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Abstract—MIDI 1.0 has been the main industry standard for
digital musical instruments since the 1980s, but its limitations
have led practitioners to often adopt ad-hoc protocols for net-
worked music systems. This practice undermines interoperability
and communication across systems, resulting in severe fragmen-
tation. To address this issue, we present Nexus Muse, a technical
framework for developing co-located interactive networked music
systems. Built upon Universal MIDI Packets (UMP) and the
Network MIDI 2.0 transport extension, the framework ensures
seamless compatibility with MIDI 1.0 while fully supporting the
advanced capabilities of MIDI 2.0. The framework comprises
three components: the Muse Cube embedded platform, a Unity
plugin for developing cross-platform interactive networked ap-
plications, and a JUCE template for extending hard real-time
audio applications with network capabilities. We evaluate latency
and jitter across different configurations, and demonstrate the
framework’s versatility through five representative use cases
spanning XR, AI-assisted performance, and mobile interaction.
The results provide evidence that UMP and Network MIDI 2.0
constitute a practical communication foundation for interopera-
ble co-located interactive networked music systems, illustrating
how open standards can support diverse musical applications
without resorting to bespoke protocols.

Index Terms—Internet of Musical Things, Embedded Comput-
ing, Network MIDI 2.0, Musical XR

I. INTRODUCTION

Recent advances in networking and music technologies
have given rise to several paradigms for musical interaction
over networks, from real-time remote performance to co-
located ensembles to location-independent systems [1]–[4].
These paradigms can be unified under the Internet of Musical
Things (IoMusT), which broadly refers to the network of
interconnected musical devices and systems that communicate
and share data over networks, enabling multi-directional musi-
cal interactions between musicians, audiences, and interactive
devices across co-located or remote networks [5]. By enabling
interconnections between Musical Things, these approaches
facilitate radically new performance ecosystems encompassing
musical stakeholders and machines. Consequently, a range of
systems and protocols have emerged to interconnect hetero-
geneous musical devices over co-located or remote networks
(e.g., [6]–[11]).

However, in this context, researchers have mainly focused
on addressing issues such as latency and reliability. Latency

is the critical adversarial factor that affects musicians’ quality
of experience in networked performance [12], [13]. End-to-
end delay is the most significant parameter preventing syn-
chronization between distributed performers, with sensitivity
thresholds varying based on musical context [14]–[16]. Many
low-latency solutions employ transmission based on User
Datagram Protocol (UDP) to minimize delay compared to
Transmission Control Protocol (TCP), but this design choice
inherently sacrifices reliability, since packets are delivered
without guarantees of arrival, ordering, or recovery. To address
these issues, a wide range of mechanisms has been proposed,
including packet loss concealment algorithms at the audio
level [17]–[19] and error-resilience algorithms for symbolic
streams, such as recovery journals, redundancy and selective
retransmissions [20]–[22].

While Musical Instrument Digital Interface (MIDI) [23]
has served as the de facto industry standard for musical
technologies and Digital Musical Instruments (DMI) since the
1980s, its historical limitations (such as reduced transmission
bandwidth and low resolution) have led many practitioners to
supplement or replace it with more general-purpose protocols
[24], [25]. Consequently, the majority of networked music
systems available today have mostly implemented ad-hoc
solutions, often based on Open Sound Control (OSC) [26]
due to its simplicity and extensibility [27]–[30].

However, the resulting systems are often difficult to extend
or interconnect with other platforms and consumer devices.
This situation has led to a fragmentation of the technological
ecosystem and undermines the IoMusT principles of ubiq-
uity, interoperability, and standardization [5]. Overcoming
fragmentation, therefore, calls not for yet another bespoke
protocol, but for convergence on a shared standard that is
interoperable by design and compatible with existing musical
hardware.

In 2023, the MIDI Association and the Association of Mu-
sical Electronics Industry proposed Universal MIDI Packet
(UMP) as the new transport format [31], ensuring seamless
integration and backward compatibility with existing MIDI
1.0, while enabling next-generation features of MIDI 2.0 to
address the well-known limitations of MIDI 1.0. UMP repre-
sents an industry standard that DMI manufacturers and music



technology companies are progressively adopting, with major
manufacturers gradually updating their products to comply
with it. This industry-wide adoption is crucial for enabling
seamless interoperability across systems and establishing a
unified communication standard for both manufacturers and
artists. Despite the growing adoption of UMP, its potential as
the communication backbone for interactive networked music
systems has received little attention.

Motivated by these developments and the need to address
fragmentation, this paper presents Nexus Muse, a technical
framework for developing interactive networked music sys-
tems based on UMP. The framework, primarily intended for
co-located interactions, leverages Network MIDI 2.0 as the
transport protocol for network communication.

