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Abst ract

The Session Description Protocol (SDP) O fer/Answer nodel describes a
mechanismthat allows two entities to negotiate a nultimedi a session
The SDP syntax of the O fer/Answer nodel uses constructs known as
media (m=) lines to describe each medium In SDP itself these "n¢E"
lines were designed to describe RTP sessions with any nunber of
streanms (SSRCs). Yet, Ofer/Answer inplenmentations in SIP
appl i cations have nost often used them as an envel ope for a maxi num
of two RTP streams (SSRCs) at a time: one in each direction. The
nmost conmon reason for this has been the fact these applications
could not neaningfully render nultiple SSRCs sinmultaneously.

The above situation has led to difficulties once the need to
represent multiple (SSRCs) in an interoperable manner becane nore
conmon.

Thi s docunent explores the use of "m" lines for the negotiation of
sessions with nultiple nmedia sources, as per their original design in
SDP. It presents the advantages of such an approach as well as the
chall enges that it inplies in ternms of interoperability with already
depl oyed | egacy devi ces.

The nodel described here was first presented in the RTCWEB No Pl an
proposal. The reason to spin it off into this new docunent is nmainly
to separate the parts related to Ofer/Answer and "m=" |ine
semantics, fromthose that are specific to WbRTC

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 (1ETF). 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/.
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Since its early days the Session Description Protocol (SDP) O fer/
Answer (O A) nodel [RFC3264] has mainly been used for the negotiation
of Real -time Transport Protocol (RTP) [RFC3550] sessions between
endpoints that only use a single nedia source per nedium Exanples
of such sources include m crophones, caneras, desktop streaners etc.
The list can be extended to cases where nultiple sources are m xed at
the media level by an audio or video m xer and then appear as a
single stream i.e. RTP Synchronisation Source (SSRC) on the RTP and
SDP [ RFC4566] | evel s.

In such sessions each nediumand its correspondi ng device are
described by the SDP "n=" line construct and each nedia source is
mapped to exactly one "m=" line. The exchanges that lead to the
est abli shnent of such sessions are relatively well covered by the
speci fications and nost inplenentations.

Unfortunately, the situation becones relatively confusing when it
comes to transporting nultiple nmedia sources (SSRCs) per medi um
Streani ng any nunber of RTP streans is an inherent part of the
prot ocol and describing such multi-stream RTP sessions is directly

supported by SDP. Still, the Ofer/Answer nodel [RFC3264] is
relatively vague on the subject and relying on the nulti-stream
capabilities of an SDP "n¥" line is likely to |l ead to unexpected

results with nost endpoints.

At the time of witing of this docunment, the MMJSI C working group is
considering two approaches to addressing the issue. The approaches
energed in the RTCWEB working group and are often referred to as Pl an
A [PlanA] and Plan B [PlanB]. Both of theminpose senantics and
syntax that allow for detail ed description and fine-grained contro

of multiple nedia sources entirely through SDP and O f er/ Answer.

Both plans A and B present a nunber of problens nost of which are due
to the heavy reliance on SDP O A The problens are discussed in nore
detail in Section 6.

The goal of this docunent is to propose an alternative approach that
simply uses "m=" lines in the way they were originally designed with
SDP: descriptors of RTP sessions with any nunber of sources. Such an
approach keeps the use of SDP O fer/Answer to the initialization of
transport and nedi a chains and del egates stream control to other
upper |ayer protocols.

The nmodel described in this specification is intended for
applications that require reliability, flexibility and scalability.
It therefore tries to satisfy the followi ng constraints
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o the addition and renoval of nedia sources (e.g. conference
participants, multiple web canms or "slides" ) nust be possible
wi t hout the need of O fer/Answer exchanges;

o the addition or renoval of sinulcast or |ayered streans nust be
possi bl e without the need for O fer/Answer exchanges beyond the
initial declaration of such capabilities for either direction

o call establishnent nust not require prelimnary announcenent or
even know edge of all potentially participating nedia sources;

o application specific signalling should be used to cover nost
semantics followi ng call establishnent, such as addi ng, renoving
or identifying SSRCs;

o straightforward interoperability with wi dely depl oyed | egacy
endpoints with rudi nentary support for O fer/Answer. This
i ncl udes devices that allow for one audi o and potentially one
video m= line and that expect to only ever be required to render a
single RTP streamat a tinme for any of them (Note that this does
NOT i ncl ude devices that expect to see nultiple "nrvideo" |ines
for different SSRCs as they can hardly be viewed as "wi dely
depl oyed | egacy").

