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Abstract—Bluetooth’s Broadcast Isochronous Streams (BISes) al-
low unidirectional audio dissemination to many devices, while
Connected Isochronous Streams (CISes) make one-to-one bidirec-
tional audio exchange possible. Yet, neither is suitable for building
communication systems in which many devices listening to the
same broadcast audio exchange can also answer (i.e., speak back)
at the same time. In fact, BISes provide no return path from
receivers, and CISes scale only through pairwise connections.
To address this gap, we present COYOTE, a mechanism that
enables many-to-many communication in Bluetooth LE Audio by
repurposing the BISes of a single broadcast isochronous group
(BIG). COYOTE keeps the broadcaster fixed and organizes the
BIG around a shared audio downlink and one or more receiver-
side uplink opportunities for devices listening to the broadcast and
willing to answer back. To reduce uplink collisions among simul-
taneous speakers, COYOTE introduces occupation-aware uplink
selection based on feedback embedded in the downlink. We imple-
ment COYOTE on custom Bluetooth hardware and demonstrate
low audio-path latency, few uplink collisions, and high uplink
fairness under repeatable contention. With COYOTE, which we
release as open-source, we thus show that Bluetooth’s BISes can
be repurposed beyond one-to-many dissemination and used as
the basis for practical many-to-many voice communication over a
shared downlink and multiple receiver-side uplink opportunities.
Index Terms—Bluetooth Low Energy, Digital audio broadcasting.

I. INTRODUCTION

In recent years, several updates to the Bluetooth Core Spec-
ification (BC) have significantly extended the capabilities of
Bluetooth Low Energy (BLE), not only enhancing performance
and communication range through additional physical modes,
but also enabling new and previously unattainable applications
through novel advertisement schemes such as extended and
periodic advertising [1]. Among these updates, BC v5.2 is
considered a milestone in Bluetooth history, as it introduced the
so-called LE isochronous physical channel and added support
for time-bounded data transmission and synchronized rendering
across multiple receiver devices [1], [2]. In turn, this addi-
tion forms the basis for the new Bluetooth LE Audio stan-
dard [2], [3], introducing two distinct traffic patterns: broadcast
(connection-less) and unicast (connection-oriented) [1], [2].
The latter is realized through Connected Isochronous Streams
(CISes), providing bidirectional point-to-point communication
between two devices and supporting interactive use cases such
as voice calls [2]. The former is realized through Broadcast
Isochronous Streams (BISes), enabling one broadcaster to dis-
seminate audio to countless receiver devices in communication
range, making BISes the natural basis for scalable one-to-many
audio applications such as assisted hearing systems [2], [4].

Unfortunately, neither BISes nor CISes are well suited for
scenarios in which multiple participants need to communicate
over a common voice channel. Consider, for instance, produc-
tion crews, live-event staff, factory-floor personnel, or incident-
response teams. In such settings, communication is rarely a set
of isolated conversations between pairs of users [5]. Instead, the
whole team follows the same ongoing voice exchange, while
individual participants speak as soon as the situation requires
it. From a user perspective, this pattern is very simple. For
Bluetooth LE Audio, however, it exposes a mismatch between
the application and the available traffic patterns.

CISes provide bidirectional audio and therefore appear attrac-
tive for interactive speech scenarios. However, this bidirec-
tionality is tied to point-to-point connections, so a CIS-based
design would inherit the pairwise scaling limitations already
examined in MANTIS [6]. BISes solve the opposite part of
the problem: one broadcaster can reach many synchronized
receivers. Yet, BISes remain unidirectional and provide no
return path from receivers to the ongoing exchange. MANTIS
addressed this mismatch by showing that BISes can be extended
toward multiparty communication through coordinated role
transitions between broadcaster and receiver [6]. However, only
one device acts as the broadcaster at any given time. MANTIS
therefore remains a single-speaker system and cannot support
simultaneous speech contributions from multiple participants.
Consequently, a different approach is necessary in order to
support this communication pattern over Bluetooth LE Audio.
Such an approach must preserve the scalability of BISes and
avoid the pairwise structure of CISes, while still allowing
multiple participants to contribute speech simultaneously as all
devices continue to receive the same ongoing audio stream.

Contributions. In this paper, we present COYOTE (Central
Orchestrator Yields One mixed Track for Everyone), a mech-
anism enabling many-to-many communication in Bluetooth LE
Audio by repurposing the BISes carried within a Broadcast
Isochronous Group (BIG). COYOTE organizes the BIG around
a shared downlink audio path that disseminates the mixed
audio to all participants, while one or more return paths allow
speaking participants to contribute their audio to the mix. This
allows several participants to speak at the same time, within the
configured uplink capacity, while everyone receives the same
shared audio stream. Additionally, we implement COYOTE
on custom Bluetooth hardware and experimentally characterize
its one-way audio-path latency and contention behavior in a



controlled environment. Our results show that COYOTE can
turn the inherently one-to-many nature of Bluetooth’s BISes
into a practical many-to-many communication pattern.

II. LE AUDIO FOUNDATIONS

Bluetooth LE Audio introduces a framework for BLE-based
audio transmission and sharing, enabling timely data trans-
mission and synchronized rendering across multiple devices,
thereby supporting a wide range of novel use cases [1],
[2], [4], [7]. At its core lies the LE isochronous physical
channel, introduced in BC v5.2, which forms the basis for
Bluetooth LE Audio’s isochronous streams, namely Broad-
cast Isochronous Streams (BISes) and Connected Isochronous
Streams (CISes) [1]. BISes enable unidirectional, connection-
less audio dissemination from an isochronous broadcaster to
synchronized receiver devices, making them well suited for
scalable one-to-many use cases such as gate announcements at
airports or assistive hearing systems in public venues [1]-[4].
CISes, in contrast, enable reliable, bidirectional audio exchange
between two connected devices, making them well suited for
interactive point-to-point scenarios such as voice calls [1], [2].

