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1
Introduction
The IVAS pass-through operation has been debated in a numerous SA4 meetings, based on several inputs from the source (most recently [1]) and other parties. One of the concerns against the pass-through mode has been the constraints it would put on the codec design and the corresponding effects that would have on the performance. Further, the signalling of the pass-through mode has been debated. Another concern has been how to operate the pass-through mode at lower bitrates where there are not enough bits to encode all channels/components with sufficiently good audio quality.
In this contribution the source elaborates around these points further to mitigate the concerns and suggests a way to incorporate the pass-through mode into the IVAS design constraints.

2
Discussion

First of all, it has been suggested that the pass-through mode is not supported in the IVAS codec work item description and hence not work item essential [2]. The source is however of a different opinion. Although the term is not explicitly used in the work item description [3] there are clear objectives that:

· The solution is expected to handle encoding/decoding/rendering of speech, music and generic sound. 

· It is expected to support encoding of channel-based audio (e.g. mono, stereo or 5.1) and scene-based audio (e.g., higher-order ambisonics) inputs including spatial information about the sound field and sound sources. The solution is expected to provide support for diegetic and non-diegetic input.

· It is expected to provide a decoder for the encoded format and a renderer with sufficiently low motion to sound latency.

The first sub-bullet requests encoding of certain classes of audio formats and the second sub-bullet requests a decoder for the encoded formats, i.e. recovery of the input audio formats or in other words pass-through operation. Further, the second sub-bullet requests a renderer for rendering into other audio formats (for playback). Throughout the discussion on the IVAS codec design constraints [4], further details on the mandatory audio formats to be supported have been specified in the Encoder Input Formats box, and still some additional audio formats are debated.
It should be recognized that the specific audio format put into the codec may be of a significant relevance. Object-based audio is one clear example where the audio format enables considerable control over the properties described by the object metadata, such as gain and position. If the codec would not be able to preserve the audio format it would in the view of the source not support encoding and decoding of the format and the input should rather be converted into another (truly supported) audio format before the encoding. The IVAS codec is above all a codec for compression of the specified set of input audio format and not a format converter.

The source noted however already in [5] that pass-through operation is not always needed and may in those situations cause a suboptimal performance. To handle these different situations, the source proposed a requirement on support for activation/deactivation of pass-through operation at the encoder. In non-pass-through mode there would be no constraints on the decoder output formats (prior rendering).
The signaling of the input/output audio format for the pass-through mode may be done by other means than inclusion in the codec payload, for example using SDP during session setup or encapsulated in a file header. It is proposed that the pass-through/non-pass-through mode shall remain during the lifetime of an audio stream, which means that signaling of the specific input audio format is not required on a frame-by-frame basis. It is however important that pass-through is indicated at the encoder as the encoder otherwise may not be able to support the requested format at the decoder.
Finally, regarding the operational coverage of the pass-through mode, the source earlier suggested that pass-through mode may not be required below a certain bitrate (depending on the audio format). The question on the codec behavior below this limit was then raised. One option would be to let the codec operate in non-pass-through mode, but this could result in switching artifacts in scenarios where the bitrate drops from pass-through operation to non-pass-through operations, e.g. an object that gets moved to another position. Although this may be fine in some cases, the source proposes that the pass-through operation is maintained over the entire bitrate range of the codec. The optimal behavior is for further study and it would to some extent be up to the codec proponents to find the best design for pass-through operation for their codec candidate. For the lower bitrates this may for example be handled as follows.
For channel-based audio, there may be a downmix to a lower number of channels (e.g. going from stereo to mono) at lower bitrates. Exactly at which bitrate this should happen may depend on the codec technologies and may be different for different codec candidates. The decoder would then upmix to original input format again, i.e. to stereo in the given example.
For binaural audio, the two channels may need to be downmixed to mono at the lowest bitrates and would then be upmixed to stereo for diotic presentation at the decoder.
For scene-based audio, the ambisonics order may be reduced depending on the bitrate which would gradually reduce the spatiality of the scene towards 0th order ambisonics (mono) at the lowest bitrates.
For object-based audio, the number of encoded objects may be reduced at lower bitrates. This means that the least prioritized objects may not be encoded as the bitrate drops. This would still fall into the pass-through operation as the format of the transmitted audio is kept. It is naturally not possible to transmit a significant number of objects if the bitrate is very limited, and the codec may in the extreme case only support one single object. This behavior should however be fine in communicational scenarios where the objects represent voices and means that the least active voices may be suppressed in very bad transmission conditions. The source suggests there should be constraints on the required number of supported objects depending on the codec bitrate.
3
Proposal
It is proposed that pass-through operation for the IVAS codec is mandated and that IVAS-4 [4] is updated as follows. The proposal is to replace the current draft box on [Non-Rendered Output Formats]/[Pass-Through Operation] by:
	Pass-through operation
	The IVAS codec shall support pass-through operation, where the output format is identical to the encoder input format, for the following input formats (as specified in Encoder Input Formats):

· Channel-based audio

· Binaural audio

· Scene-based audio 

· Object-based audio

Note: For channel-based, binaural and scene-based audio the number of output channels/components shall be equal to the number of input channels/components. 
Editor’s note: For objects-based audio the number of supported objects may be bitrate dependent. Constraints on the number of supported objects per bitrate are TBD.
Activation/deactivation of pass-through operation shall be indicated at the encoder for each audio input individually.
Editor’s note: The signaling of input audio format(s) to the decoder is TBD. 
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