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Figure 1: The proposed codec-independent WebRTC SFU enables selective forwarding of quality levels per client.

Abstract

Immersive technologies promise to revolutionize communi-
cation through enhanced sense of presence and interactivity.
To enable interaction, reliable low-latency transport mecha-
nisms are needed to handle the large volumes of data created
by complex 3D objects. In this paper, we propose an open-
source, codec-independent, selective forwarding unit (SFU)
for real-time volumetric video streaming using WebRTC. For
evaluation purposes, we provide a reference client imple-
mentation by extending VR2Gather, a TCP-based system for
immersive communication. We conduct extensive evalua-
tions using both new and existing datasets to compare the
performance of WebRTC against TCP-based protocols in an
emulated testbed environment. The evaluations demonstrate
that WebRTC outperforms other protocols in high-latency
scenarios and adapts video quality to user movement 13%
and 36% faster than its TCP-based counterparts in networks
with 5ms and 10 ms of network latency, respectively.
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1 Introduction

Immersive technologies are redefining remote communica-
tion by enhancing co-presence and interactivity, making
virtual exchanges increasingly similar to face-to-face inter-
actions [16]. Transmission protocols play a key role in en-
abling real-time volumetric video communication, allowing
the choice between reliability when using TCP, or achieving
the lowest latency with UDP [2]. The UDP-based WebRTC
is commonly used to provide low-latency streaming, with
optional reliability mechanisms [8]. Although WebRTC’s
peer-to-peer model enables streaming, scalability issues arise
as the number of users grows, motivating centralized solu-
tions such as selective forwarding units (SFUs). Despite this
recent focus on volumetric video, to the best of our knowl-
edge, no prior work has directly compared WebRTC against
TCP-based solutions within the same reference software, as
the two are seldom implemented together [25].
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To address these gaps, we propose a codec-independent,
open-source [27] WebRTC-based SFU for real-time many-to-
many volumetric streaming. As shown in Figure 1, clients
capture, segment, and encode volumetric data at multiple
qualities, which the SFU selectively forwards based on net-
work and user conditions. Receivers then decode and render
tracks in real time, supported by feedback messages for adap-
tive quality and synchronization. The proposed solution can
be integrated into volumetric streaming platforms. For evalu-
ation purposes, a reference client implementation is provided
based on VR2Gather [13], providing a reference for bench-
marking UDP- versus TCP-based (direct TCP, SocketIO, and
LL-DASH) protocols in immersive communication. In sum-
mary, the main contributions of this paper are as follows:

e A codec-independent WebRTC-based SFU for volumet-
ric conferencing with adaptive quality;

e An evaluation of the system with multiple network
protocols, quality schemes, and network latency;

o A reference WebRTC client implementation on how
the solution can be deployed in different platforms;

o A realistic bidirectional dataset of two users.

2 Related Work

This section presents volumetric conferencing systems, re-
views related work on point cloud codecs, and discusses
adaptive streaming with existing codecs.

Volumetric Video Conferencing Systems. Many immer-
sive platforms have been designed to facilitate volumetric
conferencing. High-fidelity solutions provide optimal user
quality, but require complex setups [15]. In contrast, more
scalable systems use reduced quality with multipoint control
unit (MCU)-based scalability [11] to improve system per-
formance. In [5], performance is further improved by using
quality adaptation based on the network conditions and field
of view (FoV) to reduce latency. Finally, VR2Gather [13, 25]
offers a modular platform for volumetric communication,
supporting various reliable transport protocols, but lacks
UDP-based solutions. We therefore adopt VR2Gather to eval-
uate our WebRTC implementation, enabling benchmarking
of UDP- versus TCP-based transmission.

Point Cloud Compression. The high bitrates of uncom-
pressed point clouds demand high levels of compression [23].
Non-real-time codecs, such as video point cloud compression
(V-PCC), achieve low bitrates similar to 2D video but at high
computational cost [9]. In contrast, Draco [7] focuses on real-
time encoding at the cost of having bitrates several times
higher than V-PCC. The cwipc codec extends the MPEG
anchor codec [17], storing geometry in an octree and encod-
ing color via JPEG compression. The codec offers a strong
balance between efficiency and speed, achieving real-time
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performance at 15 FPS with point clouds containing 200.000
points, making it well suited for live volumetric streaming.