A. Broadcast Isochronous Streams

In general, BISes can be characterized as a structured se-
quence of subevents with strict timing constraints. A Broadcast
Isochronous Group (BIG) encapsulates one or more BISes
and may additionally include an optional control subevent. As
shown in Fig. 1, such a BIG may carry a stereo audio signal,
with one BIS representing the left channel and one BIS repre-
senting the right channel. In this example, the subevents L,, and
R,, constitute the corresponding BIS events. One or more BIS
events make up a BIG event, while the optional control subevent
(C},) disseminates control information such as channel-map
updates or stream termination information [1]. These BIG
events repeat at predefined ISO intervals, thereby forming the
recurring timing structure of the contained BISes [1], [2].
Since BISes are connection-less, synchronized receiver devices
do not acknowledge individual packets. Instead, BISes rely on
robustness mechanisms such as retransmissions, which improve
reception probability but consume additional airtime and can, in
practice, limit how many BISes fit into one BIG for a given ISO
interval, payload size, and PHY configuration [1], [2].

B. Connected Isochronous Streams

CISes are the connection-oriented counterpart to BlISes. A
Connected Isochronous Group (CIG) encapsulates one or more
CISes, with a dedicated Asynchronous Connection-oriented
Logical (ACL) connection alongside the isochronous data
stream for configuration, control, and coordination [1], [2]. As
shown in Fig. 2, a CIG may carry a stereo audio signal, with
L, and R,, representing the left and right channels. Unlike
BISes, each CIS event contains scheduled transmission and
response opportunities, such as Send L, and Recv L, enabling
bidirectional exchange within the recurring ISO interval. These
response opportunities even allow for acknowledgment-based
retransmissions and thus are used to improve reliability [1].
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Fig. 1: BIG of a stereo audio signal containing two BISes
representing the left and right audio channels. Every BIG
event contains one or more BIS events (e.g., L1, 1) and
an optional control subevent C,,, used to disseminate control
information such as the stream termination signal.
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Fig. 2: CIG of a stereo signal containing two CISes repre-
senting the left and right channels. Every CIG event contains
one or more CIS events, which, in turn, consist of one or more

transmission and response slots (e.g., Send L, Recv L1).

C. Audio Frames and the LC3 Codec

Since Bluetooth LE Audio carries audio data, sampled input,
typically represented as Pulse-Code Modulation (PCM) sam-
ples, must be encoded before transmission over an isochronous
stream [2], [7]. To this end, the Basic Audio Profile (BAP) [7]
defines interoperable audio configurations based on the Low
Complexity Communication Codec (LC3), Bluetooth LE Au-
dio’s mandatory codec for interoperability [2]. LC3 encodes
audio into frames whose sampling rate, frame duration, bitrate,
and payload size shape the trade-off between audio quality, la-
tency, and bandwidth [2]. Consecutive LC3 frames are decoded
as part of the same logical stream, while packet loss conceal-
ment (PLC) masks missing or corrupted frames by generating
replacement audio for the affected part of the stream [2].

III. LE AUDIO AND PARTY-LINE COMMUNICATION

Whether on a factory floor, construction site, film set, or search-
and-rescue scene, mobile crews often rely on voice communi-
cation over a single shared audio path accessible to all crew
members [8]-[10]. These systems, commonly known as party-
line intercom systems [11], allow everyone to hear everything,
and any participant can speak when needed, with turn taking
managed by etiquette rather than explicit control [8], [11].
Typically, crew members initiate a talk by pressing a Push-
to-Talk (PTT) button or by using Voice Operated eXchange
(VOX), which allows them to speak hands-free by automat-
ically initiating a transmission when speech is detected [11].
Since all communication takes place over the same shared audio
path, these systems deliberately trade privacy and structured co-
ordination for situational awareness and operational simplicity,
allowing them to just work when it matters most [8].

Despite operating in very different environments, crews relying
on this party-line model are remarkably consistent in size. Lean
manufacturing work cells typically include 5—15 operators on a
shared production line [5], [12], construction trade crews range
from 5 to 12 workers [13], live-event intercom channels serve
8-25 crew members such as camera operators, stage managers,



and directors [9], [11], and emergency response teams follow
the NIMS Incident Command System [14] span-of-control
principle of 3-7 subordinates per supervisor, yielding radio
talkgroups of 4-8 members. Across these domains, typical
group sizes therefore span 4 to 25 participants.

At first glance, Bluetooth LE Audio appears to provide all
the necessary building blocks for party-line communication.
CISes enable bidirectional point-to-point communication and
are, therefore, well suited for voice communication between
two connected devices. However, a party-line system solely
based on CISes would require each participant to maintain an
individual isochronous connection with every other member.
Prior work has shown that, in a group of size n, this amounts
to n — 1 CIGs per device, each tied to its own ACL channel
and subject to separate scheduling [1], [6]. Consequently, radio
and timing demands increase rapidly with the group size and
mobility further complicates matters, because every interrupted
connection has to be recovered independently, which may tem-
porarily fragment communication among dispersed crews [6].
BISes avoid these scalability limitations, but introduce the
opposite problem. A single broadcaster can disseminate audio
to an arbitrary number of receiver devices without maintaining
per-receiver connections, yet the resulting stream remains uni-
directional and provides no return path for receivers wishing
to speak. Assigning each participant a dedicated BIG is also
impractical, since every device would have to maintain its own
BIG while synchronizing to the BIGs of all other members [6].
As shown by MANTIS [6], simultaneous synchronization to
multiple BIGs quickly becomes infeasible and is therefore un-
suitable for party-line communication. MANTIS addresses this
limitation by coordinating role transitions over BISes, allowing
participants to take over the broadcaster role while preserving
the ongoing isochronous time base, i.e., essentially passing
around a token to the device allowed to speak. This enables
multiparty communication, but still restricts the system to one
active broadcaster at a time and, therefore, cannot support
simultaneous speech contributions from multiple participants.
Consequently, supporting party-line communication over Blue-
tooth LE Audio is not primarily a matter of reserving one trans-
mission opportunity per crew member at all times. Instead, the
system must accommodate the number of participants that may
try to access the shared audio path within the same conversation
window. While group size determines who may receive and
participate, the number of concurrent speakers determines how
many simultaneous transmission opportunities are needed.
This number can be bounded by looking at how people com-
municate in shared conversations. Dunbar et al. [15] observed
that, once freely-forming groups exceed four individuals, the
number of actively involved participants tends to level off at
around three to four. This is in line with the conversation-size
constraint, according to which everyday conversations become
difficult to sustain with more than four speakers and often split
once a fifth participant joins [16], [17]. Auditory perception
adds another practical constraint, as Cherry’s cocktail-party
experiments show that following a target speech stream be-
comes difficult in the presence of competing speech, especially
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Fig. 3: Operational overview of COYOTE. Left: Conven-
tional BIG consisting of two downlink BISes transmitted by the
broadcaster. Right: COYOTE preserves the same BIG structure,
but repurposes one BIS as an uplink toward the broadcaster.

when clear separation cues are missing [18]. This suggests that,
although a party-line system may include many crew members,
the number of participants trying to access the shared audio path
within the same conversation window remains bounded.
Guided by these constraints, a practical party-line system does
not need to scale the number of concurrent transmission op-
portunities with the total number of crew members. Instead, it
should provide a bounded number of transmission opportunities
that covers short overlap periods in which several participants
start speaking at the same time before turn taking takes over.

