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'S I nvention relates to a method, a conput ePCT/IB2004/000371
program a conputer program product, a system a

client, a server and a protocol for quality feedback

in a streamng service, wherein at |east one '
streamis streamed to a client. Background ofmwmymmwmmumm
i nvention Stream ng, on the one hand, refers to the
ability of an application settled in a client to Pi*¥
synchroni zed nedia streans |i ke speech, audi o and

video streans in a continuous way while those streans

el Rg~t.ransmtted_to.the cljent, over a data
T%é?ﬁgrﬁg 8%a?ﬁ§ybfﬁ% ’ﬂ%ﬁ?,en%ﬁqu iR al so refers to
real -tinme | owdelay applications such as '
geonyer ag'onal appl.ications. Applications that can be
-%Eié%—gﬂ—hgﬁlﬁﬁgggﬁgﬁwing services can be classified.
Thibnioventidaneadaged ltove mdthIaalE Abndfld &€ Yrogram, a
appl { cations. Exanples of the first category are
CﬂﬁgP CANHTABTRT RTINS d SpSYista ofs CUISRE /. del $smveE

affl aagretandlt ebeVvigsian th FHAPa Y &R M LS o t he
second category. Real-tine | ow del ay appllcatlonS%re,

SEEVIERanPlReT it REmd GRSt PRge SECiite FHFdIRATO I 8/c8 tre et to
al F1iapd any type of conversational rmultinedi a
application. .Stream ng over fixed Internet Protoco
(IP) networks is already a major application today.

-B¥@k§§ohﬂﬁ bgt@ﬁgegnvggggg%eying Task Force (I ETF) and

€ Vor ium (WBC) have devel oped a
Sgeeapings oPBcbhe @ed hapd.~mefetis| kil Ithid ability of an
apprithtibh~saeehla 1H00H ent 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.

Applicatioﬁs that can be built on top of streaming
services can be classified-into_on4demand and live
information delivery épplications. 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
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1ng services, no conplete standardi zed
W‘i%“?’g’%%g framewor k has yet been defined. For PGRIB2§04/000371

Generation (3G nobile conmunications systens
according to the standards devel oped by the Third
Ceneration Partnership Project (3GPP), the 3G
. Packet-switched Stream ng Service (PSS, 3GPP TS
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(ﬁﬁéyoqgh§ﬁ. diac dgﬁz and scene_descr,i ption

protiocol’s. T TH T STRERPFCAREy 2RRpEERS 1oRe POY
mytotneeila statderdt, téed eonveekbstibaalr anshekagfidot h
streamabl e and non- streamabl e content between a

SLOMEH - or nedia server and a client. Streanabl e
content 101, such as video, audio and speech, is
first converted to, the payload format of the Real -tine

THE FRHIIEG RPIARTPIT02L0A aRPadaptirren Wapaein
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for, sending real-tinme or_stream ng data by using the
re@inttLonfonveiRRr I 9NAY EBEViEREagbarRREet boomedia

idpdP)dkhe MU ehdodUED HSESrERR1SERYI G8Y 2bcAlse 1ess
underlyrnq:IP protocol 105. 2 -

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 protocdl
105.
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content 106, as for instance nultinedia content which
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recorded on a termnal device), still images, bitmap
and vector graphics, text, tinmed text and synthetic
audio are transferred by the Hypertext Transfer
Protocol (HTTP) 107, which uses the services of the
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sufficient to transfer .the content, in case of
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Reahstl me _ St regm n% Prot ocol (RTSP) 109, which ar%iy the
r

- TBrther yoderHeingndér L¥Eng TCP 108 or the underl ying
UDP 104. RTSP requires a presentation description 110
at least to set- up a stream ng session. Such a

WBrEsest &PFok hGedON-Ftreamable woptent ilfstande bailt-in
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Pr ot ocol le. Said contai nsS the
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he [ eam n vi ewed at
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rREB/¥BEYED ReSOW €8sk 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-éession, 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 providéd with a Universal Resource
Identifier (URI) to specific content that suits his

terminal. This URI may come form a WWW server, a Wireless
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Identifier (URI) to specific content that suits his
é?i This URI may cone forma WWVserver, a
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Application Protocol (WAP) server, or may have been
entered manual |y via the keyboard of the term nal.
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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 elient_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/or 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.
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T, port to be used for the respective nedia
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content server that then starts to send one or nore

streans over the IP network. 4 WO 2005/088931

PCT/ 1 B2004/ 000371 In order to offer service providers

in PSS systenms neans to evaluate the end user

stream ng experience, streanmng service quality

o v, Ngd u PSS, _s
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gmecordance to the neasurenent definition, aggregate

t hem
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 conseguence
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 isg
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 server. This requirement does
not preclude the possibility for the streaming client to
report raw quality measurements to be processed by the

streaming server into qguality metrics.
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' to the streami ng server. This requirenent does
““£§@&B§§§|ude the possibility for the strean nJCEMBWA/000371
to

report raw quality measurenents to be processed by
the stream ng server into quality netrics. 5 WO
2005/ 088931 PCT/ 1 B2004/ 000371 The stream ng server is
responsible to signal the activation of the stream ng
The i ehreamingl seyvest hisc sespeporitiin tmdstgnahtties t he
a ' [ ' I tri.cs, The streamn
SeTianLo BF e el JIHCHE R e T
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ikt I LV raw | ost packets report and
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serparingutaiestr eaguagicli erttritie fold oM DG GEVERted
qé%?q& me§£%L s are deLinedI%% Tdoc, S4-030860:
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repeTodahdobuildether Biin, corayprady famimsdd ddhedd radss
sequent_gopd franme or the end .of the reporting
r%*é‘?i-%%r(w%ﬁgeal PE §g6ﬁéF‘)l?19TI‘Fgl‘?ﬂﬁ~t of this
nmetrics is expressed in seconds, and can be a
T d & t% nal _val ue. Rebugtering dyration This nmetric is
*b%|€° g%Y%E%bFSVFquHa L5y IS hdrsspiaddnedmy iBoc
snai3@ppd i cable.to other nedia types. The. unit of
this nmetrics is expressed in seconds, and can be a
fractional value. Rebuffering is defined as any stal

CorrppydachuthiBogdUe to any involuntary event at the
client side. Initial buffering tine -
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 metrics is expressed in seconds, and can be

a fractional wvalue.

Rebuffering duration

This metric is only applicable for audio, wvideo and
_speech[.and is not applicable_to other media types. The.
unit df tHis metrics is expreSsed.ih.sédonds?fand Céﬁ 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
et until playback starts. The unit of this
“mﬁ§ﬁyﬁggﬁis expressed in seconds, and can be aPCT/IB2004/000371
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Nunber of content packets |ost in succession The
nunmber of content packets |ost in succession per
nmedi a channel . Nunber of bytes presented to the nedia
Nudrnterf Sdntsemparpadtets | bosheinuautaessitonunber of
byt es resented to the nedia,decoder. Nunber of
THRL CRRVRE 671 - G BT WRSETSS  heShumBePUSFoaatett 887
meglita ertaoirselat the application-level. Lower-|evel
errors will be handled by the Iink |ayer (either
dropped or propagated to the application |ayer).
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bit-errors at the application-level. Lower-|evel
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prHORRE Ao PEPagad £ docdderappl ication layer). The
obj ective of the above quality netric definition is
to obtain consistent nmeasurenents across content type,
NRIdE 0% Sae AUk LY PR O fRBEL O AcCess Netuork . (RAN) -
The constraints are to mninse the size of the
Thjimlig ycheraiumosr reboiet ebiaedwblit -berseat atothhke
r.ean K t XLy f he
PSR SRVEL, B0 Sy SO TBERN Y yiBhohinaan se bv
tleonviayledidwer t hel B85S séroppeliyouspagphbet SETtBARANVETER
TSP with a feedback header 2 as
2, however, in particular cases, it
is nore efficient to use

h f
R T 5

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 Accéss 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 gquality 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.
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i nst e the TEARDOWN nessage or the PAUSE nessage. 7
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header 2 of Fig. 2, Streamurl is the RTSP session or

nmedia control URL identifier for the feedback

paraneter.. The Metrics field in the Paraneters

definition contains the nane of the

metrics/ measurenments (for instance corruption

AU I@@e & Jnedde: V2l ye. ga 02, tg@ttf%gh]emh%s the
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no definition for the "beginning of the session".
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different possibilities, e.g. the absolute session

per¥redsince the beginning of the session may be used.
The absolute sessiontine is the tinme when the
sessi on has happened, e.g. 12:20:22 to 13:20:22 on
Thdyoroidnal POoAst#amefeeldi in the dbsdbaré essieon2 of

{ [ ol L c timestanp_for a
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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 ﬁnclear'whaf 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 tb 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 eveht s
ve occurred before in said session. For

W(? 2@%@?’?3 if a .large initial buffering ti meP@HEB2004/000371

encountered, and then 8 WD 2005/ 088931
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during the session, a subsequent report on a

corruption duration is assigned a tinmestanp that is
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or the tine when the first nedia frame 1Is played or

ot herwi se. Even when the time base and the session
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the stréam
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'whén the time base and the session beginning time
are éiearly defined, the ﬁimestamp 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 4t 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

