either excluded
from the auditory scene, or the musician has to train to hear
themselves with delay of latency. An interesting option is
to use the latency as first reflection delay, so that it is less
disturbing. Additionally, the quality of the sound scene might
be compromised due to the lack of a functionality that keeps it
world-fixed. A peer-to-peer version where the VRR application
does the mix for each musician locally is mentioned in the

https://vrr.iem.sh
Bhttps://github.com/Spacechild1/aoo



documentation but not elaborated on. VRR does not seem to
be operational at present.

dispersion.spat [26] [74]: The utility is based on a similar
idea to VRR, in that the individual players are connected to a
central server where the virtual acoustics are facilitated. The
JackTrip protocol is used as the streaming protocol, wrapped
in a MaxMSP environment named Maxtrip. Maxtrip can
optionally be combined with a network utility, disperf'®, which
brokers the JackTrip connections, thus circumventing port
forwarding and firewall issues. For room simulation, the Spat
software suite developed by the Institut de recherche et coor-
dination acoustique/musique (Ircam)'” is used in its MaxMSP
version, combined with some elements of the Ambisonics
Externals for MaxMSP from the Institute for Computer Music
and Sound Technology (ICST) of the Zurich University of the
Arts'8.

Spat5.oper, as the central unit of Spat, allows differentiated
manipulation of the individual sound sources, derived from
Ircam’s research on perceptual properties. In addition to three-
dimensional panning and directivity parameters, it includes
parameters such as source presence, warmth and brilliance,
room presence, running reverberation and envelopment. Each
source can be linked to a room simulation where early
reflections, cluster reflections and diffuse reverberation are
designed. Instead of choosing contingent source and room
parameters, dispersion.spat bases them on the analysis of
Room Impulse Response (IR) measurements, which are then
used in SpatS5.oper’s reverberation enginge to mimic the
acoustic qualities of local and remote rooms. In addition,
it proposes an option to interpolate between different room
characteristics derived from IRs, so that it is possible to zoom
into the different acoustic characteristics of the connected
rooms. Finally, a feature for applying geometric trajectories to
the individual sources is integrated, technically based on the
Ambimonitor of ICST’s Ambisonics Externals for MaxMSP
and aesthetically based on the developer’s previous work with
Pauline Oliveros and her EIS system [75].

One of the most aesthetically intriguing aspects of disper-
sion.spat is the idea that room values can be manipulated in
real-time, allowing flexible changes in room qualities, e.g. the
interpolation between acoustic rooms measured by impulse
responses. Additionally, it allows the control of trajectories
of individual sound sources. Analysing the IRs and using
them in an algorithmic reverberation engine is computationally
efficient and allows flexible handling. Like that of VRR, disper-
sion.spat’s star-shaped streaming topology does not seem to be
optimised in terms of latency, as the signals are auralised on
a central server located at the same site as the JackTrip server
in hub mode. However, an alternative approach is proposed
using dispersion.spat instances at each player location, where
the room parameters are then coordinated via the exchange of

16https://github.com/dispersionlab/disperf

https://forum.ircam.fr/projects/detail/spat/

8https://www.zhdk.ch/forschung/icst/software-downloads-
5379/downloads-ambisonics-externals-for-maxmsp-5381

OSC messages between instances. dispersion.spat is currently
not publicly available.

C. Coordination of room parameters by prior agreement

If coordination between the room parameters at the different
location is desired and if the auralisation is not computed on
a central server, the relevant parameters must be exchanged
between individual locations. If the room simulation in the
Ambisonics domain is implemented with an algorithmic sim-
ulation, these algorithms can be exchanged in real-time, e.g.
by exchanging OSC messages between the locations (see
Section III-D below). However, this is not possible when using
convolution techniques, where the sound signal is convolved
with IRs measured in each of the players’ environments (or
in any other environment). In this case, the IRs must be
swapped and implemented prior to the performance. This is the
approach taken by the VIIVA-NMP audio system. Aesthetically,
this corresponds to the Virtual Space Approach (VSA).