IV. COYOTE

In response to the limitations of existing work in §III, we
present COYOTE, a mechanism enabling many-to-many com-
munication in Bluetooth LE Audio by repurposing the BISes
within a single BIG. COYOTE keeps the isochronous broad-
caster fixed and organizes the BIG around a shared downlink
audio path and one or more return paths from receiver devices
to the broadcaster. Receiver devices wishing to speak neither
create their own BIG nor take over the broadcaster role. Instead,
they contribute to the ongoing BIG while all devices continue
to follow the same shared audio stream. As a result, COYOTE
preserves the underlying isochronous time base while allowing
receiver devices to contribute speech to the ongoing exchange.

A. Basic Structure

The most simplistic scenario illustrating COYOTE starts from
the smallest BIG that can expose both directions of the com-
munication pattern: a BIG with two BISes. In a conventional
Bluetooth LE Audio broadcast, an isochronous broadcaster dis-
seminates both BISes to all receiver devices in communication
range, as shown in Fig. 3 (left). We refer to this direction, from
the broadcaster to the receiver devices, as the downlink. Hence,
both BISes in the conventional setup are downlink BISes.

COYOTE preserves this BIG structure, but uses one of the two
BISes differently, as shown in Fig. 3 (right). One BIS remains
the downlink. The second BIS is repurposed as an uplink,
denoting the opposite direction from a receiver device toward
the broadcaster. As a result, the broadcaster no longer transmits
on both BISes, but transmits on one BIS and receives on the
other within the same BIG. COYOTE thereby assigns one
scheduled BIS opportunity to the receiver-to-broadcaster direc-
tion. Since the BC defines BISes in a BIG as broadcast streams
from the isochronous broadcaster to synchronized receivers,
this receiver-to-broadcaster assignment is not BC-compliant
in its current form [1]. Consequently, devices contributing
uplink audio require COYOTE-capable controller support, as



the standard Host Controller Interface (HCI) does not expose
per-BIS data path direction options within a single BIG. The
same principle also extends to larger BIGs (i.e., BIGs with
more than two BlSes). In such cases, COYOTE can keep one
or more BISes in the downlink direction and use the remain-
ing BlSes as receiver-side return paths. In the configuration
used in this paper, the first BIS remains the shared downlink
and all remaining BISes are uplinks. This choice reflects the
evaluated configuration rather than a fundamental restriction of
COYOTE, since a larger BIG may keep additional BISes in the
downlink direction at the expense of reducing the number of
receiver-side uplink opportunities. The remaining uplink BISes
then define how many receiver-side contributions COYOTE can
carry before contention occurs. This is a concurrency budget,
not the group size, since additional receiver devices may follow
the downlink and contend for an uplink BIS when speaking.

B. Uplink and Downlink Audio Path

Building on the structure introduced in §IV-A, all receiver
devices continuously receive the downlink BIS of the ongoing
BIG. When a receiver device wishes to speak, it keeps following
this downlink and additionally transmits its encoded audio
frames on one of the provisioned uplink BISes.

The broadcaster collects these uplink contributions and forms
the shared downlink audio. Fig. 4 illustrates this audio path
for an example configuration with two speaking receiver de-
vices, two uplink BISes, and one shared downlink BIS. The
broadcaster decodes the successfully received uplink frames
into PCM samples, combines these samples into a single au-
dio signal, and encodes the resulting mix for transmission on
the downlink BIS. Receiver devices therefore do not need to
receive, decode, or combine the uplink transmissions of other
receiver devices. This keeps the receiver-side audio path simple,
which is particularly relevant for resource-constrained devices
such as earbuds or hearing aids. More importantly, it pre-
serves one common audio view for the whole group. COYOTE
resolves uplink reception at the broadcaster, so successfully
received contributions enter the common downlink mix while
lost or collided contributions remain absent for all receivers.
The broadcaster is therefore a fixed coordination role and may
be implemented as a standalone coordinator without its own
microphone or speaker. It may nevertheless include local audio
input or output (in the mix) without changing the COYOTE
audio path, since receiver devices contribute through uplink
BISes and obtain the shared signal through the downlink.

C. Uplink BIS Selection and Occupancy Feedback

When a BIG contains more than one uplink BIS, a receiver
device wishing to speak must decide which uplink BIS to use.
This decision is non-trivial, since multiple receiver devices may
select the same uplink BIS while others remain unused. In
such a case, the broadcaster may capture only one colliding
transmission (or none), causing other receiver contributions to
be lost before they can be mixed into the shared downlink [19].
In principle, uplink selection can be organized at different gran-
ularities. An uplink BIS may be assigned to a receiver device
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Fig. 4: COYOTE audio path. Example 3-BIS configuration
with BIS1 as the shared downlink and BIS2 and BIS3 as
receiver-side uplinks. The broadcaster decodes successfully
received uplink contributions, combines the decoded PCM sam-
ples, and encodes the resulting mix for transmission on BIS1.

ahead of time, selected dynamically when the receiver starts
speaking, or changed from one ISO interval to the next. These
approaches correspond to per-receiver assignment, per-talk-
event selection, and per-ISO-interval selection, respectively.

A per-receiver assignment is simple, but poorly matched to the
party-line communication model discussed in §III. Since most
participants listen most of the time, this would dimension the
BIG for potential rather than active speakers. For larger groups,
it either requires one uplink BIS per receiver device or restricts
speaking to receivers with a provisioned uplink BIS. As a result,
uplink BISes may remain unused while assigned receivers are
silent, even though other receivers may wish to speak.

