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Abstract This chapter is intended to acquaint music ethnologists with the paradigm
of Networked Music Performance (NMP). NMP facilitates computer networks to
allow musicians from distant geographic locations to synchronously collaborate
during performance, improvisation or more generally music-making. The chapter
comprises two parts. The first part is devoted to providing an overview of research
approaches in NMP and elaborates on the technical and perceptual impediments
restricting the wide availability of this type of technology. The second part presents
an experiment involving three musicians performing folk music over the network.
The experiment serves to reveal not only technical and perceptual difficulties in the
communication of performers, but more importantly their attitude towards engaging
in this novel practice. The chapter concludes by discussing future perspectives on
the use of NMP technology in the context of ethnic and folk music.

1 Introduction

Nowadays, network communications are used for almost every form of daily activity.
In music and musicology, this abundance of networking applications demands for
reassessing conventional practices not only for music preservation and distribution,
but also for music-making.

In line with this reasoning, the adoption of digital audio recordings in music
preservation has offered significant improvements not only in terms of the quality
of the recorded music, but also in terms of documenting and maintaining relevant
information inmusic archives. Furthermore, the recent proliferation of cloud comput-
ing technologies has enhanced the visibility of music archives as well as of pertinent
research instruments. Yet inmore recent days, advances in semantic technologies and
computational intelligence allows redefining the role of music archives from isolated
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storage repositories to linked data resources, hence promoting novel research per-
spectives in massive processing of music data including the unveiling of transcultural
characteristics and transdisciplinary research possibilities. A potential next step to
this progress is on the actual act of music-making, including the improvisations of
folk musicians and the musical interactions taking place among different cultures
and ethnic groups.

This chapter focuses on NMP technologies and discusses perspectives emerging
from their adoption by folk musicians. NMP can be thought of as a distinct type of
teleconferencing application, which allows remotely located musicians to engage in
synchronous music performance using network infrastructures and dedicated soft-
ware tools. Teleconferencing and Voice over IP technologies have a history of more
than thirty years now and are being broadly used for an abundance of daily col-
laboration activities. They are possibly the most prominent type of groupware in
computer-supported cooperative work. However, as music performance constitutes
a special creative activity with severe restrictions in timing synchronization as well as
in motor and cognitive engagement of participants, the progress in teleconferencing
has not been effectively propagated to the music domain. As a result, the potential of
folk musicians using NMP technology to engage in distributed music performance
remains to be elucidated.

The rest of this chapter is structured in twoparts. Thefirst part presents an overview
of NMP research approaches by elaborating on the challenges faced by this line of
research and the workarounds or achievements in meeting these challenges. The last
section of this part elucidates that depending on the actual scenario or interaction
context among musicians, NMP sessions may have a different degree of technical
complexity and that there are in fact scenarios in which synchronous collaborations
of musicians may be feasible through the network. The second part of the chapter
is devoted on describing the experience of synchronous collaborative performance
in the absence of co-presence and how it can be realized in the context of folk
and traditional music. An experiment of three musicians performing two pieces of
the traditional music of Crete is presented along with an evaluation concerning not
only technical measurements, but also qualitative aspects delineated by interviewing
performers. Finally, the chapter discusses the potential of folk musicians widely
adopting NMP technology and the influence of this technology on the appearance of
new music styles emanating from cross-boundary music collaborations.

2 Networked Music Performance Research

Since its inception, NMP was not intended to substitute conventional performance.
In fact, professional musicians, unless acquainted with the practice of avant-guard
music performance, appear sceptical of the idea of being physically separated from
their peers. Unlike speech, music collaboration relies on sharing common ambience
in terms of sound reverberation as well as in terms of visual communication concen-
trating on motor interactions and eye contact between musicians. Hence, physical
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proximity of musicians and co-location in physical space are typical prerequisites of
collaborativemusic performance.Yet,musicians are captivatedby theuseof network-
mediated music performance not only as an experimental music practice, but also as
an enabling practice when physical co-presence is not possible. NMP is considered
to be an enabling technology in cases of travelling obligations of musicians or as an
opportunity to reach musicians of a distant geographic region.

The idea of music performers collaborating across distance was remarkably
intriguing since the early days of computer music research. Early experimental
attempts on exploring the aesthetics of network music interaction date back to the
to the 70s [1, 2]. However, in these approaches the focus seems to be placed on
machine interaction rather than on the absence of co-presence, as in all of these
initiatives the performers were in fact collocated and connected through Local Area
Networks (LAN). Telepresence across geographical distance initially appeared in the
late 1990s [3] either as control data transmission, noticeably using protocols such as
the Remote Music Control Protocol (RMCP) [4] and later the OpenSound Control
[5], or as one way transmissions from an orchestra to a remotely located audience
[6] or to a remote recording studio [7]. True bidirectional audio interactions across
geographical distance became possible around 2001 with the advent of academic
network infrastructures, specifically the Internet2 in the US and later the European
GEANT. These infrastructures offer highly-reliable broadband connections that are
necessary for collaborative music performance.