VIIVA-NMP Audio System [76] [77] [71] [78]: The system
is based on a parent application called “Vocal Interaction
in an Immersive Virtual Acoustic (VIIVA)”, which allows
the user to participate in a pre-recorded group singing ex-
perience by taking on the role of a missing singer in the
group. Immersive audio rendering provides a performance
scene from the perspective of each singer. For a series of
telematic performances of spatially distributed vocal duos from
home networks, the system was adapted for Network Music
Performance (NMP) using the JackTrip protocol (VIIVA-NMP
(1)). Auralisation was based on spatial room impulse responses
(SRIRs) recorded with a 1st order Ambisonics microphone.
Three different rooms were captured, and SRIR recordings
were arranged to correspond to a virtual placement of the
singers in each room. The singers’ direct sounds were indi-
vidually convolved with the respective SRIRs (using MCFX-
convolver'®) at each location. The performers’ locations in the
virtual acoustic scene were manually specified using the con-
figuration files, then binaurally rendered with ambiX binaural
decoder?®. No additional sound processing or head-tracking
was applied (although the latter was technically implemented).
A series of performances were run with the three room
characteristics, achieving one-way latencies between 23 and
55 ms [71].

In a further development, the system was extended for an
XR application involving a four-piece rock band (VIIVA-NMP
(2)). Here, the auralisation model was significantly extended:
a larger number of SRIRs, now captured with a 3rd order Am-
bisonics microphone, were required to cover the positions in
the virtual environment. Three parallel spatialisation processes
were applied: 1. placement of the direct sources in the virtual
scene with ambiX encoder; 2. convolving early reflections
of each source with (the first part of) individual SRIRs; 3.

https://github.com/kronihias/mcfx

20S]IR files may be manually specified to define the performer locations in
the virtual acoustic scene and are loaded into the MCFX-convolver plugin
using configuration files.



convolving the late reflections of the summed signal of all
sources with (the diffuse reverb part of) a single SRIR (using
X-MCFX-convolver?!). All scenes are then summed into a
single complete scene so that rotation for head-tracking can
be applied (using IEM’s SceneRotator??), avoiding the need to
interpolate between discrete HRTFs for each discrete source.
Binaural decoding was achieved using the ambiX binaural
decoder and HRTFs from the SADIE II database?’. Reasonable
one-way latencies of around 23 to 26 ms were achieved with
the use of the SonoBus streaming software [77].

Among the utilities reviewed, VIIVA-NMP proposes the
most advanced system using room impulse responses in the
context of online jamming. To mitigate the high computational
burden of using multiple SRIRs, splitting them into early
reflection and diffuse reverberation is a viable option and
should not impose perceptual limitations. At the same time,
measuring SRIRs is a complex task that will not be a standard
for online jamming outside of academic institutions. It is, of
course, possible to use existing SRIR libraries such as Open
AIR? or the SADIE II database, but even then, the selection
and subsequent splitting of the IRs and the application of
correct delay lines would be a challenge when applied to a
concrete ensemble of players. Furthermore, scaling options
might be limited as they lead to an increase in the necessary
SRIRs and the computational burden.

D. Real-time coordination of room parameters using OSC

Unlike the use of IRs, which require prior exchange, algo-
rithmically generated room parameters open up the possibility
to be exchanged in real-time. In the present cases, this is done
using OSC messages. The streaming applications therefore
contain an OSC bridge, which allows OSC data to be streamed
in addition to audio data. Aesthetically, besides a Virtual Space
Approach (VSA), a Dynamic Space Approach (DSA) or a
Coupled Room Approach (CRA) is possible in some cases.

OVBOX [21]: The ORLANDOVviols Consort Box (OVBOX)
is another open source, audio-only application with a similar
conceptual approach to VRR: distributed musicians gathering
in a shared virtual acoustic environment. It relies on zita-
njbridge? as the streaming protocol, and to optimise latency,
the application is implemented in C++ on a Linux mini-
computer (Raspberry Pi; OVBOX RP), although there is also
a standalone device for desktop computers (OVBOX DT). The
central piece is a configuration server, implemented on the
local hardware, which coordinates the virtual room acoustics
that are computed on the local machine and coordinated
with the other locations via OSC messages. The acoustic
simulation is based on a geometric acoustic simulation tool,
TASCAR?®, which places each individual source in a 3D space

2l http://www.angelofarina.it/X-MCFX htm
22https://plugins.iem.at/
Zhttps://www.york.ac.uk/sadie-project/database. html
2*https://www.openair.hosted.york.ac.uk/?page-id=2
2Shttps://github.com/digital-stage/zita-njbridge
26https://github.com/gisogrimm/tascar

with the dimensions azimuth and distance, surrounded by a
shoebox room model whose dimensions can be manipulated
by the user in a browser interface. Reverberation is simulated
using a feedback delay network, but operates in the Ist order
ambisonics domain, with rotation operations on each reflection
filter. The application includes optional head-tracking. It is
publicly available, either from the author’s personal website?’
or from Digital Stage®®.

