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ABSTRACT

Audio-over-Ethernet (AoE) protocols have become fundamental in modern live sound reinforcement systems, yet
their real-world synchronization behavior under diverse stress conditions, both in terms of load and configuration, is
not accurately characterized. Microsecond-scale timing mismatches between amplifier outputs can disrupt line-array
interference patterns, reducing directivity control and spectral consistency. Ensuring robust timing accuracy across
large, mixed-traffic network topologies is therefore critical for predictable system performance. This paper presents
a comprehensive, application-oriented evaluation of Dante, AES67 and Milan-AVB. A representative multi-hop
architecture typical of touring deployments is considered. A controlled measurement campaign, combining eight
daisy-chained switches, heavy concurrent data traffic approaching link saturation, and sub-sampled latency tracking,
assesses each protocol under ideal conditions, typical field situations, and common misconfigurations. Results
reveal clear performance distinctions. Dante exhibits substantial timing variations, exceeding 100 µs under load.
AES67 provides tighter synchronization but remains vulnerable to configuration errors, which can induce latency
drift or even audio packet loss. Milan-AVB consistently maintains sub-microsecond accuracy across all scenarios.

1 Introduction

Audio-over-Ethernet (AoE) technologies such as
Dante [1], AES67 [2], and Milan-AVB [3] are now
widely used to distribute uncompressed multichannel
audio in professional sound reinforcement systems.
These systems frequently rely on multiple networked
amplifiers driving large loudspeaker arrays, making

accurate time synchronization between devices a fun-
damental requirement. Even small deviations in clock
alignment can result in time offsets between ampli-
fied signals, potentially compromising phase coherence
across the system.

The ability of an AoE network to maintain stable
synchronization depends on several factors, includ-
ing the clocking protocol in use, switch capabilities,
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traffic engineering, and overall network configuration.
While AoE solutions typically rely on variants of
the IEEE 1588 Precision Time Protocol, they differ
markedly in timing models, accuracy guarantees, and
sensitivity to network load. As a result, synchronization
performance observed in laboratory specifications may
not always translate to field deployments, particularly
under adverse conditions.

Early contributions to real-time Ethernet standards al-
ready identified the need for sub-microsecond syn-
chronization accuracy, especially for loudspeaker ar-
ray applications. More recent studies introduced
application-driven requirements in live-sound scenar-
ios [4], and have reported that different AoE protocols
exhibit uneven robustness when subjected to heavy traf-
fic or configuration errors, leading to measurable tim-
ing instabilities [5]. However, comprehensive measure-
ment data capturing synchronization behavior under
realistic live-sound network conditions remain limited.

The present work addresses this gap by providing a
systematic experimental evaluation of synchronization
accuracy in representative AoE networks. We measure
end-to-end audio latency and inter-receiver timing vari-
ations across multiple network hops while subjecting
the network to controlled stress scenarios. By compar-
ing Dante, AES67, and Milan-AVB under identical con-
ditions, this study aims to characterize their respective
robustness and identify typical magnitudes of timing
deviations that may arise in practical deployments.

In Section 2, we briefly review the clocking and
traffic-management models of Dante, AES67, and
Milan-AVB in the context of live sound. Then, in Sec-
tion 3, we detail the network architecture, the stress
conditions, and the methods used to measure synchro-
nization accuracy and stability. Section 4 reports the
resulting performance under traffic load and network
misconfiguration, while discussing the implications and
limitations of the study.

2 Audio-over-Ethernet protocols

This work considers three AoE solutions widely used in
professional live sound reinforcement: Dante, AES67,
and Milan-AVB. Although all protocols enable the
transport of uncompressed multichannel audio over
Ethernet, they differ significantly in synchronization
mechanisms, traffic handling, and robustness to adverse
conditions.

2.1 Dante

Dante [1] is a proprietary audio-over-IP solution op-
erating at Layer 3, introduced by Audinate in 2006.
Audio streams are transported using UDP, and clock
synchronization is typically based on IEEE 1588-2002
(PTPv1). Although PTPv2 can be enabled for AES67
interoperability, PTPv1 remains widely used in exist-
ing deployments. In the present study, we considered
PTPv1 for Dante.

