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Immersive Application for Real-Time Interactive
Music Performances Using Spatial Audio

Gianluca Fadda, Maurizio Murroni, Marian Alexandru, Nicusor Amarie, Vlad Popescu, Daniele Giusto

Index Terms—XR Audio, audio-visual systems, Networked Mu-
sic Performance, Real-Time Interaction, Quality of Experience,
Multimedia Coding.

Abstract—This paper proposes the implementation of an Ex-
tended Reality (XR) application that enables real-time streaming
of live music concerts, where users equipped with XR headsets
can interact with musicians in immersive virtual spaces. Musi-
cians are represented by avatars, each associated with one or
more audio tracks captured by a digital mixer. Using spatial
audio and real-time interaction mechanisms, the system provides
an engaging and dynamic concert experience, simulating the pres-
ence of a live audience while offering an user-controlled feedback
channel. In the proposed system, multitrack audio streams from
the musicians’ mixer are transmitted to the XR environment
via low-latency streaming protocols. These audio tracks are
spatialized in the 3D space using advanced algorithms such
as Head-Related Transfer Function (HRTF)-based rendering or
Ambisonics within typical 3D game engines (e.g. Unity, Unreal).
Each musician’s avatar, positioned in the virtual environment,
dynamically updates its location and sound directionality relative
to the musician’s position and orientation. Audience members can
interact with musicians in real time by providing audio feedback
(e.g. cheering, clapping, singalong), which are reflected on the
musician’s side by spatialized audio crowd responses.

I. INTRODUCTION

The pandemic conditions witnessed few year ago, pushed a
still growing worldwide interest for remote and distributed au-
dio production applications, both at industrial [1], [2], [3] and
academic [4], [5], [6] level. Indeed, since 2020, the number of
experimental events such as Networked Music Performances
(NMP) and live streaming of musical concerts to a remote
audience increased exponentially [7], [8], due also to the
technological progress of hardware and software technologies
supporting NMP [9], [10] (e.g. broadcasting platforms, audio
spatial mics, audio routing protocols, 360 and depth cameras,
etc.) and higher bandwidth availability [11] (e.g. FTTH, 5G,
etc.).
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A. Networked Music Performances

As previously stated, NMP applications have been a real
game changer in the past four years, enabling the collaboration
in terms of live performances between musicians situated in
different geographical locations. The main challenge remains
though the level of engagement and audio realism that is
still far from the one provided by an in-person performance.
Creating a natural and engaging auditory experience in these
situations is still a challenging task due to latency, spatial
disconnection, and lack of perceptual immersion. Therefore,
current research and implementation efforts address the fol-
lowing essential factors: spatial audio, low latency and jitter
thresholds to enhance the in-person experience within net-
worked environments.

B. Spatial Audio Techniques

In terms of spatial audio technologies, for the realistic
recreation of three-dimensional soundscapes, the HRTF [12]
and Ambisonics [13] techniques have recently become promi-
nent in NMP systems. Commercially available systems such
as Steam Audio [14] and Resonance Audio [15] deliver the
possibility to have real-time spatial rendering that dynamically
adapts to user orientation and source positions. The integration
of spatial audio into NMP has been discussed in [16], showing
how 3D audio increases the sense of presence and immersion
for remote performers. Other works implement hardware-
optimized solutions, [17] (FPGA-based) and [18] (SOC-
based), that look promising for reaching real-time spatial audio
rendering with very low computational latency. These systems
enable an accurate spatial positioning of audio sources for
the musicians, enhancing ensemble synchronization and spatial
awareness.

C. Low Latency and Jitter Thresholds

Latency is still the main limitation of NMP systems
considering the fact that the perceptual thresholds for
acceptable delay are around 20-30 ms for musical
synchronization [9]. According to [19], this threshold is
critical in real-time performances to maintain rhythmic
cohesion. Buffer optimization, packet prioritization, and edge
computing are some of the strategies explored to minimize
latency in audio transmission. State-of-the-art systems like
Soundjack [20] and LoLa [21], which allow very low latencies
under optimized network conditions, are among the most
used for high-performance musical collaboration. Recent
developments in the optimization of 5G networks has led
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Fig. 1. Proposed Architecture

to the inclusion of this communication standard for further
reducing transmission delays and ensure that quality remains
consistent across geographically dispersed musicians [22].

