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Abstract: The paper addresses different aspects around audio mixing when applied in the network for the multi-talker feature.

1. Introduction
First, the following editor's note is addressed:
Editor's note:
Whether each UE requires to receive a different mixed audio, as the own voice should not be part of the mixed stream, is FFS.

The normal behaviour of audio mixing is that the audio stream sent is not part of the received (mixed) audio to avoid annoying echoes to a talking user. For the multi-talker feature, this may imply that for all clients having a granted floor, i.e. the MCPTT user has the right to talk, an individual mixed receiving audio is required when audio mixing is performed by the network.
Second, gap #2 in sub-clausse 4.3.2.3 on multi-talker control is addressed:

3.
Study whether the existing voice codec for MCPTT allows multi-talker audio mixing in the MCPTT server.
How audio mixing is performed in the network is implementation dependent. Audio mixing functions do not mix all received audio into the mixed audio. They need to make a pre-selection, otherwise the mixed audio cannot be listened by human beings. Mixing function are required to check the minimum length of the speech burst, the minimum level of audio quality or the loudness. Very often, mixing functions select only one (e.g. the strongest) audio stream and mute all others, i.e. they do a kind floor control without the need for pressing the floor request bottom by the user. So, when considering the requirement for the voice codec to be able to deliver the mixed audio, the difference to "normal" MCPTT group calls without using the multi-talker feature is less than assumed as the mixing function acts as filter which could also take the used codec (and mode) into account.
2. Reason for Change
An open editor's note needs to be re-solved and a reference needs correction. Gap #2 in sub-clause 4.3.2.3 needs clarification.
3. Conclusions

<Conclusion part (optional)>

4. Proposal

It is proposed to agree the following changes to 3GPP TR 23.790v041.
* * * First Change * * * *

5.2.4.2
Architectural requirements

The media mixing function in the media distribution function (see 3GPP TS 23.379 [3] sub-clause 7.4.2.3.5) is re-used for multi-talker audio mixing in the MCPTT server.

NOTE 1:
Media mixing in the network cannot be used when e2e encryption is required, but e2ae encryption (between the client and the network) is still possible.


Media mixing in the network requires that the feedback of the own voice within the mixed audio is minimal to avoid echoes.
NOTE 2:
It is up to implementation how audio is mixed in the network.
Editor's note:
Whether audio mixing has any implications when using existing voice codecs is FFS.
A multi-talker control server, which relies on extended floor control functionality in the MCPTT server, is used together with an enhanced multi-talker participant in the MCPTT UE.

5.2.4.3
Solution evaluation

The solution relies on existing audio mixing functionality in the MCPTT server and on existing functional entities managing floor control. The solution addresses gap #1 and gap #2 in sub-clause 4.4.3.3; gap #2 in sub-clause 4.3.2.3. The solution relies on using existing voice codes. 
* * * Next Change * * * *

