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AUDIO DATA PROCESSING

[0001] This invention relates to audio data processing and
in particular concerns a method, system and software appli-
cation program for a real-time audio service for processing
audio data streams transmitted over a communications net-
work.

[0002] Developers of real-time audio services have for
some time recognised the need for scalability in terms of the
number of simultaneous listeners to an audio stream. Appli-
cations such as video on demand, on-line lectures and
Internet radio require an audio stream to be broadcast from
a single source to potentially many listeners. Various tech-
niques have been proposed for reducing the bandwidth
required for such broadcasts, most notably network multi-
casting including Internet multicasting, for example. By
comparison however, support for many simultaneous speak-
ers has not been fully developed. Some telephony and
CSCW (Computer Supported Co-operative Work) applica-
tions such as audio and video-conferencing do support
several simultaneous speakers, but the focus has been
mostly on small groups. In addition, where the possibility of
simultaneous speaking has been acknowledged applications
usually prevent it through the use of floor control and
“push-to-talk” concepts that enforce turn-taking and ensure
that only one participant speaks at a time.

[0003] Communication protocols often discount the pos-
sibility of multiple simultaneous speakers. The Internet
standard Real Time Protocol (RTP) (IETF RFC 1889) is the
standard packet format used for continuous media traffic,
such as audio streams, on the Internet. RTP includes sophis-
ticated algorithms to control the amount of management
traffic placed on the network, but assumes that audio traffic
will not be a problem: “For example, in any audio confer-
ence the data [audio] traffic is inherently self-limiting
because only one or two people will speak at a time . . . 7,
(RFC 1889, section 6.1). Similarly, the multicast Internet
backbone (MBone), which provides the Internet’s wide-area
multicast capabilities, does not actively support simulta-
neous speakers. The Mbone guidelines for use and resources
assume that each audio session will not have more than one
active speaker at a time. Telecommunication applications are
now emerging that support on-line events involving large
groups of people. For example, collaborative virtual envi-
ronments (CVEs) support interactive social events such as
multi-player games and inhabited television for large on-line
communities. Speech is the primary communication
medium for on-line social interaction and so real-time audio
services are vital for these new applications. Indeed, speech
is arguably the most critical aspect of any real-time collabo-
rative application. Research has shown that problems with
other aspects of collaborative systems such as video, shared
tools, or 3D graphics, can be resolved or compensated for by
speech.

[0004] Analysis of patterns of audio activity in CVE
applications, for example virtual teleconferencing, has
revealed significant periods when several participants are
simultaneously generating audio traffic. In relatively focused
applications such as teleconferencing, audio activity is best
approximated by a model of people transmitting audio at
random, rather than deliberately avoiding overlapping
speech. Indeed, overlapping audio, including speech and
other sounds, is likely to be a basic requirement for many
CSCW applications
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[0005] Unfortunately, there are many disadvantages asso-
ciated with real-time audio services that allow many simul-
taneous speakers. Real-time audio is bandwidth intensive,
particularly for applications that support large numbers of
users. In addition, packet-loss due to network congestion can
severely reduce the intelligibility of received audio streams.

[0006] Providing an audio service for many simultaneous
speakers is a significant problem since each speaker inde-
pendently introduces a new audio stream that has to be
accommodated by the network and that also has to be
processed by each recipient’s audio receiver. While multi-
casting reduces the bandwidth required to distribute a single
audio stream to many listeners, it does not address the
problem of many simultaneous speakers.

[0007] Audio services are known in which peer-to-peer
architectures provide each user with an independent audio
stream from each respective speaker. By receiving indepen-
dent audio streams each listener can create their own per-
sonal audio mix. The mix can be tailored to the user’s own
audio equipment capabilities; the audio streams can be
spatialised according to associated speaker locations within
a shared virtual space; and the streams can be individually
controlled, for example allowing the volume of particular
speakers to be raised or lowered according to their relative
importance, for example. Peer-to-Peer audio services can be
implemented using unicast or multicast protocols.

[0008] The peer-to-peer approach is very demanding in
terms of network resources, particularly bandwidth, and can
easily flood the network with traffic. With underlying unicast
protocols, which are typically used today for wide-area
communication, the resulting number of audio streams is of
the other n°, where n is the number of simultaneous users,
that is to say for the case in which all users are sending audio
data simultaneously. With underlying multicast protocols,
which are still experimental over wide-area networks, this
reduces to the order n, but no lower.

[0009] With conventional networks such as the Internet,
once the traffic in any part of the network exceeds the local
capacity then that part of the network becomes congested.
This congestion causes speech to become delayed (due both
to direct delay and also jitter) and increasingly broken and
disjointed (due to audio data packets being lost in transit).
The peer-to-peer approach is also very demanding in terms
of the processing to be done by each listener’s terminal,
which must be capable of receiving, decoding, processing,
mixing and playing out all of the available audio streams.
User terminals may become overloaded, causing problems
similar to an overloaded network.

