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ABSTRACT
Real-Time Communication (RTC) relay servers are critical for en-
suring connectivity when peer-to-peer (P2P) links fail, directly
impacting end-to-end latency, reliability, and user quality of expe-
rience (QoE). However, commercial RTC platforms keep their relay
infrastructure—including deployment locations, targeting logic, and
fallback mechanisms—opaque, leaving a gap in our understanding
of real-world RTC system design. In this paper, we plot a global
relay map for three major RTC applications (Zoom Free/Business,
WhatsApp, and Discord) by automating cross-region calls over 13
Azure cloud regions worldwide. From our observations, a denser
deployment of relay nodes and a better targeting strategy give
WhatsApp on average 69ms, 31ms, and 35ms lower end-to-end
latency per call compared with Zoom Free, Zoom Business, and
Discord, respectively. These insights provide valuable input for
next-generation relay infrastructure design.
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1 INTRODUCTION
Real-time communication (RTC) is a cornerstone technology that
connects people through interactive audio, video, and screen-sharing,
and it underpins everyday services such as Zoom, WhatsApp, and
Discord [3, 9, 12, 20]. RTC calls require establishing a stable, low-
latency data transmission channel between a caller and a callee.
When a direct peer-to-peer (P2P [16, 27]) path cannot be established—
e.g., due to NATs [22, 24] or firewalls [5, 25]—the call falls back to
relayed transmission via a TURN server [23] (a.k.a., relay server),
i.e., every media packet is first sent to a relay which then forwards
it to the other endpoint. Relay-mode transmission therefore funda-
mentally changes the data path and the performance semantics of
a call [19, 23, 26].
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In this paper, we study how the relay server infrastructure affects
RTC call performance and reliability from the perspective of a ser-
vice provider. A fundamental design decision is the construction of
the relay map. Given a fixed budget—i.e., a fixed number of servers
that can be deployed or rented—providers must decide how to place
relay servers globally. One end of the design space favors a large
number of geographically distributed points of presence (PoPs),
which increases the likelihood that a call can be served by a nearby
relay and thus reduces latency, but at the cost of higher operation
and maintenance overhead and more complex load balancing. The
opposite end favors a small number of centralized locations, which
simplifies maintenance and enables coarse-grained load pooling,
but often incurs higher latency for a large fraction of users. Beyond
relay placement, providers must determine the relay targeting
strategy—how a specific relay is selected for a given call when
multiple candidates are available. Finally, robust relay fallback
mechanisms are critical for maintaining call reliability when relays
or transport paths fail, such as due to server outages or regional
network disruptions. Together, relay mapping, targeting, and fall-
back decisions directly shape call latency, loss characteristics, and
end-to-end reliability.

Measuring relay infrastructures and their effect on calls poses
two practical challenges. First, we must exercise calls from geo-
graphically diverse origins to observe the relay locations globally.
Second, we must generate a sufficiently large number of controlled
calls so that targeting and fallback behaviors become visible and
statistically meaningful. Addressing both requirements simultane-
ously while using real mobile clients is non-trivial.

To our knowledge, there is no prior cross-platform, global-scale
measurement that maps and compares relay infrastructures of pop-
ular RTC applications; existing work focuses on protocol com-
pliance, P2P performance, or measurements of individual appli-
cations [8, 12, 15, 20]. In this paper, we present the first mea-
surement and comparison study of commercial RTC re-
lay infrastructures across major applications. Specifically, we
study three widely used RTC platforms—Zoom, Discord, and What-
sApp—further distinguishing between Zoom’s Free and Business
account tiers. To overcome the above challenges, we (1) connect
physical mobile clients to WireGuard VPN endpoints in a set of
global cloud regions, (2) automate large numbers of one-on-one (1-
on-1) calls using Xcode-based device control to sweep caller–callee
region pairs, and (3) capture packet traces at the cloud proxies to
identify relay IPs and infer relay selection and fallback behavior.
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(a) Zoom Free (b) Zoom Business (c) Discord (d) WhatsApp

Figure 1: Relay maps for three representative RTC applications. Each red dot denotes a geographic location where at least one
relay server IP was detected.
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Figure 2: Connection establishment in a 1-on-1 call.

