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Abst r act

Thi s docunment defines a new SDES item call ed SRCNAME whi ch uni quel y
identifies a single nmedia source, like a canera or a microphone.
That way anyone receiving the SDES information froma set of
interlinked RTP sessions can determ ne which SSRCs are |ogically
related to the sane source. It can equally be used to | abel SSRC
mul ti pl exed rel ated streans, such as FEC or Retransm ssion streans
related to the original source streamin the same session. In
addition the new SDES itemis also defined for usage with the SDP
source specific media attribute ("a=ssrc"), enabling an end-point to
decl are and |l earn the source bindings through signalling ahead of
recei ving RTP/ RTCP packets.
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1.

I nt roducti on

RTP [ RFC3550] has al ways been a protocol that supports nultiple
partici pants, each sending their own nedia streans in RTP sessions.
Previously, many inplenentations have ained only at point to point
voice over IP with a single source in each end-point. Even client

i mpl enent ati ons ai med at vi deo conferences have often been built wth
the assunption around central mxers that only deliver a single nmedia
stream per nedia type. However, nore advanced client inplenentations
may transmit nmultiple streams in the same RTP session and there may
be tight relations between different streans and their SSRCs. For
exanple, a client with several canmeras that uses sinulcast to send
streanms with different encodings of the video fromeach canmera have
the need of conveying the relation of the streans to the receiver. A
simlar exanple is a client with several caneras that uses SVC multi -
session transm ssion [ RFC6190] and al so here the receiver needs to
know which streans relate to which video source. Oher exanples of
tight RTP relations are a retransm ssion streamand its origina
stream and cases of forward error correction (FEC), where a client
needs to associ ate a nunber of source streans with, in general, a

di fferent nunber of repair streans.

Requi renment s Language

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY", and "COPTIONAL" in this
docunent are to be interpreted as described in RFC 2119 [ RFC2119].

Probl em Descri ption

In a scenari o where an endpoi nt needs to send several RTP nmedia
streans, in a single RTP session or spread across several RTP
sessions, and where two or nore of those streans are somehow rel at ed,
that relation information is today not always possible to convey in a
timely manner to entities (endpoints and mniddl e nodes) that need it.

An RTP M xer [RFC5117], on the other hand, mnmust have all the SDP

i nformati on avail able and can provide it to any nunber of
participants, since there nust be a napping fromthe original sources
to the Mxer’s own streams, which are in turn distributed to al

other participants. That is also true for a source projecting nmxer
since there is a projection algorithmthat nust be made to work. It
is even likely that the Mxer is allowed to provide the stream
relation and i npose that onto all of the clients, rather than trying
to map a wide variety of different relations onto what it provides.
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A single relation between two or nore streans neans that each stream
has a certain "role" in that specific relation. A "role" is related
to a specific reason to group a set of streams. The nunber of

di fferent grouping tags defined in various RFC for use with the SDP
group attribute [ RFC5888], as well as the nedia decodi ng dependency
attribute [ RFC5583] can be used as an indication of the different
roles that may need to be descri bed.

Those streamrelational roles are typically application-specific, can
sonmetinmes be conplex, and a single stream can even take on severa
roles. The major difference between roles is that they comonly do
not share the same hierarchy root node and sonetines al so niddle
nodes differ between roles. Al roles however use the sanme hierarchy
| eaves, being the RTP nedia streans, but different roles may want to
nane | eaves differently. It should be possible to express such
relation structure and allow a single streamto hold several roles

It is believed to be sufficient if a single streamrole can be
described as being part of a relation hierarchy.

4. Moti vati on

This section contains a brief description of existing techniques that
conceivably coul d be used to provide information on RTP stream
relations, and a notivation why those are not always sufficient. In
addition, there are defined ml|estones for RTP stream duplication
[I-D.ietf-avtext-rtp-duplication] in | ETF AVTEXT and stream
duplication grouping [I-D.ietf-music-duplication-grouping] in MVWSIC
WG that makes nornmative references to this docunent.