At the other extreme, per-ISO-interval selection would allow
a receiver device to change the selected uplink BIS for every
encoded audio frame. While this appears flexible, it is poorly
matched to encoded audio streams. As discussed in §1II, receiver
devices transmit LC3 frames, whose packet loss concealment
relies on stream continuity. If a receiver changed its uplink
BIS within a talk event, consecutive frames of the same speech
contribution could appear on different uplink BISes. Preserving
codec state would then require the broadcaster to track receiver
identity across BIS changes and maintain the corresponding
decoder state. Without such tracking, each uplink BIS would
be decoded independently, potentially causing audible artifacts
whenever a speech contribution switches between uplink BISes.
COYOTE therefore uses per-talk-event selection. When a re-
ceiver device starts speaking, for example after a PTT or VOX
trigger, it selects one uplink BIS and transmits on this BIS until
the talk event ends. This matches the intended communica-
tion pattern, where participants contribute short speech bursts,
avoids dimensioning the BIG for all potential speakers, and
preserves the stream continuity required by the audio decoder.
However, per-talk-event selection still leaves one practical
question. Which uplink BIS should a receiver choose when a
talk event starts? The simplest COYOTE-compatible option is
random selection, which requires no receiver identities, reserva-
tions, ownership tracking, or receiver-side monitoring of uplink
BISes. Yet random selection can still cause avoidable collisions
when two receiver devices select the same uplink BIS while
another remains free. More coordinated alternatives, such as
listen-before-talk or receiver-specific reservation, could reduce
such collisions further, but would require receivers to monitor
uplink activity, maintain reservation state, or be addressed
individually by the broadcaster. COYOTE therefore focuses on



a lightweight broadcast-feedback policy that reduces avoidable
collisions while keeping the receiver-side decision simple.
COYOTE shifts the observation point to the broadcaster. Since
it observes all provisioned uplink BlSes, it can track recent
uplink use and report it through the downlink. COYOTE there-
fore appends a compact 4-byte occupancy descriptor to each
downlink payload. The descriptor is a 32-bit bitmap over the
provisioned uplink BISes. Bit ¢ corresponds to the i-th uplink
BIS and indicates whether the broadcaster successfully received
a packet on that BIS during the previous ISO interval. If over-
lapping uplink transmissions prevent decoding on an uplink
BIS, the corresponding bit remains unset. The fixed 4-byte size
covers the architectural upper bound of 31 BISes in one BIG.
COYOTE-aware receiver devices remove this descriptor before
passing the audio payload to the decoder. The descriptor is
appended directly after the encoded LC3 frame bytes and
is not part of the BAP-described audio payload. Since the
downlink therefore carries COYOTE-specific framing, trans-
parent reception by unmodified Bluetooth LE Audio receivers
is implementation-dependent and not assumed.

Receiver devices use the most recent available descriptor to
restrict their per-talk-event selection to uplink BISes reported
as free. If several uplink BISes are free, a receiver chooses
one of them at random. If none are free, the receiver defers
its transmission and re-evaluates the next descriptor. As a
result, COYOTE reduces avoidable collisions without static BIS
assignment or receiver-side monitoring of all uplink BISes.
The descriptor is deliberately advisory. It reports recent occu-
pancy rather than reservations or receiver identities and cannot
eliminate contention entirely. Two receiver devices may still
start speaking before their transmissions are reflected in the next
descriptor and select the same apparently free uplink BIS. In
such a case, the uplink BIS does not carry two separate audio
streams. The broadcaster can only use the successfully received
transmission, while the other contribution is lost before enter-
ing the downlink mix. If capture alternates between colliding
receivers, the affected uplink stream may lose the continuity
expected by the audio decoder and contain audible artifacts.
COYOTE deliberately implements the descriptor as broadcast
occupancy feedback rather than as a mechanism that assigns
uplink BISes to individual receivers. This choice reflects our
goal of reducing avoidable collisions while preserving a simple
receiver-side decision that does not require receiver identities,
reservations, or per-receiver feedback. More coordinated poli-
cies could introduce receiver-specific state, static assignments,
or reservations, but would turn advisory feedback into receiver-
specific coordination. The broadcaster would then have to track
membership, bind uplink observations to specific receivers,
handle stale assignments when talk attempts end or packets are
lost, and provide receiver-specific feedback so devices know
whether they are currently assigned an uplink BIS. Such a
design would also require explicit rules for who may reserve up-
link resources and under which conditions. COYOTE therefore
keeps the descriptor advisory. Receivers can avoid occupied
BISes, while residual contention is handled as loss on the
affected uplink BIS rather than through per-receiver control.

V. EXPERIMENTAL EVALUATION

We evaluate COYOTE on real hardware in a controlled setting
with up to seven devices. The goal is to characterize its operat-
ing behavior under a bounded number of devices and uplink
resources. In particular, we focus on two properties that are
essential for the feasibility of COYOTE. First, what one-way
audio-path latency is introduced by the uplink, broadcaster-side
mixing, and downlink? Second, how much does lightweight
occupancy feedback improve access to the provisioned uplink
BISes compared with descriptor-free random selection?

A. Experimental Setup

All experiments are conducted on the Bluetooth LE Audio
Playground hardware platform v2.1! and use nRF Connect
v3.1.0. The evaluated COYOTE proof-of-concept implementa-
tion is released as open-source? and supports this platform as
well as other development hardware. Unless stated otherwise,
the setup consists of one broadcaster and six receiver devices
(covering the four provisioned uplinks and two overload cases),
all placed within a 50 cm radius on a desk in a typical office
environment. The broadcaster acts as coordinator, mixer, and
downlink source, but does not inject local speech into the mix.
Hence, all speaking participants in the evaluation are receiver
devices and must access the shared audio path through one
of the provisioned uplink BISes. This makes the number of
uplink BISes (M) the configured upper bound on concurrent
receiver-side speakers. The number of receiver devices trying to
access the shared audio path (V) is varied per experiment. The
relevant factor for these experiments is therefore the number of
contending receivers, not the number of passive listeners.

The transmitted audio data adheres to the BAP 16_2 1 set [7],
i.e., the LC3 codec at a sampling rate of 16 kHz with a 10 ms
frame duration and a bitrate of 32 kbit/s, without configuring
an additional presentation delay. With this configuration, each
LC3 frame produces a 40 byte encoded audio payload.