This paper makes the following contributions:
1) The design and implementation of the Nexus Muse

framework, with all hardware, software, and documenta-
tion available as open-source and freely accessible online;

2) Comprehensive evaluation of latency and jitter with dif-
ferent configurations;

3) Five illustrative use cases showing the framework’s ver-
satility;

4) Empirical insights into the potential of standardized
UMP-based network protocol to enhance interoperability
and reduce fragmentation in IoMusT ecosystems.

II. BACKGROUND

A. Networked Systems for Sound and Music

Interactive networked music systems can be approached
from different perspectives, depending on their design goals
and use cases. Audio-based systems transmit raw audio data,
requiring high bandwidth and imposing strict latency con-
straints [32]–[34]. In contrast, symbolic-based systems trans-
mit abstract musical representations such as MIDI messages
or control parameters, which require significantly lower band-
width while maintaining precise timing [35].

The network infrastructure also distinguishes different sys-
tem categories. Local Area Network (LAN) systems oper-
ate over wired Ethernet connections, providing deterministic
latency and high reliability with minimal packet loss [36].
Wireless LAN (WLAN) systems, on the other hand, offer
mobility and flexibility through WiFi networks but introduce
more variable jitter and are more susceptible to packet loss
due to interferences [37].

Another important distinction is between remote and co-
located performance. With remote networked performance,
we refer to musicians playing from different geographical
locations connected over the internet. Here, the end-to-end
latency depends on distance and network infrastructure [38].
The quality of experience is highly sensitive to delay, with
musicians experiencing synchronization challenges above 20-
30 ms [39]. Differently, co-located networked performance
involves musicians present in the same physical space con-
nected over a local network, with latency typically below 20
ms, enabling more natural ensemble interaction [40], [41].

Finally, architectures can be centralized or distributed. Cen-
tralized architectures employ a hub or server that routes all
communication between devices, simplifying synchronization
but introducing a single point of failure. Distributed (or peer-
to-peer) architectures allow devices to communicate directly
without a central node, providing scalability but requiring
complex synchronization mechanisms.

B. Network Protocols for Symbolic-based Systems

The MIDI 1.0 protocol has long been the standard for
connecting physical controllers to sound synthesis and pro-
cessing engines. Its most notable network extensions are RTP-
MIDI and ipMIDI. RTP-MIDI transmits MIDI over UDP using
Real-Time Protocol (RTP) framing and recovers lost packets
through an optional journaling mechanism, achieving high reli-
ability [42]. The operating systems of Apple natively supports
it as AppleMIDI, while Windows and Linux require third-party
drivers. In addition, RTP-MIDI inherits the semantics—and the
limitations—of MIDI 1.0, and it lacks the MIDI Capability
Inquiry feature.

On the other hand, ipMIDI is a simpler implementation
that forwards raw MIDI 1.0 messages directly over UDP
without RTP framing and reliability mechanisms. It requires
a simpler setup while achieving lower latency compared to
RTP-MIDI, but sacrifices reliability, thus making it unsuitable
for performances over unstable network infrastructures.

Despite MIDI being the industry standard, many practition-
ers have preferred OSC because of its simplicity and flexibility.
OSC’s primary advantage lies in its flexible structure (i.e.,
a URL-style naming scheme that can accommodate arbitrary
data structures). However, OSC lacks built-in timing mecha-
nisms and time-stamping precision required for rhythmically
synchronized networked performances. Many extensions of
OSC have been proposed to address these limitations. One
notable example is O2 [10], which provides better routing,
type safety, and structured message handling while maintain-
ing similar latency compared to vanilla OSC.

Nevertheless, despite these extensions, OSC-based protocols
lack standardized semantic meaning for musical parameters,
requiring custom agreement between devices on message
naming and data interpretation. Furthermore, a file format
for storing and sharing OSC data—similar to the Standard
MIDI File—has not yet been standardized. These gaps directly
hinder interoperability in heterogeneous networked music sys-
tems. A complementary approach was proposed by MUSEPA
[11], a semantic web architecture for discovery, interoperabil-
ity, and automatic inference in IoMusT ecosystems; it targets
discrete events such as device discovery and reconfiguration
rather than continuous real-time interaction, and can thus
complement—but not replace—protocols like MIDI and OSC.

Because many workflows use both MIDI and OSC, bridging
tools such as libmapper [27] and TouchOSC have emerged to
convert between the two formats, allowing MIDI controllers
to interface with OSC-enabled applications. These conversion
layers, however, add setup complexity and can introduce
performance overhead.



Fig. 1: Example diagram of a system developed using the Nexus Muse framework, with the Muse Cube embedded platform
serving as central communication hub.

C. Universal MIDI Packet and Network MIDI 2.0
Although MIDI 1.0 has endured for over four decades, its

design reflects the technological constraints of its 1983 origins:
a 31.25 kBaud serial DIN transmission rate, 7-bit resolution
(0–127 values, roughly 0.8% quantization), and 16 channels
that limit routing, multi-expression polyphony, and device
addressing.