4.1. RTP SSRC

To rely on using the same RTP Synchroni zati on SouRCe (SSRC) for al
streans related to a particular nedia source is many times not
possi bl e when the related streans are part of the same RTP session
since the SSRCitself is the identifier to tell the streans apart.
This method is not robust against SSRC collision and potentially
forces cascadi ng SSRC changes between sessions. |t does al so not
provide any information in how the streans are rel ated.

4.2. RTCP SDES CNAME

CNAME is not sufficient to express the necessary type of relation

al t hough that is commonly inferred from end-points that have only one
medi a stream per nedia type. The primary use of CNAMVE in mnulti-
source usages is instead to indicate which end-point and what
synchroni zati on context a particular nedia streamrelates to, and
that usually neans that all streans sent froma client have the sane
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CNAME
4.3. SDP

A common solution is to use SDP [ RFC4566] attributes to convey the
rel ati on between streans. Session-nultiplexed streans can be
associated with an attribute that groups different SDP mlines

[ RFC5888], and SSRC-nultipl exed streans can be grouped at the nedia
| evel for each SDP mline [RFC5576]. For exanple, Forward Error
Correction Grouping Semantics in the Session Description Protoco

[ RFC5956] uses that nedia | evel grouping with the "FEG-FR' tag to
group FEC associ ations when the different streams froma source are
SSRC-nul ti plexed in the same RTP session

Using SDP attributes may work fine in the case when the receivers of
the streans al so get an SDP describing the bindings of all the
streans, but that is not always the case. One such exanple is a

hi ghly dynam c conference session where a |arge anmount of clients are
conmuni cating with each other via an RTP Translator [RFC5117]. The
RTP Translator forwards all RTP and RTCP traffic froma client to al
other clients and the clients can be prepared to receive any nunber
of streans of certain specified nedia. Wen a new client joins the
session, the other clients may not be notified via explicit
signalling before starting to receive nedia streans fromthis new
client. Such notification could for exanple be nade through a SIP
Update with a new SDP containing an explicit list of the new streans,

but there are also other possibilities. The clients will instead
detect the newclient's streans directly via RTP and RTCP. Simlar
situations typically arise in nulticast scenarios. |n those cases,

there is no way for a client or mddle node to identify if and how
certain streans are related to each other, since that information was
only included in the SDP, if at all

4.4, Inplicit Methods

RTP Retransm ssion Payl oad Fornmat [ RFC4588] describes a solution for
finding the association between original streams and retransni ssion
streanms when SSRC-multiplexing is used. The association can be

resol ved when the receiver receives a retransm ssion packet matching
a retransm ssion request sent earlier. However, the RFC states that
this mechanismmight fail if there are two outstandi ng requests for
the sane packet sequence nunber in two different original streans of
a session. Therefore, to avoid anbiguity in unicast a receiver MJST
NOT have two outstanding requests for the sane packet sequence nunber
intw different original streans before the association is resol ved.
For multicast, however, this anbiguity cannot be avoi ded and SSRC
mul tiplexing of original and retransnission streans is therefore
prohibited in multicast. By defining a solution for one to one
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mappi ng between an original stream and any supporting streans, this
i ssue can be avoided in the future.

Not e: This docunent does not update RFC 4588 to use the proposed
solution, but it nay be done in the future.

5. Proposed Sol ution

To enabl e an RTP session participant to determ ne the close relation
of different streans wi thout the above nentioned probl ens, a new

met hod for identifying such sources is needed. This identification
is called Source Nane, or SRCNAME and is a unique identifier
identifying a single nmedia source, like a canera, a mcrophone, a
particul ar media m x, or conceptual stream

5.1. SRCNAME Contents

The basic idea is that streanms with matchi ng SRCNAME are rel at ed
simlar to the idea with RTCP SDES CNAME

It is assunmed that related streans will share the sane
synchroni zati on context, neaning that the SRCNAME i s scoped by CNAME
and need not duplicate any CNAME i nfornation.

