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1. Introduction
At the SA4#127bis-e meeting the ATIAS-1 Pdoc was updated in [1]. This Pdoc includes some provisional bitrates for IVAS codec operation. For instance:
· Clause 2.2.2:
The EVS-Interop mono mode of IVAS should be tested according to 3GPP TS 3GPP TS 26.131 [9] and TS 26.132 [10] with a bitrate of [tbd] kbit/s.
· Clauses 4.1.2.3, 4.2.2.3, 4.3.2.2; 4.4.3, 4.6.2:
The codec shall be operated with metadata-assisted spatial audio input format at [512] kbit/s.
· Clauses 4.3.2.1, 4.4
The codec shall be operated with scene-based input format at [512] kbit/s.
· Clause 4.5.3:
The codec shall be operated with scene-based audio or metadata-assisted spatial audio input format at [FFS] kbit/s.
· Clause 4.10.3:
If necessary, the UE is configured for IVAS encoding in stereo mode at [TBD] kbit/s.
· Clause 5.2.4, 5.3.4, 5.4.4:
The codec shall be operated with object-based input format at [512] kbit/s.
· Clause 5.5.4:
The codec shall be operated with a channel-based input format at [512] kbit/s.

In the present Tdoc we propose to set the bitrate of IVAS to ensure that testing is possible with future IVAS compatible devices.

2. Proposal
EVS has been developed covering a bitrate range ranging from 5.9 (VBR) to 128 kbit/s (depending on bandwidth). In practice, even today, the bitrate is clamped to 24.4 kbit/s in all observed commercial device implementations (smartphones).  Therefore, we propose for the so-called ‘EVS-Interop mono mode of IVAS’ (see clause 2.2.2 in [1]) to keep the current default bitrate of EVS in TS 26.131, i.e. bitrate of 24.4 kbit/s.

For IVAS (non-mono cases) it may be premature to define the actual bitrate that would be always supported by commercial devices. The highest rate of 512 kbit/s (let alone split rendering) would be a good choice to focus testing on the audio frontend with less influence from the codec, however it is very likely, based on the EVS experience, that testing would not be possible at all with future IVAS compatible devices. 
SA4 could have a verification task to check the influence of codec bitrate on the different ATIAS test cases. Such results have been made partially available for some cases (e.g., MASA), this could be consolidated to get an informed decision.
In any case ATIAS should cover both conversational services based on MTSI / telepresence and non-conversational services (see WID in [2]). Therefore:
· For conversational services, the preference of the Source would be to set a provisional bitrate that will be more representative of actual IVAS operation. One option could be to define a range such as [24.4, 64] kbit/s and add a note to clarify that this is a provisional value and the actual value among those in this interval needs to be confirmed later.
· For non-conversational services, a similar approach could be used, potentially with a extended range [24.4, 512] kbit/s.

NOTE: Coded bandwidth is not discussed here, however it may be important to address this in ATIAS. One may assume a default bandwidth (e.g., fullband) or allow to specify the actual bandwidth to be tested, recalling the the bandwidth aspect is well defined in TS 26.132 (with separate clauses for NB, WB, SWB, FB).
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