Since then, a number of research projects have been initiated. Despite the almost
two decades of a substantial number of research efforts, the main challenges faced by
the implementation of NMP applications have not been defeated. Currently, NMP is
only feasible on academic networks and under certain limits in geographical distance.
On the other hand, widely available network infrastructures are characterized by a
number of technical constraints that impede meeting the perceptual prerequisites of
musicians during live performance. Hence, NMP facilities are only available to the
academia.

At present, NMP research is highly interdisciplinary as it involves numerous
aesthetic, technical and perceptual aspects. An extensive overview of research efforts
on NMP is beyond the purposes of this chapter as there are dedicated works available
in the relevant literature [8, 9]. The following sections attempt to provide an overview
of basic concepts, challenges and approaches that will allow interested researches to
gain an understanding on the current issues and future perspectives of NMP research.

2.1 Technical and Perceptual Challenges of NMP Research

Undoubtedly, one of the main reasons why NMP remains an unsolved problem
is related to what we know of the cognitive processes and the perceptual quali-
ties involved in synchronous collaborative music performance. Unlike conventional
music performance andas portrayed inFig. 1,NMPfosters collaborationofmusicians
located in dissimilar environments, with respect to several modalities. To understand
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Fig. 1 NMP fosters collaboration of musicians located in dissimilar environments, with respect to
several modalities

this type of interaction, one needs to understand the cognitive processes that enable
musicians to synchronise during conventional ensemble performance. A number of
dedicated studies [10–12] confirm the fact that defining metrics and thresholds for
successful collaboration of musicians is a poly-parametric and tremendously com-
plex problem.

The next sections discuss the main technical impediments of NMP systems and
their relation to perceptual aspects of collaborative music performance.

3 Communication Latency and Latency Tolerance

The most prevailing problem of NMP technology is the communication latency
occurring among remotely located performers. This latency is due hardware and
software equipment, network infrastructures, and the physical distance separating
collaborating musicians. Specifically, in the simple case of performer A transmitting
audio signals to a remote peer (performer B), the lifecycle of an audio segment will
undergo the following processes:
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(a) Audio acquisition: Audio gets captured and digitized in small segments by the
hardware equipment of performer A (i.e. microphone, sound card).

(b) Buffering: These segments are buffered in small blocks of a predefined size.
(c) Packetization: Each resulting block is integrated with additional data to form a

network packet. This additional data is known as packet header and it contains
network specific information such as the address of the destination of a network
packet.

(d) Transmission: Each network packet is propagated to the network though a rout-
ing path, which is determined by the instant network traffic, and therefore not
known beforehand.

(e) De-packetization: The packet is received at its destination and the audio block
is retrieved out of the packet

(f) Playback: The audio block is queued for playback by the hardware equipment
(i.e. soundcard and speakers or headphones) of performer B.

Clearly, this sequence of processes is bidirectional, i.e. not only from performer A
to performer B but also from performer B to performer A. Each of the these processes
has a different contribution to the entire communication latency. In common setups,
the higher contributions of latency occur during process (b) buffering, resulting in
what is called buffering delay and process (d) transmission, causing network latency.

Buffering delay refers to the time required for acquiring an audio segment from the
sound card. The length of this segment corresponds to a certain number of samples
and therefore a certain time interval, which depends of the sampling rate. So, for
example buffering 256 samples of CD quality audio corresponds to (256/44,100) s�
5.8 ms, which, for the purposes of music performance, corresponds to a significant
amount of delay.

Network latency refers to the time elapsed for a network packet to reach its
destination. The routing path of a network packet is neither known beforehand nor
can be controlled. Depending on the actual transmission path, a packet may require
a long time to reach its destination, because it may be held up in long queues, or take
a less direct route to avoid congestion.

Besides the value of network latency, a more important obstruction in NMP is
related to the fact that the different network packets will reach their destination
with different delays. Variation in the delivery time of different packets is known as
network jitter. Network jitter may be due to queuing network packets on different
network devices across the transmission path, or due to packets being driven in
different routing paths. Since audio playback requires a steady pace, jitter must be
eliminated. Reducing jitter in the network requires stable routes, which are generally
not feasible on the Internet on an end-to-end basis.

In teleconferencing andVoIP, the total amount of communication latency is known
asMouth-to-ear latency. Speech-based human interaction is highly tolerant to latency,
with a threshold of approximately 150 ms [13]. Unluckily, in music performance
this threshold is lower by an order of magnitude, which is the main reason why
the progress of teleconferencing has not been effortlessly propagated to the music
domain.
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Since the first years of NMP research, a number of studies are being performed for
the purpose of effectivelymeasuring latency tolerance during ensemble performance.
For Schuett [14], this objective was defined as identifying an Ensemble Performance
Threshold (EPT), or “the level of delay at which effective real-time musical collab-
oration shifts from possible to impossible”. Schuett observed that musicians would
start to slow down performance tempo when the communication delay was raised
above 30 ms. This value was further confirmed by a number of subsequent studies
[15, 16].

