Timng of Quality of Experience Metrics Field of the
invention This invention relates to a nethod, a
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system a client, a server and a protocol for quality
feedback in a stream ng service, wherein at |east one
nmedia streamis streaned to a client. Background of
the invention Streanm ng, on the one hand, refers to
the ability of an application settled in a client to
pl ay synchroni zed nedia streans |ike speech, audio and
video streans in a continuous way while those streans
are being transmitted to the client over a data
network. On the other hand, streamng also refers to
Tiguingt iofe Quad-idat f @mqwméﬂ%ﬁ}twsas
conversational applications. Applications that can be
built on top of stream ng services can be classified
Hirtlol orf- déwandnanﬂnknve information delivery
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a%gLic tion. Stream ng over fixed Internet Protoco
' 'works is already a major application today.
Wil e the Internet Engineering Task Force (IETF) and
the World Wde Web Consortium (WBC) have devel oped a
ed- | P stream ng services,
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been de

ned. For Third
application settled in a client to play synchronized

media streams like speech, audio and video streams in a
continuous way while those streams are being transmitted
to the client over a data network. On the other hand,
streaming also refers to real-time low-delay applications

such as conversational applications.

Applications that can be built on top of streaming
services can be classified into on-demand and live
information delivery applications. Examples of the first
category are music and news-on-demand applications. Live
delivery of radio and television programs are examples of
the second category. Real-time low delay application are,
for example, multimedia (video)telephony or Voice over IP

and any type of conversational multimedia application.

Streaming over fixed Internet Protocol (IP) networks is
already a major application today. While the Internet
Engineering Task Force (IETF) and the World Wide Web

Consortium (W3C) have developed a set of protocols used



Generation (3G nobile conmunications systens

according to the standards devel oped by the Third
w@eenstoson Partnership Project (3GPP) , the 3EPEK&000371

-switched Stream ng Service (PSS, 3GPP TS 26.233, TS

26.234) fills the gap between the 3G Miulti-nedia

Messagi ng Service (M), for instance downl oadi ng

applications and multinedia content, and
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ormat o time Transport Protoco
séRTP¢e$02 in an adaptation |layer 103 . Said RTP as
defined by the | ETF provi des neans for sending
real -tinme or stream ng data by using the services of
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ig Qoaev1gesgand encoders are required, and because less
complex protocols can be used. The PSS includes a basic
set of streaming control protocols, transport protocols,

media codecs and scene description protocols.

Fig. 1 schematically depicts the PSS protocol stack 1
that controls the transfer of both streamable and non-
streamable content between a content or media server and

a client.

Streamable content 101, such as video, audio and speech,
is first converted to the payload format of the Real-time
Transport Protocol (RTP) 102 in an adaptation layer 103.
Said RTP as defined by the IETF provides means for
sending real-time or streaming data by using the services
of an underlying User Datagram Protocol (UDP) 104, which
in turn uses the services of an underlying IP protocol

105.



MVS clips recorded on a term nal device), still

i mges, bitmap and vector graphics, text, tinmed text
wapesmegsshet i c audi o are transferred by the HyPer/18B2004/000371

Transfer Protocol (HTTP) 107, which uses the services

of the underlying Transport Control Protocol (TCP) 108

and the further underlying IP 105. Wereas for the

non- st reamabl e content 106, the built-in session
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b tga®r encedeiotem rapbdtenttedény &imed tigxtcipneht via
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at least “to setl up a stream ng sessi on. uch a
fprébenmt anidenr lgsser iTpt il@% .110 may for instance be

avail able in the formof a Session Description

Protocol (SDP) file. Said SDP file contains the
Whesesisptfican thfe tloa -sessiaomblieocontsngnde 6sessicopuddre in
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transferred from the content server to the client via the
RTP/UDP/IP. This task is performed by the Real-time
Streaming Protocol (RTSP) 109, which may either use the
underlying TCP 108 or the underlying UDP 104. RTSP
requires a presentation description 110 at least to set-
up a streaming session. Such a presentation description
110 may for instance be available in the form of a
Session Description Protocol (SDP) file. Said SDP file
contains the description of the session, for instance
session name and author, the type of media to be
presented, information to receive said media, as for

instance addresses, ports, formats and so on, and the

bitrate of the media.

If streaming content is to be viewed at the client side,
for instance at a mobile terminal, the user of said
terminal is first provided with a Universal Resource
Identifier (URI) to specific content that suits his

terminal. This URI may come form a WWW server, a Wireless



Identifier (URI) to specific content that suits his

termnal. This URI may cone forma WWVserver, a
wOegosgs3sAppl i cati on Protocol (WAP) server, orPCEHIB20GN®0371

been entered manually via the keyboard of the

termnal. This URI specifies a stream ng or RTSP

server and the address of the content on that or

anot her content server. The corresponding SDP file nay
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102. However, for simplicity of presentation, this

possibility was not included in Fig. 1.

The subsequent session establishment is the process in
which the browser or the user of the mobile terminal
invokes a streaming client to set up the session against
the content server. The terminal is expected to have an
active radio bearer that enables IP-based packet
transmission at the start of session establishment

signalling.

The subsequent set-up of the streaming service is done by
sending an RTSP SETUP message for each media stream
chosen by the client. This returns the UDP 104 and/oxr TCP
108 port to be used for the respective media stream. The
client sends an RTSP PLAY message to the content server
that then starts to send one or more streams over the IP

network.



chosen by the client. This returns the UDP 104 and/or
TCP 108 port to be used for the respective nedi a
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content server that then starts to send one or nore
streans over the IP network.In order to offer service
providers in PSS systens neans to eval uate the end
user stream ng experience, stream ng service quality
netrics have been introduced in PSS systens, as
presented in_3GPP Techni cal docunent (Tdoc) $4-
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Because the service is transparent to the type of RAN and
CN, only the streaming client and the streaming server
are impacted by the PSS quality metrics. One consequence
of this is that the measurements may not rely on
information from protocol layers below the RTP layer
(e.g. UDP, IP, PDCP, SNDCP, LLC, RLC, MAC, Physical
Layer) .

The terminal in a PSS system with quality feedback is
responsible to perform the quality measurements in
accordance to the measurement definition, aggregate them
into streaming client quality metrics and report the
metrics to the streaming sexrver. This reguirement does
not preclude the possibility for the streaming client to
report raw quality measurements to be processed by the

streaming server into quality metrics.



into streaming client quality nmetrics and report the

nmetrics to the stream ng server. This requirenent does
wWoei05/088981 ude the possibility for the stream npCTIB260M000371

to report raw quality neasurenents to be processed by

the stream ng server into quality metrics. The

stream ng server is responsible to signal the

activation of the streamng client's quality netrics

Thepektieatiand stoveat ey A sidiean np digil scwwal ity
metrics. The streanming server may process, the received
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ratet iPs AePRrEs cud agx stessed noh e@sids, and can be a
fractional value. Rebuffering duration This netric is
onl'y applicable for audio, video and speech, and is
Thet fappbivdall eevenothed ifrdine tiryisiss arfhelafined by Hidoc
?EBEb%% ol.S expressed in seconds, and can be a
actional value. Rebuffering is defined as any stal
in playback time due to any involuntary event at the
oS cli Sld% Lni.tial buffering tine
orrup ion duration
Corruption duration is the time period from the first
corrupted frame to the first subsequent good frame or the
end of the reporting period (whichever is sooner). The
unit of this metrice is expressed in seconds, and can be

a fractional value.

Rebuffering duration

This metric is only applicable for audio, video and
speech, and is not applicable to other media types. The
unit of this metrics 1s expressed in seconds, and can be
a fractional value. Rebuffering is defined as any stall
in playback time due to any involuntary event at the

client side.

Initial buffering time

Initial buffering is the time from receiving the first
RTP packet until playback starts. The unit of this
metrics is expressed in seconds, and can be a fractional

value.