To achi eve the above requirenments this specification expects that
endpoints will only use SDP O fer/Answer to establish transport
channel s and initialize an RTP stack and codec/ processi ng chains.
This also includes any renegotiation that requires the re-
initialisation of these chains. For exanple, adding VP8 to a session
that was setup with only H 264, would obviously still require an

O fer/ Answer exchange.

Al'l other session control and signalling are to be left to upper
| ayer protocol nechanisns.

2. Mechani sm

The nmodel presented in this specification relies on use of standard
SDP and O fer/Answer for negotiating formats, establishing transport
channel s and exchanging, in a declarative way, nedia and transport
paraneters that are then used for the initialization of the
correspondi ng stacks. It does not add new concepts and sinply
requires applications to abide by the original design of SDP and the
"m=" line construct.

The following is an exanple presenting what this specification views

as a typical offer sent by a nmultistream endpoint following this
speci fication:
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v=0

o=- 0 0 INIP4 198.51.100. 33

S=

t=0 0

a=gr oup: BUNDLE audi o vi deo /'l decl ari ng BUNDLE Support
c=IN I P4 198.51. 100. 33

a=i ce- uf rag: Q8o/ j ZwknkmXpl h /[l initializing I CE

a=i ce- pwd: gTMAG JcZv1xdPrj f bTHL5q0

a=i ce-options:trickle

a=fingerprint:sha-1 /1l DTLS- SRTP keyi ng
a4:bl: 97:ab:c7:12:9b: 02: 12: b8: 47: 45: df : d8: 3a: 97: 54: 08: 3f: 16

mraudi o 5000 RTP/ SAVPF 96 0 8
a=m d: audi o
a=rtcp- nux

a=rt pmap: 96 opus/ 48000/ 2 /1 PT mappi ngs
a=rtpmap: 0 PCMJ 8000
a=rtpmap: 8 PCMA/ 8000

a=extmap: 1 urn:ietf:params:rtp-hdrext:csrc-audio-level [//5825 header
a=extmap: 2 urn:ietf:parans:rtp-hdrext:ssrc-audio-1evel [//extensions

[1 CE Candi dat es]

mevi deo 5002 RTP/ SAVPF 97 98
a=mi d: vi deo
a=rtcp- nux

a=rtpmap: 97 VP8/ 90000 /1 PT mappi ngs and resol utions capabilities
a=i mageattr: 97 \

send [ x=[480: 16: 800], y=[ 320: 16: 640], par=[ 1. 2-1. 3], g=0. 6] \

[x=[176: 8:208],y=[ 144:8:176] ,par=[1.2-1.3]] \

recv *
a=rt prmap: 98 H264/ 90000
a=i mageattr: 98 send [x=800, y=640, sar=1. 1, q=0. 6] [x=480, y=320] \

recv [x=330, y=250]

a=extmap: 3 urn:ietf:parans:rtp-hdrext:fec-source-ssrc /15825 header
a=extmap: 4 urn:ietf:parans:rtp-hdrext:rtx-source-ssrc / I ext ensi ons

a=max- send-ssrc: {*: 1} /1 decl ari ng maxi num
a=max-recv-ssrc: {*: 4} /'l number of SSRCs

[ 1 CE Candi dat es]
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The answer to the offer above woul d have substantially the sane
structure and content. For the sake of clarity:

v=0

0o=- 0 0 INIP4 203.0.113.12

S=

t=0 0

a=group: BUNDLE audi o vi deo /1 declari ng BUNDLE Support
c=IN I P4 203.0.113.12

a=i ce- ufrag: 8o/ j ZwknkmXpl h /[l initializing I CE

a=i ce- pwd: gTMAG JcZv1xdPrj f bTHL5q0
a=i ce-options:trickle
a=fingerprint:sha-1 /1 DTLS- SRTP keyi ng
ad: bl:97:ab: c7: 12: 9b: 02: 12: b8: 47: 45: df : d8: 3a: 97: 54: 08: 3f: 16

mFaudi o 5000 RTP/ SAVPF 96 0 8
a=m d: audi o
a=rt cp- mux

a=rt pnap: 96 opus/ 48000/ 2 /1 PT mappi ngs
a=rtpmap: 0 PCMJ 8000
a=rtpmap: 8 PCMA/ 8000

a=extmap: 1 urn:ietf:params:rtp-hdrext:csrc-audio-level [/5825 header
a=extmap: 2 urn:ietf:paranms:rtp-hdrext:ssrc-audio-level //extensions