Summary of findings. Using this framework, we uncover three
patterns across applications. (i) Relay map density varies signif-
icantly (Figure 1): Zoom Free uses only two relay locations, while
Zoom Business and Discord are globally distributed and WhatsApp
has the densest footprint. (ii) Relay targeting policies differ in
how caller and callee locations influence selection: WhatsApp uses
latency-aware multi-probing to pick the nearest responsive relay,
whereas Zoom and Discord assign relays based on caller location.
(iii) Fallback robustness varies widely: WhatsApp opens 3 UDP
and 3 TCP fallback sessions toward 3 different relays, while Discord
has no fallback beyond a single UDP session.

Measured impact on call latency. A denser relay deploy-
ment and better targeting shorten call latency. On intra-continent
pairs, WhatsApp is on average 144/27/24ms faster than Zoom
Free/Zoom Business/Discord; on inter-continent pairs, WhatsApp
is 47/32/39ms faster.

2 BACKGROUND AND MOTIVATION
RTC applications generally support two call modes: 1-on-1 calls
and group calls with multiple participants. In this paper, we focus
on 1-on-1 calls for two reasons. First, 1-on-1 calls dominate real-
world RTC usage, accounting for over 80% of calls in practice since
2020 [4, 14]. Second, group-call infrastructures are inherently more
complex: beyond relay servers, their data transmission paths are
also shaped by additional components such as Selective Forwarding
Units (SFUs) [30], making it difficult to isolate and quantify the
impact of relay infrastructure on call performance through relay-
focused measurements alone. Accordingly, we restrict our scope
to 1-on-1 calls and defer the study of group-call infrastructures to
future work. In this paper, we use the term relay server to refer
specifically to TURN servers that forward media traffic between
two client devices.

2.1 How Relay Works in a 1-on-1 Call
Figure 2 illustrates the typical connection establishment of a 1-
on-1 call, which sets up a channel for time-sensitive media (e.g.,
RTP [26]/RTCP [13]) between the two endpoints.
Step 1: Address discovery via STUN. Each client queries a
STUN server to learn its server-reflexive candidate—the public-
facing IP/port assigned by its NAT.
Step 2: Direct P2P connectivity check. The clients run STUN
binding checks; if a pair is reachable, Interactive Connectivity Es-
tablishment (ICE) [15] selects it and media flows directly over a
peer-to-peer (P2P [16]) path with minimal latency.1
Step 3: Relay-based fallback using TURN. When direct con-
nectivity fails—e.g., due to symmetric NATs [22, 24], UDP-blocking
firewalls [5, 25], or enterprise network policies [11]—an endpoint
requests an allocation from a TURN server, which assigns a re-
layed transport address and forwards media on its behalf. All media
packets then traverse the client–relay–client path, so call latency
and loss are determined by both legs and the application’s relay
selection.

2.2 Measurement Framework Overview
Measuring relay infrastructures in commercial RTC applications is
challenging for two reasons. First, relay deployment and selection
logic are proprietary and closed-source, and applications do not
expose internal relay maps or decision processes. Second, relay
behavior is highly dynamic: the relay used for a given call may vary
with caller and callee locations, call timing, and account type. We
therefore adopt a third-party, black-boxmeasurement approach that
infers relay infrastructure properties solely from network traffic
generated by controlled end-host call experiments.
Application selection. We study three popular RTC applications:
Zoom, Discord, and WhatsApp, focusing on their mobile clients
and 1-on-1 calls. These applications represent different segments
of the RTC ecosystem and have large, diverse user bases. Zoom
is the leading dedicated video-conferencing platform, WhatsApp
is among the most widely used messaging applications globally
with deeply integrated voice and video calling, and Discord is the
dominant platform for real-time voice and text communication in
gaming and online communities [14, 21, 29]. Together, they span
a wide spectrum of relay deployment strategies—from minimal