The SRCNAME format includes "." (%2E) as a hierarchy separator,
allowing a streamto relate to another streamat a certain hierarchy
| evel. Each hierarchy level is then a node in a hierarchy tree. For

exanpl e, assune a video stream being provided in two different

resol utions, naned "lowes" and "hires", each being protected by a
Forward Error Correction stream w th another additive FEC stream
covering both resolutions. The |ow resolution video nedia stream
coul d have a SRCNAME bei ng "progranil. video.l owes. nmedia", and its FEC
stream "progranil. video.l owes.fec". By this, and although it is not
a streamin itself, it is possible to use "programl. video.lowes" to
refer to the set of related streans (in this case nmedia and FEC)
belonging to "lowes". |If needed, it is still possible to refer to
the individual, physical, streams by using one nore | evel of the
hierarchy (".media" and ".fec"). The SRCNAME for the additive FEC
stream covering both resolutions and their per-stream FEC, could be
"programl. video.fec". Building on the same exanple, an high fidelity
audi o stream bel onging to the above video could use an SRCNAME of
"progrant. audi o. hi fi".

Note that the hierarchy structure can be chosen entirely by the nedia
sender, but it is anyway possible to decide streamrel ations, at what
I evel the streans relate, and which other streans that are included
in the relation at that |evel by matching SRCNAME hierarchically

Westerlund, et al. Expires April 25, 2013 [ Page 6]



Internet-Draft RTCP SDES SRCNAME Cct ober 2012

left-to-right between "." hierarchy separators. The specific type of
relation is not encoded into SRCNAME in any mandated way, but need to
be stringently described by other means, for exanple SDP, and is out
of scope for this specification. SRCNAME needs only express that
streans are related, not exactly how the rel ated streans shoul d be
processed toget her.

Not e that SRCNAME need not be particularly human-readabl e as | ong as
each node in the hierarchy has a tag that is unique for that CNAVE
context, which nmakes it possible to linmt the SRCNAME si ze.

5.2. SRCNAME in SDES

RTP [ RFC3550] defines the Source Description RTCP Packet (SDES)

whi ch contains one or nore chunks, each of which is conposed of SDES
itens describing the SSRC identified in that chunk. None of the
present SDES itens is, however, suitable for uniquely identifying a
nmedi a source

Therefore, we propose to define a new SDES item call ed the SRCNAME
whi ch uses a unique label to identify a single nedia source, like a
camera or a nicrophone. The source nmay al so be a particular nedia

m X or conceptual stream such as the "nobst active speaker" output by
a RTP m xer perform ng stream sw tching. That way, anyone receiving
the SDES information froma set of interlinked RTP sessions or
multiple SSRCs in the sanme session can determni ne which SSRCs are the
same source. Connecting streans with SRCNAMVE can be done
irrespective of which multiplexing type is used and it solves the
problens with the current solutions described above.

5.3. SRCNAME in SDP

It is, however, possible that a receiver will receive the RTP streans
before receiving SDES packets with all SRCNAME itens and that woul d
mean that the receiver cannot make the connections between SSRCs and
SRCNAMES when starting to receive the media. "Source-Specific Media
Attributes in the Session Description Protocol (SDP)" [RFC5576]
defines a way of declaring different attributes for SSRCs in each
session in SDP, and if a new source attribute is added to this
framework, it would be suitable for conveying the connections between
SSRCs and SRCNAMEs before the media comunication starts. Thus, in
addition to the new SDES item we al so define a new SDP source-
specific media attribute called "srcnane", which enabl es an end- poi nt
to declare and |l earn the source bindings ahead of receiving RTP/ RTCP
packets. O course, this new SDP source attribute will not be useful
for the case descri bed above when clients did not get updates with
new client’s stream bindings, but it will be useful in nost other
cases.
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5.4. SRCNAME in RTP Header Extension

There is a risk that neither RTCP SDES nor SDP attributes are tinely
enough in cases where RTP streans are received before the SDES has
arrived, in which case an RTP header extension [RFC5285] could be
negoti ated for use, containing a conbination of CNAME and SRCNAME
information. This type of rapid information synchronization through
RTP header extension is simlar to what is described in [ RFC6051].
The RTP header extension need not be present in every RTP packet, for
exanple only in the beginning of the stream at key points, or
periodically, according to the application’s needs and as chosen by
the medi a sender.

6. SRCNAME For mat

The SRCNAME MUST fulfill the requirenents Section 6.5 in RTP

[ RFC3550] puts on SDES itemvalues in general. These requirenents is
that it is a UTF-8 [ RFC3629] string that have a nmaxi mum |l ength of 255
byt es.