' of the 4th netric, i.e. the nunber of FTP
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exact tinme before the start of decoding, the tine
required by the termnal to arrive at said mark
depends on said processing power and said task | oad.
9 WD 2005/ 088931 PCT/1B2004/ 000371 As a result, the
stream ng server and the streamng client may have
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Al ot | G PEEELLEDS BhrvER PRRoreR: ssaarpe
chiggnt geay dravhedsffrerstht eantagpgeakictiioas. of the reported

nt | due.to.the _anbiguity of the reported _,
ST A Yo e 40, SRS B Yer b ol e narpRe Ghelity
mestt 1 ezeni g giad | symecotreaniyg Guamary eef. e sieRvRmtI1gH,
dIn giq: of _t.he above-penti oned ?ﬁogl ms, it is, inter
Wi :é?d%ﬁ%%?ubetﬂgegP%sﬁﬁPo' FENLBT S BEop s a
stneddmithg as €OV@PHt €ANNGO0EAAl yBeCORBUER cRFARAuality
roduct, a system a client, a server and-a protoco

St Yow for a nore precise and unanbi guous
reporting of the timng of quality feedback values in

a streaning service. It is proposed a nethod for
§iﬂEﬁ£¥yE£egE$gtﬁzfﬁEégﬁ§treaning service, wherein at
It 6@Sdw Obe REli ab&ié CRBht Sonsll 82BBU ke, 21¢! 1Nt nter

conprising determining a quality feedback val ue

2httordf P12 at Of eblie BRESHDEI LRyeRBEPNC tO @EpPPsieniang

mét HbdTES aiPb @t 81 PPotPamal § guabLty | ?’%?%ﬁh Yaliie, a
accordlng-tp at | east onetlrrestarrp metri C, . greln '

SYIeach ofieatrd atSEEUsSt anRd guRFPtpcedt thes, adlow for

a GRS EIPANI 89 4hHCahaRD1 BLLLCrbbodelibnet, 200 WIRLE of
each of said at [east one tinmestanp netrics i s baseé
Ayl ity feedback values in a streaming service.

It is proposed a method for gquality feedback in a
streaming service, wherein at least one media stream isg
streamed to a client, comprising determining a quality
feedback value according to at least one quality metric,

' determining_a_timeStaMp'relating to said quality feedback
value according to at least one timestamp métric, 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, audioc 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

stream and reporting said quality feedback
Wo\r@ﬁ /@882\ said related timestanp to a server PCEAB1904900371

| 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 from a server, for instance a content
angbriRrreRgesed do” | Homt ten0ingl 2005/ 688931 said client is

sé%jM%B29Q4éOggégﬂroﬁfgeﬁsméﬁﬂggreil%%r %1%% hy nal, at

sald client 1Is P, nasncronsé/d sdi
lepgtherne Aredinas i vedy, mayi eatk mleéaat stmeanmedifa s treadm

I del a
-8, B8 5o0ndh 0O Oy LGk LB LOY 0010 i

appl I cation exanp
vw%@hmlyemcprexammeanv@rca Voerel-BverdiIa sﬁeﬁ&amstﬂream

Y, treamin.a conversati
Ofan%%;ngg?a App | ca i SRE SR ssPr SRRV ﬁ§sﬁ'§§/°f1§‘|}e pl ace
mikt 1rae@ia ezpp hiycstessh onThibeseraamener axhyrreak@ PUR/TE n
concurrently streanmed to sql dclient. Said

S %%ammhrég nE5° S B b AT Shl aSFVSEBC o e Br SERSERTc @ay be
cdﬂmufkﬁmtlmitﬂé&mB®owé Fa0toedk eREP, sand BRYeRting may
ntrolled by a furjtshejg?ﬁrot ocol, for instance a

st ae% ng" pf RGP elREEPREENEDS: P@éﬁn‘ﬁdme

TRiospeet ISR @51 tEP Sessd ORay! Bt kahieb1Peat ggoly SI P,
£ r\icj% y for (ggtance allowto start, stop and or
Ha %rt%ots?? m ot BaF iR RESP20 FtSFPmlﬁﬁyPE)“@‘-@ﬁ»@rlata@d

tHY Rl OEDhe e+ ddREnd NPSatdcbhi RbpaRd +hB &Rl op
server, and_may be based on_a Session Description

I5 tot Richpn @Fﬁt%%% SEF verndaaefos- Lossrageorldven tise
sdéEﬂ“|é@&pwéﬁ£V$P§p§@@ée@EeS§E¥§ém358”]ﬁ%h?fR%@djor SIP

nmedia actually stens from or
m3n AR T Y R PTRYOTPL sanal§f-ﬁéanrpngan§ gatient wed

idtsdh® sbiedt ashtRay AGEOKLLRY LA §ab@sgﬁoheﬁ§ECQQ%tlon
Pré@gééy ggérlgalgsserver may be co-located or even be
identical with the content server from which said media
actually stems from, or may be a different instance. The
gquality of said streaming is determined at the client
JVSite according to said at least one quality'ﬁetric,'as
for instance a corruption duration or a re-buffering
event, and reported aé a guality 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 gquality metric, for
instance stemming from a set of several quality metrics
defined by said protocol, may be negotiated bétween said
client and said SérVer beforé, 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-buffefing

e nd reported as a quality feedback value, for
wa %’@%}Qﬁgg via said protocol that the stream ngPFEIBR840371
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
Lity netric may be defined by said protocol that
q‘&?}ﬁf'FKl wetpdcsgt Pe&fiSRGCtave §di“@8§tamteamtmre mality

dgeinka, Eek ihBshaneerst e A8 feSgveral
ualltgl mstrllcs defi r?zj %r)?d;% prot 0Cco tocon Jols said

sﬁ%@%Wi’-ﬁSedSBé@\Aééﬁ‘eéﬁéla@P gistanc mnsaldl;»seie/hrnes how a
£ DRE 8F Bmp UKL LRY 3 @ a%}%%ﬁgte%f Wihg & ?ﬁleLﬁ%t%(/\b‘teedback

sessi on. For each sal "'east
vabas/ '9889315P@¢15I182d0bb/0@0@131ldm’almatyrmt:rs a8 e

dé@é?ﬁ?ﬁéde ELURSLAMR ORL M iG J § 4, %%Hggﬂgéﬁﬁﬁ%nSt r%;id

by said protocol that control s 185
oR | aesedapivet medibapilegbbykdefimeesthesiadl 4t MR&AH e

ocC d .a_qual..ty feedba val ue t hat
m|é§§% %éﬁgﬁﬁbybgaguagﬁ? y Ivg Pedips ptlgyg’éc‘iﬁgtlé‘}em ned.
répredsantsebbe dpmpbradspapprees of thddased bk & said
e e | ayback tine of .said at |east one
at %%ét\élt‘r’rqum gu dggjéleg{“i VBCHBEEL&%N%&%&M igRsolute
tneeprleseat sithe wérhoual ipeegtassnef pahepliadthask 16f or
al | east one di a_stream uncoupl ed from any
dégs%l u?eerf’?ﬁﬁ gsggg' ay%?FF%o&F PREEGFATh §uFdise the
stne¢animys salddebaytuﬂeeméaha pilalBach aWRRCKIRS may be
Ofcurégg ﬁ% % h_] streanming. Said relative nedi a
o ckCt T8 PRUBLARY bémer efatbe conthaueawpmedsa
dmrﬁmgOitéhﬁe@@ﬁﬁhﬁgoﬂﬁtﬂealﬁngHEHnﬁokﬁitre%%ﬁdﬁ%%tance

%o a. djgital rrmltﬁ For instance, said relat
S‘?r’e ia b?tégﬁﬁcwefiFﬁen yoBEkY EEJF‘@sé‘ﬁﬁfedebFePF{FPented by

RTP neShaspamps Opréedaby B EAPRED By bhechar Mk Bhay: oy
Time (NPT) provided by an RTSP, or by timestamps or |

. -

timing information provided by an SIP or an RTCP. Said
~guality feedback value and the associated timestamp are
then reported to said server, for 1nstance via said
_protocol the streamlng is based on or via said protocol
that conerols the streaming. If said protocol that
controls_sald streaming is an RTCP or SID, 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.