[0010] Audio services which use total mixing are also
known. In the total mixing approach each audio stream is
sent to a central audio server that mixes the audio streams
into a single stream that is then redistributed to each listener.
This approach requires that each listener and surrounding
network handles only one audio stream. Total mixing, how-
ever, prevents each listener from creating their own personal
mix and the central server becomes a potential bottleneck in
the system, since it and its nearby network still have to
receive, mix and distribute n audio streams. Other draw-
backs associated with total mixing include increased delay
due to additional processing, reduced audio fidelity, addi-
tional hardware requirements and management complexity.
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In this respect total mixing is only appropriate for relatively
simple applications where resources are limited. Total mix-
ing is not appropriate for high fidelity applications such as
home entertainment and tele-conferencing where more
resources are generally available and where audio spatiali-
sation is more important, that is to say where separate audio
streams are required. An example of total mixing is
described by one of the present inventors in “Inhabited TV:
Multimedia Broadcasting from Large Scale Collaborative
Virtual World”, Fracta Universitatisi, Ser. Electronics and
Energetics, 13(1) IEEE, ISBN 0-7803-5678-X.

[0011] Another example of an audio service that supports
many simultaneous speakers is described in “Diamond Park
and Spline: A Social Virtual Reality System With 3D Ani-
mation, Spoken Interaction, and Runtime Extendibility”,
PRESENCE, 6(4), 461-481, 1997 MIT. This paper describes
a system which allow users with low bandwidth connections
to access an audio-graphical multi-user virtual world. In this
approach one or more low-bandwidth users connect to a
specialised access server that interfaces to a main system
which is configured for peer-to-peer multicast audio. The
access server or servers deal with and mix all of the available
audio streams. According to an aspect of the present inven-
tion there is provided a method of processing audio data
streams transmitted in a communications network; said
method comprising the steps of:

[0012] i) receiving a plurality of audio data streams trans-
mitted from one or more audio data stream transmitters
distributed in the network; and,

[0013] ii) processing data relating to at least one respective
network resource parameter to determine respective network
resources available for subsequent communication of said
audio data streams to at least one respective audio data
stream receiver in the network; and,

[0014] iii) comparing said available resources with respec-
tive network resource requirements necessary for commu-
nicating said audio streams to at least one respective audio
data stream receiver in the network; and,

[0015] iv) determining whether to mix selected audio data
streams prior to transmission in response to said compari-
son.

[0016] The term “network resources” used herein refers to
any component in a communications network necessary for
communicating audio data streams to potential recipients,
including but not limited to network communication links,
network audio processors or mixers, audio stream transmit-
ters and receivers and user terminals, for example.

[0017] By comparing available network resources with
network resource requirements necessary for communicat-
ing audio streams the above method enables audio mixing
decisions to be made dynamically in response to changing
network conditions or application requirements. In this way
the number of data streams transmitted can be controlled so
that network traffic can be optimised according to available
network resources. This aspect of the invention is particu-
larly relevant for dynamic virtual environment applications
involving varying numbers of active participants engaged in
various activities and running over dynamic networks where
congestion and delay may change rapidly. The method
enables mixing decisions to be made that adapt to changing
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network conditions and application requirements so as to
optimise the conflicting requirements of audio quality and
traffic management.

[0018] Preferably the method further comprises the step
of:

[0019] v) processing two or more audio streams in
response to said comparison to provide at least one mixed
audio data stream for subsequent transmission in said net-
work. Thus, if a decision is made to mix selected audio data
streams the traffic introduced into the network can be
reduced. The amount of processing required by neighbour-
ing data stream receivers can also be reduced. Mixing
enables two or more selected audio data streams to be
combined to reduce overall network congestion without
significantly affecting the intelligibility of the mixed audio
streams when received by a user, for example in a similar
way that stereo audio signals can be combined for playback
on a non-stereo enabled output device such as a hand held
radio receiver having a single loudspeaker.

[0020] Conveniently, steps ii) and iii) comprise the steps
of:

[0021] determining a current value for the or each respec-
tive network resource parameter; and,

[0022] comparing the or each respective current resource
parameter value with a respective minimum resource thresh-
old value necessary for communicating said unmixed audio
data streams to the or each respective receiver. In this way
the available network resources can be compared with
pre-determined minimum resource requirements necessary
for transmitting or processing all the unmixed data streams.

[0023] In preferred embodiments, said minimum resource
threshold value is determined according to at least one
pre-defined quality of service parameter. In this way mixing
decisions can be made according to pre-determined quality
of service requirements.

