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[bookmark: _Toc95198084]Introduction
At SA4#113-e, the source continued the discussion on methods for level normalization, specifically for stereo and multi-channel audio [1]. Appropriate level adjustment methods are necessary for setting the nominal operating level and to avoid biases in listening tests due to level differences.
In the discussion, methods used in some past standardization efforts, e.g., G.711.1/G.722 stereo extension [2], ITU-T P.700 [3] and ITU-R BS.1770 [4] were brought up. A few companies reported positive experiences with using BS.1770 for level normalization, and the question was raised if there are available implementations that may be used in the IVAS standardization effort. 
The source has since then worked on an example implementation of BS.1770, which is currently under review for inclusion in Open ITU STL [5].
Further, as announced at SA4#116-e, implementations of spatial distortion reference units (SDRU and ESDRU) are also intended to be submitted to STL. The source has now contributed an example implementation of the ESDRU to Open ITU STL, also under review.
[bookmark: _Toc95198085]Proposal
It is proposed that the new tools made available in STL are incorporated in the draft IVAS-7a (Processing plan for selection phase) [6] as suggested below. Please note that the proposal is based on some further proposed amendments, all collected in [7], and that numbering is not accurate and would need to be adjusted to current version and further updates based on the agreements in SA4.
In order to describe the pre-processing steps prior to level normalization for stereo, some additional stereo processing stages including interleaving/de-interleaving and high-pass filtering are proposed. It is noted that the cut-off frequency for such high-pass filter may potentially be reduced compared to the pre-processing that was used for EVS.
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[bookmark: _Toc95139919][bookmark: _Hlk95201286]Processing for stereo inputs
[bookmark: _Toc95139920]Pre-processing
Step 1: De-interleaving of 48 kHz stereo input file


Figure 1: Pre-processing for stereo input
Step 2: Windowing and high-pass filtering per 48 kHz left/right channel file


Figure 2: Windowing and high-pass filtering (48 kHz)
Step 3: Interleaving of high-pass filtered left/right channel files


Figure 3: Interleaving of high-pass filtered channels (48 kHz)
Step 4: Level adjustment, resampling, concatenation and low/high level scaling
Note: Resampling from 48 kHz to corresponding sampling rate for WB, SWB processing.


Figure 4: Level adjustment (48 kHz) 

[bookmark: _Toc95139921]Reference conditions
Editor’s note: Binaural presentation of stereo is not covered in the figures below and is for further discussion.
[image: ]


Figure 51: Processing of Reference conditions.
4.2.2	CuT conditions (non-JBM)
[image: ]


Figure 62: CuT processing for non-JBM conditions. The EID is bypassed for error-free conditions.
4.2.2	CuT conditions (JBM)
[image: ]


Figure 73: CuT processing for JBM conditions.


[bookmark: _Toc95139929][bookmark: _Toc95198593]Processing Modules
Editor’s Note: TBD
This section specifies the operation of pre- and post-processing modules being utilized by the processing stages.
[bookmark: _Toc95139930]Pre- and post-processing operations
[bookmark: _Toc95139933](…)
Level adjustment
(…)
BS.1770 Level adjustment
To normalize the level of a 48 kHz sampled file, use:
bs1770demo.exe –nchan N –lev L -conf xxxx Input48 Output48
where N is the number of channels, L the target level in LKFS (default: -26), and xxxx a configuration string with one value per channel specifying channel weighting according to:
x = ’1’ 	loudspeaker position within |elevation| < 30 deg, 60 deg <= |azimuth| <= 120 deg, 
(weighted by 1.41)
x = ’L’ 	LFE channel (weighted by 0)
x = ’0’ 	otherwise (weighted by 1)
BS.1770 Level measuring
To measure the level of a 48 kHz sampled file, use:
bs1770demo.exe –nchan N -conf xxxx Input48
where N is the number of channels, and xxxx a configuration string with one value per channel specifying channel weighting according to:
x = ’1’ 	loudspeaker position within |elevation| < 30 deg, 60 deg <= |azimuth| <= 120 deg, 
(weighted by 1.41)
x = ’L’ 	LFE channel (weighted by 0)
x = ’0’ 	otherwise (weighted by 1)
(…)
[bookmark: _Hlk95200350]Interleave audio files
Interleave stereo files
To interleave stereo files, use:
stereoop.exe -interleave inputL inputR output
De-interleave audio files
De-interleave stereo files
To de-interleave stereo files, use:
stereoop.exe -split input outputL outputR
(…)
[bookmark: _Toc95139942]Processing
This section describes the main processing modules utilized by the processing stages.
[bookmark: _Toc95139944](…)
ESDRU reference conditions
To generate an ESDRU reference at distortion level alpha for a file Input48, use:
esdru.exe -e_step 0.5 -seed 1 -sf fs alpha Input Output
where fs is the sample frequency, default 48 kHz, where  and  corresponds to the highest distortion level.
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