In addition, there are fornmat restrictions to accommpdate the
relation hierarchy and nultiple roles, as described by the follow ng
ABNF [ RFC5234] :

srcname- node = 1*(9%01-09 / 9%O0B-0C / WOE-2D / 9%%2F- FF)
; Same as RFC 4566 "byte-string"
; except for the hierarchy separator

srcname-content = srcname-node *(%2E srcnane- node)

Figure 1: SRCNAME For mat ABNF

It is RECOWENDED to use per conmuni cation session uni que random
identifiers, applying srcnane-node restrictions, as srcnanme-node.
The |l ength of such srcnane-node identifiers MAY be linited down to a
single character, especially when the resulting SRCNAME has severa
nodes.

7. SDES |tem SRCNAME

Source Descriptions are a nmethod that should work with all RTP
topol ogi es (assum ng that any internediary node is supporting this
item) and existing RTP extensions. W propose to define a new SDES
itemcall ed SRCNAME. That way, anyone receiving the SDES i nformation
froma set of interlinked RTP sessions or SSRCs in a single session
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can determ ne which SSRCs are related to the sane source, and at what
hi erarchy | evel .

This SRCNAME' s relation to CNAME is the following. CNAME represents
an end-point and a synchronization context. |[If the different sources
identified by SRCNAMEs shoul d be played out synchroni zed when
receiving themin a nulti-streamcontext, then the sources need to be
in the same synchronization context. Thus in all cases, all SSRCs
with the sane SRCNAME will have the same CNAME. A given CNAME nay
contain multiple sets of sources using different SRCNAMES.

The SDES SRCNAME item follows the sane fornat as the other SDES itens
defined in RTP [ RFC3550] :

1 2 3
1234567890123456789012345678901
T S
| SRCNAME=TBAl | | ength | source name
T S S S e e T S S T S T o ey

0
0

Fi gure 2: SDES SRCNAME For mat

The source nane field MJST foll ow the above srcnanme-content
definition. Miltiple SDES SRCNAME describing different relation
rol es MAY be incl uded.

When using the SRCNAME SDES item it is equally inportant as CNAME.
Thus SRCNAME is RECOMVENDED to be included in all full conpound RTCP
packets being sent. It MAY al so be included in non-conpound packets
in cases where the inplenentation believes that there m ght be new
recei vers needing the information.

8. SRCNAME in SDP

"Source-Specific Media Attributes in the Session Description Protocol
(SDP)" [ RFC5576] defines a way of declaring attributes for SSRC in
each session in SDP. Wth a new SDES item it is possible to use
this franmework to define how SRCNAME can al so be provided in the SDP
for each SSRC in each RTP session, thus enabling an end-point to
declare and | earn the source bindi ngs ahead of receiving RTP/ RTCP
packets.

Hence, we propose a new SDP source attribute called srcnane with the
foll owi ng structure:

a=ssrc: <ssrc-id> srcnane: <srchane>
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The srcnane val ue MUST be identical to the SRCNAME val ue the nedia
sender will send in the SDES SRCNAME itemin the SDES RTCP packets.
Multiple srcname attributes MAY be used to describe nultiple relation
rol es.

For mal ABNF syntax [ RFC5234] for the "srcnane" attribute:
srchnane-attr = "srcnanme:" Srcnane
srcnane = Srcnane-cont ent

attribute =/ srcnane-attr
; The definition of "attribute" is in RFC 4566

Figure 3: SRCNAME Attribute ABNF

When used in SDP, srchane-content MJST use | SO 10646 in UTF-8
encodi ng, and MJUST be independent of any "a=charset".

9. SRCNAME as RTP Header Extension

Wien SRCNAME information is carried as RTP header extension

[ RFC5285], the header extension MJST contain both CNAME and SRCNAME
i nformati on, since SRCNAME is scoped by CNAME. Separate header
extension identities are defined for SRCNAME and CNAME. This is
nmotivated by the fact that a single RTP stream can have severa
SRCNAME, but only a single CNAME

The RTP header extensions for CNAME and SRCNAME MAY use either one of
the one-byte or two-byte header formats, dependi ng on the CNAMVE and
SRCNAME val ue size. The one-byte header SHOULD be used when the

val ue contains at nost 16 bytes. Note that the RTP header extension
specification does not allow to m x one-byte and two-byte headers for
the same stream so if the value size of either SRCNAME or CNAME
requi res the two-byte header, the other MJST al so use that header
format.

