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15 The term multimedia as used herein applies to both sound and pictures, to sound
only and to pictures only. Sound may include speech and music.

Network traffic through the .Intemet Is based on a transport protocol called the
intemet . Protocol (IP). IP is concemed with transporting data packets from one
20 location to another. It faciiitates the routing of packets through intermediate
gateways, that is, it allows data to be sent to machines that are not directly
connected in the same physical network. The unit of data transported by the IP
layer is called an IP datagram. The delivery service offered by IP is
connectionless, that is IP datagrams are routed around the Intemet independently
25 of each other. Since no resources are permanently committed within the gateways
to any particular connection, the gateways may occasionally have to discard
datagrams because of lack of buffer space or other resources. Thus, the delivery
service offered by IP is a best effort service rather than a guaranteed service.

30 Intemet multimedia is typically streamed over the User Datagram Protocol (UDP),

the Transmission Control Protocol (TCP) or the Hypertext Transfer Protocol

(HTTP).
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(HTTP). . 14 OCT 2003 2 UDP is a connectionless |ightweight transport
protocol. It offers very little above the service offerechq‘yolnlf. Aﬂtas nost
i nportant function is to deliver datagrans between specific tran *f)ort
endpoi nts. Consequently, the transmtting application 5 has to take care of
how t o packetize data to datagrans. Headers used in UDP contain a checksum
that allows the UDP | ayer at the receiving end to, check the wvalidity of
the data. Otherw se, degradation of IP datagranms will in turn affect UDP
dat agrans. UDP does not check that the datagrans have been received, does
not retransmt mssing datagrans, nor does it guarantee that the datagrans
are 10 received in the sane order as they were transmtted. UDP introduces
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Croti M fepdivad Rt SAla Or3BF 88 Y WerrdratBated. dea of how TOP wor ke i s as-
-follows. Each tinme TCP sends a packet of data, it starts a tiner. Wen ‘the

receiving end gets the packet, it imediately sends an acknow edgenent
back to t KPR g&@@pmmgiqtm@lyﬁaﬂg throughput having a small delay since there are

no retransmissions. Therefore it is used in retrieval applications to deal with the
effect of network congestion and to reduce delay (and jitter) at the receiving end.
15 However, the client must be able to recover from packet losses and possibly
conceal lost content. Even with reconstruction and concealment, the quality of a
reconstructed clip suffers somewhat. On the other hand, playback of the clip is
likely to happen in real-time without annoying pauses. Firewalls, whether in a
company or elsewhere, may forbid the usage of UDP because it is connectionless.
20
TCP is a connection-orientated transport protocol and the application using it can
transmit or receive a series of bytes with no apparent boundaries as in UDP. The
TCP layer divides the byte stream into packets, sends the packets over an IP
network and ensures that the packets are error-free and received in their correct
25 order. The basic idea of how TCP works is as foliows. Each time TCP sends a
packet of data, it starts a timer. When the receiving end gets the packet, it
immediately sends an acknowledgement back to the sender. When the sender
receives the acknowledgement, it knows all is well, and cancels the timer.
However, if the [P layer loses the outgoing segment or the retum
30 acknowledgement, the timer at the sending end will expire. At this point, the
sender will retransmit the segment. Now, if the sender waited for an
acknowledgement for each packet before sending the next one, the overall



recei ves the acknow edgenent, it knows all is well, and capncels the tiner.
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OCT 2003 3 transmission tinme would be relatively | ong and dependent on the
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A multimedia content creation and retrieval system is shown in Figure 1. The
system has one or more media sources, for example a camera and a microphone.
Alternatively, multimedia content can also be synthetically created without a
20 natural media source, for example animated computer graphics and digitally
generated music. In order to compose a multimedia clip consisting of different
media types, such as video, audio, text, images, graphics and animation, raw data
captured from the sources are edited by an editor. Typically the storage space
taken up by raw (uncompressed) multimedia data is huge. It can be megabytes for
25 a video sequence which can include a mixture of different media, for example
animation. in order to provide an attractive multimedia retrieval service over iow bit
rate channels, for example 28.8 kbps and 56 kbps, muitimedia clips are
compressed in the editing phase. This typically occurs off-line. The clips are then
handed to a multimedia server. Typically, a number of clients can access the
30 server over one or more networks. The server is able to respond to the requests
presented by the clients. The main task of the server is to transmit a desired

muitimedia clip to the client which the client decompresses and plays. During



25 a video sequence which can include a m xture of different nmedia, for
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channel throughput can vary significantfy. Thi s can even cause pauses in
t he pltQybalelayofarationd t i medi a stream whilst lost or corrupted data are
retransmtted. Pauses in nmultinedia playback are annoying. 20 Soneti nes
retransm ssion of |ost data is not handl ed by the transport protocol but
rat her by IsordethtaleasutecmiitimediaocaritentSot la sufficient aplalityais delivered,t itdsnost
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the streamecdivdd a@xanatecerror-free and in the correct order. Lost or corrupted protocol
15 data units are retransmitted. Consequently, the channel throughput can vary
significantly. This can even cause pauses in the playback of a multimedia stream
whilst lost or corrupted data are retransmitted. Pauses in multimedia playback are
annoying.

20 Sometimes retransmission of lost data is not handled by the transpott protocol but
rather by some higher-level protocol. Such a protocol can select the most vital lost
parts of a multimedia stream and request the retransmission of those. The most
vital parts can be used for prediction of other parts of the stream, for example.

25 In order to understand the invention better, descriptions of the elements of the
retrieval system, namely the editor, the server and the client, are set out below.

A typical sequence of operations carried out by the multimedia clip editor is shown
in Figure 2. Raw data are captured from one or more data sources. Capturing is
30 done using hardware, device drivers dedicated to the hardware and a capturing
application which controls the device drivers to use the hardware. Capturing

hardware may consist of a video camera connected to a PC video grabber card,



25 In order to understand the invention better, descriptions of the
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fromone or nore data sources. Capturing is 30 done using hardware, device
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controls the device drivers to use tige hardware. Capturing hardware nay
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showngi N uncompressed YUV 4:2:0 video track could be compressed using ITU-T

recommendation H.263 for low bit rate Video coding. If the compressed media

~ tracks are muitiplexed, they are interleaved so that they form a singie bitstream.

This clip is then handed to the multimedia server. Multiplexing is not essential to

provide a bitstream. For example, different media components such as sounds

20 and images may be identitied with packet header information in the transport layer.
Different UDP port numbers can be used for different media components.

A typical sequence of operations carried out by the muitimedia server is shown in
Figure 3. Typically multimedia servers have two modes of operation; they deliver
25 either pre-stored multimedia clips or a live (real-time) multimedia stream. In the
first mode, clips are stored in a server database, which is then accessed on-
demand by the server. In the second mode, multimedia clips are handed to the
server as a continuous media stream that is immediately transmitted to clients.
Clients control the operation of the server by an appropriate control protocol being
30 at least able to select a desired media clip. In addition, servers may support more
advanced controls. For example, clients may be able to stop the transmission of a

clip, to pause and resume transmission of a clip, and to control the media flow in



Figure 3. Typically multinedia servers have two nodes of operation; they
deliver 25 either pre-stored nultinedia clips or a live ﬁregh tb@@)
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A typical approach to the problem of varying throughput of a channel is to buffer
media data in the client before starting the playback and/or to adjust the
transmitted bit rate in real-time according to channel throughput statistics.
20
One way of tackling the problem of pauses is by using dynamic bit rate adjustment
in the multimedia server. However, the server may not react to network congestion
sufficiently quickly to avoid pausing in the client. In addition, the server cannot
control the retransmission mechanism of TCP (or other underlying protocols, such
25 aslP).

Even it dynamic bit rate adjustment is used, the client has to do some initial
buffering in any case to avoid delivery delays caused by re-transmission. If a
constant channel bit rate is assumed, one can calculate the point in time at which
30 a data unit is supposed to have been completely received. in addition, one can
calculate the point in time by which a data unit is supposed to have been played.
The time difference between these two points in time is referred to as the safety
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HTTP, the Hypertext Transfer Protocol, is the basis of the World Wide Web
(WWW). It is a simple protocol. A client establishes a TCP connection to a server,
issues a request, and reads back the server's response. The server denotes the

20 end of its response by closing the connection. The arrangement of protocol layers
is typically HTTP on TCP which is on IP.

The most common HTTP request is called GET. The GET request is associated
with a universal resource identifier (URI) which uniquely specifies the requested

25 item. The server responds to the GET request by retumning the file-corresponding
to the specified URI. The file retumed by the server nommally contains pointers
(hypertext links) to other files that can reside on other servers. A user can
therefore easily follow the links from file to file.

30 Servers used for Internet multimedia retrieval are either dedicated multimedia

servers or normal WWW servers.
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server- |ess or e nul timedia clips ar

st reaned simaitanébliBly. 10 Since this type of server has no. control over the
contents of the stream no flow (bandw dth) control can be applied, and
it cannot respond-to network congestion. Therefore, sudden pauses in the

pl ayback MaKimedflservel he@dt homidl WAVWIsevdls aré alsd riférréd Yo hoBanjehi ti al
bufferi ngadel a')/l in the client before starting the pl %back_ to- avoid such
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avoid such sudden pauses. Fast-forwarding a muitimedia stream from a standard
15 WWW server is not possible. Live multimedia streaming must be implemented
using special tricks, such as Java programming.

