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ENTERTAINMENT EVERYWHERE

INTRODUCTION

With the great proliferation of the Internet and
widespread availability of broadband, the market
of networked entertainment is growing. Net-
worked music, exemplified by Internet radio sta-
tions and online music stores, has been well

established and exploited. Besides the usage of
the Internet for music databases, research com-
munities have seen in recent years interest in
exploring the unique, complex, multidimensional
nature of the Internet for new paradigms of cre-
ating and constructing music on the fly. This
gives rise to a number of new applications like
networked musical compositions, networked
conducting, and distributed musical rehearsal.

Despite wide utilization of the Internet, for
decades many music professionals, especially
those who are engaged in the performance of
classical music, have stuck to the traditional way
of carrying out rehearsals and concerts. Music
performance in this way requires the physical
presence of the musicians and has a number of
inherent limitations like fixing a common time
and place, finding players of the desired skill
level, and synchronization of sheet music. Hence,
there is a basic need to improve the way music
enthusiasts and professionals alike perform for
the sake of flexibility, economy, efficiency, pro-
ductivity, and creativity.

Network-centric music performance (NMP)
represents such a concept whereby musicians
who are physically separated can carry out real-
time rehearsals or concerts across the network
with acceptable audio quality. Aimed at solving
the aforementioned problems that occur in tra-
ditional music performance, NMP is a challeng-
ing application where a number of factors
complicate this task.

Bandwidth-demanding: As reported in [1],
real-time audio streaming-based teleportation
(the category to which NMP belongs) is one of
the most bandwidth-intensive applications in
today’s networks. Transmission of mono pulse
code modulation (PCM) (raw) CD-quality audio
requires a data rate of about 0.7 Mb/s. When
stereo/multichannel or high-definition sound
(high sampling rate, e.g., 48/96/192 kHz, or bet-
ter quantized, e.g., using 24 bits) is needed, the
network is further stressed (up to 27.6 Mb/s for
six channels). Hence, audio compression is need-
ed for efficient usage of the available network
bandwidth.

Highly delay-sensitive: Due to the fact that
human hearing is very sensitive to delayed or
missing data in music, especially that played on
fine acoustic instruments, the prebuffering
mechanism common in most Internet music sys-
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ABSTRACT

Advances in information technology and the
great proliferation of the Internet have changed
nearly every aspect of the work and life of
human beings. Despite progress in networked
entertainment, many music professionals and
enthusiasts are still sticking to the traditional
way of carrying out rehearsals and concerts.
Music performance in this way requires physical
presence of the participants and has a number of
inherent limitations. We introduce a novel sys-
tem called network-centric music performance
(NMP) that enables multiparty music perfor-
mance through cyberspace. Our target is to sup-
port real-time multichannel natural audio
streaming over the network, using audio com-
pression schemes that can provide acceptable
audio quality. A system like this is bandwidth-
demanding and highly delay-sensitive, and
requires synchronization of the audio streams.
Hence, support from the underlying end systems
and networks is critical. However, the current
source coding mechanisms and the best effort
nature of the Internet pose many challenges to
achieve the desired quality of service. We have
implemented a prototype of NMP, and exploited
end system and network influences on NMP.
The work was done in a LAN environment using
Linux PCs. The system enables two different
application scenarios: real-time rehearsal and
rehearsal on demand. Real-time multichannel
audio transport and different audio compression
schemes are supported. Our evaluation results
based on both subjective and objective measure-
ments show that the system provides sufficient
audio quality level for the target application in
such an environment. The scalability test also
revealed that the system scales well with increase
of clientele. In the future we will extend our sys-
tem for networks spanning larger distances and
experiment with more realistic network condi-
tions in the Internet.

Network-centric Music Performance:
Practice and Experiments
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tems today is not applicable when contents are
generated on the fly and intensive interactivity is
a must. Research results [2] have indicated that
typical tolerable one-way delay for real-time
interactive applications is in the order of 100 ms.
In the case of distributed musical rehearsal, the
requirement is even more stringent. Another
important issue is delay jitter. If one of the com-
ponents responsible for audio processing does
not receive the data to process or play out in
time, unpleasant stuttering of the audio can lead
to drastic service quality degradation.

Strict requirement on audio stream synchro-
nization: Multiple audio streams from musicians
located at different places have to be synchro-
nized within certain time intervals. However,
various components such as system clocks of
computers, audio hardware latencies, network
components, as well as rhythm adjustments
among different players make synchronization a
challenging task. Both network support and
application adaptation are needed in order to
cope with these issues.

