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CONTENT DISTRIBUTION SYSTEM AND
METHOD

[0001] The system relates to the distribution of content in a
network, in particular embodiments, the distribution of on
demand content in a multicast network.

[0002] Delivery of significant volumes of data to multiple
users, or end hosts, can impose a significant burden on a
network. Data can be broadcast over the network and picked
up by receivers interested in obtaining the data. However,
there may be whole sections of a network in which there is no
receiver who wishes to obtain the data so broadcasting data to
these network portions wastes network bandwidth. An alter-
native approach is to send data directly to only those users
who have requested the data using unicast methods. However,
this can result in large amounts of replicated content being
transmitted over the network, which again can cause conges-
tion in the network and affect reliability and Quality of Ser-
vice (QoS) for other data being transmitted in the network.
[0003] Multicasting techniques can be used to distribute
content more efficiently in a network by ensuring that content
is not replicated in the network until paths to its intended
destinations split in the network topology.

[0004] The delivery of on-demand content poses a particu-
lar problem, however, since multiple users may request the
same content at different times and each user may wish to
pause or rewind the content stream during playback of the
media. Delivery of such on-demand content by unicast
enables a user to start viewing a stream at any time and to
pause and rewind the stream. However, unicasting of all con-
tent is undesirable in most networks since it results in signifi-
cant replication of the content transmitted over the network
and consumes large amounts of network bandwidth.

[0005] There are difficulties in using multicast delivery
techniques to deliver on-demand content to several end hosts;
for example, the multicast stream cannot be paused or
rewound for a single user wishing to join the stream at a later
stage, as might be the case in uptake of on-demand content.
This might result in the new host having to set up and receive
a unicast stream for the content, no matter how little ahead in
time the multicast stream might be from the start of the piece
of content.

[0006] A first aspect provides a method of delivering con-
tent from a source to a destination in a content delivery
network, the method comprising: receiving a request for an
item of content; identifying or establishing a first multicast
stream comprising a first copy of the content; identifying or
establishing at least one second multicast stream comprising
a second copy of the content, the second copy of the content
being time-shifted by a time, M, from corresponding portions
of'the first copy of the content; determining a demand profile
for the content comprising at least one of, and optionally a
plurality of: a measure of the number of requests for the
content in a preceding time period; a prediction of the number
of expected requests for the content in a subsequent time
period; a determination of the geographical or topological
distribution of the requesting destinations in the network;
and, based on the demand profile, electing to deliver the
content using multiple time-staggered multicast streams.
[0007] Hence multiple multicast streams are used to deliver
aparticular piece of content to a destination that has requested
the content.

[0008] If one or more multicast streams of the content
already exist in the network, these may be identified and used
as part of the delivery of the content to the destination. If
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time-staggered multicast streams for the piece of content do
not already exist, then these can be created for delivery of the
content. A first multicast stream for a particular piece of
content may already exist in the network if, for example, the
content is set up as a multicast stream when it is first made
available in the network. A second multicast stream for a
particular piece of content may already exist in the network if
multiple users requested the content at a later time or if the
content owner determined that a second, time-delayed mul-
ticast version of the content should be made available to the
network. However, each destination will only be subscribing
to one of these multicast streams prior to implementation of
the above method.

[0009] Therefore, the demand profile can take into account
the rate and/or quantity of previous requests for the content,
for example the number of requests for the content in the past
halfhour or the rate of requests over the past hour and the way
the rate has changed over the past hour. Alternatively, or in
addition a model may predict the likely number of requests
over a future time period; for example, as described in more
detail below, a model may be designed to predict the number
of'requests received following the release of a piece of content
or following an advertisement for the content. The model may
take into account factors such as the time of day and/or
historical information about the demand profile for previous
pieces of similar content. Optionally, the demand profile is
made up of a combination of the factors described above.
[0010] In a particular embodiment, delivering the content
comprises directing the destination to join the first and the
second multicast streams to receive the content. Hence com-
ponents in the network can elect to deliver the content using a
multiple time-shifted multicast mode and can direct the des-
tination components to obtain the content accordingly by
instructing them to subscribe to a specific plurality of multi-
cast streams.

[0011] Optionally, information about the capability of the
destination is obtained prior to electing to deliver the content
using multiple multicast streams. In particular, the ability of
the destination to receive multiple multicast streams and the
buffer capacity of the destination can be checked to determine
that the destination is capable of receiving and buffering
sufficient content to enable delivery of the content in this
mode.

[0012] In some embodiments, the method further com-
prises identifying or establishing a third multicast stream
comprising a third copy of the content, the third copy of the
content being time-shifted by a time, P, from corresponding
portions of the first copy of the content, optionally wherein P
is equal to 2M. Hence, a plurality of three or more time-
shifted multicast streams can be used to deliver the content
and the streams may be time-shifted by a regular interval. The
more multicast streams that are used, the faster the content
can be delivered to the destination and the more destinations
can use the same streams to receive the content.

[0013] Optionally, the method further comprises identify-
ing or establishing at least one further multicast stream,
wherein each multicast stream comprises a copy of the con-
tent time-shifted by a time M from the copy of the content in
the previous stream. Therefore, multiple multicast streams
may be used for content delivery. The time, M, may be the
same or may be different between each stream.

[0014] In some embodiments, the method further com-
prises transmitting a portion of the content to the destination
in a unicast stream. If several multicast streams have already



US 2016/0057249 Al

been started for delivery of the content in the network prior to
the request for content being received, these existing multi-
cast streams may be used for content delivery. However, if all
of these streams have already been started, there will be a
portion at the beginning of the content that is not being deliv-
ered by any of the multicast streams. This portion can be
transmitted to the destination directly in a unicast stream, as
described in more detail below.

[0015] In some embodiments, the request is received and
the demand profile is determined at the source, this may be a
content server or a source designated router, S-DR, in the
multicast network. In other embodiments, the request is
received and the demand profile is determined at an interme-
diate network component between the source and the desti-
nation in the content delivery network

[0016] In some embodiments, the destination comprises a
host or a host designated router, H-DR, in a multicast net-
work. The host may be the end user terminal associated with
an end user or consumer of the content or may be an interme-
diate device that serves the content to the user’s device. For
example, the destination may be ahub within a home network
that receives the content for streaming to a user’s terminal,
such as an internet-connected television, a computer, a tablet
or a telephone. In one embodiment, the second multicast
stream may be started from a time, M, into the piece of
content. Hence, the stream may miss out the first M minutes
of the stream so that it is effectively multicasting content
ahead of the first stream, rather than being delayed in time
relative to the first stream.

[0017] Embodiments of the method may further comprise
identifying other destinations in the network receiving the
same piece of content and instructing at least one other des-
tination to join at least the first or the second multicast stream.
In such an embodiment, the second stream may be started at
the portion of the content that the earliest receiving destina-
tion has reached in the content.