The BIG is configured with an ISO interval of 10 ms, matching
the LC3 frame boundary, and consists of one shared downlink
BIS and four provisioned uplink BISes. We choose four uplink
BISes to match the upper end of the expected active-speaker
range discussed in §III, while keeping the BIG configuration
manageable for the proof-of-concept implementation.

Each experiment is repeated 10 times to account for variability
across runs. Each uplink and downlink BIS uses the standard
BIS retransmission scheme determined by the BAP 16_2_1 set,
i.e., RTN =2. This distinction matters because receivers select
uplink BISes based on the most recent occupancy descriptor
they received. If descriptor updates are missed, receivers may
act on stale occupancy information, which can increase colli-
sion probability and possibly degrade fairness. Under our con-
trolled setup with RTN =2, such stale-descriptor effects were
not visible in the reported experiments, but this observation may
not hold under different RF conditions. LC3 and PCM timings

'Open-hardware development platform based on the Nordic nRF5340 and
Maxim MAX9867 codec: {https:/iti.tugraz.at/le-audio-playground }
Zhttps://iti.tugraz.at/coyote



are measured by wrapping the corresponding operations with
GPIO toggles and recording them with a logic analyzer.

B. One-Way Audio-Path Latency

To quantify the one-way audio-path latency introduced by
COYOTE, we use a two-device setup in which the speaking re-
ceiver also reproduces the downlink containing its own returned
contribution. One device acts as the speaking receiver, provides
the audio input, and simultaneously follows the downlink. The
second device acts as the broadcaster and performs mixing
as well as rebroadcasting. This setup therefore captures the
complete implemented audio path from signal injection at the
speaking receiver, through uplink transport and broadcaster-
side mixing, back to audio output at the same receiver.

We record this path with a black-box setup inspired by the
general principle used by NIST for mouth-to-ear latency
measurements, where a known source signal is injected at the
sender side and the delayed output is recorded at the receiver
side [20]. As source signal, we use the English single-talk
speech material from ITU-T P.501 Clause C [21] and keep the
signal set fixed across all measurements. One experimental
run consists of the concatenation of the four audio signals
P501_C_english_{f1,f2,ml,m2}_SWB_48k.wav,
reflecting the speech-oriented nature of COYOTE while
remaining reproducible across runs. This concatenated signal
is simultaneously captured on the left channel of a Zoom
Hln audio recorder as the reference and injected into the line
input of the speaking LE Audio Playground receiver. After
traversing COYOTE, the downlink signal reproduced by the
same receiver is recorded on the right channel. This captures
both channels with a common sampling clock and avoids the
need for synchronization between separate recordings.

We derive the audio-path delay offline from the two recorded
channels using framewise cross-correlation of smoothed am-
plitude envelopes, following the signal-conditioning principle
used by NIST [20]. Using envelopes instead of raw waveforms
makes the estimate more robust to codec-induced waveform
changes. For each run, we capture the delay across all accepted
frames of the signal set. The resulting value is a reproducible
estimate of the implemented COYOTE audio path, but not a full
mouth-to-ear measurement. It excludes mouth-to-microphone
and loudspeaker-to-ear paths, push-to-talk or voice-activity ac-
cess delay, and standards-conformant measurement equipment
such as artificial mouths, ears, or a head-and-torso simulator.
The latency experiment uses the BAP 16_2_1 set introduced
in §V-A as the standards-aligned baseline, with one downlink
BIS and four provisioned uplink BISes. To further explore
COYOTE’s low-latency potential, we additionally evaluate a
5 ms variant. This configuration keeps the sampling rate and
bitrate unchanged, but replaces standard LC3 with Zephyr’s
liblc3 implementation [22] in LC3plus mode and configures a
matching 5 ms ISO interval. Due to limitations of our COYOTE
implementation, this 5 ms variant supports only up to three
BISes in one BIG. We therefore configure one downlink BIS
and two provisioned uplink BISes for the 5 ms configuration.
All remaining parameters follow the setup in §V-A. This allows
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Fig. 5: One-way audio-path latency. The 10 ms LC3 baseline
has a median of 66.3 ms and a P95 of 66.6 ms, while the 5 ms
LC3plus variant has a median of 40.3 ms and a P95 of 41.0 ms.

us to evaluate how much latency can be saved by shortening the
audio and transport intervals while leaving the rest unchanged.
Fig. 5 illustrates the measured audio-path latency for both
configurations. The BAP 16_2_1 baseline achieves a median
latency of approximately 66 ms, while 5 ms codec frames with a
matching ISO interval lower this value to approximately 40 ms.
This reduction is expected, since shorter audio and transport
intervals reduce the time spent in the COYOTE signal chain.
The improvement, however, comes at a cost. Each 5 ms frame
carries only 20 bytes of audio, so the fixed 4-byte occupancy
descriptor increases the relative downlink overhead to 20%,
compared to 10% in the 10 ms baseline. The 5 ms variant there-
fore highlights COYOTE’s latency potential while exposing the
payload-efficiency trade-off introduced by shorter intervals.

To put these values into perspective, we relate them to three
latency references as context rather than as direct mouth-to-ear
comparisons. 3GPP TS 22.179 specifies that MCPTT systems
should deliver 95% of voice bursts with a mouth-to-ear latency
below 300 ms [23], while ITU-T G.114 considers one-way
delays below 150 ms acceptable for most user applications [24].
A stricter perceptual reference is the delayed-self-voice case,
where the downlink mix contains the speaker’s own voice and
delays around 50 ms are already detectable, but still barely
noticeable [25], [26]. Our measurement, however, captures the
implemented COYOTE audio path from signal injection to
receiver output and excludes acoustic capture, acoustic render-
ing, and PTT or VOX access delay. The measured 66 ms and
40 ms therefore do not constitute mouth-to-ear latency, but iso-
late uplink and downlink transport, LC3 codec execution, and
broadcaster-side PCM handling. We report operation timings as
medians, with P95 values in parentheses. In the 10 ms baseline,
LC3 encode, LC3 decode, and broadcaster-side PCM handling
take 1365 s (1458 ps), 990 us (1089 us), and 144 us (145 ps),
respectively. In the 5 ms variant, LC3plus encode, LC3plus
decode, and PCM handling take 702 pus (721 ps), 365 us
(398 ps), and 61 s (85 us), respectively. Each additional uplink
mainly adds one broadcaster-side decode operation.