NMP enables music enthusiasts to play with
each other through cyberspace. Two kinds of
application scenarios are supported: real-time
rehearsal and rehearsal on demand (Fig. 1).
Real-time rehearsal refers to a scenario where
all performances of the participants are generat-
ed on the fly by live musicians, with genuine
multiparty cooperation. The other scenario is
rehearsal on demand in which at least one of the
performers is not a live musician. The perfor-
mance is actually generated from the server at
the service provider side using prerecorded con-
tents that emulate a remote musician. Hence, in
an extreme case, one can try to play a multiparty
concert even if he or she is the only live musi-
cian. Besides self-entertainment, rehearsal on
demand can solve the problem when a certain
musician is missing or too far away to play at a
concert. In addition, it helps in providing some
contents that could be unavailable in a certain
real-time rehearsal session.

It should be noted that like any system, NMP
has its theoretic application boundary. Due to
physical limits (signal propagation speed of
about 2/3 lightspeed), according to the charac-
teristics and constraints mentioned earlier (maxi-
mum 100 ms delay), NMP is not applicable to a
scenario in which the maximum data propaga-
tion path between one client and another via the
server is more than 20,000 km. In reality, howev-
er, delays at end systems and networks are hard
to avoid, which tightens the application bound-
ary of NMP. Within this scope, the second issue
is QoS provisioning. Without network support
for bandwidth prediction and reservation using
some approach like integrated services (IntServ)
or a variant, NMP over the current Internet will
be harsh for sound maniacs. Therefore, we
assume that given a high quality of service, our
application could be employed within a medium-
sized country. As an example, the end-to-end
transport delay over the Internet between two
cities in a medium-sized country like Germany
(e.g., between Braunschweig and Karlsruhe,
physical distance 470 km, 12 hops) has been
measured as low as 11 ms. However, we would
like to point out that significant delays occur

even in real-life concerts. For example, on a
large stage at a symphony concert, diagonally
located players on the edges can have a distance
of 30 m, and about 100 ms for propagation of
sound is needed. Hence, the conductor usually
serves as the synchronization point. This prob-
lem can be alleviated in some cases if micro-
phones and monitor speakers are used (e.g., in a
rock concert). Moreover, we believe that a dif-
ferentiation between professionals and amateur
players must be made. For the former, usually
studio-quality fans, a stringent limit on the
boundary of real-time rehearsal is important,
and rehearsal on demand will also help. Howev-
er, it should be mentioned that we do not target
NMP as a studio replacement. Rather, NMP can
help make studio music rehearsal flexible and
easier. For some amateur players who are unable
to follow the exact beats even sitting in the same
living room, the conditions for real-time
rehearsal can be more relaxed.

The rest of the article is structured as follows.
We review the related work. The design and
implementation of the NMP system is detailed,
followed by an evaluation of our approach. We
then summarize our experiments and outline
future work.

RELATED WORK
To date, only a few studies devoted to the field
of network-centric music performance have been
published. A survey on literature and online
materials has shown that many studies have been
focused on mono audio transport over asyn-
chronous transfer mode (ATM) networks, and
most of these approaches involve only two par-
ties. Some of them [3] use MIDI to transport
synthetic audio contents that allow putting aside
some aspects of high-quality natural audio.
Therefore, it is difficult to make a direct analogy
with real-time natural audio streaming. In [4, 5]
master class approaches are discussed, which
have on one side the instructor and the audi-
ence, and on the other side the music perform-

