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Abstract
As immersive media becomes more accessible, virtual coun-

terparts to real-world experiences such as concerts and con-

ferences have emerged, enabled by volumetric streaming

pipelines for virtual reality (VR). User representation is cen-

tral to these systems, with point clouds widely adopted for

realistic avatars due to their balance between quality and per-

formance. However, most systems struggle to scale to larger

user counts. While recent work has proposed more scalable

architectures, these typically focus on computational opti-

mizations and fail to scale to high user counts due to network

bottlenecks. To address this gap, we present an open-source,

modular, distributed WebRTC-based volumetric streaming

pipeline that employs multiple selective forwarding units

(SFUs) to improve latency, throughput, and quality compared

to a centralized SFU. Results show that, with 64 users, the

distributed setup receives 147%more points with comparable

transport latency, and reduces peak latency at lower user

counts. Furthermore, leveraging quality adaptation enables

stable latency across scales, achieving approximately 25ms.
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1 Introduction
In recent years, immersive media has expanded across both

entertainment and professional domains, with improvements

in network performance and content delivery [20]. The avail-

ability of lightweight virtual reality (VR) head-mounted dis-

plays (HMDs) has further accelerated adoption, positioning

immersive media as a medium for education, remote collab-

oration, and virtual conferencing [32, 19]. In immersive sys-

tems, user representation varies by application requirements:

collaborative use cases often employ low-fidelity synthetic

avatars to support real-time interaction [37], while virtual

conferencing prioritizes visual realism [35]. In general, such

scenarios remain constrained in scalability, typically support-

ing only a limited number of participants. Recent work has

addressed these limitations through more efficient network

architectures and rendering pipelines [9]. These advances

facilitate complex large-scale virtual environments, though

they require sophisticated mechanisms to balance scalabil-

ity, latency, and quality across clients [13]. The choice of

transport protocol significantly impacts the performance

and scalability of immersive systems. TCP-based solutions

such as low-latency DASH (LL-DASH) offer reliable delivery

and adaptive quality but suffer from high latency and limited

interactivity [33]. In contrast, UDP-based protocols includ-

ing WebRTC focus on achieving the lowest latency, at the

cost of lacking reliable delivery. Scalable architectures built

on these protocols further increase the number of concur-

rent users [2, 27], though achieving true global-scale deploy-

ment remains challenging. To address these shortcomings,

this paper proposes a novel many-to-many volumetric video

conferencing pipeline using distributed WebRTC selective

forwarding units (SFUs) to increase scalability and overall

performance, containing the following contributions:

• An open-source [25] WebRTC-based many-to-many

volumetric streaming pipeline leveragingmultiple SFUs

for bandwidth-efficient distributed streaming;

• A large-scale evaluation analyzing scalability across

varying numbers of interconnected SFUs and clients.

2 Background and Related Work
This section reviews related work on scalable volumetric

video delivery, focusing on design choices affecting quality

and real-time transmission, and scalable architectures.
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Volumetric Content Delivery. Real-time immersive sys-

tems often adopt point cloud representations due to their

simplicity and efficiency [8]. While point clouds are well

suited for virtual conferencing, their high bitrates hinder

real-time transmission [14]. Certain codecs achieve video-

like bitrates but incur high latency [21, 29]. In contrast, real-

time codecs such as Draco [12] trade increased bandwidth

for low latency. Moreover, bandwidth can be further reduced

with quality adaptation techniques such as tilling [30] and

scalable encoding [10], enabling dynamic adjustment based

on user field of view (FoV) and network conditions, thereby

reducing bitrates while preserving visual quality [17]. For

these reasons, we will be using point clouds encoded with

Draco to ensure scalable, real-time performance.

Low-Latency Video Streaming. Several immersive sys-

tems have adapted traditional transport solutions to support

volumetric content [3]. For scenarios that require high re-

liability, TCP-based protocols, such as LL-DASH, are often

chosen. However, even this low latency variant still experi-

ences high latencies, limiting interactivity [4]. In contrast,

UDP-based solutions, such asWebRTC, prioritize low latency

over strict reliability, although such features can be imple-

mented at the application level [24]. Although UDP-based

methods do not inherently support bandwidth estimation,

algorithms such as Google congestion control (GCC) [6]

are frequently employed to provide this functionality. Based

on the estimated bandwidth, and potentially the user’s FoV,

adaptive algorithms then determine the most suitable quality

for each user [34]. More advanced approaches further refine

this process by interleaving frame types or combining multi-

ple quality levels to optimize visual quality [5, 36]. For these

reasons, we will utilize WebRTC together with a bandwidth

estimator to enable low-latency adaptive streaming.