1Some RTC applications (e.g., Discord) do not attempt P2P connectivity and always
use relay-based media delivery.
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centralized infrastructure (Zoom Free) to moderate global distribu-
tion (Zoom Business, Discord) and dense worldwide deployment
(WhatsApp)—making them representative case studies for compar-
ing relay infrastructure design choices. For Zoom, we explicitly
distinguish between Free [33] and Business [31] account tiers for
two reasons. 2 First, Zoom’s public documentation indicates that
paid accounts can opt in or out of specific data-center regions, while
Free accounts are restricted to a provisioned region [34]. Second,
although Zoom publishes IP address ranges used by its services [32],
these disclosures do not specify which IPs correspond to TURN or
relay servers, nor their roles in media forwarding, making direct
measurement necessary to identify relay infrastructure differences
across account tiers.
Call generation and traffic collection. To enable large-scale and
geographically diverse measurements, we take two steps: 1) We
connect physical iPhones to virtual machines deployed in multiple
Azure regions using WireGuard VPN tunnels, causing calls to ap-
pear as originating from different geographic locations (see §3 for
details); and 2) We use Xcode-based automation scripts to repeat-
edly generate 1-on-1 calls across different caller–callee region pairs.
All network traffic is captured at the cloud VMs for subsequent
analysis.
Relay inference. We analyze the collected network traces to iden-
tify relay servers and characterize their behavior. Relay IPs are ex-
tracted by isolating RTP flows associated with relay-mode calls [8].
To infer each relay IP’s geographic location and the organization
operating it, we query IP intelligence services (e.g., ipinfo) [2]. To
validate the accuracy of these inferences, we additionally run tracer-
oute and active latency measurements toward the inferred relay IPs
and check for consistency between the measured path/RTT char-
acteristics and the reported locations. Together, these techniques
enable us to reconstruct each application’s relay map, relay target-
ing policies, and fallback behavior from end-host observations.

2.3 Related Work
Prior work on RTC relays falls into three lines. (i) Measurement stud-
ies of individual applications—Zoom, Skype, Google Meet, Webex—
characterize call latency, availability, and media behavior under
varying networks [6, 7, 18, 28], but treat relaying only as an implicit
fallback and do not reconstruct relay maps, targeting, or fallback
strategies. (ii) Aggregate measurements quantify how often RTC
systems use TURN in the wild [22], without distinguishing between
applications or providers. (iii) Systems work optimizes the TURN
relay itself for forwarding efficiency and scalability [17], operating
at the server-design level rather than on how commercial RTC
services actually deploy, select, and orchestrate their relay fleets.

In contrast to these lines of work, no prior study provides a sys-
tematic, cross-application measurement of commercial RTC relay
infrastructures, nor compares relay maps, relay targeting policies,
and fallback mechanisms across major platforms and quantifies
their impact on end-to-end call performance and reliability.

Azure node City / Proximity Global Region

East US 2 Boydton, Virginia, USA America
Central US Des Moines Iowa, USA America
West US San Francisco, California, USA America
South Central US San Antonio, Texas, USA America
Chile Central San Diego, Chile South America
UK South London, United Kingdom Europe
Poland Central Warsaw, Poland Europe
UAE North Abu Dhabi, UAE Middle East
Japan East Tokyo (Saitama), Japan Asia Pacific
Central India Pune, India Asia Pacific
South Africa North Johannesburg, South Africa Africa
Australia East Sydney (New South Wales), Australia Asia Pacific
Malaysia West Kuala Lumpur, Malaysia Asia Pacific

Table 1: Selected Azure VM regions, their proximity cities,
and Azure global region categories.