The OVBOX has chosen an approach that does not rely
primarily on spherical harmonics, but on a “direct” rendering
from the virtual source position to the binaural. The optimisa-
tion of the hardware through the construction of an embedded
system makes it possible to achieve ultra-low latencies that
are not comparable with the other systems mentioned in this
review. At the same time, compared to some of the other
utilities, it is limited to the Virtual Space Approach (VSA)
and does not allow more experimental strategies. Although
the room parameters are exchanged via OSC messages, a
modification in real-time is not applicable (and not intended).
In addition, the fact that players have to assemble their own
Raspberry Pi may deter users; those opting for the desktop
version will find a reduction in the benefits of ultra-low
latency.

IRENE [72]: As the extended version of the VIIVA-NMP
audio system, the Immersive Room ExtensioN Environment
(IRENE) is an XR application, and similar to VIIVA-NMP
(2), it also works with avatars as visual representations of
the players, although it only recreates a one-to-one situation.
The immersive audio part relies heavily on the IEM plug-
in suite: directivity patterns are calculated for the individual
sources (DirectivityShaper), then discrete position-dependent
early reflections are generated as a function of room size, wall
properties and listening position (RoomEncoder). In parallel,
an additional acoustic simulator (MCRoomSim?®) based on
a ray-tracing method [79] pre-simulates diffuse reverberation
that is convoluted with the direct sounds. All signals are
then summed to an ambisonic scene, rotated according to
head movement (SceneRotator) and decoded binaurally (Bin-
auralDecoder). In this environment, the performers — one on
each side — are tracked and can move in 6 degrees of freedom
(6DoF). The system, which is implemented in MaxMSP and
exchanges room properties through OSC data, has only been
tested on a local area network using Dante?, where it achieved
one-way-latencies of 13 to 30 ms, depending on the buffersize.
Nevertheless, it is proposed to be implemented on wide area
networks as well.

IRENE is particularly interesting from an aesthetic point of
view, as it implements a Coupled Room Approach (CRA),
where the characteristics of the rooms involved are blended
together as if they were coupled through an aperture. Another
important feature is the focus on directivity patterns, which

2Thttps://github.com/gisogrimm/ovbox
2https://digital-stage.org/proben-und-auffuehren/per-ov-box
2https://github.com/Andronicus 1000/MCRoomSim
3Ohttps://www.getdante.com



plays an important role in 6DoF reproduction, taking into
account the acoustic behaviour of moving sound sources.
However, extending the one-to-one situation to a multi-player
jamming situation (which is not the intention of IRENE)
creates obstacles: each source has to be encoded and processed
with an individual DirectivityShaper and RoomEncoder, which
leads not only to complex handling and coordination problems
between the locations, but also to a considerable computational
load. Depending on the hardware, this can quickly lead to the
need for large buffer sizes and thus high latency.

Zone [25]: As the extended version of VIIVA-NMP (2),
Zone is an XR application. Like IRENE, it is designed for a
telemersive one-to-one encounter. And like dispersion.spat, it
utilises Ircam’s Spat5 application, but with one instance at each
location. Telemersive Toolkit, a MaxMSP wrapper developed
by our research group [36], was used as the streaming device.
It allows for the streaming of audio and video data (based
on the UltraGrid protocol), of OSC and motion capture data
and of other control data (via the integration of Open Stage
Control*!). In the performance, a visitor — together with their
dialogue partner from the remote location — wanders through
various virtual interior and exterior spaces. The respective
scene also corresponds to an acoustic environment, which is
played back binaurally via headphones and changes over the
course of the piece. All spatial audio processing is done with
Spat5.

As performance and audience move through different acous-
tic spaces in 6DoF, perceptive aspects like early reflections
and directivity patterns of the sound sources are of utmost
importance to ensure that the situation would not be perceived
as unnatural. In contrast to IEM’s RoomEncoder, which takes
into account the spatial relationship between the sound source
and the listener, this relationship in this case had to be ad-
ditionally calculated using a transformation matrix, computed
inside MaxMSP. The advantage of this method is that it can be
easily scaled to multiple locations and performers. In contrast
to IRENE, all sound sources can be summarised in a single
sound scene here, which increases clarity and computational
efficiency.

