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Abstract—Live hybrid and remote-attendance XR performances
require spatial audio that reacts to listener translation as well
as head rotation. SHAPE (Spatial Hybrid Audio Pipeline for XR
Events) is an architecture that keeps three audio layers separate
from capture to binaural output: object-based performer feeds,
a distributed Ambisonic audience/venue bed, and a measured
room-response layer. The separation gives each layer its own
quality, latency, bandwidth, and privacy requirements and yields
explicit rules; e.g., room rendering is applied only to performer
objects, since the captured ambience already contains the room.
We specify a baseline rendering method for each layer of a 6DoF
scene, with position-dependent node selection for the ambience, a
latency model separating local, network, and rendering timing
domains, and privacy requirements mapped to implementation
decisions. Engine-native multichannel I/O and single-node first-
order Ambisonic encoding are implemented. Six measured room
responses provide broadband decay data, and an evaluation
protocol defines how the claimed advantages will be tested. SHAPE
is intended as a reusable framework for small and medium cultural
venues.

Index Terms—networked immersive audio, 6DoF spatial audio,
Ambisonics, object-based audio, room impulse response, hybrid
XR performance, binaural rendering, privacy-by-design

I. INTRODUCTION

Live hybrid and remote-attendance extended reality (XR) per-
formances are moving from conventional audio-video streaming
towards environments where remote participants can explore
a virtual representation of the venue, so the audio scene must
react to head rotation and listener translation. This is especially
relevant for musical performances, where the perceived position
of performers, audience reactions, and room acoustics all con-
tribute to the experience. Previous audience studies on remote
music events report reduced sensory richness compared with
physical attendance and identify deeper immersion as an unmet
need for future platforms [1], [2]. Several parts of this problem
have already been addressed in the literature. Object-based
audio supports independent rendering of individual sources [3],
while six-degrees-of-freedom (6DoF) methods extend spatial
reproduction to listener translation [4], [5]. SHAPE therefore
does not claim novelty for 6DoF rendering, Ambisonics, object-
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based audio, or auralisation from measured rooms considered
separately. The aim of SHAPE is instead to organise these
elements for networked hybrid performances while keeping
three audio components separate: performer objects, the live
audience/venue ambience, and the measured acoustic response
of the venue. Each component can then be captured, transported,
rendered, and protected according to its own requirements.
SHAPE is developed within the EU Horizon Europe project
HEAT (Hybrid Extended reAliTy), which integrates holographic
imaging and multi-sensory media into distributed hybrid XR
experiences [6]. The contributions are the SHAPE layer
architecture with per-layer requirements and routing rules,
a baseline rendering specification for each layer including
a hybrid geometric/measured room layer, a latency model
separating local, network, and rendering domains, privacy-by-
design objectives mapped to implementation decisions, and a
room-response analysis informing the room-layer design.

II. RELATED WORK AND POSITIONING

Networked and immersive musical performance has a long
history. Early work established immersive audio-visual envi-
ronments such as CAVE [7], while Remote Media Immersion
and Distributed Immersive Performance explored geographi-
cally distributed performance over high-bandwidth research
networks [8]-[10]. Ambisonic spatialisation was later used
in networked musical-performance systems [11]. More recent
work spans web-based performance environments, telematic
audio for online jamming, low-latency networking, interoper-
able spatial-audio rendering, and immersive media [12]-[19].
Within HEAT, earlier systems streamed per-instrument mixer
tracks spatialised in Unity at performer positions from RGB-D
capture, returning audience audio to the musicians [20], [21].

Listener translation and measured-room auralisation are
also established research topics. Cairns et al. already demon-
strate server-side 6DoF auralisation with interpolation of
measured spatial impulse responses, although their wireless
endpoint missed its motion-to-sound target [22]. Stefani et
al. demonstrate efficient real-time 6DoF convolution of mea-



sured responses, with response selection and crossfading [23].
McCormack et al. render tracked sound objects and residual
ambience from multiple distributed Ambisonic receivers accord-
ing to listener position [24]. Politis et al. interpolated spatial
parameters of multi-point first- and higher-order Ambisonic
(FOA/HOA) recordings instead of mixing spatially separated
microphones, reducing coloration and ambiguous cues [25].
SHAPE’s contribution is a production-oriented organisation:
performer objects come directly from the live production
chain, a separate distributed Ambisonic layer carries the
audience and venue ambience, and a third layer supplies venue-
specific acoustics from measured room impulse responses
(RIRs). Separate layers can follow their own capture, transport,
processing, and privacy rules; in particular, a dry performer feed
can receive a measured room response without reverberating
the audience recording twice.