3 MEASUREMENT METHODOLOGY
Our objective is to discover as many relay server locations of RTC
applications worldwide as possible. Achieving this requires initiat-
ing RTC calls from diverse geographic regions. However, it is most
challenging to deploy mobile devices across the globe physically.
To overcome this, we leverage Azure VMs distributed worldwide
to serve as VPN proxies. Each VM hosts a VPN server, and our test
devices connect to it via WireGuard [10], forcing all mobile traffic
through the assigned VM. This setup allows us to emulate RTC calls
originating from the VM’s regions. Meanwhile, we block the P2P
connection between the VMs to avoid forming P2P transmission
during the calls. Finally, we capture packets at the VM using Wire-
shark and analyze the RTP packets exchanged with relay servers
to identify their IP addresses and geographic locations.

3.1 Call Experiment Setup
3.1.1 Device and Network Setup. We selected two iPhone 11 de-
vices as the caller and the callee. Each phone connects to an Azure
VM through a WireGuard VPN tunnel, configured to forward all
mobile traffic through the chosen VM. A controller MacBook laptop
orchestrates the experiments. It remotely manages the Azure VMs,
starting and stopping traffic captures, issuing commands to block
specific IPs, and ensuring synchronization between devices.

3.1.2 Caller and Callee Location Setup. To best emulate caller and
callee locations worldwide under the time and resource constraints,
we select a representative set of Azure VM regions across different
continents, as listed in Table 1. We iterate the caller and callee
through each VM, respectively, forming 169 different pairs. Each
caller–callee pair is tested by initiating the same call 10 times con-
secutively. This repetition is necessary because applications do not
always select the same relay server across different call attempts.
Multiple repetitions provide richer observations and improve the
reliability of our measurement results.

3.1.3 Experiment Procedure and Trace Capture. Before each exper-
iment, both phones terminate background applications, connect to

2Zoom also has a school/education account. We do not include that due to access
difficulty.
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Figure 3: Relay server measurement methodology. Using 2
VMs from Microsoft Azure to mimic the caller and callee location
at different places around the globe.

WiFi, and route all traffic through assigned Azure VMs via Wire-
Guard.3 We implement an automation program on aMacBook using
Xcode to control the iPhones, which automatically restarts the RTC
application, initiates a call, and maintains the call for one minute
with both the microphone and the camera on. The Wireshark trace-
capturing commands are also initiated by the MacBook program
and sent remotely to the VMs. This process is repeated 10 times
for each caller–callee configuration. Each call produces two syn-
chronized packet traces collected at the caller- and callee-side VMs.
For each of the three applications studied (with Zoom exercised
separately at the Free and Business tiers), this yields roughly 112
hours of packet traces in total.

3.2 Relay Server Measurement
With the data collected above, we can identify the relay servers
and analyze their impact on call performance. Relay server identi-
fication from packet traces proceeds in two steps. 1) Extract relay
server IP addresses from the captured traffic: packet traces collected
at the Azure VMs contain a mixture of signaling, background appli-
cation, and RTC media traffic. To precisely identify relay server IPs,
we focus on RTP media packets, which dominate call traffic and,
under our P2P-blocked setup, are necessarily exchanged with relay
servers. Following the DPI approach in [8], we locate RTP packets
using header matching and RTP-specific fields, and extract their
destination IPs as relay server IPs. 2) Determine the geographic
locations of the identified relays: we query ipinfo.io [2] for database-
based estimates and further validate each reported location using
the multi-vantage-latency and traceroute-based methods detailed
in our technical report [1]. Only locations consistent across these
checks are accepted as valid.

To measure the performance impact of the relay server on a
call, we use the RTT computed from RTP packets flowing in both
directions. This methodology allows us to extract the most infor-
mation from a call, given the abundant number of RTP packets
per call. For every RTP packet detected by the DPI, we extract its
send/arrival timestamps at the caller and callee VMs and sum the
caller–relay–callee and callee–relay–caller one-way latencies to
3We also disable GPS on both phones throughout the experiments: some RTC apps
query the device’s GPS for geolocation, which would leak the phone’s true location
and bypass the VPN-based region emulation.

obtain the packet’s end-to-end RTT.4 The call-level RTT reported
in §4.4 is the mean over all RTP packets in the call; each one-minute
call yields more than 10,000 RTP packets, making this mean a stable
estimate of the call’s typical RTT.