The header extension payl oad for SRCNAME contai ns the srcname-
content, as defined in Section 6. The header extension payload for
CNAME contains the CNAME val ue as defined in [ RFC3550]. Figures
Figure 4 and Figure 5 show sanples of the structure of the header
ext ensi on payl oad for the two header formats.
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0 1 2 3
01234567890123456789012345678901
B i S S T s i S T st i S S S S S S S S i
| ID | len | CNAME or SRCNAME val ue ... [
B i i S S i I e i S S R L e e e e

Fi gure 4
0 1 2 3
01234567890123456789012345678901
T T R e e e e s S e e ik i NI SR
[ I D [ I en | CNAME or SRCNAME val ue ... [
B i s T T S T et S S T S I T s sl s ol ST S S S

Figure 5

The URN identifiers to use with "a=extmap" SDP signaling for SRCNAVE
and CNAME, respectively, MJIST be

urn:ietf:paramns: rtp-hdrext:srcnanme
urn:ietf:parans:rtp-hdrext:cnane

10. Exanpl es
This section shows SDP exanpl es of declaring the SRCNAME i n SDP

10.1. Sinul cast
In this use case the end-point is a client with a single audio source
and two video sources, and it uses sinmulcast for sending different
encodi ngs of the sane video source. This exanple is based on Using

Sinul cast in RTP sessions [|-D. westerlund-avtcore-rtp-sinmulcast].
The following SDP describes this.
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v=0

o=al i ce 3203093520 3203093520 I N I P4 foo.exanpl e.com
s=Si mul cast enabl ed client

t=0 0

c=IN | P4 foo.exanpl e.com

mrFaudi o 49200 RTP/ AVP 96

a=rtpmap: 96 G719/ 48000/ 2

a=ssrc: 521923924 cnane: al i ce@ o0o. exanpl e. com
a=ssrc: 521923924 srcnane: al

a=md: 1

mrvi deo 49300 RTP/ AVP 96

a=rtprmap: 96 H264/ 90000

a=fntp:96 profile-level-id=42c0le

a=i mageattr: 96 send [x=640, y=360] recv [x=640,y=360] [x=320,y=180]
a=ssrc: 192392452 cnane: al i ce@ o0o. exanpl e. com
a=ssrc: 192392452 srcnane: vl

a=ssrc: 834753488 cnane: al i ce@ 00. exanpl e. com
a=ssrc: 834753488 srcnane: v2

a=m d: 2

a=cont ent: mai n

mevi deo 49400 RTP/ AVP 97

a=rt pnmap: 97 H264/ 90000

a=fmp: 97 profile-level-id=42c00d

a=i mageattr: 97 send [x=320, y=180]

a=ssrc: 239245219 cnane: al i ce@ o0o. exanpl e. com
a=ssrc: 239245219 srcnane: vl

a=ssrc: 734623563 cnane: al i ce@ o0o. exanpl e. com
a=ssrc: 734623563 srcnane: v2

a=md: 3

a=sendonly

The audi o session is proposing to use one stereo streamof G 719 and
the video sessions are proposing to send two different encodi ngs of
each video source, one with the resol ution 640x360 and one with
320x180. The end-point also declares the SSRCs it intends to use
with bindings to CNAME and SRCNAME, enabling the receiver of the SDP
to bind together the video streans that originate fromthe sane video
camera. For exanple, the two streans having an SRCNAME of "v1"
originate fromthe sane video canera and bel ong toget her

The use of the srcnane attribute in the SDP is optional and the
informati on can be retrieved from RTCP reporting, but it will then
not be possible to correctly relate the video sources until the first
RTCP report is received.
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10.2. SVC with nulti-session transm ssion

Here an exanple is shown of a client that uses SVC with multi-session
transm ssion as described in RTP Payl oad Format for Scal abl e Vi deo
Codi ng [ RFC6190]. RTP Payl oad Format for Scal abl e Vi deo Coding

