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1. Introduction

Most of today’s multiparty video conference sol uti ons make use of
centralized servers to reduce the bandwi dth and CPU consunption in
the endpoints. Those servers receive RTP streans from each

partici pant and send sone suitable set of possibly nodified RTP
streanms to the rest of the participants, which usually have

het er ogeneous capabilities (screen size, CPU, bandw dth, codec, etc).
One of the biggest issues is howto perform RTP stream adaptation to
different participants’ constraints with the m ni nrum possi bl e i npact
on both video quality and server perfornmance

Simulcast is defined in this meno as the act of sinultaneously
sending multiple different encoded streans of the sanme media source,
e.g. the sane video source encoded with different video encoder types
or inmage resolutions. This can be done in several ways and for

di fferent purposes. This docunent focuses on the case where it is
desirable to provide a nmedia source as nultiple encoded streans over
RTP [ RFC3550] towards an internediary so that the internediary can
provi de the wanted functionality by selecting which RTP streamto
forward to other participants in the session, and nore specifically
how the identification and grouping of the involved RTP streans are
done. From an RTP perspective, simulcast is a specific application
of the aspects discussed in RTP Multiplexing Cuidelines
[I-D.ietf-avtcore-mnultiplex-guidelines].

The purpose of this docunent is to describe a few scenarios where it
is notivated to use sinmulcast, and propose a suitable solution for
SDP signaling and perforning RTP simul cast.

2. Definitions
2.1. Term nol ogy

Thi s docunment nakes use of the term nol ogy defined in RTP Taxonony
[1-D.ietf-avtext-rtp-groupi ng-taxonony], RTP Topol ogy [ RFC5117] and
RTP Topol ogi es Update [I-D.ietf-avtcore-rtp-topol ogi es-update]. In
addition, the following terns are used:

RTP M xer: An RTP mddl e node, defined in [RFC5117] (Section 3.4:
Topo-M xer), further el aborated and extended wi th other topol ogies
in[l-Dietf-avtcore-rtp-topol ogi es-update] (Section 3.6 to 3.9).

RTP Switch: A common short termfor the terns "switching RTP m xer",

"source projecting mddl ebox", and "video sw tching MCU' as
discussed in [I-D.ietf-avtcore-rtp-topol ogi es-update].
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Si mul cast version: One encoded streamfromthe set of encoded
streans that constitutes the simulcast for a single nmedia source

Si nul cast version alternative: One encoded stream being encoded in
one of possibly multiple alternative ways to create a sinul cast
versi on.

2.2. Requirements Language

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

3. Use Cases

Many use cases of sinulcast as described in this docunent relate to a
mul ti-party comuni cation session where one or nore central nodes are
used to adapt the view of the comunication session towards

i ndi vidual participants, and facilitate the nmedia transport between
participants. Thus, these cases targets the RTP M xer type of

t opol ogy.

There are two principle approaches for an RTP M xer to provide this
adapted vi ew of the conmunication session to each receiving
partici pant:

0o Transcodi ng (decodi ng and re-encodi ng) received RTP streanms with
characteristics adapted to each receiving participant. This often
i nclude m xing or conposition of nedia sources fromnultiple
participants into a nmixed nedia source originated by the RTP
M xer. The main advantage of this approach is that it achieves
close to optinmal adaptation to individual receiving participants.
The mai n di sadvantages are that it can be very conputationally
expensive to the RTP M xer and typically al so degrades nedi a
Quality of Experience (QE) such as end-to-end delay for the
recei ving participants.

0 Switching a subset of all received RTP streans or sub-streans to
each receiving participant, where the used subset is typically
specific to each receiving participant. The main advantages of
this approach are that it is conputationally cheap to the RTP
M xer and it has very limted inpact on nmedia QQE. The nmin
di sadvantage is that it can be difficult to conbine a subset of
received RTP streans into a perfect fit to the resource situation
of a receiving participant.
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The use of sinmulcast relates to the latter approach, where it is nore
important to reduce the load on the RTP M xer and/or mininize QOE
i npact than to achieve an optimal adaptation of resource usage.