Tpf-jam-tool*?: The tool has been designed with the in-
tention of packaging our research group’s experience with
immersive audio and its powerful potential in telemersive per-
formance contexts into an easy-to-use tool for online jamming.
The local and remote sound sources are locally encoded into
an Ambisonics scene using the AmbiEncoder plugin of the
ICST-Ambisonics-Plugin-Suite**. Ambisonic reverberation is
added to the scene using the FdnReverb plugin from the IEM
suite, its SceneRotator is used for head-tracking and finally the
binaural rendering is done using the IEM’s BinauralDecoder.
The tool is implemented in Reaper DAW as the host system
from which the streaming utility — the Tpf-client based on the

31http://openstagecontrol.ammd.net/
3https://github.com/jschuett/tpf-jam-reaper-tool
33https://github.com/schweizerweb/icst-ambisonics-plugins/wiki

TABLE II
LATENCY MEASUREMENTS OF STREAMING UTILITIES, IN MILLISECONDS
FOR DIFFERENT BUFFER SIZES (BS)

Utility Mode | 64BS | 128BS | 256BS | 512BS

, P2P 533 6.66 | 2133 | 42.66
JackTrip 2.3.0 Fub 1333 | 2666 | 5333 | 106.66
SonoBus 1.7.2 P2P n/a 13.33 18.66 53.33

. Standard | 10933 | 8533 | 8533 | 96.00
UltraGrid 1.9 Ultra 10.66 | 1866 | 21.33 | 42.66
Tpf-client 2.0-b15 P2P 1066 | 12.00 | 1600 | 2533

AOO protocol34 — can be launched and controlled, and it is
possible to select pre-configured templates for ensembles of 2
to 16 players, including routing between the different software.
These functionalities are implemented using Reaper’s scripting
options, namely Lua.? In its standard version, Reaper allows
for the independent design of the acoustic scene at each
location. However, since the AmbiEncoder and FdnReverb
plugins can both send and receive OSC messages, the Tpf-
client includes an OSC bridge that allows relevant data to be
exchanged between the locations. In addition, the positioning
of the players in the Ambisonics scene can be modified at
each location to give the central perspective of the local
player, using the transformation matrix mentioned above in
the description of Zone.

Tpf-jam-tool takes a modular approach, relying on different
plug-in suites for spatial audio processing according to their
sound quality and latency behaviour. With the integration
of the DAW Reaper and the streaming utility Tpf-client, it
is specifically streamlined for online jamming with different
ensemble sizes. However, its open and modular architecture
allows it to be extended for more individual applications. On
a perceptual level, the room simulation is limited to distance
encoding (in the AmbiEncoder plugin) and an Ambisonics
FDN reverb, so no early reflections or directivity patterns are
computed.

The panorama of tools and projects collected in this chapter
impressively demonstrates the variety of solutions proposed
for the trade-off between perceptual aspects of binaural hear-
ing, technical workflows and aesthetic decisions. The different
models may provide orientation for the design of further
projects and tools in the field of telemersive performance.

IV. LATENCY MEASUREMENTS

Due to different motivations of the project authors and tool
designers, ultra-low latency is not a primary goal in all of
the above approaches. Some focus on the detailed design of
tonal and spatial sound parameters, knowing full well that high
and immersive sound quality can also lead to greater latency
tolerance. In other projects, the synchronisation of audio and
video components is more important than low audio latency.
Issues of usability or hardware limitations, especially CPU
consumption, are other aspects that can counteract latency

34https://github.com/zhdk/tpf-client
3Shttps://www.reaper.fm/sdk/reascript/reascript.php



reduction. Nevertheless, good latency performance remains an
important goal in the design of tools that combine telematic
performance practices with immersive audio. From a practical
point of view, it can be said that low latency expands artistic
possibilities: reducing an existing threshold is in some cases
not possible or only possible with great effort, while artificially
adding latency, on the other hand, is always an option. The
specificity of the telematic medium also invites practitioners
to accept latency as an artistic resource [5] [80] [33].