Scalable Streaming Architectures. Scenarios involving
high user counts often employ edge servers that are located

closer to the clients to increase scalability [22, 26]. Some sys-

tems distinguish between sender and receiver connections.

In these architectures, a client uploads its content to a single

server but receives content from multiple servers [18]. This

design helps address the imbalance between limited user up-

load bandwidth and comparatively larger download capacity.

However, if many clients request the same content from a sin-

gle server, that server becomes a bottleneck [7]. Furthermore,

when multiple nearby clients request identical content from

a distant server, the same data must traverse long network

paths, increasing the contention on shared links and queuing

delays [38]. Other distributed systems, restrict each user to

a single bidirectional connection, with the connected server

being responsible to forward the content to the other servers.

Such systems introduce additional latency due to each server

having to process each packet [11]. However, as clients are

Figure 1: Proposed distributed SFU architecture for
many-to-many volumetric streaming, supporting con-
tent forwarding between multiple SFUs. Each client
can either serve as a sender, receiver or both.

spread across all servers, the overall computational load is

also reduced. When multiple clients connected to the same

server request identical content, forwarding-based architec-

tures are advantageous, as content can be relayed over high-

capacity links, with only the final hop to clients relying on

consumer connections [1]. However, existing systems [18]

of both types do not support volumetric content. To increase

scalability and to reduce bandwidth waste over shared net-

work links, a forwarding approach will be used.

3 System Architecture
This section introduces the proposed scalable, distributed

SFU-based WebRTC pipeline (Figure 1), outlining the stream-

ing workflow, session management, low-latency WebRTC

mechanisms, the session description protocol (SDP) exchange

in a distributed setting, and the core SFU design choices.

Volumetric Video Pipeline. First content is captured us-
ing a depth camera to acquire color and depth frames and

convert them into a point cloud. The resulting point cloud

is then partitioned into multiple descriptions to enable qual-

ity adaptation and parallel encoding. Finally, the encoded

point cloud is sent to the WebRTC SFU. At the receiver, the

descriptions are delivered by the SFU, decoded in parallel,

merged into a single point cloud, and displayed on an HMD.

Session Manager. The session manager is responsible for

session coordination and provisioning of SFUs. Before trans-

mitting content, clients register their tracks and parameters,

ensuring a consistency across clients and SFUs. The session

manager then instructs the target SFU to allocate resources

and, once ready, returns the connection details to the client.

Real-Time Scalable Delivery with WebRTC. Multipoint

control unit (MCU)-based systems aggregate streams into a

single composite output, offering improved synchronization

and reduced bandwidth at the cost of increased latency. In

contrast, SFU-based systems forward packets directly to sub-

scribed clients enabling lower latency and better scalability.
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Although WebRTC does not provide inherent reliable deliv-

ery, negative acknowledgment (NACK)-based retransmis-

sions are commonly used to reduce undecodable frames. Un-

like TCP reliability, this approach allows applications to trade

reliability for latency by lowering the number of retransmit

requests. To prevent packet loss, WebRTC-based systems em-

ploy congestion control algorithms, such as GCC, enabling

low-latency under varying network conditions. These con-

trollers estimate available bandwidth and delay, allowing

applications to adapt content before the network degrades.

SDP Message Exchange. In WebRTC, connections are es-

tablished through the exchange of SDP messages that nego-

tiate supported codecs, transport parameters, and network

candidates [23]. Negotiation uses a state machine that pre-

vents renegotiation until the current exchange completes.

While this process is straightforward in single SFU architec-

tures, extending it to multiple SFUs introduces additional

coordination challenges. When a new client connects to an

SFU, all other SFUs must be notified via SDP renegotiation

that new WebRTC tracks are available. Concurrent renegoti-

ation attempts can drive the negotiation state machine into

invalid states. To avoid such conflicts, a deterministic order-

ing, such as using an ID, among SFUs is required to decide

which node initiates the SDP exchange and which responds.