Yet, all of these studies acknowledge that the adaptability of musicians to per-
forming with latency depends on various factors such as their music background,
their skills and level of proficiency as well as their age and their familiarity with
technology in general [17–19]. Besides the profile of musicians, a number studies
show that adapting to latency is highly dependent on certain attributes of the music
performed. Such attributes are for example the rhythmic structure [20], the tempo
[21] and the timbral qualities of the instruments participating in the music ensemble
[22, 23].

4 Audio Quality and Network Throughput

Bandwidth availability or network throughput refers to the capacity of the network
to accommodate certain data rates. Due to varying load from disparate users sharing
the same network resources, the bit rate that can be provided to a certain data stream
may be too low for real-time audio communication if all data streams get the same
scheduling priority. When the load of the network is greater than its capacity can
handle, the network becomes congested. Characteristics of a congested network path
are queuing delays, packet loss and sometimes the blockage of new connections.

To date, the majority of NMP architectures use uncompressed audio signals for
the communication of remotely located performers. The minimum quality of these
signals corresponds to the characteristics of CDquality audio, i.e. signals are sampled
at a rate of 44.1 kHz with a sample resolution of 16 bits. In the case of monophonic
signals, this audio quality results in a constant data rate of 689 kbps per audio channel.
Considering network communication, this is less than the actual data rate required
by the network, since, as previously discussed, network packets comprise not only
audio data but also header information. Moreover, offering improved music collabo-
ration experience would commonly require higher sound quality as well as multiple
channels of audio.

To address this problem a number of research initiatives are focusing on compress-
ing audio data prior to packetization and transmission, hence reducing the required
network throughput. Despite the reduction of data rate, this optional step of audio
encoding increases the total communication latency for two reasons. Firstly, because
it introduces an algorithmic delay caused by signal encoding and secondly because,
for efficient reduction of data rates, an audio segment of substantial length needs to
be acquired, hence increasing the buffering delay. For instance, the Opus codec [24]
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which is currently the de facto standard for real-time audio streaming over IP, recom-
mends a buffering delay of 20 ms for full-band monophonic audio and is associated
with a processing delay of 5–65 ms. This is rather prohibitive if one considers the
approximate value of the EPT (i.e. 30 ms).

As a result, low latency perceptual codes are increasingly taking into account the
requirements of NMP systems. Examples of such works are presented by the Sound-
jack application, which uses the Fraunhofer Ultra-LowDelay (ULD) Codec [25] and
the integration of the WavPack codec by researchers at the Technical University of
Braunschweig [26].

5 Audio Dropouts and Data Loss

Finally, packet loss occurs when one or more packets of data travelling across a
computer network fail to reach their destination. In Wide Area Networks (WAN),
packet loss is frequently observed and caused by congested network paths or data
corruption by faulty networking hardware across the path. In the case of audio, losing
network packets will result in audio dropouts at the receiving end. Audio dropouts
correspond to signal discontinuities perceived as glitches, which, in the case of NMP,
can seriously hinder the collaboration ofmusic performers. To provide a better insight
to the type of distortions caused by packet loss, Fig. 2 depicts a piano signal with
severe packet loss occurring during transmission over a ADSL network.

In the domain of network technologies, there are several approaches to recovering
from packet loss. For instance, for the widely used Transmission Communication
Protocol (TCP), in the event of a lost packet, the receiver asks for retransmission or
the sender automatically resends any packets that have not been acknowledged by
the receiver. This method of error handling is known as Automatic Repeat reQuest
(ARQ). Clearly, ARQ is not an appropriate error correction method for real-time
multimedia communications, as in teleconferencing or NMP the packets received
after retransmission will be outdated.

Alternative methods for recovering from packet loss include error concealment
[27] and Forward Error Correction (FEC) [28]. Error concealment attempts to

Fig. 2 Heavily distorted piano signal by packet loss during transmission, shown by dashed circles,
over ADSL network
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recover missing signal portions by using signal processing techniques such as inter-
polation, pattern repetition or silence substitution. Conversely, Forward Error Cor-
rection methods transmit redundant information in addition to actual data packets
and attempt to recover losses by reading this redundant information. Information
redundancy may be systematic, if it is a verbatim copy of the original data, or non-
systematic, if it represents some code that can be facilitated to recover the original
data. Clearly, error concealment has the drawback of adding a certain amount of algo-
rithmic latencywhile FECmethods have the drawback of increasing the requirements
in bandwidth availability.