Adaptive Streaming of Immersive Video. Because volu-
metric video imposes heavy bandwidth and computational
demands, several solutions have focused on optimizing trans-
mission for end users [26]. Traditional adaptive streaming
has been extended to account for interactivity, selecting rep-
resentations based on viewing direction and network condi-
tions [19, 28]. Another strategy segments content into tiles
encoded at multiple qualities and delivered via DASH, allow-
ing clients to request appropriate quality levels [21, 22, 24].
Codecs like cwipc inherently support multi-quality tiling,
while other approaches use codec-independent multiple de-
scription coding (MDC)-based methods to combine quality
layers [5]. In this paper, we provide a codec-independent
solution for delivering volumetric video using WebRTC to
achieve a lower end-to-end delay and provide a means to-
wards quality adaptation based on network conditions.

3 Architectural Design and Implementation

In this section, we outline the core concepts of the WebRTC
protocol suite, present the high-level design decisions of our
codec-independent SFU and describe its implementation.

WebRTC Background. WebRTC is commonly used for its
low latency and potential scalability with server-based archi-
tectures. MCU-based systems merge all incoming streams
into a single stream per client, but this aggregation is com-
putationally expensive and memory-intensive, limiting scal-
ability and increasing latency due to the need to wait for
all inputs [10]. In contrast, SFU-based architectures forward
packets directly and immediately to relevant clients, reduc-
ing latency and memory usage, and enabling better packet
pacing, which improves overall network flow quality and
decreases the likelihood of packet loss. WebRTC establishes
peer connections through the exchange of session descrip-
tion protocol (SDP) messages, which describe session param-
eters. Using an offer-answer model, one peer sends an SDP
offer with supported settings, while the other peer responds
with an SDP answer selecting compatible parameters [20].

Architecture. High-performance many-to-many volumet-
ric conferencing requires a mediated architecture. To avoid
the computational cost and latency of MCU-based designs,
the proposed system adopts an SFU architecture. As men-
tioned in Section 2, adaptive streaming reduces network load
and improves quality. WebRTC’s native support for multiple
tracks enables the SFU to transmit data over distinct streams,
allowing point clouds to be partitioned via tiling or semantic
segmentation and delivered as separate tracks. Furthermore,
parallel encoding can be used to generate several qualities,
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each transmitted over a separate track. As these tracks rep-
resent the same content, the SFU forwards at most one per
client, selecting the appropriate quality based on bandwidth
and user context. Although each object has a transmission
track for each quality, each receiving client maintains only
a single track per object. This mechanism minimizes open
tracks and computational load, while allowing the SFU to
switch quality by reassigning the sender on the existing for-
warding track, without SDP renegotiation. Together, these
mechanisms support diverse coding strategies, including seg-
mentation schemes with multiple qualities per segment and
MDC approaches that combine segments to improve quality.

SFU Implementation. The SFU is implemented by adapt-
ing Golang Pion [18], which provides the full WebRTC pro-
tocol suite and server-side bandwidth estimation via Google
congestion control (GCC). A custom media track handles
the transcoding and packetizing of the point-cloud frames
through a dedicated payloader, while audio is sent via a
separate track. Negative acknowledgment (NACK)-based
transmissions are used to ensure frames are decodable in the
event of packet loss. Combined with GCC, this approach has
shown strong performance for volumetric video streaming in
congested networks [4]. Upon connection, the server signals
the tracks of the new client to the other peers, prompting
them to instantiate the required tracks for transmission. The
server also supports quality selection and enables the support
of additional SFU control messages with minimal overhead.
To enable seamless quality switching, a custom packet inter-
ceptor preserves sequence numbering across quality tracks.
Without this interceptor, sequence gaps would be interpreted
as packet loss, triggering unnecessary retransmissions of the
wrong quality track. The use of an optional session traversal
utilities for NAT (STUN) server mitigates problems in net-
works that employ network address translation (NAT) [6].

WebRTC Peer Reference Implementation. Any WebRTC
client library that supports media tracks of non-standardized
codecs can be used to connect to the proposed SFU. However,
to fully leverage the capabilities of the SFU, the client must
also support NACK, GCC, and the associated feedback mes-
sages. Following a comprehensive evaluation of available
WebRTC libraries using the criteria mentioned above, the
Pion library was selected for the reference client implemen-
tation. However, the Golang language is not natively com-
patible with Unity, the game engine employed by VR2Gather.
To bridge this gap, a library was developed to write outgoing
frames to a local UDP port, which is continuously polled
by the Golang client. The additional overhead introduced
by this approach was measured at approximately 1ms, a
negligible cost given the performance benefits it enables.
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Figure 2: Physical setup on Virtual Wall testbed [12].
4 Evaluation Methodology and Setup

In this section, we first discuss the evaluation methodology,
outlining the experiments that were performed. Then, the
experimental setup and the considered metrics are presented.