4 RELAY ANALYSIS
This section characterizes the relay infrastructures we uncovered us-
ing the measurement methodology in §3. We first present the global
relay maps observed in each application (§4.1). We then analyze
how relays are targeted for each call (§4.2) and how applications
fall back to alternative relays or transport sessions upon failures
(§4.3). Finally, we quantify how relay placement and relay-selection
policies jointly impact end-to-end call latency (§4.4).5

4.1 Relay Map
Figure 1 plots all relay servers we detected for Zoom (free and
business), Discord, and WhatsApp.6 Each red dot corresponds to
a geographic location (nearest city/country) where at least one
relay IP was observed. We refer to relays co-located in the same
geographic location (e.g., within one city) as one relay node. We ac-
knowledge that the relay maps may be incomplete: our caller/callee
vantage points may not fully cover all possible relay deployments.
Nonetheless, these maps are produced under the same measure-
ment conditions across the three applications (with Zoom shown at
both the Free and Business tiers), and thus offer a consistent view
of the relative relay geolocation density and deployment footprint.
The relay counts reported here should therefore be interpreted as
lower bounds on each application’s true relay footprint, reflecting
measurements conducted between August 2025 and March 2026;
the actual deployments may include additional relay locations not
reachable from our 13 vantage points.
Zoom provisions two tiers of relay infrastructure, and busi-
ness accounts are served by substantially more relay nodes.
As shown in Figure 1a and Figure 1b, calls between two Zoom
Free accounts consistently traverse only two relay BGP prefixes
in the U.S., both announced by Zoom’s AS30103: 206.247.0.0/21
(Leesburg/Ashburn, east coast) and 144.195.96.0/21 (San Jose,
west coast). In contrast, Zoom Business accounts are served by
relays in 12 cities spanning multiple continents: the two U.S. nodes
above plus 10 additional cities in Europe, Asia-Pacific, and India.
The full list of prefixes and locations is provided in our technical re-
port [1]. This tiered deployment is consistent with Zoom’s documen-
tation [34] and suggests differentiated relay capacity and regional
coverage across subscription levels. Most Zoom Business relays are
operated on Zoom-owned infrastructure (AS30103); the exception
is Zoom’s India footprint, where Mumbai (170.114.104.0/21) and

4Wireshark stamps each packet from the host VM’s system clock, so the two VMs’
clocks may be offset by a constant 𝛿 . The offset cancels in our estimate: the +𝛿 bias in
the forward one-way delay offsets the −𝛿 bias in the reverse one-way delay when the
two are summed to form RTT.
5We focus on latency as our performance metric because it most directly reflects the
impact of relay location on a call. Other metrics such as throughput and jitter are
confounded by factors orthogonal to relay placement—e.g., video codec adaptation,
load balancing, and network conditions at intermediate hops—and therefore provide a
less clean signal for comparing relay infrastructures.
6For Zoom, the relays shown here include only those used to establish the initial media
path. We exclude Zoom’s fallback relays because they are predominantly hosted on
AWS and require additional failure-triggered measurements to reliably enumerate; we
analyze Zoom’s fallback behavior in §4.3.
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Chennai, India
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Figure 4: Illustration of WhatsApp’s targeting: at call setup,
both endpoints send TURN Allocate requests to three candidate
relays, and the one that minimizes the combined caller–callee probe
RTT is chosen. In this example, the caller (Santiago) and callee (Des
Moines) probe three candidates; Frankfurt (224ms) is picked as the
RTT is lower than Marseille (232ms) and Chennai (492ms).