[0018] A number of aspects of embodiments of the system
have been described above. It will be clear to one skilled in the
art that each of these aspects may be implemented indepen-
dently. However, the aspects are optionally implemented in
conjunction with each other to provide multiple advantages as
part of a larger system. Features of one aspect may be applied
directly to other aspects of the system. Further, method fea-
tures may be applied directly to aspects of the apparatus.
[0019] In particular, in all of the aspects described above,
the destination may be a host or a host designated router,
H-DR, in a multicast network. The host may be the end user
terminal associated with an end user or consumer of the
content or may be an intermediate device that serves the
content to the user’s device. For example, the destination may
be a hub within a home network that receives the content for
streaming to a user’s terminal, such as an internet-connected
television, a computer, a tablet or a telephone.

[0020] Similarly, in all of the aspects described above, the
source may be the device that serves the content in the net-
work or may be an intelligent routing component in the net-
work that handles routing of content to destinations. The
content may pass through the intelligent routing component,
or the component may control other components in the net-
work, such as the source, to implement the methods described
herein.

[0021] Further, in all of the aspects set out above, the con-
tent is optionally video content and/or audio content, in par-
ticular on-demand content delivered in response to a request

Feb. 25,2016

from a user. However, the skilled person will appreciate that
the systems and methods described herein could equally be
applied to networks for the distribution of data, such as text or
image data, or software.

[0022] Embodiments of the system will now be described
in more detail with references to the accompanying figures in
which:

[0023] FIG. 1 is a schematic diagram of an example net-
work within which aspects of the present system may be
implemented;

[0024] FIG. 2 illustrates schematically multiple time-de-
layed multicast streams according to one embodiment;
[0025] FIG. 3 is a schematic diagram of a multicast stream
buffered at a receiving host according to one embodiment;
[0026] FIG. 4 is a schematic diagram of a method of trig-
gering a time-staggered multicast content stream according to
one embodiment;

[0027] FIG. 5aillustrates a potential tree distribution topol-
ogy according to one embodiment;

[0028] FIG. 54 illustrates a potential tree distribution topol-
ogy according to another embodiment.

[0029] As set out above, aspects of the system described
herein create multiple time-staggered multicast streams for
the same piece of content. In some embodiments, the source
uses intelligent data analytics to decide which hosts should
subscribe to which of those (one or more) multicast streams.
The source can then trigger subscription of the hosts to the
chosen streams. The hosts re-assemble the multiple streams
which provide data from different starting points, and leave
multicast trees once they no longer receive unreplicated con-
tent from that tree. This affects host-to-group membership
and also results in better use of network resources by mini-
mising the number of unicast streams in the network for a
piece of content. Embodiments of each of the elements set out
above are now described in more detail, but an embodiment of
anetwork in which the present system may be implemented is
first described.

[0030] In the following description, the following terms
may be used and take the normal meanings of which a skilled
person in this technical area would be aware. In particular:
Host: an end user or destination that requests some content
from a source that can be delivered by unicast or multicast.
Source: provider of some content that either sends to hosts via
unicast or pushes it into the network via multicast

Content: electronic media, including but not limited to video
files/streams, linear TV, audio files/streams (conference,
radio, podcast), large file downloads etc.

DR: Designated router.

[0031] A network 800 within which aspects of the present
system may be implemented is illustrated schematically in
FIG. 1. Multicast networks can be used to deliver content,
such as video on demand content from one of a plurality of
content servers, or sources 810, 812, 814, to each of a plural-
ity of destinations or hosts 816, 818, 820. Multicast networks
can be notionally divided into two sections, one of which 826
comprises the hosts and the adjacent routers 822, 824, which
communicate using protocols such as the Internet Group
Management Protocol (IGMP) to establish and manage the
multicast group memberships of the hosts. In an IPv6 net-
work, this section of the network operates using Multicast
Listener Discovery (MLD) and ICMPv6 (Internet Control
Message Protocol) messaging and references to IGMP and
other IPv4 protocols herein are intended to include and
encompass equivalent IPv6 protocols.
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[0032] The other notional section of the multicast network
828 typically uses a protocol such as Protocol Independent
Multicast, usually in Sparse Mode (PIM-SM) to route and
implement multicast in the rest of the network, from the
sources 810, 812, 814 to the routers adjacent the hosts 822,
824. In particular, PIM-SM or similar protocols of which the
skilled person will be aware are used to manage the member-
ship of routers to multicast groups, which subscribe to content
sources in the network.

[0033] FIG. 1 illustrates a multicast network 800 that
includes a plurality of sources, 810, 812, 814, each of which
is capable of providing or serving content to a host 816, 818,
820 via the network. The sources are connected to source
designated routers (S-DRs) 830, 832, which manage the
delivery of content from the source to components in the
network.

[0034] The network also includes a number of intermediate
routers, IRs, 836, 838 that carry the multicast streams (along
with other network traffic) from the sources 810, 812, 814 to
the hosts 816, 818, 820. The IRs may include one or more
Rendezvous Points (RPs) 834 for particular multicast
streams. The RPs 834 are routers in the network through
which multicast data for a particular group passes to all the
downstream routers unless the downstream router is in a
source-specific mode. That is, downstream routers or hosts
824, 818 join the multicast stream through the RP 834. There-
fore, the downstream multicast tree is centred on the RP 834.
[0035] The routers closest to the hosts or destinations can
be termed host designated routers (H-DR) 822, 824. A mul-
ticast stream destined for a particular host 816 passes through
the associated H-DR 822 and the host sends to its H-DR
requests to join or prune from a particular multicast group
using IGMP.

[0036] By way of further example, a source 812 multicast-
ing content in a multicast group G, broadcasts advertisement
messages for that content throughout the network. Host H2
818 receives the advertisement and wishes to receive the
multicast data. The host 818 sends to its H-DR 824 an IGMP
Join request specifying the multicast address of the multicast
stream that it wishes to join, as detailed in the advertisement
message, together with its membership information. The
H-DR 824 builds a multicast tree back to the source 812 of the
content, usually based on the shortest path through the net-
work back to the S-DR 830 for the content. However, in most
operational modes, the multicast tree must pass through the
designated RP 834 for that multicast stream, and not through
other IRs 838, even if these would provide a shorter path back
to the S-DR 830. The H-DR 824 sends periodic Join/Prune
messages towards the group-specific RP 834 for each group
for which it has active downstream members.

[0037] Ifthe multicast tree is already delivering content to
other hosts, the H-DR 824 simply builds a branch back to the
existing multicast tree. If the host is the first to request the
content in that area of the network, the tree may be built back
to the S-DR 830. The multicast tree is indicated in FIG. 1 by
a dashed line 840. Once the multicast tree has been built,
multicast content can be delivered down the tree to the H-DR
824 and from there to the requesting host 818.