Initial buffering is the time fromreceiving the first

RTP packet until playback starts. The unit of this
woreaosiogs3i s expressed in seconds, and can be aPCT/1B2004/000371

fractional value .Nunmber of content packets lost in

successi on The nunber of content packets lost in

successi on per nedia channel . Nunber of bytes

presented to the nmedi a decoder This paraneter is the

NaHbukabEveoAHaher pabkhykesopeesankadcbesiba medi a
decoder. Nunber o? detected bit-errors This is the

Thanbenbef dét contanbi packebpslastt hB succession per

mg@@élg %hﬂ 1l evel. Lower-level errors will be handl ed
the Ti [ayer (either dropped or propagated to the
appllcatlon | ayer) . Nunber of corrected bit-errors

f pGeLLegt e —~erro a
app?lca gFeVEFegﬁgkég-%évgﬁ e%?ggg %Fffdbe handl ed
Thystbarhmekekayerthelthauldt¢ppedumbeproﬁa@atee to the

i cation er) .. _The ohjective of the above
pﬁggFFFﬁgnﬁ?rkﬁgdg%éﬁﬁtQSHoggrfo obt ai n consi st ent
nmeasur enents across content type, terminals, and types
of . Radi @ Access Nefwo The constraints are to

Nurheri € frEesfsd %thﬁégaﬁﬁllfy netrics report that
ikl 1BecsenhukBethersticeantne seeverrand, athehe
conplexity for the termnal. The actual _quali
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feedback header 2 as depi cted in however, in
apatiretfier &éay¥es)-it is nore eff|C|ent to use

Number of corrected bit-errors

Number of corrected bit-errors at the application-level.
Lower-level errors will be handled by the link layer
(either dropped or propagated to the application layer).

The objective of the above quality metric definition is
to obtain consistent measurements across content type,

terminals, and types of Radio Access Network (RAN).

The constraints are to minimise the size of the quality
metrics report that will be sent to the streaming server

and, the complexity for the terminal.

The actual quality metrics feedback can be conveyed to
the PSS server by using the SET PARAMETER method of the
RTSP with a feedback header 2 as depicted in Fig. 2,
however, in particular cases, it is more efficient to use
other methods to carry the information, as for instance

the TEARDOWN message or the PAUSE message.



ot her nmethods to carry the information, as for
i nstance the TEARDOWN nessage or the PAUSE nessage.|n
wo b@sogsssback header 2 of Fig. 2, Streamurl iBCT/IB2004/000371
RTSP session or nedia control URL identifier for the
f eedback paraneter. The Metrics field in the
Paraneters definition contains the nanme of the
netrics/ measurenents (for instance corruption
duration, etc.) . The Value field indicates the
results. There is the possibility that the same ev$¥;
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whi ch indicates the nunber of events to the server.
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Fig. 2 indicates the time when the event
(for hpasanemencyroptiipnedusptiben e -net The Waslue field

b I d
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p&essdon tine is the tinme when the sessi on has

happened, e.g. 12:20:22 to 13:20:22 on May 10th of

2004. However, if the absolute session tinme is used,

Ther opfsbanteTameathimpegtiang fior tae gpedbaak header 2 of
corruptlon it is readily seen that this tlnestanp IS
tht 8np? F@PEF@thE Fﬁ@eev = the event {(or measurement)

occurred or when the metric was calculated since the

beginning of the session.

In Tdoc S4-030860, according to said Timestamp field,
there exists no definition of the time base to be used

and no definition for the “beginning of the session”.

It is thus unclear what time base is to be used for the
determination of timestamps. There may be different
possibilities, e.g. the absolute session time since the
beginning of the session may be used. The absolute
session time is the time when the session has happened,
e.g. 12:20:22 to 13:20:22 on May 10" of 2004. However, if
the absolute session time is used, for instance as a
timestamp for a report of a corruption, it is readily
seen that this timestamp is not only related to the event
that is to be reported, but is related to all events that
have occurred before in said session. For instance, if a

large initial buffering time was encountered, and then



that is to be reported, but is related to all events
that have occurred before in said session. For
wo pwsaseoel i f a large initial buffering tine WaSI/IB2004/000371
encountered, and thenseveral rebufferings occurred
during the session, a subsequent report on a
corruption duration is assigned a tinestanp that is
del ayed by said initial buffering and said

stebuhierbpasreandgbhysclipee8 aapehgenBsssetheonane
holds if the stream ng is paused hy the client and
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beginning of the session may for instance be interpreted
as the time when the first RTP packet is received by the
streaming client, or the time when the first media frame

is played, or otherwise.

Even when the time base and the session beginning time
are clearly defined, the timestamp value of some of the
defined metrics may still vary among different clients or
different sessions of the same client. This is due to the
fact that particularly the quality metrics that afford
measurements at the client site depend on the processing
power and the task load of the terminal the streaming
client is set up in. For instance, even if the timestamp
of the 4™ metric, i.e. the number of RTP packets lost in
succession, is defined to be the exact time before the
start of decoding, the time required by the terminal to
arrive at said mark depends on said processing power and

said task load.



client -is set up in. For instance, even if the

timestanp of the 4th netric, i.e. the nunber of RTP
W@ 2wE088931 ost in succession, is defined to be PCEHIBRGI00371

time before the start of decoding, the tinme required

by the termnal to arrive at said mark depends on said

processi ng power and said task |load. As a result, the

stream ng server and the stream ng client may have

different interpretations of the reported quality

metrics,_and clients may report different quality
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coepertiyng of the timng of quality feedback values in

a streamng service. It is proposed a nethod for

qual ity feedback .in a stream ng service, wherein at
steagtyoné hbkdi anyentapni s streaned to a client,
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22800 0L 881 4.2L 1P A3k Gub LIPS LBIR TR (65 ch RARRYg of

gquality feedback values in a streaming service.

It is proposed a method for quality feedback in a
streaming service, wherein at least one media stream is
streamed to a client, comprising determining a gquality
feedback value according to at least one quality metric,
determining a timestamp relating to said quality feedback
value according to at least one timestamp metric, wherein
for each of said at least one quality metrics, a
corresponding timestamp metric is defined, and wherein
each of said at least one timestamp metrics is based on a
relative media playback time of said at least one media
stream, and reporting said quality feedback value and

said related timestamp to a server.

Said at least one media stream may for instance be a
continuous media stream that may contain video, audio or
speech information that is continuously transmitted from

a server, for instance a content server, to said client
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rel ati ve nedi a playback tinme of said at | east one
nmedi a stream and reporting said quality feedback
wQo 200508880 said related tinestanp to a server . PCHIER0GH000371
| east one nedia stream may for instance be a
conti nuous nmedi a streamthat nmay contain video, audio
or speech information that is continuously transmtted
froma server, for instance a content server, to said
aglli ept aaddeseteptdetd eBrilAal er Ahn@hichn sehdckhlsand is
client iis set u in,a synchroni sed manner,. . ,
S%FtBPnaFPv@I?YngQFanéﬁeﬁeﬁéPnﬁﬁe GeIREfr¥EIYmaFae &t
188dtacstr pankaf saregal mbi,MBel aWndahay sappkinCalti @nreds -
for exanple a nultinmedia (videqg)tel ephony stream.or a
EYBrceCBVERLRP ARBLACREEGEBM BF ARV EFFEPIE Relivatdieddd
(vmdaoygeyefpﬁah¥ogakeaml bi-mgdizaiaRpbieat T@NmelRiaS stream
streami ng may take place in a stream ng session,
OHhBR¥ hyBeveraleredi atseprBakd AaFoBYCESALLPFERt | y
m§i£§ﬁ€§gatQp?@igaghbﬁntTh§§'gt%Eéﬁ@ﬁbn&a§a¥aQ% based in
on a protocol, for instance the Real -tine Transport
appbreevin@TPesahanmyhbeecéBneryerad Wedaaf gekgems may be
cBAghorehe1 {0k LOshaACEo A8t HeRTLBALRr 0h9EOL B8 oGy may
Real -t1me Stream ng Protocol RTSP or the Session
benberadi on Prorototod) PLoandnaapnfer thesRaadetameow t o
t r us h t fean] [ B or
e D R e LR
fertbar pmdtpaosai Bosetverannd mayptibeabavedpsprtecol as
s r . Pro id s e e
g R Rhe B4 or CGrGA B0 AOGEPSaT WITR PRo bantogeioH
IsgtvetibnoRrwhochlsaid, nediamagt fiekl ynstemsef rdmoworto
be different _insta . .Ih it f [
*ERF santRaE! S G00r RrASH 2ot Fe SPISAE -sErFa tasasra g 57
mbg bai dpatatedsbyoneogaabit gnhetiies, iassaid client and