Accordlng to.a first ‘aspect of the present 1nventlon to

- each quality feedback value, a tlmestamp can be-a551gned,
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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%%PQF’P%?W eedback value and the associated ti rrEQTMM/OOOSH

are then reported to said server, for instance via

said protocol the streaming is based on or via said

protocol that controls the streamng. If said

protocol that controls said streamng is an RTCP or
w@palmtthnaytbmespampemeedlthaf Salld rtepesttechpqual 1ty

al s and elated t ta re captured, or

ég@?f’f%%% aﬁ en fiyfor %E i ﬁ?? é’nE' %é:tj\ﬁo &t y
q'sall:ht}asfaedhétxsvalae thtlsothEuambllglml(ES@%) ,aﬁlrslcifgde_’from

to_nmake q%a iy tgureman Said tinestanp I
UPHSE ShcEThET A ﬁ%\ﬂaﬁ 8FF BPFCRACopPFofal 1S amdt ﬁrﬁaren‘
ganl 1 RFRNETSPERTOR/ SkRokreader . According to.a first

aspect of the present invention, to each quality

f eedback value, a tinmestanp can be assigned, 12 WO
FaPORE B8SOS | 5’(5&_6£523§4£@093¥écoﬂﬁe&%pﬂctth%ft RSt nt

metric of said tinmestanp i specifically define for
1RYen Lt tyh?rewweseﬁmgamtraaapﬁt YapesdiRicle walasive

mdAus pheyeabk ouihibessath fbNBabLOBhaUShG BARRRIA!
tiimestanp nmetric for a_class of different aI|t

ipdepeRders PenbhedaPraluher ABFELICRCERGIng ®f
tAS PEEL a Pl émseaesgnévehegeehaenoct:tl%vte'd"%%t@m meldic

is based on a relative nedia playback tinme as
agfwe! bavenanthehussheepresedi Adepaddéndependant of the

p?@é@é@lﬁgSﬁé§é9”ah&”€askngggﬁngg h%fte&QSJgﬁ]%.i client

caused by ‘events that occurred fore the actua
igveat @ha%nrs"‘h@pbﬁ?e@foﬁhan@ﬂn@ep‘@nd@nitlaofphary@ack time

mgyogféélggweawes aﬂgnhgﬁethgaﬁeg%fs%a% el ngy élgﬁtlon

S set u [Fative
o§|§§ga@kg;mn@ng 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 Pro;ocoi

3 RTP. Said RTD may be operated between - sald cllent and a
content server and may use the san1ces of a Use*
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 protocdl 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 presentaﬁioh
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may al so aI | ow t o abandon the necessity of a
fi of the begi nning of a session.: Accordi ng
W(fl@ /Héesg thod of the present invention, it nmakCT/HE004/000371
preferred that said stream ng of said at |east one
media streamis based on a Real -tinme Transport
Protocol RTP. Said RTP nay be operated between said

client and a content server and may use,the services
tige ldnss der idachdizam PrakbelpcluDRimahte hd¢ permine nalen

rHeS @ e Sed > mt%ﬁ}ﬂ{ﬁ CLNGE1E BL OGP st e .

According to t e present I nvention, it
may be preferred that. said relative nedia pl ayback

Acitd#%%%ac]%? rﬂ%efeq% ea?cér fonegg'rﬁo?%%%?t eﬁ{ fo{?r O#dﬁgy
besgint R eSdith tRTER1d | stestamipngaysrat | beaSt heasanpling
cdﬂyg5i eéﬁgi: téiéft i %t§$¥é§mgﬂ%ﬁgf595 ?Cﬁ#ﬁgatgg%g

uni't or e
R'm&mndae,d ben bazadd tome isredemirsinioh edestt hphisai dratrided

ia strea ai d TP L mesta be
oY A R IR JraReReat | P 19 0 BBok BeYoss
op%ﬁﬂe@OﬁA/iﬂQB?dllénﬂmdmdlesajaﬁl yeﬂvéf oandahagl 66k
t|rr1=:tobagl t\(/]h\lnenthe next franme or_other unit ‘
e St ey PBUTHES fEthot-OPPERE OF
thHy eserdanituent i on, it my be preferred that said
streaming is at |east partially controlled by a
Real -tinme Streami ng Protocol RTSP. Said RTSP may be

Adesetl on tﬁ: m}eéeﬁét&w@rbﬂetsl@él@fe@en@r oMvEREioRy 2t may
Sesseafto cr.i ption, Protoco| SDP. _Said. RTSP na
o RAFBr e SR ‘Begé?v%}aﬁ]ﬂ@dﬁagl‘fnérls

déﬁ&i@pca_»&h loWdafial hel $F ar{hOavpPagsiAgi @ngréweeangy
of . the stream.ng. According to the nethod of the

Sﬁﬁqﬁﬁﬁﬁ_1lﬁ&ﬁﬁ : T?Yrﬁﬂd ate 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 gquality metric
defines said Quality metric value to be a'time duraﬁion
of an event, and that said corréspbnding 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

14



be preferred that said relative nedia playback tine is
' froma Normal Play Tinme NPT that is provided

chﬁfols/ﬁt?sg% RTSP. Said NPT may indicate the streBaT/IB2004/000371

absolute 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
apRetlhatl saydneperitidefirnme ealah@u&asq/pﬁaye¢ frame

by ALUE- EﬂebSCQu kEEcQUE%t'QQd g%b%&f%& and t hat

sai d corresponding tinestanmp metri & nes said
timestanp to be the reIatlve nedla pl ayback tinme of a

apg ast _one nedia stream
A%B§g§£h§a§é even 8808% F prﬁ@@@Fdﬁﬁf?ﬁf%qﬁ? it may
bﬁepheﬂenfeﬁhEhptesemd eneentLena iy dﬁidﬁﬁﬁéﬂﬁed :
% aigs vent IS a corrup |on dura and
sal SpeciTi ¢if PafscFE: ?ﬂe Seoﬁaﬁggﬁ?eq S8 rame
lplE@@abksbrﬂGCelbeﬂOEEambe QQCpﬂh@&@@kﬂbﬁﬁﬁﬁj before the
orrugtlon Acc rdin to.the geﬁhod of the present.

O RVERTTOR, OF t Sha SBE BPELEPr 84 LREC PaFHent is a
rebuffering duration 14 WD 2005/ 088931
PCT/éBZOO4/000371 and that said specific frame is the

APaRYAhPayEa FREnBetBRfoPE the BEEfEénd@vemtdgny it may

be epuéferiag. tl‘i@ﬁOEQthaEOlEE§t”@>h|é0@Iu%.fl ithe pEsent
pyentlon it may Ereferred that™, said 'event is a

FrohBe? %?léoﬁ}lei’a%typ% BL§ VBUe §Os inec @ STt R hat
eﬁéhﬂs$p§ﬁﬁfWEeréﬁﬂesah§ EBerE§§an§%%'%%%J§E%?b ddtric

ayback order, before the occurrence of
s@%%e%s?%hdoF1W8§Faﬁﬁckét?e BEEorgilag ive tieslietthoyrck

tifi€ BreseBbebN¥ERt EPOmel LMY gbgrPrelenr ed I dﬁ?'d
at | east one quality netric éeflnes sal d qual i

ShEERFPcPEEPHR EBiBendmRERbELE GVenéﬁeﬁﬁsm%%ﬁPmmeJeln
said corresponding tinestanp nmetric

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 said number of events is measured.

According to.the method of the present invention, it may
be preferred that said quality feedback wvalue 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 anentron, it may
- be preferred that sald s;reamlng is at least partlally |

controlled by a Session Initiation Protocol SIP. It then



defines said tinmestanp to be the relative nedi a
Iagback time of a specific frame of said at | east
“Ioﬁﬁlwga?a stream before sai d nunber of event ECTAB2004/000371
nmeasured. 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
may beomredisect adl tthet os3id ekl iner Beadsack speokf aad

th | ast,_.d ded. f bef b
%a evenss R R i1 i d?%%o %@cﬁﬁéﬁ%%é? e%%;gﬁéahgaggﬁrgae

cqpﬁnﬂﬂﬁ dﬁ“&ﬁﬂﬂﬁﬁd by mmyenbﬁtpref@rreﬂsthﬁtesaidetwork
I|t f eedback_ v. n ald ated.ti nesta
3t P P PRt v a0r acans o] FRaRSt SanaCaEal f g
oxfcmdktafknaml ldﬁlaéﬂ[tct*ﬁ&héiaéﬂlﬂ@tﬁéﬁiﬂ@. may for instance be

contained in a header of an RTSP protocol data unit.
According to the nethod of the present invention, it

AdBYrdibey Mefald afbi ot sl thstpeastng. iﬁvahthsast it may
partially _controlled by a Session, Initiation Pr ot oco

bes@éﬁétrl%eﬁierﬂaaat mﬂz@os%%%@%q BRSG}F BRbRUPAch3Rime Ay
ade efarded thate b g guahit vi £ esdbackedabyesand stp,

related tinestanp that are reported via said SIP are
in AT IRT ST L Byt e ekr TPy, thak fhSt RHewided in a

hélé’dé’@%‘- ANtid Vs SUSHe aSrd- &bl Shal enlort bel sEyackign

CF), in order to nake quality neasurenents.
Accordlng to the nethod of the present invention, it

Aé@cyrda,% p{ff&{é 3&%&9@& Sai gnk %@éggﬁﬁ g;ﬁbenekexbagg Eav

erive roma tine basis t i's provid
besamle"@t:rred mhmwa;:@l atréaoin®l Pst ahedeaspspelatadiy

i é | B&aag%&&f’ i@t ﬂaﬁ%%’é}%OESn?lgggo%%EF%gEi‘

uni't ACCOr di h
%W%%kntlﬁrﬁhﬁnlmﬁy be pﬁ@ferred 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 wmake 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 streamng is at |least partially
woS ntrolled by a Real -tinme Transport Control Protoco
(