Distributed SFU Design. By default, clients connected to

one SFU cannot receive content from clients connected to an-

other. To enable cross-SFU communication, all SFUs within

a session establish interconnections and forward relevant

audio and video packets from clients to interested SFUs. This

process is transparent to clients, which maintain a single

SFU connection, preserving compatibility with existing We-

bRTC implementations. The SFU is content-agnostic and

supports transmission of volumetric media encoded with ar-

bitrary codecs. While the SFU remains content-independent,

a quality adaptation module tailors the transmitted content

based on bandwidth estimates, ranging from a best-effort

track selection to multiple description coding (MDC)-based

approaches that balance quality across visible clients.

4 Implementation and Evaluation
This section describes the implementation of the distributed

pipeline, the evaluation scenarios and quality adaptation

methods, the considered metrics, and the results.

4.1 Implementation Details
The pipeline is composed of several modules. At the cen-

ter is the graphical interface, implemented in Unity [31],

which renders volumetric content and displays it in VR. The

application interfaces with a depth camera module that gen-

erates point clouds, which are subsequently encoded using

Figure 2: Bare-metal setup used for experimentation.
Each SFU node can either serve as a normal SFU or as a
simple switch node and each client node can host one
or more WebRTC client applications.

an MDC-based encoder and compressed with Draco. The

capturing and encoding components are implemented in

C++, while the WebRTC peer, SFU, and session manager

are implemented in Golang, with Unity integration provided

via a C++ library. The pipeline supports both headful and

headless modes. In headful mode, live data is captured and

rendered in VR, whereas headless mode disables capture

and rendering and may use pre-encoded content to focus on

networking and quality adaptation performance. Since this

evaluation focuses on comparing centralized and distributed

WebRTC SFU network architectures, most experiments use

headless mode with pre-encoded data, with a full, headful,

end-to-end evaluation being presented in Section 4.7. GCC

was selected as the congestion control algorithm, with the

minimum bitrate configured to 15Mbit/s. Based on the band-

width estimates provided by GCC, quality can be adapted

with different methods. The specific adaptation strategy de-

pends on the evaluation scenarios described in Section 4.3.

4.2 Experimental Setup
The experiments are carried out on the Virtual Wall [15], a

testbed of interconnected bare-metal nodes. Each node runs

Ubuntu 22.04 and has the following specifications: CPU: In-
tel i5-9500 (3.0GHz), RAM: 64GB DDR4 (3200 MHz), 5 NICs:
1Gbit/s. Figure 2 shows the physical network topology. The

topology comprises four sites emulating distinct locations,

interconnected via a central node. Additional direct links

connect Site 3 to Site 1 and Site 4 to Site 2, providing alter-

native routing paths that bypass the shared node. Latency

between sites is emulated using traffic control. Client nodes

host one or more headless client instances, while SFU nodes

either run SFU instances or act as routers, depending on the

experiment. As the evaluation focuses on network scalability,

clients omit encoding, decoding, and rendering. Each client

uses a 1,800-frame sequence, with approximately 100,000

points per frame, captured with an Intel RealSense D455

camera [16] at a resolution of 848×484 and 30 FPS [28]. Addi-

tionally, the point clouds are encoded with the Draco codec

using 11-bit quantization and maximum encoding speed.
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4.3 Evaluation Scenarios
Two virtual conferencing scenarios are considered. For each

scenario, multiple configurations are evaluated, comparing a

centralized SFU baseline with distributed architectures using

two SFUs (Sites 1 and 2) and four SFUs (one per site). Each

configuration is tested with 8 to 64 users in increments of 8.

Experiments are repeated 20 times and run for 120 s, with

the first 60 s used for session setup and GCC convergence.

Scenario 1, high-scale, base-quality-only streaming:
This scenario evaluates scalability when each client transmits

only a base-quality point cloud (15% of points, approximately

12Mbit/s). All clients receive streams from every other client,

generating a large number of flows that compete for network

resources. Quality adaptation relies on GCC bandwidth esti-

mates, which are used to randomly select a subset of streams

to be forwarded to each client. Because every client stream

has the same bitrate, the incremental bandwidth required

to support an additional user remains constant, ensuring a

more gradual increase in outgoing throughput.

Scenario 2, small-scale, high-quality adaptive stream-
ing: This scenario models a debate- or concert-like setting

in which four clients (one per site) act as senders, each trans-

mitting three MDC-encoded point cloud representations

(15%, 25%, and 60% of the original point cloud at 12Mbit/s,
18Mbit/s, and 42Mbit/s, respectively), which can be com-

bined at the receivers. Unlike Scenario 1, many clients will

receive similar data due to the bitrate assignment being in-

dependent of the number of clients, as in all configurations

exactly four clients transmit three MDC-encoded represen-

tations. However, the bitrate gaps between quality levels are

non-uniform, which challenges GCC to keep latency low.