A mul ticast/broadcast case where the receivers thensel ves selects the
nost appropriate simulcast version and tune in to the right nedia
transport to receive that version is also considered (Section 3.3)
Thi s enabl es | arge, heterogeneous receiver popul ations, when it cones
to capabilities and the use of network path bandw dth resources.

3.1. Reaching a Diverse Set of Receivers

The medi a sources provided by a sending participant potentially need
to reach several receiving participants that differ in terns of
avai |l abl e resources. The receiver resources that typically differ
include, but are not linited to:

Codec: This includes codec type (such as SDP M ME type) and can
i ncl ude codec configuration options (e.g. SDP frmtp paraneters).
A coupl e of codec resources that differ only in codec
configuration will be "different” if they are sonehow not
"conpatible", like if they differ in video codec profile, or the
transport packetization configuration

Sanpling: This relates to how the nmedia source is sanpled, in
spatial as well as in tenporal domain. For video streans, spatia
sampling affects image resolution and tenporal sampling affects
video frame rate. For audio, spatial sanpling relates to the
nunber of audi o channels and tenporal sanpling affects audio
bandwi dth. This may be used to suit different rendering
capabilities or needs at the receiving endpoints, as well as a
met hod to achieve different transport capabilities, bitrates and
eventually QoE by controlling the anpbunt of source data.

Bitrate: This relates to the anount of bits spent per second to
transmt the nedia source as an RTP stream which typically al so
affects the Quality of Experience (QE) for the receiving user.

Letting the sending participant create a sinmulcast of a few
differently configured RTP streans per nedia source can be a good
tradeof f when using an RTP switch as m ddl ebox, instead of sending a
single RTP stream and using an RTP mixer to create individua
transcodi ngs to each receiving participant.

This requires that the receiving participants can be categorized in
terns of avail able resources and that the sending participant can
choose a matching configuration for a single RTP stream per category
and nedi a source.
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For exanple, assunme for sinplicity a set of receiving participants
that differ only in that sone have support to receive Codec A and
the ot hers have support to receive Codec B. Further assune that the
sendi ng participant can send both Codec A and B. It can then reach
all receivers by creating two sinulcasted RTP streans from each nedi a
source; one for Codec A and one for Codec B

In another sinple exanple, a set of receiving participants differ
only in screen resolution; sone are able to display video with at
nost 360p resol ution and sone support 720p resolution. A sending
participant can then reach all receivers by creating a sinulcast of
RTP streams with 360p and 720p resol ution for each sent video nedia
source.

In nore el aborate cases, the receiving participants differ both in
avai l abl e sanpling and bitrate, and nmaybe al so codec, and it is up to
the RTP switch to find a good trade-off in which sinulcasted stream
to choose for each intended receiver. It is also the responsibility
of the RTP switch to negotiate a good fit of simulcast streams with
the sending partici pant.

The maxi mum nunber of sinmulcasted RTP streans that can be sent is
mainly limted by the anount of processing and uplink network
resources available to the sending participant.

3.2. Application Specific Media Source Handling

The application logic that controls the comruni cati on session nay

i ncl ude special handling of sone nedia sources. It is for exanple
comonly the case that the nedia froma sending participant is not
sent back to itself.

It is also conmon that a currently active speaker participant is
shown in larger size or higher quality than other participants (the
sanpling or bitrate aspects of Section 3.1). Not sending the active
speaker nedia back to itself means there is sonme other participant’s
nmedi a that instead has to receive special handling towards the active
speaker; typically the previous active speaker. This way, the
previously active speaker is needed both in larger size (to current
active speaker) and in small size (to the rest of the participants),
whi ch can be solved with a sinulcast fromthe previously active
speaker to the RTP switch.