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
sWirtgSgfe FEAEaMinge Eoiine tRES hian net B@dmobilke present

b EREERA onlst A% e PE Preferred that said relative
cOmegia Slafggcf tiﬁgpis derived froma tine basis that

is provided by said RTCP, in particular from RTCP
g t r rovided in a _header of. at |east
TEORE B otORsl PASER - IR PSR B o

one protocol uni t ng to the
ingtirined iohst kpepagdenttd nweamde an, procamyor beoppeteorRdthe
t hat _said re or%g?ﬁ%yg ity feedback value and rel ated
re

ab??ﬁégfg%ﬁogr gbp %an i nstance and used to

anal yze the quality of said stream ng. According to
t he thod of the present invention, it ma be
T rE GRF G EnAT BRTFFr GAMEHY ok S 1T B PARREL 16
coiPra@ang0882otbuRCl IHFHM0NGH syt FebedoStr 888LA81 e
Service PSS in a 3G nobile communications system_ It

£O] SASF RePERFGS5S4 2 SIS hoRBRTw FaRt ioned

meltBSidr e&leip@ns operable to cause a processor to perform
the above-nentioned nmethod steps. It is further
proposed a conputer program product conprising a

ItCQREPYLeR HRROGIPoMd d NBIJHIGH | 855 QRET 8Bl ereb8nSaAHSSn 2
a processor fo performthe above-nentioned nethod
SLEEEPINg POy et RS G Rt ss2%eneher sguuert yand
at! QRABRCINEN A 1 Hh! AU HPTH CPeaOTBRE ShOG:1 8 sLEBTh 15
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 qualitylmetrics 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 server.

It is further proposed a client in a streaming service,

comprising means for receiving at least one media stream

that is streamed to said client, means for aetermining a
. quality feedback value according to at least one quality

"_métric, means for determining a timestamp relating_to '

said quality_féedback value éccb:ding.ﬁo at least one

- timestamp metric, wherein fbr each of said at least one

quality metrics, a corresponding timestamp metric is

17
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at least one client, wherein at |east one nedia stream

IS streaned to said at | east one client, wherein a
WORII8I31 { eedback val ue i s determined accor di HgT/IR08/000371

| east one quality netric, wherein a tinmestanp

relating to said quality feedback value is determ ned

according to at |least one tinmestanp netric that is

correspondingly defined for each of said at |east one
defugted y and rvbsrein eadlatof sspadedt oheastebnei vémesdrap
ndUAVAACKs LIBT3 dro Al | §85he808 BRAILALSLT E3ML BRC

ereln sard qua?lty Feedback val ue" ant eaid rerated

saidvest algr st comeponeédtat streamd and| wmaghsoferseeperting

R her 0 ed client insa rea
sqdd |l )L PRORO o tng' 1R pala rBLRERH Pinestamp to
a regi~eest reaitd - ¢hadnt smay rehgsedbtoundetdstbbénts BRansf at
for_determ ni ng a. quali . feedback val ue.accarding to
1455 SRy et foa e T Vb CE R aRS - FopE e BRERERPRS &
agpItesdaign reéeéiog 46 £oai tnguahcekymbeedhaakaval ue

accordi to at | east.one ti tanp.netric, wherein
(F BRI FEQEY OB IPESR1 OYRE Thualii§anEEY] £ instance

be& W SRSPONTE Aoy i 8BSt anp netric is 17 WO 2005/ 088931
PCT/ 1 B2004/ 000371 defined, and wherein each of said
at least one tinestanp netrics is based on a relative

THTerd ar P e PACKrbpB@f a Sai-dedt iheast:eBamABEi Bervice,
stream and neans for reporting said quality feedback
WREF € aR %%?ﬁ“r%?%t%ﬁd%Fn§§F§ﬁB £8 sarsemger tosai d

cHégn! WRyral §0sbguindeysteadhaskopg1at atcok@asl tWOat
parties involved in a real-tinme |owdelay applicCation

leaas| one a@uabiLY nBERFEE HE| GrRBAMAnEd daBy Wersphong

t Dhe MOLG Pélfétiﬁ’% ¥Bi gh; g E0L £ NELaRBRCKkPalue is
controlted by SIP. It Is further proposed a server in

dete¥pbasd ngcserdieg, 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
pléyback time of said at least one media stream,
comprising means for receiving said guality feedback
value and said related timestamp that afe-reported.by
said client to said server. Said 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
| e wherein a quality feedback value according to
W(g\%d%ﬁ%sg%]t_ one quality netric is determ ned, aRdI/IB2004/000371
wherein a tinestanp relating to said quallty f eedback
value is determ ned according to at |east one
timestanp netric that is.correspondingly defined for
each of said at |east one quality nmetrics and that is
refagad omet ieelrltaWen giedt tme pphiybacd atnkesbtsaing atedia
sd2agf one nedia stream conprising nmeans for
receiving said quality feedback value and said
related timestanp that are reported by said client to

r Said erv also be nder st ood _as
one 0 eggvc%ieas Wo- par |2§ AV 5%%en %nvFggﬁoFlnét
ma}o\bajegixagfe&pmd dGdtdtorssbdspoot@asol ofsi AStROUSE in
|t dla deo)t el e or_Moice o | P, _which
oo e SRF SO (e Ry LS PLEPEOPL BPEher
proposed a protocol to be used in a streamng
acservice ei n at t one nedia streamis
éézhﬂ%l ES %eclﬂrf?rﬁoc? %r%’?%(ﬂfe%l%’?? ntAYSR&E OPeadt
magnean qiad i St H G s’*’@ﬁd abprbesssl one dhnegpanp netric
each of, sald at | east_one quality netrics,
' %&@F@ R o %%F:'a‘?nl%%%‘?rbﬂ%l?lﬂ n%%‘f"éﬁﬁoﬁmﬁpr-es
is based on a 18 WO 2005/ 088931 PCT/ |1 B2004/ 000371

rel ative media playback tinme of said at |east one
Amdam%t%%e REIF MY 2o e preterel isvephéon, it

meff @R Hrd fmaRld Mhad tsa {@YpBS-HEST el g ednt Rabpsai d
protocol is an RTSP in conbination with a Session
Description Protocol SDP. According to the protoco

THsd REIPTRIRU ddPpRitd ons *ﬁe fﬁ%e9€18ﬁe&§iﬁe8etQﬁkaxent

said protocol is™an SIP i1n nation wth
Ea9m Hish DestidaRad v Floteeberompe 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
- 5/&% Jeireferred that said protocol is an RTCP. These
an Per aspects of the invention will be apPEFERA04/000371
fromand elucidated with reference to the enbodi nents
descri bed hereinafter. Brief description of the
figures 1In the figures show Fig. 1. A schematic
representation of a Packet Switched Streamni ng Service
(PSS) preceovbisgatk thecpréisegtt ¢mieatgdror art, Fig.
2: a definition of a Real-tinme Stream ng Protocol
(RTSP) negoti ati on header according to the prior art,
Fig. 3: a flowhart of the nmethod of the present
Lnventd an,. and ki g. 4. sch i.c_representation of a
De;t_y%\:%%c%ﬁdi %%ﬁq\?épfuuu/ﬁuuﬁlf @;L&JLU\T‘I‘/ 000371 accordi ng
Thie0 pirtess goite Senventiventdieomnvelettdid ednlshegcit jots ain of t he
invention Th resent invention . renoves the .
T SRR s T PEROI iy B LY (NS My =
stiresdhiack seaties ifdora bt et i sl iwel f vieddod h
canti nuous nul ti nedi a |icatjons. such as _,
TR S ed UGS SHETURT 299 Shdden T FERRr i ng
tredifh fel arkBlrelnder iimv=0r] &br agl -Catmd MSowidn 25
cqnversati onal applicati ons by roposing clearly and
AR AT s FAGHT 186 %%%0%& raf%mwe%re%rﬁy
p B B ¥l e 2618 A8l fieniGralpd di £ 18 I'd fine Jthdinp
timestanp netrics are based on a relative nedia

mefi AR I HMSFE 2T SEPaRhA $Or §oksteRce FREIIRE NGrbitY
mdtl A% Tt (NRDstaMy aledSiavaldtalesdd & Realsidvbye

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 prdtocols. 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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Stream ng Protocol (RTSP) is used, or may be deri ved
from Real-tinme Transport Protocol (RTP) tinestanps,