Latency measurements therefore provide important clues
when it comes to building tools to facilitate telematic per-
formances with immersive audio. Referring to a recent study
by Turchett and Tomasetti [39], the total audio latency path I
from a musician acting as a sender to a musician acting as a
receiver is composed as follows:

I'= )\ADC + )\audio—buffer + A acketization
p
+ /\network + /\jitler—buffer + /\depacketization

+ /\spatial—audio + )\DAC

The latency for the conversion of analogue to digital signals,
Aapc and Apac, is highly dependent on the hardware used.
The behaviour of the latter can be influenced by building an
integrated system — e.g. using a Linux mini-computer as in
OVBOX - or by optimising desktop computers by giving real-
time priority to the signal processing threads of audio software,
as proposed for the desktop version of OVBOX on Linux*.
However, this is beyond the scope of this study. Another
highly variable parameter is the latency of the network,
Anetwork- Depending on its quality of service, it also affects
the size of the jitter buffer, Ajiuer-butfer, Used to compensate
for network jitter. Finally, the audio buffer, A\uudio-buffer, due to
the acquisition of the system’s digital signal, depends on the
performance of the hardware used as well as the computational
requirements imposed by the processing of the spatial audio
t00lS, Agpatial-audio- The settings for both jitter and audio buffer
have a major impact on the latency behaviour.

To enable comparability, two aspects were therefore moved
centre stage and measured: firstly, the latency of the streaming
utility [Apacketization + Anetwork + )\jitter—buffer + Adepacketization] as
a function of Agygio-buffer and with optimised Apepwork and
minimised jitter. Secondly, the latency of Agpagial-audio Was mea-
sured, which in turn is divided into the aspects of encoding,
room simulation, scene rotation and binaural decoding:

)\spalial—audio = /\encoding + /\roomsim

+ )\scene—rotalion + )\binaural—decoding

The methodology of the measurements is explained in the
following two subsections; some of the results can be found
in Table II and III. It should be noted that the measurements
do not reflect the use of the tools in real-world contexts,
where many factors such as sound card hardware, clock
synchronisation, buffer size, internet quality of service, etc.
add additional latency. Nevertheless, experience shows that it

36https://github.com/gisogrimm/ovbox/wiki/LinuxLatency

TABLE 111
LATENCY MEASUREMENTS OF SPATIAL AUDIO PLUG-INS IN SAMPLES
*ONE MEASUREMENT FOR ALL PARAMETERS IN THE CASE OF SPATS

Parameter Suite Utility Subparam | samples
MultiEncoder 0
IEM DirectivityShaper 0
Aencoder ambiX ambiX encoder 0
ICST AmbiEncoder 0
Sparta ambiENC 64
RoomEncoder 396
IEM FdnReverb 0
York-tof 37
A ) ambiX MCFX York+tof 566
roomsim Maida Vale 152
Sparta ambiRoomSim 352
matrixconv York-tof 4133
IRCAM Spat5 48%*
1IEM SceneRotator 0
Arotation ambiX ambiX rotator 0
Sparta rotator 64
IEM BinauralDecoder 126
] binaural Icosaheder 4
A ) ambiX SADIE 92
decoding MCFX ViveCinema 12
DearVR AmbiMicro 24
Sparta ambiBIN 1536

is helpful to look at the discrete elements of the data flow and
use comparisons of these discrete elements to identify relevant
latency factors and to optimise overall behaviour.

A. Latency measurements of streaming utilities

Table II gives an overview of the measured roundtrip
times (RTT) for the streaming utilities used in the systems
presented in Chapter III. In the test design, two computers —
a MacBook M3 running MacOS 12.6.3 and a Linux laptop
running Ubuntu 24.04 — were the clients on each side. To
minimise network latency and jitter, we connected them on a
local network, including the server on the local infrastructure
where applicable. We used the Jack Audio Connection Kit®’
for routing, and round-trip latency was measured using the
Jack-delay utility®®. A sample rate of 48kHz was selected.
Jitter buffers were set as low as possible (‘receive buffer’ 2
in Tpf-client; *queue buffer length’ 2 in JackTrip, *minimum
jitbuffer’ in SonoBus). JackTrip was run alternately in peer-
to-peer and hub mode. UltraGrid was run alternately with
its default parameters and with the ’low-latency-audio ultra’
option. SonoBus in its MacOS version does not support Jack;
therefore, a second Linux laptop running Ubuntu 22.04 was
used for testing in this case. In this setup, no clean audio
transmission could be achieved with the buffer size of 64
samples. We did not measure OVBOX’ zita-njbridge or VRR’s
AQQ, as it builds on an old version.

