3GPP TSG-SA4-e (AH) Audio SWG post 123                                                                    S4aA230073
8 May 2023 
Source:	VoiceAge Corporation
Title:	Proposals to IVAS-7a
Agenda Item:	1.4
Document for:	Discussion and Agreement

Level adjustment of processed reference and CuT conditions
The current version of the IVAS Processing Plan [1] deals with level adjustments of the input signal and of anchor conditions by means of BS.1770 [2]. The level adjustment is applied on the input signal, before processing and/or rendering, using gain measured on the rendered signal, in an iterative manner, to limit the level deviation of the processed/rendered signal from the nominal level below a certain threshold. No level adjustment is currently specified for processed reference conditions and CuT conditions. 
While it is assumed that neither the reference codec, nor CuT, should significantly amplify or attenuate the processed signal with respect to the input signal, the IVAS Selection test comprises many different conditions at different bitrates with large range of quality of the rendered signal, and it is possible that the output signal level deviates from the nominal signal level to some extent. Further, the EVS reference codec was designed for mono signal processing, and conformance of the level of its output was consequently also verified for mono signals only. When used to process different channels of immersive audio, it is not clear to what extent the level of its rendered output will deviate from the level of the rendered input for different configurations.
To make sure that any potential level deviation of different rendered conditions does not affect the Selection test results, it is the opinion of the source that all rendered conditions should be level adjusted before listening.
The situation is different for conditions with noisy channel as the level control is typically part of frame erasure concealment strategy. From this perspective, it is the opinion of the source that the cleanest way would be to measure the target gain on a condition without frame erasures and apply this gain on the rendered output of the corresponding condition with frame erasures. However, given that the frame erasure rate in IVAS Selection test is limited, and considering opinion of several SA4 experts, a simpler procedure might be used to simply apply the same post normalization on the noisy channel conditions as on the clean channel conditions, unless an issue is observed.
Note: The post-level adjustment can be applied systematically to all rendered conditions, or only to processed and rendered reference and CuT conditions.
Input sampling rate and audio bandwidth for reference conditions
Section 4.5 of IVAS Test Plan [3] states that all audio material shall be sampled at 48 kHz with Full Band (FB) content. This is also assumed for input of all experiments with the exception for stereo speech experiments where some tools to fabricate artificial stereo signals are limited to 32 kHz. For meaningful comparison, it is the opinion of the source that the rendered audio bandwidth of the CuT conditions and the corresponding reference conditions should be the same as long as both codecs support it. 
The current version of the IVAS Processing Plan [1] however specifies processing modules for EVS only for NB, WB and SWB input sampled at 8, 16 and 32 kHz. While testing 8 and 16 kHz sampled inputs is not foreseen in the IVAS Selection test, the FB (48 kHz sampled) input is currently missing. It is proposed to update the IVAS Processing Plan to reflect the above assumptions of the IVAS Selection test.
Proposals
4.10.3	Level normalization of processed reference and CuT


Figure X: Level adjustment of processed conditions using BS.1770
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5.2.7 EVS operation (non-JBM case)
To process a file input.8k through the EVS codec at XXX bit/s, use:
EVS_cod.exe [-dtx] XXX/SWF 8 input.8k bitstream
EVS_dec.exe 8 bitstream output.8k
where XXX is one of 5900, 7200, 8000, 9600 or 13200. For rate switching operation, XXX is replaced by a switching file (SWF). 
To process a file input.16k through the EVS codec at XXX bit/s, use:
EVS_cod.exe [-dtx] XXX/SWF 16 input.16k bitstream
EVS_dec.exe 16 bitstream output.16k
where XXX is one of 5900, 7200, 8000, 9600, 13200, 16400, 24400, 32000, 48000, 64000, 96000 for testing non-IO modes or 6600, 8850, 12650, 14250, 15850, 18250, 19850, 23050, 23850 for testing AMR-WB IO modes. For rate switching operation, XXX is replaced by a switching file (SWF).
To process a file input.32k through the EVS codec at XXX bit/s, use:
EVS_cod.exe [-dtx] XXX/SWF 32 input.32k bitstream
EVS_dec.exe 32 bitstream output.32k
where XXX is one of 7200, 8000, 9600, 13200, 16400, 24400, 32000, 48000, 64000, 96000, 128000. 
To process a file input.48k through the EVS codec at XXX bit/s, use:
EVS_cod.exe -max_band FB [-dtx] XXX 48 input.48k bitstream
EVS_dec.exe 48 bitstream output.48k
where XXX is one of 7200, 8000, 9600, 13200, 16400, 24400, 32000, 48000, 64000, 96000, 128000. 
To process the LFE channel input.48k through the EVS codec, at 9600 bit/s, use:
EVS_cod.exe -max_band NB 9600 48 input.48k bitstream
EVS_dec.exe 48 bitstream output.48k
For rate switching operation, XXX is replaced by a switching file (SWF).
The switching file consists of XXX values indicating the bit rate for each frame in bit/s. These values are stored in binary format using 4 bytes per value.
Note: EVS encoder and decoder provide delay compensated output files 
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To process a file input.8k through the EVS codec at XXX bit/s, use:
EVS_cod.exe [-dtx] XXX 8 input.8k bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 8 netsimoutput output.8k
where XXX is 9600.
To process a file input.16k through the EVS codec at XXX bit/s, use:
EVS_cod.exe [-dtx] XXX 16 input.16k bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 16 netsimoutput output.16k
where XXX is 13200.
To process a file input.32k through the EVS codec at XXX bit/s, use:
EVS_cod.exe [-dtx] XXX 32 input.32k bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 32 netsimoutput output.32k
where XXX is one of 13200 or 24400[tbd]. 
To process a file input.48k through the EVS codec at XXX bit/s, use:
EVS_cod.exe -max_band FB [-dtx] XXX 48 input.48k bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 48 netsimoutput output.48k
where XXX is one of [tbd]. 
To process the LFE channel input.48k through the EVS codec at 9600 bit/s, use:
EVS_cod.exe -max_band NB 9600 48 input.48k bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 48 netsimoutput output.48k
The tracefile_dec is the tracefile written by the decoder and netsimoutput is the RTP+G.192 input file written by the network simulator.
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