III. SHAPE ARCHITECTURE AND IMPLEMENTATION
A. Layers and Implemented Components

SHAPE separates the audio scene into three layers (Fig. 1).
Performer signals from close and spot microphones, whose
capture has been tested, remain individually addressable
objects. The ambience layer is designed around N Ambisonic
capture nodes distributed in the audience area. Venue acoustics
are represented by RIRs acquired before the event. Two
components are implemented in Unity and run in real time, but
separately, not yet as one live chain or with the renderer. An
engine-native I/O bridge exposes a professional ASIO interface
inside the engine audio thread: driver callbacks write into
wait-free single-producer/single-consumer (SPSC) ring buffers,
and an asynchronous sample-rate converter (ASRC) driven by
a proportional—integral fill-level controller reconciles the hard-
ware and engine clock domains. It also provides direct input-
to-output monitoring and diagnostics (levels, under/overruns,
buffer fill, resampling correction). The capture-node encoder
converts the four capsule signals to first-order AmbiX (ACN
ordering, Schmidt semi-normalised SN3D) inside the engine
audio callback, using an engine-independent core; its mapping
between Unity’s left-handed frame and the right-handed
Ambisonic frame has been verified with reference inputs. For
ideal cardioid capsules on a regular tetrahedron, the encoder
computes W = 23", 4; and {X,Y, Z} = q:?{X, Y, Z} aws
with X;aw = Arru + Arrp — ABLD — Apru and sign
patterns (+,—,+,—) and (4+,—, —,+) for Yiaw and Ziayw,
output in ACN order (WY, Z, X); the sign accounts for
inward-facing capsules [26]. The current node, four Behringer
C-2 cardioids without non-coincidence correction, calibration,
or measured polar response, has a capsule spacing that lowers
the upper limit of valid FOA encoding. The encoder has been
run on live input from this array, captured without the bridge.

B. Baseline 6DoF Rendering Specification

Let the listener pose be position 1 and orientation R €
SO(3), mapping head to world coordinates. For performer
object ¢ at p; (from performer tracking, e.g., RGB-D cap-
ture [20], or a fixed stage layout), let d; = ||p; —1|| and r; =

max(d;, Fmin) With rmin > 0. The head-relative direction is
u; = RT(p;—1)/d; for d; > 0, holding its last value at d; = 0.
The direct path is rendered with the head-related transfer func-
tion (HRTF) pair interpolated at u,, inverse-distance gain g; =
min(1, ro/r;) with reference distance ro, and propagation delay
7; = r;/c realised as an interpolated fractional delay (yielding
Doppler under motion). For the ambience layer, each node
signal b,,, captured at qy,, is first rotated into the world frame.
The active node a changes to b = arg min,, ||q,, —1|| only when
lap—1|| < |ldq—1||—0, with hysteresis margin J; both are level-
matched and delay-aligned using the measured inter-node offset
(Section IV-B) and crossfaded jointly on all four channels as

b(t) = cos(56(t)) ba(t) +sin(Fo(t) by(t), (1)

with ¢(t) rising linearly from O to 1 over 7,. This law
preserves power only for uncorrelated signals: coherent
components can rise by up to 3 dB or cancel at mid-transition,
and residual delays cause comb filtering. The ambience
therefore selects nodes by listener position: it responds only
to rotation (3DoF) within a node’s region, and translation is
conveyed by node switching. The result is rotated by R” in
the spherical-harmonic (SH) domain and decoded binaurally.
FOA is chosen for cost, not as a perceptual optimum: order
affects localisation and quality [27]-[29], needs (¢ + 1)?
channels at order ¢, and can be adapted to the network [30].

C. Room Layer

The planned room layer follows a hybrid scheme. The direct
path belongs to the object layer. Above a room-dependent
crossover frequency, early reflections are simulated geometri-
cally on an acoustic proxy mesh of the venue, and a measured
late tail, shared across listener positions, is rendered through
partitioned convolution [23]. The parts are joined around a split
time t,, checked against the room’s mixing time [31], with
complementary windows and level matching. Below the room’s
Schroeder transition frequency, where ray-based geometry
becomes unreliable [32], the measured response is used from its
onset with its direct-sound segment windowed out, and a band-
limited crossover avoids double counting. With omnidirectional
responses, the binaural tail provisionally uses two decorrelated
copies matched to the diffuse-field interaural coherence of
the HRTF set. Room rendering is applied only to performer
objects: the captured ambience bed already contains the venue
acoustics, and processing it again would count the room twice.