WO APUe3AHe provi ded by the RTP and cont ai ned P@T/#329p4/000371
RTP header, or may be derived fromthe tine basis or
timestanps of a Real-tinme Transport Control Protocol
RTCP or a Session Initiation Protocol SIP. The RTCP
is based on the periodic transm ssion of control

a e katis- iarlal to pget | ﬁépahaeki Arbhe thes sieei WG d he

[ ut i on nismas, the data packets. The
4 %ﬂ r%yl nag[g :Q:rot 0c¢o @ bFésFaéoﬁuI% Cafich § SFeRHen
f gt clancemont ¢ ot o patkepart L ol pexerplkag 1¢sisNGbrze Qﬁf@::jles
nunber.s. wi t h_UDP. CP ma icularly provide
T PEPIHEE Grdl P73 0T LEnBhaR s i BoR RS ens. are
1okHls dis ga]rbbam egiah PadisetibleiBiPredhelf &S 18 ke 1P
and i s}aiel ated to the fl ow and

tran rof oco
éﬁ% o 1ol =0 THinE L BhS 5PToPReFItA&As Fvah as a

ndﬂWHﬁkﬂﬁérvﬂ&§5ﬁﬁ@GD@§k WY 1Ben5tr%QEE¥wH%gfwndai c-d in
control, of adaptive encodi ngs, but experinments wt

thep SAASHIRRSET N Padee sHasnt erdbark P@fg@fm@@mn and act
a2 Q008803 RGT/ 20044 00934 1agabse ﬁ%'t% sk

f eedback fromthe receivers to di agnose tsin t
ThisstheaiRa dh. el oy +eceprfermetiebibabe R@]@@rtsgmd@r

ard] Ir RS PARt Sk | ovs 19@%%&5 ehaepogggmg Oghg@ort

to eval uate whet her those problens are
oLy |tFa PIW S BHBesEHURF on mechanismlike IP
multicast, it is also possible for an entity such as a
network service provider who is not otherw se involved
STk ig o ol ioretoretayee coptfeddbackornfotimti ean

e, Ty Bt rERR o €1 R Rea 5 e
(RrdezsamRsy)  wwch r%%elw’@?rm@poteé6phnnyarztaﬂ¢al asIPt ben
2IRER B SYPPA {cipants 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 netwdrk'

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—ulmn data
and prov1d1ng Qos feedback the Real- Tlme Streaming

' protocol RTSP for controlllng 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 tinestanps. SIP is an

- application-| ayer control protocol that can
wa i

ABt®h nodify, and ternminate nultimedia sBETIBMG4/000371

(conferences) such as Internet tel ephony calls. SIP

can also invite participants to already existing
sessions, such as nulticast conferences. Media can be
added to (and renoved from) an existing session. SIP
fpradgparenting mudppoeids an sres siapE NG etk feadi r estp Ofhould

eru.Ges ., L por.t s per.saonal bility - users
b%a%%r?gi %tr aicgﬂaﬁgicﬁglggl e erogcﬁqry RAGHIH S dehteries to
prreyacde| esswdkteheervietssoto dhacatdeas. Sidwdwenottige

Al Ly i rated .communi cations system SIP is
bESik, FincE I R PRt 8§ 3, BiSrmoy migpend
opr ehgcolfs thesbupkdtacedmnl ete nul ti nedi a

architecture. Typically, these architectures wll

i nclude protocols such as the RTP for transporting
Stealint paetdetdarapdoptideisdiang iRSfepdFaek.g tihe its
hRegl -Ti g St eani g]g protocol RTSP for controlling

gerrvery T8f SEPESHPAG %, fisd dvBdiva fon dwgance
déebtrtibk Whehoeak NMEGAGOsEOR oConriF@ld: M O

the Public Sw tchgg Tgloephone Net wor k%%P%%tl@g%£the
P3EE¥i on Description Protocol SDP 21 WD 2005/ 088931

PCT/ 1 B2004/ 000371 for describing multinedi a sessions.

Therefore,_ SIP should be used in conjunction with
WBEReFDEr SEBCBF sRTRPoRGeses, piawadd noomalketse mlerad ces

bbowkBa UFEl BarHOWBVEE, ot Neethayl G f YRRt Lanal;ity And

oper ation o?Sl P does r%ot gepgl?d non anf/:%%?djtnh%ssg of a
SBF8LBRol 3NASEP MhgBAr bec wis&l oo rihdés cast prestyameports

bk dyi RebliBacheddenss 1ng U i fgel €l d B
qfor i%’st gnceacdescri bg \A/E*en?g%%%gmaﬁq%%%t%m S Zc(fuetﬁé/
otBerheagther 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 pfoposed 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 Eo

ac;ual time, it can make time-wise analysis about the

session .quality.
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party. Wen the SIP or RTCP is used, streamning takes

ce between two parties (e.g. set up in two
W(f%)ﬁ?{p%g?ls) of a session, and it might be useP€EEEB20RHR00371

one party reports - quality feedback val ues and rel ated

timestanps to the other party. It is thus

advant ageous to provide.a network entity as for

instance'a Call State Control Function CSCF to sniff
Thehésanasdpon ecktquals tas féetibned ¥nl bbssandvenehianedor

' qgﬁ uses. them to. an e it of
ea%ﬁg%§%$%a '2%33% mé%ﬁ'lﬁéﬁtﬁg %g?%igégﬁﬁ?#%htﬁecument
S4progpdsdd wililedteaammesmitedsindthéeseqtiedt r earrrdn the

evers mng clients wl have the sane
ncR RS, 3o AP At S B! bs "RfrrBERRTEn & way
thiants i e T Qualdvai Ifb X penPENL e EJINRET ired 283 vien kg a

Packet - sw tched, Stream n rvice (PSS) of 3G mpbi
DIEIHART Cohte, e B, Syt TS V16 ptaapacarey SvaLlable,
they errsatioiila Appl LaivOnsed aabl bpBaeRr tegk .anal ysi s
of streamng quality experiences. If the stream ng

server or a QOE netrics anal yzer uses a nethod to map

corfiRiibd Quapdisyl tinme, it can nmake tinme-w se
analysis about the session -qualjty. 22 WO .
Thep (5 re8T FOR Broes!/ Dop3rime THeeh| kBSt ERPTHPLAPEs has

ot Aeld neghd R4S dnvend i 0t eEapfagh ggggh.t xo_meptei C
defined in 3GPP Techni cal docunent™ $4- 860 wil be
NRJ/&inttednestatie asfedies | Lawer gpadt feampot ani pAaMPTLERTP

) i ) ) NPT |
oxrdélﬁ,s %%f%;}% g?cuse L3l Q08s! Pra %¥rubggf3nl. Iy -Ehlesre

avai'l a as relative nedi a ayback
ig inve,geoitl ffammnlbefre tinescanpespaienavankabieestihpses
séyw% used as relative nedia playback time. Corruption
uration

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

streams as a medium.

'Rebuffering duration

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

occurrence of the rebuffering.

.Initial buffering time

The timestamp semantics is unspeciiied, and the value of

the timestamp is undefined.
'-Numbér-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 tinestanp indicates the tinme when the corruption
ccurred. The value of the tinestanp is equal to
“KFﬁ%ym%g¥/RTP timestanp of the | ast good franmePCT/HB2004/000371
pl ayback order, before the occurrence of the
corruption. If there is no good franme before the
corruption, the tinmestanp is set to 0. The netric
corruption duration is not only applicable to audio,
eqriade ¢ rttep SERTY RiER]i tai memitareg sof tthe | hedtt exteistd eRTE

' f e tinesta
pﬁ{ﬁdgﬁg{sﬂaﬁ%ﬁ C\%mgn!ﬁgt ﬁbgéfée uf?%%i %%cﬁg§en§§cﬁfr58?
sﬁﬁu&s&ﬂa&aqﬂ ldﬁttpamkﬂtsq)Iﬁ Emuaé is hberedPTEIPRTP

st he | ast befo e _the
OAC%{:[%? rbgegoer of R HE $ et nc(f,]g t?%F{cEEF’f efMfig tine
t itess ttampesitsangetsemmni i ¢s i S unspeC| f| ed, and the val ue
of the tinmestam is undefined. Nunber -of content
packets | ost in succession The tinestanp indicates the

NunbEr W biites preasstad ©f tﬁ@&ﬁe@ﬂakaé§oaé§
Tloccurred The val ue of the tinmestanp is 23 WO

Ped 3 Etoes)/ o $7ime cefual Ehet Remeg/ R Poytes

ﬂéd@ﬁﬂéﬂn%dﬁtﬂémhé&ﬁﬁ dé%%ﬂé%“&éuﬁéagéfgﬁt Th@ value of
pl ayback order, before the occurrence of

the, delgaas oD ofs | emsabaekeie N¥T(REP etmeﬁeampc@f vede
13KP adacded oef %éf&é%%@%ﬁok% Qécgfgéenﬁgﬁ

timestanp is set to 0. Nunber o ytes presen
tq Heharath il 3l ederdeThis theastzep- | FEi thervs thenti decoded

<0 SR IVTR Bl Bl Gien  oseBledhLockl TECLE: 1o o
equal to the NPT/ RTP tinestanp of the

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
) d to the nedia decoder is neasured. If there
“ngﬁﬂﬁﬁé%%oded frame before the measurenent, PHEIB2004/000371
timestanp is set to 0. Nunber of detected bit-errors
The tinmestanp indicates the tine when the nunber of
detected bit-errors is neasured. The val ue of the
tinmestanp is equal to the NPT/RTP tinestanp of the
vaHse igcperiedredatpubbeoreft hrtegnbeesenteet ect ethe media

adddagt [ hdmber gPaguied.. beEeg§rb%sn%n%¢%%g§9 frame

before't measur enent he t st a
C¢IW¢E#e@fbtb$}ecSedCDualéVrohs Ibeatum@suanmhsmma&més

| hE, t c__of r error
stilad HEad0ela| 1 DUTREIRE! mefREl BIRE ARk, T GrelmeT
tiﬁéﬁ@&ﬁp$]nestanp of the last decoded franme before
t he number of corrected bit-errors is neasured. |f
there is no decoded frane before the , neasurenent, the