3.3. Receiver Adaptation in Milticast/Broadcast

When using broadcast or nulticast technology to distribute real-tine
medi a streans to |arge popul ations of receivers, there can still be
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significant heterogeneity anong the receiver population. This can
depend on several factors:

Net wor k Bandwi dt h: The network paths to individual receivers will
have variations in the bandwi dth, thus putting different Iinmts on
the supported bit-rates that can be received.

Endpoi nt Capabilities: The end point’s hardware and software can
have varying capabilities in relation to screen resolution
decodi ng capabilities, and supported nedi a codecs.

To handl e these variations, a transmtter of real-tine nedia nmay want
to apply sinulcast to a nedia source and provide it as a set of

di fferent encoded streams, enabling the receivers to select the best
fit fromthis set thenselves. The end point capabilities wll
usually result in a single initial choice. However, the network
bandwi dth can vary over time, which requires a client to continuously
monitor its reception to determine if the received RTP streans stil

fit within the available bandwidth. |f not, another set of encoded
streans fromthe ones offered in the sinmulcast will have to be
chosen.

When using IP nulticast, the level of granularity that the receiver
can select fromis decided by its ability to choose different
mul ti cast addresses. Thus, different simnulcast versions need to be
put on different nedia transports using different multicast

addresses. If these simulcast versions are described using SDP, they
need to be part of different SDP nedia descriptions, as SDP binds to
transport on nedi a description |evel

3.4. Receiver Media Source Preferences
The application logic that controls the conmuni cati on session may
all ow receiving participants to apply preferences to the
characteristics of the RTP streamthey receive, for exanple in terns
of the aspects listed in Section 3.1. Sending a sinulcast of RTP
streans is one way of accomodating receivers with conflicting or
ot herw se inconpatible preferences.

4. Requirenents

The followi ng requirenents need to be nmet to support the use cases in
previ ous sections:

REQ 1: ldentification. It nust be possible to identify a set of
simul casted RTP streans as originating fromthe sane nedia source

REQ 1.1: |In SDP signaling.
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REQ 1.2: On RTP/ RTCP |evel.
REQ 2: Transport usage. The solution nust work when using:

REQ 2.1: Legacy SDP with separate nedia transports per SDP nedia
description.

REQ 2. 2: Bundl ed SDP nedi a descriptions.

REQ 3: Capability negotiation. It nust be possible that:
REQ 3. 1: Sender can express capability of sending simnulcast.
REQ 3. 2: Receiver can express capability of receiving sinulcast.

REQ 3. 3: Sender can express naxi mum nunber of sinulcast versions
that can be provided.

REQ 3.4: Receiver can express maxi mum nunber of sinul cast
versions that can be received.

REQ 3.5: Sender can detail the characteristics of the sinulcast
versi ons that can be provided.

REQ 3.6: Receiver can detail the characteristics of the simulcast
versions that it prefers to receive.

REQ-4: Distinguishing features. |1t nust be possible to have
di fferent sinulcast versions use different codec paraneters, as
can be expressed by SDP format val ues and RTP payl oad types.

REQ-5: Conpatibility. 1t must be possible to use sinulcast in
combi nation with other RTP nechanisns that generate additional RTP
streans:

REQ 5.1: RTP Retransnission [ RFC4588].
REQ- 5.2: RTP Forward Error Correction [ RFC5109].

REQ 5. 3: Related payload types such as audi o Confort Noise and/or

DTMF.
REQ-6: Interoperability. The solution nmust be possible to use in:
REQ-6.1: Interworking with non-sinulcast |egacy clients using a

singl e nmedi a source per nedia type.
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REQ 6. 2: WDbRTC "Unified Plan" environnent with a single nmedia
source per SDP nedi a description

5. Proposed Sol ution Overview

The proposed sol ution consists of signaling simulcast capability and
configurations in SDP [ RFC4566] :

o An offer or answer can contain a nunber of sinulcast versions,
separate for send and receive directions.

0o An offer or answer can contain nmultiple, alternative sinmulcast
versions in the same fashion as nultiple, alternative codecs can
be offered in a nmedi a description.