[0024] Preferably, said network is a packet switched net-
work and said pre-defined quality of service parameter is
defined by a maximum packet loss rate. Thus, a minimum
threshold value may be determined according to an accept-
able packet loss rate associated with a codec used to encode
respective audio streams. For instance, a maximum accept-
able packet loss rate for an audio codec may be 15%.

[0025] Conveniently, one network resource parameter
relates to available network bandwidth for transmission of
said audio data streams to the or each respective receiver. In
this way mixing decisions can be determined according to
the bandwidth available for transmitting the audio streams to
a next audio stream receiver in the network. This provides
for efficient use of network bandwidth and readily enables a
maximum number of mixed or unmixed audio data streams
to be transmitted without causing congestion in the network.

[0026] Preferably, said available bandwidth capacity is
determined by user specific quality of service requirements.
In this way bandwidth resources can be allocated or reserved
for use according to user specified quality of service require-
ments. The allocation or reservation of bandwidth may be
controlled by different charging tariffs associated with the
quality of service required. In this way a user may specify
a quality of service requirement of say 3x64 kb/s audio
channels in which case selected audio streams will be mixed
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by the network when more than three separate audio streams
are to be transmitted by the network. In this way available
bandwidth may be considered as allocated or reserved
bandwidth.

[0027] Conveniently, one network resource parameter
relates to receiver processing characteristics. Thus, mixing
decisions can be determined according to the characteristics
of respective receivers. In this way separate audio streams
being sent to a receiver having a low processing capability
or capacity can be mixed in the network so that the number
of audio streams the receiver receives is reduced.

[0028] In preferred embodiments, said audio data streams
are selected for mixing according to predetermined criteria.
This enables selection criteria to be used to determine which
of the received audio data streams should be mixed.

[0029] Inone way, said audio streams are mixed according
to audio stream content. For instance, in a virtual environ-
ment one or more audio streams may be more significant in
terms of audio content than others and the loss of audio
spatialisation experienced by a recipient will be less if the
less significant audio streams are mixed in preference to the
more significant ones.

[0030] In another way, said audio streams are mixed
according to recipient requirements. In this way mixing can
be determined by the recipient’s own requirements, for
instance the extent of audio spatialisation required.

[0031] In a further way, said audio streams are mixed
according to respective audio stream sources. In this way
audio streams from related sources can be mixed, for
instance it may be desirable to mix all audio streams
associated with a particular group of participants in an audio
conference or virtual environment.

[0032] In a yet further way, said audio streams are mixed
according to receiver capabilities. In this way audio streams
may be mixed according to the capabilities of the receiver.
For example, a receiver may comprise a full 3-D audio
system capable of recreating fully spatialised studio quality
audio where mixing considerations are important for recre-
ating spatialised audio. Alternatively a receiver may com-
prise a simple stereo audio system where mixing consider-
ations are less important.

[0033] According to another aspect of the invention there
is provided a software program arranged to process audio
data streams according to the above mentioned method.

[0034] According to a further aspect of the invention there
is provided a system for processing audio data streams
transmitted in a communications network; said system com-
prising:

[0035] i) a receiver for receiving a plurality of audio data
streams transmitted from one or more audio data stream
transmitters distributed in the network; and,

[0036] 1ii) a processor for processing data relating to at
least one respective network resource parameter to deter-
mine respective network resources available for subsequent
transmission of said audio data streams in the network; and,

[0037] iii)) a comparator for comparing said available
resources with respective network resource requirements
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necessary for transmission of said audio streams to at least
one respective audio data stream receiver in the network;
and,

[0038] iv) determining means for determining whether to
mix selected audio data streams prior to transmission in
response to said comparison.

[0039] The invention will now be described by way of
example only with reference to the accompanying drawings
in which:

[0040] FIG. 1 is a schematic representation of a network
used for implementing an embodiment of the present inven-
tion;

[0041] FIG. 2 is a schematic representation of a logical
network topology for part of the network of FIG. 1;

[0042] FIG. 3 shows a modular block diagram of an audio
data processor for processing audio data streams transmitted
in the network of FIGS. 1 and 2;

[0043] FIG. 4 is a flowchart showing steps involved in
implementing an embodiment of the invention;

[0044] FIG. 5 is a schematic representation of a distrib-
uted processing system for simulating network conditions;

[0045] FIG. 6 is a schematic representation of one imple-
mentation of the distributed processing system of FIG. 5§
used for determining network performance characteristics;

[0046] FIG. 7 is a graphical representation of simulated
network performance characteristics showing packet loss
rates for different audio distribution strategies; and,

[0047] FIG. 8 is a graphical representation similar to FIG.
7 showing the different audio stream distribution character-
istics for different audio distribution strategies.