When a streamed multimedia clip is received, a suitable independent media player
application or a browser plug-in can be used to play it. Such muitimedia players

20 differ largely from browser to browser. Newer browsers may have some integrated
plug-ins for the most popular streaming video players.

There are a number of different data transmission methods available for
transmitting data between mobile teminals and their networks. One of the best
25 known methods is GSM (Global System for Mobile communications).

The current GSM data service called Circuit Switched Data (CSD) offers a 9.6
kbps circuit-switched channel. It is intended for GSM to provide a 14.4 kbps data
channel having forward error correction (FEC) and status information. High Speed
30 Circuit Switched Data (HSCSD) provides multiple 9.6 kbps or 14.4 kbps time slots
for a single user at the same time. There are symmetric and asymmetric
connections. In a symmetric connection, the air interface resources are allocated
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transmtting data between nobile termnals and their net n‘hmroqe of the
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9.6 kbps circuit-switched channel. It is intended for GSMto provide a
14. 4 kbps data channel having forward error correction (FEC) and status
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9.6 kbps or 14.4. kbps time slots for a single user at the sane tine.
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(or frame) data flow although the end-to-end service is circuit-switched. Each
15 frame includes redundancy bits to enable a receiver to detect remaining errors.
There are two sources of error, packet drops and corruption due to interference in
the radio frequency path. The latter can be recovered by redundancy checking.
The Radio Link Protocol (RLP) is used to provide retransmission in case of
remaining errors in frame. If a frame is found to be correct, the receiver
20 acknowledges this fact. If it is found not to be correct, a negative
acknowledgement is sent and the indicated frame is retransmitted. Consequentiy,
a non-transparent connection is error-free but throughput and transmission delay
vary.

25 Other network types exist, for example GPRS (General Packet Radio System). In
GPRS the transmissions are truly packet based.

A video sequence consists of a series of still pictures. Video compression methods
are based on reducing redundant and perceptually irrelevant parts of video
30 sequences. The redundancy in video sequences can be categorised into spatial,
temporal and spectral redundancy. Spatial redundancy means the correlation
between neighbouring pixels. Temporal redundancy means that the same objects



20 acknow edges this fact. If it is found not to be correct, a negative
acknow edgenent is sent and the indicated franme is retran3ﬂ1 6§ﬂ ,
Consequently, a non-transparent connection is error-free: 6t ﬁ@ﬁbhput
and transm ssion delay vary. 25 Oher network types exist, for exanple
GPRS (Ceneral Packet Radio System. In GPRS.the transnissions are truly
packet based. A video sequence consists of a series of still pictures.

Vi deo conpression nethods are basedqgn reduci ng redundant and perceptual |y
irrelevant parts of video 30 sequences. The redundancy in video sequences
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redundancynmépkhﬂesequence does not usual |y conpress |t 10 enough.
Therefore, sonme video encoders try to reduce the quality of those parts of
a video sequence which are subjectively the least i-nportant. In addition,
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coding of compression parameters and coefficients. The main technique is to use
variable length codes.
15
Video compression methods typically differentiate between pictures that can use
temporal redundancy reduction and those that cannot. Compressed pictures,
which do not use temporal redundancy reduction methods, are usually called
INTRA or |-frames whereas temporally predicted pictures are called INTER or P-
20 frames. In the INTER frame case, the predicted (motion-compensated) picture is
rarely precise enough, and therefore a spatially compressed prediction error

picture is also associated with each INTER frame.

Temporal scalability provides a mechanism for enhancing perceptual quality by
25 increasing the picture display rate. This is achieved by taking a pair of consecutive
reference pictures and bi-directionally predicting a B-picture from either one or
both of them. The B-picture can then be played in sequence between the two
anchor pictures. This is illustrated in Figure 5. Bi-directional temporal prediction
yields a more accurately predicted picture than uni-directional prediction. Thus, for
30 the same quantization level, B-pictures yield increased compression as compared
to forwardly predicted P-pictures. B-pictures are not used as reference pictures,

that is other pictures are never predicted from them. Since they can be discarded
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hi erarchig | ayers of data. A base |ayer contains a basic representation

of the mul'tThedia clip whereas enhancenent |ayers contain refinenent data
on top of underlying |ayers.

15 Scalable multimedia is typically ordered so that there are hierarchical layers of
data. A basé layer contains a basic representation of the multimedia clip whereas
enhancement layers éontain refinement data on top of underying layers.
Consequently, the enhancement layers improve the quality of the clip.

20 -Scalability is a desirable property for heterogeneous and error prone
environments. This property is desirable in order to counter limitations such as
| constraints on bit rate, display resolution, network throughput, and decoder

complexity.

25 Scalability can be used to improve error resilience in a transport system where
layered coding is combined with transport prioritisation. The term transport
prioritisation here refers to various mechanisms to provide different qualities of
service in transport, including unequal error protection, to provide different
channels having different error/loss rates. Depending on their nature, data are

30 assigned differently, for example, the base layer may be delivered through a
channel with high degree of error protection, and the enhancement layers may be

transmitted through more error-prone channels.



Consequently, the enhancenent |ayers inprove the quality of the clip. 20
Scalability is a desirable property for heterogeneous and Qoéﬂfaﬁﬁf .
environnments. This property is desirable in order to countef”l t ons
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transport prioritisation. The termtrgnsport prioritisation here refers to
vari ous nechanisnms to provide different qualities of service in transport,
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and four optional coding modes. H.263 version 2 is an extension of version 1

15  providing twelve new negotiable coding modes.

Pictures are coded as luminance and two colour difference (chrominance)

components (Y, C, and C,)). The chrominance pictures are sampled with a half of

the pixels along the both co-ordinate axes when compared to the luminance
20 picture.

The scalability mode (Annex O) of H.263 specifies syntax to support temporal,
signal-to noise ratio (SNRY), and spatial scalability capabilities.

25 Spatial scalability and SNR scalability are closely related, the only difference being
the increased spatial resolution provided by spatial scalability. An example of SNR
scalable pictures is shown in Figure 6. SNR scalability implies the creation of
multi-rate bit streams. It aliows for the recovery of coding errors, or differences
between an original picture and its reconstruction. This is achieved by using a finer

30 quantizer to encode the difference picture in an enhancement layer. This

additional information increases the SNR of the overall reproduced picture.



t he pi xel s .along the both co-ordi nate axes when conpared to the | um nance
20 picture. The scalability node (Annex 0) of H. 263 specifief ntax to
support tenporal, signal-to noise ratio (SNR), and spatial&s@ bi#d %ty
capabilities. 25 Spatial scalability and SNR scalability arée closely
related, the only difference being the increased spatial resolution

provi ded by spatial scalability. An exanple of SNR scal able pictures is
shown in Figure 6. SNR scalability ngplies the creation of multi-rate bit
streans. It allows for the recovery of coding errors, or differences
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process from the reference to the enhancement layer, the processing and syntax
of a spatially scaled picture are identical to those of an SNR scaled picture.

In either SNR or spatial scalability, the enhancement layer pictures are referred to
20 as El- or EP-pictures. If the enhancement layer picture is upwardly predicted from
a picture in the reference layer, then the enhancement layer picture is referred to
as an Enhancement-l (El) picture. In this type of scalability, the reference layer
means the layer “below" the current enhancement layer. In some cases, when
reference layer pictures are poorly predicted, over-coding of static parts of the
25 picture can occur in the enhancement layer, causing an unnecessarily excessive
bit rate. To avoid this problem, forward prediction is permitted in the enhancement
layer. A picture that can be predicted in the forward direction from a previous
enhancement layer picture or, altematively, upwardly predicted from the reference
layer picture is referred to as an Enhancement-P (EP) picture. Note that computing
30 the average of the upwardly and forwardly predicted pictures can provide bi-
directional prediction for EP-pictures. For both El- and EP-pictures, upward

prediction from the reference layer picture implies that no motion- vectors are



20 as El- or EP-pictures. If the enhancenent |ayer picture is upwardly
predicted froma picture in the reference | ayer, then the eﬁhﬁﬁﬁgnﬁgg | ayer
picture is referred to as an Enhancenent-I (El) picture. e of
scalability, the reference |ayer neans the |ayer "below the current
enhancenment |ayer. In sonme cases, when reference |ayer pictures are poorly
predi cted, over-coding of static parts of the 25 picture can occur in the
enhancenent | ayer, causing an unnecessarily excessive bit rate. To avoid
this problem forward prediction is pdrmtted in the enhancenent |ayer. A
picture that can be predicted in the forward direction froma previous

enhancemeat, 18y ein M&tlEE dI forwhidepradidtionl for ERyivtatios, pratitinc vectofs are t he
ref erence Payer picture is referred to as an Enhancenent-P (EP) picture.

Not e t hatrequii@d i ng 30 the average of the upwardly and forwardly predicted
pi ctures can provide bi- directional prediction for EP-pictures. For both
El - and EP-pictures, upward prediction fromthe reference |ayer picture
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serv Vi a normal uni -cast connection, the server nmay try
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15 adapt to bandwidth changes by varying the number of transmitted enhancement
layers.