To overcome these constraints, MIDI 2.0 introduces the
first major overhaul of the MIDI standard [31]. Key improve-
ments include 32-bit resolution (approximately 2 × 10−10%
quantization), 256 channels (16 groups times 16 channels),
MIDI Capability Inquiry (MIDI-CI) for automated property
exchange and profile negotiation, and standardized device
profiles for interoperability across manufacturers.

Delivering these capabilities requires a new transport. UMP
is the new high-speed transport format for MIDI 2.0, designed
for USB, Ethernet, and WiFi rather than legacy 5-pin DIN.
UMP features variable-length packets of 32, 64, 96, or 128
bits, dual protocol support where Group 0 carries MIDI 1.0
stream for legacy compatibility and Groups 1–15 carry MIDI
2.0 stream, and embedded timestamps for precise multi-note
rendering and optional jittering reduction. Crucially, UMP
ensures seamless integration and backward compatibility with
existing MIDI 1.0 ecosystems.

While UMP defines the packet format, transporting it
over a network is the role of Network MIDI 2.0, a UDP-
based transport for low-latency, reliable communication in
distributed musical systems [43]. It specifies session manage-
ment—device discovery, capability exchange, and connection
establishment—where discovery, achieved via mDNS/DNS-

SD [44], [45], enables plug-and-play interoperability without
manual configuration.

To remain robust over UDP, Network MIDI 2.0 includes
Forward Error Correction (FEC) to recover lost packets with-
out retransmission, selective retransmission for critical mes-
sages such as Note On, Note Off, and Program Change events,
and sequencing and time-stamping to preserve event ordering
and timing accuracy across the network.

III. PROPOSED TECHNICAL FRAMEWORK

The Nexus Muse framework provides a flexible, modular
technical backbone for building co-located networked music
systems, possibly centered on an embedded platform with
integrated access-point capabilities and audio/MIDI I/O (see
Fig. 1). It comprises three components: (1) the Muse Cube,
a reference hardware/software platform built on a consumer
embedded computer running open-source software, which
serves as the central hub; (2) a Unity plugin for developing
cross-platform interactive networked software; and (3) a JUCE
template for extending hard real-time audio applications with
network capabilities.

Although Nexus Muse is presented as a cohesive frame-
work, its three main components are designed to operate
independently. This modularity allows developers and artists
to adopt only the elements that best fit their use case: for
example, the Muse Cube can function as a standalone Network
MIDI 2.0 hub that interoperates with third-party devices and
software not developed within this framework, while the Unity
plugin and JUCE template can be used with any network
infrastructure, whether wired or wireless.



A key aspect of the proposed framework is the dual role
of the Muse Cube platform, which acts as both the network
provider and the central processing hub. First, as a wireless
access point, the Muse Cube enables the rapid deployment
of a dedicated and self-contained network. On activation, it
automatically creates a WLAN to which other devices (such
as head-mounted displays or smartphones) connect directly,
with no external router or internet connection required. This
streamlines setup, reduces configuration overhead, and makes
the system well suited to portable, ad-hoc scenarios such as
rehearsals, live performances, and installations. Second, as the
central processing hub, the Muse Cube hosts audio processing
tasks, manages MIDI routing, and interfaces with external
instruments. Consolidating networking and computation in
a single embedded device reduces system complexity and
enables fully self-contained deployments, where both commu-
nication and processing happen locally.

This self-contained design also decouples the system from
shared or managed infrastructure, allowing developers to de-
fine and reproduce consistent networking conditions while
avoiding traffic contention, firewall restrictions, and protocol
incompatibilities. Therefore, this approach provides a con-
trolled, reproducible operational context that is particularly
valuable for real-time musical interaction.

A. Muse Cube: Hardware

The Muse Cube is built on a Raspberry Pi 5, which
provides sufficient processing power for both networking
and audio/MIDI handling. Two Hardware Attached on Tops
(HATs) extend its capabilities. The HiFiBerry DAC2 ADC Pro
HAT delivers high-quality audio I/O at up to 192 kHz/24-bit
resolution, while the PCIe HAT hosts a WiFi 6E module based
on the Intel AX210 chip, with two omnidirectional antennas,
adding 802.11ax connectivity on the 6 GHz band for higher
throughput than the Raspberry Pi’s built-in WiFi 5. Two USB
3.0 and two USB 2.0 interfaces connect external USB-MIDI
devices such as synthesizers and sequencers, and a USB-C
adapter supplies power. A custom 3D-printed case encloses
the assembly (see Fig. 2).

We designed the Cube with a minimalist, unobtrusive form
factor so that it integrates easily into performance spaces,
studios, or educational settings without occupying excessive
space or requiring complex setup. The audio and WiFi mod-
ules were selected to provide a self-contained baseline config-
uration, avoiding the need for additional external devices for
audio I/O and wireless connectivity. In particular, this reduces
the cabling, power supplies, placement requirements, and
configuration steps otherwise associated with using an external
audio interface or a router connected through Ethernet. The
resulting version is therefore a compact default solution that
prioritizes portability and ease of deployment, especially in
portable or ad-hoc performance contexts.