C. Uplink Contention

Contention on COYOTE’s uplink path occurs when several
receiver devices start talk attempts within a short period of time.
Since COYOTE uses per-talk-event selection, each speaking
receiver selects one uplink BIS at the beginning of its attempt
and keeps it until the attempt ends. COYOTE can therefore
influence contention only at initial access. Once two receivers
have selected the same uplink BIS, the broadcaster may capture
at most one of them [19], while the affected talk attempts
continue on the selected BIS. We therefore evaluate initial



access to the provisioned uplink BISes, i.e., the moment at
which occupation-aware selection can prevent duplicate BIS
choices before they persist for the remainder of the talk attempt.
Initial-access contention can take two forms. A collision occurs
when two or more receivers select the same uplink BIS. Such
a collision is avoidable if at least one other uplink BIS is still
unused when the receiver starts its talk attempt. An overload
occurs when all M uplink BISes are already occupied, leaving
at least one receiver without a free uplink opportunity. This dis-
tinction matters because COYOTE’s occupancy descriptor can
reduce avoidable duplicate choices, but cannot create additional
uplink capacity once the configured uplink budget is exhausted.
To evaluate COYOTE, we compare occupation-aware up-
link BIS selection against random selection as the simplest
descriptor-free baseline for stateless per-talk-event selection.
We fix the uplink configuration at M = 4, as motivated in §11II,
and vary the number of contending receivers N € 2,3,4,5, 6.
Values N < M remain within the provisioned uplink budget,
while N > M exceed this design point and serve as overload
stress cases. The remaining configuration follows §V-A.

To create repeatable initial-access contention, we use a Seeed
Studio XIAO RP2040 trigger node that drives a wired GPIO
pulse to all receiver devices every 5 s. Upon each pulse, every
receiver waits for a random offset uniformly drawn from 0
to 300 ms and then starts a talk attempt. This burst model
represents situations in which multiple participants react to
the same event and initiate PTT or VOX transmissions within
a short time interval. It is designed to isolate initial-access
contention rather than reproduce complete human conversation
dynamics. We choose the 0 to 300 ms window as a simplified
contention model grounded in reported turn-taking timings, not
as a model of human response behavior. In Stivers et al.’s
ten-language sample, language-specific response-offset distri-
butions are unimodal, with most frequent offsets between 0 and
200 ms [27]. Meyer summarizes everyday turn-taking as fast,
with median conversational latencies often below 300 ms [28].
A talk attempt represents the period in which a receiver has au-
dio to contribute, independent of whether this audio is eventu-
ally delivered. We set this period to 3.4 s, matching the median
duration of conversational turns summarized by Meyer [28].
Since this exceeds the 0 to 300 ms start window, uplink BISes
selected by earlier receivers remain occupied when later re-
ceivers attempt initial access within the same trigger burst. In
principle, a receiver that does not obtain an uplink immediately
may transmit later once a descriptor reports a free uplink BIS.
In this experiment, however, we evaluate only initial access. If
all uplink BISes are occupied when the talk attempt starts, we
count this as overload and do not model immediate retries.

For each N, we perform 10 independent runs with 100 trigger
bursts each. Each run is repeated with occupation-aware and
random selection using the same trigger schedule. The random
baseline does not use the occupancy descriptor and selects
uniformly among the M uplink BlSes at talk-attempt start.
Occupation-aware receivers use the most recent descriptor and
select uniformly among the uplink BISes reported as free. If no
uplink BIS is reported as free, the receiver defers transmission.
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Fig. 6: Uplink contention (M = 4). Top: how often receiver-
side uplink contributions collide, split into total and avoidable
collisions. Middle: how much of the uplink budget is used, with
the dotted line marking the point at which no unused uplink
BIS remains. Bottom: fairness across the received uplinks. Bar
heights and markers show the mean across runs, and vertical
error bars span the observed minimum and maximum.

Receivers transmit modified uplink payloads in which the en-
coded LC3 payload is replaced by a receiver identifier, selected
uplink BIS, and sequence number, allowing the broadcaster to
identify the received sender on each uplink BIS. The modified
uplink packets retain the configured 40-byte payload length and
fill the remaining bytes with padding. Receiver-side UART logs
record the selected uplink BISes and talk-attempts, allowing us
to reconstruct initial access and derive the contention plots.

We first measure uplink collisions at talk-attempt start. For each
trigger burst, we process receiver talk attempts in the order
given by their random offsets. An uplink BIS is considered
occupied once an earlier receiver in the same burst has selected
it and its talk attempt is still active. We report collisions in two
forms. First, we count all collisions, i.e., all cases in which
a receiver selects an occupied uplink BIS. Second, we count
avoidable collisions, i.e., the subset in which at least one other
uplink BIS remains available when the talk attempt starts. This
distinction separates collisions that better uplink selection could
have prevented from collisions that occur only after the config-
ured uplink budget is exhausted. Since our experiment focuses
on initial access, we count duplicate selections independently
of whether the broadcaster later decodes one of the colliding
packets. This decoding outcome still affects subsequent feed-
back. If one packet is captured, the next descriptor reports the
corresponding uplink BIS as occupied. If no packet is decoded,
the descriptor bit remains unset, so later receivers may again
treat this BIS as free. This can contribute to residual collisions.
However, capture probability depends on RF conditions and
relative signal strengths, while our experiment targets initial-
access selection under a controlled setup. We therefore do not
isolate capture probability as a separate physical-layer metric.
We further measure uplink saturation, which captures how
much of the configured uplink budget is occupied during a
trigger burst. For each burst, we process receiver talk attempts
in offset order and count how many distinct uplink BISes are



