CLUE WG R Even

I nternet-Draft Huawei Technol ogi es
I ntended status: Standards Track J. Lennox
Expires: April 24, 2014 Vi dyo

Cct ober 21, 2013

Mappi ng RTP streans to CLUE nmedi a captures
draft-ietf-clue-rtp-mapping-01.1txt

Abst ract

Thi s docunment describes nechani sns and recommended practice for
mappi ng RTP nedia streans defined in SDP to CLUE nedia captures.

Status of This Meno

This Internet-Draft is submtted in full conformance with the
provi sions of BCP 78 and BCP 79.

Internet-Drafts are working docunments of the Internet Engineering
Task Force (IETF). Note that other groups may also distribute
wor ki ng docunents as Internet-Drafts. The list of current Internet-
Drafts is at http://datatracker.ietf.org/drafts/current/.

Internet-Drafts are draft docunments valid for a maxi num of six nonths
and may be updated, replaced, or obsol eted by other docunents at any
time. It is inappropriate to use Internet-Drafts as reference
material or to cite themother than as "work in progress."

This Internet-Draft will expire on April 24, 2014.
Copyright Notice

Copyright (c) 2013 | ETF Trust and the persons identified as the
docunment authors. All rights reserved.

This docunment is subject to BCP 78 and the | ETF Trust’s Lega
Provisions Relating to | ETF Documents
(http://trustee.ietf.org/license-info) in effect on the date of
publication of this docunent. Please review these docunents
carefully, as they describe your rights and restrictions with respect
to this docunment. Code Conponents extracted fromthis docunment nust
include Sinplified BSD License text as described in Section 4.e of
the Trust Legal Provisions and are provided without warranty as
described in the Sinplified BSD Li cense.

Even & Lennox Expires April 24, 2014 [ Page 1]



Internet-Draft RTP mapping to CLUE Cct ober 2013

Tabl e of Contents

2

1. Introduction 2
2. Termnology . . 2
3. RTP topol ogies for CLUE .o . 3
4. Mappi ng CLUE Capture Encodi ngs to RTP streams . 5
4.1. Review of current directions in MVWSIC, AVText and
AVTcore . 6
4.2. Requirenents of a sol ut| on 7
4.3, Static Mapping 8
4.4. Dynami c napping . 9
4.5. Recomendations . . C e e e e e 9
5. Application to CLUE |\/Ed| a Reqw remants e K¢
6. Exanples . . . . . I |
6.1. Static mappi ng e 74
6.2. Dynamic Mapping . . . . . . . . . . . . . . . . . . . .. 14
7. Acknow edgenents . . . . . . . . . . . . . . . . . .. . .. 15
8. | ANA Considerations . . . . . . . . . . . . . . . . . . . .. 15
9. Security Considerations . . . . . . . . . . . . . . . . . . . 15
10. References . . N )
10.1. Normative Ref erences e <)
10.2. Informative References . . . . . . . . . . . . . . . . . 16
Aut hors’ Addresses . . . . . . . . . . . . . . . . ... ...

I nt roducti on

Tel epresence systens can send and receive nultiple media streans.

The CLUE franmework [I-D.ietf-clue-franework] defines nedia captures
as a source of Media, such as fromone or nore Capture Devices. A
Medi a Capture (MC) may be the source of one or nore Media streanms. A
Medi a Capture may al so be constructed fromother Media streans. A

m ddl e box can express conceptual Media Captures that it constructs
fromMedia streans it receives.

SIP offer answer [ RFC3264] uses SDP [ RFC4566] to describe the

RTP[ RFC3550] nedia streans. Each RTP stream has a uni que SSRC within
its RTP session. The content of the RTP streamis created by an
encoder in the endpoint. This may be an original content froma
camera or a content created by an intermediary device |ike an MCU

Thi s docunent nakes reconmendations, for the tel epresence
architecture, about how RTP and RTCP streans should be encoded and
transmitted, and how their relation to CLUE Medi a Captures should be
comruni cated. The proposed sol ution supports nultiple RTP

t opol ogi es.