At the same time, the Cube remains modular and extensible.
Users may connect an external audio interface through USB,
a dedicated router or access point through Gigabit Ethernet,
and additional MIDI devices through the available USB ports.

Thus, the integrated configuration is not intended to preclude
alternative audio or network topologies, but rather to offer
a readily deployable starting point that can be adapted to
the requirements of a specific performance, installation, or
educational setting.

The assembly uses commercial, readily available compo-
nents rather than custom PCBs or prototypes, allowing anyone
to build their own Muse Cube and, more importantly, to
customize it (e.g., extending the number of inputs/outputs or
the network capabilities) to suit their specific needs.

B. Muse Cube: Software

The software stack running on the Muse Cube is built on
open-source components that work together:

• linux: The embedded operating system powering the
Muse Cube platform, providing real-time audio and MIDI
I/O, and network stack support;

• RaspAP1 and hostapd2: Create the Muse Cube’s
wireless access point, enabling other devices to directly
connect to its network without relying on external infras-
tructure;

• dnsmasq3: Lightweight DNS and DHCP server assign-
ing network addresses and enabling device discovery on
the Cube network;

• avahi4: Implements Bonjour/mDNS service discovery,
allowing other applications to automatically find the Net-
work MIDI 2.0 endpoints without manual configuration;

• pipewire5: Modern audio/MIDI server, managing low-
latency audio processing and routing between plugins and
network MIDI interfaces;

• jacknetumpd6 Network MIDI 2.0 daemon translating
UMP over UDP for local music processing;

• Host with various audio plugins: The central audio pro-
cessing node, receiving MIDI commands, and producing
routed audio output.

We prepared a GitHub repository7 to streamline the set up
process of a new Muse Cube. The repository contains: de-
tailed instructions on how to set up the required software
components; references and assets to replicate the hardware
configuration; five examples of system-specific configurations
for the Muse Cube, mirroring the Use Cases we present in
Section VI.

C. Unity Plugin

Unity8 is a popular cross-platform game engine and real-
time 3D development environment used mainly for the de-
velopment of mobile and XR applications. For this reason,

1https://raspap.com
2https://w1.fi
3https://thekelleys.org.uk/dnsmasq/doc.html
4https://avahi.org
5https://pipewire.org
6https://github.com/CIMIL/jacknetumpd
7https://github.com/CIMIL/nexus-cube-platform
8https://unity.com/
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Fig. 2: Assembled Muse Cube embedded platform.

we developed a cross-platform Unity plugin9that enables de-
velopers to integrate Network MIDI 2.0 features into Unity
applications and develop software for different platforms, such
as Windows, and Android-based devices.

The plugin is implemented as a C# wrapper around the
open-source cross-platform NetUMP C++ library10, which
provides the actual network communication and session han-
dling. This architecture ensures that performance-critical op-
erations, such as UDP transport, FEC encoding/decoding, and
session management, are handled in optimized native code,
while providing a convenient C# API for Unity developers.

The plugin is designed for ease of use, with comprehensive
documentation and example scenes demonstrating common
use cases. Developers can simply import the plugin into their
Unity project and use the provided components without need-
ing to understand the underlying network protocol. The plugin
is used in the scenarios presented in Section VI, particularly
for XR environments and smartphone or tablet-based control
surfaces.

D. JUCE Template

We developed a JUCE template11 that can be used to easily
integrate Network MIDI 2.0 into software developed with the
JUCE framework. JUCE12 is the current standard framework
for hard real-time audio software because it provides cross-
platform Standalone and plugin support (e.g., VST3 and AU),
along with a comprehensive set of optimized audio DSP
classes, and exhaustive documentation and tutorials.

The template is not just a documentation form, but a
complete working codebase that includes pre-implemented
classes that use the NetUMP library, and streamline enhancing
already stable audio plugin with network functionalities.

9https://github.com/CIMIL/NetUMP Unity
10https://github.com/CIMIL/NetUMP
11https://github.com/CIMIL/Networked JUCE Template
12https://juce.com

We used JUCE for the networked MIDI keyboard and
the AI-improviser system presented in the use scenarios (see
Section VI).

IV. TECHNICAL VALIDATION

This work aims to assess the versatility and interoperability
of the proposed framework, rather than the features of the
underlying UMP and MIDI 2.0 protocols or the networked in-
teractive systems built with it. Therefore, instead of evaluating
the usability or user experience of the resulting applications,
this paper assesses the proposed framework from three com-
plementary perspectives.