According to a first aspect of the invention, there is provided a method of
transmitting a data signal according to ciaim 18.

20
According to a second aspect of the invention, there is provided a data

transmission system according to claim 10.

According to a third aspéct of the invention, there is provided a server according to

25 claim 1.

Preferably the server comprises re-ordering means. Preferably the server
comprises an editor for providing a scalable data signal.

30 According to a fourth aspect of the invention, there is provided a computer
program product according to claim 21.



transmtting a data signal according to claim18. 20 According to a second
. aspect of the invention, there is provided a data transrq im Z%ﬁtem
according to claim 10. According to a third aspect of the t t here
is provided a server according to 25 claim1. Preferably the server
corrprl ses re-ordering neans. Preferably the server conprises an editor for
providing a scal able data signal. 30 According to a fourth aspect of the
invention, there is provided a conputer program product according to claim
21. 14 OCT 2003 15 Preferably the cqgmputer program product .conprises a
server. In this sense it is neant that the when the conputer programis
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data units or layers of the data units into their original sequence 15

The transmi ssion |ink may sinp be_a bottl eneck, where, con on |
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14 ot Zggc%rt}lﬁg to claim 25.

10  Preferably where the data units or layers of the data-units are ordered into a
sequence other than their original sequence, the invention also includes means or
a step for retuming the data units or layers of the data units into their original

sequence.

15 The transmission link may simply be a bottleneck where congestion is occurring
and the invention is used to overcome the bottleneck.
20

25

30



An advantage of the invention is that it can provide |larger safety tines
than prior art arrangenents with the sane initial bufferizg hﬁ@& dition
it provides sonme degree of protection against decreased agg ' on -

t hroughput. Therefore it helps in‘reducing the occurrence of pauses

wi t hout sacrificing conpression 5 efficiency. The invention also helps in
transmtting over a unreliable network connection using transm ssion
protocol s which do not autonatically1Fetransnit but only retransmt those
m ssing parts chosen by a higher |evel function, for exanple in response to

10 feedbagk. 1S | 1: JRI:QV{ re. il 4S5, f the
vital par o agAniz8aoraRE favarhiof 18 hITF B o Tarl saffhl BRSEaN PP
parts of artsarargyensaris nwitte the isaetey inittal bisufferings rih t dddition) cit ggebides ysommal t he
ultimate end usey of the data signal is . likely,to perceive bej t er, out put
qual i ty. 9egrseppkPERtaElion gaaingt reAsed, trappmission, dhroughput. | Tharetare, it ab) e
to the daggipsi MNedducing MAE! 8&hfrentd! 6f FRUsES Wsﬁmin%mamprégsi&@t a
traffic usynlg the I'inkK is variable, for exanple due to the need to

re-t r dhsnefficiessy. or corrupted data. The invention provides a way of
altering a data signal so that it can be transmitted 20 over a

transni ssion |ink having a bandwi dth whi ch woul d ot herw se not be

suf f i ci enThé inventiomalsbdielps indvansgnittingtavienaamrelfabldnebiark conéctionaising

transm ssjon link to be —made. ayailable for ather data, for,hex | e .control
i or mat | BnsisE oRpois Bty 8 nof Bufareaoalk TBlrafding b e Fansif

saf ety tiﬂ%%p%is§iﬁ?ﬁaai%t&1osaﬁ bBya highee levlel fmction, fof eRu@pletin fddpoRsdnse of
the safety tinmes of other data_units. Preferably the data signal is

arrantfed feedhagk.dn dhis easeql prayidesyasee tirag dor retr@namissiasyat thevatabpars: et nent .

| ayer. Th | ayer

may reprege%%%%argﬁsnﬁy r?%rfﬁgﬁa\r}g?@lggﬁ' gﬁug'he g??gsséfgg{r'ea%nhﬁ gﬁ égech

uni t, t heliKaly teebe tranemittedcsuneessiltiy and theheltimaderend asenof thet data lsigral isayer ,

refines the bgge | a er tqgﬁr{rakﬁ ilt un@&e | i ke the data unit. Each enhancenent

| ayer 14 BYc r%?/e ¢ YUY nenent to the base | ayer. Preferably

the safety tinme of the base l|ayer is increased relative to the safety

ti f th h nt | :

! rres1é) br&e?a%lya&%eggn wid%‘}/ %¥ %he transmission link available to the data signal is
variable. This may be because the amount of data traffic using the link is variable,

for example due to the need to re-transmit lost or corrupted data.

The invention provides a way of altering a data signal so that it can be transmitted

20 over a transmission link having a bandwidth which wouid otherwise not be
sufficient for it or for allowing certain of the bandwidth of its transmission link to be
made available for other data, for exampie control information.

Preferably the effect of the invention is to increase the safety times of some data
25 units relative to, or even at the expense of, the safety times of other data units.

Preferably the data signal is arranged in a hierarchy having a base layer and at
least one enhancement layer. The term base layer means a most fundamental
layer. The base layer may represent the least refined version of the data signal. In
30 each unit, the (or each) enhancement layer, when combined with the base layer,
refines the base layer to make it more like the data unit. Each enhancement layer



Preferably the data signal is scalable. The base |layer and the or each 5
enhancenent | ayer-may have a scaled relationship with respict to each

ot her. The signal may be- scalable in the tenporal, the sp ﬁiaCT 2042
spectral or the SNR donains. Preferably by virtue of re-ordering the
sequence the |layers have safety tines 10 which depend on their position in
the hierarchy. For exanple the base |layer of a particular data unit nmay
have a greater safety |ine than enhantZnent |ayers. Advantageously, the
finer the level of refinement represented by a |layer, the shorter its

saf ety ti may 4dd Rioré eefiridyentite thowase layoraPefsrably. thdlsafsty sitrievef te idases an

editor. Preferaply the sjnk is.aclient. It y be a destination of the
data sign yeg&ﬁcgebasg% 'ﬁ{?HY?éo the safaty imes,of ‘ggﬁ?gﬁﬁc%f"ﬁ%?}’%fst el ephone. 20
Preferably the data units are franes. In one enbodi nent the data units

represent a sec]uence of pictures. Conveniently it is a video sequence.
Most pref Breferably i the «iaipr sigagl gl sealablea The daset layesurodbtheurateresichod

t hat the . y f . Wale fjguratijyve nd
rerer o Bindeedayeriy a0 H Scaidt fistSnap T respgerio AN f1lan o
a strictl gignabimay - scalbblei omtihe tempbeal theespatial, thd Ispactvalber ¢es SNiRed by
way of exgnr‘rr)l e only with reference to the acconpanying draw ngs in which:
30 Fi gure9? a multinmedia content creation and retrieval system
Figure 2 shows operations of a nultinmedia clip editor; Figure 3 shows
operations of a multipedia server; 1 4 OCT 2003 18 Figure 4 shows

oper at i onEreferablyhy vifugi af rewardering the iseauencerthq jayess diavessafety times

i 11 us§sat | ' IOt QAL ikl e [ S ' of

SNR o1 oo Yebet Ghithgir BoSfion, h Aip dTafhy°Fhr SReMBIET el badtoid o8 ' o

Fi gure 8 phdicslarcdatablinit may ihawei & greatey safetyl tinme dimant lenhahtemerstt layges. em
Advantageously, the finer the level of refinement represented by a layer, the
shorter its safety time.

15  Preferably the source is a server. Alternatively it is an editor.

Preferably the sink is a client. It may be a destination of the data signal such as a
mobile terminal, for example a mobils telephone.

20 Preferably the data units are frames. in one embodiment the data units represent
a sequence of pictures. Conveniently it is a video sequence. Most preferably, it
comprises multimedia data.

it should be understood that the terms ‘iayer* and "layers* are being used
25 figuratively and refer to blocks of data which can be applied to each other rather
than to a strictly positional relationship.