Deterministic audio playout is achieved through
receiver-side buffering. As long as packet delay vari-
ation remains within the configured latency budget,
end-to-end latency remains constant. However, this
approach relies on correct configuration of QoS1 in the
form of DSCP2 marking, or IGMP3 snooping to man-
age multicast distribution, and clock handling across
all switches. Under heavy traffic or misconfiguration,
packet delay variation may exceed buffering margins,
leading to timing instability or packet loss.

2.2 AES67

AES67 [2], first published by the Audio Engineering
Society in 2013, is an open interoperability standard op-
erating at Layer 3, built on RTP/UDP/IP transport and
mandating IEEE 1588-2008 (PTPv2) for time synchro-
nization. Compared to PTPv1, PTPv2 offers improved
accuracy, better scalability, and enhanced support for
boundary and transparent clocks.

AES67 networks rely on DiffServ-based QoS and cor-
rect multicast configuration to ensure timely packet
delivery. While PTPv2 can achieve high synchroniza-
tion accuracy, overall robustness remains dependent on
consistent configuration of PTP domains, switch clock-
ing features, and traffic prioritization. AES67 does not
include intrinsic bandwidth reservation, and therefore
remains vulnerable to oversubscription in mixed-traffic
networks.

2.3 Milan-AVB

Milan-AVB [3] is a specification built on IEEE
AVB/TSN standards, operating at Layer 2, and intro-
duced in 2018. It employs IEEE 802.1AS (gPTP) for

1Quality of Service
2Differentiated Services Code Point
3Internet Group Management Protocol
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time synchronization and enforces per-stream band-
width reservation through the Stream Reservation Pro-
tocol. Time-sensitive traffic is scheduled and shaped
directly by AVB-capable switches, largely eliminating
dependence on manual QoS configuration.

By construction, Milan-AVB prevents oversubscription
of time-critical traffic and tightly bounds packet delay
variation. Clock synchronization and traffic handling
are largely automated, reducing dependence on man-
ual QoS configuration and limiting the impact of user
errors. These properties contribute to improved robust-
ness in large or heavily loaded networks.

Finally, the Avnu Alliance offers an in-depth certifica-
tion program. This ensures that different implemen-
tations meet quality and reliability requirements, pre-
serving network interoperability and performance. It
also guaranties that certified devices follow the specifi-
cation, are independent of each manufacturer’s imple-
mentation, behave reliably on the network, and do not
interfere with other devices.

2.4 Synthesis and comparative perspective

The three AoE solutions considered in this study il-
lustrate distinct design trade-offs between flexibility,
configuration complexity, and determinism.

Dante and AES67 operate on conventional IP infras-
tructures and can achieve good synchronization accu-
racy when carefully engineered. However, their per-
formance and reliability strongly depend on correct
configuration of clocking mechanisms, QoS, multicast
handling, and switch behavior across the entire network.
As a result, timing stability may degrade progressively
under load, and configuration errors can lead to packet
delay variation, clock drift, or audio packet loss.

By contrast, Milan-AVB adopts a more constrained but
deterministic approach, in which time synchronization
and traffic shaping are enforced at the Ethernet layer
through standardized mechanisms. Bandwidth reser-
vation and gPTP-based clocking substantially reduce
sensitivity to concurrent best-effort traffic and limit
the impact of user configuration errors, at the cost of
requiring Ethernet IEEE 802.1 Time Sensitive Enhance-
ments.

These architectural differences translate into markedly
different synchronization performance and failure be-
haviors. Table 1 presents the measured synchronization

AoE Protocol Sync. Protocol Sync. Accuracy

Dante PTP v1 <2.5 ms
AES67 PTP v2 <4.5 µs

Milan-AVB gPTP 802.1AS <0.1 µs

Table 1: Synchronization accuracy of AoE protocols.

accuracy, according to [6], of the three AoE protocols
at the sixth hop in the presence of heavy network traf-
fic. Table 2 emphasizes the main differences between
those protocols. The remainder of this paper provides
a systematic experimental evaluation of these effects
under realistic live sound network conditions.