4.1 Evaluation Methodology

VR2Gather currently supports four protocols: Direct TCP,
TCP Reflector, SocketlO, and the proposed WebRTC imple-
mentation. Each protocol allows the following modules to
be enabled: compression, multi-quality encoding and tiling.
For unidirectional scenarios, a single sender, responsible
for playback and encoding, and a single receiver, responsible
for decoding and rendering, are considered. The objective is
to evaluate the efficiency of the protocols in the VR2Gather
platform, while assessing the impact of encoding frame rate,
quality level, and tiling on the performance of the system.
For interactive scenarios, the experiments compare quality
adaptation latency when using WebRTC or Direct TCP, the
only protocols in VR2Gather that support quality adapta-
tion at acceptable performance. In this bidirectional setup,
both clients replay recorded content and use captured move-
ment to drive quality adaptation decisions [1]. Each client
operates at a different frame rate to assess the impact of the
sending frame rate on the other client’s quality adaptation la-
tency. To enable fair comparison with prior VR2Gather-based
work [14], the existing decision-making logic of VR2Gather
is used and quality decisions are exchanged via a websocket,
rather than relying on a dedicated bandwidth estimator.

4.2 Experimental Setup

Figure 2 shows the considered topology in which two clients
are connected to a centralized server through custom switches.
The involved machines are interconnected using a 1Gb/s
link, and each have one of the following specifications:

e CPU: Intel Xeon E3-1220 v3, RAM: 16 GB DDR3
e CPU: Intel Xeon E3-5645 v3, RAM: 24 GB DDR3

Because these nodes lack the required resources for render-
ing, higher-tier laptops are directly connected to the client
nodes using VPN. This setup allows the laptops to be forced
to take a specific route throughout the network, which en-
sures that any network impairments that are applied on
traffic going through the network, is also applied during the
experiments. All machines are located within the same net-
work, and thus introduce sub 1ms latency, as well as being
synchronized with the network time protocol (NTP).
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Table 1: System performance in terms of latency, bandwidth, frame rate and CPU usage for sessions with two
participants that exchange the Loot object without additional network latency.

Protocol Tiles Octree level Target FPS | Latency (ms) Bandwidth (Mb/s) Obtained FPS CPU

Direct TCP 1 7 15 45.29 + 4.15 3.70 £ 0.37 14.90 + 0.42 39.88 + 8.27
Direct TCP 1 9 15 334.20 £ 25.66 11.17 + 1.68 7.18 £ 0.86 4432 + 19.63
TCP Reflector 1 7 15 46.11 £ 2.73 3.75+0.34 14.89 + 0.40 39.95 + 8.05
TCP Reflector 1 9 15 332.01 + 26.88 11.36 + 1.64 7.24 £ 0.86 43.64 + 26.25
SocketIO 1 7 15 50.46 + 3.48 3.69 £ 0.37 14.98 + 0.64 42.47 + 17.67
SocketIO 1 9 15 337.40 £+ 32.90 11.33 £ 1.45 7.59 £ 0.78 45.10 + 26.14
WebRTC 1 7 15 43.75 + 3.19 3.94 £ 0.38 14.89 + 0.46 40.69 + 8.21
WebRTC 1 9 15 334.07 £ 27.54 12.28 £ 1.63 7.51 £ 0.83 45.89 + 23.86

Table 2: System performance in terms of latency, bandwidth, frame rate and CPU usage for sessions with two
participants that exchange the Loot object through WebRTC, for different video quality configurations.

Tiles Octree level Target FPS ‘ Latency (ms) Bandwidth (Mb/s) Obtained FPS CPU
1 7 15 43.75 £ 3.19 3.94 £ 0.38 14.89 + 0.46 40.69 + 8.21
4 7 15 36.02 + 1.86 8.09 £ 0.67 14.90 + 0.45 42.86 + 8.16
1 9 15 334.07 + 27.54 12.28 £ 1.63 7.51 +0.83 45.89 + 23.86
4 9 15 111.07 = 9.42 25.73 £ 2.79 14.99 + 0.99 49.99 + 19.01
1 7 30 69.14 + 1.58 7.63 £0.72 30.07 + 0.85 51.69 + 8.84
4 7 30 69.99 + 1.74 15.71 £ 1.52 30.04 + 0.83 52.69 + 7.41
1 9 30 289.48 + 16.42 12.05 £ 1.54 7.38 £ 0.60 38.29 + 19.66
4 9 30 161.68 + 14.81 31.47 + 4.18 18.77 £ 2.41 66.51 + 30.56

The following hardware is used:

e Client 1: CPU: Intel Core i7-12700H (2.30 GHz), RAM:
32 GB DDRS5, GPU: NVIDIA GeForce RTX 3070 Ti

e Client 2: CPU: Intel Core i7-10750H (2.60 GHz), RAM:
16 GB DDR4, GPU: NVIDIA GeForce RTX 2070

To emulate wide-area network conditions, bidirectional
latency between 0 and 50 ms is applied on the switch nodes,
corresponding to half the client-server round-trip time (RTT).