nnnn Figure 1. Scenarios of network-centric music performance.
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ers. It basically lacks the multiparty nature of
NMP, and there is no need to synchronize paral-
lel audio streams. Virja [6] is an example that
enables distributed MIDI-based collaborative
jazz performance, but there is no mechanism to
synchronize the audio streams, and it results in
intolerable shifting that undermines auditory
consistency. As a step forward, Xu [7] and Coop-
erstock [8] experimented with PCM audio
streaming for real-time performance. A record-
ing studio was used to sample a performance
given in another country where all the musicians
were commonly located. It did not raise any
issue of tele-interactions among the musicians.
During the September 2004 Internet2 Member
Meeting, the HYDRA Project unveiled its
research results in the Miró Quartet: Live &
Virtual Gala Event (http://dmrl.usc.edu/hydra.
html). Capable of delivering HDTV-level video
streams and 10.2-channel immersive audio
streams, the HYDRA has, however, limited
itself to uncompressed linear high-fidelity PCM
audio. Also, all musicians were located at the
same site; the live performance was captured
and delivered over the Internet2, and then
played back for an audience at another site.
Again, multiplayer collaborative performance via
a network was not realized. Closer is the Sound-
Wire Project [9]. Professional-level audio was
streamed over the Internet2 network to see how
musicians could play with latencies introduced in
the network. In this experiment, the players
could perform with the music pieces but without
rhythm in sync at the streaming engine. Perhaps
the most comparable approach is the “conductor
driven scheme” [10] that allows remote musi-
cians to play together in real time and across the
Internet. In this work, auditory inconsistency was
dealt with well, with different audio streams syn-
chronized by the server (the virtual conductor).
However, like most of the above approaches,
neither multichannel natural audio nor different
audio compression schemes were investigated. In
addition, none of them provide the possibility of
rehearsal on demand, and there is no scheme
designed with home Internet users and the mass
commercial market in mind. These aspects are
covered in our work.

DESIGN AND IMPLEMENTATION
In this section we first describe the overall archi-
tecture of the NMP system and then explain the
individual functional modules in greater detail.

SYSTEM ARCHITECTURE
The NMP system consists of two major compo-
nents: the server as the centralized management
unit, and the client that provides a musician with
access to the system. Because of their presence
at both the client and server, we discuss commu-
nication, clock synchronization, and audio cod-
ing as separate modules.

Although at this stage of the project we have
adopted a client-sever architecture, we do not
preclude the possibility to support a peer-to-
peer (P2P) architecture in the future. The rea-
son the former was chosen is that we think a
point for centralized control is necessary for
tasks like session management and synchroniza-

tion, real-time audio content processing (e.g.,
mixing, transcoding even with hardware), and
so on. These are computation-intensive opera-
tions that are not appropriate for low-profile
client machines. In addition, as mentioned ear-
lier, NMP is designed for home Internet users,
to whom bandwidth efficiency usually matters.
One of the advantages of a server in place is
that a client will not necessarily deliver the
same audio content redundantly to each of the
other participants. This is mandatory, however,
in the case of P2P, which demonstrates sym-
metric traffic volumes between uplink and
downlink. On the contrary, using an NMP serv-
er saves the uplink bandwidth for the client on
one hand, and squeezes the downlink band-
width through compression on the other hand.
In this way, bandwidth efficiency can be much
better exploited to reduce overall network traf-
fic. This not only benefits system scalability, but
is also more in line with most Internet applica-
tions that are asymmetric by nature. Besides,
audio repository management, the key to
rehearsal on demand, requires mass storage
capacity for recorded audio sequences, which
can be challenging for most clients. Also, the
audio sequences are supposed to be maximally
reused/shared in the commercial rehearsal on
demand service for any possible user, rather
than being proprietary for only a small group of
people. However, P2P might be taken into
account with advances of hardware technolo-
gies, and if bandwidth efficiency is not a con-
cern and no compression is needed, or if
real-time rehearsal is the only thing users care
about. Last but not least, grid computing can
also play a role, in particular to share the work-
load of the NMP server for a system with a
large clientele.

Communication — The communication com-
ponent provides transport of audio data imple-
mented by Real-Time Transfer Protocol (RTP)
over User Datagram Protocol (UDP), and sig-
naling and session negotiation using a session
management protocol over TCP. We have adopt-
ed RTP as it is a widely accepted protocol for
real-time transport of packet-switched multime-
dia data. Furthermore, it provides all mandatory
functionalities needed for our implementation.
Audio transport is performed in two ways: per-
formance of each client is transmitted using uni-
cast to the server; the processed audio of all
participants is then delivered using multicast (if
applicable; otherwise, unicast is used) from the
server back to all clients.

Session management is implemented by our
Music Session Protocol (MSP). MSP includes
tasks like session creation, initialization and
update, guiding instrument tuning before the
actual performance, rhythm indication, and
remaining time countdown for denotation of the
starting point of the performance (called count-
down hereafter). We use TCP as a reliable
underlying transport service for session data
transport.