D. Transport and Latency Model

The I/O bridge has been validated with a LAN WebRTC
transport prototype that uses software clock-offset estimation
and whose receiver applies its own spatialisation; its
performance for SHAPE’s layer streams is not yet characterised.
Within a managed local or metro segment, multi-node capture
requires bounded jitter and clock alignment; a PTP-clocked
AES67 segment [33], [34] is the intended implementation.
Wide-area delivery relies on buffering and resynchronisation
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Fig. 1. SHAPE architecture and development status. Performer objects, the Ambisonic ambience bed, and measured room responses remain separate layers;
room rendering applies to performer objects only. Implemented (solid): performer capture, the engine-native I/O bridge (validated with a LAN WebRTC
prototype), single-node FOA encoding, and offline RIR measurement, with FOA node, bridge, and encoder not yet one live chain. Planned or under evaluation
(dashed): multi-node capture, AES67/PTP, the venue proxy mesh, and the integrated renderer. {: node combination under evaluation (Sec. III-B).

rather than sample-accurate alignment. Audio-path latency is
modelled as

LeQe ~ LASIO + Lring + LASRC + Leng +Lenc

local I/0
+ Lnet + ij + Ldec + Lrend + Louta (2)

where the terms are the ASIO input buffer, ring buffer, ASRC
FIFO, engine DSP buffering, encoding and codec framing (at
least one 20 ms frame plus look-ahead), one-way network
delay, jitter buffer, decoding, rendering block, and output
buffering. With the current settings, one 512-sample ASIO
buffer at 48 kHz is 10.7 ms, the ASRC target fill is 80 ms, and
4 x 256 engine samples are 21.3 ms: a nominal allocation of
112 ms, excluding L., and converter delays, not a measured
latency. Listener motion follows a separate path, Lo ~
Lpose + Lrend + Lout, when rendering runs at the listener’s
endpoint; server-side rendering would add the network, jitter-
buffer, and codec terms [22]. Direct performer monitoring
bypasses the engine buffers but still adds 21.3 ms of ASIO input
and output buffering at 512 samples, so it needs smaller buffers
to stay below ensemble thresholds [35]; audience delivery must
stay within audio—visual synchronisation limits, and streams are
to be aligned at ingest by timestamps and clock offsets. Opus at
64 kb/s per channel (Ambisonic channel mapping family 3) was
not significantly different from uncompressed Ambisonic audio
in basic audio quality in the tested contexts [29]; with 16 kb/s of

RTP/UDP/IPv4 headers per stream at 20 ms framing (excluding
SRTP and header extensions), objects as separate streams, and
each FOA node as one four-channel stream, K objects and [V
nodes need about (K +4N) x 64+ (K + N) x 16 kb/s, while
the offline room layer adds none.

IV. MEASUREMENTS, EVALUATION, AND
PRIVACY-BY-DESIGN

A. Room-Response Measurements

Measurements were carried out in the project’s portable test
room: a 3 X 3 x 3 m frame (V = 27 m?) lined with black
curtains, without a rigid shell, installed in a laboratory room.
Room EQ Wizard generated an exponential sine sweep (ESS;
220 samples, 21.8 s at 48 kHz, 20 Hz—20 kHz, —12 dBFS RMS,
one repetition) [36]. Responses were deconvolved, aligned
with an acoustic timing reference, and truncated with a fixed
1.0 s window. The source was a directional two-way loud-
speaker (RCF ART 912-A, 100°x60° nominal coverage) and
the receiver a large-diaphragm studio condenser microphone
(Behringer B-2 PRO) set to its omnidirectional pattern. Fol-
lowing the ISO 3382-2 layout [37], two source configurations
(trihedral corner, asymmetric wall position) were combined with
three receiver positions each (M = 6), with receiver spacing
constrained by the room size. Ty and T3 are linear fits over —5
to —25 and —35 dB of the Schroeder decay curve. As neither
transducer meets the ISO 3382-2 assumptions and the analysis



TABLE I
BROADBAND DECAY PARAMETERS (S) FOR THE M = 6 SOURCE-RECEIVER
COMBINATIONS.

Setup A (corner) Setup B (wall)

Receiver 1 2 3 4 5 6

EDT 0.842 0911 0936 0.861 0916 0.861
Tao 1.104 1.063 1.075 0964 1.023 1.025
T30 1.118  1.081 1.095 1.037 1.077 1.066

is broadband, the results characterise the acquisition workflow
and this configuration’s broadband decay, not an ISO-compliant
room characterisation. T5g averaged 1.079 s (SD 0.027 s, CV
2.5%), within 4% across the six source—receiver combinations.
The early decay time (EDT) was lower at every position (mean
0.888 s; EDT/T3, = 0.82) and showed a larger spread (CV
4.3%), and T3 exceeded T5y at every position (curvature
C =100 (T30/T20 — 1) between 1.3% and 7.6%). Within these
six positions, the small spread of broadband late decay moti-
vates testing a shared tail (Section III-C), not perceptual inter-
changeability. As the curtained frame has no rigid shell, its low-
frequency response is expected to depend on the host room, so
measured tails are re-acquired whenever the setup is relocated.