[ 1 CE Candi dat es]

nrvi deo 5002 RTP/ SAVPF 97 98
a=m d: vi deo
a=rtcp- nmux

a=rt pmap: 97 VP8/ 90000 /1 PT mappings and resol utions capabilities
a=i mageattr: 97 \

send [x=[480: 16: 800], y=[ 320: 16: 640] , par=[ 1. 2-1. 3], g=0. 6] \

[x=[ 176: 8: 208] , y=[ 144: 8: 176] , par=[1.2-1.3]] \

recv *
a=rt prmap: 98 H264/ 90000
a=i mageattr: 98 send [x=800, y=640, sar=1. 1, q=0. 6] [x=480, y=320] \

recv [x=330, y=250]

a=extmap: 3 urn:ietf:parans:rtp-hdrext:fec-source-ssrc /15825 header
a=extmap: 4 urn:ietf:parans:rtp-hdrext:rtx-source-ssrc / I ext ensi ons

a=max- send-ssrc: {*: 4} /1 declaring maxi mum
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a=max-recv-ssrc:{*: 4} /'l number of SSRCs

[ 1 CE Candi dat es]

As already noted, the O fer/Answer exchange above remains essentially
the sane regardl ess of whether the foll owing nedia session is going
to contain one or nmultiple RTP streans (SSRCs) per nmediumin either

di recti on.

The exchange al so has the follow ng i nportant characteristics:
0 Preserves interoperability with nost kinds of |egacy endpoints.

o0 Allows the negotiation of nost paraneters that concern the nedia/
RTP stack (typically the browser).

0 Only a single Ofer/Answer exchange is required for session
establ i shnment and, in nost cases, for the entire duration of a
sessi on.

0 Leaves conplete freedomto applications as to the way that they
are going to signal any other information such as SSRC
identification information or the addition or renoval of RTP
streans.

2.1. Discovery

It is inmportant that an inplenmentation using "n=" lines as an

envel ope for multiple RTP nedia streans, be able to reliably detect
whether its peer is capable of receiving them One way of achieving
this would be the use of upper-layer protocols as explained in
Section 3.

In cases where endpoints need to be able to detect this fromthe SDP
O fer/ Answer they could use the "max-send-ssrc" and "max-recv-ssrc”
attributes defined in [ MAX-SSRC]. It has to be noted however that
this mechanismis still a work in progress and as such it would stil
need to be extended to provide ways of distinguishing between

i ndependent fl ows and conpl enentary ones such as | ayered FEC and RTX

Unl ess an endpoi nt detects the correspondi ng max-ssrc or upper |eve
protocol indicators that a renote peer can actually handle nultiple
streans within a single "m=" line, it MJST assunme that such support
i s unavail abl e.
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2.2. Advant ages

The advantages of using "m" lines to represent nultiple nedia
sources in the way they were originally intended by SDP can be
roughly sunmarized to the follwoing:

o It wrrks. Existing inplementations are already successfully using
t he approach.

0 No Ofer/Answer when addi ng/renoving streanms. | nproves
flexibility for applications allowing themto only signa
information that they really need to.

0 No added glare risk. Inproves scalability and reliability.
0 No need to pre-announce SSRCs. Inproves scalability.

o0 Allows apps to choose fine-tuned signalling: Custom XCON
RFCA575, WebRTC JavaScript, CLUE channels, or even Plan A and Pl an
B

Conbi ned, the above set of characteristics allow for a nmulti-stream
managenent nethod that gives scalability, flexibility and
reliability.

3. Additional Session Control and Signalling
0 Adding and renoving RTP streans to an existing session
0 Accepting and refusing sonme of them

o ldentifying SSRCs and obtai ning additional netadata for them (e.g.
the user corresponding to a specific SSRC).