4.4 Evaluation Metrics
For each evaluation scenario mentioned in the previous sec-

tion, the following metrics are observed and discussed:

First, achieved throughput and packet loss.

Second, in Scenario 1, quality is determined by the number

of received client representations, while in Scenario 2, quality

is assessed by the number of points in MDC-encoded clouds.

Third, a full end-to-end breakdown of the system is pro-

vided, with a focus on the transport components.

Fourth, transport latency is further analyzed by empha-

sizing worst-case behavior during network congestion.

Fifth, CPU and memory usage are examined.

4.5 Throughput and Packet Loss
Figure 3 shows the throughput consumed by the clients,

excluding traffic required to send data from a client to the

SFU or to forward content between SFUs. Distributed setups

achieve significantly higher throughput due to reduced link

sharing among clients. In contrast, the centralized setup

Centralized SFU 2 Distributed SFUs 4 Distributed SFUs
8 16 24 32 40 48 56 64 8 16 24 32 40 48 56 64 8 16 24 32 40 48 56 640

2

4

6

Th
ro

ug
hp

ut
 (G

bi
t/s

)

Scenario 1: Lowest Quality Only Scenario 2: MDC-based Encoding

Figure 3: Total throughput of client data, with 95% con-
fidence intervals, for user counts of 8 to 64.
achieves only half the throughput for similar user counts, as

all traffic must traverse the central network.

The distributed setups exhibit comparable throughput. Be-

cause the setup with four SFUs forwards data to fewer clients,

it can be concluded that throughput is not constrained by

the processing capacity required to serve a given number

of clients. Instead, both distributed setups achieve similar

throughput primarily due to the experimental topology. In

the two-SFU configuration, clients in Site 3 and Site 4 are

directly connected to the SFUs in Site 1 and Site 2, enabling

higher throughput through unshared links (Figure 2). Re-

moving these links would reduce the available capacity by

forcing traffic to share the same links. The four-SFU setup

avoids this bottleneck by colocating each client with a local

SFU, suggesting that deploying SFUs closer to clients sub-

stantially increases throughput. Combining the throughput

in Figure 3 with the used topology suggests that approxi-

mately 50% of a link’s bandwidth can be used by WebRTC

before delay becomes excessive. Both distributed setups also

exhibit a throughput spike at 24 users in Scenario 2 and at

32 users in Scenario 1. This behavior suggests that an ideal

user count exists in which available bandwidth is utilized

efficiently, without excessive interference among flows.

Because GCC reacts preemptively to increases in inter-

packet delay, packet loss remains low, averaging between 0%

and 4% across all setups. However, since GCC does not ac-

count for the simultaneous bandwidth increases of multiple

streams, short periods of substantial packet loss (>20%) may

occur. These congestion events are brief, as the packet loss

causes GCC to reduce its estimate. Moreover, NACK-based

retransmissions, limit the number of undecodable frames.

4.6 Quality and Number of Received Clients
Network throughput directly impacts per-client quality. In

the first scenario, each client can receive point clouds from all

other participants; however, since only a single quality repre-

sentation is transmitted per sender, a client either receives a

complete point cloud or none at all. Quality is therefore mea-

sured as the ratio of successfully received point clouds to the

maximum possible number (i.e., the total number of clients

minus one), as reported in Table 1. For 8 and 16 users, all

setups deliver all point clouds to every client. As the number

of users increases, the centralized setup exhibits a decline in
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Table 1: Scenario 1 quality, calculated based on the number of received point clouds compared to the maximum
receivable amount. Both distributed SFU configuration achieve significantly better performance compared to the
centralized SFU, with high standard deviations caused by competing flows.