3 AoE synchronization measurements

3.1 Objectives and scope

The goal of this measurement campaign is to charac-
terize the temporal behavior in representative AoE net-
works deployed in live sound reinforcement systems,
using the three main protocols described in Section 2, in
local-area topologies. The focus is twofold: (i) synchro-
nization accuracy and latency stability under nominal
operating conditions, and (ii) packet losses observed
under network stress or configuration errors.

3.2 Network topology and hardware setup
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Fig. 1: Example of a live concert network architecture.

The experimental setup emulates a touring-grade sound
reinforcement network, in which amplifier racks are
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Protocol Sync. Transport Bandwidth Sensitivity Sensitivity
protocol layer reservation to load to hops

Dante PTPv1 Layer 3 (IP) No High High
AES67 PTPv2 Layer 3 (IP) No Medium Low

Milan-AVB gPTP Layer 2 (Ethernet) Yes Low Low

Table 2: Comparative overview of the main characteristics of the three AoE protocols.

interconnected via a daisy-chained Ethernet topology.
Such architectures are common in large deployments
for practical cabling and scalability reasons. The cor-
responding network configuration is depicted in Fig. 1.
The sound reinforcement system consists of a "Stage
Left" group (mains and subs), a "Stage Right" group
(symmetric of the previous one), and a "Front Fills"
group.

The laboratory configuration was reduced to the mini-
mum equipment that was strictly necessary from both a
network and a measurement perspective. This resulted
in the setup illustrated in Fig. 2. It consists of a sin-
gle audio sender, eight cascaded Ethernet switches, and
three receivers positioned after 2, 5 and 8 network hops,
respectively. These observation points allow evaluation
of cumulative timing effects as a function of network
depth. The same physical topology was reused for all
protocols to ensure comparability.
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incoming
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Fig. 2: Network setup used in our lab measurements,
matching the architecture illustrated in Fig. 1.

Analog measurement probes were placed at the sender
input and at each receiver output, enabling synchronous
acquisition of reference and received signals. Absolute
conversion latency was removed from the analysis, as
the study focuses on relative timing behavior between
receivers.

Senders, receivers, and switches were selected accord-
ing to protocol compatibility, as detailed in Table 3.
Whenever possible, the same equipment was used.

Protocol Sender Receivers Switches

Dante Yamaha Auvitran AxC, Luminex
RUio16-D Audinate AVIO,

Xilica Solaro FR1

AES67 QSYS-Core LA2Xi Luminex

Milan-AVB P1, LC16D LA2Xi Luminex

Table 3: Devices used in lab measurements.

3.3 Traffic load and stress conditions

To assess robustness beyond ideal operation, additional
data traffic (non-audio) was injected into the network
during each measurement. This traffic was generated
using UDP streams, with aggregate throughput ap-
proaching the physical capacity of the 1 Gb/s Ethernet
link.

Each measurement lasted five minutes. Extraneous
traffic was injected between one and three minutes,
allowing direct comparison of steady-state behavior
before, during, and after network stress. Unless oth-
erwise stated, injected traffic used best-effort priority
(DSCP 0), reflecting realistic scenarios such as acciden-
tal or unintended IT data transfer or misrouted video
traffic in the same infrastructure.

In addition to nominal "by-the-book" configurations,
controlled misconfigurations were introduced. These
included incorrect QoS priorities, disabled PTP fea-
tures in switches, mismatched PTP domains, multicast
management errors, and mixed-protocol usage. Only
one parameter was modified at a time to isolate its
impact.

The following parameters have been tested, depending
on their availability for the different protocols:

• Data traffic QoS (DSCP = 0, 10, 34, 46).
• Clock settings:

– PTPv2 domain.
– Clock type: transparent / boundary / disabled.
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– PTP Priority (for election of clock leader).
• IGMP snooping: activated / deactivated
• 2 VLANs in Luminex (1 for audio & 1 for UDP).
• Mixing AES67 & Dante in the same VLAN.
• Stream properties: packet time, media clock offset.
• Receiving parameters: buffer size, latency.
• Mixing switch brands: replacing some Luminex

switches by Netgear ones.