in said server and may be based on a Session Description
Protocol SDP. Said server may be co-located or even be
identical with the content server from which said wmedia
actually stems from, or may be a different instance. The
quality of said streaming is determined at the client
site according to said at least one gquality metric, as
for instance a corruption duration or a re-buffering
event, and reported as a quality feedback value, for
instance via said protocol that the streaming is based on
or said protocol that controls the streaming. Said
quality metric basically defines how said quality
feedback value is calculated. Said at least one quality
metric may be defined by said protocol that controls the
streaming, and said at least one quality metric, for
instance stemming from a set of several quality metrics
defined by said protocol, may be negotiated between said
client and said server before, during or even after the

set-up of the session. For each of said at least one
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for instance a corruption duration or a re-buffering
event, and reported as a quality feedback val ue, for
WO pwsassoel vi a sai d protocol that the streanm ngPCHIBAGHHO371
on or said protocol that controls the stream ng. Said
qual ity netric basically defines how said quality
feedback value is calculated. Said at |east one
quality nmetric may be defined by said protocol that
quaititel metthe &, r eardadiperid e aiitheait drgnsietanie: qual ity
tric, for instance stemm ng froma set, of several .
STEAPEEY O 1S R dY B ShiRT PR o g P hiFoLs said
sgegamiiaﬂged S*éﬁ_td/\&?ﬁnefbaﬂaﬁ\pfi In{e&fﬂicart]gaﬁﬁdai 1@6@_@3&&% HS& a
uring or even after the set-up.,of the session._ For
CAHER oM Ps &P tar 5 SR FREFRMIY FetFHXs, Pia fheadhadhs ve
viilies tabap ieldd el U8f ianegha ifiary imshance Hksad
protocol that contraols said stream ng. Said timnestanp

dRECEMETSEs| SRl Aefisted KR & iMSRSHhratiric is based

oass0gkated v tir @ Oyalavids deedhrclko rvaluey thatidast one
defined by a quality metric is to be determ ned. Said

mgdlipeg&Tegie Sonds tiads tidte Medie pAfedask £im8 ati ve
r@fBQE%eth%y?%w tenBorfl sl @lsd easte g MBS tdeatig

Said relative nedia playback tinme represents the

atehparsl oprodiesss GftneRE pingpiadiecoff gl dirat dheedtutene
AR Baglkl €aMncauRlRE HrRmARY iaRs YL LifR,RAI or
I.e. without integrating pause intervals or delay
deppgr dalkeroR lishepltirh adie vis cdc e ary uiticnglurtielg the
e T L o T R ain g T T e ConfE ShBKs o pe
reeditadddoi fde saurddaraditige wifo tdediqgpntanuassmatediFor
SLISHESEs, S8L0ALE LB THIA SR Y e
sehd Melmliviel mpdia playback time may be represented by
RTP timestamps provided by an RTP or by the Normal Play
Time (NPT) provided by an RTSP, or by timestamps or
timing information provided by an SIP or an RTCP. Said
quality feedback value and the associated timestamp are
then reported to said server, for instance via said
protocol the streaming is based on or via said protocol
that controls the streaming. If said protocol that
controls said streaming is an RTCP or SIP, it may be
preferred that said reported quality feedback value and
related timestamp are captured or sniffed by an entity,
for instance a network entity such as a Call State
Control Function CSCF), in order to make quality
measurements. Said timestamp may for instance be a
mandatory or an optional parameter in an

RTP/RTSP/RTCP/SIP header.

According to a first aspect of the present invention, to

each quality feedback value, a timestamp can be assigned,
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Time (NPT) provided by an RTSP, or by tinestanps or
timng information provided by an SIP or an RTCP. Said
w@abi88p3f eedback val ue and the associ ated ti MeST/EBPP04/000371

are then reported to said server, for instance via
said protocol the streamng is based on or via said
protocol that controls the streamng. If said protoco
that controls said streaming is an RTCP or SIP, it may

wﬁ@r@iﬁfﬁhéeglhBQEaﬁglﬁeE@@@rbedsqualthmekeed@aq& val ue

and related tinesta are_ captured or n ff
SBRELEyCat by @ﬁgﬁaﬁ@ggﬁrnEPﬁogHa ALYt e Eéﬁ e% §%égf

qehat eyCeataphckupsthen $8GE) thel Bmbigefttiesmakesing from
qual ity nmeasurenments. Said tinestanp X for instance

upang ARAGREERY EﬁmﬁﬁtéﬁPlﬁﬁSFlEaﬁﬁﬁeFeF AfSa? ditferent
qggfgggsgéggggéshg beadekg.According to a first aspect

of the present invention, to each quality feedback
val ue, a tinmestanp can be assi gned, wherein the

nggﬁﬁgggPonEBEbSrQEnﬁatg Li gesbaAPakpesredsl ittRl Ifesent

r the quality netric of sard quality
1ﬁeedba@n,vahaet1mha§amnemaﬁﬁpgunﬁ|@§S§d|§mn@ fredmt ive

mga;gg ﬁagSQSkaklhé"sét@qmenﬁgggcahertﬁugl@%%dmes
er en

qual ity netrics is renoved. Furthernore,
1adepeddﬁgttofatQQCéhQOégpécﬁeéﬁlpﬁetpm@seﬁﬁdﬁmﬁﬂ@ﬂnﬁwOf

th? d% st 0N OBt L C el inbased 9 no@cﬁ%&@@!%%ﬂ@?@‘%he

tlne as tirnme base an t hus becones
acndameavent bhathésabspbutedsesspod ﬂm@@pﬂﬂ@@@ﬁeﬁdéﬁme

of the. dela a d e s _th 0 bef,
o LR e A R
iefsbheupranes§hagupemef ahe taéhthaadm@ﬁl@h@bamhﬂQhﬂtlme

m%?j&%%éinﬁ} %ta%gnhgh I%% %%%e%%i%@eo&egmaéﬁiﬂy%yéi

of the beginning of a session.

According to the method of the present invention, it may
be preferred that said streaming of said at least one
media stream is based on a Real-time Transport Protocol
RTP. Said RTP may be operated between said client and a
content server and may use the services of a User
Datagram Protocol UDP, which in turn may use the services

of an Internet Protocol IP.

According to the method of the present invention, it may
be preferred that said relative media playback time is
derived from RTP timestamps that are provided in a header
of at least one protocol data unit of said RTP. Said RTP
timestamp may reflect the sampling instant of the first
octet in an RTP protocol data unit (or packet), or, if
stored data rather than data sampled in real time is
transmitted within said at least one media stream, said

RTP timestamp may be derived from a virtual presentation
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may al so allow to abandon the necessity of a
definition of the beginning of a session. According to
wao b@sogtobod of the present invention, it may bRCT/IB2004/000371
preferred that said streaming of said at |east one
media streamis based on a Real -tinme Transport
Protocol RTP. Said RTP may be operated between said
client and a content server and may use the services
t%ﬁsﬁﬁﬂ§aieﬁ@@@%rﬁﬁ%f”@&DE@lo&EFtimbith datémnimeayhese
e services of an Internet Protocol IP. According to
theh 1578k HotPB? ?ﬁeOW%Eeﬂ?an%ﬂ?fén]?ei?r?@&ntg’ °
preferred that said relative nedia playback tine is

derived from RTP timestanps, that are provided i
Aqrartindftatthe Jeetipe %FOF%%OPraﬁ?%tgﬁ?%éﬁglgé?d?Fﬂﬁéy

pegh e AR L4 MBSt @npa PAYs £ 8EhREhgt De sanpEasy bastaallof
the first octet in an RTP protocol data un

, [t_(or _
coreketed oy, aiReat ordbedd ﬁe?ﬁ%ﬂﬂrPFHEHCBgt%%Egnpﬁéﬂd
rPD IR Eéﬂ@aéédtéﬁﬂ§g§£é§gnwé&bbﬂ §akdraptheaspreteded

medi a 'stream said RITP timestanp may be derived froma
by ia t s s peesess af | pht PrePrakode i%@%-f%@hﬁmﬁF$E|B€K be

: . . .
oéﬁé%ﬁ%@ﬁ%@ grng Woen the pexh LraperonnQthsy €8kt

. e presented. According to the nmethod of the
insezeme ahlentfon, the sberbéngr ePerféndt AR shegping of

r ing. .S at least partially - trolled b
c g ] _ p y controlled by a
ed?gg%nelé§reanlng Protocol RTSP. Said RTSP may be

based on a presentation description provided by a

Sessikon crypti of.ec Ld; ; b
ST AP MR B R ORISR, B ey
bé nstabeerafl| omatf osatflerslativagnegaasphgyhnekstoppi hg

of .the streampg. c |,Ng. od_.o0
d%¥%%%§t§¥%ge%t$%ﬁTéﬁt9%%? @1%8 ﬁB% EﬁgE gs Ergogded by
said RTSP. Said NPT may indicate the stream absolute

position relative to the beginning of the presentation.