[0048] An example of an IP communications network for
implementing one arrangement of the invention is shown in
FIG. 1. In FIG. 1 a plurality of user terminals 100 are
connected to the Internet 102 via respective Internet access
servers 106 which are each connected to an audio processor
104. The audio processors 104 are each capable of mixing a
plurality of audio data streams received over the network.
Although only two audio processors 104 are shown in the
network of FIG. 1 in practice any number of audio proces-
sors may be provided and distributed throughout the net-
work for receiving, mixing or transmitting respective audio
data streams. The audio data streams are typically transmit-
ted using the Internet standard data stream transfer protocol
Real Time Protocol (RTP) and underlying multicast trans-
port protocols although unicast could be used also.

[0049] Referring to FIG. 2, logically the network of FIG.
1 can be considered to comprise a plurality of audio data
stream sources 200, audio data stream sinks 202 and audio
mixer 204 type components. Thus, each terminal 100 and
audio processor 104 may comprise at least one source, sink
or mixer component and the network of FIG. 1 may
comprise a plurality of these components linked together by
audio data streams 206. In FIG. 2 a simple logical network
topology is shown in which the source and sink components
are positioned at the terminal nodes of the network and the
mixer components are positioned at the non-terminal nodes.
In the network of FIG. 2 each source 200 transmits one or
more audio data streams to a respective parent mixer node
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204. The mixer nodes may then forward the received audio
data stream or streams directly to the other connected nodes,
mix selected ones of the received audio data streams and
then forward the respective mixed data streams, or perform
a combination of these two actions. Each sink eventually
receives each of the data streams either in the original
un-mixed state or part of a new mixed stream. As will be
described in greater detail later, each mixer component may
additionally create multiple mixes from arbitrary subsets of
the received data streams and transmit these mixes instead of
or in addition to the audio data streams it would otherwise
forward to other nodes in the network. For example, each
mixer component may select to mix only some of its
incoming audio data streams and forward the resultant
partial mix on to other connected nodes.

[0050] Inthe arrangement of FIG. 3 the audio data stream
processors are integrated with selected IP multicast enabled
routers 300 distributed in the network of FIG. 1. Each audio
processor 104 comprises an audio data stream receiver 302
for receiving audio data streams transmitted over the IP
network, an audio mixer component 304 for mixing selected
audio data streams and an audio data stream transmitter 306
for forwarding mixed and unmixed audio data streams to
other audio processors 104 or terminals 100 in the IP
network. The audio data stream receiver 302 and transmitter
306 comprises software components of the type imple-
mented in audio applications such as Real Inc’s Real Player
or Microsoft Inc’s Media Player, for example IP sockets,
packet buffers, packet assemblers etc. The audio mixer
component 306 is provided for mixing two or more audio
data streams received at the processor 104. The audio mixer
component is arranged to average selected audio data
streams to create a single combined data stream comprising
the same number of bits as each unmixed data stream.

[0051] Each audio processor is further provided with a
congestion monitor 308 for monitoring congestion on the
respective communication transmission links connecting the
audio processor to other parts of the network. In one
arrangement the congestion monitor 308 utilises Real Time
Control Protocol (RTCP) control messages or the like
received from respective audio stream receivers in the
network to determine congestion levels on respective trans-
mission links. These control messages provide the audio
processors with information relating to data stream conges-
tion on respective neighbouring transmission links and
audio processors. Selected audio processors, typically those
on the edge of the network connecting terminals 100 to the
Internet, are also provided with a database 310 containing
data relating to recipient terminal equipment characteristics
including audio data processing and playback capabilities,
network connection types and speeds, other recipient spe-
cific data including current tariff data for determining an
appropriate quality of service to be provided and user
specific audio data stream mixing profiles comprising user
defined mixing preferences and other data relating to user
specific mixing policies.

[0052] Mixing may occur at many of the audio processor
mixer nodes in the network of FIG. 1. When an audio
processor mixes selected audio streams the number of audio
data streams to be transmitted to neighbouring audio pro-
cessor or terminal nodes is reduced and this also reduces the
amount of processing required at the neighbouring nodes.
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Distributing the audio processor mixer nodes throughout the
network as described enables the overall audio mixing task
to be shared and mixing bottlenecks avoided. Distributed
processing not only provides for scalability, say in terms of
the maximum number of simultaneous speakers allowed in
an audio conference, but also enables audio processors to
monitor and respond to changing local network conditions in
heterogeneous environments such as the Internet. Since
mixing reduces the quality of the audio streams being mixed
the audio processors are arranged to limit the amount of
mixing they perform within the constraints of the available
network resources so that end user recipients receive as
many separate audio streams as possible within prevailing
network resource constraints. Thus, the audio data proces-
sors are arranged to adapt to changing network conditions so
that at one extreme peer-to-peer communication is possible,
that is when available network resources are adequate for
communicating all the received audio data streams to
respective neighbouring nodes. At the other extreme, where
available network resources are severely restricted, say due
to network congestion, all audio data streams are mixed
together to provide a single data stream for communication
to the neighbouring nodes.