Two types of streaming services are support-
ed in NMP: real-time audio streaming and audio
on demand. In both cases, audio data transport
has bounded delay, while the former, used for
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real-time rehearsal has more stringent bound-
aries. The latter, which suits rehearsal on
demand, is pseudo real-time in the sense that
audio data is recorded in advance at the server,
and delivered to the client upon request. It usu-
ally adopts a client-side buffer to smooth out the
dynamics in source coding and network trans-
mission, but this introduces startup service delay
as well. Due to the tight delay budget for real-
time rehearsal, error-resilient encoding schemes
like forward error correction (FEC) and multi-
ple description encoding (MDC) should be used
with care, as the resilience comes at a price for
additional processing overhead and a sacrifice of
network bandwidth.

Clock Synchronization — All clients of a ses-
sion have to be synchronized for a unitary beat
and precise timestamps of the audio packets.
This is accomplished through the Network Time
Protocol (NTP) with initial synchronization dur-
ing session setup and periodical refreshments
during the session. The accuracy of this NTP-
based synchronization is about 200 µs in local
area networks under optimal conditions. We are
aware of considerable clock skews while using
NTP for intercontinental communication. How-
ever, in metropolitan area networks or WANs
within small countries the inaccuracy of NTP is
within a few milliseconds, which is still sufficient
for our application.

Audio Coding — High-quality interactive real-
time audio streaming is characterized by mass
audio data production that is in our case multi-
plied by the number of sessions and their sizes.
For rehearsal on demand, all source audio
sequences are stored at the server, and audio
compression is critical. However, for real-time
rehearsal delay has higher priority. Our investi-
gations showed that today’s mainstream audio
codecs for low-/medium-speed links like MP3 or
MPEG-4 AAC require substantial input buffer-
ing that results in nonnegligible startup compres-
sion delay. For example, even the low-delay
profile of MPEG-4 AAC has about 20 ms for
such delay. Also, delay is introduced by the
input/output buffering at the sound card. Queu-
ing, transmission, and propagation in the net-
work contribute additional delay too. Hence, we
have a trade-off between latency and bandwidth
efficiency. The usefulness of NMP in the sense
of service latency is proportional to the total
buffer size. We performed further investigations
to choose an appropriate audio codec for the
real-time rehearsal scenario and fine-tune the
operational parameters. To achieve the lowest
possible latency at the end system, an appropri-
ate codec must be able to handle the same audio
block size used by the audio device so that audio
data is compressed and delivered right after
being processed by the hardware. On the other
hand, real-time audio compression schemes like
G.711 and G.721 are designed for voice commu-
nication (8 kHz spectrum) and are therefore
inadequate for our application.

We accordingly selected the free lossless
audio codec (FLAC, http://flac.sourceforge.net)
and an adaptive differential PCM (ADPCM)
codec for real-time rehearsal. The later is lossy

and requires no buffering. As for the former, it
is a lossless codec, and audio frame size can be
handled down to the minimum size used by the
audio device. Both have very little computational
overhead. Compared to ADPCM’s fixed com-
pression ratio of 4:1, the coding efficiency of
FLAC depends on the type of audio and ranges
from 20 to 90 percent. Due to the lossy nature
of ADPCM, we prefer FLAC and regard
ADPCM only as a substitute for situations where
better utilization of bandwidth is demanded.

Due to their superior compression gain, MP3
and MPEG-4 AAC are used for rehearsal on
demand. Since startup service latency is relative-
ly relaxed in this case, the prebuffering mecha-
nism provided by the client software should be
able to mask off the latencies involved. This is
also much more economical regarding storage
space at the server, which usually has to deal
with a vast amount of pre-encoded performance
sequences for instruments or voice parts. Also
for the network, bandwidth resource is signifi-
cantly saved when compressed audio contents
are streamed over the link.

Server — With the architectural considerations
mentioned earlier, we have designed the NMP
server containing three major components:

Session management, which manages
accounts and user-specific data (preferences,
skills, instruments, location in the orchestra,
channel association, etc.) and handles the nego-
tiation for session setup (e.g., choosing an instru-
ment, partners, music piece, style, instrument
tuning, rhythm control, countdown). It also per-
forms synchronization as described above.