Hyderabad (170.114.112.0/21) are announced by Oracle Cloud
(AS31898), indicating that Zoom leases relay capacity from Oracle
to serve Indian users.
Discord operates a globally distributed relay fleet built pre-
dominantly on third-party CDN and cloud infrastructure.
Discord’s relays fall into 31 distinct BGP prefixes spanning 15
cities on every inhabited continent (including Johannesburg); the
full list of prefixes and locations is provided in our technical re-
port [1]. The deployment is dominated by Cloudflare PoPs (80%
of observations, AS13335), with smaller shares on Google Cloud
(16%, AS15169/AS19527) and i3D.net (5%, AS49544, observed only
in Tokyo).7
WhatsApp exhibits the broadest relay footprint among the
studied applications. WhatsApp’s relays span 25 cities, with no-
tably higher density in population centers; the full list of IPs, PoP
codes, and locations is provided in our technical report [1]. What-
sApp’s relays are consistently hosted on Meta-owned infrastruc-
ture, indicating a self-operated global relay backbone. The wide
geographic spread suggests WhatsApp aims to keep relays close to
end users across most regions, which can reduce relay detours and
improve call latency—a hypothesis we quantify in §4.4.

4.2 Targeting Strategy
We define relay targeting as the policy by which an application
selects the geographic relay node that serves a call, given fixed
caller and callee locations. Although the global relay map may
contain many relay nodes, only a subset (or one) of these nodes are
eligible to serve a particular caller–callee pair. We infer targeting
behavior by repeating calls under fixed endpoint locations and
observing which relay node is ultimately chosen.
Zoom Business and Discord adopt caller-driven targeting.
For both, the selected relay is determined solely by the caller’s
location.8 Under a fixed caller region, repeated calls select IPs within
the same prefix and city, and blocking that prefix prevents call
7Our Discordmeasurements focus on 1-on-1 calls. Discord channel calls (meeting-room
style) use separate media servers with a broader deployment footprint; see Discord’s
published RTC latency dashboard at https://latency.discord.media/rtc.
8Zoom Free uses only two relay nodes, making targeting analysis less meaningful; we
therefore focus on Zoom Business.

establishment, confirming no alternative node is considered. For
Discord, we additionally observe RTP packets exchanged between
the caller and relay before the callee answers, indicating that relay
selection completes entirely on the caller side—a design that may
reduce perceived setup latency.
WhatsApp adopts joint caller–callee-aware targeting. As
shown in Figure 4, at call setup, both endpoints receive the same set
of three TURN server IPs, and each device sends a TURN Allocate
request to each candidate and receives the corresponding response.
The relay selected for the call is the one minimizing the combined
latency observed by the caller and callee, effectively estimating the
end-to-end path cost before media transmission. The three candi-
dates and their combined probe RTTs, enumerated across all 169
caller–callee region pairs we tested, are listed in our technical re-
port [1]. Notably, the three TURN server IPs are not fixed for a
given caller–callee pair; both the IP addresses and their geographic
locations vary across experiments, suggesting an underlying load-
balancing mechanism that dynamically adjusts candidate pools
while preserving latency-aware selection.

4.3 Fallback Strategy
We define a fallback session as a TCP or UDP connection between a
client device and a relay IP during a call. RTC systems typically pre-
fer UDP and fall back to TCP under disruption [5, 23]. We count the
number of sessions per call (including the default UDP session) to
quantify robustness. To trigger fallback, we block relay IP prefixes
at the VM during an ongoing call; if the call does not recover within
30 seconds, we consider it terminated. Our measurement results be-
low reveal that Zoom Business and WhatsApp exhibit substantially
richer fallback mechanisms than Zoom Free and Discord.
Zoom Free. One UDP and one TCP session to the same relay IP;
after blocking both sessions, the call terminates.
Zoom Business. One UDP and one TCP session to the same relay
IP; subsequent blocking triggers additional TCP sessions to AWS-
hosted servers that are not used under normal conditions, making
fallback effectively unbounded.
Discord.One UDP session only; blocking it immediately terminates
the call.
WhatsApp. Three UDP sessions to three candidate relays; upon
UDP failure, three corresponding TCP sessions are attempted, yield-
ing up to six sessions before termination.