In all tests uncompressed audio (PCM) was streamed.
However, most utilities allow the use of audio codecs at the
cost of additional latency. The Opus codec is considered to
be one of the most efficient [81], and it may be indicated in
the case of bandwidth limitations. In addition, the Opus codec

3Thttps://jackaudio.org/
38http://kokkinizita.linuxaudio.org/linuxaudio/



natively includes forward error correction, which may improve
audio quality in some environments.

As the results show, JackTrip in peer-to-peer mode performs
best at low buffer sizes (64 and 128 samples), while Tpf-client
performs best at higher buffer sizes (256 and 512 samples).
JackTrip’s hub mode adds a considerable amount of latency,
although its performance is still impressive at low buffer sizes.
However, network topologies with a central server can have
a major impact on latency, as signals from all sites have to
pass through this central node. UltraGrid needs to be run in
’low latency audio’ mode to be useful in latency sensitive
environments, but this is at the expense of lower reliability.

B. Latency measurements of spatial audio plugins

Table III gives an overview of the latencies induced by the
spatial audio plug-ins (SAPs) used in the systems presented
in Chapter III or mentioned in the relevant literature. The
measurements repeat a similar study by Tomasetti, Farina and
Turchet [38] and extend it to include some of the research
desiderata proposed there. One of these is the impact of SAP
processing latencies on different machines and with different
host programs. Another is to measure latencies with different
IRs in the room simulations and with different filter matrices
on the SAPs dealing with binaural decoding.

The test design used a MacBook M1 running macOS 13.4.
We chose Reaper as the host software, with the exception of
Spat5, which was run on MaxMSP. Alternatively, we also
tested the SAPs on MaxMSP and did not find any diver-
gence to the measurements with Reaper. Where applicable,
measurements were made with 3rd order Ambisonics signals.
To measure the processing latencies, we used an impulse as
the audio signal (Dirac’s Delta), recorded the output of the
signal separately for each plugin and analysed the latency in
samples. We tested the SAPs sequentially with buffer sizes
of 64, 128, 256 and 512 samples, and found no differences
in their latency behaviour (with the exception of some of the
Sparta plug-ins, which do not work with buffer sizes below
128 samples).

A summary of the results is presented in the next section,
following the categorisation presented at the beginning of
Chapter IV.

Aencoding: With the exception of the Sparta encoder, which
has a latency of 64 samples, all Ambisonic encoders operate
with zero latency. In the case of IEM’s DirectivityShaper, the
Ambisonics encoding represents the directivity and orientation
of the sound source, resulting in an encoded multichannel
stream that is usually referred to as O-format [82]. In ad-
dition, ICST’s AmbiEncoder includes some elements of room
simulation, namely distance encoding.

Aroomsim: Of the room simulation plugins, only IEM’s Fd-
nReverb does not add any latency, which is hardly surprising,
as it is a pure reverb plugin in the Ambisonics domain. The
algorithmic SAPs such as IEM’s RoomEncoder or Sparta’s
ambiRoomSim, on the other hand, introduce significant la-
tency in a dimension that is relevant in the NMP context.

It is important to note that, as far as convolution-based SAPs
are concerned and compared with the benchmark study by
Tomasetti, Farina and Turchet [38], a new situation has arisen
with regard to Matthias Kronlachner’s ambiX and MCFX
plugins. With their new release in version v0.3.0 (ambiX) and
v0.6.3 (MCFX), published at the end of 2023, they adopt an
approach proposed by Angelo Farina in his X-MCFX plugin
fork®: instead of hard-coding the internal buffer at 512, the
new versions now allow to work in “zero latency” mode, where
the plugin’s buffer is aligned with the buffer of the host system.
Both amiX and MCFX SAPs now include this functionality.

However, these SAPs do not work without latency — this
is due to the IRs used for reverberation, as the pre-ringing
of the direct sound is highly dependent on the length of
the IRs. Our measurements are therefore consistent with the
comparative study [38], where X-MCFX reached a latency
of 37 samples with an IR from the OpenAIR IR library*’,
a dimension now also measured with the new version of
the MCFX-plugin. However, we removed the time-of-flight
(530 samples) of the IR from the Openair library before
convolution (OpenAIR-tof); without this removal, the latency
is much higher (OpenAIR+tof). Applying the SIR measured at
the Maide Vale studios, as suggested by the VIIVA-NMP (2),
the induced latency is again significantly higher, even after
truncating the time-of-flight (130 samples) and only using the
first part of the SRIR. The Sparta room simulation plugins
seem not to be suitable for these contexts as their latencies
are high, notably for convolution, which is CPU intense and
only works with high buffer sizes.