[0038] In PIM-SM based multicast systems, when a host
Designated Router (host-DR) receives a Membership Report
from one of its hosts to join a group G, it uses its unicast
protocol to look up the address of the neighbour who is the
next hop on the shortest path towards the RP (Rendezvous
Point Tree, RPT) or the source (Shortest Path Tree, SPT). The
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same action is performed when an intermediate router
receives a Join/Prune message from downstream routers with
the same request. They use the unicast protocol’s routing
metric as the MRIB routing metric, associated with a metric
preference that reflects the method through which this cost
was learned (i.e. each unicast protocol has an associated
metric preference value and metric costs can only be com-
pared if the metric preference value is the same). The next hop
neighbour with the lowest cost is chosen as the upstream
neighbour, to which a Join/Prune message is sent. A Join/
Prune message, as it travels all the way to the RP or source,
triggers the creation of a Group-related route entry in each
router. This reverse route that is built to the RP or the source
is used to route the flow of multicast data packets in the
downstream direction from the RP or source to the end host.
[0039] Each router on the multicast tree 840 maintains a
route entry within an internal database, such as the Multicast
Routing Information Base (MRIB), that includes information
such as the source address, the group address, the incoming
interface at which packets are received and a list of outgoing
interfaces to which packets should be sent for onward trans-
mission down the multicast tree. Timers, flag bits and other
information may also be stored in the MRIB entry.

[0040] To leave a multicast group, G, the host 818 sends a
Prune request to the H-DR 824, which then propagates
upwards through the multicast tree to tear down that branch of
the tree up to the point at which the tree is needed to deliver the
multicast data to other hosts.

[0041] In a network such as that shown in FIG. 1, a first
host, H1, may request a single piece of content at time T. This
content is sourced by source S, which is connected to a source
Designated Router (source-DR or S-DR) in a network that
operates PIM-SM or an equivalent multicast routing protocol.
The hosts use IGMP or similar for membership management.
The content stream itself lasts X minutes and the future time
when the session finishes, T+X, may be called T1. The piece
of content could be a news item or a movie that has gained
popularity and is now being requested by several users, with
relatively short time intervals between each request. If a mul-
ticast stream is started for the first user, in anticipation of
several other users joining in to this group to watch this
content, it cannot be stopped or paused for each new host to
catch up to the furthest point. This results in multicast not
being possible for this scenario. However, there is described
herein a method where several time-staggered multicast
streams are triggered to disseminate a piece of content to a
number of hosts, starting the stream from the first stream
position requested (i.e. the beginning) at time T. At a later
point in time, each multicast tree will serve a subset of all
these hosts but each host member in this group might actually
be playing out different points in the stream itself. We call this
a ‘catch up’ capability, provided by the source or its interface
into the network such as the source-DR, in the case of PIM-
SM. The intelligence may be deployed in the source or its
interface and also in the hosts of this group. The source
decides on which of the one or more multicast streams a host
subscribes to and can communicate this back to the host using
the unicast streaming protocol request.

[0042] A single host of the present system can receive mul-
tiple multicast streams simultaneously on different interfaces,
all buffered and re-assembled by the upper layer protocols.
Each multicast stream will be simultaneously delivering con-
tent from the same stream but from different points in the
video, e.g. as illustrated in FIG. 2, one stream could have
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started from the beginning at time T, the next stream at T+N,
and another at T+M (which is later than time T+N). They all
start from the beginning of the content and will each last X
minutes. A user joins at time T+U, where U>M>N. The
source requests that this host subscribes to all streams S(T),
S(T+N) and S(T+M) and this membership is successful. The
host now starts receiving three streams concurrently on dif-
ferent interfaces, which it begins to buffer.

[0043] The stream that started at T, stream S(T), will be the
furthest through the video, with the one that started at T+N,
stream S(T+N), behind by N minutes and the last stream,
S(T+M), behind by M minutes from T. This means that the
host can buffer this content as it receives it and prune off from
the streams that eventually deliver or output the content that
has already been delivered by another stream. For example,
after receiving stream S(T+N) for N minutes, this stream will
begin to deliver packets that were already received N minutes
ago at the start of S(T). Similarly, after time M-N, stream
S(T+M) will start to deliver packets that were already
received (M-N) minutes and M minutes ago from S(T+N)
and S(T) respectively. This means that at time T+N, the host
can leave the group that delivers stream S(T+M) and at time
T+M, the host can leave the group that delivers stream S(T+
N). The multicast stream that started the most recently in
time, in this case at T+M, is the one that is pruned off first
because the preceding stream would have already delivered
the relevant packets at its start. However, there still remains a
duration (U-M) from the start of the content that will not be
delivered by any of the existing multicast streams S(T), S(T+
N) or S(T+M) because they all started from the beginning
before time T+U. S(T+M), the stream closest to the start of the
video, will be (U-M) minutes from the start of the show.
Therefore, the packets that correspond from the start of the
video to (U-M) minutes into the stream are sent by unicast to
the host, since they are not available on any other multicast
stream.

[0044] In FIG. 2, stream 210 is the stream that is output to
the user at the host. Above this stream is provided an indica-
tion of the source stream from which each particular portion
of'the content was obtained. However, the skilled person will
appreciate that the content is output seamlessly to the user
without any break or noticeable change when the source of
the content changes from one stream to another.

[0045] FIG. 3 is a schematic illustration of a stream that is
buffered for output by the receiving host. Sections A1, A2, A3
and A4 are each received from different streams when the user
requests the content. A request for the content is received
from the host at time U. Section A1, which is of time length
U-M is unicast to the host, since all of the multicast streams
have already passed this point in the content when the request
is received. Section A2, which is of length M-N is received
from stream S(T+M) at the same time as the host is receiving
the unicast section Al. Section A2 is therefore buffered by the
host until A1 has finished being played to the user and A2 is
then output to the user. Section A3, which is of length T-N
minutes is received from stream S(T+N) simultaneously with
the receipt of Sections A1 and A2. Section A3 is therefore also
buffered for output until A1 and A2 have been output. The
beginning of Section A4 is received from multicast stream
S(T) substantially simultaneously with Sections A1, A2 and
A3. Section A4 is received and buffered and is output to the
user after Sections Al, A2 and A3. However, since there are
no more multicast streams in this example, the host will
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continue to receive stream S(T) and will continue to output
Section A4 until it reaches the end of the content.

[0046] It will be clear to one skilled in the art that the
example given above may be modified and varied depending
on the requirements and capabilities of the system and based
on some of the criteria and technical considerations set out
below. For example, each host may be capable of receiving
and buffering more or fewer than 4 streams or the network
may limit the number of available streams for a single piece of
content to fewer than 4.

[0047] Implementations of the present system may include
some or all of the following features: firstly, the end host
should be arranged to buffer the required number of packets,
in this case up to M minutes into the stream; secondly, a
communication mechanism may be provided between the
source and hosts; thirdly, the source can be arranged to govern
when to trigger a new multicast stream for the same piece of
content; fourthly, the source can be arranged to determine
how many and to which multicast streams a host must sub-
scribe, which may be implemented using predictive data ana-
Iytics capabilities and may take into account data delivery
capacity to the host (whether there is a link that supports four
streams of content simultaneously (3 from multicast, 1 from
unicast) or whether the user is willing to wait for the time it
takes to deliver these packets); and fifthly, the end host can be
arranged to control when to prune offa given multicast tree as
described above. Each of these elements may be provided
independently and each is described separately herein. How-
ever, the elements may be implemented in conjunction with
each other to provide multicast systems and methods as also
described herein.