Said NPT may be derived from RTP timestamps.

According to the method of the present invention, it may
be preferred that said at least one quality metric
defines said quality metric value to be a time duration
of an event, and that said corresponding timestamp metric
defines said timestamp to be the relative media playback
time of a specific frame of said at least one media

stream before said event has occurred.

According to the method of the present invention, it may
be preferred that said event is a corruption duration and
that said specific frame is the last good frame, in

playback order, before the occurrence of said corruption.

According to the method of the present invention, it may

be preferred that said event is a rebuffering duration
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be preferred that said relative nedia playback tine is

derived froma Normal Play Tinme NPT that is provided
Wh2008a8893RTSP. Sai d NPT nmay i ndicate the streaPCT/IB2004/000371

absol ute position relative to the beginning of the

presentation. Said NPT may be derived from RTP

ti mestanps. According to the nethod of the present

invention, it may be preferred that said at | east one

afdakhby BBEHI spdefirnes reaid quakiky 1aRfT il M@ldie damde
a time duratioh of an event, ang t hat said
bebPrespBRIPRGUELRBSEaR) FBLF &eREEitRed"Sai d ti mest anp
to be the relative nedia playback time of a specific
frame of said at |east one nedia stream before said

Aggentingdsteceher sgthrdcofdithg PESERE WSRO he-t maY

Bl BSERLrkAMERLLEN colily ER%NRE 1RY &f ekt hat salcbavent -
IsTa corruption duration and that said specific frane
peskehe Last goosuleansionnapdafback seidersrasafioie fname
19°¢HEr 206e bcsaidacertuli 9n pAGCRRdING AR Nerd ot ne
of the present invention, ‘it may be preferred that
osgiitrenent ofs saidebbuttessngndatatliostramd adedts sai d
specific frane is the |last played franme before the
occurrence of said rebuffering. According to the
Agebhddngf tohehpr estird mienbicopr siseniay rverisiror rigd may

t ha ' \Y; i n r t Qst in
ok Brsierast Eoy 300 Toall, FOY SR MK 20
deédekredafidamealiinyphayback vedder tobéfeore mwber of

occurrence of sai.d s essi f _lqst :
REBEFU RG% SPeRe erhod op ens ity Mitiiidmy netric
dedynbe peéfiethieesthat sai theat-hleecastl adgriereguedditey mistywhask

455188 ST UL LB IS L0 e MYt

siekBinCbefore sald number of events is measured.

According to the method of the present invention, it may
be preferred that said number of events is a number of
bytes presented to a media decoder, a number of detected
bit-errors or a number of corrected bit-errors, and
wherein said specific frame is the last decoded frame

before gaid number of events is measured.

According to the method of the present invention, it may
be preferred that said quality feedback value and said
related timestamp are reported to said server via said
RTSP. Said quality feedback value and said timestamp may
for instance be contained in a header of an RTSP protocol

data unit.
According to the method of the present invention, it may

be preferred that said streaming is at least partially

controlled by a Session Initiation Protocol SIP. It then
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defines said tinmestanp to be the relative nedi a

pl ayback tinme of a specific frame of said at |east one
woresasssr eam bef ore sai d number of events is PERBR20@A00371

According to the nethod of the present invention, it

may be preferred that said nunber of events is a

nunber of bytes presented to a nedia decoder, a nunber

of detected bit-errors or a nunber of corrected

nd L5 &1 50 Sor A0E VLK L Q3 §aida SPepi féedbacRevasuéhend
I'ast decoded franme before said nupber of eyents is
refased ddl movtarRl B2 02 ¥ Ret AROHOT of 1 hB b eSERt TS

c%§%§ﬁ§écg& &1 FBYabey PLef &k € edy | habr sahdt gHaki dynetwork
ee ack value and said related tinesta are reported
enpl gni suclraera vial baf e Ry SFonGaPY EH%F???”f@%@B cki™

oyééyeﬂg Ral éiﬂ%ﬁtﬁggsﬂ?éméﬂfsinStance be cont ai ned
ea an

In a er o SP protocol data unit . According
to the nmethod of the present invention, it may be

aRLSLE %?dtéh@ﬁes éghéérSénlﬂga%§e§én£e@ﬁ%eﬁ@ibh@'%M may

coniroltfed by a Sessiton Initration Protocol SIP. It

bt henafyrbed ptieder satidt halasave wedi#thleskaskckival ie
d%f%v%%Lf%S% é'Q?%é???g%?ﬁghQEeiéeBPé%ﬁée&'Eyséhﬁdsbfp,

ured” or sni an entfty, for instance a
inepapr keehait jremchIAst am€athmSe atbatoarroPrFUAEEAoAn 2

CS in_order to na it ; tSa44
DTRE5H P BT o CREEnSPRoH B P Re 47 ERent F nventTon, STt
may be preferred that said relative nmedia playback

tine.is derived fr ti ' (g j.d b
ASEPRASTD. St B PP EUPR OFr BRY PRSP PhGst Aea Rhal Sratay
ber pyededreéa Bhheadeddottatanéngt ienetpleretobadstially

cgggggﬁgeaﬁbgngggﬁéé?gghgbgga%gpggg E85998105r598c01
(RTCP) . It then may be preferred that said quality
feedback value and related timestamp that are reported
via said RTCP are captured or sniffed by an entity, for
instance a network entity such as a Call State Control

Function CSCF), in order to make quality measurements.

According to the method of the present invention, it may
be preferred that said relative media playback time is
derived from a time basis that is provided by said RTCP,
in particular from RTCP timestamps that are provided in a

header of at least one protocol data unit of said RTCP.

According to the method of the present invention, it may
be preferred that said reported quality feedback value
and related timestamp are captured by an instance and

used to analyze the quality of said streaming.

According to the method of the present invention, it may

be preferred that said streaming service is a Packet-
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be preferred that said streanming is at |east partially
controlled by a Real-tine Transport Control Protoco

W@ BDER38931 1t then may be preferred that said geel/iB2904/000371
f eedback value and related tinmestanp that are reported
via said RTCP are captured or sniffed by an entity,
for instance a network entity such as a Call State
Control Function CSCF) , in order to make quality

SWIBASHE E R SamiAGE Welnged opgdeines hpd abbibe present
invention, it may be preferred that said relative

COEtHE SRR Y 4R i s derived froma time basis that
is provided by said RTCP, in particular from RTCP
timestanps that are provided in a header of at |east

TtoneS proticT RERRPIRA 12 oFCBR HE RTRFPIBRBoVUFfg to the

it Ned 9fnd hpdrasentt b nventd 0a, précaByober pr pkerbesd the
that said reported quality feedback val ue and rel ated
ahgvregtempl ared degithRr@dSBSPan i nstance and used to
anal yze the quality of said stream ng. According to
the method of the present invention, it may he
Itpried eiteitheahRrereed 13 caPiPgt 8Erpregrpd groduct

i t . ) . _
c%@ﬁ%ﬁ%ﬁ%t% Ztﬁc%nﬁt!@ﬁ%ﬂlg?%ﬁv&&@h PSSt Pudt §§hﬂggbé§abl e

syste I's further proposed

tecorpuera poyresson tie i perforni bhe aberabhentsorgdse a

m§§ﬁ§§s$§g %p perform the above-nentioned met hod steps.
'S _r? er proposed a conputer program product
conprising a conmputer programw th instructions

<L LB B AR R00n PSRRI ectiack o o
starsysiem dearvigal i ¢gmpeedbagkatnlaastrensi Agryervi ead
ag°f@£é§i8§eaéli§§§F &ﬁgréfﬁvg£’lgggt one media stream is
streamed to said at least one client, wherein a quality
feedback value is determined according to at least one
quality metric, wherein a timestamp relating to said
quality feedback value is determined according to at
least one timestamp metric that is correspondingly
defined for each of said at least one quality metrics and
that is based on a relative media playback time of said
at least one media stream, and wherein said quality
feedback value and said related timestamp are reported to

said at least one sgerver.