6 Lack of Immersion and Relevant Interaction Affordances

Evidently, communication during music performance does not simply account to
musicians listening one another. Performers rely on multiple interaction modali-
ties to synchronise and efficiently communicate. Qualitative studies concerning the
requirements of musicians in the absence of co-presence [29], have shown that in
addition to sound, visual interactions are necessary for effective synchronization.
For this reason, most NMP frameworks employ real-time video, in addition to audio
streams, hence further increasing the requirements in network throughput. Video
data rates are normally higher than audio ones. However as in music performance,
vision is less critical than sound with respect to latency and quality, video com-
munication allows for applying extensive data compression. State of the art NMP
frameworks have been experimenting with the use of MJPEG [30], MPEG4 [31]
and H.263 [32] video codecs. Evaluation experiments [30] of NMP systems offer-
ing video communication in addition to audio, revealed that the main problem in
the video communication of performers was the range of viewing angle, rather than
the performance of the video codecs. This fact suggests that motor interactions are
significant during performance and therefore the positioning of cameras must be
carefully considered. Moreover, the use of a data projector as an alternative to the
computer monitor can further improve the comfort of musicians.

Besides effective video communication, the use of immersive audio has been
considered as an enhancement to performers’ feeling of immersion. Specifically, in
the work of Chafe [33], a Distributed Internet Reverbarator for Audio Collaboration
(DIRAC) was implemented using comb filters to provide the illusion of performers
sharing common room reflections of the audio signals reproduced in different loca-
tions. The Distributed Immersive Performance (DIP) experiments (Sawchuck et al.
[31] used a 10.2 channel immersive audio system so as to represent temporally and
spatially distributed audio cues that were created by the interactions of each sound
source with the acoustical elements of the environment. Finally, in the MusiNet
project the use of spatial audio techniques was considered as an attempt to render
the spatial attributes of the audio scene of each performer, thus achieving a more
realistic acoustic sensation [34].
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Fig. 3 A GUI developed for the purposes of a networked music rehearsal in the context of the
DIAMOUSES project

Yet, a further aspect of research concerns the study of manmachine interfaces that
can efficiently replicate interaction practices employed by musicians during music
performance. Such practices include for example the use of music notation, the use
of a metronome or the presence of a conductor. The requirements for employing
such concepts or artifacts depend on several defining characteristics of the music
performance context. As further elaborated in the section that follows, these charac-
teristics may for example be the kind of music being performed or the purpose of a
music performance session. Clearly, different contexts of use raise different require-
ments in terms of the interaction practices that must be supported. For instance,
in remote music-learning scenarios the research focus is on supporting appropri-
ate pedagogical paradigms and on exploring methods for the evaluation of student
progress [35]. Alternatively, in network-mediated collaborative music composition
[36], a key challenge relates to representing musical events effectively and devising
appropriate musical notations [37]. In the context of the DIAMOUSES framework
[30], research investigations focused on accommodating diverse user requirements
in music performance across different collaboration scenarios such as rehearsals,
stage performances and music lessons. Figure 3 depicts an instance of the Graphical
User Interface (GUI) developed for supporting distributed music rehearsals. Besides
video communication, this GUI provides a chat facility, a metronome as well as the
possibility to control the audio levels of individual peers.
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Such interfaces integrate the audiovisual communication ofmusicianswith shared
collaborative objects permitting synchronous manipulations accessible to all partici-
pants, hencemaintaining a sense of user focus and promoting a collaborative perspec-
tive. Computer SupportedCollaborativeWork (CSCW) is a focal point of research for
several application domains, including e-gaming, e-learning and enterprise group-
ware, to name a few. In the domain of network-mediated music performance, this
perspective has not been adequately investigated.

6.1 Challenging and Feasible NMP Setups

In agreement with the discussion of the previous section, it becomes apparent that
the context of music performance severely affects not only the interaction practices
employed among performers, but also their requirements in the quality of audiovisual
communication. The efficiency of an NMP system to support communication and
interaction throughout a networked music session, depends on various parameters
that are portrayed in Fig. 4. Four independent parameters determine the feasibility,
the requirements and the efficiency of a NMP setup. These are the purpose of the
performance session, the characteristics of themusic performed, that may be summa-
rized as the music genre, the type of the communication network facilitated and the
supported modalities in the communication of performers. Selecting different values
for each of these parameters can make up more or less feasible NMP scenarios with
varied degrees of complexity.

Fig. 4 Parameters
determining the feasibility of
a networked music
performance session
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Out of these parameters, the most prevailing is the purpose of the performance, as
it determines the requirements in synchronisation and the required quality of audio-
visual communication. Specifically, in the course of a music lesson or a masterclass,
musicians will rarely perform at the same time. Usually, the instructor dictates a
rhythmic or melodic pattern to be reproduced by the student or the audience of a
class. Thus latency is not crucial to the outcome of the session. In contrast, rehearsal
or jamming sessions, require a great amount of synchronisation and are highly intoler-
ant to latency. Further possibilities include distributed stage performances and remote
recording sessions [7]. In the case of live stage performances requirements will be
different depending on whether musicians collaborate from distance, in which case
low latency and high fidelity is critical or whether the performance of an collocated
ensemble is transmitted to a remote audience. Although, audience feedback forms an
essential stimulus for performers, this second scenario is much more feasible as the
communication in the direction of the audience to the performers is neither time- nor
quality-critical. Hence, this setup is highly feasible and it represents what is widely
known as live streaming.