Ter m nol ogy
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The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",

"SHOULD', "SHOULD NOT", "RECOWMENDED', "MAY", and "OPTIONAL" in this
docunent are to be interpreted as described in RFC2119[ RFC2119] and
i ndicate requirenent |evels for conpliant RTP inpl enentations.

3. RTP topologies for CLUE

The typical RTP topol ogi es used by Tel epresence systens specify

di fferent behaviors for RTP and RTCP distribution. A nunber of RTP
topol ogi es are described in

[1-D. westerlund-avtcore-rtp-topol ogi es-update]. For tel epresence,
the rel evant topol ogi es include point-to-point, as well as nedia

m xers, media- switching m xers, and source-projection mniddl eboxs.

In the point-to-point topol ogy, one peer comunicates directly with a
singl e peer over unicast. There can be one or nore RTP sessions, and
each RTP session can carry nultiple RTP streans identified by their
SSRC. Al SSRCs will be recognized by the peers based on the
information in the RTCP SDES report that will include the CNAME and
SSRC of the sent RTP streans. There are different point to point use
cases as specified in CLUE use case

[I-D.ietf-clue-tel epresence-use-cases]. There nmay be a difference
bet ween the symetric and asymmetric use cases. Wile in the
symretric use case the typical mapping will be froma Mdia capture
device to a render device (e.g. canera to nonitor) in the asymetric
case the render device may receive different capture information (RTP
streamfroma different camera) if it has fewer rendering devices
(rmonitors). In sonme cases, a CLUE session which, at a high-level, is
poi nt-to-poi nt nay nonet hel ess have RTP which is best described by
one of the m xer topol ogies below For exanple, a CLUE endpoint can
produce conposited or switched captures for use by a receiving system
with fewer displays than the sender has caneras.

In the Media M xer topology, the peers comunicate only with the

m xer. The m xer provides m xed or conposited nedia streans, using
its owmn SSRC for the sent streans. There are two cases here. In the
first case the mixer may have separate RTP sessions with each peer
(simlar to the point to point topology) terminating the RTCP
sessions on the mxer; this is known as Topo- RTCP-Term nating MCU in
[ RFC5117]. In the second case, the mixer can use a conference-w de
RTP session sinmlar to RFC 5117’ s Topo-m xer or Topo- Vi deo-swi tching.
The major difference is that for the second case, the m xer uses
conference-wi de RTP sessions, and distributes the RTCP reports to all
the RTP session participants, enabling themto learn all the CNAMES
and SSRCs of the participants and know the contributing source or
sources (CSRCs) of the original streams fromthe RTP header. 1In the
first case, the Mxer terninates the RTCP and the partici pants cannot
know al |l the avail abl e sources based on the RTCP information. The
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conference roster information including conference participants,
endpoi nts, nedia and nmedi a-id (SSRC) can be avail abl e using the
conference event package [ RFC4575] el enent.

In the Media-Switching M xer topol ogy, the peer to m xer

communi cation is unicast with m xer RTCP feedback. It is
conceptually simlar to a conmpositing nixer as described in the
previ ous paragraph, except that rather than conpositing or mxing
mul ti ple sources, the m xer provides one or nore conceptual sources
sel ecting one source at a tinme fromthe original sources. The M xer
creates a conference-wi de RTP session by sharing renote SSRC val ues
as CSRCs to all conference partici pants.

In the Source-Projection mddl ebox topol ogy, the peer to m xer
communi cation is unicast with RTCP m xer feedback. Every potenti al
sender in the conference has a source which is "projected" by the

m xer into every other session in the conference; thus, every
original source is maintained with an independent RTP identity to
every receiver, maintaining separate decoding state and its origina
RTCP SDES i nformation. However, RTCP is term nated at the m xer,
whi ch nmight also performreliability, repair, rate adaptation, or
transcoding on the stream Senders’ SSRCs may be renunbered by the
m xer. The sender nmay turn the projected sources on and off at any
time, dependi ng on which sources it thinks are nost relevant for the
receiver; this is the primary reason why this topol ogy must act as an
RTP mi xer rather than as a translator, as otherw se these disabl ed
sources woul d appear to have enornous packet |oss. Source swtching
i s acconplished through this process of enabling and disabling

proj ected sources, with the higher-level semantic assignment of
reason for the RTP streans assigned externally.