selected by at least one receiver. Duplicate selections do not
increase this count, since they are already captured as avoidable
collisions. Deferred talk attempts also do not increase the count,
since they do not occupy an uplink BIS. We normalize the result
by the configured uplink budget M. Thus, 100% means all con-
figured uplink BISes are occupied, while lower values indicate
unused uplink budget. Saturation therefore complements the
plot by showing whether collisions occur while unused uplink
BISes exist, or only after the configured uplink budget is filled.
As shown in the top of Fig. 6, occupation-aware selection sub-
stantially reduces avoidable collisions compared with random
selection. Random selection causes avoidable collisions even
when N < M, because two receivers may select the same
uplink BIS while another remains unused. Occupation-aware
selection reduces these cases by steering later receivers away
from BISes reported as occupied. Residual collisions remain
possible because the descriptor is delayed broadcast feedback
rather than a reservation. Several receivers may act on the
same descriptor and select the same apparently free uplink BIS
before their transmissions appear in the next descriptor. The
gap between all and avoidable collisions appears mainly in the
overload stress cases. Once all four uplink BISes are occupied,
later receivers may still collide or defer, but such collisions are
no longer avoidable because no unused uplink BIS remains.
Finally, we quantify whether uplink contention affects all re-
ceivers equally. For this, we count how many uplink packets
from each receiver are actually received by the broadcaster
during the receiver’s talk attempts. Packets that a receiver
attempts to transmit but that are not received, for example due
to a collision or overload deferral, do not contribute to this
count. We then compute Jain’s fairness index [29] over the per-
receiver received-packet counts. A value of one indicates that
all receivers contribute equally to the uplink, whereas lower
values indicate that the contributions are unevenly distributed.
As shown in the bottom of Fig. 6, occupation-aware selection
maintains J > 0.95 across all tested values of N, including the
overload stress cases. Random selection, in contrast, degrades
to J ~ 091 at N = 6. This higher fairness is explained
by fewer duplicate selections. When several receivers collide
on the same uplink BIS, the broadcaster can include at most
one of them in the received uplink. If capture occurs, only
the captured receiver adds to its received-packet count while
the other colliding receivers continue their talk attempt without
being included. If no packet is decoded, none of the colliding
receivers contributes during the affected uplink opportunity.
Repeated collisions, especially if capture favors one receiver,
therefore make received contributions uneven across receivers.

VI. DISCUSSION AND FUTURE WORK

Although §V demonstrates COYOTE’s feasibility on real hard-
ware, the results are obtained under controlled conditions and
therefore do not capture all aspects of real-world deployments.

Controller support and deployability. COYOTE requires
vendor-specific Bluetooth controller support to transmit and
receive audio within the same BIG, a capability neither ex-
posed by standard HCI interfaces nor supported by off-the-

shelf controllers. Our prototype therefore relies on modified
controller firmware, but requires no hardware modifications. It
is a proof of concept rather than a production-ready implemen-
tation. Unmodified Bluetooth LE Audio receivers may decode
the downlink depending on how they handle COYOTE-specific
framing, but transparent reception is implementation-specific
and not assumed. Future listen-only variants could embed the
occupancy descriptor in the audio signal, for example through
audio watermarking, thereby preserving the BAP-described au-
dio payload size. A production-ready controller implementation
and HCI documentation for standardization remain future work.

Uplink BIS dimensioning. In our evaluation, we use four up-
link BISes. This exposes non-trivial contention while keeping
the BIG configuration manageable, but it does not determine
the optimal number of uplinks. Since the evaluated COYOTE
configuration uses one BIS as the shared downlink, the BC limit
of 31 BISes per BIG leaves at most 30 uplink BISes [1]. This
is an architectural bound rather than an implementation guar-
antee, since the usable number and resulting latency depend
on controller resources, on-air timing, PHY, payload size, and
retransmissions. How the uplink count may scale with group
size and expected simultaneous speakers remains future work.

Descriptor freshness and residual collisions. Occupation-
aware uplink BIS selection depends on receivers acting on a
sufficiently recent occupancy descriptor. This assumption holds
in our controlled experiments, but missed descriptors may make
receivers act on stale occupancy information and reduce the
benefit over random selection. Since the descriptor is carried in
the downlink payload, descriptor loss is coupled to downlink
audio loss. Similarly, overlapping uplink transmissions that
prevent decoding may cause the next descriptor to report the
affected uplink BIS as free. Under repeated loss, occupation-
aware selection may approach random selection while the
shared audio stream is already impaired. Even with fresh de-
scriptors, collisions cannot be avoided completely, since the
descriptor reports only the previous occupancy state and cannot
predict that two or more receivers choose the same free BIS at
the same time. The descriptor also only tells receivers which
BISes appear occupied, not which device is currently received
on them. This avoids per-receiver feedback and preserves COY-
OTE as a broadcast-oriented mechanism, but also means that
a receiver cannot know whether its own uplink is actually in-
cluded in the downlink mix. Consequently, COYOTE does not
resolve such collisions during an ongoing talk attempt. Explicit
reception feedback could allow receivers to stop, switch to
another uplink BIS, or retry after a random delay, but this would
require additional coordination and is left to future work.

Latency and access delay. The latency experiment starts at
signal injection at the speaking receiver and follows the im-
plemented path through the broadcaster back to the same re-
ceiver. It therefore measures COYOTE’s returned audio-path
latency, but not full mouth-to-ear latency or subjective echo
tolerance in a deployed device. Acoustic capture and rendering,
sidetone or echo control, and PTT or VOX triggering remain
implementation-dependent and may affect perceived usability.



Access delay can further occur when all uplink BlSes are
already occupied, so a receiver may have to wait or retry before
its voice first appears in the shared mix. Quantifying this delay
under overload and larger group sizes remains future work.

Codec configuration and audio quality. We evaluate LC3
with 10 ms frames and LC3plus with 5 ms frames, both at
16 kHz and 32 kbit/s. The 5 ms variant uses the reduced
three-BIS setup described in §V-B. This captures two latency-
oriented configurations, but not the full trade-off between la-
tency, robustness, and audio quality, since additional uplink
BISes may further affect latency through increased LC3 and au-
dio operations. Although the 5 ms variant uses shorter frames,
it does not shorten the usable audio. At the same 32 kbit/s
bitrate, it still carries continuous audio in 20-byte payloads
every 5 ms instead of 40-byte every 10 ms. The fixed 4-
byte descriptor therefore doubles descriptor traffic and reduces
payload efficiency, leaving less room for higher-bitrate audio
or additional retransmissions. Perceived audio quality further
depends on how simultaneous contributions are mixed and how
missing contributions affect the shared audio. The broadcaster
currently sums decoded PCM samples with gain normalization.
This validates COYOTE and quantifies contention, but does not
assess perceived speech quality under overlap or contention.