[0053] Mixing decisions are made dynamically by the
audio data processors according to software program logic
stored in audio processor memory and executed by the audio
Processors.

[0054] Referring now to the flowchart of FIG. 4, network
conditions such as available bandwidth, packet loss rate and
delay are monitored by the congestion monitor 308 in step
400 to determine current values for respective network
resource parameters associated with transmission links and
neighbouring processor and terminal nodes located in the
network. Current values for variable network resource
parameters including but not limited to available bandwidth
on respective transmission links and processing capacity and
delay of respective processor nodes are stored in the data
base 310 in step 402. Current values for other more stable
network resource parameters including but not limited to
terminal node processing capability and capacity and user
specific mixing preferences and quality of service require-
ments are also stored in the processor databases 310. The
more stable resource parameters may be monitored in step
400 in the same way as the variable resource parameters or
by periodic polling the resources for current parameter
values.

[0055] In step 404 the receiver 302 monitors relevant
unicast or multicast communication channels for incoming
audio data streams and determines in step 406 whether any
streams are being received at the audio processor node. If
audio data streams are being received the audio processor
proceeds to step 408 where an appropriate algorithm deter-
mines the network resources necessary for transmitting the
received data streams to the next relevant node or nodes in
the network. If audio data streams are not being received
monitoring continues and control passes back to step 400. In
step 408 network resources necessary for forwarding all the
received data streams to each respective node in the relevant
network distribution tree are determined and in step 410 the
respective available resources for transmitting the data
streams are determined. In step 412 the current values of the
relevant network resource parameters are compared with
respective resource requirements necessary for communi-
cating the received audio streams to the respective next
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network nodes comprising audio data stream receivers. If the
available resources match those required for subsequent
communication of the data streams all the data streams are
transmitted onwards in step 420 to the relevant next nodes.
However, if the audio processors determine in step 412 that
there are insufficient resources selected mixing occurs. For
instance, if there are only three communications channels
available on a particular transmission link and four separate
data streams are received, at least one pair of data streams
are mixed prior to subsequent transmission by the respective
audio processor. Similarly, if a recipient terminal node is
only capable of processing two data streams simultaneously
only two sets of mixed streams are provided for transmission
to that terminal. Further, if a terminal node is designated as
having a pre-determined quality of service as defined by a
user selected tariff there may be insufficient bandwidth
allocated for forwarding all the streams without mixing so
that mixing will occur even if the network has sufficient
bandwidth resources available on the relevant link or links
to the user terminal node. In step 414 the difference between
available and required resources is determined so that the
number of streams to be mixed can be determined. The audio
data stream processors select appropriate data streams to be
mixed in step 416. The selected streams are mixed in step
418 and then transmitted by the appropriate audio processor
transmitter 306 in step 420. Audio data stream selection in
step 416 may be based on any number of considerations
relevant to network, application or user requirements, for
example.

[0056] The following discussion concerns mixing consid-
erations that may be relevant in CSCW environments which
support many simultaneous speakers.

[0057] One consideration for mixing may concern the
roles of speakers. Some real-time CSCW applications assign
participants to different roles within an event. For example,
early experiments in inhabited television differentiated
between performers, inhabitants and viewers. Performers
are part of the core content of an on-line TV show whereas
inhabitants are active within the virtual world, but typically
receive a broadcast mix created by a director. These roles are
complemented by differences in the technologies used to
access the real-time event. Performers typically use profes-
sional studio-quality equipment, with fully spatialised 3D
audio. Inhabitants may use commodity PCs, equipped with
headphones. Viewers on the other hand may use conven-
tional television sets, equipped with multiple loudspeaker
surround sound audio systems. Roles or so called “layers of
participation” can determine mixing policy. For instance, it
may be appropriate to ensure that performers are heard with
the maximum possible audio quality. Thus, as network
congestion increases the audio streams for inhabitants might
be mixed together first, with the performers streams being
kept separate for as long as possible. Other CSCW applica-
tions may also benefit from defining layers of participation
and using these to prioritise audio sources for mixing.

[0058] Another consideration for mixing may concern the
roles of listeners or recipients. Mixing can also be prioritised
according to listener requirements. Roles or layers of par-
ticipation can also define the different ways in which listen-
ers take part in an event, although many participants will be
both speakers and listeners in an event. For example, an
active inhabitant may benefit from fully spatialised audio
that provides clues to support navigation and conversation
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management. A passive viewer with a surround-sound audio
system may benefit from a mix that clearly separates the key
performers, but where their accurate location in the world is
less important. In the case of inhabitants it may be important
to maintain the separation of streams from nearby partici-
pants, whereas for viewers it may be appropriate to maintain
the separation of key performers only.