The above topol ogi es denonstrate two naj or RTP/ RTCP behavi ors:

1. The nixer may either use the source SSRC when forwardi ng RTP
packets, or use its own created SSRC. Still the nixer wll
distribute all RTCP information to all participants creating
conference-wi de RTP session/s. This allows the participants to
| earn the avail able RTP sources in each RTP session. The
original source information will be the SSRC or in the CSRC
dependi ng on the topology. The point to point case behaves like
t hi s.
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4.

2. The mixer termnates the RTCP fromthe source, creating separate
RTP sessions with the peers. |In this case the participants wll
not receive the source SSRC in the CSRC. Since this is usually a
m xer topology, the source information is available fromthe SIP
conference event package [ RFC4575]. Subscribing to the
conference event package all ows each participant to know the
SSRCs of all sources in the conference.

Mappi ng CLUE Capture Encodings to RTP streans

The di fferent topol ogies described in Section 3 support different
SSRC di stribution nodels and RTP stream nul ti pl exi ng points.

Most vi deo conferencing systens today can separate multiple RTP
sources by placing theminto separate RTP sessions using, the SDP
description. For exanple, main and slides video sources are
separated into separate RTP sessions based on the content attribute
[RFC4A796]. This solution works straightforwardly if the nultiplexing
point is at the UDP transport |evel, where each RTP stream uses a
separate RTP session. This will also be true for mapping the RTP
streans to Media Captures Encodings if each media capture encodi ngs
uses a separate RTP session, and the consuner can identify it based

on the receiving RTP port. 1In this case, SDP only needs to |abel the
RTP session with an identifier that identifies the media capture in
the CLUE description. |In this case, it does not change the nmapping

even if the RTP session is switched using same or different SSRC
(The multiplexing is not at the SSRC | evel).

Even though Session nmultiplexing is supported by CLUE, for scaling
reasons, CLUE recomends using SSRC nmultiplexing in a single or
mul ti ple sessions. So we need to | ook at how to map RTP streans to
Medi a Captures Encodi ngs when SSRC multiplexing is used.

When | ooki ng at SSRC nul ti pl exing we can see that in various
topol ogi es, the SSRC behavi or may be different:

1. The SSRCs are static (assigned by the MCU M xer), and there is an
SSRC for each nedia capture encoding defined in the CLUE
protocol. Source information may be conveyed using CSRC, or, in
the case of topo-RTCP-Terninating MCU, is not conveyed.

2. The SSRCs are dynamic, representing the original source and are
rel ayed by the M xer/MCU to the participants.

In the above two cases the MCU M xer may create an adverti senent,
with a virtual room capture scene
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Anot her case we can envision is that the MCU/ M xer relays all the
capture scenes fromall advertisenments to all consuners. This means

that the advertisement will include nmultiple capture scenes, each
representing a separate Tel ePresence roomwith its own coordinate
system

4. 1. Revi ew of current directions in MMJSI C, AVText and AVTcore

Editor’s note: This section provides an overview of the RFCs and
drafts that can be used a base for a mapping solution. This section
is for information only, and if the W thinks that it is the right
direction, the authors will bring the required work to the rel evant
WGs.

The solution needs to al so support the sinul cast case where nore than
one RTP session may be advertised for a Media Capture. Support of
such simulcast is out of scope for CLUE

When | ooking at the avail able tools based on current work in MVISIC
AVTcore and AVText for supporting SSRC multiplexing the foll ow ng
docunents are considered to be rel evant.

