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At the post SA4#125 Audio SWG telco on Atias, the source presented a proposal on measurements of receive loudness and frequency sensitivity characteristics [1]. It was argued that basic properties such as loudness and frequency response are independent from the actual IVAS rendering block and hence measurements using the EVS interop mode of the IVAS codec would be sufficient.
The contribution received a number of comments, some of them questioning the concept of the proposal. It was argued that at least currently, the routing of the IVAS decoder/renderer output signal to the audio interface of a receiving UE was unknown and also that there are currently no specified protocols for IVAS that would enable such a routing.
In the present contribution, the source would like to address these comments and reiterate the proposal. 
Discussion
The source is of the opinion that ATIAS has the clear task to address audio interface aspects, meaning that audio interface properties especially relevant for immersive audio capture and render will be measured and requirements for such properties will be defined. In contrast, not within the scope is to characterize components of the IVAS codec and renderer, independent of whether they are part of the IVAS standard or proprietary. Hence, for the discussion on receive loudness and frequency sensitivity characteristics it can be assumed that what ever IVAS decoded and rendered immersive audio format is produced on the audio output channels, it will be consistent with all other IVAS decoded and rendered immersive audio formats in terms of loudness and frequency characteristics. ‘Consistent’ means that the output signal is neither significantly amplified nor attenuated relative to the input signal (see IVAS design constraints Pdoc IVAS-4 [2]. Thus, assuming that the input signal level is well defined and consistent across different audio formats, there should not be relevant loudness variations depending on the used immersive audio format. The same argument can in general be made regarding the frequency characteristics within a given audio bandwidth, although some differences exist between codecs and bitrates. As an example, the acoustic requirements in TS 26.131 for super-wideband are in TS 26.132 defined to be measured using EVS at “…32 kHz sampling rate, mono, at the source coding bit-rate of 24,4 kbit/s”, a relatively transparent operating point. This can serve as an anchor towards IVAS and there is no issue with other operating points and codecs having slightly different characteristics, as a natural consequence of how speech coding works.
Beyond IVAS itself, a similar argumentation can be made related to other codecs supported by a UE, e.g., EVS or AMR-WB. It can be assumed that consistency in terms of loudness and frequency characteristics exist even across different codecs. Otherwise, switching from one codec to another could potentially lead to different presentation levels or frequency characteristics. This should obviously not be the case. Consequently, the original proposal extends even across codecs. Measurements of receive loudness and frequency sensitivity characteristics and their requirements can fall back to the relevant parts of existing specifications 26.131/26.132. The reason why the proposal is based on the EVS interoperable mode of IVAS and why the source believes it should ultimately be part of the specifications under ATIAS control is simply the intent to provide a complete set of audio interface test specifications for immersive audio services.      
Regarding the comment that the routing of the IVAS decoder/renderer output signal to the audio interface of a receiving UE is currently unknown, it may be useful to refer to draft TS 26.250 [3]. For illustration, Figure 1 below presents a view from that specification of the receive side audio processing functions with the relevant audio output channels (9) that can be routed to any playback entity. While there is currently no specified control mechanism for this routing, it is clear that UE manufacturers have the possibility to control the routing of the audio output channels when characterizing receive loudness and frequency sensitivity of their UEs against existing requirements.

  
While the below text is suggested as requirements text, there is nothing preventing a manufacturer or a lab from performing the same measurement for a range of operating points and modes, for characterization purposes.
Suggestions
It is suggested to add to the ATIAS PDOC:
For each acoustical interface mode (handset, headset, hand-held handsfree, desktop handsfree, electrical interface), and for each of super-wideband and fullband:
Receive loudness rating: measurement for mono pass-through
The test procedure is according to corresponding parts of TS 26.132, except that the codec used is IVAS in EVS interoperable mode at the source coding bit-rate and sampling rate specified for EVS in TS 26.132 subclauses 5.2.1 and 5.2.2, for the corresponding audio bandwidth. The passthrough mode is used, such that only decoding and no further rendering is active.
The requirements are according to TS 26.131, for receive loudness rating.
Receive frequency/sensitivity characteristics: measurement for mono pass-through
The test procedure is according to corresponding parts of TS 26.132, except that the codec used is IVAS in EVS interoperable mode at the source coding bit-rate and sampling rate specified for EVS in TS 26.132 subclauses 5.2.1 and 5.2.2, for the corresponding audio bandwidth. The passthrough mode is used, such that only decoding and no further rendering is active.
The requirements are according to TS 26.131, for sensitivity/frequency characteristics.
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