Audio stream manipulation, which involves
synchronization, mixing, and transcoding of
audio as well as packet composition. Audio mix-
ing refers to the procedure of multichannel
audio creation. A client solicits its channel asso-
ciation during session setup, and the request is
confirmed by the server if there is no conflict.
Clients are identified by unique values. The
audio content from those clients using the same
channel ID are merged at the server. For the
rehearsal-on-demand scenario, audio transcod-
ing is performed. The audio content originated
by the client is merged with that retrieved by the
server from its audio sequence repository (corre-
sponding to the remote musicians for the client),
and audio compression is applied to minimize
the bandwidth consumption while keeping
decent audio quality. Packets from different
clients bear their own sequence numbers and
timestamps. The server uses this information to
decide which packets should be used to compose
a compound packet with multichannel audio
content. The audio mixing and synchronization
on the server are based on an algorithm that
uses the sequence number field of the RTP
header and processes all the packets that arrive
in a certain time interval.

Audio repository management, which fulfills
the requirement of recording and storing the
performance examples. They can be used to
emulate remote musicians in the rehearsal-on-
demand case or for playback of a recorded live
performance in the real-time rehearsal case
upon request of the clients.
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Client — The NMP client provides end users
access to the NMP service. Its architecture is
described in our previous work in [11]. The
NMP client is equipped with three major func-
tionalities: access to the sound card hardware,
an interface for service configuration, and
clock synchronization with the server. Service
configuration refers to tasks l ike
instrument/voice part selection and tuning,
music piece determination, rhythm control,
performance starting point signaling, and part-
ner selection, which are part of the service
setup for NMP. The sound card is accessed in
duplex mode to perform playback of the
remote musicians’ audio while recording local
music performance. As buffering has to be set
up individually for each sound card, we use an
I/O abstraction layer that handles configura-
tion and utilization of sound card buffers.

IMPLEMENTATION
We chose Linux as the platform for implementa-
tion of our prototype for flexibility reasons:
along with lots of existing free and open source
code hardware drivers and functional libraries,
we are able to adapt the source code to our
needs. The implementation was done in C++.

We use RtAudio (http://www.music.mcgill.ca/
~gary/rtaudio/) as the abstraction layer for
access to the audio hardware. RtAudio can easi-
ly handle buffer management and also provides
an abstraction to the underlying drivers like
Open Sound System (OSS) (http://www.open-
sound.com/pguide/oss.pdf) or Advanced Linux
Sound Architecture (ALSA) (http://www.alsa-
project.org). For maximum portability, common
C++ libraries like ccRTP for audio transport,
LAME as the MP3 audio codec, and QT as the
GUI toolkit are reused.

The hardware used for implementation and
evaluation consists of standard PCs connected
via fast Ethernet switches, professional audio
equipment, oscilloscopes, and sweep generators.

EXPERIMENTAL EVALUATION
The goal of the evaluation was to understand a
number of factors that impact the audio quality,
sourced from either the application itself or dur-

ing data transmissions. The tests were performed
in a local area network that satisfies the required
bandwidth and delay boundary. Network condi-
tions such as additional delay, jitter, and packet
loss were emulated using the NIST Net network
emulator (http://www-x.antd.nist.gov/nistnet).
The factors selected for the analysis include dis-
tortion introduced by audio compression
schemes, audio processing on the server, and
network-congestion-related packet losses. In
addition, end-to-end processing delay measure-
ments were performed in order to prove the
real-time constraint. Finally, the scalability of the
NMP server in terms of computational complexi-
ty (i.e., number of supported clients and parallel
sessions) was evaluated.

TEST PROCEDURE
To evaluate the distortion caused by the audio
codec, we used two coding schemes: ADPCM
and MP3. The measurement metrics utilized
were peak signal-to-noise ratio (PSNR), mean
opinion score (MOS), and objective difference
grade (ODG).

PSNR is an objective non-human-based value
derived from mean square error (MSE), which
represents the correlation between the original
and compressed signals. The output of the PSNR
measurement is expressed in decibels. Typical
PSNR values are 50 dB for AM radio quality, 70
dB for tape or FM radio quality, and 90 dB for
CD quality [12]. MOS [13] is a common metric
used for subjective quality measurements. It is
human-based and can take values from 1 to 5. A
MOS value of 1 means that the observed quality
is unacceptable, while a MOS value of 5 repre-
sents outstanding quality level or no noticeable
difference from the original content.