[0048] The source and host may implement a protocol for
communication. The Real Time Streaming Protocol, RTSP,
HyperText Transport Protocol, HTTP, or similar can be used
for this purpose. When a host sends a request for a given
Uniform Resource Identifier, URI, in an RTSP Setup mes-
sage, the source or its proxy/interface into the network can
respond with a Redirect to issue the new URI of a multicast
stream. Alternatively, a source can use combinations of Set_
Parameter, Get_Parameter or Announce to publish this
change from the media server to the host during the session to
trigger the host to migrate to another group. In HTTP, the
communication of an alternate multicast URI can be passed
from the media server to the host in a URI redirection method
using an HTTP refresh header. Similar methods can be
devised for other protocol stacks. Alternatively, an external
entity can be deployed that performs all the above tasks and
communicates actions to both the source and host. This is
another embodiment of the same technique using a central
rather than distributed intelligence entity.

[0049] Itis also possible for the intelligence to be deployed
not on the media server (i.e. data source) but close to it
instead. Such an embodiment may be implemented where the
media server is inaccessible (e.g. controlled by a content
provider), in which case the network operator can deploy an
interface into the source which handles the tasks described
herein and acts as a proxy with this extended capability to the
source. In the case of PIM-SM, this could be the router that is
the first hop of the source, i.e. the source-DR. For ease of
reference henceforth, we will assume that the intelligence on
the source-end is deployed at the source itself. These varia-
tions are encompassed within the claims.

[0050] Methods for triggering multiple time-staggered
streams are now described. As set out below, there are a
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number of options for how and when such multicast streams
should be triggered. In the methods described below, several
multicast streams are created for the same piece of on-de-
mand content so that if a large host group is to request this
content at different times, different subsets of this host group
can be requested to subscribe to one or more multicast
streams, depending on their capability and predicted network
performance. The individual variations that cannot be cov-
ered by multicast can then be unicast to the hosts as described
above, depending on their capabilities.

[0051] Since every multicast stream is essentially a time-
staggered replication of content in the network, one does not
wish to generate streams when this can be avoided. Therefore,
the decision of when to trigger a new multicast stream can be
made selectively with some intelligence. The methods below,
although described independently, may be implemented in
the same system at different times or may be implemented in
conjunction with each other, so for example a stream may be
generated each N minutes according to the first described
method if a stream has not already been triggered by the
algorithm implementing the second method.

[0052] A first possible method is to trigger a multicast
stream at regular intervals, every N minutes. This is periodic
and may not be adaptive.

[0053] In a second method, streams are triggered taking
into account the capabilities of the requesting hosts. Between
each interval, Interval(M), the host group is subject to change
as hosts join and leave the group. This means that if each host
subscribes to one or more parallel but time-staggered streams,
the interval can be chosen such that the majority of the hosts
can buffer the packets required for that period.

[0054] For example, from the distribution of host groups at
a given evaluation period, 90% of the hosts might be able to
hold 2 hours of content in total. If most of the hosts are
subscribed to 3 parallel time-staggered multicast streams,
then the interval between the 3 streams must be chosen such
that by the end of the first 2 hours, data from the oldest stream
is not dropped due to buffer overflow. The algorithm could
also take into account the rate of consumption of packets by
the media player in addition to the number of streams to
which a host subscribes and the buffer capacity of the host for
this data rate (maximum time of play-out that can be buff-
ered). If a host can only buffer 2 hours of content in total,
assuming that this host subscribes to each stream that has
been generated till it joins, the periodicity of the streams must
be such thatin 2 hours, all the streams have not delivered more
data than can be consumed by the player. If the interval
between streams is too large, the buffer capacity of the host
will not be enough to subscribe to a stream and buffer all the
received content to play out at a later time after the unicast
stream that provides the catch-up to the multicast stream has
been played out first. Later packets in the multicast stream
will be dropped, which means that gaps exist in play-out and
must either be filled with poor play-out quality or re-request-
ing the dropped chunks of data. This has been explained for a
single host—the overall Interval(M) for a given piece of con-
tent can be derived from the distribution of all the hosts in the
group and choosing an interval such that most of the hosts can
benefit from the multiple streams.

[0055] Inathird method, new streams can also be generated
based on predicted uptake patterns. For example, if the opera-
tor knows that most consumers watch the content in the
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evenings (e.g. a movie), then it might be sufficient to not
trigger streams during the day because uptake will be mini-
mal.

[0056] Another example of predictive triggering of multi-
cast streams is as follows. If the source monitors that 11 hosts
out of a small network of 20 have requested for a piece of
content in the preceding time period, say 15 minutes, for
content that lasts for two hours, it can trigger a multicast
stream that starts from the beginning at the time of joining of
the 12 host, based on a prediction that more hosts in this
network might also request the same data. The method is
predictive and does not act to consolidate existing unicast
streams but instead minimises the number of future unicast
streams into a single multicast stream with catch up.

[0057] A fourth method is applied from a consolidation of
existing multiple closely-spaced unicast streams into a single
multicast stream with catch-up for the individual hosts. Alter-
natively, multicast streams can be triggered retrospectively, to
play out from a previous point in time. In the example from
Method 3, a multicast stream that starts at the furthest point
into the stream is created i.e. at 15 minutes, which is where the
first host will be in the stream, to run all the way to the end and
the catch-up protocol is triggered for the remaining hosts. The
result of this is that after a maximum of 15 minutes, all unicast
catch-up will be complete, replication of the data through 10
unnecessary unicast streams has been avoided and all of the
first 11 hosts will be playing out content stored in the buffer,
received from the start of the multicast stream. This is
explained further in FIG. 4 which illustrates four hosts, H1,
H2, H3 and H4 each receiving the same content.

[0058] Host H4 is furthest into the stream (i.e. it is the first
host to have requested the content). Therefore a multicast
stream is started at this point (i.e. 15 minutes into the content)
and other 3 hosts H1, H2 and H3 are caught up to this point
using unicast to fill their buffers simultaneously as the mul-
ticast stream is delivered and buffered for playback. The
player moves further into the stream as it plays out the buff-
ered packets and eventually arrives at 15 minutes into the
video, where it will begin to play out content delivered by
multicast. Similarly, for faster joining of all of the hosts to the
stream being delivered to H4, a second, temporary multicast
stream may be set up for example at the point at which host H3
has reached in the content, 12 minutes into the content. Hence
minutes 12-15 may be delivered simultaneously to H1, H2
and H3 and this multicast stream may be pruned off by these
hosts at 15 minutes, since the hosts will already have received
minute 15 onwards from the stream being delivered to H4.
Hence, multiple time-staggered multicast streams may be
generated retrospectively.

[0059] Any number of multicast streams can be generated
using one of the four decision methods described above.
Alternatively, a skilled user could device an algorithm of
when to trigger a new multicast stream after the first one, if at
all.