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

30 Figure 1 shows a multimedia content creation and retrieval system;
Figure 2 shows operations of a multimedia clip editor;

Figure 3 shows operations of a multimedia server;



Figure 9 shows nobile nultinedia retrieval systemaccording to the
invention; Figure 10 shows operations of an editor according to the

i nvention; Figure 11 shows operations of a client according & &@CTh@0d3

i nvention; Figure 12 shows safety tinmes of a re-ordered sequence and an
original sequence; 10 Figure 13 shows receiving and playback of a
re-ordered sequence; Figure 14 also shows receiving and pl ayback of a
re-ordered sequence; and Figure 15 ghows anot her mul ti medi a content
creation and retrieval system Figures 1 to 8 have been di scussed above. 15
A mobi | e g Irtelmvesaﬁér@hse{@bfémmagraﬁe P4t t o the invention is shown
in Figure 9. A thou a single client 2 Is'shown it will be

appr eci at'ﬁﬂ“fﬂﬁﬁhQW%ﬁ@l"%HatlQmof Bupitture predittion,ed enbodi nents will be, a
nunber of preci ated that at |east part of
the trandid ‘!%.'boﬁ* éﬁ""‘k ‘W éfgg'gﬁséf“@g’t'%gs 20 and the client 22 will be
wirel ess.F@hm?sstmvcsmriﬂlusnamn cfespaaalswlatbmtylZ whi ch produces a conpressed

clip, _a erv data a 14 for rin ed clip, re-ordering
rreaﬁ5516 I-ﬁ%lre QW%I@?E} e Mmltime 'Gg’r?&gg'é?eqe'ﬁ n@; E'§§§Hs¥§t?’ﬁ a server 18
for sendin@@@sﬁwéﬁtoandmtmﬁnsaawmsm%y@taﬂaaastdﬁag%'tﬁmm/éﬂﬁsﬁi sing order

recovery neans 20 to recover the original sequence”of the conpressed clip.
The cl i eftigyre 19gthaws eparationspfarediton ageording todhe ivention; exanpl e by

speci fyi [ t'%?%?o ﬂ'fsn& Clearly, the
re-orderin ly}‘am:}gns aﬁ{sstt Jr%@%n?gé%o\;éilrﬂ X?rei'étggﬁlgaho'ﬁeed to be conpatible
SO that tﬁwmaﬁmmafetqdhxmoftmre ondlegpdwsaéquunderand'ﬁlmﬁginﬁ&éa{uéﬂbeﬂg nmeans
16 c | ggated to o era afbefor% cf_%/ reach the server

data gf‘"Pa WS&fe t?ﬂ?ﬁf@ SIERTIPIPAFRMOBCE: Certain types ~ of
dat a, @8 13 dlbey SHEWS ?e’ﬁéiwﬁ@ﬁn@btd%&& b@réietda?aégeaéemd ap@ sent by ‘the
14OCT 3 19 editor 12 directly to the re-ordering neans 16. Although

they are sgw Sshewsanather myltimeglia eordentioreation ansd retdevalisystent.ver dat abase
14, the re-ordering neans 16 and the server 18 can all be configured into

a 5|ngle unit or entity which can al so be
Figures 1 to 8 have been discussed above.

15
A mobile multimedia retrieval system 10 according to the invention is shown in
Figure 8. Although only a single client 22 is shown it will be appreciated that there
can be, and in preferred embodiments will be, a number of such clients. It will also

be appreciated that at least part of the transmission link connecting a server 18
20 and the client 22 will be wireless.

The system 10 comprises an editor 12 which produces a compressed clip, a
server database 14 for storing the compressed clip, re-ordesing means 16 for re-
ordering the sequence of the compressed clip, a server 18 for sending the re-
25 ordered compressed clip and a client comprising order recovery means 20 to
recover the original sequence of the compressed clip. The client 22 controls the
operation of the server, for example by specifying which data are sent and how
they are sent. Clearly, the re-ordering means 16 and the order recovery means 20
need to be compatible so that the latter can recover the original order. The re-
30 ordering means 16 could be located to operate on data before they reach the
server database 14 rather than the embodiment shown in Figure 9. Certain types
of data, such as a live stream, may by-pass the database 14 and be sent by the



referred to as a server. 5 Figure 10 shows operation of an editor -according
to the invention. Raw data captured in the formof one or nore
unconpressed streans are edited to produce one or nore undohf)(ds a3
tracks. These-tracks are conpressed in a conpression step to produce
conpressed tracks. The conpressed tracks are 10 nultipl exed together to
produce a conpressed nultimedia clip. The nultinmediia clips are coded

scal ably. The resulting bitstreamcdB@sists of basic units, such as franes
in video conpression. These basic units are not all of equal inportance;
SONME ar e efitbrm wrétalyitﬁ then ré-ordafiingmeares 16.tAlthdughdbepdee shewbiseparately and

sone are, secondar Si C un ts whic ro li.ty of the. bitstream
El i mi nat ibkigyre Bn elgg‘ c@nd \h i B%l%t?ﬁajs@sy‘ga'hgég%f% i f?/ andss in
the decoggdssnrbt i 5R@haalFbé RonfiguredfihRCa sindie tmitldfvénm@amaw uantaﬁs@be a base
| ayer of the bitstream and the secondary units are enhancenent |ayers.

| nst ead o¢feredimasiaraprvére basic units into the original transni ssion order,
that Ls the 20 sequence in which they are produced by editing and
conpression of raw data, the invented nethod re-orders their sequence by
prioriti Figl@etfo? s‘poivmperhﬁmi of Lar tediteo according Itm;thpriave'ltimn. tRawsdatandar y
basic units in trans?n ssi on_order. Reordef{] ¢ caneta#e EA ageL{% fore or
after th@amh'l"?qlﬂ 9ifREN 9f 9B SL RIS HIFORPTesseATeAps Ao §pneq p%”s m and
the datagnbn ofi tyré URcompidsselowacks. tiesag ttdc&@eaaétedimm:&sfseﬂ' dximg. 25 A

re-ordering algorithmis used to re-order the sequence. ferred
enbodi mesempression §tan to Aredure, comPEessednirasks. ythe Wﬂfﬁﬁﬁ‘f‘#{% E?l"#&r y and

secoggar yn s %;?endlgkksé @r“@r g@e@#@% résdeil ﬁwu‘ﬁfrﬁédlﬁtéltgs ThB‘ﬁﬁﬁturﬂBdla' ncl ude

the "nunber "o he bitstreamis then re-ordered with
iterativelips am)code;uascaigbl;"rt Ehe resulting bitsteearn reonsists phbasigfunitsi sych iase

needed fqr ful] alit ba with.f c |t Lr {

r educed- 3@5?9%89 gH%%é? %/qp.gh}eesgulé%&c @hhﬂﬁggm%?iﬂlo g%?q)%ilﬁ%mﬂg&aﬁpl e of

such a r eoffe&reigindy Basictiitsivhigh danvike ke decdde techitstrelimtan@edmaodra 20
sacondary basic units which improve the quality of the bitstream. Elimination of the

15 secondary basic units causes only a quality loss in the decoded multimedia clip. In
effect, the primary basic units are a base layer of the bitstream and the secondary
units are enhancement layers.

Instead of organising the basic units into the original transmission order, that is the
20 sequence in which they are produced by editing and compression of raw data, the
invented method re-orders their sequence by prioritising the primary basic units so
that they pre-empt the secondary basic units in the transmission order. Reordering
can take place betore or after the multiplexing process depending on the nature of
the system and the data. in Figure 10 it is shown as taking place after muiltiplexing.
25
A re-ordering algorithm is used to re-order the sequence. In a preferred
embodiment, the algorithm conducts stream analysis to identify primary and
secondary basic units and to collect bit rate statistics. These may include the
number of bits per frame. The bitstream is then re-ordered with iterative re-
30 ordering steps to minimise the initial buffering time needed for full-quality playback
with full channel throughput and reduced-quality playback with a reduced channel
throughput. An example of such a re-ordering algorithm is given below. It should



be noted that the expected reduced channel throughput has to be estinated
.in advance since it is one of the input paraneters of thegﬂ éag\ The.
estimati on can be based on the statistics obtained fron1tﬁ gﬁgh

behavi our, for exanple. 5 Re-ordering of the basic units neans that the
primary basic units are likely to be received earlier than indicated in
their playback tine even though sone decrease in the channel throughput
occurs. However, secondary basic uni2® are vulnerable to transm ssion
del ay variations since the nethod schedules themto be received |just

before t BeIdoté@%aaﬂedemax@@%mwchm& hhughputt ies € ibenéstinsatad iin |
likely to be 10 able to the prinm basi unlg9 thﬁé gc?usm t he
pl aybackadenae since fieis Qﬂﬁaﬁ é’l‘e f’?ﬁ%l@ﬁﬂ%l}ﬁ °6'¥}IHE 2 gsfipati

secondar ganji’ Pé ifaskfidnSthe Satidhies oBiahﬁ‘éd h@ﬁ\dthe '&\Hnﬁélrtieh%vio%? q6r &xiplb! he| r
schedul e ayback time and will not be wused in playback. 15 Fi gure 11

shows operat lon of a client according to the invention. The bitstreamis
recei e r m[gﬂy dcli P,
denul ﬁ%ﬁgﬁ'ﬁﬁ ggé @h‘g{'%o@%rggégh% tﬂ 83 Eérg%ggﬁgm{%%rconpr e@gg to

r econst r twer\teldeaérnet:m :iﬁbeatmlsincthem playivadk timee everethoughespmen debreasé i ent
can be lied ei E)ﬂ] before or al_1|‘iter denmul tip |eél ngé%g endl[;% when it
occurs |H‘ Kechan raUghRI; QqgUss. Howeyey, secondary bagi reyu ®ing
bef ore dgyithhémiseionGelay Yariafons sineadhs néthed SENEJUISE Bt e Bol racBivedr e 10.
In this way re-ordering and order recovery are both applied to the

mul ti pl ejusti befare theisindicatedrplaykaskalimeolryliis way therdiephis slill fielstaobe k int o
th d |

ool bHERla PRS- Brisany SESRIBRRS ifibul Mudnd e Piadbick | Gl Rife Vi 10
time-st aummwthmughpuhﬂebgeasbscdonslderatbipuﬂ'tle tzecphdanydbasithiunitsi oe oe-the anp is

conpared with the current ack, tinme. the i sta reat er than
t he curr@ﬁ{erg\aﬁ\?bw e {Dah%’y t(t"seunecthedglelqoé.'lay %Pe@e&’ﬁhﬂats
di scar degised in plagbddire- stanp is Iess t han the current 30 playback ti rre the

basic unit is deconpressed and the two tinmes are conpared after
deconpression. If the tine stanp is less than the current playback tine the

basi g5 Unifgurs 17! Ehowrs opdrafibMiot % clidnt 'adcoidifePlo™¥RE: invention. The bitstream is

received by the client, re-ordered to produce the original compressed clip,
demultiplexed to produce the compressed tracks and then decompressed to
reconstruct the tracks. The basic unit order recovery step in the client can be
applied either before or after demultiplexing (depending in when it occurs in the

20 content editor). In Figure 11 it is shown as occurring before demultiplexing, to
correspond to the order described in Figure 10. In this way re-ordering and order
recovery are both applied to the multiplexed bitstream. Order recovery organises
the basic units back into their natural sequence for decompression and discards all
late-arriving secondary basic units.