First, we experimentally characterize the Muse Cube’s
performance through latency and jitter measurements under
different networking configurations. Second, we demonstrate
the framework’s architectural flexibility by implementing five
representative proof-of-concept use cases spanning distributed
musical control, AI-assisted performance, and XR interaction.
Third, we analyze the resulting architecture with respect
to interoperability, modularity, and deployability, discussing
its strengths, limitations, and applicability to future IoMusT
systems.

V. LATENCY AND JITTER EVALUATION

To evaluate the hardware and software architectural deci-
sions of the Cube platform, we performed tests on latency
and jitter with several network topologies and configurations.
Tests were conducted along two main comparison axes:
(1) AX210 vs. Broadcom (Raspberry Pi 5 built-in chipset);
(2) Software access point vs. external WiFi router;
Ethernet measurements were also included as a lower bound,
representing the best achievable performance. The experiments
were conducted in a controlled office environment at the
University of Trento. For the external WiFi router condition,
we used unitn-x, the university’s enterprise-grade internal
network infrastructure.

It should be noted that the external WiFi condition does not
represent a dedicated, non-shared router connected directly to



the Cube’s Ethernet port. Rather, it reflects the performance
of the available enterprise network infrastructure in the tested
environment, which may introduce additional routing, con-
tention, and management overhead. Therefore, the comparison
is intended to evaluate the proposed self-contained software
access point configuration against an existing shared infras-
tructure, rather than to establish that it universally outperforms
all possible Ethernet-connected router deployments.

Latency was assessed by measuring the Round-Trip Time
(RTT) using the ping utility. Specifically, 1000 Internet
Control Message Protocol (ICMP) packets were transmitted
with a 10 ms interval. On the other hand, we evaluated UDP
jitter using the iperf3 utility. In these tests, 160-byte UDP
datagrams were sent at a target bitrate of 64 Kbps for 600
seconds, with jitter recorded at 1 s intervals.

Descriptive statistics are reported in Table I and Table II:
for each test configuration, the best result along comparison
axis (1) is indicated in bold, whereas the best result along
comparison axis (2) is underlined.

TABLE I: RTT statistics (in milliseconds) measured using
ping across different network configurations.

TEST Configuration mean std min max

Client ↔ Cube via Ethernet 0.457 0.076 0.289 0.724

Client ↔ Cube via Cube (AX210) 2.113 0.286 1.676 5.489
Client ↔ Cube via Cube (built-in) 27.431 40.475 1.617 191.625

Client ↔ Client via Cube (AX210) 19.134 33.181 3.770 206.864
Client ↔ Client via Cube (built-in) 30.484 38.015 3.811 138.308
Client ↔ Client via unitn-x 11.431 20.460 4.467 138.546

TABLE II: UDP jitter statistics (in milliseconds) measured
using iperf3 across different network configurations.

TEST Configuration mean std median min max

Client ↔ Cube via Ethernet 0.046 0.008 0.044 0.033 0.065

Client ↔ Cube via Cube (AX210) 0.095 0.074 0.071 0.024 0.639
Client ↔ Cube via Cube (built-in) 3.031 3.695 2.110 0.585 30.064

Client ↔ Client via Cube (AX210) 0.519 2.125 0.275 0.104 24.944
Client ↔ Client via Cube (built-in) 4.038 4.371 2.542 0.472 29.162
Client ↔ Client via unitn-x 2.755 4.526 0.763 0.201 24.084

The results highlight a consistent performance advantage of
the AX210 interface over the built-in Broadcom chipset across
all evaluated scenarios. In the Client ↔ Cube via Cube con-
figurations, the AX210 achieves an RTT mean approximately
one order of magnitude lower than the built-in interface, along
with substantially better stability (standard deviation below
1 ms compared to roughly 40 ms). A similar—though less
pronounced—trend is observed in the Client ↔ Client via
Cube scenario, where performance differences remain notice-
able but more comparable. This behavior is also reflected in the
UDP jitter measurements, providing strong evidence that the
AX210 offers a more stable and predictable connection—an
essential requirement for real-time operation, as is the case in
our platform.

The comparison between the software access point and
the external WiFi infrastructure yields more nuanced results.

During direct communication in Client ↔ Cube scenarios, the
software AP outperforms the external network by approxi-
mately one order of magnitude in both mean and standard
deviation of RTT, as well as in UDP jitter metrics. This
outcome is expected, as communication involves a single hop.
However, in the Client ↔ Client scenario, the external WiFi
network exhibits lower RTT values, within the same order
of magnitude as the software AP. Despite this, the software
AP reports mean and standard deviation of UDP jitter by
an order of magnitude. The slightly lower RTT observed for
ICMP packets may suggest that the enterprise router provides
a lower baseline latency than the software-based AP, although
the max value indicates the presence of outliers, thus making
the distribution skewed. However, when network infrastructure
overhead is introduced, as in the UDP jitter test, the software
AP exhibits lower jitter, thus greater stability, likely due to its
role as a dedicated network.