SDP Source attribute [ RFC5576] nechani sns to describe specific
attributes of RTP sources based on their SSRC

Negoti ati on of generic image attributes in SDP [ RFC6236] provides the
means to negotiate the inmage size. The inage attribute can be used
to offer different inmge paraneters like size but in order to offer
multiple RTP streans with different resolutions it does it using
separate RTP session for each inmage option

[1-D. westerlund-avt core-max-ssrc] proposes a signaling solution for
how to use multiple SSRCs within one RTP session

[1-D. westerlund-avtext-rtcp-sdes-srcnane] provides an extension that
may be send in SDP, as an RTCP SDES information or as an RTP header
extension that uniquely identifies a single nmedia source. 1t defines
an hierarchical order of the SRCNAME paraneter that can be used to
for exanple to describe nultiple resolution fromthe sane source (see
section 5.1 of [I-D.westerlund-avtcore-rtp-sinmulcast]). Still al

the exanpl es are using RTP session nultiplexing.

O her docunents reviewed by the authors but are currently not used in
a proposed sol ution include:

[1-D. I ennox- mrusi c- sdp- sour ce-sel ection] specifies how participants

in a nmultinedia session can request a specific source froma renote
party.
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[1-D. westerlund-avt ext - codec-operation-point] (expired) extends the
codec control nessages by specifying nessages that let participants
comruni cate a set of codec configuration paraneters.

Usi ng the above docunents it is possible to negotiate the max nunber
of received and sent RTP streans inside an RTP session (mline or
bundled mline). This allows also offering allowed conbinations of
codec configurations using different payload type numbers

Exanpl es: max-recv-ssrc:{96:2 & 97:3) where 96 and 96 are different
payl oad type nunbers. O nmax-send-ssrc{*:4}.

In the next sections, the docunment will propose nmechanisns to map the
RTP streans to nmedi a captures addressing.

4.2. Requirenents of a solution

This section lists, nore briefly, the requirenents a nedia
architecture for Cue tel epresence needs to achieve, sunmarizing the
di scussi on of previous sections. |In this section, RFC 2119 [ RFC2119]
| anguage refers to requirenments on a solution, not an inplenentation
thus, requirenents keywords are not witten in capital letters.

Media-1: It nust not be necessary for a Clue session to use nore than
a single transport flow for transport of a given nedia type (video or
audi o) .

Medi a-2: It nust, however, be possible for a Clue session to use
multiple transport flows for a given nedia type where it is
consi dered val uable (for example, for distributed nedia, or
differential quality-of-service).

Medi a-3: It nust be possible for a Clue endpoint or MCU to

si mul t aneously send sources corresponding to static, to conposited,
and to switched captures, in the sane transport flow (Any given
device m ght not necessarily be able send all of these source types;
but for those that can, it nust be possible for themto be sent

si mul t aneousl y.)

Medi a-4: It nmust be possible for an original source to nove anong
switched captures (i.e. at one tine be sent for one swi tched capture,
and at a later tinme be sent for another one).

Medi a-5: It nmust be possible for a source to be placed into a

swi tched capture even if the source is a "late joiner", i.e. was
added to the conference after the receiver requested the switched
sour ce.
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Medi a- 6: Whenever a given source is assigned to a switched capture,

it must be imrediately possible for a receiver to determine the

swi tched capture it corresponds to, and thus that any previ ous source
is no longer being nmapped to that swi tched capture.

Media-7: It nust be possible for a receiver to identify the actua
source that is currently being mapped to a switched capture, and
correlate it with out-of-band (non-C ue) information such as rosters.

Medi a-8: It nmust be possible for a source to nove anpbng switched
captures without requiring a refresh of decoder state (e.g., for
video, a fresh |-frame), when this is unnecessary. However, it nust
al so be possible for a receiver to indicate when a refresh of decoder
state is in fact necessary.

Media-9: If a given source is being sent on the sanme transport flow
for nore than one reason (e.g. if it corresponds to nore than one
switched capture at once, or to a static capture), it should be
possi ble for a sender to send only one copy of the source.

Medi a- 100 On the network, nedia flows should, as nuch as possible,
| ook and behave like currently-defined usages of existing protocols;
establ i shed semantics of existing protocols nmust not be redefined.

Medi a- 11: The solution should seek to mininize the processing burden
for boxes that distribute nedia to decodi ng hardware

Media-12: If nultiple sources froma single synchroni zati on context
are being sent sinultaneously, it nust be possible for a receiver to
associ ate and synchroni ze them properly, even for sources that are
are mapped to switched captures.