[0060] Once it has been determined that multicast streams
should be triggered described above and the time-interval
between them has been calculated, the new stream is trig-
gered and one method for doing this is described below.
[0061] The decision to trigger a new stream resides at the
source or its proxy into the network (in particular if the source
is inaccessible to the multicast enabler described here).
Assuming that PIM-SM is in place as the multicast routing
protocol, for a new multicast stream to be enabled, a Session
Description File for this stream should be created at the
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source and its source-DR should register with a Rendezvous
Point, RP, advertising its existence.

[0062] We assume that the source controls membership to
its streams by obtaining group addresses from the existing
address assignment server implementing a protocol such as
the Multicast Address Dynamic Client Allocation Protocol,
MADCAP, as well as advertising this to hosts using URIs for
each of the multicast streams available. We assume for sim-
plicity a 1-to-1 mapping between source stream and group
address: all members of a single group might receive content
from one time-staggered stream, the same members can be
subscribed to another group address as well where they might
receive another time-staggered stream of the same content.
Alternatively, mapping a combination of a number of differ-
ent content streams to a group address is also possible. Such
dynamic address assignment may be implemented in con-
junction with the present system However, since we only
consider time-staggered versions of one piece of content, we
assume a simple 1:1 assignment policy of a group address to
a time-staggered content stream.

[0063] The source communicates its new URIs to a request-
ing host using a real time streaming protocol such as RTSP’s
Announce, Redirect, Get/Set_Parameter messages. Alterna-
tively HT TP Streaming could be in place or any other propri-
etary stack of protocols. The host then resolves the new URI
to the stream assigned by the source and sends its IGMP Join
(Unsolicited Membership Report) to its Designated Router
(DR). This request travels hop by hop towards the RP or the
source using existing tree building methods, following which
a multicast tree branch is created and the content is received
downstream at the host.

[0064] Each of the above methods can be used as conditions
to trigger a new multicast stream. Any or combinations of
them can be used. They can also be used outside of the
catch-up scenario, for example to handle fixed live data
streaming and reduce unicast data replication when possible
depending on the application. The method of triggering mul-
tiple multicast streams is a standalone entity that can per-
ceived as a method behind content publishing, irrespective of
how the content is subscribed to by the host group. The
example described above demonstrates the advantage of
deploying such intelligence in triggering multiple time-stag-
gered multicast streams in a fixed stream scenario as well as
in a flexible streaming scenario. In the case of flexible stream-
ing, if the current time of play in the multicast content
received is in the future, the host must buffer this content (if
catch-up is applicable) and play it out as needed by the media
player after it has caught up with using unicast to the point
where multicast had started. An example outside the network
domain for application of this system in purely the publish
model (no catch-up) is to influence broadcast of flight enter-
tainment. Another example within content broadcasting is to
use this method to influence the lag time of a repeat show, e.g.
Channel 4+1 could be Channel 4+20 minutes.

[0065] For the rest of the description below, irrespective of
the method used from above, it is assumed that the outcome of
the decision methodology is such that 3 streams have been
triggered: S(T), S(T+N) and S(T+M) at times T, T+N and
T+M, where MN and S(T) will be the furthest into the content
at any one time. In this example, N and M are variables that
represent the computational outcome of the decision algo-
rithm for Interval(M).

[0066] The next step in the method described herein is to
decide which host is to subscribe to which of the available
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multicast streams, following a request to receive a certain
piece of on-demand content. Described below are factors and
options that can be taken into account to make the assignment.
[0067] Note that the content publish model need not be as
prescribed above for this method to be applicable. This is a
standalone subscribe model system that can manage, for a
given publish pattern, a subscription pattern for a host group,
taking into account the various factors explained below. Inthe
example described below, we assume that there are many
time-staggered available streams for a single piece of content,
generated using any set of criteria.

[0068] The network is divided into two types: one where
the network is small enough such that the various multicast
trees overlap or share common links and the other where the
trees themselves are relatively sparse and potentially geo-
graphically distributed across the network. Examples of this
are shown in FIG. 5. The last method set out below is best
suited to the latter. The method that is used may also depend
on the approach taken by the operator.

[0069] Note that, in some embodiments, the source main-
tains a table of the current time position into the video for each
multicast stream as well as a mapping of which users are on
which stream. This table can be implemented in some
embodiments as set out in the table below, which shows a
sample table maintained by a source for each available mul-
ticast stream.

Current position into

Multicast stream ID content (hours) Content consumers ID

S1 1:15
S2 0:45

H1, H2, HS, H7, H10, H16
H1, H3, HS, H6, H7, HS,
H9, H10

[0070] Note that this is different to the traditional method of
not needing to know all the hosts of a given group. Lack of this
knowledge implies also a lack of knowledge of the current
tree structure. This information can be collected if it is pos-
sible. If there is a method in the network of aggregating the
membership in a way that a more generic tree structure is still
derivable from the data, this can be used instead. The data
could also be collected from IGMP snooping devices rather
than host-DRs, if this is in place. Some of the following
methods might not be possible in some networks if group
membership information is not being collected.

[0071] Note that in the following scenarios, the source
ensures that the host has both the link and buffer capacity to
receive a number of streams and store them until play-out. If
a single content stream is sent at a data rate of 2 Mbps and the
last hop to the host can only support a maximum rate of 2.5
Mbps (where 500 Mbps is reserved for other traffic), then this
host can only support one multicast channel that should pro-
vide the beginning of the video in order for rapid play-out
unless a bandwidth sharing technique is imposed on the vari-
ous streams transferred to this host and the packets that start
off the video are prioritised to the host. If the link to the host
has FTTC (Fiber-To-The-Curb) (=60 Mbps downstream), the
available data rate is much higher and there can be many data
streams to this host. We assume in our descriptions that link
capacity is not a limitation. However, the number of multicast
sessions to which an application can trigger membership may
be limited depending on availability of link capacity.

[0072] In a first method, the source attempts to deliver as
much data simultaneously as possible to the host. It therefore
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requests the host to subscribe to as many streams as available,
in this case S(T), S(T+N) and S(T+M). The source must
verify that the host has sufficient buffer capacity to accom-
modate this so that by the time the media player has played-
out until the point where the oldest stream (S(T)) starts, the
last packets being delivered on S(T) can still be stored. Oth-
erwise, the most recent packets of S(T) will be dropped before
they are played-out since the buffer is full with packets that
haven’t yet been consumed and cannot store the newest pack-
ets of S(T). This will result in a gap in the media when this
segment of S(T) must be consumed which must either be
re-delivered or managed by upper layers during playback.

[0073] An advantage of this method may be that the net-
work resources are consumed fully and released as soon as the
download has finished. The host leaves all multicast groups as
soon as the download is complete and playback can begin at
any time. This approach is best suited for unrestricted link
capacity and a buffer that can store longer than the duration of
the video stream.