[ RFC6190] only describes examples for a client with one video source
and t he decoder dependencies of the different sessions are grouped
usi ng the Session grouping DDP attribute as defined in Signaling
Medi a Decodi ng Dependency in the Session Description Protocol (SDP)

[ RFC5583] and inplicitly CNAVE

However, if a client has two video sources and wi shes to use nulti-
session transm ssion and send streans from both sources in each
session, an additional grouping nechanismis needed to group the
different streans in the different sessions. SRCNAME is suitable for
this and here we show an exanpl e where the DDP attribute groups the
different sessions and the SRCNAME is used to relate the different
SSRCs in each RTP session to one of the two video sources.
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v=0

o=bob 8473948250 8473948250 I N | P4 foo. exanpl e.com

s=SVC MST client

t=0 0

c=IN | P4 foo.exanpl e.com

a=group: DDP L1 L2 L3

mraudi o 49500 RTP/ AVP 96

a=rtpmap: 96 G719/ 48000/ 2

a=ssrc: 293848928 cnane: bob@ oo. exanpl e. com

a=m d: Al

mevi deo 20000 RTP/ AVP 96

a=rtprmap: 96 H264/ 90000

a=fntp:96 profil e-level -i d=4de00a; packeti zati on-node=1,
nmst - node=Nl - TC;, sprop- par anet er-set s={sps0}, { pps0};

a=ssrc: 743947584 cnane: bob@ oo. exanpl e. com

a=ssrc: 743947584 srcnane: V1. L1

a=ssrc: 283894947 cnane: bob@ oo. exanpl e. com

a=ssrc: 283894947 srcnane: V2. L1

a=md: L1

mevi deo 20002 RTP/ AVP 97

a=rtpmap: 97 H264- SVC/ 90000

a=fm p: 97 profile-level -id=53000c; packeti zation-node=1
nst - node=Nl - T; sprop-paraneter-sets={spsl}, {ppsl};
a=ssrc: 492784823 cnane: bob@ oo. exanpl e. com

a=ssrc: 492784823 srcnane: V1. L2

a=ssrc: 892362397 cnane: bob@ oo. exanpl e. com

a=ssrc: 892362397 srcnane: V2. L2

a=m d: L2

a=depend: 97 lay L1:96

mevi deo 20004 RTP/ AVP 98

a=rtpmap: 98 H264- SVC/ 90000

a=fm p: 98 profil e-1evel -id=53001F; packeti zation-node=1
nmst - node=Nl - T; sprop-paraneter-sets={sps2}, {pps2};
a=ssrc: 184562894 cnane: bob@ oo. exanpl e. com

a=ssrc: 184562894 srcnane: V1. L3

a=ssrc: 305605682 cnane: bob@ oo. exanpl e. com

a=ssrc: 305605682 srcnane: V2. L3

a=md: L3

a=depend: 98 lay L1:96 L2:97

Thus, the client declares that it will send two video streans in each
RTP session and the receiver is then able to relate the streans in
the different sessions by using the SRCNAME bi ndi ng, with natching
(first parts of the) SRCNAME value. Wthout the SRCNAME binding it
woul d not be possible for the receiver to know which streans bel ong
to the sanme source. Note that the audi o stream does not have an
explicit srcnane attribute in this exanple, but only relate to the
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vi deo streans through the same CNAME. Note that the last part of the
SRCNAMES in the exanple, ".L1", ".L2" and ".L3" are not necessary but
all owed and will not inpact the ability to tell that the streans

bel ong together, since related streans have the first part in comon.