0 Currently, a single nmedia source per SDP nedia description is
assumed, which makes the solution work in an Unified Pl an
[1-D. roach-nmusic-unified-plan] context (although different from
what is currently defined there), both with and w t hout BUNDLE

gr oupi ng.

0 The codec configuration for each sinulcast version is expressed in
terns of existing SDP formats (and typically RTP payl oad types).
Sone codecs may rely on codec configuration based on genera
attributes that apply for all formats within a nmedi a description,
and which could thus not be used to separate different simulcast
versions. This neno nmakes no attenpt to address such
shortcom ngs, but if needed instead encourages that a separate,
general nechanismis defined for that purpose.

o It is possible, but not required to use source-specific signaling
[ RFC5576] with the proposed sol ution

6. Proposed Sol ution

This section further details the signaling solution outlined above
(Section 5).

6.1. Simulcast Capability

Si nul cast capability is expressed as a new nedia | evel SDP attribute,
"a=simul cast". For each desired direction (send/recv/sendrecv), the
simul cast attribute defines a list of sinulcast versions (separated
by sem col ons), each of which is a list of alternative RTP payl oad
types (separated by commas) for that sinulcast version. The neaning
of the attribute on SDP session |level is undefined and MUST NOT be
used. There MJST be at nobst one "a=sinulcast" attribute per nedia
description. The ABNF [ RFC5234] for this attribute is:
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simul cast-attribute "a=simul cast" 1*3( WBP sc-dir-list )

sc-dir-list = sc-dir WBP sc-fnt-list *( ";" sc-fmt-list )
sc-dir = "send" / "recv" |/ "sendrecv"

sc-fnt-list =sc-fm *( "," sc-fnt )

sc-fmt =fm

; WBP defined in [ RFC5234]
; fmt defined in [ RFC4566]

Figure 1: ABNF for Sinulcast

There are separate and i ndependent sets of paranmeters for sinmulcast
in send and receive directions. Wen listing nultiple directions,
each direction MJUST NOT occur nore than once.

Attribute paranmeters are grouped by direction and consist of a
listing of SDP format tokens (usually corresponding to RTP payl oad
types), which describe the sinulcast versions to be used. The nunber
of (non-alternative, see below) formats in the list sets a linmt to
the nunber of supported sinmulcast versions in that direction. The
order of the listed sinulcast versions in the "send" direction is not
significant. The order of the listed sinulcast versions in the
"recv" direction expresses a preference which sinulcast versions that
are preferred, with the | eftnost being nost preferred, if the nunber
of actually sent simnulcast versions have to be reduced for sone
reason.

Formats that have explicit dependencies [ RFC5583] to other formats
(even in the sane nedia description) MAY be listed as different
si mul cast versions.

Al ternative sinul cast versions MAY be specified as part of the
attribute paraneters by expressing each sinul cast version format as a
comma-separated list of alternative values. |In this case, al

conbi nations of those alternatives MJUST be supported. The order of
the alternatives within a simulcast version is not significant; codec
preference is expressed by format type ordering on the mline, using
regul ar SDP rul es.

A simul cast version can use a codec defined such that the sane RTP
SSRC can change RTP payload type nultiple tines during a session
possi bly even on a per-packet basis. A typical exanple can be a
speech codec that nmakes use of Confort Noise [ RFC3389] and/or DTM
[RFCA733] formats. In those cases, such "related" formats MJUST NOT
be listed explicitly in the attribute parameters, since they are not
strictly sinulcast versions of the nedia source, but rather a
specific way of generating the RTP stream of a single sinulcast
version with varying RTP payl oad type. Instead, only a single codec
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6

6

format MJST be used per sinulcast version or sinulcast version
alternative (if there are such). The codec format SHOULD be the
codec nost relevant to the nedia description, if possible to
identify, for exanple the audio codec rather than the DTMF. What
codec format to choose in the case of switching between nultiple
equally "inportant" formats is left open, but it is assuned that in
the presence of such strong relation it does not matter which is
chosen.