D. Enhancing In-Person Engagement

While NMP systems focus mainly on latency reduction,
recent studies and applications go further to replicate
the physical and emotional engagement of in-person
performances. The use of XR technologies has led to the
creation of immersive environments where musicians and
audiences can interact visually and aurally. XR concerts like
those depicted in [3] and projects like MINERVA [23] aim to
demonstrate how real-time spatial audio and visual data can
enhance presence and engagement, creating a shared virtual
stage for performers. Moreover, systems leveraging depth
sensors (e.g., Microsoft® Kinect™ and Intel® RealSense™
LiDAR) dynamically adjust spatial audio rendering based on
the musicians’ movements and orientations, further bridging
the gap between physical and networked performances [16],
[18].

This paper aims to introduce and discuss the key aspects
behind the design and implementation of immersive
applications (AR/VR/XR) that enable real-time streaming
of live music concerts, where users equipped with suitable
hardware (i.e. Smart TV with in-built camera and mic,
PC, smartphone, XR headset) can provide feedback to the
musicians through the virtual environment. This research has
two main scopes to investigate:

1) the bi-directional feedback mechanisms that maximize the
user experience on both sides of the application (end-users
hearing and seeing the concert and musicians playing the
songs);

2) the real time spatial audio generation approaches based on
spatial data.

This extended abstract presents the developed architecture,
describes its components and draws initial implementation
conclusions based on a list of critical challenges. The
performed tests, including the Quality of Experience (QoE)
evaluation, will be presented in the final paper.

II. PROPOSED ARCHITECTURE
A. Architectural Description

The proposed architecture, depicted in Figure 1, is divided
into three main layers: 1) Content producer/ Real Time NMP,
2) Cloud/Edge Server, 3) End User(s). On the Content Pro-
ducer side, the band performance is live video captured with
the aid of an array of at least four RBG-Depth cameras,
in our specific case the Intel® RealSense™ LiDAR Camera
L515. The RGB data, together with the information related
to the depth, are fed to the Position Capture block, where
the data are preprocessed in real-time in order to generate the
complete 3D scene, identifying the position of each musician
and allowing the extrapolation of the spatial information which
is fed to the Video Encoding block and also to the Spatial
Audio Engine block. The multitrack audio data is captured
via microphones or directly form the instrument amplifiers
through a Digital Audio Mixer (e.g. a Behringer X32 Compact
mixer) and fed channel-wise to the Audio Capture block. Each
channel represents one instrument, the singer’s voice being
captured also on a separate channel. In case of the drums,
where more microphones are used to capture the sound, the
different sound sources are mixed down internally on a unique
channel and fed as such further to the Audio Capture block.
The output of the main Content Producer/Real-Time NMP
layer consists therefore of the live video data, the depth
data, the multitrack live audio data, the control data and the
synchronization data.

The Cloud/Edge Sever layer implements the necessary mech-
anisms to synchronize the audio and video data (the A/V
Multiplexing block) and to build the entire 3D scene (the
Scene Building block). All the mechanisms are implemented
in the cloud, using a micro-services based architecture (e.g.
Docker/Kubernetes) and a real-time communication protocol
(e.g. WebRTC [24]). The avatars of the musicians are dynam-
ically built in terms of texture and position.

The End User layer receives the data from the cloud through
the Decoding block and builds the 3D scene for the final
user, rendering the content for multiple devices, such as 3D
headset or 2D screen, by means of the XR Composition and the
Avatar Rendering blocks. The user is interacting with the scene
through the rendering device, as follows: for the 3D headset
the movement of the user is extrapolated directly by using the



data delivered by the headset, while for the 2D screen, the
eyegaze of the viewer is analyzed by a 2D camera (dedicated
camera or cellular phone), using specific algorithms [25], [26].
The end user’s audio is captured by using the 3D headset’s or
the built-in camera’s microphone, correlated with the user’s
movement in the Audio-Interaction block and synchronized by
the Audio-Video Synchronization block. The user’s audio feed-
back, as a separate audio channel, is subsequently forwarded
to the Cloud/Edge Server layer where the delay is furthermore
compensated by the A/V Delay Processing block and then
forwarded to the live performance. The position of the user
is transmitted as spatial metadata through the Control+Sync
Data channel.