It is further proposed a client in a streaming service,
comprising means for receiving at least one media stream
that ig streamed to said client, means for determining a
quality feedback value according to at least one quality
metric, means for determining a timestamp relating to
said quality feedback value according to at least one
timestamp metric, wherein for each of said at least one

quality metrics, a corresponding timestamp metric is
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at least one client, wherein at |east one nedia stream

is streaned to said at | east one client, wherein a
wa@eabi088p3f eedback val ue is determ ned accor di NBCT/1B2a04/000371

| east one quality netric, wherein a tinmestanp relating

to said quality feedback value is determ ned accordi ng

to at | east one tinestanp netric that is

correspondi ngly defined for each of said at |east one
dgpahtly 8sB&risesrand thah bﬁ bas@dadnlaakel ahkveinediamp

pl ayback tinme of said at |east o t
mBFEl BF n SaPRSRRaPT § Fecabacr VARGR RiAvErE rers B4

shigest ampaatechepoftedat grsakfl, abnbieashnen€ogsek¥pbrtlihg
is further proposed a client in a,stre service,

spofpAral AgynEardbrek veéBPvRRg eifels asﬁg Fegegtame to

aSkEeaBYt hahiksc3tegaaMRdyt 9188i HeClih@BkstBBANGSf Bhe of at
determ ning a quality_feedback val ue accordln% to at
§

1e@a§ttUﬁepa@apﬁﬁylﬁﬁinéd rBafsTPBI -Bel8r APHI H§laY
%%ﬂ?é&@HBnVSEQEhBQ Lo saidiguakhty heedbaekiyal ue

cordin to at | east one tlmsstarrp mstrlc wher ei n
v@ﬁe@ébﬁléthEYdoétVpééétOﬁﬁé d8al PhjChefpyc§orainstance

bgogﬁggggmgé gb? Fg§tanp metric isdefined, and wherein

eac sal ast one tinestanp netrics is based
on a relative nedia playback time of said at |east one

Igggggfﬁ&E thggggggén vggpgﬁthngt§@é%1ﬂ§agbk¥1ce,

sal elated tinestanp to~a server.
wBardiol aenteray ahsombélanaérgﬁ@odSa§t§ﬁém@ﬂ &0 Peast

1ep9ar%hg§eaﬂvgléﬁglhgyoFEgakaEkngahQW'g%%g%glng to at

I'on-sessi on as Instance multime
léasdeohEeerhmny oetVokceésodekekRinghi chndayheyein a

c4MBLPORS PR1E0THEOLLCELY BLEL LY kR bHELReLaRTEPRed
determined according to at least one timestamp metric
that is correspondingly defined for each of said at least
one guality metrics and that is based on a relative media
playback time of said at least one media stream,
comprising means for receiving said quality feedback
value and said related timestamp that are reported by
said client to said server. Saild server may also be
understood as one of at least two parties involved in a
real-time low-delay application session as for instance

multimedia (video)telephony or Voice over IP, which may

for instance be controlled by SIP.

It is further proposed a protocol to be used in a
streaming service, wherein at least one media stream is
streamed to a client, the protocol defining: at least one
quality metric, and at least one timestamp metric for
each of said at least one quality metrics, wherein each

of said at least one timestamp metrics is based on a
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wherein at |east one nedia streamis streaned to a
client, wherein a quality feedback val ue according to
W@R005088981 one quality metric is determ ned, anPCTAB20&1/000371
atimestanp relating to said quality feedback value is
determ ned according to at |east one tinestanp netric
that is correspondingly defined for each of said at
| east one quality netrics and that is based on a
réfﬁﬁﬁﬁéﬁhéﬁigbe&ﬁW@@Ekt1MQPo@fs§ﬁﬂdaﬂt1é§§3toﬁ&emedla
medi a stream conprising neans for receiving said
sktRATty feedback value and said related tinestanp that
are reported by said client to said server. Said
server may al so be understood as one of at |east twg
Aprprdiey itRdihedreracebaplt e PERFERF a&nXEBFF%&u &ﬁ
m%?séé %@&E%dl@é&@nggla%fw@gb@ {¥i dgoktrebephony or
oi ce over IP, which may for instance be controlled by
cENEingign Yikh h@rSépfF%fa@%e]ae%CE%Bf—b%’él P¥etpechséFFi-n a
stream ng service, wherein at |east one nedia stream
is streanmed to a client, the protocol definin
Ad:cecansdlramethﬁmtgrme@b Oﬁnblhgtpréagtltohé‘fﬁrlgé%arrat
%ﬁtgé 1o § &%aéaéglﬁt%£S@§&ofn§sq5ﬁlS&ﬁ Agtrics,
ere eac salrd at st one tinestanp netrics is
chmistub oiranel th | ¥ eSepdi anpPaypatkt i prePsptoaprd &PP .
| east one nmedia stream According to the protocol of
the present invention, it may be preferred that said
A¢mm¢ﬁmmg (43 EhEF§f§t®QOEOQﬁIhh@lpne&ﬁnh angessiion, it
cri en Pr g5 h ot ocol of
m?%e ésen r?%ve |on§£§? ﬁ%seégbgre%e?%eg ?Eét said
protocol is an SIP in conbination with a Session
Tﬁ?ggréﬁﬁlg ggoégﬁgétgqgf the invention will be apparent
from and elucidated with reference to the embodiments

described hereinafter.

Brief description of the figures

In the figures show:

Fig. 1: A schematic representation of a Packet-
Switched Streaming Service (PSS) protocol stack
according to the prior art,

Fig. 2: a definition of a Real-time Streaming Protocol
(RTSP) negotiation header according to the prior

art,

Fig. 3: a flowchart of the method of the present

invention, and

Fig. 4: a schematic representation of a system
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According to the protocol of the present invention, it
may be preferred that said protocol is an RTCP. These

w@nwsosdeer aspects of the invention will be apper/E04/000371
fromand elucidated with reference to the enbodi nents
descri bed hereinafter. Brief description of the
figures In the figures show. Fig. 1 : A schematic
representation of a Packet- Switched Stream ng Service
(PSS) pr i cilqisiptle aqrorghdieio iheryiicar. art, Fig.
2 : adefinitionof a Real-tinme Stream ng Protoco
(RTSP) negoti ati on header according to the prior art,
Fig. 3 : a flowhart of the nethod of the present

invention, and Fig. 4 : a schematjc representation of
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metric. The timestamp metrics are based on a relative

media playback time, which may for instance be the Normal
Play Time (NPT), which is available if a Real-time
Streaming Protocol (RTSP) is used, or may be derived from
Real-time Transport Protocol (RTP) timestamps, which are
provided by the RTP and contained in each RTP header, or
may be derived from the time basis or timestamps of a
Real-time Transport Control Protocol RTCP or a Session

Initiation Protocol SIP.

The RTCP is based on the periodic transmission of control
packets to all participants in the session, using the
same distribution mechanism as the data packets. The
underlying protocol must provide multiplexing of the data
and control packets, for example using separate port
numbers with UDP. RTCP may particularly provide feedback
on the quality of the data distribution. This is an
integral part of the RTP's role as a transport protocol
and is related to the flow and congestion control
functions of other transport protocols. The feedback may
be directly useful for control of adaptive encodings, but

experiments with IP multicasting have shown that it is
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Streami ng Protocol (RTSP) is used, or nmay be derived

fromReal -tinme Transport Protocol (RTP) tinestanps,
wokiosissase provi ded by the RTP and cont ai ned i PCEE2004/000371

RTP header, or may be derived fromthe tinme basis or

timestanps of a Real-time Transport Control Protocol

RTCP or a Session Initiation Protocol SIP. The RTCP is

based on the periodic transm ssion of control packets
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di stribution mechani sm as the data packets. The
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on Mechani’'sm
onmuktvenaptovitiei simksbappssi ble for an entity such as a
network service provider who is not otherw se involved
in the session to receive the feedback information and
Saetiasaa thpldepaiby-egetrocont rdilagrosecadt whek can

RSB SER o p BB SEECE BB OBt g TR e
(B3 PepBiicadppetth as Internet telephony calls. SIP can
alsc invite participants to already existing sessions,
such as multicast conferences. Media can be added to (and
removed from) an existing session. SIP transparently
supports name mapping and redirection services, which
supports personal mobility - users can maintain a single
externally visible identifier regardless of their network

location.