#Clients 8 16 24 32 40 48 56 64

%Of Maximum Quality Avg Std Avg Std Avg Std Avg Std Avg Std Avg Std Avg Std Avg Std

Centralized SFU 100.0 0.0 100.0 0.0 43.3 29.6 23.1 21.9 14.3 17.0 11.0 15.0 8.3 7.83 6.2 11.6

2 Distributed SFUs 100.0 0.0 100.0 0.0 90.8 18.8 78.8 31.25 30.8 31.3 21.7 21.5 14.8 17.8 9.8 13.9

4 Distributed SFUs 100.0 0.0 100.0 0.0 91.7 7.9 75.0 24.7 32.3 33.8 21.7 22.3 15.2 16.1 10.1 14.4

Table 2: Scenario 2 quality, calculated based on the number of points in the merged point clouds created fromMDC
representations compared to the points in the original clouds. Both distributed configurations achieve significantly
better performance compared to the centralized SFU, with high standard deviations caused by competing flows.
#Clients 8 16 24 32 40 48 56 64

%Of Maximum Quality Avg Std Avg Std Avg Std Avg Std Avg Std Avg Std Avg Std Avg Std

Centralized SFU 100.0 0.0 43.8 17.3 38.7 18.5 36.9 7.8 34.0 8.5 26.9 8.3 18.8 10.0 12.1 6.2

2 Distributed SFUs 100.0 0.0 100.0 0.0 99.8 2.0 41.3 18.8 38.9 19.4 35.9 16.7 32.1 10.8 30.5 11.5

4 Distributed SFUs 100.0 0.0 100.0 0.0 99.2 3.6 42.9 15.8 39.8 20.8 34.2 14.8 33.9 9.6 30.0 15.0

0 20 40 60 80 100 120 140 160 180 200
Latency (ms)

4 Distributed SFUs (Quality=41%)

2 Distributed SFUs (Quality=42%)

Centralized SFU (Quality=36%)

Capturing
Preprocessing

Client-to-SFU
SFU-to-SFU

SFU-to-Client Decoding Rendering

Figure 4: Average end-to-end latency per sender in an
MDC-based scenario with 32 clients and four senders.
The WebRTC latency is broken down in 3 categories.
received point clouds, whereas the distributed SFUs sustain

up to 1.6 times more point clouds. Noticeable degradation

in the distributed setups occurs only at 40 or more users,

whereas in the centralized setup it appears at 24 users.

Scenario 2 employs MDC-based encoding which enables

clients to receive multiple quality representations of a point

cloud. Since each representation contributes distinct points,

quality is defined as the ratio of points in the merged point

cloud to those in the original. The final quality score is com-

puted as the average across all received point clouds, with

missing point clouds contributing 0%. As shown in Table 2,

both distributed setups achieve substantially higher quality

than the centralized SFU. The relatively large standard devia-

tion is primarily due to the limited set of seven distinct MDC

combinations, which differ by at least 10% of the points.

4.7 End-to-End Latency Breakdown
Figure 4 shows the average end-to-end latency and quality

for one of the four sender nodes in Scenario 2 with 32 partic-

ipants. The centralized setup achieves slightly lower latency

due to reduced decoding overhead resulting from the lower

throughput discussed in Section 4.5, which limits delivery to

lower-quality representations. Focusing on transport-related

components (Client–SFU, SFU–SFU, and SFU–Client), all

setups differ by only a few milliseconds. These components

are measured as the time between sending the first packet

and receiving the last packet. A small difference is observed

between the 2-SFU and 4-SFU setups: the higher client-to-

SFU latency in the 2-SFU case results from routing, as clients

in Sites 3 and 4 must transmit data to SFUs located in other

sites. Consequently, traffic may traverse multiple hops, each

adding delay (Figure 2). This effect does not occur in the

centralized setup, where all traffic follows a path through the

central node. Nevertheless, when sender and receiver are co-

located, both distributed setups achieve lower latency than

the centralized setup by avoiding inter-site links altogether.

However, the 4-SFU configuration forwards more data

(210Mbit/s when one client’s stream is forwarded to three

SFUs, compared to 140Mbit/s when two clients are for-

warded to a single SFU), slightly increasing forwarding-

induced network latency. This trade-off underscores the im-

portance of both SFU count and placement, and suggests

that dynamic orchestration could adapt deployments based

on current network conditions and client locations.

The camera introduces the most latency because of the

delay between image capture and processing. Because of

MDC-based encoding, preprocessing latency remains con-

stant across setups and is independent of the number of

clients. In contrast, decoding latency increases with the num-

ber of descriptions received from the other senders.

4.8 Peak Transport Latency
Large latency spikes can severely diminish immersion, and

even brief, inconsistent delays can disrupt interaction. Fig-

ure 5 presents the median network latency alongside the

90th- and 99th-percentile values, which together indicate

both the frequency and severity of latency spikes.