Use of the redundant audi o data [ RFC2198] format could be seen as a
form of sinmulcast for | oss protection purposes, but is not considered
conflicting with the mechani sns described in this neno and MAY

therefore be used as any other format. |In this case the "red"
format, rather than the carried formats, SHOULD be the one to |list as
a sinmul cast version on the "a=sinulcast" |ine.

Editor’s note: Consider adding the possibility to put an RTP
streamin "paused" state [I-D.ietf-avtext-rtp-stream pause] from
t he begi nning of the session, possibly starting it at a later
point in time by applying RTP/RTCP | evel procedures fromthat
speci fication.

1.1. Declarative Use

When used as a declarative nedia description, a=sinulcast "recv"
direction formats indicates the configured end point’s required
capability to recogni ze and receive a specified set of RTP streans as
sinul cast streans. |n the same fashion, a=sinmulcast "send" direction
requests the end point to send a specified set of RTP streans as
sinul cast streams. The "sendrecv" direction combines "send" and
"recv" requirenents, using the same format val ues for both.

If sinulcast version alternatives are listed, it nmeans that the
configured end point MJST be prepared to receive any of the "recv"
formats, and MAY send any of the "send" formats for that simnulcast
versi on.

1.2. Ofer/Answer Use

An offerer wanting to use sinmulcast SHALL include the "a=sinul cast"
attribute in the offer. An offerer that receives an answer without
"a=si mul cast" MJUST NOT use sinmul cast towards the answerer. An

of ferer that receives an answer with "a=simul cast" not listing a
direction or without any formats in a specified direction MIJST NOT
use simulcast in that direction

An answerer that does not understand the concept of sinulcast wll
al so not know the attribute and will renove it in the SDP answer, as
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defined in existing SDP O fer/Answer [RFC3264] procedures. An
answerer that does understand the attribute and that wants to support
simulcast in an indicated direction SHALL reverse directionality of
the unidirectional direction paraneters; "send" becones "recv" and
vice versa, and include it in the answer. |f the offered direction
is "sendrecv", the answerer MAY keep it, but MAY al so change it to
"send" or "recv" to indicate that it is only interested in sinulcast
for a single direction. Note that, like all other use of SDP format
tags for the send direction in Ofer/Answer, format tags related to
the sinulcast send direction in an offer ("send" or "sendrecv") are
pl acehol ders that refer to information in the offer SDP, and the
actual formats that will be used on the wire (including RTP Payl oad
For mat nunbers) depends on information included in the SDP answer.

An offerer listing a set of receive simulcast versions and/or
alternatives in the offer MUST be prepared to receive RTP streans for
any of those sinulcast versions and/or alternatives fromthe
answerer .

An answerer that receives an offer with sinulcast containing an
"a=simul cast" attribute listing alternative formats for sinul cast
versi ons MAY keep all the alternatives in the answer, but it MAY al so
choose to renobve any non-desirable alternatives per sinulcast version
in the answer. The answerer MJST NOT add any alternatives that were
not present in the offer

An answerer that receives an offer with sinulcast that |ists a nunber
of sinmul cast versions, MAY reduce the nunber of sinulcast versions in
t he answer, but MJST NOT add sinmul cast versions.

An offerer that receives an answer where some sinul cast version
alternatives are kept MUST be prepared to receive any of the kept
send direction alternatives, and MAY send any of the kept receive
direction alternatives fromthe answer. This is sinmlar to the case
when the answer includes nultiple formats on the mline.

An offerer that receives an answer where sonme of the sinul cast
versions are renoved MAY rel ease the correspondi ng resources (codec,
transport, etc) in its receive direction and MUST NOT send any RTP
streans corresponding to the renoved sinul cast versions.

The nmedia formats and correspondi ng characteristics of encoded

streanms used in a sinulcast SHOULD be chosen such that they are
different. |If this difference is not required, RTP duplication
[ RFC7104] procedures SHOULD be considered instead of simnulcast.