3.4 Latency measurement methods

Latency was continuously estimated using a two-stage
process. A coarse delay estimate was first obtained
via time-domain cross-correlation over a wide anal-
ysis window. This estimate was then refined using
frequency-domain subsample interpolation method de-
scribed in [7], enabling submicrosecond-scale resolu-
tion. Latency was tracked over time using overlapping
analysis windows.

In parallel, recorded audio signals were inspected for
discontinuities indicative of packet loss. Dropouts or
complete signal loss were flagged and correlated with
network conditions. Such events were treated as criti-
cal failures, as they are incompatible with live sound
operation regardless of measured timing accuracy.

4 Results and discussion

The recordings were examined for audio dropouts and
timing deviation. For certain ill-configured Dante or
AES67 networks, packet losses occurred, while in most
cases the only measurable effect of transmission over
the network was latency fluctuations.

4.1 Dante network

Under nominal conditions, Dante exhibited measur-
able latency fluctuations that increased with network
depth, reaching approximately 10–20 µs after eight
hops. These variations were present even in the ab-
sence of additional data traffic, reflecting the limited
accuracy of PTPv1-based synchronization.

When heavy concurrent traffic was introduced, latency
excursions exceeded 100 µs after eight hops, and re-
covery to the initial latency could take up to one minute
after the end of traffic injection. Timing inaccuracies
of this scale are expected to cause severe performance
degradation in line arrays. In addition, the latency
variation strongly depends on the network’s depth: it
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Fig. 3: Example of latency variations in a Dante net-
work under best effort heavy traffic load.

remained below 10 µs after the first hop and around
50 µs after four hops, as illustrated in Fig. 3.

In several misconfigured scenarios, such as improper
QoS settings, incorrect clock configuration, or disabled
IGMP snooping, packet loss was observed (Fig. 4).
These losses manifest as audible clicks, dropouts, or
even extended silence periods. Once packet loss begins
to occur, it is often followed by complete audio inter-
ruption for an extended period of time. Unlike latency
variation, such failures render the system unusable for
live sound and require manual intervention to recover.
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Fig. 4: Example of packet losses in a Dante network
where the concurrent traffic was set to a DSCP
of 45, just below the audio (46). A packet is
0.33 ms long.

Overall, these observations indicate that, while Dante
can operate reliably in small or lightly loaded networks,
its robustness degrades rapidly when the network depth
increases and configuration errors occur.
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4.2 AES67 network

In carefully configured networks, AES67 demonstrated
significantly improved timing stability compared to
Dante. Under heavy data load, a clean network config-
uration did not exhibit any noticeable latency variation.
In addition, no dependence on network depth was ob-
served, at least up to the 8 hops of the present study.

With a suboptimal configuration, such as disabling
clock features on a switch or with incorrect IGMP
Snooping settings, latency variations typically re-
mained below 4 µs, as illustrated in Fig. 5.
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Fig. 5: Example of latency variation measured for an
incorrectly configured AES67 network.

However, AES67 proved to be more sensitive to other
types of configuration errors. Mismatched PTP do-
mains or disabled clocking features in switches resulted
in progressive clock drift until complete audio loss,
while insufficient traffic prioritization could lead to
packet loss under heavy load. Although less frequent
compared to Dante, such failures remain equally pro-
hibitive for live sound applications.

These results indicate that AES67 can achieve high
synchronization accuracy, but only when configuration
is rigorously controlled throughout the entire network.

4.3 Milan-AVB network

Milan-AVB consistently exhibited the most stable be-
havior. The latency variations remained below approx-
imately 0.5 µs for all tested scenarios, as depicted in
Fig. 6. At 96 kHz, this corresponds to less than one
twentieth of the sample period. Furthermore, there is
no dependency on network load, on data traffic priority

and on network depth. Packet loss was never observed,
even under nearly saturated link conditions.