SIP is not a vertically integrated communications system.
SIP is rather a component that can be used with other
IETF protocols to build a complete multimedia
architecture. Typically, these architectures will include
protocols such as the RTP for transporting real-time data
and providing QoS feedback, the Real-Time Streaming
protocol RTSP for controlling delivery of streaming
media, the Media Gateway Control Protocol MEGACO for
controlling gateways to the Public Switched Telephone
Network (PSTN), and the Session Description Protocol SDP
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or even provide tinmestanps . SIP is an

application-layer control protocol that can establish,
woreasHggo3and ternmi nate nul ti medi a sessions PCT/IB2004/000371

(conferences) such as Internet tel ephony calls. SIP

can also invite participants to already existing

sessions, such as multicast conferences. Media can be

added to (and renoved fron) an existing session. SIP

Mﬁwﬁlﬂ\iﬁg ﬁl@ﬂﬁ@h@i@%éﬁ@@%s’lg T&i_@ili_erf@iier,e@jporshould
Servi ces, I ch supports personal nobili1ty - users can
bfaiuses fta cgnﬁgﬂn&%é%wﬁah yaed Birethe fifgorder to

prRE3dd eempdlticheidirieiatrde |toratisits .SH3Wes 410t the
vertically integrated conmunications Sﬁt em SIPis

bagtife CUR PSRNy PRst BT sed WiFh IefemqtEfepend

o@{%tnq,cg,lfs thesRuihdraaml ete nul tinedia architecture.
Typi cally, these architectures will include protocols

such as the RTP for transporting real-tinme data and
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protocol RTSP for “controlling delivery of stream ng
hesdies s -t FheVEding stamenaeacsmt fale 1oy §1eot o VEQREE TGS

@) i g RublJ it Teliephone
d%e%t%gf ZA%%'PN)%%%\Q%%FN; Stseglgz siao %]é%s? c\rﬁz g%r %gleP?Jot ocol
p8BRfyor descri bing nultinmedi a sessions. Therefore, SIP

shoul d be used in conjunction with other protocols in
order to provide conplete services to the users.
WHewe dre, StTPe dya&ITE Pf e tismdhl isttyreamd nep dedtsisop lgfces| P

HiegR 0l Aepend 10 Y LI ddiess, ALOlOfOlRrdilld) of a
partlcular rovi aes a nmest a i el In Its headers.
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qvt\.lhae.‘Lri t%/n ¢ e%%&)ta)é K> a2 d ees R etd1 & i?nte@etra mps to the
other party. It is thus advantageous to provide a network
entity as for instance a Call State Control Function CSCF
to sniff these reported quality feedback values and
related timestamps and uses them to analyze the quality

of the streaming between the two parties.

With the proposed timestamp metrics, different streaming
severs and streaming clients will have the same
interpretation of reported quality metrics, for instance
Quality of Experience QoE metrics as in the Packet-
switched Streaming Service (PSS) of 3G mobile
communications systems or quality feedback in
conversational applications, enabling correct analysis of
streaming quality experiences. If the streaming server or
a QoE metrics analyzer uses a method to map the NPT to
actual time, it can make time-wise analysis about the

session quality.
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party. Wen the SIP or RTCP is used, stream ng takes
pl ace between two parties (e.g. set up in two

Wo 2005088aBs) of a session, and it mght be usel PGFIB20GH/000371
one party reports quality feedback values and rel ated
timestanps to the other party. It is thus advant ageous
to provide a network entity as for instance a Cal
State Control Function CSCF to sniff these reported

THRIA 1 dys £ SREbACK, V&l ues aadinebaiadihipeshaspsiandfor
uses themto analyze the quality of the strea
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e stream ng server or rics anal yzer uses a
net hod to nap the NPT to actual time, it can nake
| ysis about the session quality.The
778 as defined in this invention for
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14 i HB. g&Bar BpahONb @it aki ®Ne corruption, the timestamp is
set to 0.

cSHIERMSE &1

The metric corruption duration is not only applicable to
audio, video or speech media, but also to timed text

streams as a medium.

Rebuffering duration

The timestamp indicates the time when the rebuffering has
occurred. The value of the timestamp 1s equal to the
NPT/RTP timestamp of the last played frame before the

occurrence of the rebuffering.

Initial buffering time
The timestamp semantics is unspecified, and the value of

the timestamp is undefined.
Number of content packets lost in succession

The timestamp indicates the time when the succession of

lost packets has occurred. The value of the timestamp is
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The tinmestanp indicates the tinme when the corruption
has occurred. The value of the tinestanp is equal to

w0 b@sAB8PARTP ti mestanp of the |ast good franme, PCTIB2004/000371
pl ayback order, before the occurrence of the
corruption. If there is no good franme before the
corruption, the tinmestanp is set to O . The netric
corruption duration is not only applicable to audio,
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as a nedium Rebuff ering duration The tinmestanp
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packets | ost in succession The tinestanp indicates the
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Number of detected bit-errors

The timestamp indicates the time when the number of
detected bit-errors is measured. The value of the
timestamp is equal to the NPT/RTP timestamp of the last
decoded frame before the number of detected bit-errors is
measured. If there is no decoded frame before the

measurement, the timestamp is set to 0.

Number of corrected bit-errors

The timestamp indicates the time when the number of
corrected bit-errors is measured. The value of the
timestamp is equal to the NPT/RTP timestamp of the last
decoded frame before the number of corrected bit-errors
is measured. If there is no decoded frame before the

measurement, the timestamp is set to 0.

As can be seen from the above timestamp metrics, the time
instance of the event occurrence (corruption,
rebuffering, initial buffering, or loss of a succession

of RTP packets) or the time instance when the statistical
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| ast decoded frane before the nunber of bytes
presented to the nedia decoder is neasured. |If there

w0 g00508s98coded franme before the neasurenent, tPEI/IB2004/000371
timestanp is set to O . Nunber of detected bit-errors
The tinmestanp indicates the tine when the nunber of
detected bit-errors is neasured. The val ue of the
timestanp is equal to the NPT/RTP timestanp of the

vhagt decadagduteangnbebere orheyiesberegendeideeiedhe media
bit-errors js neasured. |f %Eere is no decode fragp
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nunber of corrected bit-errors is nmeasured. If there
is no decoded frame before the neasurenent, the
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nmeasured (nunber of bytes presented to the nedia
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aggf;&ggt before the start of the playback.

Fig. 3 depicts a flowchart of a method according to the
present invention. In a first step 300, a streaming
session is set up between a streaming client and a
streaming server. In a step 301, one or more quality
metrics are negotiated between the streaming client and
the streaming server for uée in the quality feedback
procedure that is performed by the streaming client. Both
said session set-up and negotiation may be based on an
RTSP in combination with an SDP, or on an RTCP or SIP.
Step 301 may also be performed together with step 300. A
corresponding timestamp metric may be associated with
each negotiated quality metric for the streaming session.
In a step 302, the actual streaming is started, for
instance when a media stream is transmitted to the
streaming client and rendered on the terminal in which
said streaming client is set up. During said streaming,
in a step 303, it is monitored if a quality feedback is

required or not. This may for instance be accomplished by
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According to the reported quality nmetrics with the
proposed tinmestanp information, the stream ng server

w@ 2005108898 t he stream pl ayback or rendering the€T/1B2004/000371
happened in the client; hence the stream ng quality
can be fully analyzed. Fig. 3 depicts a flowhart of a
nmet hod according to the present invention. In a first
step 300, a stream ng session is set up between a
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the step 304. In any case, the quallty feedback value and
the corresponding timestamp are reported to the streaming
server in a step 306, for instance via the RTSP, RTCP or
SIP. After quality feedback, or if it is decided that no
quality feedback is required, it is checked in a step 307
if streaming is to be stopped. If this is not the case,
it is again checked in a step 303 if anew quality

feedback is required or not.

Fig. 4 schematically depicts the functional components of
a system according to the present invention. This
embodiment exemplarily refers to a PSS system that uses
an RTSP to control the streaming. It is understood that
equally well, the SIP could be used here with a slightly
modified underlying protocol stack and with an additional
network instance that sniffs or captures the quality
feedbacks and timestamps that are sent from the client
601 (a first party) to the server 600 (a second party).