4.4 Call Latency Analysis
Figure 5 shows the average end-to-end RTT for all 13×13 caller–
callee region pairs across the three applications. The heatmaps may
be asymmetric across the diagonal due to factors such as caller-
driven targeting, load-balancing, and asymmetric underlay routing.
A denser relay deployment primarily benefits geographically
close calls.We split the 169 region pairs into intra-continent (39
pairs whose two endpoints share a Global Region entry in Table 1;
e.g., east-us–west-us, both under America) and inter-continent
(130 pairs whose endpoints fall under different Global Region en-
tries). For a fair comparison, we fix each caller–callee pair and
measure per-pair how much faster Zoom Business, Discord, and
WhatsApp are than Zoom Free on the same pair, then average
those per-pair deltas within each group. On intra-continent pairs,
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Figure 5: End-to-end call RTT (ms) across 13×13 caller–callee region pairs. Darker cells indicate higher RTT; lighter cells
indicate lower RTT. Overall, Zoom Free > Zoom Business ≈ Discord > WhatsApp: Zoom Free is the slowest because of its sparse relay
footprint (only two U.S. nodes), while WhatsApp is the fastest because its joint caller–callee relay targeting consistently selects a near-optimal
relay for each call.

Zoom Business / Discord / WhatsApp are on average 117.2 / 119.7
/ 144.0ms faster than Zoom Free (47–58% per-pair reduction). On
inter-continent pairs, however, the savings shrink to 14.7 / 8.0
/ 46.7ms (3–17%): a denser relay map shortens the client–relay
leg that dominates short-distance calls, whereas the long-haul un-
derlay sets a hard floor that denser relays cannot overcome for
long-distance calls.
A smarter targeting strategy further reduces latency on top
of a dense deployment. Zoom Business and Discord have compa-
rably broad global footprints and both use caller-driven targeting;
holding the caller–callee pair fixed and averaging the per-pair RTT
delta, they differ by only 4.5ms on average, despite Zoom Business
running on self-owned infrastructure and Discord on Cloudflare.
WhatsApp instead adopts joint caller–callee-aware targeting (§4.2),
picking the relay minimizing the combined caller–callee path cost.
For a fair comparison, we again fix each caller–callee pair and mea-
sure the per-pair RTT delta: WhatsApp is on average 30.8ms /
35.4ms faster than Zoom Business / Discord per pair. We attribute
this additional advantage to WhatsApp balancing both legs rather
than conditioning only on the caller’s location.

5 CONCLUSION AND DISCUSSION
Wemeasured the relay infrastructures of Zoom, Discord, and What-
sApp, and found that both denser relay deployment and smarter
relay targeting are effective levers for reducing end-to-end call
latency. The three applications also differ in how relays are hosted—
Zoom and WhatsApp operate self-owned relay backbones, while
Discord outsources to Cloudflare and other cloud/CDN edges—and
in fallback robustness, ranging fromWhatsApp’s 3-relay UDP+TCP
multi-session design to Discord’s single-UDP session with no fall-
back. Our measurements were conducted between August 2025
and March 2026; as providers expand or reconfigure their relay
footprints over time, specific numbers reported here (relay counts,
city lists, targeting behavior) may shift. Building on this study,
we encourage future measurements to further broaden the view
along three directions. First, longitudinal coverage: repeating mea-
surements over extended time periods would reveal how relay
infrastructures and targeting strategies evolve, reflecting providers’
infrastructure investments and changes in service policies. Sec-
ond, more representative vantage points: our 13 Azure regions are

concentrated in densely populated urban areas; extending mea-
surements to remote or underserved regions would expose relay
behavior for users in areas with limited cloud infrastructure, which
our current methodology cannot reach. Third, broader device di-
versity: our measurements used iPhone 11 handsets; future work
should examine whether relay behavior differs across device types
(e.g., Android, laptop clients) or account configurations. Beyond
measurement scope, relay infrastructure design may also be shaped
by an application’s intended use case and user base—e.g., enterprise
meeting platforms such as Google Meet or Microsoft Teams may
adopt fundamentally different relay strategies than consumer mes-
saging applications; studying these applications is an important
direction for future work.
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