As the PSNR does not reflect the perceptibil-
ity of distortions, and subjective assessments are
time-consuming and expensive, better objective
metrics have been developed in recent years for
estimation of perceptual audio quality. One
example is the Perceptual Evaluation of Audio
Quality (PEAQ) [14] recommended by the Inter-
national Telecommunication Union — Radio-
communiction Standardization Sector (ITU-R),
which includes a low-complexity “basic” version
and a complex “advanced” version for higher
accuracy. The quality reflecting output variable
ODG is calculated on a set of model output
variables (MOVs) and corresponds to the sub-
jective difference grade (SDG) in the subjective
domain. The scale for ODG ranges from 0
(imperceptible impairment) to –4 (very annoying
impairment). It should be noted that PEAQ
models an underlying subjective experiment of
listening test. Thus, for a particular audio
sequence the ODG value may not correspond
with the subjective quality rating of a certain lis-
tener.

For the end-to-end delay test we used a real-
time two-channel oscilloscope and a sweep gen-
erator in order to achieve accurate measurement
results.

In order to estimate the upper bound of the
number of supported concurrent users and ses-
sions, scalability tests on the NMP server were
performed. A single state-of-the-art server
machine was used. The focus here was to investi-

nnnn Figure 2. Test configuration A.
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gate to what extent the server is able to handle
the related computational overhead. Other
issues like storage capacity and network band-
width were bypassed for the moment. Clients
and sessions were emulated for this purpose. For
each client, a thread was instantiated for tasks
such as decompression. For each session, a
thread was created for routines such as compres-
sion. For simplicity, in each test all sessions were
set to equal sizes. The upper bound of the num-
bers were decided once the system load reached
100 percent.

TEST SEQUENCES
Ten different audio sequences with various char-
acteristics and durations were used as sources
for the tests. These publicly available sequences
were selected from three different sources. Fur-
ther details are available at http://www.ibr.cs.tu-
bs.de/projects/nmp/audioseq.html.

TEST CONFIGURATIONS
Four test configurations, A–D, were used for
audio quality and end-to-end transmission delay
measurements. First we investigated the distor-
tion introduced by the compression scheme. This
was accomplished with test configuration A,
where two different codecs, ADPCM and MP3,
were used for the compression of 10 test samples
(Fig. 2). The compression ratios for the ADPCM
and MP3 codecs were set to 4 and 12, respec-
tively. The quality parameter for the LAME
encoder was set to 5 (mid-level). The original
test samples were raw audio. The subjective
quality measurements were performed by 15 test
persons in one room with relatively low back-
ground noise level.

The impact of network parameters such as
additional transportation delay and packet loss
on the subjective audio quality was evaluated
using test configuration B. This configuration
includes two client machines and one server
machine, which were connected via a NIST Net
router (Fig. 3). The additional delay was set to
15 ms, and the packet loss ratio varied between
0.1 and 5 percent. The settings of the codecs as
well as the test room remain the same as in test
configuration A.

A single client processing delay was measured
using test configuration C. We used a Wavetek
sweep generator to form an input signal for the
client machine. The delay consists of four main
parts: audio capture and playback, compression
processing, and decompression processing. We
have connected the output of the sweep genera-
tor as well as the output from the client’s sound
card to the oscilloscope, in order to measure the
time difference that represents the total client
processing delay. We performed the latency
measurements for the FLAC and ADPCM com-
pression schemes, because only these codecs
were used for the real-time scenario. The set-
tings of the ADPCM codec remained the same
as in the previous test configurations, while we
left default settings for FLAC (i.e. compression
complexity of 5) and adjusted the frame size to
the audio device’s input buffer size. This is
always set to the minimum possible setting of
256 bytes.

In order to measure the end-to-end delay

between two clients, we implemented test config-
uration D. This configuration includes two
clients and one server, which were connected via
a Fast Ethernet switch. The end-to-end delay
comprises four major components: overall client
processing time, two-way network transmission
delay, server synchronization delay, as well as
server decompression, mixing, and compression
processing time. All settings remained the same
as in test configuration C.

ANALYSIS OF RESULTS
Test Configuration A — The PSNR and MOS
values of the ADPCM codec measured for the
10 audio sequences in test configuration A
ranged from 41.58 to 71.48 dB and from 2.36 to
5.00, respectively. The MOS output for eight of
the 10 audio sequences exceeded a value of 3.
The measured PSNR values for most sequences
in this test configuration showed different
behavior from the corresponding MOS values.
In other words, PSNR and MOS values were
only weakly correlated. For the 10 audio
sequences, the average MOS value for ADPCM
was 3.87 and the corresponding PSNR was
57.16 dB. However, the ODG values averaged
at –2.65 and varied in a range between –0.89
and –3.80. Despite a positive correlation of 0.52
between MOS and ODG, there is a remarkable
difference between the values. According to the
average ODG, ADPCM achieves very poor
quality; the subjective test results, however,
show that the quality is still fair. Therefore, we
consider using ODG only for evaluation of
high-quality audio codecs such as MP3 and
MPEG-4 AAC.