B. Evaluation Protocol and Current Evidence

Apart from the six broadband RIR estimates in Table I, the
figures in this paper are analytical; no test of SHAPE under
listener translation (an earlier XRBlues event used a standard
Unity spatial-audio plugin [21]) or comparative network
measurement has been performed. The next component-level
experiments will (i) measure bridge round-trip latency with an
audio loopback; (ii) record a shared impulse at all FOA nodes
to measure inter-node offset and drift on a managed LAN;
and (iii) profile renderer load against object count, node count,
and RIR length. An integrated comparison will then replay the
same dry objects, synchronised FOA nodes, and tracked listener
path through SHAPE and two baselines, single-node FOA and
multipoint interpolation or measured IRs [22], [25], reporting
motion-to-sound latency, coloration at node transitions, quality,
presence, and cybersickness ratings following the project’s
QoE protocol [38], network rate, and computation.

C. Privacy-by-Design

Ambient audience-bed capture raises specific privacy chal-
lenges, because acoustic signals may be acquired simulta-
neously from multiple and dynamically changing attendees.
Privacy-by-design has been identified as an open challenge
for the Musical Metaverse [39], and research on immersive
environments has highlighted the limits of purely procedural
safeguards [40]; audience audio was already captured and re-
spatialised in an earlier XRBlues event [21]. Listener pose
streams are also personal data, since position and movement
can enable indirect identification [41], and are processed
transiently for rendering only. SHAPE therefore treats privacy
as a design constraint rather than a post-hoc compliance layer,
translating relevant GDPR principles [42] into four design
objectives (Table II). The objectives guide design but do not

TABLE II
PRIVACY-BY-DESIGN OBJECTIVES AND PROPOSED SHAPE MEASURES.

Objective Measures

Data and content
minimisation

(Art. 5(1)(c))
Capture boundaries
and participant
agency

Acquisition limited to what ambience rendering re-
quires; auxiliary recording paths disabled by default;
raw audience signals kept transient.

Capture limited to required areas, excluding back-of-
house, transit, and rest areas, with boundaries assessed
acoustically; attendees informed of capture; where
consent is the lawful basis, it must be valid, not
replaced by notices or passive opt-out.

Routine monitoring via telemetry (levels, synchroni-
ability and access  sation, packet loss, clock drift) rather than playback;
(Arts. 5(1)(f), 25, access to intelligible content only when technically
32) necessary, with risk-based safeguards (privileges, au-
thentication, logging, time-limited diagnostic access).
Transient buffers preferred; retention only for a
predefined purpose and duration; processing data,
telemetry, diagnostics, research datasets, and archives
kept as separate categories.

Constrained observ-

Storage and
lifecycle limitation
(Art. 5(1)(b), (e))

by themselves establish GDPR compliance, which depends
on each deployment’s configuration, purpose, legal basis, and
risk profile; the framework remains a design-oriented model
pending validation with an audience present. FOA encoding
is not an anonymisation mechanism, since encoded streams
may still contain intelligible speech. Performer feeds need their
own purpose, access, and retention rules; the implemented I/O
bridge already exposes the indicators needed for monitoring
through telemetry. A pre-deployment review covers (i) capture
and non-capture areas, (ii) transparency and, where applicable,
consent, (iii) unnecessary recording paths, (iv) signal persis-
tence, (v) retention and deletion, and (vi) access privileges,
with security assessed on a risk basis. Applied preliminarily to
the empty-room measurement, it found the attendee items not
applicable but retention and access responsibilities unspecified
in advance, showing how the framework exposes governance
gaps before a deployment with an audience.

V. DISCUSSION AND CONCLUSION

SHAPE defines a reusable framework for networked hybrid
XR performances in which performer objects, ambience, and
measured venue acoustics remain separate from capture to
binaural output, with per-layer requirements and explicit rules
such as applying room rendering to performer objects only.
Its interfaces and baseline methods allow alternatives to be
compared within it and the architecture to be transferred to
other venues; the HEAT XRBlues pilot [43] provides the
setting for the evaluation protocol of Section IV-B.
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