VI. USE CASES

The following use cases are intended as illustrative demon-
strations of the proposed framework rather than comprehensive
evaluations of the resulting applications. Their purpose is
to show how the same UMP-based infrastructure can sup-
port heterogeneous interactive musical systems with minimal
application-specific modifications.

A. Centralized Networked Performance Hub

This use case presents the Muse Cube platform as a cen-
tralized performance hub that aggregates conventional MIDI
hardware and software instruments into a single networked
setup. A performer can connect legacy MIDI 1.0 devices (such
as synthesizers, drum machines, and sequencers) via USB-
MIDI to the Cube, which also hosts the internal plugin host for
virtual instruments and effects. At the same time, smartphones,
laptops, and tablets on the local wireless network can act
as controllers or visual clients, so musicians can drive the
instruments attached to the Cube without being physically
cabled to them or forced to remain near the hardware.

At the protocol level, the Cube exposes a series of Net-
work MIDI 2.0 endpoints and routes both MIDI 1.0 and
MIDI 2.0 messages. MIDI 1.0 streams from “older” instru-
ments are encapsulated into UMP and exchanged alongside
native MIDI 2.0 data, without requiring custom translation
layers or ad-hoc glue protocols. This scenario therefore illus-
trates one of the framework’s core goals: enabling backward-
compatible interoperability while providing a path toward
higher-resolution and more expressive MIDI 2.0 workflows
within a unified, co-located performance environment.

B. Distributed Control Surfaces

This use case shows the framework supporting a networked
instrument whose control surface is distributed across several
devices rather than confined to a single one. A musician
plays a network-enhanced MIDI keyboard, while a companion
application running on a consumer Android smartphone or
tablet acts as an auxiliary controller (built with Unity 6.3 and



(a) Distributed Control Surfaces: an
Android-based smartphone application and a
networked MIDI keyboard both interact with
a shared sound engine.

(b) Immersive Visualization: a real-time 3D
visualization created by MIDI data.

(c) XR MIDI Controller: a 3D particle
system is used as a MIDI controller for a
synthesizer running inside the Cube.

Fig. 3: Three use cases developed using the Nexus Muse.

the NetUMP Unity plugin). Both components are wirelessly
connected to the Cube platform and drive the same shared
sound engine (see Fig. 3a).

The motivation is twofold: to expand the set of expressive
parameters available to a performer beyond the physical con-
trols of one instrument, and to enable collaborative play in
which one participant plays notes while another shapes the
timbre all without additional hardware beyond a device already
present on the local network.

The networked MIDI keyboard is built on a Studiologic
SL73 mk2 MIDI keyboard connected to a headless Raspberry
Pi 5, which hosts a JUCE-based application13 developed from
the provided template, and serves as the primary performance
interface to the sound engine hosted in the Cube.

In contrast, the smartphone application is built with Unity
and exercises the output direction of the library, comple-
menting the receive-only visualizations described later in this
section. Its touchscreen interface presents a set of faders
and knobs; dragging each maps a normalized position to an
assigned Control Change number, such as CC 4 (Expression).
Each update is packed into a MIDI 1.0 Channel Voice message
carried in a UMP word and transmitted to the Cube, which
routes it to the plugin host for audio rendering.

In practice, a performer can mount the tablet beside the
keyboard and ride expression with a free hand, or pass it to a
second musician who modulates the sound engine in real-time
while the first plays, realizing a collaborative interconnected
instrument from commodity devices.

C. Musician-AI Partnership System

This use case demonstrates that the framework can support
musical interaction between human performers and AI agents
distributed across the same local network. A musician per-
forms on the networked MIDI controller, while an AI-based
improvisation system running on the Muse Cube listens to the
same symbolic stream and generates responses in real-time.
The Cube routes both human and machine-generated events
to a shared sound engine, so the two participate in a single
musical interaction loop.

13https://github.com/CIMIL/Networked SoundFont Player

In our prototype, the AI agent is implemented as a net-
worked improviser based on a Markov-chain model described
in [46], which consumes incoming Note On/Off messages
and emits new sequences over the same transport. The agent
is built using the JUCE template to extend an open source
application14. Although the present implementation uses a
relatively simple symbolic model, the architecture generalizes
to more advanced machine learning systems, including neural
sequence models or hybrid symbolic-audio agents, which can
be integrated as additional endpoints without changing the
underlying protocol. This underlines a central premise of the
framework: because every participant, human or algorithmic,
communicates through the same standardized UMP transport,
new agents can be added to a performance as first-class
endpoints rather than as one-off integrations, directly coun-
teracting fragmentation.