10.3. Retransm ssion

Thi s use case shows how SRCNAME can be used to connect retransni ssion
streanms to the original streans in the case of SSRC multipl exed RTP
retransm ssion [ RFC4588]. This is included to exenplify how RTP
retransm ssion could be updated to provide explicit bindings between
the source and the repair stream but just an exanple and not a

speci fication.

v=0

o=carol 3462534872 3462534872 I N | P4 foo.exanpl e.com
s=SSRC-nul ti pl exed retransm ssion client

t=0 0

c=IN I P4 foo. exanpl e. com

mraudi 0 49800 RTP/ AVP 96

a=rtpmap: 96 G719/ 48000/ 2

a=ssrc: 8372496978 cnane: car ol @ oo. exanpl e. com
a=md: 1

mevi deo 49300 RTP/ AVP 96 97

a=rtpmap: 96 H264/ 90000

a=rtcp-fb: 96 nack

a=fm p: 96 profile-level-id=42c01le
a=rtpmap: 97 rtx/ 90000

a=fmp: 97 apt =96;rtx-ti ne=200

a=ssrc: 192392452 cnane: car ol @ oo. exanpl e. com
a=ssrc: 192392452 srcnane:vl. o

a=ssrc: 834753488 cnane: car ol @ oo. exanpl e. com
a=ssrc: 834753488 srcnane:vl.r

a=ssrc: 682394013 cnane: car ol @ oo. exanpl e. com
a=ssrc: 682394013 srcnane: v2.0

a=ssrc: 284576129 cnane: car ol @ oo. exanpl e. com
a=ssrc: 284576129 srcnane:v2.r

a=m d: 2

The client proposes to send two original video streans in the video
session and a retransm ssion streamfor each one of them The
retransm ssion streans are associated with the respective origina
stream by using matchi ng SRCNAME and a receiver would then know which
original streama certain retransm ssion streamis associated wth.
This solves the ambiguity probl emwhen SSRC-multiplexing is used for
retransm ssion and it enabl es SSRC-multi pl exi ng of original and
retransm ssion streans to be used also in nulticast sessions. Note
that ".0" and ".r" parts of SRCNAME are not needed, but may inprove
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under st andi ng of the exanple and will not affect the ability to match

rel ated streans.

4, Forward Error Correction

Forward Error Correction Grouping Semantics in the Session
Description Protocol [RFC5956] defines two SDP attributes for
groupi ng the associ ated source and FEC-based repair streams. One can
be used for grouping different RTP sessions and the other can be used
for grouping SSRCs in the sane RTP session, i.e. when session-

respective SSRC-nultiplexing is used. However, it may be

advant ageous to SSRC-multiplex the source streans in one RTP session
and the repair streanms in another since that gives a receiver the
possibility to reject the repair session in case it does not support
the proposed FEC. In this case, the above nentioned grouping
attributes cannot be used to associate the repair streans with the
respective source stream since groupi ng of SSRCs cannot be nade
across RTP sessions. The follow ng exanpl e shows how SRCNAME can be

used for that.

0
dave 7352395826 7352395826 I N I P4 foo.exanple.com
FEC client

—~wn o<
o

o
o

c=IN I P4 foo. exanpl e. com

a=group: FEC-FR 2 3

mraudi 0 49300 RTP/ AVP 96

a=rtpnap: 96 G719/ 48000/ 2

a=ssrc: 237847298 cnane: dave@ o0o. exanpl e. com
a=md: 1

nevi deo 49200 RTP/ AVP 100

a=rtpmap: 100 MP2T/ 90000

a=ssrc: 847612849 cnane: dave@ o0o0. exanpl e. com
a=ssrc: 847612849 srcnane:vl.o

a=ssrc: 558237845 cnane: dave@ 0o0. exanpl e. com
a=ssrc: 558237845 srcnane:v2.0

a=exthdr:1 urn:ietf:parans:rtp-hdrext:cnane
a=exthdr: 4 urn:ietf:paranms:rtp-hdrext:srcnane
a=m d: 2

meappl i cati on 49300 RTP/ AVP 101
a=rtprmap: 101 1d-interl eaved-parityfec/ 90000
a=fnt p: 101 L=5; D=10; repair-w ndow=200000
a=ssrc: 389572053 cnane: dave@ oo. exanpl e. com
a=ssrc: 389572053 srcnane:vl.r

a=ssrc: 185729479 cnane: dave@ o0o0. exanpl e. com
a=ssrc: 185729479 srcnane:v2.r

a=exthdr:2 urn:ietf:parans:rtp-hdrext:cnanme
a=exthdr:5 urn:ietf:parans:rtp-hdrext:srcnanme

Westerlund, et al. Expires April 25, 2013

[ Page 16]