The enforced bandwidth reservation and determinis-
tic forwarding, inherent to AVB, effectively isolated
audio streams from data traffic, irrespective of their
priority, and always prevented oversubscription. This
behavior contrasts sharply with IP-based solutions and
significantly reduces the risk of packet loss. Finally,
Milan-AVB was the easiest to configure among the
three AoE protocols considered in the present study.
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Fig. 6: Example of latency variation measured for a
Milan-AVB network.

4.4 Discussion

Beyond nominal timing accuracy, the measurements
reveal that failure modes differ fundamentally across
protocols. Timing instability typically manifests as in-
creasing latency variation, which may progressively de-
grade system performance, whereas packet loss causes
immediate and severe failure. Although relatively
rare, packet loss events were observed with Dante and
AES67 under conditions that remain plausible in tour-
ing environments.

In our laboratory measurements, Milan-AVB provided
sufficient synchronization accuracy for every tested
configuration. AES67 also ensured synchronization
precision under 1 µs, unless it was not properly con-
figured. Lastly, latency fluctuations with Dante were
measured above 10 µs even in ideal conditions, and
even up to 100 µs in the presence of heavy network
traffic.

These behaviors are directly related to the architectural
differences between the evaluated solutions. IP-based
protocols rely on prioritized best-effort transport and
receiver buffering to achieve deterministic playout,
which makes their performance dependent on correct
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clock configuration, traffic prioritization, and multi-
cast management. In contrast, Milan-AVB enforces
time-sensitive traffic handling and bandwidth reserva-
tion at the Ethernet layer, effectively decoupling syn-
chronization behavior from concurrent traffic of any
priority and limiting the impact of configuration errors.

From an operational standpoint, these observations sug-
gest that synchronization robustness should be evalu-
ated not only in nominal conditions, but also with re-
spect to plausible configuration errors and mixed-traffic
scenarios. In such contexts, architectural guarantees
play a decisive role in preventing catastrophic failure
modes and reducing the reliance on tight configuration
margins.

It should be noted that Milan-AVB relies on Ethernet
switches supporting the IEEE 802.1BA profile, which
enables hardware-enforced bandwidth reservation, de-
terministic latency, and precise end-to-end clock dis-
tribution. By contrast, AES67 and Dante can oper-
ate over Layer-3/IP switches without such enhance-
ments, but with increased dependency on correct con-
figuration and narrower operational margins under load.
This highlights a trade-off between a robust, simplicity-
driven, local-area-centric infrastructure and an expert-
managed, wide-area-centric infrastructure.

5 Conclusion

This paper presented an application-oriented measure-
ment study of synchronization accuracy and robustness
in Audio-over-Ethernet networks for live sound rein-
forcement systems. Using a representative multi-hop
topology and controlled stress conditions, we evaluated
Dante, AES67 and Milan-AVB beyond ideal laboratory
operation. The primary objective of the study was not
to rank AoE protocols under optimal conditions, but
to examine how they behave when realistic operating
stress and human configuration errors occur.

The results show that while microsecond-scale timing
accuracy can be achieved by multiple protocols under
nominal conditions, robustness under load and mis-
configuration differs substantially. Dante and AES67
exhibited timing instability and, critically, packet loss
in several realistic but ill-configured scenarios. Such
failures are unacceptable in live sound contexts, where
even brief audio dropouts immediately compromise
system usability. By contrast, Milan-AVB consis-
tently maintained sub-microsecond synchronization

and loss-free operation, thanks to deterministic traf-
fic management and enforced bandwidth reservation.

These findings emphasize that evaluating Audio-over-
Ethernet solutions requires considering not only aver-
age synchronization accuracy, but also failure behavior
under adverse conditions. While this paper focuses
on measuring synchronization performance at the net-
work level, a companion contribution investigates how
the timing deviations characterized here translate into
acoustic effects and perceptual consequences in loud-
speaker array applications [8].
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