Thté nte'm@smarhp set ihﬁ)t Dal A‘Buﬁﬁérbﬁgs eemel LeMuhlapeaicieqg
i nstance of the event

oesdt oLl Te b Sab it Papnrra: PRIV P e beginning

Oi)l.l:flﬁ@l‘$d§1£gsl®ﬂi | pSBopé . BRSUSERSSI O ok BiBypaekets) or
the time i nstance when the statistical 24 WO
2005/ 088931 PCT/1B2004/ 000371 value is neasured

Addwirderig of o byhesrepesentegubDithemeedias deeedene
nunber _of  detected, bit errors and nunber of corrected
PEPRY ST SEHRESLRTD MEOF‘B%B%PBn Fhet RETRBALAY seream can

mIBES Uf 1o é@ré@haﬁlﬂ?bﬂaﬁ|@rpkéﬁaégﬁnb'ﬂﬁaQNﬁgbBPEed in
tinestanps) The timestanp of initial "buffering time is

thfmspett?t edieBetatiBe PRFERBINBUAFELERY Rappoes fodly at
ahdeyPegi nning of the session, 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 guality
metrics are negotiated between the streaming'éiient 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 SIPD.
Step 301 may also be performed together with step 300. 2
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 a2 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 guality feedback is

required or not. This may for instance be accomplished by



According to the reported quality nmetrics with the

w(ggo%sed tinmestanp information, the stream ng server
W84 ¢ the stream pl ayback or rendering t R&X/IB2004/000371

happened in the client; hence the stream ng quality

can be fully analyzed. Fig. 3 depicts a flowhart of

a method according to the present invention. In a

first step 300, a streamng session is set up between
centsingemsly chédninandt aansevean, nghietvens o st ep

: r r | i netrics are _negoti ated
r%ge)%rm%%%e%%etgr%é%%%l%% EREVERd2CEREULPEAM rSser ver
nggot igeed r%mibimahéttyié eedblaulrs brroeieﬁur Q‘htilgatmaiys for
. _the reanmi ng client. Bot .sai_,d session
T T St A W I
peohdi el oquail 1ty arersb¥t QayORad8 BEER aegSkRated Ror
i?’s(;)l A | so be.%gjgfo ITFd %oget her with step 300. A

I%oﬁré%%o Mt ‘faaL'p #etrPechagtnehss syrpare @fnitites
possdnined)oid afied mtild tgesBiekcihop bBetat heanifag
. seSS|ag]3: ¥In a step 302, the actual streanmng iIs

IRGerY Breaid iR &3 WhenPathedhs sveBANEFéven and the

péx B4l efhd 105 dyhef e Sd 1888k NYs CL LeBL2Bd  r epdered on
the termnal in which said streaning client is set
demptdesh fhRF Hal iy Sredepcki hsarsgepreds, int ai step 304,

a i 10fpdeddashavaldive f eedbBack, s egeggggggi&% RQY each

This may_ for instance pe acconplishe
n FFETY Boa 900B7en  goncrnesnehyivhe thimegtamp

adéoﬁﬂhﬁ?%@'tﬂﬂﬂﬂﬁhégfbﬁﬁ‘@@triﬁpeﬁggdcégr%ggénds.to
stream ng server according to the negotiated quality
e3Rl (MeJOberind Brakidgty TRt siaaysfoetermshadceénbe atep
3gebuddLsidg \@%-maﬁlt {iyel ¥y, ap periodical,

qual ity repofl;t may av%%%enyneé%fi%t’eg?r?SFm"ldngte;ﬁéC@
thehestiryp | A caln fased-derdk: ofhe heualhber feédbgtksvalue 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 sﬁif£s or:captures the qﬁality .
feedbacks and timestamps that afé.sént ffom 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
W('H,:terval. In said step 303, both the event-driven and
%Bmﬂg?ﬁodical qual ity feed-back is triggeredCTIIB2G04/000371
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
corresponding tinestanp according to the tinestanp
apdtai strhaniogr sesperdsoN wirate inegtrated; sualddy and
|.C| romined_in a_st 305. Said step 305 may
S O MRV B L b ot PP e d Be fhE e St i BOM O gl is
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anew quality feedback is required or not. Hg.
CRchefat FREIRY gEplétyY PREifeactinstancsofiShenttsiaf a
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. embodi ment egenpﬁa?iLy re%e?%E%gla%%%géﬂkﬁgJ%éﬁﬁicat1on
1gse’rmynoRTERet BegentrbRdt Auasdtityametgids &l the
SPELESLRQEnENBE me8EHAL! YWkl shie 1RGOl d .he used
“Rer e Do 3§s| i gnt | gabn%ﬁ??%gdabﬁdér %“ﬁsg%&ndtk%’&ﬂ%e

quR btkY afgedPaakaradigrt Lohal sandt ROSP jemstiancacihatsaid

j r e q uglLit f eedbacks and .
ST as i ARy SRoh o Bay o SERRARES &5 rpevideg by
Ehpiregyminal heisevérh608ifasseeand npartiylent The RSSup.
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tyeeseampoaccohdingntbothectimpttadd ardriserner 600
c$¥9@%§%na§a§£ PnE Eggﬁ Sﬂg&&¥y4%%trigq %g tt%%nsfers
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 notéd 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

27



capabl e of operating the RTSP. The RTSP entities 400,

401 e the services of underlying protocol |ayers
W(}Zﬁiilosg%é operated by further protocol entitiRSI/IE004/000371

which only the TCP/UDP entities 402, 403 and the IP

entities 404, 405 are shown. The stream ng client 601

is further connected to a streamng quality nonitor

i nstance 407, which nonitors the quality of the
meggisu ale sshriedmd g @ppbp Liata wion | int-@énvadfiot he

negot.i ated qual ity netrics and_ the,,correspondi.n :
RS I TSR | e ot ki v TE PRy atiovea
if eddbacikndeaalafesvidd smd dvidSPeent dbyadB@ianSaigdsion

stream ng.quality monifor.my for instance be provided
SYRFEMS H”elqirgrf?ﬁ?%ﬁ(e,t?ﬁ %\ﬁ?%a%]ér d streaning cli gnt is
set up. The streamng quality nonitor 407 then
deternmines a tinestanp according to the tinmestanp
metric that corresponds to the used quality netric,
and transfers said nonitored quality feedback val ues
and said corresponding tinestanps, via the client
RTSP 401, to the RTSP peer entity in the stream ng
server 600, where they are input into a quality data
processing i nstance 406 for evaluation 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 .collection or
chargi ng or other ains. The invention has been
descri bed above by neans of a preferred enbodi nent.
It should be noted that there are alternative. ways
and variations which are obvious to a skilled person
in the art and can be inplenented without deviating
fromthe scope and spirit of the appended clainms. In
particul ar, the present invention is by no

28
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27 WD 2005/088931 PCT/ 1 B2004/ 000371 neans restricted
to application. in 3G radi o conmmunications systens. It

may equally well be deployed in all kinds of wred LLOYD WISE
and wireless data transm ssion systens with paraneter

f eedback. 28 LLOYD WSE 29 Cainms 1. A-nethod for

quality feedback in a streanimg service,. conprising:

'deternining (304) a quality feedback val ue

_iggcordlng to at |least one quality metric, -

nicng (305) a tinestanp relating to said quallty
f eedback val ue according to at |east one tinestanp

“metric, wherein for each of said at |east one quality
© 10 Aemetbed forognespondiegdbacksianp seteamihg service,

d?éb 9is§n§ mhereln each of said at !east one
frics is based on a relative nedi a

pldgbefklhkﬁg 0Boa) hLegshlong f@@dbécﬁtﬁgﬁﬁé(égébrdln to
streamed to a client (601), and - reporting (306) salg

qUAF i 1§32 FeeMMacRuahi tid BRABEEAI d 15 rel ated timestanp
L 0a8t SERYRIn 609 s) 22 Thf-LELROC, 2660L AL NGt 0 chaly

wherein said strean1ng eas one
st feedpddB1Yyalge basedrdma t&Reat - lemethﬁ@spﬂméstamp

ocol RITP met hod accordi ng t

Pr ot 20 3.. Th
cﬁg [ m%%?%?hnsg?ﬂ ?%T%I?gesah%d?% b?%?%a%%etgﬁﬁli§y
defiéveted | o ETFré 6 PB5A AAP St 1 M8k t aRb SnPE PYE dg&' Jié‘ffrhﬁ_% and

header of at |east one protocol data wunit of said
(Iﬁggreln each of said at least one timestamp metrics is

based on a relative media playback time of at least one
media stream (101) streamed to a client (601), 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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25 4. The nethod according to any of the clains 1-3,
wherein said. streaming is at |least partially

controlled by a Real-time Stream ng Protocol RTSP LLOYU WISE

(109). LLOYD VISE 30 5. The nethod according to claim
4, wherein said relative ne% pl ayback tinme is
derived froma Normal Play Ti NPT that is provided
by said RTSP (109). 5 6. The nethod according to any
erein said at |east one quality

f th |
get*?% %%?bagsag%?ﬂdhﬁﬁlF?yC1ﬂ%Wr?c vaeteinospédareiapive
duhadi Np PivisilcRVENhe 8803 MGLST PL-SAI 4 ﬁ?£&g2??£%&nglme