The success of a NMP session is largely dependent on intrinsic attributes of
the music performed (e.g. melody rhythm, instrumentation). This was previously
discussed as a determining factor to musicians’ latency tolerance. Recently, there
appears to be debate on whether music genre can reflect any of these attributes [38,
39]. Such considerations have emerged from the recent proliferation of novel music
services and applications such asmusic streaming applications (e.g. Spotify, Last.fm,
Pandora) as well as of computational models for automatic genre classification [40].
Consequently, the above schema is susceptible to a great amount of critique.

However, even thoughmusical genremay not readily translate tomusical structure
ormusical style,when considering the act of performance it does translate to the inter-
actions taking place among musicians (e.g. use of notation, leading/accompanying
performer intertwining, rhythm interlocking etc.) as well as the occasion for which
performance takes place (e.g. festival, celebration etc.). Moreover, music genre may
roughly describe the profile of musicians and hence their willingness or motivation to
engage in network music performances. With respect to the occasion of performance
and the profile ofmusicians, the two extremes are possibly ethnic/folkmusic inwhich
there is commonly no scheduling of performance and electronic/electroacoustic per-
formance, which, due to its experimental nature and the intrinsic use of technology,
can creatively accommodate network deficiencies, as for example done by Cáceres
and Renaud [41] for network delays.

A further parameter of Fig. 4, namely themodalities supported by theNMPsession
determine the required availability of network throughput. Audio and video streams
are more demanding in terms of data rates, while gesture and control data protocols
(i.e. those controlling electronic instruments like MIDI or Open SoundControl) are
lighter with respect to their data rates.

Finally, the network infrastructure determines the technical efficiency that can be
provided duringNMP, as well as the geographic distribution of performers. Although
the idea of NMP implies that performers are geographically distributed, most NMP
research experiments are performed using a LocalAreaNetwork inwhich performers



218 C. Alexandraki

are distributed in different rooms or buildings sharing the same LAN. This is due to
the fact that LAN ismore reliable in terms of latency and bandwidth and it practically
exhibits zero packet loss. Hence, LAN ismore appropriate for studying the attitude of
performers towards being physically separated.Moreover, LANallows for artificially
inducing adjustable amounts of latency and packet loss either coded in the NMP
software [15] or via using network simulation software such as GNS3 (https://www.
gns3.com/) [32], therefore investigating the tolerance ofmusicians to various network
conditions.

6.2 Assessing NMP Experience

The experience of participating in NMP experiments is difficult to describe. My per-
sonal involvement in NMP research began in 2005. Since then, I have participated
in two funded research projects. The DIAMOUSES (www.teicrete.gr/diamouses)
project that took place during the years 2006–2008 and the MusiNet project (http://
musinet.aueb.gr/) that took place between 2012 and 2015. Both of these projects
resulted in the development of technological frameworks enabling NMP. In DIA-
MOUSES, developments were based on the assumption that technology will even-
tually prove feasible for certain NMP contexts. Thus, the main focus of the DIA-
MOUSES framework was to support collaboration during different NMP scenarios
(e.g. lesson, jamming, live performance), hence fostering the formation of virtual
music communities. MusiNet had a different research orientation. In this framework
the focus was to develop a user-friendly ‘Skype-like’ approach for music. Therefore
developments were based on state of the art low-latency codecs for audio and video
compression, as well as on network protocols and architectures that can provide
affordances such as presence awareness (i.e. indication of the status of the user e.g.
online, away, busy) and conference calls. Providing further technical details on the
development of these frameworks is far beyond the purposes of the present chapter
and may be found in dedicated publications [30, 32].

During these years, a number of evaluation experiments were conducted by invit-
ing musicians of different backgrounds to experiment with the frameworks under
development. These experiments spanned several combinations of the parameters
depicted in Fig. 4 and they had a dual purpose. On one hand to evaluate technical
performance of the frameworks under development, the so called objective eval-
uation and on the other hand to evaluate the experience of musicians using these
frameworks, namely the subjective evaluation.

6.3 Folk Music Experiment

Of the experiments carried out during my involvement in NMP research, the most
relevant to this chapter is the Folk music experiment, conducted in the context of

https://www.gns3.com/
http://www.teicrete.gr/diamouses
http://musinet.aueb.gr/
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the MusiNet project. The setup involves three musicians performing two pieces of
the traditional music of Crete. The following sections describe the pilot setup and
the evaluation results, presented as objective measurements and subjective qualities.
The findings are inspiring for discussions on the adoption of NMP technology by
different cultures, its capacity to foster cross-cultural collaborations and its future
role on the development of new music.