D. Immersive Visualization

This use case demonstrates the framework as the backbone
of a real-time visualization of MIDI data using an HMD,
that can be experienced by audience members of a co-located
performance or as a Mixed Reality (MR) installation. The
result is a virtual sculpture that assembles in real-time in
front of the audience, where sustained low notes become
long descending limbs and bright staccato notes become short
upward shoots (see Fig. 3b). A musician plays a networked
MIDI instrument, like the one presented in Section VI-B. The
MIDI data generated are streamed to an head-mounted display
(Meta Quest 3) running an application developed with Unity
6.3 and the NetUMP Unity plugin. The application uses MIDI
data to generate a growing 3D organic sculpture. Each Note On
sprouts a tubular branch whose length, direction, and duration
are mapped from velocity, pitch, and hold time respectively.
Note Off then freezes and caps the branch. Control Change
messages additionally drive global appearance parameters such
as hue and emission, so a second performer or the player
continuously modulates the visual. The rendering algorithm
used in this example is inspired by the Growth Model of
Yoichiro Kawaguchi [47], [48]. Rather than a transient an-

14https://github.com/CIMIL/Networked AI Improviser



imation, the structure accretes note by note into a persistent
form, functioning as a kind of visual score of the performance.

Because the visualization is purely a consumer of the MIDI
stream, it requires no awareness of the underlying network
beyond subscribing to the same Network MIDI 2.0 endpoint:
the Cube’s access-point and routing roles make the keyboard,
the sound engine, and the headset a single co-located system
with the low and stable latency reported in Section V, and the
visualization can be added or removed from a performance
without touching the audio signal chain.

E. XR MIDI Controller

While the previous scenario illustrated the use of XR
systems for the visualization of external MIDI data, this use
case focuses on an interactive and bidirectional approach. In
this example system, performers wearing a HMD can generate
MIDI notes with their hands while immersed in a cosmos
of living particles (see Fig. 3c). Using the hand tracking of
an HMD (Meta Quest 3), a performer can grabs a single
particle which is converted into a MIDI Note On (hand height
and pinch are mapped to notes and velocity, lateral motion
is mapped to a Control Change) and transmitted back to the
Cube. The Cube then renders the corresponding sound from
its plugin host. Each grabbed particle spawns an attractor
whose strength, radius, and hue are mapped from velocity
and note number, while lateral hand motion (sent as Control
Change) modulates both the sound engine and the field’s
ambient parameters at once, so the same expressive control
is felt across both modalities. Visitors see a dark volumetric
space of drifting points; grabbing or pinching condenses a
swirling colored nebula around the hand, and multiple hands
build a polyphonic, multi-colored cosmos that dissolves back
into ambient drift on release.

The application is built with Unity 6.3 and the NetUMP
Unity plugin, and produces a particle field of ≈600 particles
running at 90 Hz on a standalone Meta Quest 3.

This scenario points toward technology-mediated audience
participation, where several visitors collectively shape the
musical state of an instrument hosted inside the Cube, and
toward collaborative configurations in which one participant
plays a keyboard while others sculpt the sound and the field
through control messages—with every participant, gestural or
physical, addressed through the same standardized transport.

VII. DISCUSSION

The design choices underlying Nexus Muse, together with
the use cases presented in Section VI, highlight both the
strengths and the current boundaries of the framework.

One key strength lies in the loose coupling between the
components of the framework. Rather than requiring musicians
and developers to adopt the full stack each layer can be
used independently, provided it complies with the Network
MIDI 2.0 and UMP standards. At the protocol level, this
means that clients not built with the provided library and
template can still connect to the Cube out of the box. For
instance, recent versions of macOS expose native Network

MIDI 2.0 session support in Audio MIDI Setup15, allowing
any compatible device to join a Cube-hosted session without
any framework-specific software. This is a direct consequence
of building on an open, manufacturer-backed standard rather
than a bespoke transport, and it is precisely the property that
ad-hoc OSC-based systems typically lack.

This openness extends to the Cube’s hardware and software
layers as well. The internal architecture of the Cube is not a
fixed appliance but a customizable embedded platform: addi-
tional audio inputs, MIDI DIN connectors, or other peripherals
can be integrated as a given performance or installation re-
quires, without altering the underlying routing logic. Similarly,
the Unity plugin and the JUCE template do not presuppose a
Cube-centric topology. Both components can be deployed in
a conventional home or studio network using an off-the-shelf
router. In this sense, the Cube is a convenient, pre-configured
instantiation of the framework rather than a mandatory hub,
allowing adoption to scale from lightweight, ad-hoc setups up
to installation-grade deployments such as the one described in
Section VI-E.

Taken together, these properties show that Nexus Muse
achieves interoperability by design through standards compli-
ance and modularity rather than proprietary interfaces. While
this work does not claim to resolve the broader fragmentation
of the IoMusT ecosystem, it shows that UMP and Network
MIDI 2.0 provide a practical and technically viable foundation
for building interoperable and co-located musical systems.