For unidirectional experiments, the Loot sequence from
the 8i dataset [3] at 15 and 30 FPS is considered. Point clouds
are pre-scaled with a voxel size of 2.5 to reach a point count
of 200,000 points same as in [25], and are split into four tiles
as described in [21]. The MPEG anchor codec [17] is used to
enable real-time encoding, with two quality levels (low qual-
ity=octree 7 and high quality=octree 9). In these experiments,
client 1 is the sender, while client 2 is the receiver.

For interactive experiments, content was captured using
two machines using four Microsoft Azure Kinect cameras,
resulting in fifteen tiles. To invoke enough quality changes,
two users dance together and rotate around each other dur-
ing a one-minute session. To demonstrate platform flexibility,
one user is captured at 15 FPS and the other at 30 FPS, with
both clients acting as sender and receiver. As both encoding
and decoding occur on each machine, reduced quality levels
are used (low quality=octree 5 and high quality=octree 7).

4.3 Evaluation Metrics

To accurately evaluate the performance of the system, each
experiment is performed with 10 iterations, each lasting
about 1 minute. We consider the following metrics (with

32

95% confidence intervals): pipeline latency, bandwidth and
CPU usage, receiver FPS, quality change latency (time between
requesting a quality change and the quality being rendered).

5 Results and Discussion

In this section, the results are discussed. First, the results
of the unidirectional scenario, along with an examination
of the impact of tiling and network latency. Second, the
results of the bidirectional scenario, focusing om the real-
time capabilities of quality switching.

5.1 Unidirectional Content Benchmark

Impact of Protocols and Quality. Table 1 presents the
results of the experiment with untiled content at 15 FPS for
each protocol. All protocols exhibit latency values within
a 5ms margin. Additionally, during each iteration the la-
tency is stable, with minor fluctuations attributable to non-
transport components. WebRTC exhibits slightly higher band-
width. This increased bandwidth stems from the larger frames,
leading to more packets, each incurring additional WebRTC
header overhead. Additionally, Table 1 reveals that streaming
at higher quality (octree 9), prevents the system from achiev-
ing the target frame rate of 15 FPS with the used hardware.

Impact of Tiling and Frame Rate. As shown in Table 2,
tiling has a significant impact on the latency of the system,
at the cost of increasing the overall bandwidth. Due to the
parallel coding of each tile, encoding and decoding times are
reduced by a factor of 4.63 and 3.47, respectively, making it
possible to achieve higher frame rates and transmit higher-
quality content at acceptable frame rates. However, there is
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an exception to this: when using an octree depth of 7 at 30 the TCP Reflector’s latency is larger than the latency of the
FPS, no change in latency is achieved. Although the coding other protocols with no tiling. This disparity becomes less
time decreases, VR2Gather internally buffers the frames to pronounced at 30 FP, where the latency of the TCP Reflector
maintain a stable FPS, resulting in no decrease in latency. As remains 10% higher than WebRTC but still outperforms the
shown in Figure 3, the largest decrease in latency can be seen untiled performance of the other protocols. Similar to the
for higher octree levels, which shows that tiling removes any results in Table 2, all protocols show no reduction in latency
latency caused by the encoder queue. In effect, each frame is when tiling is used at 30 FPS in without induced network
encoded and sent immediately upon production, maintaining delay. When a small amount of latency is introduced, the de-
the target rate of 15 FPS. This improvement enables the lay remains unaffected because of buffering in VR2Gather’s
sender and receiver to sustain 15 FPS for an octree depth of encoding queue. However, once the induced latency reaches
9. However, when increasing the frame rate to 30 FPS, the 20 ms, tiling leads to a measurable reduction in overall la-
sender only achieves a send rate of 18 FPS compared to the tency, with Direct TCP and WebRTC outperforming the other
captured rate of 30 FPS. For untiled content, with an octree two protocols, achieving comparable latency without tiling
depth of 9 and WebRTC, Table 2 shows that latency values are to what the remaining protocols obtain with tiling.

lower at a capture rate of 30 FPS compared to 15 FPS, despite

both achieving the same rendering frame rate. This behavior 5.2 Quality Decision Latency for

occurs because of the limited capacity of the encoder queue. Bidirectional Interactive Sessions

When a frame is added to a full queue, the oldest frame that is
not currently being encoded is discarded. At higher capture
rates, frames enter the queue more frequently, leading to
more frequent discarding. Consequently, the frames that are
not dropped spend 56% less time in the encoder at a target FPS
of 30 compared to 15 FPS. This demonstrates that, in certain
scenarios, using a higher capture rate can be advantageous
even if the client cannot encode frames at the same rate.