Bur man, et al. Expires July 24, 2015 [ Page 12]



Internet-Draft Si nul cast January 2015

Note: The inclusion of "a=sinmulcast" or the use of sinulcast does

not change any of the interpretation or O fer/Answer procedures
for other SDP attributes, |ike "a=fntp"

6.2. Relating Sinulcast Versions

As long as there is only a single nedia source per SDP nedia
description, simulcast RTP streams can be related on RTP | eve

t hrough the RTP payl oad type, as specified in the SDP "a=si mul cast”
attribute (Section 6.1) paraneters. Wen using BUNDLE
[1-D.ietf-nmusic-sdp-bundl e-negotiation] to use multiple SDP nedi a
descriptions to specify a single RTP session, there is an
identification nechanismthat allows relating RTP streanms back to

i ndi vi dual nedi a descriptions, after which the above RTP payl oad type
relation can be used.

6.3. Signaling Exanples

These exanples are for a case of client to video conference service
using a centralized nedia topology with an RTP mi xer.

+- - -+ R + +- - -+

| Al<--->] |<---->| B|

+---+ | | +---+
[ M xer [

+---+ | | +---+

| Fl<--->| | <> 3]

+- - -+ R + +- - -+

Figure 2: Four-party M xer-based Conference

6. 3. 1. Unified Plan Cient

Alice is calling in to the mxer with a sinulcast-enabled Unified
Plan client capable of a single nedia source per nedia type. The
client can send a simulcast of 2 video resolutions and frane rates:
HD 1280x720p 30f ps and thunbnail 320x180p 15fps. Alice’'s Ofer:
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v=0

o=al i ce 2362969037 2362969040 IN | P4 192.0. 2. 156

s=Si nul cast Enabled Unified Plan Cient

t=0 0

c=IN I P4 192.0. 2. 156

mraudi o 49200 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

mevi deo 49300 RTP/ AVP 97 98

a=rtpmap: 97 H264/ 90000

a=rt pnmap: 98 H264/ 90000

a=fmp: 97 profile-level-id=42c01f; nax-fs=3600; nax-nbps=108000
a=fntp:98 profile-level-id=42c00b; max-fs=240; nmax- nbps=3600
a=i mageattr: 97 send [x=1280,y=720] recv [x=1280, y=720]

a=i mageattr: 98 send [x=320,y=180] recv [x=320, y=180]
a=si nmul cast send 97;98 recv 97

Figure 3: Unified Plan Sinulcast Ofer

The only thing in the SDP that indicates sinulcast capability is the
line in the video nedia description containing the "sinulcast”
attribute. The included format paraneters indicates that sent

sinul cast versions can differ in video resolution and franerate.

The Answer fromthe server indicates that it too is sinulcast
capable. Should it not have been sinmul cast capable, the
"a=simul cast" |line would not have been present and conmuni cati on
woul d have started with the nedia negotiated in the SDP

v=0

o=server 823479283 1209384938 IN IP4 192.0.2.2

s=Answer to Sinul cast Enabled Unified Plan Cient

t=0 0

c=IN P4 192.0.2.43

mFaudi 0 49672 RTP/ AVP 0

a=rtpmap: 0 PCMJ 8000

mevi deo 49674 RTP/ AVP 97 98

a=rtpmap: 97 H264/ 90000

a=rtpmap: 98 H264/ 90000

a=fm p: 97 profile-level -id=42c01f; nax-fs=3600; nax-nbps=108000
a=fmp: 98 profile-level-id=42c00b; nax-fs=240; nmax- nbps=3600
a=i mageattr: 97 send [x=1280, y=720] recv [x=1280, y=720]

a=i mageattr: 98 send [x=320,y=180] recv [x=320, y=180]
a=si mul cast recv 97;98 send 97

Figure 4: Unified Plan Sinul cast Answer
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Since the server is the sinmulcast nedia receiver, it reverses the
direction of the "simulcast" attri bute.