7 Pilot Setup

The experiment was conducted in October 2015 in the city of Rethymnon at the
premises ofDepartment ofMusic Technology and Acoustics Engineering of the Tech-
nological Educational Institute of Crete. Table 1 depicts the performers’ instruments
and their music background. All three instruments are string instruments that are
typical for the traditional music of Crete. Musicians performed two pieces, namely
Protos Syrtos or Chaniotikos, which is a traditional dance piece with the rhythm of
2/4 and Paradosiakes Kondylies, which is an improvisation on melodic patterns of
Crete performed in 4/4.

The performers were initially situated in the same room to agree upon their per-
formance, as shown on Fig. 5. Subsequently, they were asked to move to different
buildings of the Department campus, where the MusiNet client equipment had been
setup. The framework was configured to allow communication through LAN using a
streaming server that was developed for the purposes of theMusiNet project [32, 34].
This server was receiving the audio and video streams from each musician, which
were relayed to the remaining two performers using the Realtime Transport Protocol
(RTP), which is a protocol that is typically used for media telecommunications.

Table 1 The profile of performers that participated in the Folk music experiment

Musician Instrument Music background

Alexandos laoúto
(λαo´υτo)

He says that he comes from a ‘musical family’ and he sings since
he was a little boy. He plays the piano for ten years and he has a
certificate in Byzantine music, theory and harmony

Stratis Mandolin He holds a degree in Byzantine music, he is a self-taught musician
of traditional Cretan music and he works as a professional musician

Minas lýra (λ´υρα) He is a self-taught musician of traditional Cretan music and he
works as a professional musician
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Fig. 5 Musicians performing at the same site prior to the NMP experiment. The instruments in the
order of left to right are Mandolin, Cretan Lyra and Laouto

During network-mediated performance, the hardware equipment of each per-
former comprised a microphone, a pair of headphones, a camera and a high fidelity
sound card connected to a Mac OSX computer which was running the MusiNet
client software. As depicted on Fig. 6, the client software provided a GUI which was
displaying the video feeds from the from the other two performers as well as a self-
view that permitted proper positioning of the local camera. Audio quality was set to
48 kHz, 32 bit, mono, compressed using the Opus codec and captured/transmitted
with a buffering delay of 5 ms. The captured video had a 352×288 pixels display
resolution, a frame rate of 25 fps and it was encoded using the H.263 codec. Accord-
ing to these quality characteristics and if nomedia compressionwould be applied, the
data rates would be 1.46 Mbps for each audio stream and 2.42 Mbps for each video
stream. As each MusiNet client was transmitting one audio and one video stream to
the server and receiving two audio and two video streams, a minimum of 3.88 Mbps
upload rate and a 7.76 Mbps download rate was required for the communication of
the three performers, excluding the overhead of the headers of network packets.
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Fig. 6 Stratis performing the mandolin and communicating using the MusiNet pilot setup

8 Evaluation

To evaluate the technical efficiency of the MusiNet network in supporting NMP ses-
sions, a number of measurements were captured using a dedicated network analyser
software, calledWireshark (www.wireshark.org). Wireshark permitted capturing the
upload and download network traffic at the location of each network node (i.e. each
performer as well as at the location of the MusiNet server). Analysis of this traffic
permitted the estimation of average values for latency, data rate and packet loss.
These averages are shown on Table 2.

In network experiments, measuring data rates and packet loss is pretty straight-
forward, as the software estimates the number and size of transmitted and received
packets. Themost challenging task is tomeasure network latency and this is due to the
fact that computers participating in the communication are not synchronized with the
required accuracy which needs to be of order of few milliseconds. One workaround
to this problem is to use the Network Time Protocol (NTP) to synchronise different
computers to the same time.

Using NTP to measure latency, the average value of latency shown on Table 2
corresponds to the total time elapsed after capturing 5 ms of audio, encoding, trans-

Table 2 Average values depicting network traffic during the folk music experiment

Audio Video

Latency (ms) 9.3 7.3

Outbound bandwidth (kbps) 17.92 81.06

Packet loss (packets) 0 0

http://www.wireshark.org
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Fig. 7 The perceived difficult of musicians during network-mediated performance. Different
aspects of communication were rated in a scale of 1–5, with 1 denoting no difficulty

mitting, decoding and reproducing it to the receiver. Therefore it includes all pro-
cessing and network delays, apart from the buffering delay, which is 5 ms. The value
of 9.3 ms is one third of the approximate EPT value of 30 ms, and should therefore
be negligible by performers. As for bandwidth, Table 2 depicts the audio and video
rates at the direction of transmission (i.e. the outbound network traffic). These rates
correspond compression ratios of 30:1 and 83:1 for audio and video respectively
compared to the raw, uncompressed rates that were mentioned earlier. Finally, no
packet loss was observed, which was anticipated due to the fact that the experiment
was based on a properly configured LAN.