Ascene-rotation: With the exception of the Sparta scene rotator,
which has a latency of 64 samples, all scene rotators in the
Ambisonics domain work with zero latency.

Abinaural-decoding: Regarding the algorithmic binaural de-
coders, the high latency of the Sparta decoder is noteworthy,
while dearVR’s AmbiMicro plugin*' shows the best perfor-
mance when compared to a higher value for IEM’s binaural
decoder. The same situation as used in the room simulation is
repeated for the convolution-based decoders, depending on the
filter matrices (HRIRs) taken from the ambiX binaural decoder
pre-coded settings (Icosaeder), from the SADIE database (as
proposed by VIIVA-NMP) or as used in [38] (ViveCinema-
Ambix2Bin.wav*?).

In the case of tools and projects that use IRCAM’s Spat5
(dispersion.spat, Zone), it is ineffective to split up the sub-
processes of the spatial audio processing, as the correspond-
ing algorithms largely summarise them. Spat5 is optimised
especially for live contexts [83], and this is reflected in
our measurements in an extraordinarily favourable latency
behaviour.

The latency measurements of the SAPs largely confirm
the findings of the comparative study [38], and they seem

3http://www.angelofarina.it/X-MCFX_ htm
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independent from hardware (MacBook or Dell Alienware),
operating systems (Apple M1 or Windows 10) or host systems
(Reaper, MaxMSP or Plogue Bidule®}). In summary, Am-
bisonic processing through channel gains (i.e. encoding, rota-
tion) can typically be computed with zero latency. Real-time
geometric acoustics are computationally more expensive in
comparison and require processing buffers, which add latency.
In contrast, Ambisonic convolution can be computed with zero
additional processing latency; however, additional latency may
be part of the impulse response used in convolution, and the
measurements show that the time-of-flight and length of IRs
must be carefully considered. Finally, the use of Spat5 as a
spatial audio engine for telemersive performances seems a
viable option, given its low processing latency, if there is a
willingness to work within the MaxMSP environment.

V. CONCLUSION

This paper analyses a series of projects and tools for
telematic performances, including immersive audio, in terms
of space and time domains. In order to mitigate important
aspects of this format such as perceptual quality, ease of use,
CPU consumption or latency behaviour, these projects and
tools follow different paths in terms of network topologies,
choice of streaming protocols, coordination of metadata for
spatialisation and utilities for spatial audio processing with
reference to algorithmic or convolution-based methodologies.
In addition, the examples show clear choices in terms of
aesthetic aspects that include space as a causal factor in
telemersive performance practices. Some of the findings are
summarised in Table I. They can be helpful for the creation
of further tools and projects in this area, and indeed, they have
been for our own exploration into developing appropriate tools
and protocols in XR contexts (Zone) or for online jamming
purposes (Tpf-jam-tool).

The analysis also includes latency measurements. The re-
sults are summarised in Table IV. For the compilation, a dis-
tinction was made, where possible, between the measurement
of the SAPs and the measurement of the streaming utility used
in the individual tools and projects, as measured in Chapter IV.
This is not possible for digital-space-web and OVBOX due to
their integrated systems, so only their total round trip latency
through the whole system is given here. As the measurements
for digital-web and OVBOX in its Raspberry Pi version would
require a different methodology from the one proposed in this
study, we refer to the information provided by the developers.
These are therefore not directly comparable with the other
measurements and are shown in brackets in Table IV. The
information might still be useful as a guide. In the case of
projects using Spat5, only the latency of the entire spatial audio
processing is given. For the streaming utilities, we have chosen
the variant that is central to the project in question. For the
sake of comparability, we have chosen the values for a block
size of 126 samples, as smaller block sizes are not realistic for
most hardware environments in the context of online jamming.

Bhittps://www.plogue.com/products/bidule.html

The SAP values refer to one-way latencies. From a per-
ceptual perspective and in a bidirectional setting, the audio
signal has to be auralised on each side before it reaches the ear
of the respective performers. The values therefore have to be
doubled for the round trip time (RTT). The total latency results
from the sum of twice the value of the SAP latency (except
for dispersion.spat, where this process only takes place once
on the central server) and the value of the streaming utility
measurement.