6.3.2. Milti-Source dient

Fred is calling in to the sane conference as in the exanpl e above
with a two-canera, two-display system thus capable of handling two
separate nedia sources in each direction, where each nedia source is
simul cast-enabled in the send direction. Fred s client is a Unified
Plan client, restricted to a single nedia source per nedia

descri ption.

The first two sinulcast versions for the first media source use

di fferent codecs, H264-SVC [ RFC6190] and H264 [ RFC6184]. These two
si mul cast versions also have a tenporal dependency. Two different
vi deo codecs, VP8 [I-D.ietf-payload-vp8] and H264, are offered as
alternatives for the third simulcast version for the first media
sour ce.

The second nedia source is offered with three different sinulcast
versions. All video streans of this second nedia source are | oss
protected by RTP retransni ssion [ RFC4588].

Fred's client is also using BUNDLE to send all RTP streans from al
nmedi a descriptions in the same RTP session on a single nedia
transport. There are not so nmany RTP payl oad types in this exanple
that there is any risk of running out of payload types, but for the
sake of making an exanple, it is assuned that one of the payl oad
types cannot be kept unique across all nedia descriptions.

Therefore, the SDP nakes use of the nechanism (work in progress) in
BUNDLE that identifies which nedia description an RTP stream bel ongs
to (a new RTCP SDES item and RTP header extension [ RFC5285] type
carrying the a=md value). That identification will nake it possible
to identify unanbi guously also on RTP | evel which nedia source it is
and thus what the related sinulcast versions are, even though two
separate RTP streans in the joint RTP session share RTP payl oad type

v=0

o=fred 238947129 823479223 IN | P4 192.0. 2. 125
s=Offer from Si nul cast Enabled Multi-Source Client
t=0 0

c=INI1P4 192.0.2.125

a=group: BUNDLE foo bar zen

mraudi o 49200 RTP/ AVP 99
a=m d: f oo
a=rtpmap: 99 Gr22/ 8000
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nevi deo 49600 RTP/ AVP 100 101 102 103

a=m d: bar

a=rt pmap: 100 H264- SVC/ 90000

a=rtpnap: 101 H264/ 90000

a=rtprmap: 102 H264/ 90000

a=rt prmap: 103 VP8/ 90000

a=fntp: 100 profile-Ilevel-id=42400d; max-fs=3600; max-mbps=108000; \
nmst - node=Nl - TC

a=fm p: 101 profile-Ilevel-id=42c00d; max-fs=3600; max- nbps=54000

a=fm p: 102 profile-level-id=42c00d; nax-fs=900; nax-nbps=27000

a=fm p: 103 max-fs=900; max-fr=30

a=i mageattr: 100 send [x=1280, y=720] recv [x=1280, y=720]

a=i mageattr: 101 send [x=1280, y=720] recv [x=1280, y=720]

a=i mageattr: 102 send [x=640,y=360] recv [x=640, y=360]

a=i mageattr: 103 send [x=640, y=360] recv [x=640, y=360]

a=depend: 100 | ay bar: 101

a=extmap: 1l urn:ietf:params:rtp-hdrext:sdes: md

a=si mul cast sendrecv 100; 101 send 103, 102

mevi deo 49602 RTP/ AVP 96 103 97 104 105 106
a=m d: zen

a=rt pmap: 96 VP8/ 90000

a=fm p: 96 max-fs=3600; max-fr=30
a=rtprmap: 104 rtx/ 90000

a=fnt p: 104 apt=96;rtx-ti me=200

a=rtpmap: 103 VP8/ 90000

a=fm p: 103 max-fs=900; max-fr=30

a=rt pnmap: 105 rtx/ 90000

a=fm p: 105 apt=103; rtx-ti ne=200

a=rt pmap: 97 VP8/ 90000

a=fmp: 97 max-fs=240; nmax-fr=15
a=rtpmap: 106 rtx/ 90000

a=fm p: 106 apt=97; rtx-ti ne=200

a=extmap: 1 urn:ietf:params:rtp-hdrext:sdes: md
a=si nul cast send 97; 96; 103

Figure 5: Fred’'s Milti-Source Sinulcast Ofer

Note: Enpty lines in the SDP above are added only for readability
and woul d not be present in an actual SDP