0 Requesting that additional SSRCs be added.
0 Requesting that specific processing be applied on some SSRCs.

Support for any subset of the above semantics is highly dependent on
the use cases and applications where they are enployed. The position
of this specification is that they should therefore be left to
protocol s that target nore specific scenarios. There are numerous
exi sting or emerging solutions, some of them devel oped by the | ETF,
that already cover this. This includes CLUE channels [CLUE], the SIP
Event Package For Conference State [RFC4575] and its XMPP vari ant
[CON, as well as the protocols defined within the Centralised
Conferencing | ETF working group [ XCON]. Additional nechanisns are
very likely to emerge in the future as various applications address
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specific use cases, scenarios and topol ogies. Exanples for this
could be WbRTC JavaScri pt applications using proprietary JSON
descriptors, XMPP clients with new XM. schemas and many ot hers.

The nost inportant part of this specification is hence to prevent
certain assunptions or topol ogies frombeing i nposed on applications.
One exanple of this is the need to know and include in the Ofer/
Answer exchange, all the SSRCs that can show up in a session. This
can be particularly problematic for scenarios that involve endpoints
with varying constraints.

Large scale conference calls, potentially federated through RTP
translator-1ike bridges, would be another problenmatic scenario.

Bei ng able to al ways pre-announce SSRCs in such situations could of
course be made to work but it would cone at a price. It would either
require a very high nunber of O fer/Answer updates that propagate the
i nformati on through the entire topol ogy, or use of tricks such as
pre-allocating a range of "fake" SSRCs, announcing themto
participants and then overwiting the actual SSRCs with them
Dependi ng on the scenario both options could prove inappropriate or
inefficient while sone applications may not even need such
information. Qhers could be retrieving it through sinplistic neans
such as access to a centralized resource (e.g. an URL pointing to a
JSON description of the conference).

4. Denultiplexing and lIdentifying Streans (Use of Bundl e)

For reasons of optim sing traversal of Network Address Transl ation
(NAT) gateways, it is likely for endpoints to use [BUNDLE]. This
inmplies that all RTP streanms would in nany cases end up being
received on the same port. A denuxing nechanismis therefore
necessary in order for these packets to then be fed into the
appropriate processing chain (i.e. matched to an "n¥" line).
Note: it is inportant to distinguish between the denultipl exing
and the identification of incomng flows. Throughout this
specification the former is used to refer to the process of
choosi ng sel ecting a depacketi zi ng/ decodi ng/ processing chain to
feed i ncom ng packets to. Such decisions depend solely on the
format that is used to encode the content of incom ng packets.
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5.

The above is not to be confused with the process of naking
renderi ng deci sion about a processed flow. Such decisions include
showi ng a "current speaker” flow at a specific |ocation, w ndow or
video tag, while choosing a different one for a second, "slides"
flow. Another exanple would be the possibility to attach "Alice",
"Bob" and "Carol" |abels on top of the appropriate U conponents.
This specification | eaves such rendering choices entirely to
application-specific signalling as described in Section 3.

This specification uses denuxi ng based on RTP payl oad types. Wen
creating offers and answers applications MIST therefore allocate RTP

payl oad types only once per bundle group. |In cases where rtcp-mux is
in use this would nmean a maxi mum of 96 payl oad types per bundle
[ RFC5761]. It has been pointed out that sone | egacy devices may have

unpr edi ct abl e behavi our with payl oad types that are outside the

96- 127 range reserved by [RFC3551] for dynanmic use. Sone
applications or inplenentations may therefore choose not to use

val ues outside this range. Watever the reason, offerers that find
they need nore than the avail abl e payl oad type nunbers, will sinply
need to either use a second bundl e group or not use BUNDLE at al
(which in the case of a single audio and a single video "n¥" line
anounts to roughly the sane thing). This would also inply building a
dynanic table, mapping SSRCs to PTs and n¥ lines, in order to then

al so allow for RTCP denuxing

Wil e not desirable, the inplications of such a decision would be
relatively limted. Use of trickle ICE [TRICKLE-ICE] is going to

| essen the inpact on call establishment latency. Also, the fact that
this would only occur in a limted nunber of cases mamkes it unlikely
to have a significant effect on port consunption.

An additional requirenent that has been expressed toward denmuxing is
the ability to assign incom ng packets with the sane payload type to
di fferent processing chains depending on their SSRCs. A possible
exanple for this is a scenario where two video streans are being
rendered on different video screens that each have their own decoding
har dwar e

Wil e the above may appear as a denuxing and a decodi ng rel ated
problemit is really nostly a rendering policy specific to an
application. As such it should be handl ed by app. specific
signalling that could involve customformatted, per-SSRC information
that acconpani es SDP offers and answers.