Traffic model. For contention, we use an RP2040-triggered
burst model with fixed 3.4 s talk attempts and random start
offsets within a 0 to 300 ms window. This creates repeatable
near-simultaneous access attempts and allows both selection
strategies to be compared under the same load. However, the
model is synthetic and does not capture real group-talk dy-
namics, where speaking turns, pauses, and overlaps are shaped
by user behavior. Replaying real audio traces and varying the
trigger window and talk duration remain future work.

Scalability, coexistence, and field validation. Our evaluation
uses one broadcaster and up to six contending receivers. This is
sufficient to evaluate COYOTE’s uplink behavior and overload
cases, but does not validate larger deployments with passive
listeners, coexisting groups, or mobility, including receiver
devices or the fixed broadcaster leaving communication range.
Such settings may expose synchronization, descriptor, or coex-
istence effects not visible in our setup. Evaluating COYOTE at
scale and in representative environments remains future work.

Security and talk policy. The prototype assumes cooperative
participants and unencrypted BIG operation. It does not en-
force who may speak, authenticate speakers, prevent receivers
from deliberately occupying uplink BISes, or implement talk
policies such as priority or emergency override. In encrypted
deployments, the occupancy descriptor would be part of the
encrypted payload and removed by COYOTE-aware receivers
after decryption. These aspects are outside the evaluated COY-
OTE mechanism, but would be required for real deployments.

VII. RELATED WORK

At first glance, Bluetooth Mesh appears ideal for party-line
communication, as it enables scalable many-to-many commu-
nication among provisioned BLE devices [30]. Unfortunately,

it is designed for managed networks and asynchronous control
traffic, such as smart lighting, building automation, and sensor
networks [31]. Hence, it lacks the isochronous timing needed
for continuous audio transport and, in turn, conversational in-
teraction, rendering it unsuitable for party-line audio scenarios.
TSCH organizes low-power wireless communication through a
time-slotted channel-hopping schedule [32]. 6TiSCH [33] inte-
grates TSCH into IPv6-based low-power and lossy networks,
and SmarTiSCH [34] adapts TSCH schedules in response to
interference. These mechanisms determine how packet trans-
missions are scheduled or adapted in low-power wireless net-
works. However, COYOTE operates within Bluetooth LE Au-
dio, where the timing and BIS positions are fixed by the
configured BIG rather than dynamically allocated. It repurposes
this structure so that one BIS carries the common downlink
mix and the remaining BISes provide uplink opportunities for
LC3 encoded audio from receiver devices. Occupation-aware
selection is limited to choosing one of these uplink BISes
when a receiver starts speaking, thereby reducing avoidable
duplicate choices while preserving per-talk-event audio-stream
continuity and keeping receiver-side behavior simple.

Voice over IP (VoIP) systems enable group voice communi-
cation on top of existing network infrastructure. For example,
legacy deployments often use the Session Initiation Protocol
(SIP) [35] for session signaling and the Real-time Transport
Protocol (RTP) [36] for transporting real-time audio streams.
Modern systems rely on Web Real-Time Communication (We-
bRTC) [37], which enables interactive audio scenarios and
likewise uses RTP for media transport [38]. Building on these
mechanisms, many-to-many audio communication can be real-
ized by conferencing entities such as Multipoint Control Units
(MCUs), which mix participant streams into a shared audio sig-
nal, or Selective Forwarding Units (SFUs), which forward se-
lected RTP streams to receivers [39]. Push-to-Talk over Cellular
follows a similar network-based model, but typically arbitrates
floor access rather than supporting simultaneous talkers [40].
In all cases, communication is implemented on top of existing
infrastructure rather than in the transmission mechanism itself.
Traditional radio and intercom systems have long supported
group voice communication. Commercial party-line intercom
systems are widely used by stage crews, broadcast teams, and
production staff, where all participants listen to the same ongo-
ing audio exchange [8], [9], [11]. Similarly, Digital Mobile Ra-
dio (DMR) [41], General Mobile Radio Service (GMRS) [42],
Family Radio Service (FRS) [43], Private Mobile Radio 446
(PMR446) [44], Terrestrial Trunked Radio (TETRA) [45], and
Citizen Band (CB) radio [46] provide practical group commu-
nication in many operational settings. However, depending on
the system and region, they may rely on licenses, dedicated RF
spectrum, repeaters or trunked infrastructure, and specialized
radios [47]. Hence, these systems demonstrate the maturity
of group voice communication as an interaction model, but
typically realize it through floor-controlled access rather than
by mixing simultaneous contributions from multiple speakers.

3M’s Natural Interaction Behavior (NIB) [48] system targets
local group voice communication in high-noise environments



and enables short-range, connection-less voice communication
among nearby participants. NIB supports up to four simulta-
neous speakers and more than 60 receivers within an approx-
imately 10 m radius, using a low-latency single-hop network
with VOX or PTT interaction. However, NIB is not based on
Bluetooth LE Audio. It relies on proprietary hardware, operates
on region-dependent frequencies, does not encrypt transmis-
sions, and remains tied to dedicated equipment [48].

VIII. CONCLUSION

In this paper, we present COYOTE, a mechanism that enables
many-to-many communication in Bluetooth LE Audio by re-
purposing the BISes of a single BIG. COYOTE keeps the
isochronous broadcaster fixed and organizes the BIG around
a shared downlink audio path and one or more receiver-
side uplink opportunities for speaking receiver devices. The
broadcaster receives these uplink contributions, combines the
successfully received ones into a shared audio signal, and
rebroadcasts this signal to all participants. To reduce avoid-
able contention when multiple receivers start speaking at the
same time, COYOTE introduces occupation-aware uplink BIS
selection using feedback embedded in the downlink. We im-
plement COYOTE on real hardware and show median audio-
path latencies of 66.3 ms and 40.3 ms for the evaluated 10
ms LC3 and 5 ms LC3plus configurations, respectively. Our
evaluation further shows that occupation-aware uplink BIS
selection reduces avoidable collisions within the provisioned
uplink budget while maintaining high fairness across the evalu-
ated contention scenarios. While COYOTE requires controller
support and cannot eliminate residual contention, it shows that
BISes can be repurposed as a basis for many-to-many voice
communication in Bluetooth LE Audio.
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