The PSS system in Fig. 4 comprises a streaming client 601
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presented to the nmedia decoder in a certain tine
interval. In said step 303, both the event-driven and

wao b@spgsosndi cal quality feed-back is triggeredpCT/iB2004/000371
is decided that quality feedback is required, in a
step 304, a quality feedback value is determ ned
according to each negotiated quality netric. Then a
correspondi ng ti nestanp according to the tinmestanp

afBt hi §tiBakicer kespards oy Gackonegdddtat ed jawal sy and
metric is determned in a St%%§305 Said step 305 may
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cgiresponds to the used guality metric, and transfers
said monitored quality feedback values and said
corresponding timestamps, via the client RTSP 401, to the
RTSP peer entity in the streaming server 600, where they
are input into a quality data processing instance 406 for
evaluation and analysis, which may for instance aim at
improving the quality of the streaming application by
enhancing the data rate of the streaming application if
it is found that the re-buffering events become too

frequent, or just aim at statistical quality data

collection or charging or other aims.

The invention has been described above by means of a
preferred embodiment. It should be noted that there are
alternative ways and variations which are obvious to a
skilled person in the art and can be implemented without
deviating from the scope and spirit of the appended

claims. In particular, the present invention is by no
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capabl e of operating the RTSP. The RTSP entities 400,
401 use the services of underlying protocol |ayers
WO bas/088981 oper at ed by further protocol entiti eBCT/TE2004/000371
whi ch only the TCP/UDP entities 402, 403 and the IP
entities 404, 405 are shown. The streamng client 601
is further connected to a stream ng quality nonitor
i nstance 407, which nonitors the quality of the actua
mééﬁ%?’?éé‘tgrf@@écﬂc@&'g}? 10c4€158 oh theraggetiated
quality metrics and %e correspondi ng tinmestanp netric
comuun hiprt SOmPNEY oF 8ds quak | 1§y f eeddatk Valdebei Aesleyrd
R, ' i oAl da 551 o ughthy  PRALHOE sABY:
S ﬁg%fé%%eégi"b’?%i A Rt Tgsdlanthy cFRAkbTE
spatemst vebin pyraneear fge@éﬁchp. The streaming quality
noni tor 407 then determ nes a tinmestanp according to
the tinestanp netric that corresponds to the used
quality nmetric, and transfers said nonitored quality
f eedback val ues and said correspondi ng tinestanps, via
the client RTSP 401, to the RTSP peer entity in the
stream ng server 600, where they are input into a
qual ity data processing instance 406 for eval uation
and anal ysis, which may for instance aimat inproving
the quality of the stream ng application by enhancing
the data rate of the streaming application if it is
found that the re-buffering events becone too
frequent, or just aimat statistical quality data
coll ection or charging or other ains. The invention
has been descri bed above by neans of a preferred
enbodi ment . It should be noted that there are
alternative ways and variations which are obvious to a
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skilled person in the art and can be inpl enented
W t hout deviating fromthe scope and spirit of the
wapsisssdl cl ai ms. I n particular, the present |PUBmB001000371
is by nomeans restricted to application in 3Gradio
conmuni cations systens. It may equally well be
depl oyed in all kinds of wired and wirel ess data
transm ssion systens with paraneter feedback.Cains 1
A nethod for quality feedback in a stream ng
service, wherein at |east one nedia stream (101) is

streaned to a client (601), conprising: - determning
(304) a quality feedback val ue according to at | east
one quality netric, - determining (305) a tinestanp

Clzimg¢ing to said quality feedback value according to
at least one tinestanp netric, wherein for each of
said at |least one quality netrics, a corresponding

1t i ves¢enpd nBori quasidef Faedbaakdinhar etneamgngobesHige,
at. | east one,t] nestanp [ LS..b on.a Lye
AP EEER PR fE e i nEEl g’ Prpin FEEE) OlefelPeBhat o
(d0d)ienandeol) epoonpnys{B86) said quality feedback

I d. sai ted timest co 2
-BHE-ARtiR SaE8) Sho b TP RO PRI ot BBn?eo
sit endh 8y ofiesqudl Atyl eastiope nedia stream (101) is

based on a Real-tine Transport Protocal P 2
'.gﬁﬂ%rﬂéPhB% g%%%kd?nbl?SSEFEPn¥§?agﬁ8 e?% gé%% fuzfey

r ebadbyek medl ac phaybadknyi e &8s dleakvednér oimBFPamp

ti mestanps, that are provjded in.a header of at |east

GREC 1 o1 DERF-BLE LG FOOP G5 BRiapRL 109l gt gidTtey

et hpdcaccar dbhgetpondynef tihesehapnbetr3c whedethned,

and wherein each of said at least one timestamp metrics

is based on a relative media playback time of said at
least one media stream (101), and
- reporting (306) said quality feedback value and said

related timestamp to a server (600).

2. The method according to claim 1, wherein said
streaming of said at least one media stream (101) is

based on a Real-time Transport Protocol RTP (102).

3. The method according to claim 2, wherein said relative
media playback time is derived from RTP timestamps that
are provided in a header of at least one protocol data

unit of said RTP (102).
4. The method according to any of the claims 1-3, wherein

said streaming is at least partially controlled by a

Real-time Streaming Protocol RTSP (109).
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said streanming is at |east partially controlled by a

Real -tinme Stream ng Protocol RTSP (109) .5 . The
woredohogBoaccording to claim4 , wherein said rePEt/iB2604/000371

medi a pl ayback tinme is derived froma Normal Play Tine

NPT that is provided by said RTSP (109) . 6 . The

nmet hod according to any of the clains 1-5, wherein

said at |east one quality nmetric defines said quality

5.\A'TEﬁHé qnéﬁﬁhc_stg d@cbeitnd idm Sy phion wheasigveaid aellative

erein said corresponding tinesta metric defines_,

SRRt iRESRAR tol Be Jt%ed%’r‘éﬁir%v‘%r%d?a%mﬁ atk3¥i me™e
Qfp Spaci {4 oisRBPippaish @trteast100g. nedi a stream

(101) before said event has occurred. 7 . The nethod
according to claim6 , wherein said event is a
6 P%H#Hﬁé%c@%@éé@@i@@%%il & sehd epgehEi ¢-Er afheksin
the Tast good frame, Tn playback order, before the_ .
oo ratncke At saie @Rt Uipl iRt Bc. dThénagt Apgd quality
%%:okgn‘fjcl: NG 1.0 L3152 6, WRET 8 Pa S8 E¥€Rh Eedt, and
rebuffering duration and wherein said specific frame
|wﬁ?#fam;$ﬁl®l@gen8$pQ@dﬂ%@f%#@eﬁﬁ@mﬁc@aFFéﬁc€e§#n§§id
r U . [ 4 . , + 9
et Fldords o] e RIS BFOEL RBALR BARLTRRY Fine
:wfsmcﬂ®ssibMCaﬁﬂaMMe¢éiﬂaééi@tsb@@Sti@nﬁr@ﬁéiﬁsstﬁéam
recerv ' b r, before the
o@@%%%:%%%ogg éé?%ﬁgﬁ%%%g%?%ngggugﬁgg'packets. 10. The
nmet hod according to any of the clains 1-5, wherein

sal.d at |.east_one _gqual i | c.def ] .sal.d.quali ;
Tra% droefin etReth b b eg e S E R A BhehY. 1o

sai coeoupespondingt t onestdnphaeeincsdefli gepscific frame

is the last good frame, in playback order, before the

occurrence of said corruption.

8. The method according to claim 6, wherein said event is
a rebuffering duration and wherein said specific frame
is the last played frame before the occurrence of said

rebuffering.

9. The method according to claim 6, wherein said event is
a number of content packets lost in succession and
wherein said specific frame is the last received frame,
in playback order, before the occurrence of said

succession of lost packets.