Si nul casting, FEC, Layering and RTX (Open |ssue)
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6

Repair flows such as layering, FEC, RTX and to sone extent
simul casting, present an interesting challenge, which is why they are
consi dered an open issue by this specification.

On the one hand they are transport utilities that need to be
under st ood, supported and used by the level of the nedia libraries in
a way that is nostly transparent to applications. On the other, some
applications may need to be made aware of them and given the option
to control their use. This could be necessary in cases where their
use needs to be signalled to endpoints through application-specific
non- SDP nmechani sns. Another exanple is the possibility for an
application to choose to disable sone or all repair flows because it
has been made aware by application-specific signalling that they are
tenmporarily not being used/rendered by the renpte end (e.g. because
it is only displaying a thunbnail or because a correspondi ng vi deo
tag is not currently visible).

One way of handling such flows would be to advertise themin the way
suggested by [ RFC5956] and to then control themthrough application
specific signalling. This options has the nerit of already existing
but it also inplies the pre-announcenent and propagati on of SSRCs and
the bloated signalling that this incurs. Al so, relying solely on

O fer/ Answer here woul d expose an offerer to the typical race
condition of repair SSRCs arriving before the answer and the
processing anbiguity that this would inply.

Anot her approach could be a conbination of RTCP and RTP header
extensions [RFC5285] in a way simlar to the one enployed by the
Rapi d Synchroni sation of RTP Flows [RFC6051]. While such a nechani sm
is not currently defined by the | ETF, specifying it could be
relatively straightforward:

Every packet belonging to a repair flow could carry an RTP header
ext ensi on [ RFC5285] that points to the source stream (or source | ayer
in case of |ayered nechani sns).

Again, these are just sone possibilities. Different nechani sns nay

and probably will require different extensions or signalling

([ SRCNAME] will likely be an option for sone). In sonme cases, where
| ayering information is provided by the codec, an extensions is not

going to be necessary at all

In cases where FEC or sinulcast relations are not i mediately needed
by the recipient, this information could al so be delayed until the
reception of the first RTCP packet.

Problens with Plans A and B
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As already nentioned both Plans A and B heavily rely on SDP and O fer
[ Answer for advanced streamcontrol. They both require O fer/Answer
exchanges in a nunber of situations where this could be avoided,
particul arly when adding or renoving nedia sources to a session

This requirenent applies equally to cases where a client adds the
streamof a newy activated web cam a sinmulcast flow or upon the
arrival or departure of a conference participant.

Pl an A handl es such notifications with the addition or renoval of

i ndependent n= lines [PlanA], while Plan B relies on the use of

mul tiplexed nm= |ines but still depends on the O fer/Answer exchanges
for the addition or renoval of nedia streamidentifiers [MSID).

By taking the O fer/Answer approach, both Plan A and Pl an B take away
fromthe application the opportunity to handl e such events in a way
that is nost fitting for the use case, which, anong ot her things,

al so goes against the working group’s decision to not to define a
specific signalling protocol. (It could be argued that it is
therefore only natural how proponents of each plan, having different
use cases in mnd, are remarkably far fromreachi ng consensus).

Rel i ance on prelimnary announcenent of SSRC identifiers is another
issue. Wiile this could be perceived as relatively straightforward
in one-to-one sessions or even conference calls within controlled
environnments, it can be a problemin the follow ng cases:

0 interoperability with | egacy endpoints

0 use within non-controlled and potentially federated conference
environnments where new RTP streans nay appear relatively often
In such cases the signalling required to describe all of them
through O fer/Answer may represent substantial overhead while none
or only a part of it (e.g. the description of a main, active
speaker stream) may be required by the application

By increasing the nunber of O fer/Answer exchanges Both Plan A and
Plan B also increase the risk of encountering glare situations (i.e.
cases where both parties attenpt to nodify a session at the same
time). While glare is also possible with basic Ofer/Answer and
resol ution of such situations nust be inplenented anyway, the need to
frequently resort to such code nmay either negatively inpact user
experience (e.g. when "back of f" resolution is used) or require
substantial nodifications in the O fer/Answer nodel and/or further
venturing into the land of signalling protocols

[ ROACH GLARELESS- ADD] .

| ANA Consi der ati ons
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