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SPRAWL: A SYSTEM FOR ENHANCED INTERACTION IN ELECTROACOUSTIC
ENSEMBLES
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ABSTRACT
The SPRAWL system is an audio and information routing network,
allowing enhanced ways of interaction for musical ensembles. An
audio server, implementing a SuperCollider audio routing system
alongside additional processing and spatialization software, is connected to several access points via ethernet, using JackTrip for audio
transmission. The unified access points consist of a Raspberry Pi 4
with a 7 inch touch screen and an audio interface. Using GUI applications on these units, musicians are able to control the routing
and spatialization of the system, allowing personal monitoring, the
distribution of click tracks and related auditory information, as well
as visual information and cues. Information can be distributed from
the server or shared among the participants with custom software for
individual compositions.
1. INTRODUCTION
Performing electroacoustic music in larger ensembles on multi channel loudspeaker systems offers a plethora of additional possibilities
and creative means for musicians and composers alike. However,
this practice also gives rise to a very specific set of requirements and
problems. Some of them are of simple practical nature, including
technical solutions and infrastructural challenges like the distribution
of audio and control data. Other aspects relate to aesthetic concepts
and individual implementations for specific compositions or improvisational setups. The technical system proposed in this paper is
intended as a platform for solving these problems by offering a predefined basic structure and the possibility of implementing custom
solutions.
1.1. Related Concepts
Many of the above mentioned requirements and problems are not
unique to specific ensembles but ubiquitous and reoccurring. Hence,
several projects in the history of live electronic music performance
designed systems for solving these issues, relying on different paradigms. The examples in this section focus on the area of laptop ensembles, based on digital technology. Although the scope of this
paper is on joint music performances in general and not on geographically distributed practices, some related approaches originate
in distributed network performance and telepresence.
1.1.1. The HUB
Substantial pioneering work in the field of laptop ensembles and interdependent computer compositions was done by The HUB between
1986 and 1997 [1, 2]. The first version of the HUB was designed
as a blackboard system, implemented on Synertek SYM 6502 single board computers. A shared memory allowed the exchange of
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information between six musicians, respectively their individual autonomous programs. This enhanced way of interaction was the central point for the compositions explored by the HUB.
A second version of the HUB, launched in 1990, made use of
the MIDI protocol for exchanging the information. Using individual MIDI channels for each system, the protocol allowed the direct
control among the musicians, leading to more possibilities.
1.1.2. Frequencyliator
The Frequencyliator [3], developed at SARC in Belfast, combines
the use of OSC and network-based audio connections to increase
the level of interaction in laptop orchestra. A server is broadcasting
information to connected laptops, based on a score, pre-defined or
live generated. The system does not only manage synchronization
and negotiation of timing events but is also manipulating signals for
spectral segregation.
1.1.3. The *LORKs
*LORK is used as an acronym for Laptop Orchestra by a group of
closely related approaches to live electroacoustic performance. The
Princeton Laptop Orchestra (PL ORK), formed in 2005 [4, 5], is the
original *LORK. The orchestra is based on unified meta-instruments,
each consisting of a laptop and its own hemispherical speaker and
a rack with the necessary periphery. Inspired by the principles of
acoustic ensembles, each of the 15 instruments thus is an individual
sound source, resulting in a sonic display similar to a classical orchestra. MAX/MSP, Chuck and SuperCollider are used as programming environments. Synchronization and communication among
musicians are realized through network protocols. Additional interfaces for expressive control are included for specific compositions.
Other ensembles adapted the Princeton setup, in order to establish a widespread standard and hence with the possibility to create a
common repertoire. Among them are the Stanford Laptop Orchestra
(SLORK) [6] and the Linux Laptop Orchestra (L2Ork) [7].
1.1.4. The HELO
The Huddersfield Experimental Laptop Orchestra (HELO) was founded in 2008 as an ensemble of graduate and undergraduate students
[8]. Instead of creating unified meta-instruments like the *LORKs,
the HELO aims at bringing together a variety of systems which may
rely on any hardware and software or operating system. This diversity is intended to increase the work on a creative level without
spending a significant amount of time with technical goals. Similar
to the *LORKs, each musician’s sound is produced with an individual loudspeaker located close to the instrument. One setup of the
HELO makes use of the laptops’ builtin speakers for high portability and simplicity. For increased volume and higher sound quality,
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a setup with one guitar amp for each musician is used. The guiding
principle of this approach is to minimize the technical overhead for
the sake of dealing with musical content, instead.
1.1.5. EmbodiNet
EmbodiNet [9, 10] is a reactive environment for Network Music Performance, intended to be used in loose rehearsals or jam sessions between geographically remote participants. Using SuperCollider for
mixing and JackTrip for audio transmission, the ready system offers
two control functions, which allow the musicians to influence individual headphone mixes, namely the dynamic volume mixing and the
enhanced stereo panning. Cameras and motion capturing are used to
create a shared visual space with an additional GUI for controlling
the mixing attributes.
1.2.
The
is an ensemble for
live electroacoustic performances on multi-channel loudspeaker systems, making use of sound field synthesis technologies. Founded in
as part of a
seminar at
, the
now consists of 10 active members, including musicians from the independent scene and alumni and students from
.
A central aspect of the project was to create a setting for the interaction of diverse musical instruments, in particular those invented
by researchers and students in the intersection of experimental music and music technology. Too often, the results of research projects
or classes related to electronic musical instrument design are not applied appropriately, before people move on. However, due to the
modular boom in the past years, it now features seven modular synthesizers, complemented with live electronics and tape as well as a
Pushpull [11], an individual digital musical instrument.
For three years, the
has now been operating in a hierarchic
structure, with a sound director in charge of mixing, coordination
and spatialization. An audio server with an attached AD/DA converter rack gathers all instrument signals and distributes the rendered
spatial audio scene to the loudspeaker system. Alternatively, some
compositions and adaptions rely on algorithms and automation for
the control of the above mentioned components. The future direcis to empower the individual musicians to control
tion of the
not only specific attributes of their own instrument’s sound, but also
to interact with other participants and influence parameters of the
complete system.
1.3. Demands
1.3.1. Pre-Listening and Monitoring
Working with electronic musical instruments and modern performance practices often involves the use of headphones for different
purposes. Experience has shown that these purposes can be conflicting and that a solution for combining them is desirable. One of the
goals of the proposed system is to offer a flexible solution for combining reoccurring applications of headphones. Ideally, musicians
are enabled to switch between these applications and even mixing
them. By no means exhaustive, the following use cases need to be
covered:
1. pre-listening the own instrument
2. monitoring of the full ensemble

