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RTP/SDP for Opus Multistream

Recap of the idea

What is Multi-Opus

Extension of the Opus codec to support multiple
streams in a single RTP session
Designed for advanced audio scenarios:
o Multi-channel video transmission for the
video conferencing or Cloud gaming - link

Why It Matters

Multi-Opus
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Requires overhead compared to multiple independent Opus Streams
Enables synchronized playback for complex audio layouts
https://www.cnet.com/tech/gaming/geforce-now-adds-surround-sound-to-cloud-gaming/
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https://nvidia.custhelp.com/app/answers/detail/a_id/5391/~/how-do-i-set-up-multi-channel-surround-audio-%285.1-or-7.1%29-on-geforce-now%3F
https://www.cnet.com/tech/gaming/geforce-now-adds-surround-sound-to-cloud-gaming/

RTP/SDP for Opus Multistream

Recap: Summary of the proposal
Goal

Standardize SDP signaling for
multichannel Opus to replace
non-standard “multiopus” usage

Key Elements

SDP Syntax:

multiopus/<clock-rate>/<channel-count>

fmtp Parameters

@)
O
(@)

num_streams: total opus streams
coupled_streams: Stereo(Coupled)
channel_mapping: Mapping RTP
channels to speaker positions

Examples (5.1 Ch Audio)

e a=rtpmap:111 multiopus/48000/6

e a=fmtp:111
num_streams=4;coupled_streams=2;ch
annel_mapping=0,4,1,2,5

Offer/Answer Procedures

e Offer MAY include multiopus payload
types and stereo fallback

e Answer MUST select supported
configuration or fallback to stereo



RTP/SDP for Opus Multistream

Rationale for Standardization
Current Situation - Implementation details

e Deployed systems(e.g. libwebrtc uses non-standard SDP encoding “multiopus”)
o [libWebRTC] Multi-channel audio support in WebRTC
m Chromium Binding for Audio Codec: Set Multi Opus as not advertised.

€ Henrik B. (000 p... PS 3| May 13,2019 7:31 AM A

The use of this feature requires modifying SDP. | assume even local SDP (this is non-standard but is used to
control features)? Why are we not advertising it by default? Is the format non-standard too, or are we
experimenting?

@Alex Loiko PS 3| May 13,2019 7:35 AM A
Patch Set 3:

The use of this feature requires modifying SDP. | assume even local SDP (this is non-standard but is used to
control features)? Why are we not advertising it by default? Is the format non-standard too, or are we
experimenting?

Yes, the format is not standardized. We've been in touch with some ppl involved in standardization, and the
suggestion was to do it this way.

€ Henrik B. (000 p... (RGN Ad PS 3| May 13,2019 7:47 AM ~

Can you follow up on standardization of multistream opus? Long-term we shouldn't require local SDP munging
to enable features and we shouldn't have Chrome-only features



https://webrtc-review.googlesource.com/c/src/+/129768
https://issues.webrtc.org/issues/42233792
https://chromium-review.googlesource.com/c/chromium/src/+/1609782

RTP/SDP for Opus Multistream

Rationale for Standardization
Current Situation - Multi channel audio rejection

a) Server send an offer with multi channel opus
b) Browser client after receiving the offer
1) setRemoteDescription(offer): stores and validates the remote offer
2) createAnswer()
. intersects remote codecs with local capabilities
: unsupported-only m-sections may be rejected
3) setLocalDescription(answer)

: multi channel audio codec gets removed
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Rationale for Standardization

Current Situation - Multi channel audio rejection

MID SDP: Before createAnswer

0 audio, port 47998, sendonly,
multiopus/48000/6, RED,
msid:second_stream_id audio

1 video, port 47998, sendonly, H264 +
H265 + RTX + FlexFEC

2 application, port 47998, data channel

3 audio, port 47998, recvonly,
opus/48000/2, msid:third_stream_id
mic

SDP: After createAnswer

audio, port 0, fmt O, recvonly, no
codec details

video, port 9, recvonly, H264 +
RTX + FlexFEC

application, port 9, data channel

audio, port 9, sendonly,
opus/48000/2, generated msi and
SSRC

Changes

Rejected /
disabled

Accepted, but
H265 removed

Accepted

Accepted,
direction flipped
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Rationale for Standardization
Current Situation - Workaround for Multi channel audio support (SDP Munging)

a) Server send an offer with multi channel opus
b) Browser client after receiving the offer
1) setRemoteDescription(offer): stores and validates the remote offer
2) createAnswer()
. intersects remote codecs with local capabilities
: unsupported-only m-sections may be rejected
: recovers removed multi channel audio information when rejected (SDP Munging)
3) setLocalDescription(answer)

- multi channel audio codec can be utilized
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Summary of the proposal

o Standard RTP/SDP signaling
e Defined Offer/Answer rules
e No codec changes
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IETF 124 Feedback

e Clarified mapping semantics
e Defined scope
o Improved Offer/Answer clarity



RTP/SDP for Opus Multistream

IETF 124 Feedback

Clarified mapping semantics

o Semantic interpretation only
o Mapping family 1 defined
Defined scope

Improved Offer/Answer clarity
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6.1.3. Mapping Families and Extensibility

Channel mapping families define the semantic interpretation of
decoded output channels and do not affect the RTP payload format
beyond establishing the number of streams and output channels.

This document normatively specifies SDP signaling for mapping family
1 (channel-based speaker layouts) as defined in [RFC7845]. The SDP
signaling mechanism is designed to be extensible to additional
mapping families (e.g., Ambisonics or externally defined mappings)
without changes to the RTP payload format.

An endpoint that receives an offer specifying a mapping family it
does not support MUST reject that payload type during Offer/Answer
negotiation.
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IETF 124 Feedback

Clarified mapping semantics
Defined scope

o Signaling only

o Aligned with MLCODEC WG
Improved Offer/Answer clarity
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This document is limited to RTP/SDP signaling for Opus multistream
configurations already defined in [RFC6716], [RFC7587], and
[RFC7845]. It does not define new Opus codec features, bitstream
formats, or decoding behavior.

The MLCODEC Working Group is defining extensions to the Opus codec
that may introduce new codec capabilities. Such extensions are out
of scope for this document. Future Opus codec extensions may reuse
the SDP signaling framework defined here, subject to the constraints
of the extension specification.




RTP/SDP for Opus Multistream

IETF 124 Feedback

e Clarified mapping semantics
e Defined scope
o Improved Offer/Answer clarity
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Next Step

e Any questions or feedbacks?
e Contributions on github are welcome
o https://github.com/xingri/multi-opus
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https://github.com/xingri/multi-opus