4.3. Static Mapping

Static mapping is widely used in current MCU inplenentations. It is
al so common for a point to point synmetric use case when both

endpoi nts have the same capabilities. For capture encodings with
static SSRCs, it is nmost straightforward to indicate this mapping
outside the nedia stream in the CLUE or SDP signaling. An SDP
source attribute [ RFC5576] can be used to associ ate CLUE encodi ng
usi ng appl ds[|-D. even- musi c-application-token] with SSRCs in SDP
Each SSRC wi || have an appld value that will be specified also in the
CLUE nedia capture as an attribute. The provider advertisenent
could, if it w shed, use the same SSRC for nedia capture encodi ngs
that are mutually exclusive. (This would be natural, for example, if
two advertised captures are inplenented as different configurations
of the sane physical camera, zooned in or out.). Section 6 provide
an exanple of an SDP of fer and CLUE adverti senent.
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4. 4. Dynanic mappi ng

Dynam ¢ mappi ng by taggi ng each nmedi a packet with the appld. This
means that a receiver inmediately knows how to interpret received
medi a, even when an unknown SSRC is seen. As long as the nedia
carries a known appld, it can be assuned that this nedia streamw ||
replace the streamcurrently being received with that appld.

This gives significant advantages to switching latency, as a switch
bet ween sources can be achi eved without any form of negotiation with
the receiver.

However, the di sadvantage in using a appld in the streamthat it

i ntroduces additional processing costs for every nedia packet, as
appl ds are scoped only within one hop (i.e., within a cascaded
conference a appld that is used fromthe source to the first MU is
not neani ngful between two MCUs, or between an MCU and a receiver),
and so they may need to be added or nodified at every stage.

If the applds are chosen by the nmedia sender, by offering a
particul ar capture encoding to nmultiple recipients with the sane |ID,
this requires the sender to only produce one version of the stream
(assum ng outgoi ng payl oad type nunbers nmatch). This reduces the
cost in the nulticast case, although does not necessarily help in the
swi tchi ng case

An additional issue with putting applds in the RTP packets cones from
cases where a non-CLUE aware endpoint is being switched by an MCU to
a CLUE endpoint. In this case, we nay require up to an additional 12
bytes in the RTP header, which nmay push a nmedi a packet over the MIU
However, as the MIU on either side of the switch may not match, it is
possi ble that this could happen even w thout adding extra data into
the RTP packet. The 12 additional bytes per packet could also be a
significant bandwi dth increase in the case of very |ow bandw dth
audi o codecs.

4.5. Recommendati ons

The reconmmendation is that endpoints MJST support both the static
decl aration of capture encoding SSRCs, and appld in every nedia
packet. For | ow bandw dth situations, this nmay be consi dered
excessive overhead; in which case endpoi nts MAY support the approach
where applds are sent selectively. The SDP offer MAY specify the
SSRC mapping to capture encoding. In the case of static mapping
topol ogies there will be no need to use the header extensions in the
medi a, since the SSRC for the RTP streamwi ||l remain the sane during
the call unless a collision is detected and handl ed according to
RFC5576 [ RFC5576]. |If the used topol ogy uses dynam ¢ mappi ng then
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the appld will be used to indicate the RTP stream swi tch for the
medi a capture. In this case the SDP description may be used to
negotiate the initial SSRC but this will be left for the
inplementation. Note that if the SSRC is defined explicitly in the
SDP the SSRC col i sion should be handl ed as in RFC5576

5. Application to CLUE Medi a Requirenents

The requirenent section Section 4.2 offers a nunber of requirenents
that are believed to be necessary for a CLUE RTP nmapping. The
solutions described in this docunment are believed to neet these

requi renents, though sone of themare only possible for sone of the
topologies. (Since the requirenments are generally of the form"it
must be possible for a sender to do sonething”, this is adequate; a
sender which wi shes to performthat action needs to choose a topol ogy
whi ch allows the behavior it wants.

In this section we address only those requirenments where the
topol ogi es or the association nmechani snms treat the requirenents
differently.