Internet-Draft RTCP SDES SRCNAME Cct ober 2012

a=m d: 3

In this exanple the client proposes to send two video streanms in one
session and two repair streans in the other session. The repair
streanms are associated with the respective video stream by using a
mat chi ng SRCNAME.  Whien receiving either this SDP, the SDES SRCNAVE
packets, or the SRCNAME/ CNAME RTP header extensions (which are al so
of fered), a receiver can make the connection between the source
streans and the repair streans. Even a client not receiving the SDP
will be able to do the association, by SRCNAME in either SDES or RTP
header extension, if it has established one RTP session for receiving
source streans and another for receiving repair streams. Note that
".0" and ".r" parts of SRCNAME are not needed, but may inprove
under st andi ng of the exanple and will not affect the ability to match
rel ated streans (since they match on the highest hierarchical |evel).

11. Usage with the O fer/Answer Model

The SDP of fer/answer procedures for a=ssrc are specified in Source-
Specific Media Attributes in the Session Description Protocol (SDP)

[ RFC5576]. The SDP of fer/answer procedures for a=exthdr are
specified in A General Mechani smfor RTP Header Extensions [RFC5285].

12. Backward Conpatibility

Clients not supporting SRCNAME will not have the possibility to bind
different streanms to a specific nmedia source, since they will not
under stand the SRCNAME SDES item or the RTP header extension
However, sending SRCNAME SDES itenms to a client not supporting it
shoul d not inpose any problenms since all clients should be prepared
that new SDES itens nmay be specified according to RTP [ RFC3550].

According to the definition of SDP attributes in SDP:. Session
Description Protocol [RFC4566], if an attribute is received that is
not understood, it MJST be ignored by the receiver. So a receiver
not supporting the ssrc attribute will sinply ignore it.

Sour ce-Specific Media Attributes in the Session Description Protoco
(SDP) [RFC5576] defines rules of how new source attributes should be
regi stered, which nmeans that a receiver supporting RFC 5576 shoul d be
prepared that new source attributes may be defined. This nmeans that
a user supporting some of the source attributes should not have any
probl ens when the user receives an SDP wi th unknown source

attributes
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RTP header extension will only be used when successfully negoti ated
in SDP, which requires support in both sender and receiver.

13. | ANA Consi derati ons

Foll owi ng the guidelines in SDP [ RFC4566], in The Session Description
Prot ocol (SDP) G ouping Framework [RFC5888], and in RTP [ RFC3550],
the 1ANA is requested to register:

1. A new SDES item naned SRCNAME, as defined in Section 7. This
item needs to be assigned an identifier TBAL.

2. A new SDP source attribute named srcnane, as defined in
Section 8.

3. New RTP header extension URN identifiers for SRCNAME and CNAME
as defined in Section 9.

14. Security Considerations

The SDES or header extensi on SRCNAMEs bei ng cl ose to opaque
identifiers could potentially carry additional neanings or function
as overt channel. |If the SRCNAME woul d be pernanent between
sessions, they have the potential for conpromi sing the users’ privacy
as they can be tracked between sessions. See Quidelines for Choosing
RTP Control Protocol (RTCP) Canonical Names (CNAMES) [RFC6222] for
nore di scussi on

A third party nodification of the srcname |abels either in the RTCP
SDES itens, in the SDP a=ssrc attribute, or in the RTP header

ext ensi on can cause service disruption. By nodifying | abels the
wong streans could be associated, with potentially serious effects
i ncluding nedia disruptions. |If streans that are to be associ ated
aren’t associated, then another type of failures occur. To prevent
nmodi fication, insertion or deletion of the srcnanme |abels, the
carrying channel needs to be protected by integrity protection and
source authentication. For RTCP and RTP header extension, various
solutions exist, such as SRTP [ RFC3711], DTLS [ RFC6347], or |Psec

[ RFC4301]. For protecting the SDP, the signalling channel needs to
provide protection. For SIP S/M M [ RFC3261] are the ideal, and hop
by hopTLS [ RFC5246] provides at |east some protection, although not
perfect. For SDPs retrieved using RTSP DESCRI BE [ RFC2326], TLS would
be t he RECOMVENDED sol uti on.
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