40



NOSSDAV ’26, April 4–8, 2026, Hong Kong, Hong Kong Matthias De Fré et al.

8 16 24 32 40 48 56 64 8 16 24 32 40 48 56 64 8 16 24 32 40 48 56 64
0

25
50
75

100
125

La
te

nc
y 

(m
s)

Centralized SFU 2 Distributed SFUs 4 Distributed SFUs
Median Scenario 1 Median Scenario 2 90th Percentile 99th Percentile

Figure 5: Median latency is stable for user counts of 8
to 64. Peak latencies, represented by the percentiles,
increase more with the 90th percentile being stable.
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Figure 6: RAM usage per SFU, with 95% confidence
intervals, for user counts of 8 to 64.

As shown in Figure 5, median latency remains stable, in-

creasing only slightly with the number of users. The cen-

tralized setup exhibits the lowest latency when compared to

the 2-SFU setup. However, with four SFUs, latency becomes

comparable to the centralized case due to improved routing

when senders and receivers are co-located. Consistent with

the results in Section 4.5, GCC contributes to stable latency

by aggressively reducing throughput upon congestion. Nev-

ertheless, large spikes may still occur when multiple flows

increase their rates simultaneously. The 99th-percentile re-

sults show that, due to more efficient bandwidth utilization,

distributed setups exhibit a smoother increase in peak la-

tency as the number of users grows. In the centralized setup,

latency spikes emerge between 24 (Scenario 1) and 32 (Sce-

nario 2) users, whereas the distributed setups experience only

similar values at 40 users. Consistent with the median, the

90th-percentile remains stable and low enough to facilitate

user interaction across all setups.

4.9 System Resources
Figure 6 shows that, memory usage in both scenarios is

substantially higher for the centralized SFU than for both

distributed setups. While each distributed SFU individually

consumes less memory, the aggregate usage across all dis-

tributed SFUs is comparable to, or slightly lower than, that of

a centralized SFU. In Scenario 1, the high usage is attributed

to the NACK-based retransmissions. With NACK enabled,

every packet sent to at least one client must be temporarily

buffered. In the centralized setup, serving all clients and for-

wardingmany distinct tracks increases the number of buffers,

causing memory usage to grow rapidly with user count. In

contrast, when clients receive identical data, as in Scenario 2,

Centralized SFU 2 Distributed SFUs 4 Distributed SFUs
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Figure 7: Average CPU usage across all cores, with 95%
confidence intervals, for user counts of 8 to 64.
buffers can be shared, keeping memory usage low. Further-

more, reducing buffer sizes is impractical, as the high bitrate

of point clouds would cause buffers to overflow rapidly. Fig-

ure 7 shows that CPU usage only modestly increases as the

number of users grows. An exception occurs in Scenario 2:

with eight users, CPU usage is significantly higher than in

Scenario 1, reflecting the higher initial bitrate of a single

MDC-encoded object (70Mbit/s vs. 12Mbit/s). As discussed
in Section 4.5, GCC subsequently stabilizes throughput and

latency, causing CPU usage to converge once the user count

exceeds 32. The CPU spikes observed at 24 and 32 users align

with the throughput spikes in Figure 3.

5 Conclusion and Future Work
This paper presented a scalable many-to-many volumetric

video streaming architecture that leverages distributed selec-

tive forwarding units (SFUs) for WebRTC to improve perfor-

mance, increase supported user counts, and reduce resource

utilization. We evaluated centralized and distributed setups

with two and four SFUs under user counts ranging from 8 to

64 across two scenarios: high scale, low-quality point cloud

streaming, and selective multiple description coding (MDC)-

based multi-quality transmission with limited senders. Re-

sults show that distributed setups utilize bandwidth more

efficiently, doubling throughput by reducing shared links.

This enables greater client coverage in the first scenario and

substantially higher quality in the second, with up to 147%

more received points with 64 users. While Google congestion

control (GCC) maintains low packet loss and stable latency

across all setups, worst-case latency differs markedly: the

centralized setup exceeds 100ms at 32 users, whereas dis-

tributed setups only reach this threshold beyond 48 users.

Future work will extend the architecture to a fully hierar-

chical topology, enablingmulti-level forwarding across wider

regions, supporting user counts beyond 64. Dynamic SFU

scaling will also be explored with seamless client handover,

and adaptive client-to-SFU assignment based onmetrics such

as latency and the current field of view (FoV) of all users.
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