To assess the subjective qualities of the experiment, we interviewed performers
and asked them to fill in a questionnaire. Among other questions, the questionnaire
asked them to rate the perceived difficulty with respect to different aspects of inter-
action during performance. This rating is depicted in Fig. 7. It appears that their main
difficulty was on maintaining the tempo during performance and, according to the
interview, this was particularly perceivedwhen performers attempted to intentionally
perform with a very slow or a very fast tempo. They felt more comfortable when per-
formingwith amoderate tempo. They reported having synchronisation problems and
that they were able to perceive ‘some latency’. Limited visual communication was
reported as having a moderate influence on their performance. This can be attributed
to the fact that, as video and audio were not precisely synchronised led to participants
ignoring the video feeds during performance. Finally, musical expression was prob-
lematic, especially for the performer that is less acquainted with audio technology,
i.e. Minas performing the lyra, who reported that technology limits freedom in folk
music performance. He alsomentioned that the amplitude levels of his co-performers
were problematic, which made him feel uncomfortable.

To conclude this experiment, it appears that even in ideal network conditions
(e.g. those available on LAN) the communication of performers is not adequately



Experimental Investigations and Future Possibilities in Network … 223

efficient to effortlessly accommodate the ‘fine-grained’ audio-visual interactions of
musicians. However, despite the fact that performers were not totally comfortable
with the provided setup, they reported that they are whiling to adapt, especially
when they are unable to meet. In fact, one of these performers, namely Alexandros
performing Laouto, expressed a high interest in using this system to teach Cretan
music to Greek expatriates. Although, as previously discussed, teaching is relatively
more feasible to support, we informed Alexandros that using the MusiNet setup
on a commonly available network, would result in high percentages of packet loss
perceived as excessive signal distortion. Consequently, his desirable scenario would
only be achievable, either by introducing error concealment techniques, hence further
increasing the communication latency or over a highly reliable network infrastruc-
ture, which can only be provided in academic setups. In conclusion, we suggested
that using the MusiNet system to teach Greek expatriates on a common network
infrastructure would require a configuration that would not offer any reward to using
existing teleconferencing solutions (e.g. Skype).

9 Discussion

Besides technical observations and feasibility considerations, the presented experi-
ment provided insight on the attitude of folk musicians towards the novel practice
of performing music while being physically separated. Although professional folk
musicians may be familiar with audio technology, for example in course of stage
performances or recording sessions, when it comes to remote collaborative improvi-
sation they are sceptic of the efficiency of technology to support music expression.
Moreover, as ethnic music typically appears to be performed in the occasion of
another activity such as working, eating, drinking or in social events such as wed-
dings, funerals, celebrations, it is difficult to envisage NMP being widely adopted by
performers of this style of music. Nevertheless, traditional music should not be con-
sidered stagnant, as it does and will continue to embrace technological developments
in a myriad of ways.

It is widely acknowledge that today, technological advancements are rapidly
embraced by the public at large and used in our daily activities. This is also true
for music and music information not only for consumers but also for music artists.
Musician-blogs, social networking of musicians and indie-artist friendly streaming
services have provided a new paradigm to artist promotion. With respect to ethnic
music, this fact has led to the emergence of new genres as well as a constructive criti-
cism for the validity of the existing ones [38, 39]. The genre ofworld music, although
heavily criticized for its use by the music industry [42], reflects a global trend for the
creation of controversial musical sounds by amalgamatingmusic constructs originat-
ing from diverse geographical regions. In the last century, world music, fusion and
hybrid genres appear to be one way to foster music controversy, possibly the other
one being the development of electroacoustic music. The ever increasing appeal of
music artists to these two genres, appears to evolves in parallel with technological
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developments. Besides electroacoustic music, which is inherently based on tech-
nology, the growth of world music styles can largely be attributed to the fact that
musicians from diverse cultures can easily access high-fidelity samples of ethnic
music, sound bites and loops as well as the fact that musicians can easily reach one
another by means of social networking platforms.

A reasonable extension to this trend can be realized by the advancement of NMP
technology. NMP, compared to artist promotion and social networking, provides a
dimension of real-time synchronous interactions, hence fostering the immediate and
imminent development of new music styles. As already discussed in the introduc-
tory section, NMP falls in the category of new technological developments that have
not yet been realized as a widely common practice. Indeed, this due to the various
technical constraints that were discussed in the previous sections. However, as net-
work infrastructures become increasingly efficient and as more and more research
is devoted on improving NMP technology, it is reasonable to expect that at some
point in the near future, NMP technologies will be adopted by music communities at
large, hence inspiring cross-cultural music collaborations and promoting the fruition
of new music.