Medi a-4: It nmust be possible for an original source to nove anong
switched captures (i.e. at one tinme be sent for one swi tched capture,
and at a later tinme be sent for another one).

This applies naturally for static sources with a Switched M xer. For
dynami ¢ sources with a Source-Projecting mddl ebox, this just
requires the appld in the header extension elenent to be updated
appropriately.

Medi a- 6: Whenever a given source is transmitted for a switched
capture, it nust be imediately possible for a receiver to determ ne
the switched capture it corresponds to, and thus that any previous
source is no |longer being nmapped to that sw tched capture.

For a Switched Mxer, this applies naturally. For a Source-
Proj ecting middl ebox, this is done based on the appld.

Media-7: It nust be possible for a receiver to identify the origina
source that is currently being mapped to a switched capture, and
correlate it with out-of-band (non-Clue) information such as rosters.

For a Switched Mxer, this is done based on the CSRC, if the mxer is
providing CSRCs; if for a Source-Projecting mddlebox, this is done
based on t he SSRC.

Medi a-8: It nmust be possible for a source to nove anpng switched
captures without requiring a refresh of decoder state (e.g., for
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video, a fresh |I-franme), when this is unnecessary. However, it nust
al so be possible for a receiver to indicate when a refresh of decoder
state is in fact necessary.

This can be done by a Source-Projecting niddl ebox, but not by a
Switching Mxer. The |ast requirenent can be acconplished through an
FI R nmessage [ RFC5104], though potentially a faster mechani sm (not
requiring a round-trip tine fromthe receiver) would be preferable.

Media-9: If a given source is being sent on the same transport flow
to satisfy nore than one capture (e.g. if it corresponds to nore than
one switched capture at once, or to a static capture as well as a

swi tched capture), it should be possible for a sender to send only
one copy of the source.

For a Source-Projecting mddl ebox, this can be acconplished by
sendi ng multiple dynam c applds for the sane source; this can al so be
done for an environnent with a hybrid of m xer topologies and static
and dynami c captures, described belowin Section 6. It is not
possible for static captures froma Switched M xer

Media-12: If nultiple sources froma single synchroni zati on context
are being sent sinultaneously, it nust be possible for a receiver to
associ ate and synchroni ze them properly, even for sources that are
mapped to sw tched captures.

For a M xed or Switched M xer topology, receivers will see only a
singl e synchroni zati on context (CNAME), corresponding to the m xer
For a Source-Projecting mddl ebox, separate projecting sources keep
separate synchroni zation contexts based on their original CNAMEs,
thus al |l owi ng i ndependent synchroni zati on of sources from i ndependent
rooms W thout needing global synchronization. |In hybrid cases,
however (e.g. if audio is mxed), all sources which need to be
synchroni zed with the m xed audi o nust get the same CNAME (and thus a
m xer-provided tinebase) as the ni xed audi o.

6. Exanples

It is possible for a CLUE device to send nultiple instances of the
topol ogies in Section 3 sinultaneously. For exanple, an MCU which
uses a traditional audio bridge with switched video would be a M xer
topol ogy for audio, but a Switched M xer or a Source-Projecting

ni ddl ebox for video. |In the latter case, the audio could be sent as
a static source, whereas the video could be dynamic.

More notably, it is possible for an endpoint to send the sane sources

both for static and dynanic captures. Consider the exanple
[I-D.ietf-clue-framework], where an endpoint can provide both three
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cameras (VCO, VC1, and VC2) for left, center, and right views, as
well as a switched view (VC3) of the |oudest panel
It is possible for a consuner to request both the (VO - VC2) set and
VC3. It is worth noting that the content of VC3 is, at all tines,
exactly the content of one of VCO, VCl1, or VC2. Thus, if the sender
uses the Source-Projecting middl ebox topology for VC3, the consumer
that receives these three sources would not need to send any
additional nedia traffic over just sending (VO - VC2).

In this case, the advertiser could describe VCO, VC1, and VC2 in its
initial advertisenment or SDP with static SSRCs, whereas VC3 would
need to be dynanmic. The role of VC3 would nove anong VC0, VC1, or
VC2, indicated by the appld RTP header extension on those streans’
RTP packets.