. tinestanp netrlc defines sard tinesta

r VBT | Veatrets aopbaydadkbyi seidf RASRO( spettfic frame of
said at | east one nedia stream (101) before said
event has occurred. 7. The nmethod according to claim

6, Thereethsdi deceyedingstd afPr6EPEhONCUYEALT PDsaNgherein
wherein said specific frame is 15 the |ast good frane,

i B3t GybackedF Herne yarat sty Heet bie ude Bhres ofasdi duality
COREUPLd 0P 1.8 dbepdrel hod,ac %Q&P&lt&f claim 8. ang

wherein said event Is a rebuffering durationand
whehes el 1z af afl & peet fespdndimg i Glmé@tirhp thastipl d&eﬁnes said
frane before the Oﬁ%urre rebuf fering.

f
The Tt HEWP a2 to° @fﬁgﬁﬁ 1%35%&3@%10%% dt hru@m@# a

of spyEft S fSame eSS i @f 2 € O L8t &@&Kﬁééléoéﬂrégm 101
succession 25 and wherein said specific frame 1s the

| RILPXR FAAY TV, had eraybeek- or der, before the

occurrence of said succession of |ost packets. 10.

The method according to any of the clainms 1-5, wherein

B0 Ba thetthd®astcandingatd tylaphré c wiedioes sald event is a
uah

g rr&%tlon duration and wherein said specific 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 10, wherein said number of
events is a number of content packets lost in succession
and wherein said specific frame is the last received
frame, in playbaék 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
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before said nu ~of ev _ [ _ _
mePpothacretadt hyet vedng plavhack| hime 4£14, sphet€ia frame

LLOYD WSE 31 netric value to be a nunber of events,

and wherein said corresponding tinmestanp metric LLOYD WISE
defines said timestanp to be the relative nedia

pl ayback tinme of.a specifi-c frame of said at |east

one nedia stream (101) before3§a|d 5 nunber of events

is nmeasured. .11. The nethod according to claim 10,

‘wherein said nunmber of events is a nunmber of bytes

d dja decoder, a nunber of detected .
E{SgggigrgégFgagguhge?'ggg?g;ceﬁrSHFQHSbiFnérwbﬁ§?lan§ald-
Mh@é?f@sﬁ@hdiﬁﬁggiﬁé§t£ﬁ@nﬁet§ictagfkﬁég gg%§d€$wég%gﬁp to

er of events Is neasured.

15 sajd. qual i f eedback val ue_and sai e] ated .
ti%%s%%ﬁ% ggrég?ago??%dm?§l a?8r§§WVZF8%gogff9Fﬁ satd
RUSRn0dD%E dBendbei sehbaduaegording to claiml,
wherein said streaming is at |least partially
controlled by a Session Initiation 20 Protocol SIP

14, The wethod according Lo ehaid 1d; wherelh 88l oumber

relative nedia pla time s deriv rom a

basf sevemtsi s provided bF lsytelsSpPeséﬂt@ﬂrtchﬁhﬁgdia

from SLP tinest s 2 hat ar rovided in a header
of&%ﬁo %%Stadﬂ%£%$5t% oéetﬁ%f%guﬁ?F‘%¥r%5?dOSI@.nﬂ%ber of

Theoresd osk asTor &iAers 0 shai whdrehes8i g §%ég§/fiac frame is

streaming is at least partially controlle

Relhe 13 THerRfrd tLraue Confeoe Fobd ouehb¢ RTGP) evehtDis
W s 46. The nethod according to claim15, wherein
séﬁ%afgﬁztive nmedi a pl ayback tinme is derived froma

time basis that is
12. The method according to any of the claims 4-11, wherein
said quality feedback value and said related timestamp

are reported to said server (600) via said RTSP (109).

13. The method according to c¢laim 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).
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provided by said RTCP, in particular from RTCP

timestanps that are provided in a header of at |east LLOYD WISE
one protocol 5 data.unit of said RTCP. 17. The nethod

according to any of the clainms 13-16, wherein said

reported quality feedback valye.and related tinestanp

are captured by an instance a used to analyze 10

the quality of said stream ng. 18. The net hod

cording t ny of the claims 1-17, wherein said
'ggreiﬁaneggPai%ECP§dén§a€ReFl§wmtéﬁedWQﬁﬁéam #gid relative
_-S@é&ﬁﬁepf§?b58kat§ﬁéngg!h@rgggguekgﬁtEogim%y%teng'%gat is
nmput er B& 5t o -

19. A co programw th i nstructions 0Opera i
cabsevigegr bressad RECPer for parhécnetrodremepscof taR¥stamps

of aj 1-.18. .20_20. A conputer _program product -
coﬁ%gﬁsﬁﬁé ggggﬁ%ﬁae%n Brgﬁ?gﬁfmgghaFnéFFﬁgtPBﬁsPrOtOCOl'
opéanbl anto eauseia propessor to performthe nethod
steps of any of the clainms 1-18. 21. A systemfor

qual ity feedback in a stream ng service, 25 said

Bystenec bl R8cos | st gngesepyver,(600), .and -
B e o8 Reoer1Ehy) Bl oS e B hae k2 Ak
stvkene{n0syidsreporteddqtalispi featibhenstadie ghiepblated

601 wherein a quality 30 feedback value is
(e %%%%%%%paﬁf%ra? 6u¥%ga?yl%%s%n%E%nEECﬁEﬂVM§Eﬁ 88 analyze

quethé t yuaBL £y Cor VORI QI BrRchhiB§t anp relating to said
quality feedback value is detefnined according to at
| east one tinmestanp netric that is correspondi ngly

fi c > A east _one quality netrics _
L0 B hetndR e AR £ LfNee o oS R aybatkl{| ngherein
ofsabkd dstreaming service is a Packet-switched Streaming

. Service PSS in a 3G mobile communications system.

19. A computer program with instructions operable to cause
a processor to perform the method 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,
said system 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
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. said quality

at | east one nedia stream (101), and wherein said
gquality feedback value and said related tinestanp are
reported to said at |east one server (600). 10 22. A
client (601) for providing quality feedback in a
stream ng service, said client, (601) conprising: -
means (401, 403, 405) for re ving at |east one nedia
stream (101) that .is streaned to said client (601), -
nmeans_ (401, 407) for deternmining a quality feedback .
vafiRl1%® meksidi nyhesean Peésmeéhém9uabﬂarlngttofsaid
1 t . Qi E Lesta relatin 0

A TR = ARG R T R T R
tiheasanpneetimestamprménriortnaehigfcsgrésgbnb§ﬁ§ly_

' a cqrrespondi ng.tinmestanp netric

LLOYD WISE

Li t . |
?2 %69%%?:%§H?g%%bcaﬁeF%?ﬂ Bhchedftsarg gualéngtmeheics and.

ti tRst aP bABLE] 68 ésrgﬁéggvgnmédiglﬁ%%?ﬁagﬁdkfme of said

pla%back time of said at |east one a streéeam

(1

)1€3%8 onepaediggtyesnr (tepbrtang shedefinabaid quality

i d |ated.t] t to a server
i i AR e S LA

f esatbdckt | hreast stneasengese(go6e, said server (600)
conprising: neans (400) for receiving, froma client
(601), a quality feedback val ue determ ned accordi ng

EASH [ iC | mest anp.
e i e A S B e AR 2
ant-ERARY Y reiratcer dsayd tol ent e6601 DNEomb i NESARNP

' ' ingly defjned for each of .
Al [ o T e Re e el 1 thaletat pasecenia

a steten Vel oedi that aydackrddmdd ofo daifasii e Medip 5
stream (101) streaned to said client (601).

- means (402, 407) for determining a quality feedback value

according to at least one quality metric,

- means (401) 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

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 (101), and

- means (401) for reporting said quality feedback value and

said related timestamp to a server (600).

23. A server (600) for receiving quality feedback in a

streaming service, said server (600) comprising:

- means (400) for receiving, from a client (601), a quality

feedback value determined according to at least one

quality metric, and a timestamp relating to said quality
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~one quality metric, and 10 - at |east one tinestanp

- RTCP, 25,28, The. col according to claim 24, o
mh%f%?%ggéY%'m?§F§{$ %yﬁﬁaﬁathEyBgcﬁttFﬁ%sFeﬁPéseﬁﬁéla

24. A protocol to be used for quality feedback in a _
stream ng service, the protocol defining: - at |east LLOYD WISE
metric for each of said at least one quality netrics,

wherei n each of said at Ieast‘gne timestanp netrics is

based on a relative nedi a pld§ ack tinme of at |east

one nedia stream (101) streaned to a client (601). 15

25 ége g otocol -of claim 24, wherein said protocol is

antegRep %15§}u?na86n€?ﬁﬁfméﬁeﬁﬂPﬁ09r9é§§i@ﬁ at least one
DesghbBLARR mBEeLACEhaSDRs( 110} e sRE91 050! |

of clain12§,mmherein Sai Sproto%8§8P§§gﬁIYSFEFl§7. the each
pr@ﬁo@@idoatCﬂahﬁt24nemheaéﬁnysmédrmt9taﬁdlth&tams based o

t hetreamorabl) psegegasdotoasphaybacknef (gai§l at | east
one nedia stream (101) uncoupled from any absol ute

time base so that pause LLOYD WSE 35 intervals ord
I j f j I ;e . npot  _j ntegrated.
e X ol Tl PRl L 1oL oL PO

e netho accordi ng
refaréaming sedviacel aybackrotoeol epeeseihg.: t he
te oial rogr ess ff a | ayback of said at | east one
ﬁenFa SPT7 bRt 1845 Lh¥ olipFEHCT rdflany absol ute time

bage s@atbabnpatsRest DS MeLS10M tOe! BYhNELEr ¥Rl S 9f 1cast
sai d playback are not 1 ntegrated.
one quality metrics,
wherein each of said at least one timestamp metrics is
based on a relative media playback time of at least one

media stream . (101) streamed to a client (601) .