7. Network Aspects
Sinmulcast is in this meno defined as the act of sending multiple
alternative encoded streans of the sane underlying nedia source

When transmitting rmultiple i ndependent streanms that originate from
the sane source, it could potentially be done in several different
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ways using RTP. A general discussion on considerations for use of
the different RTP multiplexing alternatives can be found in
Quidelines for Miultiplexing in RTP
[I-D.ietf-avtcore-nultiplex-guidelines]. D scussion and
clarification on how to handle nultiple streans in an RTP session can
be found in [I-D.ietf-avtcore-rtp-multi-streanj.

The network aspects that are relevant for simulcast are:

Quality of Service: Wen using sinulcast it mght be of interest to
prioritize a particular sinulcast version, rather than applying
equal treatnment to all versions. For exanple, lower bit-rate
versions may be prioritized over higher bit-rate versions to
m nim ze congestion or packet losses in the low bit-rate versions.
Thus, there is a benefit to use a sinmulcast solution that supports
QS as good as possible. By separating sinmulcast versions into
di fferent RTP sessions and send those RTP sessions over different
medi a transports, a sinulcast version can be prioritized by
exi sting fl ow based QS nmechani sms. When using uni cast, QS
mechani sms based on individual packet marking are al so feasible,
whi ch do not require separation of sinulcast versions into
different RTP sessions to apply different QS. The proposed
solution can be extended to support this functionality with an
optional md: prefix before the RTP payl oad types of a simul cast
version, to describe simulcast across multiple nmedia descriptions.

NAT/ FW Traversal :  Using nmultiple RTP sessions will incur nore cost
for NAT/FWtraversal unless they can re-use the sane transport
flow, which can be achi eved by either one of nultiplexing nultiple
RTP sessions on a single |lower |ayer transport
[1-D. westerlund-avtcore-transport-multiplexing] or Miltiplexing
Negoti ati on Using SDP Port Nunbers
[1-D.ietf-nmusic-sdp-bundl e-negotiation]. |If flow based QS with
any differentiation is desirable, the cost for additiona
transport flows is |likely necessary.

Multicast: Miltiple RTP sessions will be required to enable
combi ning sinulcast with nulticast. Different sinulcast versions
have to be separated to different nmulticast groups to allow a
mul ticast receiver to pick the version it wants, rather than
receive all of them |In this case, the only reasonable
i mplementation is to use different RTP sessions for each nulticast
group so that reporting and other RTCP functions operate as
i ntended. The proposed solution can be extended to support this
functionality with an optional md: prefix before the RTP payl oad
types of a sinulcast version, to describe sinmulcast across
mul tiple nedia descriptions.
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8.

10.

11.

12.

12.

| ANA Consi derati ons
Thi s docunment requests to register a new attribute, sinulcast.
Formal registrations to be witten.

Security Considerations

The sinul cast capability and configuration attributes and paraneters
are vulnerable to attacks in signaling.

A fal se inclusion of the "a=sinulcast" attribute may result in

si mul t aneous transmi ssion of multiple RTP streanms that woul d
otherw se not be generated. The inpact is limted by the nmedia
description joint bandw dth, shared by all sinulcast versions
irrespective of their nunber. There nmay however be a | arge nunber of
unwant ed RTP streans that will inpact the share of the bandwi dth

all ocated for the originally wanted RTP stream

A hostile renoval of the "a=sinulcast" attribute will result in
si mul cast not bei ng used.

Neit her of the above will |ikely have any najor consequences and can
be mitigated by signaling that is at least integrity and source
aut henticated to prevent an attacker to change it.
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