[0074] Ina second method, the source can allocate hosts to
groups according to which groups it wishes to retain, grow or
shrink over time. For example, if the number of hosts con-
suming S(T) far exceeds the number of hosts consuming
S(T+N), the source might decide to shrink away S(T+N) over
time. Such behaviour arises due to a high rate of change of
group membership. If S(T+N) is eventually terminated from
flowing through the network, this data replication can be
avoided and all hosts can obtain their content from S(T) with
unicast catch-up for the missing portion for late joiners, i.e.
users whose playback is closer to the beginning of the stream
than S(T). This method can also be deployed after a check that
the unicast catch-up streams will not last for a long duration in
comparison with the total duration of the video. For example,
if S(T) is such that it is currently delivering the last 15 minutes
of a video that lasts 90 minutes, catching up a host that
requests the video from the beginning for 75 minutes on
unicast streaming before they can consume the last 15 min-
utes from the buffered multicast stream might not be worth
the effort of sending Join/Prune messages to the tree deliver-
ing S(T) and setting up the new branch. These are trade-offs
that may be made by the operator based on the scarcity oftheir
network resources.

[0075] A third method approaches group assignment from
the perspective of network reliability. For example, if the
source is aware of a planned outage on one of the key links of
S(T+M), it might choose to place a host on a different tree
such as S(T+N) if the outage will not affect the latter. Alter-
natively, a more complex method of evaluating reliability is to
compute the distribution of end-to-end performance metrics
for host members of a given tree and use this to determine the
stream that traverses a tree with the best likelihood of good
network performance for a given host. This method does not
necessarily take into account the position of the video itself
and proportion of unicast to multicast segments in the video
delivered but concentrates more on providing the user with a
reliable experience with minimal packet loss, jitter and delay.
This method can also be extended such that the source uses a
predictive model to compute the performance of a tree or a
branch (if the end-to-end pathway of the new host is known
from the unicast protocol) and the optimal tree choice is made
for a given host. Our earlier inventions describe methods and
factors to take into account to evaluate the network perfor-
mance of a given route for a given session requirement. We
adapt this capability to compute an aggregate network per-
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formance metric per tree to decide on tree allocation for a host
to receive the required content.

[0076] A fourth method is best suited in a network where
the various groups are spread narrowly through clear portions
of the network. The potential structure of such a network is
illustrated in FIG. 5. Such networks arise because of the
physical location of the hosts requesting the content. The
hosts on the far left might be on S(T) whereas hosts on the
middle tree might be receiving S(T+M) and the hosts on the
right might receive S(T+N). Of course, such a stark demar-
cation of multicast trees might not occur in a real network but
the possibility exists if each of the three portions of the net-
work performs best for its local set of hosts but exhibits poor
network delivery performance for hosts at a large number of
hops from the tree. For example, the S(T) tree delivering to
the host group on the left might have better performance than
it having one tree branch flowing all the way downstream to a
subnet of hosts on the right side of the network, which might
be better served by S(T+N). This is especially exacerbated if
the network supporting the tree for S(T+M) is suffering con-
gestion due to other services. In such a scenario, the operator
can decide to make the assumption that the number of hops to
a host set is inversely proportional to the performance
expected for the host set—the greater the number of hops, the
worse the end-to-end-performance. Such an approach also
suits a network where the operator does not wish to have
several tree branches spreading out through the network from
a multicast tree, thus increasing data replication through par-
allel links and would instead prefer to have a narrower tree
deeper into the network.

[0077] The host’s geo-location can therefore be used to
choose which multicast streams it is assigned to for the piece
of content. In the simple example above, a host on the right is
more likely to become a member of the group that receives
S(T+N) since its RP and the corresponding tree are closest to
it.

[0078] A technique to compute this is to compare the least
number of hops from the host to the various trees that must be
chosen from and to pick the tree(s) with the shortest path(s).
[0079] Ina fifth method, the assignment of hosts to streams
combines one or more of the above decision methods. For
example, a source might assign a host to S(T+N) and unicast
N minutes of video because its buffer capacity can only sup-
port N minutes of this video (assuming instant playback at the
rate at which packets are delivered). It might also choose
S(T+N) over S(T+M) even though the unicast portion of the
video is minimised in the latter if it knows of impacting
network performance issues in the tree delivering S(T+M)
due to congestion. In another example, a host might be
assigned a group closest to its geo-location in order to avoid
traversing a portion of the network with congestion. A net-
work operator can use any or all of the above considerations
(reduce network load, group management strategies, network
resource reliability or geo-location-based assignment) in any
order of preference. If weighting factors are assigned to each
of these factors, an aggregated metric can be computed for
each tree per host combination and the tree(s) with the best
metric value(s) can be chosen and communicated to the host
to trigger membership.

[0080] Once the streams to which a host should subscribe
have been selected, the source can communicate the list of
URIs to be used by the host media player using unicast
streaming protocol messages. While a multiple URI scheme
is described herein, other methods might replace this to com-
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municate the group address to the host, which it uses to
become a member of this group to receive a single time-
staggered multicast stream. Having the group addresses, the
upper-layer-protocols pass a JoinHostGroup request to the IP
layer. The IGMP membership is managed by the extended IP
module for multicasting (upper-layer-protocol-to-IP interac-
tion and IGMP extensions). IGMP is then used to send an
IGMP Unsolicited Membership Report to the host’s DR with
the group addresses that it wishes to subscribe to. The host-
DR then uses this information to construct the multicast tree
branch to the host-DR for this group. The membership can be
of (*, G) or (S, ) state and multicast routing is done as
explained in RFC 4601 and RFC 2362.

[0081] The host also uses an RTSP/RTP/RTCP (or equiva-
lent) session to receive the unicast stream to cover the content
duration that it desires. These streaming protocols them-
selves, including methods to request a stream from a specific
position, are prior art. The method of hosts gradually pruning
offthe multiple multicast streams as data replication occurs in
the buffer has been explained above. The upper-layer-proto-
cols send a LeaveHostGroup request to the IGMP module,
which then sends a LeaveGroup request to the host-DR (or
silently times out its membership). This results in a Join/
Prune message being sent from the host-DR towards the
multicast source or RP, clearing the relevant (*, G), (S, G) or
(*,*, RP) states. Multicast data is no longer received for this
group/source, i.e. the host stops receiving this stream of time-
staggered content. Note that this leaving process is imple-
mented by hosts subscribed to multiple time-staggered copies
of the same video so that unnecessary network usage is
avoided if the host already has the required packet sequence.

[0082] It is assumed that the host has the capability to
receive multiple multicast streams/sessions simultaneously
through one or more group memberships. It should also be
able to handle the re-assembly of the packets from multiple
streams to the correct video content in chronological order in
its buffer for playback. i.e. a host application uses the position
in the stream, marked on the packets, as well as the start time
of'a given multicast stream (S(T), S(T+N) etc.), to reassemble
simultaneous inputs into the right order for the correct video
(if there is more than one piece of content being download
such as two different TV programmes, each downloaded
using one or more time-staggered multicast streams). This
relates to knowing the start positions in the buffer for the
unicast stream as well as the multicast streams S(T), S(T+N),
S(T+M) in FIG. 3 and rearranging the packets in the right
order before playback.