[0059] A further mixing consideration may concern the
grouping of audio sources. CSCW applications often group
participants in some pre-determined way. It is often appro-
priate to mix audio streams from one coherent group. For
example, avatars in a CVE may have gathered together to
form definable and separate groups. Audio streams from
each group could be mixed to form a single stream that could
be spatialised to the average position of the group as a whole
in the CVE. In addition, some CSCW applications calculate
levels of mutual awareness among participants which may
provide a more dynamic basis for mixing respective audio
streams.

[0060] Another mixing consideration may concern voice
characteristics. The timbre of voices or other audio sources
may be useful for determining which streams to mix. For
example, it may be appropriate to mix a high and a low pitch
voice into a single stream so that a listener can readily
separate them when hearing the mixed stream.

[0061] Patterns of activity within a multiple speaker envi-
ronment may also determine mixing decisions. For example,
audio data streams from participants whose speech rarely
overlaps could be mixed together

[0062] A number of more practical concerns may also
shape affect mixing decisions. Mixing may depend upon
aspects of the available communication network, including
its topology (i.e. shape and structure), underlying band-
width, regional variations, or transitory congestion. Mixing
decisions may also depend on the available computing
resources, for example the number and capability of avail-
able mixer components, how many are positioned within the
network, and how heavily loaded they are. Mixing decisions
may also consider the current and past states of the system.
For example, the transition from one choice of mixed
streams to another may be noticeable to users, and poten-
tially undesirable.

[0063] It is clear from the above discussion that the
process of selecting data streams for optimal mixing is a
complex task and will very often be application specific. For
instance, different applications may have different mixing
requirements. In particular applications may have different
ways of assigning priorities to audio streams to determine
the order in which streams are gradually mixed together as
network resources become scarce. Low priority streams will
be mixed before higher priority streams. These requirements
may also vary between different phases of the same appli-
cation as a session progresses. In particular, priorities may
change as participants take on different roles or move to
different locations. For example, a virtual football game with
the crowd (audience) will not have the same mixing require-
ments as a virtual shopping mall, a virtual education appli-
cation (on-line demonstration, lecture etc), or an on-line
television drama in a virtual world.

[0064] In a virtual football game for example, audio
priority will be higher for the referee say, than the other
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players. In this respect, the system will avoid mixing the
referee’s audio stream with the respective players audio
streams unless this becomes absolutely necessary due to
network resource limitations. On the other hand audio
streams from a crowd of spectators will have a lower priority
since each spectator will not need to be heard individually.
It may be sufficient to mix all the streams from the same
“stand” or group of collocated spectators and spatialise only
the resulting stream at the receiver. In this way mixing is
based on the roles of the speakers, that is to say, audio
streams from more important speakers are forwarded and
less important speakers are mixed

[0065] In a virtual shopping mall, mixing policy may be
based on the collocation and mutual awareness of the
participants. For example, participants may want to receive
separate audio streams from other collocated participants or
other more important participants of whom they are more
aware of than others. The remainder of the of the group can
be mixed together or divided into smaller groups which are
mixed separately, similar to the different stands in the
football game example.

[0066] In a virtual lecture environment there is likely to be
one lecturer, may be a few demonstrators and many mutually
aware students. In this environment mixing can be based on
speaker roles. For instance, the lecturer’s and demonstrators’
audio streams may be forwarded so that the other partici-
pants can process the individual streams on receipt, where
the respective students audio streams will be mixed. The
present inventors have implemented and tested the invention
in a distributed processing system simulator 500 shown in
FIG. 5. In the distributed processing system two end user
systems 502a and 502b are shown on a first local area
network 506 and two end systems 502c¢ and 502d on a
second local area network 512. The system 500 may com-
prise any number of end user systems 502 depending on the
networks being simulated. Each end user system comprises
a respective virtual world client 514 for accessing a shared
virtual world generated by a virtual world server 516 on
LAN 512. Each end user system is also provided with a local
audio server 518 that is interfaced to respective audio
hardware (not shown) so that users can speak to each other
within the virtual world environment. Each client 514 con-
trols the local audio server 518 for the respective end system
and uses information in the virtual world to determine how
the audio server should transmit, receive and process audio
streams, for example according to the positions of other
users in the virtual world.