10. The method according to any of the claims 1-5,
wherein said at least one quality metric defines said
quality metric value to be a number of events, and
wherein said corresponding timestamp metric defines

said timestamp to be the relative media playback time
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said tinmestanp to be the relative nedia pl ayback
timeof a specific frane of said at | east one nedia

W@ easaofl01l) before said nunmber of events i s PEEREEHN00371
11. The method according to claim 10, wherein said
nunber of events is a nunber of bytes presented to a
medi a decoder, a nunber of detected bit-errors or a
nunber of corrected bit-errors, and wherein said
S@ﬁg hf isp];f:&aﬁre iEaklae dfa%faige&?g &éaﬁltaﬂ%"aeﬁ&i;e@ri% %&g‘éam
nunmber of events i s neasured. . _The method accordin
t 018hy BPEPKRE SPAPHEWIPEE, ObhEVER Ss aid GRS - )
f eedback value and said related tinmestanp are reported
to said server (600) via said RTSP (109) . 13. The
lhet BbE BEEHPEI AGCOEF ARG FR1 Ol adfle i n WSisT@ it Sedm mymber
| §rabykaast 1Bab! haklk rC M LYkkedph¥s2nBeeSitN a media
Initiation Protocol SIP. 14°. The method according to
charafes. , anhepbes o&i detecsety @ife§ira oplSayFadk fer of

2?899%%¥@g EﬁQUFQrbkgg Q%?i%hkgégni%aQGQEEQQQfQ% F3iehe

, particular fromSIP tinestanps that are
pievitedlpatadrcaded dirage bedsreoseipy slobsir @bt gvents
unigt af saild SIP. 15. The nethod according to claim1
, Wwhereirn said streamng is at least partially
controlled by a Real tine Transport Control Protoco

16RTERL pe%ﬁdea%gg%td%gy%C%g! ¢ (QClAl LS .4 Wher ei n
Said relative nedia playback tinme is derived froma
t wherbasi satilatiued ipyoviegdddhaloy vaildeRPER siaid related

particular f Rg ti t anp hat,ar & Rr9vided 40 ¢

hgé g;ggppagE%ggg gﬁgdgﬁgt%coﬁ'gataeunﬁthg ggidsa

RRCBP1710%he net hod according to any of the clains

13- 16,

13. The method according to claim 1, wherein said
streaming is at least partially controlled by a Session

Initiation Protocol SIP.

14. The method according to claim 13, wherein said
relative media playback time is derived from a time
basis that is provided by said SIP, in particular from
SIP timestamps that are provided in a header of at

least one protocol data unit of said SIP.

15. The method according to claim 1, wherein said
streaming is at least partially controlled by a Real-

time Transport Control Protocol (RTCP).

16. The method according to claim 15, wherein said
relative media playback time is derived from a time
basis that is provided by said RTCP, in particular from
RTCP timestamps that are provided in a header of at

least one protocol data unit of said RTCP.
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wherein said reported quality feedback val ue and
related tinestanp are captured by an instance and used
W o00aMsd9yre the quality of said stream ng. 18.pPdnEB2004/000371
met hod according to any of the clainms 1-17, wherein
said stream ng service is a Packet-sw tched Stream ng
Service PSS in a 3G nobile communications system 19 .
A conputer programw th instructions operable to cause
a processor to performthe nethod steps of any of the

clainms 1-18._ 20. A conputer progra pro uct c .Sin
1% Bipuisdihgst c?gfrc‘é?ﬁ%n; t?‘P]s‘i”%@c%E ':% f)g?%\‘ﬂlgeggpa ausg
%Mé@ﬁ?%%ﬁd Ofd%%ﬁt%dmc&mk@l{@y hpdesthepe vhlasyanll the
claims 1-18. 21. A systemfor quallgg feedback in.a
e

s’ﬁ]eaa‘?ﬁdwgtﬂé@%ﬁaé@ TR wEed - PR 21 e BRECBRES sBRGe S
(égxanalfggjthéu d£esty ohe §hi{gnst£68ding. Wherein at

| east one nedi a strean1(101) is streamed to said at
| east one client (601) , wherein a quality feedback

1é’a'ﬂ?e 'ﬁﬁ%@%&@ﬁaﬁ?@%gl A9 tQratnbeaskinperquality
erein a tinestanp relating to said quallt
fvdeadrtmnk sedl dies i Beatet =g ns fevl @@ cbP dR nBaEbeht SWéE@beéne

eac é&ﬁﬁgga@gé x}ufé h@és'§nCQr§§Sﬂeﬂﬁiggbam§l§£heseleag

east one quality netrics and that is
bagederon a rel ative nmedi a pl ayback tine of said at
| east one nedia stream (101), and wherein said quality
f eedback value and said related tinmestanp are reported
19 0 Batoh@ttéeastogren smtﬂer igeboyct 2ons AopRraRl o( 601)

In asétrﬁgﬂ%g s§§£VI egggPﬁléthmethod steps of any of

the claims 1-18.

20. A computer program product comprising a computer
program with instructions operable to cause a processor

to perform the method steps of any of the claims 1-18.

21. A system for quality feedback in a streaming service,
comprising:

- at least one server (600), and

- at least one client (601),
wherein at least one media stream (101) is streamed to
said at least one client (601), wherein a quality
feedback value is determined according to at least one
quality metric, wherein a timestamp relating to said
quality feedback value is determined according to at

~ least one timestamp metric that is correspondingly
defined for each of said at least one quality metrics
and that is based on a relative media playback time of
said at least one media stream (101), and wherein said
quality feedback value and said related timestamp are

reported to said at least one server (600) .
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- means (401, 403, 405) for receiving at |east one
nmedi a stream (101) that is streaned to said client
W@ 8@3)s893t neans (401, 407) for determ ning a PCEIB20§4/000371
f eedback - value according to at |east one quality
metric, - means (401) for determning a tinestanp
relating to said quality feedback val ue according to
at | east one timestanp netric, wherein for each of
said at | east one quality nmetrics, a correspondi ng

ti mest netric.is defined, and wherein each of, said
22t Posor Sthe (A0Hs taim?: 1RETH0S 1 SSad Son GP TR L e
_En:?fggilaahspl (a;ogqclqdzi,m OEEQO%@IIE rafcdiedsly ene Ied d'tﬁ cﬁ‘fe_r eatia
, and - neans . or orti,n ai ual it
[ Beaban Mdle T i & Dea e T e s B
-(8QRhs (231 A 438NV &or MR rinird r%f L JUAIG tSeHdeiack:
wherein at |east one nedia stream (1Q1) is streaned to
aVeriienecCerRing Weetdi f SR Sfudnst W A& S Ue

-aGRRnd NA 9 Hor eRHe NS iGEAld i i irelating to
det erm ned, and wherein a_tinmestanp relating to said

qEaric updddradiesprgd Ve 1@ SGRATEH N && ditnd SBF tatone

| @agle 2RGT HRSLATD IRIADIG tHA! daS LU @NENAlsst one
defined for each of said at |east one quality nmetrics
andli&y MetFISEd Gn CRTEEISRONE Nge dild 95 tayBa dle i iife 16T
S@let 3kd easly MR B 23 ML e QY Ydg: -

means (400) for receiving said quality feedback val ue
and megit@mpe mgtad asi destbansd it sare isdgore agdiyp $disyback

Clei;t 6QL): £ @Sald server (B80Q) o+ 2hn A(lFblrlgt,OCa‘Hd to

be used in a stream ng service, V\thfQI n at east one
@St MEah (O eporstineamed & quality feedback value

and said related timestamp to a server (600).

23. A server (600) in a streaming service, wherein at
least one media stream (101) is streamed to a client
(601), wherein a quality feedback value according to at
least one quality metric is determined, and wherein a
timestamp relating to said guality feedback value is
determined according to at least one timestamp metric
that is correspondingly defined for each of said at
least one quality metrics and that is based on a
relative media playback time of said at least one
media stream (101), comprising:

- means (400) for receiving said quality feedback value
and said related timestamp that are reported by said

client (601) to said server (600).
24. A protocol to be used in a streaming service, wherein

at least one media stream (101) is streamed to a

client (601), the protocol defining:
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client (601), the protocol defining:- at |east one
quality netric, and - at |east one tinestatnp netric
wo 0005088981 of sai d at | east one quality metri cSPCTB0&I/(00371
each of said at |east one tinmestanp netrics is based
on a relative nedia playback tinme of said at | east one
medi a stream (101) . 25. The protocol of claim 24,
wherein said protocol is an RTSP (109) in conbination
-WathlaaSesshengleddtiyptieamriler,otmcol SDP (110) . 26.
The rot coI %&c ai.m 24

erein _said ocol
-oPB. 15950 Raep Mo RbRTer Mt d TR SA7 GRSPLIE G ot Teast
pbﬁEOQthb.SyafmeB'f@Bs ,
wherein each of said at least one timestamp metrics is
based on a relative media playback time of said at

least one media stream (101).

25. The protocol of claim 24, wherein said protocol is an
RTSP (109) in combination with a Session Description

Protocol SDP (110).

26. The protocol of claim 24, wherein said protocol is an

SIP.

27. The protocol of claim 24, wherein said protocol is an

RTCP.
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