[0083] Note also that it is possible in some embodiments to
migrate existing multicast group subscribers to a different
multicast group (for example from S(T+N) to S(T)) and trig-
ger a catch-up (RTSP or similar) unicast session from the host
for N minutes of video. Multicast group choice is not limited
to the start of a host’s request but can be performed during
streaming as well. This may be useful, for example if a user
wishes to pause or rewind a stream during playback or if
reconfiguration of the multicast streams in the network is
required.

[0084] An example of the operation of the system accord-
ing to one embodiment is now set out in more detail, demon-
strating the capability of the system to trigger multiple
streams.

[0085] Assume that the content stream in this example has
a data rate of 2 Mbps. Assume that 90% of the hosts of a
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known network of 20 elements have a buffer capacity to store

1 GB (just over 1 hour of this content). We assume that the

content lasts 115 minutes.

[0086] The source now needs to decide whether or not, and

how often, a new multicast stream is to be triggered.

[0087] The source optimises based on following criteria:

[0088] 1. The total number of time-staggered multicast
streams flowing through the network. For example, S(T),
S(T+N) and S(T+M) will be 3 streams for the same con-
tent. Networks could operate with a maximum specified
number of multicast streams for the same content so that
data replication is minimised.

[0089] 2. The minimum time that a user needs to download
all the data for this video. This depends on how many
streams are available as well as the downstream link capac-
ity of the host and its buffer storage capacity.

[0090] The fixed parameters are:
1. The buffer and link capacity of the host
2. Data rate of the content
[0091] The optimisation is such that while the least number
of'streams are generated for its users, each host can download
the content as quickly as possible. For example, in order for a
host to have the entire stream in a minute, we will need to
create 115 multicast streams with a time difference of 1
minute between the playback points. The user will need a
download capacity of 230 Mbps. The other extreme is that
only 1 stream is generated, which then takes a user up to 115
minutes to download at a data rate of 2 Mbps (the link might
have spare capacity, which goes unused). Also, if only one
stream is available, if another host requests the same stream
100 minutes into the multicast stream, unicast catch up will
last up to 100 minutes. It is evident that both these extremes
are not desirable.
[0092] We have the following constraints:
Buffer capacity: 1 GB
Link capacity: 9 Mbps
[0093] Multicast stream limit: 10 Mbps (i.e. a content pro-
vider is not allowed to send more than 10 Mbps in multicast
through this network at any one time, irrespective of the
number of multicast streams. This means that this content can
have a maximum of 5 streams at a data rate of 2 Mbps at any
one time.)

[0094] This content must have a new stream at least once

every hour. Else, the buffer capacity of the majority of hosts is

insufficient. This means we need at least 2 streams. The link
capacity ofthe hosts supports 4 streams with 1 Mbps reserved
for other traffic. The network provider therefore decides to
trigger a new stream every 30 minutes. Therefore, a new
stream is triggered at the time of release of the content with
playback positions 0, 30, 60 and 90 minutes—i.e. 4 streams
start simultaneously at time 0, the first from the start, the
second 30 minutes into the video, etc. To correlate with the
description above, the stream starting at 90 minutes will be

S(T), the stream starting at 60 minutes is S(T+N) and that

which starts at 30 minutes into the video will be S(T+M).

There is one more stream in this example starting at 0, which

we call S(T+P) where P>M>N.

[0095] Assume that 10 requests, equally distributed, arrive

for this content every hour. This means we get on average 1

request every 6 minutes. On average, we have not more than

5 hosts catching up on unicast and a unicast stream will not be

longer than 30 minutes.

[0096] However, this assumption about equal distribution

of arrival rates might not hold. Consider that we also have
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knowledge about the uptake of this content. For example, we
know that there will be, on average, 4 requests every 5 min-
utes in the first hour after the content becomes available and 1
request every 12 minutes in the second hour. If we use our
previous playback times for the 4 streams, we can have up to
8 unicast streams in a 30 minute interval.

[0097] Now we add another constraint: to have a small
number of unicast streams at any one time.

[0098] To meet this constraint, we can use the user con-
sumption information to skew the start time of the 4 streams
to minimise the duration required on unicast for the later
requests. I[f we trigger a new stream every 20 minutes (match-
ing the distribution of hosts in the first and second hour (3:1)),
we again will have not more than 5 unicast streams on average
at any one time and the buffer capacity of 1 hour is still
sufficient. The source triggers streams at time 0 with playback
points at 0, 20, 40 and 60 minutes. It will not take more than
55 minutes for a new stream to begin since we can start a new
stream once a stream has reached the end position at 115
minutes.

[0099] Note that this publish model to trigger multiple
streams is stand-alone from a content publisher’s perspective
and need not be used for the subscribe model of assigning
streams to hosts. In fact, it is possible that intelligence is
deployed in triggering multiple streams and host membership
to these streams is done using different policies entirely. Also,
note that this method of triggering multiple streams can be
used in a fixed streaming scenario as well (i.e. without catch-
up). In this scenario, a host can only receive content from the
point at which it subscribed to it (no rewind or fast-forwarding
possible). In this case, the purpose of skewing the various
stream start times will then be to exploit knowledge about the
hosts to minimise the duration of the content that a host will
miss on average when joining the multicast stream after it has
already started.

[0100] The example method below demonstrates the
assignment of one or more multicast streams to a host.
[0101] Assume a piece of content lasting 115 minutes at a
data rate of 2 Mbps and the available streams are time-stag-
gered by 15 minutes. There will be 8 simultaneously available
streams for hosts to choose from. (There is no limit on the
number of streams generated by the source.)

[0102] Ahost H1, requesting the content from the start, has
a link capacity of 5 Mbps and a buffer capacity of 350 MB
(roughly 20 minutes of storage for this content). This host
cannot subscribe to an available multicast stream that is more
than 15 minutes into the video. The request from H1 is made
12 minutes into the start of the most recent stream S' triggered
by the source. Since it can only buffer 20 minutes, H1 will
have to subscribe to S'. It must then catch up 12 minutes of
content, play this back first to the user after which it can play
back the content that was received through multicast. It must
also teardown the unicast session (using RTSP Teardown, or
similar) at this point to ensure that it does not continue to
receive copies of the data after the first 12 minutes that it
already has from multicast.

[0103] We have another host H2 that has a 10 Mbps link
capacity and 1 GB buffer capacity (roughly 1 hour of this
video). H2 requests for the content, from the beginning, after
10 minutes into the start of the most recent stream (S').
Assume that the objective of the network provider is to give
the user the content as quickly as possible, subject to its link
and buffer capacities. Therefore, it requests H2 to subscribe to
S'and the streams that started 30 (S30), 60 (S60) and 90 (S90)
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minutes before S'. This means that the host will receive all the
content in a 30 minute period. It will also need a unicast
session from the source for the first 10 minutes of the content.
Link utilisation will be 10 Mbps for the first 10 minutes and
then fall to 8 Mbps for 15 minutes and 6 Mbps for the last 5
minutes of streaming. Any other combination of streams
results in a longer download duration.