3. click-tracks and other auditory information
4. pre-listening other instruments
When operating synthesizers, especially modular ones or comparably complex systems, musicians must be able to pre-listen sounds
they are designing during a performance. If a specific sound needs
to be programmed or patched, the synthesizer needs to be muted,
connections are changed and undesirable artifacts may occur. This
will often happen between pieces in a performance, but also within
specific compositions.
Performing with an ensemble on a surrounding loudspeaker setup
raises several issues considering the placing of the musicians. In
order to preserve the best listening positions for the audience, it is
usually necessary to perform at the boundaries of the system, if not
outside. This calls for a monitoring solution, in order to enable the
musicians to hear the actual mix in the listening area.
The distribution of click-tracks and other auditory cues for synchronisation is a method often used in modern ensemble performances. Either as broadcast from a central unit or generated on the
musicians’ devices, these need to be synchronized.
Finally, it can be necessary to exclusively pre-listen other instruments in the ensemble. Reasons for this may be tuning or other
interrelated adjustments, as well as composition-specific dependencies.
1.3.2. Visual Information
The presentation of visual information plays a central role in modern
music performances involving digital technology.
1.
2.
3.
4.
5.

synchronized scores
digital clocks or metronomes
representation of the auditory scene
visualization of levels
visualization of system parameters

It is common practice to show synchronized scores on tablets to
performers or to present a digital clock in order to align live performance with playback or automated processes. This is usually
achieved using tablets with a screen diameter of 10".
When performing with multiple musicians on a multi channel
sound system making use of virtual sound sources, it can be helpful
for the ensemble to show the individual source positions. Thus, each
participant is aware of level manipulations due to source distances.
Clipping of input signals is a reoccurring problem, not only in
electroacoustic performances. Even if level control is carried out by
a sound engineer or sound director, the nature of the electronic musical instruments can easily lead to an input signal too high in level.
Often this is caused by hardly audible low frequency components.
Several members of the
have thus expressed the wish to monitor their individual input level visually.
2. THE SPRAWL SYSTEM
The SPRAWL system can be considered a musical meta instrument,
designed to offer a flexible framework for increasing the influence
of single musicians and the level of interaction within an ensemble.
Its primary purpose is to interconnect arbitrary electronic and electroacoustic musical instruments by providing unified access points.
Although conceived in the context of electroacoustic music and electronic musical instruments, the system offers possibilities for any instrumentation.
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Figure 2: Touch screen with Raspberry Pi inside housing.