In the Content Producer/Real-Time NMP layer the audio is
decoded, the delay is again compensated to overcome network
delays and then fed to the Digital Audio Mixer as a separate in-
put feedback channel. Based on the spatial metadata, received
via the the Control+Sync Data channel, the audio feedback
is panned by the digital mixer (controlled by the mixer’s
SDK) and fed to each musician’s monitoring line (e.g. monitor
loudspeakers or in-ear monitors) to simulate the movement of
the user, creating a realistic audience representation also on
the musician’s side.

B. Architectural Challenges

Keeping latency below acceptable thresholds (e.g. 30 ms)
between the two endpoints is one of the key challenges, since
this technical condition is essential for reaching real-time inter-
action and synchronization between performers and audiences.
High-latency environments disrupt the flow of bi-directional
feedback and diminish the immersive experience. To tackle
this, the architecture incorporates low-latency streaming and
coding protocols, (e.g. RTP and Opus Codec [27]), which have
demonstrated effective real-time transmission capabilities in
platforms like JackTrip [28] and LoLa [21]. Additionally, the
use of 5G networks and edge computing solutions ensures
faster data transmission, minimizing latency for spatial audio
and multi-sensory feedback.

Bandwidth and scalability present another challenge, as
high-quality spatial audio and volumetric video demand sig-
nificant bandwidth, especially in large-scale implementations.
Object-based audio rendering technologies like MPEG-H 3D
Audio [29] and Ambisonics [13] provide scalable solutions,
enabling individual sound sources to be dynamically spatial-
ized while maintaining efficient bandwidth usage. For exam-
ple, Ambisonics can capture 360° soundfields, ensuring that
remote listeners perceive audio spatially aligned with visual
cues in XR settings. The integration of 5G technology further
enhances scalability by offloading processing to edge servers,
reducing the computational burden on local devices.

The synchronization of multi-sensory feedback, including
audio, visual, and haptic elements, is another technical hurdle.
Bi-directional audio feedback systems can further enhance
interaction by spatializing audience responses (e.g., clapping
and cheering) and transmitting them as real-time cues to
performers. Additionally, haptic devices can simulate remote

applause or heartbeat feedback, providing a richer sensory
connection between participants.

Through the combined use of spatial audio rendering, real-
time audio processing, and XR integration, the proposed archi-
tecture aims to create an immersive and scalable platform that
overcomes latency, bandwidth, and synchronization challenges
while fostering bi-directional interaction between performers
and audiences. These innovations lay the groundwork for a
transformative experience in interactive music performances.

III. CONCLUSIONS

The present paper introduce and discuss the key aspects be-
hind the design and implementation of immersive applications
(AR/VR/XR) that enable real-time streaming of live music
concerts, where users equipped with suitable hardware (i.e.
Smart TV with in-built camera and mic, PC, smartphone, XR
headset) can interact with musicians in a virtual environment.
A first proof-of-concept of the system architecture capable of
delivering real-time, spatially accurate audio experiences with
acceptable latency, scalable to support multiple participants
is presented. The study aims to develop innovative feedback
loops for audience engagement, such as spatialized applause
and dynamic performer-audience interactions. By addressing
these challenges, this research contributes to advancing immer-
sive networked music performances, paving the way for highly
interactive and inclusive musical experiences, new content
delivery and broadcasting-related services.

The extended abstract introduces and describes the proposed
architecture, outlines its components, and shares preliminary
implementation insights as well as the main challenges to be
addressed. The final paper will present the conducted tests,
including an evaluation of the user-perceived QoE, both for
the remote users, as for the content producers.
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