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Recap the current Proposal

● The deck should quickly remind the WG that the current active text is revision 03 
and that it was presented during the AVTCORE interim.

Close review loop

● Summarize what was already addressed after IETF 124, then separate the new 
adoption-call feedback from Philipp Hancke.

Ask for direction

● Use the presentation to confirm whether the WG prefers documenting multiopus 
as deployed, or shifting toward opus/48000/{2,6,8}.
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Purpose of this presentation
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What is Multi-Opus 

● Extension of the Opus codec to support multiple 
streams in a single RTP session

● Designed for advanced audio scenarios:
○ Multi-channel video transmission for the 

video conferencing or Cloud gaming - link
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Recap of the idea
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Why It Matters

● 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/ 

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/
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Current Situation - Multi channel audio rejection 

MID SDP: Before createAnswer SDP: After createAnswer Changes

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

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

Rejected /
disabled  

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

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

Accepted, but 
H265 removed

2 application, port 47998, data channel application, port 9, data channel Accepted  

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

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

Accepted, 
direction flipped
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By adopting the proposed idea, we can remove the unnecessary recovering steps.

→ 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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6

● Mapping families and semantics
○ Mapping families describe semantic interpretation of decoded channels, not RTP 

payload format 
○ Normatively specifies mapping family 1 for channel-based speaker layouts 
○ Extensibility text for additional mapping families 
○ Unsupported mapping-family behavior in O/A 
○ Explicit parameter bounds and limits

● Scope and WG alignment
○ Explicitly clarifies RTP/SDP signaling only 
○ No new Opus codec behavior 
○ Acknowledges MLCODEC WG work 
○ Future Opus codec extensions may reuse the signaling framework without RTP 

payload changes
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7

● Support received
○ Erik Språng and Hyunsik Yang replied: “I support 

adoption of this draft.” 
● Main objection to address

○ Philipp Hancke did not support adoption and raised 
architectural concerns around “multiopus” as a 
deployed implementation artifact, plus IANA/W3C 
impact.
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The draft should explicitly acknowledge the historical/libWebRTC origin 
of the “multiopus” approach rather than only linking the old CL. 

● He argues the more consistent approach would be to specify opus/48000/6 
and opus/48000/8 with parameters and negotiate them alongside 
opus/48000/2.

● He points to W3C setCodecPreferences as a way for applications to express 
preference among the 2, 6, and 8 channel alternatives. 

● He notes that multiopus requires IANA registration of a new MIME/media 
subtype and may create additional W3C surface area such as webrtc- 
encoded-transform MIME type exposure.
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Current Proposal: multiopus opus/48000/{2,6,8}

Architectural 
fit

Pragmatic/deployed behavior; 
separate subtype

Cleaner model using Opus with 
explicit channel count

Interop 
motivation

Reflects existing deployment 
experience

May require implementation 
alignment where current stacks 
fail/downgrade

IANA/W3C 
impact

New media subtype and related 
surface-area updates

Likely less new subtype surface area

Draft path Clarify history, trade-offs, IANA, 
alternatives

Potentially larger rewrite of syntax 
and examples



RTP/SDP for Opus Multistream
Questions for AVTCORE

10

● Direction
○ Should the draft standardize the deployed multiopus signaling, or 

should the draft pivot to explicit opus/48000/N channel-count 
signaling?

● Adoption path
○ If the direction remains multiopus, are the proposed clarifications 

sufficient to proceed toward adoption?
● IANA/W3C coordination

○ Does the WG want the IANA and W3C impacts to be handled 
directly in the next revision text?

● Revision timing
○ Should a targeted revision be submitted before adoption 

resolution, or after WG direction is confirmed?
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Next Step

● Any questions or feedbacks?
● Contributions on github are welcome

○ https://github.com/xingri/multi-opus 

https://github.com/xingri/multi-opus