The average PSNR value for the LAME
MP3 compression scheme was 44.84 dB, which
was less than that of the ADPCM; however, the
MOS averaged 4.84, which was almost 1.0
greater than that of the ADPCM. The better
MOS values for MP3 are due to the psycho-
acoustic model used in the compression algo-
rithm; the PSNR and MOS values of MP3 are
even less correlated than the corresponding val-
ues of ADPCM. By contrast, the ODG values
have a good match with the corresponding
MOS values in this scenario (Fig. 4). Therefore,
we conclude that ODG is a more suitable met-
ric for objective quality evaluation of MP3. A
detailed discussion of the results was presented
in [11].

nnnn Figure 3. Test configuration B.
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Test Configuration B — Pairs of audio
sequences were transmitted using test configura-
tion B. We used the same test pairs as in our
previous work [11]. The average MOS values for
ADPCM in this configuration are represented in
Fig. 5. As we can see, packet losses have a con-
siderable impact on perceived audio quality.
Indeed, if the loss ratio exceeds 1 percent, the
quality becomes very low. Therefore, error
resilience mechanisms are indispensable in
achieving acceptable audio quality in today’s net-
works of best effort nature.

Test Configuration C — The delay measure-
ments for test configuration C showed that our
prototype was able to provide a processing delay
as low as 10.5 ms. Audio capturing and playback
each consumed 2.67 ms. The remaining 5.17 ms
belongs to compression, decompression, and
other end system overhead.

Test Configuration D — The average end-to-
end delay for test configuration D achieved
22.5 ms, although the delay jitter reached 10
ms in a few test cases. We suppose that this
relatively high value for delay jitter might come

from the process scheduler of the operating
system. This will be investigated and validated
in the future.

Scalability Test — According to the results
presented in Fig. 6, a single NMP server can
handle a magnitude of 1000 concurrent clients.
By varying the size of a session (or, in other
words, the average number of participants in a
session), the number of supported concurrent
sessions changes reversely, while the total num-
ber of clients remains at nearly the same level.

CONCLUSIONS AND FUTURE WORK
In this article we have introduced a new system
called network-centric music performance. We
designed and implemented a prototype of NMP
using a testbed in a LAN with Linux PCs. We
evaluated the objective and subjective audio
quality of the application under different config-
urations with various test sequences. The impacts
of network conditions on the performance and
scalability of the NMP server were also investi-
gated. We found that there is loose coupling
between the objective (using PSNR) and subjec-
tive (using MOS) measurement results. We
therefore adopted PEAQ and achieved ratings
better coupled with MOS values. The system
suffices for real-time constraints and perceptual
audio quality for interactive multichannel natu-
ral audio delivery in such an environment, and
scales well with increasing numbers of users.

Despite the results achieved in LANs that
satisfied the real-time constraint, we are aware
of the problems our prototype will face when
extended to larger-scale best effort networks. In
such networks the load is highly dynamic, and
bandwidth fluctuations, packet losses, and delay
jitter can occur. These are undesired for our
application and will lead to severe service quality
degradation. Therefore, our ongoing work is on
quality of service support for NMP, delay and
loss prediction for end system adaptation
schemes, and error resilience and concealment
mechanisms. Support for DCCP will be integrat-
ed into NMP for obvious reasons of congestion
control for audio data delivery.

Extensive tests and performance analysis in
the live Internet environment have to be carried
out to further prove feasibility and determine
application boundaries. To exploit scalability of
a large NMP system, grid solutions will be taken
into account. We have also started to extend the
current implementation of MPEG-4 AAC
toward an optimized low delay profile to
improve the processing delay for rehearsal on
demand. In addition, regression analysis of the
collected data will be performed to provide
more detailed results. By doing so, we hope to
stimulate the progress of the evolution of music
performance in an IT age, for professionals and
enthusiasts.
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nnnn Figure 4. MOS and ODG values for MP3 and configuration A.
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nnnn Figure 6. Scalability test results.
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