Figure 1: SPRAWL server-access-point setup.
The overall configuration of the SPRAWL system consists of
one server to which all access points (respectively Raspberry Pis)
connect (Fig. 1).
3. HARDWARE
3.1. Access Points
As access points we use Raspberry Pi 4s with a 7 inch touch screen
and a Behringer U-Phoria EMC22 USB audio interface. The server
is an AMD Ryzen workstation, equipped with a RME MadiFX PCIe
soundcard and two Digigram DANTE LX cards.
3.2. Raspberry Pi Housing
The housing (Fig. 2) of the Raspberry Pis is made of multilayered
lasercut wood, which allows us to easily reach the ports, is well ventilated and offers the possibility to attach a thread for a microphone
stand. The templates for replicating the housing are available for
download in the SPRAWL git repository.1
4. CONFIGURATION
JackTrip is used for audio over IP connections between access point
and server. The mixing of all channels is done exclusively on the
server with a SuperCollider server that receives OSC messages.
For every access point there is one input module on the server
side (Fig. 3). The input signal gets mixed to the send busses of the
access points and to the send busses of the spatializer (e.g. Panoramix).
The monitor module sends the binaural rendered scene to the access
points, so that every musician is able to hear the music accordingly
to the audience. All gains can be set with OSC commands.

4 by Florian Paul Schmidt [12]. Since threaded IRQs are enabled by
default, no kernel parameter needs to be added.
The server is running Fedora 31 with the free madifx alsa driver
by Adrian Knoth [13] with a small fix for the 5.3 kernel version.
4.2. Network
Every access point gets two static IP addresses. One for the ethernet connection to the server. A second one for the wifi access point.
Although the system is usually controlled via the touch display and
connected keyboard and mouse, setting up all Raspberry Pis to be
Wifi access points gets in handy, if you want to connect remotely
from your laptop via SSH. The static IP addresses can be easily assigned using dhcpcd. Hostapd offers the wifi access point capability.
Dnsmasq assigns IP addresses to users who log into the wifi access
point.
On the access point side JackTrip needs to know the IP address
of the server. Therefore the server also gets a static IP address.
5. SOFTWARE
The core of the SPRAWL system uses JackTrip and SuperCollider.
In order to get the latest version of JackTrip it is recommended to
pull it from the official git repository.2 As spatialization software
any jack-capable renderer can be used (e.g. Panoramix, SoundScape
Renderer). Jmess is being used for saving and loading the Jack connections.
5.1. JackTrip
In JackTrip a hub mode is implemented for the SPRAWL system. On
the server JackTrip has to start in server mode (-S) with the SPRAWL
flavor (-p 3):
jacktrip -S -p 3

4.1. OS
The Raspberry Pis are running the standard full Raspbian Buster operating system, equipped with the rt-preempt kernel for Raspberry Pi
1 https://gitlab.XXX

All clients (access points) connect to the server (-C <server-ip>) with
usually one channel (-n 1):
jacktrip -n <nr of channels> -C <server-ip>
2 https://cm-gitlab.stanford.edu/cc/jacktrip
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Figure 3: Single input module with send gains and output modules.

Mind the capital letters for both server and client parameters.
5.2. Server
After Jack has been started on the server, JackTrip, SuperCollider
and the SPRAWL server software can be started with the start_
SERVER.sh script. After all access points have connected to the
server, the start_SERVER_post_client_connect.sh script
can be used to start the spatializer and any other wanted programs
and to establish all required Jack connections with jmess.
5.3. Access Points
Each access point is running a Jack server and a JackTrip instance
for audio connectivity and routing, both starting as systemd user services. The JackTrip service starts JackTrip only if it is able to ping
the server. Puredata, SuperCollider and Python are installed as tools
for developing access point applications, depending on the use case.
Besides the ability to process audio, the possibility of working with
OSC is especially important.
5.3.1. The Generic Access Point
The generic access point software, used for plain improvisation, is
programmed in SuperCollider (Fig. 4). It offers control over the prelistening and monitoring, as well as a simple 2D positional plane.
6. IN USE
6.1. Performance
The first rehearsals and performances focused on the use of this
generic access point software. Musicians were thus able to influence
the position of the virtual sound source related to their instrument’s
sound and to control the monitoring. Students from the 2019/20 class
are including the SPRAWL system in
their performances.

Figure 4: GUI of the generic access point software, allowing control
over monitoring and spatialization

6.2. Education
As reported by Wang et al. [14], laptop orchestra and related approaches offer great possibilities for teaching. The use of unified
systems allows a focus on joint development, eliminating the problem of having to configure numerous individual hardware and software systems. The SPRAWL is not only intended as a teaching environment, but was also conceived and created within seminars at
. By involving the students at an early
stage, their knowledge on the relevant aspects of Linux audio systems and the necessary concepts is fostered. Contributions to the
core of the system are thus more likely and students relate to the
project more closely.
7. CONCLUSION
The SPRAWL system offers a flexible solution for network based
musical ensembles. The system is suitable for both conducted and
decentralized music. Basic demands like pre-listening and monitoring as well as visual feedback are satisfied. After the successful
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launch, the setup can now be used to explore existing and forthcoming compositions and performance setups.
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