[0104] Now we give an example where the assignment of
multiple streams is made based on the network performance
of the various multicast trees carrying the streams. We is
assume that each tree only forwards one time-staggered
stream but this can be extended in a real-life scenario. Assume
that there are currently 3 multicast trees carrying one time-
staggered stream of the video each. When a host H3 requests
for the unicast URI, the source must reply with the URI that
points the host to the respective tree, chosen for it by the
source.

[0105] The source computes a performance score for each
multicast tree. There are a number of metrics that it canuse to
compute this. For example, rate of change of Explicit Con-
gestion Notifications, ECN notifications, average packet loss,
average jitter, average throughput over all the links, average
number of hops to the RP, number of hops to the nearest
multicast tree member from the requesting host, average end-
to-end delay etc. All the metrics that are taken as averages
here could also be distributions across the network—this
increases complexity of the scoring below but follows the
same principle. There can also be derived metrics from the
routers that denote their health. For example, if the difference
between the number of egress packets and the number of
ingress packets increases, this means that the router is unable
to push out packets at the rate at which it receives them—this
value, as a percentage of the total number of incoming packets
per class of service, could be used as a measure of the router’s
health. Some of these metrics can be predictive taking into
account, for example methods of detecting QoS degradation.
There can be other metrics that take into account the shape of
the tree itself and rate some tree shapes are better than others.
The actual set of metrics used to compute the ‘tree health’
score can be application and operator-dependent and our list
above is only an indicative list.

[0106] For each of the above metric, we have a number of
quality classes that will be used to match the metric received
from the network with an indication of how ‘good’ it is. For
example, the maximum acceptable packet loss for a given
class of service could be 0.1%. Therefore, a gradient from 0%
loss to 0.1% loss, with step sizes of 0.02% loss, results in 5
quality classes. The incoming metric is matched with this
scale and a quality value is assigned to it. The number of
classes apportioned to a given metric reflects the importance
of this metric to the overall score (seen below). We perform
this step for all the metrics that we use to compute the tree
health score.

[0107] For this example, we compute this score from
packet loss, delay and jitter using the following quality
classes (the upper bound of a class does not belong to the
class):

[0108] Packet loss (acceptable SLA: 0.1% max):

5:0-0.02%; 4:0.02-0.04%:; 3:0.04-0.06%; 2:0.06-0.08%; 1:0.
08-0.1%; 0 otherwise

[0109] Jitter (acceptable SLA: 2 ms max):

2: 0-1 ms; 1: 1-2 ms; 0 otherwise
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[0110] Delay (acceptable SLA: 20 ms max):

5:0-4 ms; 4: 4-8 ms; 3: 8-12 ms; 2: 12-16 ms; 1: 16-20 ms; O
otherwise

[0111] Assume that measurements of average loss, jitter
and delay for the 3 available trees (calling them T1, T2, T3)
are:

T1:0.05%, 1.5 ms, 15 ms
T2: 0.08%, 2.0 ms, 18 ms

T3:0.03%, 1.5 ms, 13 ms

[0112] Once the quality class values are obtained from the
scorecards, the sum of all the quality values can give us a
score for overall tree health.

[0113] Usingthe above scorecard, we obtain scores of 6 for
T1, 2 for T2 and 7 for T3.

[0114] The way in which we have constructed our classes
mean that the tree with the highest score is the best suited for
this traffic. Our tree choice will be T3 for host H3. Note that
T3 would correspond to a specific time-staggered stream.
With this method of selection, the missing period from the
time of membership to the multicast stream on T3 must be
unicast to the host H3.

[0115] This example would also work if the key perfor-
mance indicator relates to group membership instead of
health of a multicast tree. Each source can have a strategy of
group management, reflected by the group score (similar to
health score here), which can then be used to grow or shrink
the size and alter the shape of a multicast tree in a desired way.
The source can also migrate existing group members to an
alternative group depending on the score obtained for each
existing group.

[0116] References in the preceding discussion to a content
delivery network should not be interpreted in a restrictive
manner. A method according to the present invention may be
implemented within any communications network which is
capable of supported unicast and multicast. Furthermore, the
use of a method according to the present invention is not
limited to audio or video content data and may be used to
transmit other types of data.

[0117] As the present invention may be implemented on
software within a router, or other device, it may be possible to
upgrade a conventional router (or device) to one which can
perform a method according to the present invention. Com-
puter code may be deployed to a modem (or router) via
download, for example via the internet, or on some physical
media, for example, DVD, CD-ROM, USB memory stick,
etc.

[0118] The present invention provides methods and sys-
tems for distributing content in a network, in particular a
multicast network. One method includes delivering content
from a source to a destination in a content delivery network.
A request for an item of content is received and a first multi-
cast stream is identified or established, the first multicast
stream comprising a first copy of the content. At least one
second multicast stream is also identified or established, the
second stream comprising a second copy of the content. The
second copy of the content is time-shifted by a time, M, from
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corresponding portions of the first copy of the content. The
content is then delivered to the destination using both the first
and the second multicast streams.

1. A method of delivering content from a source to a des-
tination in a content delivery network, the method compris-
ing:

receiving a request for an item of content;

identifying or establishing a first multicast stream compris-
ing a first copy of the content;

identifying or establishing at least one second multicast
stream comprising a second copy of the content, the
second copy of the content being time-shifted by a time,
M, from corresponding portions of the first copy of the
content;

determining a demand profile for the content comprising at
least one of, and optionally a plurality of:

a measure of the number of requests for the content in a
preceding time period;

a prediction of the number of expected requests for the
content in a subsequent time period;

a determination of the geographical or topological distri-
bution of the requesting destinations in the network; and,
based on the demand profile, electing to deliver the
content using multiple time-staggered multicast
streams.

2. A method according to claim 1 wherein delivering the
content comprises directing the destination to join the first the
second multicast streams to receive the content.

3. A method according to claim 1, wherein information
about the capability of the destination is obtained prior to
electing to deliver the content using multiple multicast
streams.

4. The method of claim 1 further comprising identifying or
establishing a third multicast stream comprising a third copy
of'the content, the third copy of the content being time-shifted
by a time, P, from corresponding portions of the first copy of
the content, optionally wherein P is equal to 2M.

5. The method of claim 1 further comprising identifying or
establishing at least one further multicast stream, wherein
each multicast stream comprises a copy of the content time-
shifted by a time M from the copy of the content in the
previous stream.

6. The method of claim 1 further comprising transmitting a
portion of the content to the destination in a unicast stream.

7. The method of claim 1 wherein the request is received
and the demand profile is determined at the source.

8. The method of any of claim 1 wherein, the request is
received and the demand profile is determined at an interme-
diate network component between the source and the desti-
nation in the content delivery network.

9. The method of claim 1 wherein the destination com-
prises a host or a host designated router, H-DR, in a multicast
network.

10. A computer program, computer program product, com-
puter readable medium or logic arranged to implement the
method according to claim 1.

11. An apparatus configured, in use, to implement a method
according to claim 1.