With respect to improving NMP technology, a distinct line of recent research
efforts concentrates on devising computationally intelligent approaches that can
allow for overcoming the main technical impediment of NMP, that of latency. Audio
signals traversing large geographical distances will always exhibit substantial com-
munication latency, even with the most sophisticated future networks reaching the
speed of light. Consequently, a natural workaround to this problem seems to be
in predicting music performance ahead of time and rendering the predicted perfor-
mance to the remote site at a steady pace and before the actual signal reaches its
destination [43]. This idea is closely related to a cognitive phenomenon of music
perception known as music anticipation. Anticipation is a fundamental characteris-
tic of ensemble performance and it refers to the fact that when the members of an
ensemble know each other’s performing style very well, they know exactly when
their peer will play a note in advance, so before the note is actually played. This type
of intelligence emanates from different knowledge processes including the cognitive
understanding of a performance plan (e.g. the music score or any alternative con-
struct of pre-existing arrangement), the build-up of the music piece up to that time
and finally the experienced gained through past rehearsals of the music ensemble.
Therefore, one can develop computational models that can be trained according to
these knowledge processes. This approach is employed in an alternative research
domain, that of computer accompaniment systems. There, the objective is to develop
intelligent computer agents that are able to replace any of themembers of an ensemble
performance [44, 45].

Possibly thefirstwork exploiting computer accompaniment systems to enable syn-
chronous networked performance was the development of a system called TablaNet
[46]. TablaNet was a real-time online musical collaboration system for the tabla, a
pair of North Indian hand drums. Hence, this system was in fact dealing with Indian
ethnic music performed over the network. The two drums produce twelve pitched
and unpitched sounds called bols. The system recognizes the performed bols and
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the recognized bols are sent as symbols over the network. A computer at the receiv-
ing end identifies the musical structure from the incoming sequence of symbols by
mapping them dynamically to known musical constructs. To cope with transmission
delays, the receiver predicts the next events by analyzing previous patterns before
receiving the original events. The predicted events are synthesized by triggering the
playback of pre-recorded samples.

More recent initiatives on predicting sound events during performance and render-
ing prerecorded signal segments at remote network locations, used score following
techniques for monophonic acoustic instruments [47]. Most forms of ethnic music
performance employ a great amount of anticipation. For example, monophonic vocal
music or percussion music of different ethnic groups may be highly suitable for
making short-term predictions and can therefore provide the ground for experimen-
tal research on anticipatory models. Ultimately, ethnic music may be influenced by
NMP technology as well as provide the basis for the advancement of new achieve-
ments.

10 Summary and Concluding Remarks

This chapter attempted to provide insight into current NMP technology and its poten-
tial use in ethnic and folk music performance.

The first part discussed the main technical constraints that impede meeting the
perceptual prerequisites of musicians during live performance. These constraints are
the focal points ofNMPresearch and concern: (a) theminimisation of communication
latency which leads to synchronisation problems among performers, (b) the high
requirements in network throughput that are necessary to provide high-quality audio
and video communications, (c) the elimination of network packet losswhich results in
signal distortions severely hindering the communication ofmusicians and (d) the lack
of immersion in common ambience with respect to various interaction modalities.

Despite constraints, the chapter elaborates on the fact that for different NMP
contexts, these restrictions may be more or less important and that there are cer-
tain interaction contexts in which NMP collaboration may be highly feasible. For
instance, teleconferencing inmusic learning is less sensitive to communication laten-
cies, as teacher and student rarely perform at the same time and therefore need not
synchronise their performance. Equivalently, remote music recording requires high
quality in one direction only, while electroacoustic music may be performed with
the use of low data rate control signals. Nevertheless, realistic bidirectional music
interactions of acoustic instruments, as for example rehearsals, distributed stage per-
formances or jamming sessions in jazz, rock, classic or folk music are only feasible
within short geographical distance and over highly-reliable network infrastructures.
Currently, the infrastructures that appear to be more appropriate for NMP are those
available to the academia. Hence, true, realistic, bidirectional NMP is restricted to
academic environments.
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To further inform on the actual practice of network-based music performance
and how it can be realised in folk music, the second part of the chapter presented
an experiment of three musicians performing pieces from the traditional music of
Crete through a Local Area Network. As LANs are private networks that span short
geographical distances, they are highly efficient in terms of latency, throughput and
packet loss. Although they do not represent realistic remote interaction scenarios (i.e.
musicians are located in near proximity), they are highly appropriate for experimental
research. This is due to the fact that they allow for studying the attitude of perform-
ers towards being physically separated and that, if needed, they permit introducing
adjustable amounts of latency, throughput and packet loss therefore monitoring the
relevant perceptual thresholds.

Thepresented experiment revealed that folkmusicianswere not fully satisfiedwith
the quality of their interactions, however they expressed their interest in compromis-
ingwith this new technology so as to reach awider audience, namely teach traditional
music to Greek expatriates. Overall, the experience gained through the experiment
inspires discussions on cross-cultural music collaborations, enabled by the use of
NMP technology. As new technological advancements are rapidly diffused in our
everyday lives, feasible NMP scenarios are expected to have a significant impact not
only on the dissemination of indigenous music, but also on the emergence of new
music resulting from broader cross-cultural collaborations.
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