6.1. Static mapping
Using the video capture exanple fromthe franework for a three canera
systemwi th four nonitors where one is for the presentati on stream
[I-D.ietf-clue-framework] docunent:

0 VQO- (the camera-left canera stream purpose=nain, swtched:no

0 VCl- (the center canera stream purpose=nain, swtched:no

0 VC2- (the camera-right camera strean), purpose=nain, sw tched:no
0 VC3- (the loudest panel strean), purpose=nmin, swtched:yes

0 VC4- (the loudest panel streamw th PiPs), purpose=nain,
composed=true; switched: yes

0 VC5- (the zooned out view of all people in the roon
pur pose=mmi n, conposed=no; swi tched: no

0 VC6- (presentation strean), purpose=presentation, sw tched: no
Where the physical sinultaneity information is:

{VCD, VCl, VC2, VC3, VC4, VC6}

{vQo, vC2, VC5, VC6}
In this case the provider can send up to six sinultaneous streans and
receive four one for each nmonitor. This is the maxi num case but it

can be further linited by the capture scene entries which nmay propose
sending only three canera streanms and one presentation, still since
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the consuner can select any nedia captures that can be sent
simul taneously the offer will specify 6 streans where VC5 and VCl are
usi ng the sane resource and are nutual ly excl usive.
In the Advertisenent there may be two capture scenes:
The first capture scene may have four entries:

{vCo, vCi, vCz}

{vC3}

{vC4}

{ VC5}
The second capture scene will have the following single entry.
{ vCe}
We assune that an internediary will need to look at CLUE if want to
have better decision on handling specific RTP streans for exanple
based on them being part of the same capture scene so the SDP will
not group streans by capture scene.
The SIP offer may be

mevi deo 49200 RTP/ AVP 99

a=extmap: 1 urn:ietf:parans:rtp-hdrex:appld/ for support of dynamc
mappi ng

a=rtpmap: 99 H264/ 90000
a=max- send-ssrc: {*: 6}
a=max-recv-ssrc:{*: 4}
a=ssrc: 11111 appld: 1
a=ssrc: 22222appl d: 2
a=ssrc: 33333 appld: 3
a=ssrc: 44444appl d: 4

a=ssrc: 55555 appld: 5
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a=ssrc: 66666 appld: 6

In the above exanple the provider can send up to five main streans
and one presentation stream

Note that VCL and VC5 have the same SSRC since they are using the
same resource

0 VQ0- (the camera-left canera stream purpose=nain, sw tched: no,
appld =1

0 VCl- (the center canera stream purpose=nain, sw tched: no, appld
=2

0 VC2- (the camera-right camera strean), purpose=main, sw tched: no,
appld =3

0 VC3- (the loudest panel strean), purpose=nmin, sw tched:yes, appld
=4

0 VC4- (the loudest panel streamw th PiPs), purpose=nmain,
conposed=true; switched:yes, appld =5

0 VC5- (the zoonmed out view of all people in the room
pur pose=mmi n, conposed=no; sw tched: no, appld =2

0 VC6- (presentation strean), purpose=presentation, sw tched: no,
appld =6

Note: We can allocate an SSRC for each MC which will not require the
indirection of using an appld. This will require if a switch to
dynanmic is done to provide information about which SSRC i s being
repl aced by the new one.

6.2. Dynanic Mapping
For topol ogi es that use dynam ¢ mapping there is no need to provide
the SSRCs in the offer (they may not be available if the offers from
the sources will not include themwhen connecting to the m xer or
renote endpoint) In this case the appld will be specified first in
the advertisenent.
The SIP offer may be

nevi deo 49200 RTP/ AVP 99

a=extmap: 1 urn:ietf:paranms: appld
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10.

10.

a=rtpmap: 99 H264/ 90000
a=max- send-ssrc: {*: 4}
a=max-recv-ssrc:{*: 4}

This will work for ssrc multiplex. It is not clear howit wll work
when RTP streans of the sane nedia are not multiplexed in a single
RTP session. How to know which encoding will be in which of the
different RTP sessions.
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