In VR2Gather, tiling is used to achieve quality adaptation
by assigning the closest tile with the highest quality, while
allocating lower quality to the remaining tiles. This is crucial
in scenarios with a lot movement, like the dance in these
experiments. Figure 5 shows the impact of quality changes
with a network latency of 10 ms. These quality changes are
not immediately visible, potentially reducing the overall ex-
perience [22]. Consequently, the time required for a quality

Impact of Network Latency. Figure 4 shows the impact change to become visible serves as a valuable indicator of
of network latency. The results indicate that most of the the experience. With Direct TCP, frequent latency spikes
protocols achieve similar results, with one exception at high occur during quality changes, a behavior not observed for
latencies: the TCP Reflector. In case of 50 ms of added la- WebRTC. This difference is attributed to the distinct quality
tency, this protocol exhibits a latency that is 21% higher than change mechanisms of the two protocols. In the WebRTC-
that of WebRTC. Furthermore, for tiled content at 15 FPS, based implementation, each tile is associated with a separate
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and the new chosen quality being visible. In this paper, we propose an open-source WebRTC-based
selective forwarding unit (SFU) for many-to-many volumet-

ric conferencing. Additionally, we present a reference client
implementation based on the VR2Gather platform, with sup-
port for VR2Gather’s existing quality adaptation. In networks
without latency, our approach achieves similar or better per-
formance compared to the existing TCP-based protocols in
VR2Gather. With 50 ms of induced latency, the proposed SFU
reduces latency by 21% compared to TCP Reflector while
matching the other protocols. Using publicly available cap-
tured videos and movement traces, we also show that our
WebRTC SFU combined with VR2Gather’s quality adaptation
yields faster visible quality updates: 13% and 36% improve-
ments at 5ms and 10 ms induced latency, respectively. More-
over, small 5 ms latency variations increase the time it takes
for a quality switch to become visible for Direct TCP latency
by 35%, whereas WebRTC maintains stable performance.

In future work, we will extend the benchmark to a larger
number of users to better assess the scalability of the sys-
tem. The current quality adaptation algorithm of VR2Gather
assumes fixed bandwidth, which limits applicability to real-
world conditions. Since the platform already supports band-
width estimation, integrating server-side quality decisions
would improve adaptability to varying network conditions.

WebRTC track. On the receiver side, a single track is cre-
ated for each tile, allowing the receiver to simply signal the
desired quality to the SFU, which then swaps the sender
track being forwarded to the receiver track. This approach
minimizes overhead during quality changes, reducing the
likelihood of latency spikes. In contrast, the Direct TCP im-
plementation in VR2Gather requires closing and reopening
the socket for a tile whenever a quality change occurs, lead-
ing to the observed spikes in latency. This process involves
multiple round-trips to transmit the new quality preferences,
resulting in latency spikes until the connection is established.
However, the advantage of the Direct TCP implementation is
its efficient bandwidth usage, as only the qualities requested
by the receiver are transmitted. In contrast, the WebRTC
implementation always sends all quality levels to the SFU,
which then determines the appropriate quality to forward
to the receivers. As the current VR2Gather adaptation al-
gorithm only selects one tile to be the highest quality, the
bandwidth used to transmit the 14 other high-quality tiles is
wasted. However, as the WebRTC solution always forwards
every quality to the SFU, the response time to implement
the quality change is significantly lower. Because WebRTC
requires only half an RTT to signal quality changes, adjust-
ments can often be applied before the next frame is produced. Acknowledgments
This behavior is evident in Figure 6, where the choice latency

remains nearly identical for both 5 ms and 10 ms delays when
using WebRTC. In contrast, Direct TCP requires multiple
RTTs to implement a quality change, significantly increasing
latency. Even with a delay of 5 ms, Direct TCP cannot estab-
lish a new connection before the next frame. Additionally,
both protocols perform significantly better compared to the

This project has received funding from Horizon Europe Re-
search and Innovation: SPIRIT project (Grant Agreement
101070672, https://www.spirit-project.eu/), INDUX-R (Grant
Agreement No 101135556, https://indux-r.eu/) and TRANS-
MIXR (Grant Agreement No 101070109, https://transmixr.eu/).
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