It is worth noting that the five use cases presented in
Section VI do not exercise the full breadth of MIDI 2.0
capabilities, such as per-note expressive control or the com-
plete MIDI-CI profile negotiation workflow. This reflects a
deliberate scoping decision rather than a limitation of the
framework: our goal was to demonstrate the versatility of
Nexus Muse across different representative applications, rather
than to exhaustively showcase every feature of the underlying
protocols. Because the framework exposes standard-compliant
Network MIDI 2.0 endpoints, these advanced capabilities
remain fully available to practitioners who wish to build on
top of it, independently of the specific use cases presented
here.

Moreover, the latency and jitter results reported in Section V
are consistent with the requirements of the use cases discussed
in Section VI. All configurations using the AX210 interface
remained within, or close to, the sub-20 ms range, supporting
the responsiveness required by examples such as the “Dis-
tributed Control Surfaces” and “XR MIDI Controller”. Here,
any perceptible delay between a physical or gestural input and
its sonic and visual response would break the perception of a
single, unified instrument.

At the same time, these results were obtained in a single
controlled environment. Performances in denser or more elec-
tromagnetically noisy venues (e.g., festival stages, crowded
exhibition spaces) may differ and has not yet been character-

15https://support.apple.com/guide/audio-midi-setup/
share-midi-information-over-a-network-ams1012/mac



ized. Nevertheless, evaluating such scenarios aligns naturally
with the modular design of the Cube. Because the system is
built from swappable, off-the-shelf components rather than a
fixed appliance, adapting it to more demanding environments
(e.g., by upgrading antennas, adjusting channel selection, or
adding shielding) does not require redesigning the underly-
ing architecture. The documentation accompanying the open-
source release is intended to support exactly this kind of
adaptation.

The present evaluation involved at most two clients con-
nected simultaneously to the Cube. Evaluating the system
with a larger number of concurrent endpoints (e.g., an en-
semble of six or more performers, or a busy installation as
in Section VI-E) may reveal different behavior. Performance
can also be constrained by other aspects such as WiFi chan-
nel contention or the Cube’s processing budget when audio
hosting and MIDI routing execute concurrently. We expect
that scaling to such scenarios will require extending rather
than redesigning the architecture of a system: networking
and processing roles could be split across multiple Cubes,
or the wireless front-end upgraded, without changing the
routing logic or Network MIDI 2.0 compliance. Systematically
characterizing this behavior is left for future work.

Finally, the scope of this work is deliberately bounded to
co-located scenarios, in contrast to the remote-performance
focus that characterizes much Networked Music Performance
(NMP) literature. This distinction is fundamental: the low and
stable latency reported in Section V is achievable because all
endpoints share a local wireless network under the Cube’s
control. Extending the framework to remote, internet-scale
scenarios would reintroduce many of the challenges addressed
by prior NMP research, including inter-performer synchroniza-
tion under variable and often asymmetric latency, jitter well
beyond what local wireless links exhibit, and the need for
explicit synchronization mechanisms absent from the current
design. Investigating how these challenges can be addressed
while preserving a UMP-based transport, rather than relying
on ad hoc solutions, we believe, is a natural direction for
future work, although it will likely require the development
of dedicated timing, recovery, and adaptation mechanisms.

VIII. CONCLUSIONS

This paper presented Nexus Muse, a technical framework
for co-located interactive networked music systems built on
Universal MIDI Packets and Network MIDI 2.0. Combining
the Muse Cube embedded platform with a Unity plugin
and a JUCE template, the framework connects heterogeneous
musical devices and applications through a shared symbolic
transport, reducing fragmentation without introducing another
bespoke protocol.

The framework’s modular, standards-based design lets
components be adopted independently, with any Network
MIDI 2.0/UMP-compliant endpoint joining regardless of
toolchain. This grounds interoperability in open specifications
rather than proprietary middleware, letting legacy MIDI 1.0
devices, commodity smartphones and headsets, and MIDI 2.0

instruments coexist in one performance environment. Ca-
pabilities such as per-note expressive control and MIDI-CI
profile negotiation are exposed to artists, ready for future work
beyond the present use cases.

The present work evaluates the framework built on top
of Network MIDI 2.0 and UMP, rather than the protocol’s
internal robustness mechanisms (e.g., forward error correc-
tion) themselves; and potentially improving these mechanisms,
particularly under adverse or high-interference network condi-
tions, is a task better suited to dedicated protocol-level studies
and is left as an important direction for future work. On
the framework side, our own priorities include systematically
characterizing scalability to larger numbers of concurrent
endpoints and to more demanding environments, both of which
we expect to be addressable through the platform’s existing
modularity rather than architectural redesign. Extending the
framework beyond co-located settings toward hybrid or fully
remote performance represents a further direction we consider
both natural and promising, though it will require dedicated
timing, recovery, and adaptation mechanisms.

Taken together, the results suggest that building networked
music systems on open, manufacturer-backed transport-layer
standards is a practical route toward reducing fragmentation,
while leaving room for new instruments, interaction modali-
ties, and performance ecosystems.
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