[0067] For peer-to-peer audio, each use’s audio server 518
sends an audio data stream directly to all the other audio
servers in the system using underlying unicast or multicast
protocols. An audio processor 104 is provided on each LAN
for mixing selected data streams received from the con-
nected audio servers. The audio processors are both con-
trolled directly by the virtual world server 516 and are
connected together by means of a WAN simulator 520. The
local audio servers 518 and audio processors 104 together
define an audio distribution tree as shown by the dashed
lines 522 in FIG. 5. Each audio processor is capable of
receiving audio data streams from the audio servers on its
respective LAN and transmitting these streams to the remote
audio processor on the other LAN. The audio processors are
arranged to adapt to changing network conditions so that
instead of three separate audio streams being forwarded
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from say end user systems 502a, 502b and 502¢ to 502d the
audio processors 104 can mix respective data streams so that
end user systems 502¢ and 502d receive a single stream
comprising a mixture of the streams from end user systems
502a and 5025 and a separate audio stream from each other,
for example.

[0068] The inventors evaluated the effectiveness of
dynamic mixing by investigating the effect of network
congestion on audio quality. Two quantifiable aspects of
audio quality were considered, the level of packet loss
experienced and the degree of audio stream spatialisation,
that is the number of separate audio streams delivered to an
end system. These two criteria were chosen since they both
relate to the end user’s perceived experience of the system
and they can also be readily determined from measurements
of the system 500, for example the number of packets being
sent per second. The first measure, the level of packet loss
experienced, is the primary determinant of whether a net-
work audio stream will be intelligible to the user and
therefore of any use at all. Audio codecs that encode audio
streams in 40 ms to 80 ms packets and utilise silence
substitution for packet loss recovery typically become unin-
telligible if 15% or more of the packets are lost during
transmission. Other factors such as delay or jitter are of
secondary importance by comparison. The second measure,
the degree of spatialisation, is the primary distinguishing
feature between the peer-to-peer, fully mixed and partially
mixed approaches. For instance, research has shown that
spatialised audio, is a key factor in providing users with a
sense of presence in a virtual environment.

[0069] Referring to FIG. 6 which shows a system 600
configured from the system of FIG. 5 for evaluating the
effect of network congestion on audio quality. In FIG. 6 the
LANSs 506 and 512 are assumed to be generally congestion
free high bandwidth networks connected via a lower band-
width shared WAN 520 which is prone to congestion. Six
end user systems 502 are provided on LAN 506 for simu-
lating network usage. A single end user system is provided
on LAN 512. A WAN simulation tool is provided for
simulating network delays and bandwidth restrictions for a
limited bandwidth WAN connection. An additional applica-
tion 602 is provided for introducing controlled levels of
competing traffic onto the simulated WAN connection 520 in
order to create network congestion.

[0070] All packets on the system 600 are monitored and
analysed to classify the packets and to measure the number
of audio streams in transit and the amount of competing
traffic. Packet loss experienced by the audio streams in
transit is measured by matching the number of packets
leaving LAN 506 to those arriving on LAN 512.

[0071] The following strategy was used to evaluate the
system of FIG. 6:

[0072] Six simulated users on LAN 506 continuously
sending audio data to a single user on LAN 512.

[0073] Virtual WAN bandwidth limit of 500 Kbit/second
corresponding to just over seven audio streams for 8 KHz,
8 bit, Ulaw, mono audio encoding. A WAN buffer size of 250
Kbits.

[0074] Eight levels of competing (congestion-inducing)
traffic: 0, 70, 140, 210, 280, 350, 420, and 490 Kbits/s.
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[0075] Three audio distribution strategies: forward all
audio streams without mixing (equivalent to peer-to-peer
multicast), mix all audio streams before forwarding (equiva-
lent to total mixing at LAN 1), and mix a dynamic subset of
audio streams (parial mixing).

[0076] In the final distribution strategy dynamic or partial
mixing was used to keep the packet loss rate below 15%
whilst maintaining the maximum number of separate audio
streams.

[0077] The experimental results are shown in FIGS. 7 and
8. FIG. 7 shows the effect that increasing levels of conges-
tion has on the packet loss rate experienced for each of the
three audio distribution strategies. The peer-to-peer
approach (line 700 in the graph of FIG. 7) experiences
increasing levels of packet loss as competing traffic
increases. The packet loss rate exceeds 15% at 210 Kbits/s
of additional traffic. Full-mixing (line 702 in the drawing)
uses the minimum bandwidth throughout, and only starts to
experience congestion when the competing traffic reaches
490 Kbits/s. Distributed partial mixing (line 704 in the
drawing) gives higher loss rates than full mixing, but much
lower rates than all-forwarding peer-to-peer, and maintains
its loss rate below 15% even with 490 Kbit/s of competing
traffic (as for full mixing).