25
On receipt of a basic unit by the client, it is time-stamped with a time by which it
should be played. This time-stamp is compared with the current playback time. If
the time-stamp is greater than the current playback time the basic unit is not
decompressed and it is discarded. If the time-stamp is less than the current

30 playback time the basic unit is decompressed and the two times are compared
after decompression. If the time stamp is less than the current playback time the
basic unit is played. Otherwise, it is discarded.



14 OCT 2003 21 In the particular case in which re-ordering is perforned
after nmultiplexing, the nultiplexing/demultiplexing fornat us?dm%;jeds to
allow re-ordering of the basic wunits and recovery of thg‘?dxﬂg order.
Figure 15 - shows another view of a nmultinedia content creation and
retrieval systemaccording to the invention. The system 50 conprises an
editor 52, a server 54 and a client 56. 10 The editor conprises a
conpressor 58 for conpressing a raw lata streamtypically being in the
formof a sequence of inmages into a formsuitable for transm ssion, a

mul tipl exer 60 for multiplexing the conpressed raw data stream w th ot her
conpressed data streans together to produce a conpressed bitstreamand a
| ayer gehetiad ipznrticdansase i owhighortueidegngris rparipninedi aftdrr muolliplaming thar e

tal t de, the,.hit.st
{he- qual FgRRRGHerReY Bl EATRE Uoed VS ol altly oS ot e Ratill L0 e %,
for arrangit§anttecoveryestieotdinalasrder. Whi ch depends on their inportance in

hel ping to reconstruct the raw data 20 streamat the client 56 rather than
thei r®natural sequential order. The server 54 and the client 56 each

conpri se ﬁ%&a% IdHoWY afefer! ﬂswnsﬂas niftimadid dohtems BrRatibly &lnd tatfievt a

transm ssi
client 56ystem mrdingémth@mve@npmmswamm eQIBREses an-editor 52, pseNRLt t i ng

t he fra c| tq.i]sthe' r natural sequential order, a denultiplexer 74
for S € bitstream and a deconpressor 76 for deconpressing

t he corrpressed data streans to reproduce the raw data stream The client

conpr,i.se / out, ut neans, 7 ' f ting
he v . Ater ool <atiive ol ol ol il AR iea Bttt
appl i es Ebei‘r@ﬂtﬂb f&hﬂrﬁlla ééqddﬁee&ﬁﬁmage&intbm iom'ntsnnthblbrfer transmrsdem ag neans
in response to receipt of franmes in the cl J

multiplexer 60 for multiplexing the compresse raw data stream with other

compressed data streams together to produce a compressed bitstream and a

layer generation means 62 for producing primary basic frames which are vital to

15 decode the bitstream and secondary basic frames which improve the quality of the

bitstream.

The server 54 comprises re-ordering means 64 for arranging the frames in an
order which depends on their importance in helping to reconstruct the raw data
20 stream at the client 56 rather than their natural sequential order.

The server 54 and the client 56 each comprise transmitting/receiving means 66
and 70 respectively for data transmission over a transmission link 68 between the
server 54 and the client 56.
25
The client 56 comprises order recovery means 72 for putting the frames back into
their natural sequential order, a demultiplexer 74 for demultiplexing the bitstream
and a decompressor 76 for decompressing the compressed data streams to
reproduce the raw data stream. The client comprises playing/output means 78 for
30 playing or otherwise outputting the raw data stream. The client also comprises a
controller 80 which applies a control signal to the server 54 to control the re-
ordering means in response to receipt of frames in the client 56.

n over a transm ssion |ink 68 between the server 54 and the



14 OCT 2003 22 Exanple An enbodi nent of the invention was tested using an
H. 263 conpliant encoder and a franme re-ordering tool. The enﬁgﬁiews
capabl e of producing B-frames. The re 5 ordering tool cormﬂi-l»s Qb
re-ordering algorithmand could be adjusted to produce frame ordering for
di fferent decreased channel data rates. A standard ITU- T test sequence of
video franmes called dasgow was used. The sequence had a QCIF resol ution,
that is a |um nance picture size of x 144 10 pixels and a chrom nance
picture size of 88 x 72 pixels. The frrst 297 franmes of the d asgow
sequence were conpressed to produce a tenporally scal able bitstream
conprising INTRA (1) frames, INTER (P) franmes and bi-directionally

predi ct ed Bx@mpleames. The | and P frames are referred to as primary 15

IR RENILCHE L DO R O R R
the conprefang r?&ﬂ&é?ﬂ@tdéﬁ %WN%% cf%ﬁaﬁl% o?%%\'ﬂlﬁ%g BA®ambE 2TRe Y&S

conpressed. The first frame was an | NTRA frame, an second one was an

| NTER Br asdering tool comprised arre-adeting pigerithim and epeid be adiustedito pradugees. A
20 consta WA | am havi ng an average bit
rate of Z%%QB%S%Sgﬂé\@g?@gggg%ggéggg%g‘gegdgﬁ'%?éafe for the primary franes
of 28984 bps and an average bit rate for the secondary frames of 12089

bps. For the, sake ' i cit t he exanpl e do n i ncl ude nul tipl exing
o he. " 2of Brardere Bl (B shabenns B viERs dmes i GlasehW s nse: The
sequence Wyjuehéd Wad e QTIPaeabkitisnS fhat i fa luAfifEnceCHIEiRE RIS 0P A 760 94as Of
the primary frane bit rate (A) and (i), 25% (ii) 50% and (iii) 75 % of

t he sdBondi¥s)s apddchseminagee piatyre size oA X d2ixaldt ed t hat 100% of . the 30
secondary bit rate (B) corresponds to the average bit rate required in
order to obtain full quality playback. The summed bit rates were 32007,
35029 and WeOfitst 297 fraraep af tthe cBlasgewr serianem iwere compressed tolprodiaega

descri pti qgmptopﬁﬁescgiaialer giis?rsea% ce:or%ris%-gr Iﬁ?ﬂﬁ (1) frames, INTER (P) frames and
bi-directionally predicted (B) frames. The | and P frames are referred to as primary

16 frames and the B frames are referred to as secondary frames. The frame rate of

the originai (default) sequence was 12.5 frames per second (fps) and so the
compressed sequence corresponded to 23.68 seconds. Each frame was
compressed. Thg first frame was an INTRA frame, and the second one was an

INTER frame. Af;er that, there were altemate INTER frames and B-frames. A

20 constant quantizer was used to produce a bitstream having an average bit rate of
41073 bps consisting of an average bit rate for the primary frames of 28984 bps

and an average bit rate for the secondary frames of 12089 bps.

For the sake of simplicity, the example does not include multiplexing of the
25 bitstream with another bitstream.

Re-ordering of the frame sequence was optimised separately for bit rates
corresponding to sums of the primary frame bit rate (A) and (i) 25%; (ii) 50%; and
(iii) 75 % of the secondary frame bit rate (B). It should be noted that 100% of the
30 secondary bit rate (B) corresponds to the average bit rate required in order to
obtain full quality playback. The summed bit rates were 32007, 35029 and 38051

bps respectively. For convenience, in the following description, these bit rates are



23 referred to as 25% (A+0. 258), 50% (A+0.5B) and 75% ( A+0. 75B), and the
correspondi ng re-ordered sequences are referred to as 25-ordered,
50-ordered and 75-ordered. It was expected that the full rdtke 08T 208
channel would be the average bit rate of the sequence. 5 The reordering
al gorithmused two values: FQFR (full quality full rate), which is the
mnimminitial buffering time to ensure full-quality playback assum ng a
full rate channel; and RQRR (reduced ggality reduced rate) which is the
mnimminitial buffering tine to 10 ensure reduced-quality playback in

whi ch the pasbfrBg Yiof é§”§§°/oa$£+6).b98)?d5@%d (fR08B) Unchli5es g@o,;ogggajsgagﬁﬁﬁ? gg}()y

not be played (assumng a reduced secondary bit rate
I n cal cul acPHeSHRORNG MeorRiERed fsequanges are igfarred Hanas 125-ordered, di)-ordared

assunes 1 ] 0 | t | [ " Lstics
the |ikel ygﬂé%e?‘]dgfé%ﬁ% ?’a%e%%?é%“’f% thg i rafe] 8Pl EnBhiel'Fdp 86 he

whi ch a paaveragkdit ratecofethe seqoetem. pl ayed is known fromthe time stanp. A
time is_determ ned by which a frame will be ready for display as a picture