As the values demonstrate, the use of immersive audio
in online jamming practices is within the realms of possi-
bility, even in latency-sensitive environments. However, the
measured values are largely theoretical for the time being;
the specific hardware and software components, block size
settings, internal routing and other hardware latencies, such
as analogue-to-digital conversion, will play a significant role.
When measuring the streaming utilities, the propagation time
of the internet was ignored and jitter was kept extremely
low; both do not correspond to real conditions and are a
source of considerable latencies in telematic practice. These
are even more pronounced in network topologies that choose
an approach with a central server. Even if the comparison
of the various tools and projects under real-world conditions
remains a desideratum, the measurements do provide some
indications of what needs to be taken into account.

Besides placing sound sources in the virtual acoustic scene,
two fundamentally different approaches are chosen for the
room simulation: geometric acoustics or the use of impulse
responses. Perceptually, the latter produces more natural re-
sults, but the collection and handling of IR data is complex
and quickly becomes computationally expensive when scaled.
To overcome this difficulty, tools that incorporate convolu-
tion techniques usually distinguish between direct reflections
and diffuse reverberation. VIIVA-NMP uses SRIRs for both,
convolving the former with the individual sound sources and
the latter with the whole sound scene only in favour of
computational efficiency. IRENE combines algorithmic early
reflections with diffuse room responses derived from a ray-
tracing room model. dispersion.spat takes the opposite ap-
proach: it feeds the room simulation engine, based on Fdn
reverb, with parameters derived from IR measurements of
actual performance spaces. Finally, the authors of VIIVA-NMP
(2) propose another hybrid approach with convoluted SRIRs
for early reflection and feedback delay networks for diffuse
reverberation as a research desideratum.

Working with SRIRs also leads to difficulties with move-
ment, whether of the listener’s head or of moving sound
sources, in which case interpolations between different SRIRs
would be necessary. Their absence may be perceptually neg-
ligible in static sound scenes, but tools that allow 6DoF
have other affordances and should include the audio object’s
directivity pattern so that sound intensity and spectral changes
may be simulated convincingly upon variation in its orientation
relative to the position of the listener [84]. Approaches pre-
sented in IRENE, VIIVA-NMP (2) and Zone transcend the idea
of online jamming towards acoustic practices in the Metaverse.



TABLE IV
TOTAL LATENCY IN ROUND-TRIP TIME (RTT) OF TOOLS FOR ONLINE JAMMING WITH IMMERSIVE AUDIO (ACCORDING TO TABLE II AND TABLE III)

Tool )\encoding | Aroomsim ‘ Arotation ‘ )\decoding SAP Streaming RTT
latency in samples latency latency in ms
digital-stage-web - (120 ms)
dispersion.spat spatS.oper JackTrip
48 s 48 s/ 1 ms 27 ms 28 ms
OVBOX DT - (29 ms)
OVBOX RP - (10 ms)
VIIVA-NMP (1) - MCFX - ambiX-binaural JackTrip
37 s 4s 41 s/ 1 ms 7 ms 9 ms
VIIVA-NMP (2) ambiX-encoder MCFX SceneRotator ambiX-binaural SonoBus
0s 152 s 0s 92's 244 s /5 ms 13 ms 23 ms
IRENE DirectivityShaper | RoomEncoder | SceneRotator ambiX-binaural (Dante)
0s 396 s 0s 4 400 s / 8 ms - (16 ms)
Zone spatS.oper TTkit
48 s 48 s/ 1 ms 19 ms 21 ms
Tpf-jam-tool AmbiEncoder FdnReverb SceneRotator | BinauralDecoder Tpf-client
0s 0s 0s 126 s 126 s / 3 ms 12 ms 18 ms

Advanced IR-techniques will not be practical for an online
jamming tool which should flexibly adapt to different ensem-
ble sizes and players at home networks. For this specific use
case, it is preferable that the individual sound sources need not
to be simulated individually on individual tracks but can be in-
tegrated in a multi-encoder graphic interface. dispersion.spat,
Zone and Tpf-jam-tool offer such a functionality.

Another avenue for future work concerns the involvement
of musicians to evaluate the qualities of SAPs from the
point of view of musicians’ perception. Some studies exist,
particularly for binaural decoders [85] [86] [87]. At the same
time, a systematic comparison of room simulation SAPs would
be difficult to achieve, as they vary widely across multiple
parameters or differ in terms of the IRs chosen. Aesthetic
decisions in this area are largely left to the artistic experience
of the practitioner.
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