[0078] FIG. 8 shows the number of separate audio streams
being transmitted to a listener on the end user system on
LAN 512. For all-forwarding (line 800 in the graph of FIG.
8), six streams are always transmitted by the LAN 506,
however none of these arrive in any useful form when
competing traffic levels exceed 210 Kbits/s. For total mixing
(line 802 in FIG. 8), one stream is always sent. Dynamic
mixing (line 804 in FIG. 8) lies between these two extremes.
With no congestion, six distinct steams are transmitted over
the WAN connection from the WAN 506 to the WAN 512.
As competing traffic, and hence congestion increases,
dynamic mixing reduces the number of distinct streams by
mixing more audio streams together. When competing traffic
levels reach 490 Kbits/s dynamic mixing falls back to total
mixing, with only a single stream sent over the WAN.

[0079] The above described investigation demonstrates
that dynamic or distributed partial mixing combines the
benefits of both peer-to-peer and total mixing audio services.
With sufficient bandwidth, the system operates like a peer-
to-peer system, delivering independent audio streams to
each listener, giving maximum individual flexibility and
control over what users hear. As bandwidth becomes
restricted the distributed partial mixing scheme moves incre-
mentally towards a totally mixed (minimum bandwidth)
service, thereby preserving a useful level of audio commu-
nication under a wide range of network conditions.

[0080] More generally, the distributed partial mixing
approach has the following distinctive benefits: it is adap-
tive, reacting to network congestion in a way that peer-to-
peer systems cannot; it supports dynamic load balancing
between different distributed components of the audio ser-
vice; it readily supports heterogeneous networks and differ-
ent end user terminal capabilities; and it is adapative to
varying application requirements.

1. A method of processing audio data streams transmitted
in a communications network; said method comprising the
steps of:
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i) receiving a plurality of audio data streams transmitted
from one or more audio data stream transmitters dis-
tributed in the network; and,

i) processing data relating to at least one respective
network resource parameter to determine respective
network resources available for subsequent communi-
cation of said audio data streams to at least one respec-
tive audio data stream receiver in the network; and,

iii) comparing said available resources with respective
network resource requirements necessary for commu-
nicating said audio streams to at least one respective
audio data stream receiver in the network; and,

iv) determining whether to mix selected audio data
streams prior to transmission in response to said com-
parison.

2. A method according to claim 1 further comprising the

step of:

v) processing two or more audio streams in response to
said comparison to provide at least one mixed audio
data stream for subsequent transmission in said net-
work.

3. Amethod according to claim 1 or claim 2 wherein steps

ii) and iii) comprise the steps of:

determining a current value for the or each respective
network resource parameter; and

comparing the or each respective current resource param-
eter value with a respective minimum resource thresh-
old value necessary for communicating said unmixed
audio data streams to the or each respective receiver.

4. A method according to claim 3 wherein said minimum
resource threshold value is determined according to at least
one pre-defined quality of service parameter.

5. A method according to claim 4 wherein said network is
a packet switched network and said pre-defined quality of
service parameter is defined by a maximum packet loss rate.

6. A method according to any preceding claim wherein
one network resource parameter relates to available network
bandwidth for transmission of said audio data streams to the
or each respective receiver.

7. A method according to claim 6 wherein said available
bandwidth capacity is determined by user specific quality of
service requirements.

8. A method according to any preceding claim wherein
one network resource parameter relates to receiver process-
ing characteristics.

9. A method according to any preceding claim wherein
said audio data streams are selected for mixing according to
predetermined criteria.

10. A method according to claim 9 wherein said audio
streams are mixed according to respective audio stream
content.

11. A method according to claim 9 wherein said audio
streams are mixed according to respective recipient require-
ments.

12. A method according to claim 9 wherein said audio
streams are mixed according to respective audio stream
sources.

13. A method according to claim 9 wherein said audio
streams are mixed according to respective receiver audio
data stream processing capabilities.
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14. A software program for processing audio data streams
transmitted in a communications network; said program
being arranged to:

i) receive a plurality of audio data streams transmitted
from one or more audio data stream transmitters dis-
tributed in the network; and,

ii) process data relating to at least one respective network
resource parameter to determine respective network
resources available for subsequent transmission of said
audio data streams in the network; and,

iii) compare said available resources with respective
network resource requirements necessary for transmis-
sion of said audio streams to at least one respective
audio data stream receiver in the network; and,

iv) determine whether to mix selected audio data streams
prior to transmission in response to said comparison.

15. A system for processing audio data streams transmit-
ted in a communications network; said system comprising:
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1) a receiver for receiving a plurality of audio data streams
transmitted from one or more audio data stream trans-
mitters distributed in the network; and,

ii) a processor for processing data relating to at least one
respective network resource parameter to determine
respective network resources available for subsequent
transmission of said audio data streams in the network;
and,

iii) a comparator for comparing said available resources
with respective network resource requirements neces-
sary for transmission of said audio streams to at least
one respective audio data stream receiver in the net-
work; and,

iv) determining means for determining whether to mix
selected audio data streams prior to transmission in
response to said comparison.
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