(aIIovvi"i-’\g, of course, for the time needed to receive the bits for a frame

and to prewRbeestaehig albrittith tisbil Wo valuegpared with the tine stanp of 20
the frame. If the frane will be received after it is to be displayed, the

buf f eri ng FRRR (full quakityfull ate),i which is the sriaimusy initiak bufferingetime e ensuref r ane
can be dea e Mg ] ed the likely tines of
recei pt of Méquﬁ%'p ?I%&%kaén%gngﬁgglarf\gll% el r&g'lrga};ﬁ/{)ack ti rres.an)d/ adjusted to
buf f eri ng RQRR $redaced gyality sedudeal ratd) avhicthisithd miaimurndnitiacimifferingl time toe,

th I D buf f er,i {i has, been cal cul at ed. The al gorithm was

appl | eIl ¢ oohsue BRIy BRVpaSE P R nehiaary Fames afe HRyd R gaime <
snal | er t hap aREIBoheDgUremed nedyfAbt be Pidjedl (adsuhlinglaatdduted!stkbadiry iy

have to wait |lognger in starting playback if you have a reduced rate
channel . THFale ohR8%: SPMNPEER%e to mininmise the initial buffering time needed
for full-quality 30 playback with full channel throughput and at the sane
time for reduced-quality

In calculating FQFR and RQRR for a particular channel, the algorithm assumes

15 that it has a constant bit rate. Using the bit rate. statistics the likely number of bits
per frame is caldulated. The time instant at which a particular frame is to be played
is known from the time stamp. A time is determined by which a frame will be ready
for display as a picture (allowing, of course, for the time needed to receive the bits
for a frame and to prepare them) and this time is compared with the time stamp of

20 the frame. If the frame will be received after it is to be displayed, the buffering time
is increased, if it is received in time then the next frame can be dealt with. Once
the algorithm has compared the likely times of receipt of all of the frames against
their playback times and adjusted to buffering time accordingly so that they should
all be received in time, the minimum buffering time has been calculated.

25
The algorithm was applied to a sequence having its original order. In this case,
FQFR is smaller than RQRR because in order to obtain full quality playback, you
have to wait longer in starting playback if you have a reduced rate channel. The
algorithm seeks to minimise the initial buffering time needed for full-quality

30 playback with full channei throughput and at the same time for reduced-quality
playback with a reduced channel throughput. In other words, the algorithm seeks
to find a value where FQFR and RQRR are approximately equal. it should be



pl ayback with a reduced channel throughput. In other words, the algorithm

seeks to find a value where FQFR and RQRR are approxi matel eqlaﬁial éﬂt .
should be 1 4 OCT 2003 24 noted that the algorithmis not o% [ ZBQ [

the al gorithm does not necessarily re-order the sequence so that the
mnimminitial buffering delay is found. The algorithmconsists of the
followng steps: 1. Calculate FQFR and RQRR. 5 2. If FQFR is greater than
or equal to RORR, stop re-ordering. e mninuminitial buffering delay is
the greater of FQFR or RORR Ot herwi se, continue with the next step. 3.

Shift all f O; b frame
otep. For"ed Teftins dGini i ot ontiian B WD oRlprihh REYHER SRl

P6, B7, P®-order theleequence seithat thegminiemme dnitiakebsiberirendelay ds fadnd. Plhe P2

P4, B3, where 10 is the first franme. It can be
seen thatg%@rﬁg‘ g%sség%%tg‘%abpg‘gwgﬁtgp%arI ler 1in sequence than an adjacent
primary ft.abasculatecdFQPRIANAOAQRR. the primary and 15 secondary franes are
exchange

d nt f ) fferi t ded t
pause oz IEFQFBs arsiet fhen Srmiual to AURE, SoPaREAIHEANG. I BINTBHRYIBHaL he
ori gi nal- wag%uémm\é gfeattaﬁof FOFRIS RARFE ORBARAse | donltifiue dﬁtﬁ'tﬁa%ef to

have a short initial ering tinme. The re- ordering process makés a 20
trade- offStBB-tween the m ni mum buffering tinme needed for a full-rate channel

oot SN WA ik e b SERRCRTINES Y MRS
provi de fstep-Fayexaniple,if thplinikial sequeneefist! | -rat e channel . Hovvevgar, wi t hout
br ovi e, 10aGLdeR R Py 7 £ B FI0 25 cduced rat o channel - 1t he:
exanpl e, graftieg hanggsthesequahs@td:nvestigated. Initial buffering time was
set 10, P1, P2, P4, B3, P6, BS, P8, B7, P10, B9, ...
where [0 is the first frame. 1t can be seen that where a secondary frame is earlier
in sequence than an adjacent primary frame, the positions of the primary and
15 secondary frames are exchanged.
4. Continue from step 1.
The buffering time needed to ensure pause-less playback in the reduced bit rate
channel is greater for the original sequence than for the re-ordered sequence. It is
desirable to have a short initial buffering time. The re-ordering process makes a
20 trade-off between the minimum buffering time needed for a full-rate channel and
the minimum buffering time needed for expected reduced-rate channels. Without
re-ordering, less initial buffering time would have been needed to provide full-
quality playback in the fuli-rate channel. However, without re-ordering, more initial
buffering time would have been required to provide reduced-quality playback in the
25 reduced-rate channel.

In the example, safety times were also investigated. Initial buffering time was set
to be the minimum for reduced quality playback of the re-ordered sequence at
25% secondary bit rate. Figure 12 shows how safety time varies with playback of

30 the 25-ordered sequence and the original order sequence. It shows that
throughout playback, the 25-ordered sequence (represented by the upper line) has
a longer safety time than the original order sequence.



to be the mnimumfor reduced quality playback of the re-ordered sequence
at 25% secondary bit rate. Figure 12 shows how safety tinme varies with

pl ayback of 30 the 25-ordered sequence and the original orded 8&hu@Stte. It
shows that throughout playback, the 25-ordered sequence (represented by
the upper line) has a longer safety tine than the original order sequence.
14 OCT 2003 25 Results were also obtained for the 50% and 75% secondary bit
rates. The average safety tines (inggeconds) for all primary frames in a
sequence are shown in the followng table for all three reduced bit rates.
The safety tinmes are characterised by 5 mninmumsafety tinme and average
safety tinme. 25%0%5% M ni nrum Re-ordered 4.792.511. 06 Default 3.461.630. 64
Di f f er encReswlts3ger@siisa 2blamedchtpe the50Vdand @5% 9Bdndaey librdbes.dilie avedsge 831. 84

Differencel..240. 670. 28 |t b n bot h_the m ni num and average
oaf ety 1 1SS s din SecsngS o L BRARL BBmet'a i Shok A AR ¥ 4.2
original pRswingaableX¥or AMtiresredusded lsittatesit THesafatyi tings arldiaradterseiby he
requi red bufferi ng* del aés in seconds for full-quality playback at

di f f erfentMigiMERGRATE iMa Apd averge safetydiMeni ni se  pauses in pl ayback. 25%
50%’5% Re-ordered 10.04 6.033.53 Default 7.02 4.643.02 15 It can be seen
that the re-ordered_sequence needs a longer buffering delay for full™"
qual ity playback because the second26% f 6@%es78%c transm tted out of their

natural Minimum Re-ordered 4.79 2.51 1.06
Default 3.46 1.63 0.64
Difference 1.33 0.88 0.42

Average Re-ordered 5.90 3.51 2.12
Default 466 283 1.84
Difference 1.24 0.67 0.28

it can be seen that both the minimum and average safety times of the re-ordered
sequences are longer than those of the original sequence.

10
In contrast, set out below is a table showing the required buffering delays in
seconds for full-quality playback at different average bit rates. This is to minimise
pauses in playback.