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.

28. The protocol according to claim 24, wherein said
relative media playback time represents the temporal
progress of a playback of said at least one media stream

(101) uncoupled from any absolute time base so that pause
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10 30. The system according to claim21, wherein said
relative nedia playback tine represents the tenpora
progress of a playback of said at | east one nedia LLOYD WISE
stream (101) uncoupled from any absolute tinme base so
t hat pause 15 intervals or deggy intervals of said

pl ayback are not integrated.”31. The server according
to claim 23, wherein said relative nedia playback

tine represents the tenporal progress of a 20

pl AVMHSER2SF S&i dedey| éaseryad snedi sastr pdmylbdk) are not
ungaupbed+Erom any absolute tinme base so that pause
intervals or delay intervals of said playback are not
integrated. 25 32. The client according to claim?22,

Hﬁﬁ:f?é%b%?ggorelativgi nedi a pl ayback tinme represents

Br 8GFELE1RE 5° playBadk whexsia spideasflative
ongededi playbeam t1A4) rupeayphed Eh@”k%@%g?gio %%egFES of a

time base so that pause "intervals or y inter
of Ps@vhagkaghasridr atndeasgoonnat mglanedt reb@YD1 ML SE

36 ckient cor di to _claim?22, wherein said
ot PaaorRECartEa 86 RhEeldsk e nd: BoE; afinfrasipanse
basetepnadsReal delap Thesspals Brobgeql pRIPHELIR2) re5not
34. The client according to claim 33, mﬁerein sa
reFﬁF?gﬁatﬁgdia pl ayback tinme is derived from RTP
timestanps that are provided in a header of at | east

one Erotocol data wunit of said RTP (102). 10 35. The
&Pt eRie ag¥oten ngccordinygotot hkatha s WRe286n32a34, relative

wher gi 'Q%Stre mng is at |least partially

contro?légé T8 REAT-TTRESREPESNTRG PRBPEERL Rrgpress of a

(19Bayback of said at least one media stream (101)
uncoupled from any absolute time base so that pause

intervals or delay intervals of said playback are not

integrated.

31. The server according to claim 23, wherein said relative
media playback time represents the temporal progress of a
playback of said at least one media stréam (101)
uncoupled from any absolute time base so that pause

intervals or delay intervals of said playback are not

integrated.

32. The client according to claim 22, wherein said relative
media playback time represents the temporal progress of a
playback of said at least one media stream (101)
uncoupled from any absolute time base so that pause

intervals or delay intervals of said playback are not

integrated.
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36. The client according to claim 35, wherein said
relative 15 nedia playback tine is derived froma
Normal Play Tinme NPT that is provided by said RTSP LLOYD WISE
(109). 37. The client according to any of the clains
22 and 32-36, wherein said aL_|east one quality
nmetric defines said 20 qualit§6netric value to be a
time duration of an event, and wherein said .
rre pon%Lng timestanp netric defines said tinmestanp
5 ‘béPhEILERS PFSOREING Hoaydadin 2i2ne witered nsmedidf i ¢

e R

sai d event "has occurred. € C

t obabeidnr87a Reedetnmsaldaeepol-ti Prok ol At QA 02) .

duration and wherein said specific frame is the |ast
good frane, in playback order, before the occurrence

Bﬁ.S&hé @QﬁéﬁﬁtEQEoraanLg%Dcw5§ﬁ_3%? %%erEQQ %ghgn&elaﬁive
according to claim37, wherein said event IS a
r eBEEL8r PhaYRarkt Fémeand dReiwed Sabd 8pecifimestmape that

I Sgrkh | aye befor he occurrence of
sard rggg?sg??ng¥ g5£%§gg?h8fc ?e%?aﬁ cBPgi Ryotacahydata
of unhe cfasasd2RTRNd182)36, wherein said at |east one
quality netric defines said quality nmetric value to

be a nunber of events, and wherein said corresponding

85 reshanpl Bkt i §cd8LiNAS £81 dnOot PRat ANR; Lhe 35
relative nmedia pfaybagkétine 8% 8E ggécgggéagrg aBS 32-34,
saVi@ereineasidonereauingsiseam (484} phetoadlgaténtrolled

n er Rf yga% j neasureg. 41. The client according

to Iain1ﬁ§, %r%ﬁﬁe%%fﬂgn ﬁ%EPCOI RTSP (109).

36. The client according to claim 35, wherein said relative
media playback time is derived from a Normal Play Time

NPT that is provided by said RTSP (109).

37. The client according to any of the claims 22 and 32-36,
wherein said at least one quality metric defines said
quality metric value to be a time duration of an event,
and wherein 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 (101)

before said event has occurred.

38. The client according to claim 37, wherein said event is
a corruption duration and wherein said specific frame is
the last good frame( in playback order, before the

occurrence of said corruption.
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~any of the clarnms 3

15 of events if a nunber of content packets lost in
successi on and wherein said specific frane is the | ast

received frame, in playback order, before the LLOYD WISE

occurrence of said succession of |ost packets. 20 42.
The client according to clainé 0, wherein said nunber
of events is a nunber of bytes’ presented to a nedia
decoder, a nunber of detected bit-errors or a nunber
gf né,rre ted bit-errors, and wherein said specific

Pane 1fs CLiREY FSCoFEdEde dof cdmd Théfor evheaied msalieY esfent is
evaNkS bt £ 22 rBRARGR ] ortt Lo Ul N AU ING 0 rame 16
f eetiBadRstabdeyedd fsaimng belfatred thel BRSLAMRNIEE of said @ -
re%§Bh§? tgnsaid server (600) via said RTSP 30 (109). -

LL 8E'™98 44. The client according to claim 22,
wherein said streanming is at least partially

controlled by a Session Initiation Protocol SIP. 5

48. The cilieht aceerding to ehyi mf4s4hewhdndins sai dnd 32-36,
re ' za_ pl k time is.derived froma tine
paePeriEn, BRENaP TERE ShecTraTarh, mprric dStines Bata
paguatityr metohcSUR1tenest BEPS nthBerape ByauiLded iR a
header of at_ |l east one protocol data unit of said

S PPeIB 4653 e CRF FERPOREEBI dF hfeEbaBPanAt 22c AREipER said
sat dmeSt&MPMEHILES parttakly rol l ed by
Real-tineﬁﬁTranggoFﬁgc%ﬁ?éng%r%%gg%lp%%#%ﬁf# §5m37°% a
ThePeFiEhe Hrevedpfigsabdchbi hedSt whereeédisabfream (101)
r ' [ ayback ti is derived froma tine
bgé?éé%ﬁa? |§ g%ﬁ%%%d%g %Vegg?dlﬁﬂﬁﬁﬁsPﬁeﬁarticuIar
from RTCP tinestanps

41. The client according to claim 40, wherein said number
of events if a number of content packets lost in
succession and wherein said specific frame is the 1last
received frame, in playback order, before the occurrence

of said succession of lost packets.

42. The client according to claim 40, whereih 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 said number of events is

measured.

'43. The client according to any of the claims 35-42,

wherein said quality feedback value and said related

timestamp are reported to said server (600) via said RTSP
(109) .
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that are provided in a header of at |east one protoco
data unit of said RTCP. 20 48. The client according to
any of the clainms 44-47, wherein said reported

qual ity feedback value and related tinestanp are LLOYD WISE

captured by an instance and qigd to analyze the _
quality of said stream ng. 25°49. The client according
to any of the clainms 22 and 32-48, wherein said

' i ' Packet-switched Streamn
8hr VPHE"BSrl' dsePrinel bocohnimi odsi bheresposann

streaming is at least partially controlled by a Session

Ihitiation ProtocolVSIPf

45, The cliént according to claim 44, 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.

46. The client according to claim 22, wherein said
streaming is at least partially controlled by a Real-time

Transport Control Protocol (RTCP).

47. The client according to claim 46, 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.

48. The client according to any of the claims 44-47,
wherein said reported quality feedback value and related
timestamp are captured by an instance and used to analyze

the quality of said streaming.

49. The client according to any of the claims 22 and 32-48,
wherein said streaming service is a Packet-switched
Streaming Service PSS in a 3G mobile communications

system.