25% 50% 75%
Re-ordered 10.04 6.03 3.53
Default 7.02 464 3.02

15
It can be seen that the re-ordered sequence needs a longer buffering delay for full-
quality playback because the secondary frames are transmitted out of their natural
order and time is required to put all the frames back into their natural order.
However, this is not important because the invention sets out to provide reduced
20 quality playback with minimal initial buffering delay. To illustrate this, the following



order and tine is required to put all the franes back into their natural
order. .However, this is not inportant because the invention sets out to
_provide reduced 20 quality playback with miniml initial biff8ETnel ay.
To illustrate this, the follow ng 14 OCT 2003 26 table shows the buffering
del ays required to ensure pause-|ess reduced equality playback: 25%0% 5%
Re-ordered 5.283.492.47 Default 6.914.462.84 These results show that where
the bit rate of the transm ssion cha | is reduced, 5 the invented nethod
requires a shorter buffering delay betore playback can be started. The

ffect of ' ' ks.illustrated in Fi 13 whi ch | ayback of
The 25 oIS i0kEqtisrButdiior bRyt Fofliad 1o b ot loss radienc udlbia ™ °
above). lpldybagkack tinmes, that is the times at which the frames are

i nt ended or supposed-to—bhe played to a viewer, are represented as a
straight line. To be played ﬁfif_/o AMYpeddS8 without requiring pauses, each

frame nust be receiﬁ@m@ck time. Any synbol | ocated bel ow
t he playback tine Iine repres’gnts'a rane which is received before its
schedul ed pl ayback Defaultand &2y sy4dol2.846 | ocated above the playback tine

line represents a f after its schedul ed pl ayback
tittle. In the exanple of Figure 13, the primary franmes were all received

intimt s [ | at e.
Ther ef or o T Re> Coune pPMnBl AnSRE O Je oPHerathfiedon chffuliffedfstd. *20
It shdl dtheeinventads metiiod nequirels a fehoster bafferind) delay dheforee playback dandsb t here
Is a Iikg{giglg%od that sonme of the primary frames woul d have "arrived after

C

their play times and so woul d have required playback to be paused
(since a prinmary frane cannot be discarded without also discarding all of

t he frarre§, gg@l ftg& fromit), .25 Fi-gcij_re 14 shows how the 25-ordered -
sequence 18 ct gbihenyention isdliystated meF 'QE%%&h'QM$WPlﬁybia§k obthe
reduced. bS-drdérelCsequshcbNal 28b4 it AEBS(tRteIs” R%6/258ak discussed above).

10 Playback times, that is the times at which the frames are intended or supposed to

be played to a viewer, are represented as a straight line. To be played in
sequence, without requiring pauses, each frame must be received before its
playback time. Any symbol located below the piayback time line represents a
frame which is received before its scheduled playback time and any symbol
15 located above the playback time line represents a frame which is received after its
scheduled playback tims. In the example of Figure 13, the primary frames were all
received in time to be played and the secondary frames were all received too late.
Therefore the secondary frames were all discarded without being played.

20 It should be understood that if the sequence had not been re-ordered, there is a
likelihood that some of the primary frames would have arrived after their playback
times and so would have required playback to be paused (since a primary frame
cannot be discarded without also discarding all of the frames predicted from it).

25 Figure 14 shows how the 25-ordered sequence is received and played when the
channel throughput is not reduced. It can be seen that all frames are received in
time to be played. Again, the upper line represents when secondary frames are

received and the lower line represents when primary frames are recsived.



time to be played. Again, the upper line represents when secondary franes
are received and the lower line represents when primary franmes are
received. 14 OCT 2003 27 O course, the exact appearance of4FiggTegg3d3 and
14 depends on the nature of the original sequence, as wel'!"as the bit rate
and the re-ordering that is perforned. D fferences can be expected in

ot her systens which re-order data in different 5 ways. In use, the

i nvention can be applied on-line to prepare a bitstreamfor transm ssion

at sone future point. For exanple, assum ng that there may be consi derable
variation in the avail abl e bandwi dth of a given transm ssion channel, the
algorithm 10 nmay be applied to a bitstream and re-ordered sequences may be
cal cul at ¥ ¢aursesthecexact appeaance of figures d8rand $4idepesd b theatataredof75% | n

transm sgj . | tere qr e | ...t ing, the
re-order éﬁgs% 'é'a!ﬁgrl\gga&%{uc%?gﬁt%{e@ %&ﬁ%;ﬂﬁurg edgnn%&%@'&é'ﬁgﬁﬁéwﬁtdgSﬁggﬁ'g?‘?'er

sui ted t Diffeftemoes carabeadtpectdthird othilirhsystatasiivhich irg-drdéndaias i @ifferent

pr oceedi W better than expected, a 15 sequence better suited for a higher
bandwPdt y be used. The invention may check the progress of

transm ssion and/or playback a nunber of tines during transm ssion and

adj ust the sequence accordingly. It is advantageous if this adjustnment can
be progr dm¥sa. theJaventian canke applied enrling tospreparesa bifstream for trapsmiskion way,
intermtt : %gag,l' W : t el \i@n whi ch
re-orders&ﬁ;g %ﬁ%ﬁ@gﬁﬁcﬁéﬂlﬁa e ;ISI%, g%&.'eraﬁgo{rmgrtn?{r? gﬁg'slé’gy%drr!y%b%art of
t he i nvervariationdin the awilabler baridwidthrafer given transmissionchanniel, ¢hé algbrithent her

i nprQyenment is pravided if fhe proportipn of bits belonging to the, primry
2ot Mlmedni bR Aoy 1Bya nustraimr AL Gred ecuerioes ey e gaiciller 1  anes.
Thi s 1 edueesrdl NtenativecSaidwidhEf EGéleasy25%, 90% AndT884ISA PandrhdsRh, #' e

predicted from reference franmes (P-franes h are further away in tine

and so t HEoRlems, aa engounteced; dakexample !’BE)F&#‘#S%(‘%: thenirg-opderedssequsnseer
predi ct eufrehtipBaifd 4s8@ (B Be. ddnelitd" ok bBAE stifod '8 loler Wali&s1BO" i NG
prediction error image. Since in this
bandwidth. Equally, if transmission is proceeding better than expected, a
15 sequence better suited for a higher bandwidth may be used. The invention may
check the progress of transmission and/or playback a number of times during
transmission and adjust the sequence accordingly. It is advantageous if this
adjustment can be programmed dynamically whilst transmission is occurring. In
this way, intermittent problems can de dealt with.
20
The part of the invention which re-orders a bitstream is located in an editor or in a

server. The part of the invention which recovers the order is focated in a client.

A further improvement is provided if the proportion of bits belonging to the primary

25 frames is reduced by replacing some of the primary frames with B-frames. This
reduces the compression efficiency slightly because B-frames are predicted from
reference frames (P-frames) which are further away in time and so the B-frames
and P-frames are less alike. This yields a poorer predicted B-frame and so more
bits must be used to code the corresponding prediction error image. Since in this

30 arrangement there are now more bits belonging to secondary frames which can be
discarded, re-ordering the frames can provide even better protection against
transmission delays and pauses.



30 arrangenent there are now nore bits belonging to secondary franes which
can be discarded, re-ordering the franmes can provide even. Zt@gf _
protection against transm ssion delays and pauses. 14 OCT!20 ﬁ@a%he way
of looking at the invention is to say that it sacrifices the safety tines
of the secondary frames in order to maintain maxi numsafety tinmes for
the-primary frames. 5 The invention is particularly suitable for

stream ng-type nmultinmedia retrieval. égﬂle preferred enbodi nents of the

i nvention have been shown and described, it wll be understood that such
enbodi nents are descri bed by way of exanple only. 10 For exanple, although
the invention has been described applied to a tenporally scalable

bi t st r eamOriet wayof idakingoat thigpinvestidrpisofonedy thap dissavrifie68 tisd ishiehy time8dfudi ng
spati al , ectral an? SNR.. NuHerous varjations, changes and substitutions:-
wi Il occllte $eFandgBLTrames) in Praer i, mamtainmaKisum fafelytimes fordhe tinaryope of
the presefymesnvention. Accordingly, it is intended that the follow ng
clainms cover all such 15 variations as fall within the spirit and scope of
t he In@entiont 14 OCT 2003 29 Clainms 1. A server (54) for transmtting a

{ransn Sai e eriign T SAHARAG <fteti@ih e inbdufk ALRIRSGR ToP RN (ot or ot mea

by their relative inportance rather than their 5 predeterm ned order
[, Ssion Lin riabl e avail abl e

har act er | in that: the t h
bandu i n YA PreieiRmbimerts B e iniAaiar Reve Begh sbewtand dpscibeHclul ed
pl ayback WilnBs uABerstoddthaEilich BribdheHs o8 LRSEHRbY Y. 'éxahﬁ!égfohlgﬁ

i mportance in providing 10 uninterrupted playback to"increase
| i kel 1hoofonex#fmple, Bfieigh the iventien hasbeen described applied to a temporally

scalable bitstream, it can also be applied to other types of scalability, including

spatial, spectral and SNR. Numerous variations, changes and substitutions will

occur to those skilled in the art without departing from the scope of the present

invention. Accordingly, it is intended that the following claims cover all such
15  variations as fall within the spirit and scope of fhe invention.



units being received before their schedul ed playback tines in a situation
where the avail abl e bandwi dth of the transmssion link is req ceg fZ{WA
Server according to claim1 in which the data units represent ' %)gé %ayer
15 and at | east one enhancenent l|layer. 3. A server according to claim?2
conprising re-ordering neans to change the order of the data units. 20 4.
A server according to any preceding claimin which the data signal is

scal able. 5. A server according to claim4 in which the signal is scal able
in a domain selected froma group cdisting of the tenporal, the spati al
the spectral and the SNR domains. 25 6. A server according to any

pr ecedi ng Qtiism whi ch conprises an editor for . providing the data signal

7. A server accordi t 0, an [ ecedi .claimin which the data signal
Lopresont 3. Agones Bl shouaRamiing & allyiGnd e Seikranpr R uit i e
2003 30 8. Ayra@étefhindelCatbiel BeertdtrahshiBbibnilink (b8)the idata dAtabeihg®aht in
represents a video sequence.

9. A server accor H}&{to a%,precedi ng claim
in whi ch t heargerdar deteraineddmptheldslative impentiancs Rt tBan ¥ieir A dat a |
transmng ssio déor transmtting a data signal having a sequence .
of datr% uni {bsfé?%bgmg%g?éterm ned order over a transm ssion li.nk (68)

bet ween a daharantenises in3kat: and a data sink (56) the data units being sent
in an 10 or ] LI l.aLi ' rat her than their
pr edet er m ngﬁé ggﬁ%ﬁ%ﬁ'ﬂ‘ﬁa@ﬁ%@aq’% a{@%ﬂﬁbﬁfe PE@&E;@%;&?&Q on link has a
vari abl e avahé dhtecuriitsnabeiintehded talbe playedtbackrat scheduted plaghaeldtimes laadpl ayed
back at schedul ed pl ayback ,tj nes d . .15 are sent in an order., determned b
their rel at i%sgwplg,a(rgqggr pﬁtegpmg?ﬂfyntgelr rglaﬁve |mporjtance in providing . y

10 uninterrupted playback to increase the likelihood of more important of the data

units being received before their scheduled playback times in a situation where

the available bandwidth of the transmission link is reduced.

2. A server according to claim 1 in which the data units represent a base layer
15 and at least one enhancement layer.

3. A server according to claim 2 comprising re-ordering means to change the
order of the data units. '

20 4. A server according to any preceding claim in which the data signal is scalable.

5. A server according to claim 4 in which the signal is scalable in a domain
selected from a group consisting of the temporal, the spatial, the spectral and
the SNR domains.

25

6. A server according to any preceding claim which comprises an editor for

~ providing the data signal.

7. A server according to any preceding claim in which the data signal represents
30 a sequence of pictures to produce a moving image.



uni nterrupted playback to increase the |ikelihood of nore inportant of the
data wunits being received before their schedul ed pl ayback thqfﬁ &n "5
situation where the avail able bandw dth of the tran§niSSioA ' Q '@m
reduced. 20 11. A transm ssion system according to claim10 in which the
data units each conprise a base |ayer and at |east one enhancenent |ayer
and when re- ordered the base |ayer of a particular data unit has a greater
safety time than of the or each enhancenent |ayer of the particul ar data
unit. 25 12. A transm ssion systemacé&frding to claim10 or claim1l In

whi ch the source is a server. 13. A transm ssion system according to any of
claims 108t & $@nven adebading e claim Fein mhicin thedidater sighal Ydprdsensnanvidso on
syst em accor di to any of clainms 10 to 13 in which the sink is a client.
14 OCT 20038 gquéh§ A transni ssion system according to any of claims 10 to
14 in which the sink is a nobile termnal. 5 16. A transm ssi on system
according to clains 10 to 15 in which the sink is mobi | e tel ephone.

17. A tr ardnAsSArver %W@ﬁgé@@?ycﬁfﬁgeﬂlﬂgdﬂ%lmm which dhqsfaieh signak RompEses ar e
prOV|ged tonﬁgﬁﬁgmg rogress of transmssion and to change the order
being™ 10 use 0 one better suited to avail abl e bandwi dth. 18. A nethod of
transmitting a data signal having a sequence of data units in a

DL et o R AePA kBl IR Booklind R GBI, Soicr
data units séquemcerof datéeuniticine predeterminadheider oeérad trarsmissior linko(@8) at her
than their o edetonmined ol 455 a0N% G S b A8 ik Beilg 3RTA 37" ©
10 order determined by their relative importance rather than their predetermined
order )
characterised in that:
the transmission link has a variable available bandwidth; and
the data units are intended to be played back at scheduled playback times and
15 are sent in an order determined by their relative importance in providing
uninterrupted playback to increase the likelihood of more important of the data
units being received before their scheduled playback times in a situation where
the available bandwidth of the transmission link is reduced.

20 11.A fransmission system according to claim 10 in which the data units each
comprise a base layer and at least one enhancement layer and when re-
ordered the base layer of a particular data unit has a greater safety time than of
the or each enhancement layer of the particular data unit.

25 12.A transmission system according to claim 10 or claim 11 in which the source is
a server.

13. A transmission system according to any of claims 10 to 12 in which the source
is an editor.
30
14. A transmission system according to any of claims 10 to 13 in which the sink is

a client.



the data units are intended to be played back at schedul ed pl ayback tines
and 20 are sent in an order determned by their relative inportance in
providing wuninterrupted playback to increase the likeli hood, ok CHidr 2003
important of the data wunits being received before their schedul ed pl ayback
tines in a situation where the avail able bandwi dth of the transm ssion
link is reduced. 25 19. A nethod according to claim 18 in which the data
units are returned to their original sequence once they have been
transmtted over the transm ssion |inBt 20. A nethod according to claim 18
or claim19 in which the progress of transmssion is checked and the order
bei ng used is changed to one better 30 suited to avail able bandwi dth. 14

OCT 2003 32 ﬁl.A cqQnput er %Fnogram product stored on a conputer usable
medi um conPAdiaRgMISTioRSYEEeM AeeRIdROo AR flaimsadta b4 inwhidhnige sink is

transm ssi On%ﬂ'fobge@ﬁﬁinéi.gnm having a sequence of data units in a
predet er m ne rder over a transmssion link (68) having a variable

avai |l abl e bandwi dt h between a data source (54) and 5 a data sink (56) the
dat a upitg.bgi i e be plaved back at.schedul ed, playback tines;
conput &r ﬁgaﬁa‘{ﬁ?‘ghﬂ%ﬁé&a&s@gn@&@p{%gﬂcﬁ?ﬂﬂ‘st Itlug tﬁafg "Elr‘f_ﬂl'%'? it’r‘g Sinkpisaar

determ ned hyobilecteleptngt i ve | nportance in providing-uninterrupted playback"

to increase the |ikelihood of nore inportant of the data units being
recei ved 10 before their schedul ed playback times in a situation where the

avai | abl e17.mndinistission éyseerhrmiﬁqi@nclhirﬁ&m té e@‘i‘r?%i&fgﬁs%ﬁ er
proogram product,_according to clai m 2l conprising a server. CAconput er
progr am pr odRvideg o chesl theopragsess of transmissipmang tomhangsithe csder aing or f or

ProVifh N9’ 2 usaks bhs teRER sitél avaldoid (RABRIYA! P og am product accor di ng

to any of clalns 3 conprising re- ordering nmeans for providing the
| ayers of the or each data units with different 20 safety tines. 25. A data

signal - hayg ROmBuRaCbiaifantitind Y Gatd Sdri R&?in& raasnesqurlie%gie OF data unifs in a
predetermined order over a transmission link (68) between a data source (54)
and a data sink (56), the method comprising the step of sending the data units

15 in an order determined by their relative importance rather than their
predetermined order -
characterised in thaf:
the transmission link has a variable available bandwidth; and
the data units are intended to be played back at scheduled playback times and
20 are sent in an order determined by their relative importance in providing
uninterrupted playback to increase the likelihood of more important of the data
units being received before their scheduled playback times in a situation where
the available bandwidth of the transmission link is reduced.

25 19.A method according to claim 18 in which the data units are returned to their

original sequence once they have been transmitted over the transmission link.

20.A method according to claim 18 or claim 19 in which the progress of
transmission is checked and the order being used is changed to one better
30 suited to avaitable bandwidth. '



transmission link (68) between a data source (54) and a data sink (56) the

data wunits being in an order determned by their relative |rrpor 2@&
rather than their 25 predetermned order characterised in t hat 14 th 2003
transm ssion |ink has a variable avail able bandw dth; and the data units
are intended to be played back at schedul ed pl ayback tinmes and are sent
an order determned by their relative inportance in providing 30

uni nterrupted playback to increase the |likelihood of nore inportant of the
data units being received before thei3 schedul ed playback tines in a
situation where the available bandwi dth of the transmssion link is
reduced. 21.A computer program product stored on a computer usable medium comprising:

in

computer readable program means for causing transmission of a data signal
having a sequence of data units in a predetermined order over a transmission
| link (68) having a variable available bandwidth between a data source (54) and

5 a data sink (56) the data units being intended to be played back at scheduled
playback times; -
computer readable program means for sendmg the data units in an order
determined by their relative importance in providing uninterrupted playback to
increase the likelihood of more important of the data units being received

10 before their scheduled playback times in a situation where the available

bandwidth of the transmission link is reduced,

22.A computer program product according to claim 21 comprising a server.

15 23.A computer program product according to claim 21 or claim 22 comprising an
editor for providing a scalable data signal.

24.A computer program product according to any of claims 22 to 23 comprising re-
ordering means for providing the layers of the or each data units with different
20 safety times.

25.A data signal having a Sequence of data units for transmission over a
transmission link (68) between a data source (54) and a data sink (56) the data
units being in an order determined by their relative importance rather than their

25 predetermined order
characterised in that:
the transmission link has a variable available bandwidth; and
the data units are intended to be played back at scheduled playback times and
are sent in an order determined by their relative importance in providing

30 uninterrupted playback to increase the likelihood of more important of the data
units being received before their scheduied playback times in a situation where
the available bandwidth of the transmission link is reduced.



