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1. Introduction
In this contribution, the sources propose the following updates to the IVAS processing plan [1]:
· Incorporating the proposed 20KBP filtering option (as proposed to IVAS-8a) 
· Proposing the necessary processing steps with respect to background noise loudness adjustment and mixing
The proposed changes are presented section by section.
2. Proposed Changes
The following changes are proposed:
Start change 1
[bookmark: _Ref332717374][bookmark: _Toc271115782]4.2.2 General processing for background noise
The offset of the noise file, in accordance with C.4.2, shall be removed before any processing starts.


Figure 1: Random trimming of background noise.
The resulting 48 kHz trimmed noise file is further on also referenced as “48 kHz input background”.
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End change  1
Start change 2
[bookmark: _Toc127278274][bookmark: _Toc271115799][bookmark: _Toc96359518][bookmark: _Toc96360650][bookmark: _Toc134092299][bookmark: _Hlk134174032]4.3	Pre-processing
[bookmark: _Toc127278275][bookmark: _Toc134092300]4.3.1	Pre-processing stages

Figure 1: Common pre-processing for input audio. High-pass filtering may be bypassed for certain experiments.
[bookmark: _Toc127278276][bookmark: _Toc134092301][bookmark: _Hlk134173993]4.3.1.12	  High-pass fFiltering
Editor’s note: The use of a high-pass filter in the processing may vary depending on the experiment. In addition, the details of such high-pass filter, e.g. cut-off frequency, is for further discussion.
Filtering is performed using either 
· HP50_KHZ high pass filter at 48 kHz
· 20KBP band pass filter at 48 kHz
The test plan [1] specifies which filter to use dependent on the experiment.
[bookmark: _Toc127278277][bookmark: _Toc134092302]4.3.1.23	Level adjustment

Figure 2: Level adjustment using BS.1770
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End change 2
Start change 3
4.3.2 Pre-processing for Clean speech, Music and Mixed content, Generic audio


Figure X1: Pre-processing for Clean speech, Music and Mixed content, Generic audio.
4.3.3 Pre-processing for Speech with background

 [image: ]
Figure X2: Pre-processing for speech with background.
For the 48 kHz input speech, first a high pass filtering using the HP50_48KHZ filter is performed. The level adjustment is done as described in Section 4.3.1.2 using BS.1770 targeting the playout level. Subsequently, the filtered and loudness corrected files are concatenated.
For the 48 kHz input background, the level adjustment is done as described in Section 4.3.1.2 using BS.1770 with gating disabled. The target loudness is adjusted according to (playout loudness – target SNR). Subsequently, both signals are mixed.
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End change 3
Start change 4
[bookmark: _Toc395255369][bookmark: _Toc96359534][bookmark: _Toc127278302][bookmark: _Toc96360666][bookmark: _Toc134092327][bookmark: _Toc197311389][bookmark: _Toc234919384][bookmark: _Toc307912505]5.1.2 Filtering operations
5.1.2.1 HP50_48KHZ filtering
To produce a 50Hz high pass filtered 48kHz sampling file use:
filter.exe HP50_48KHZ input.48k output.48k 960
5.1.2.2 20KBPMSIN filtering
To produce an 20KBPMSIN high band pass filtered 4816kHz sampling file use:
filter.exe 20KBPMSIN input.4816k output.16k 48k 960320
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End change 4
Start change 5
5.1.3.4 BS.1770 Level adjustment
To normalize the level of a 48 kHz sampled file, use:
bs1770demo.exe –nchan N –lev L -conf xxxx input.48k output.48k
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)
To normalize stereo or binaural to -26 LKFS: 
bs1770demo.exe –nchan 2 –lev -26 -conf 00 input.48k output.48k
To normalize 7.1+4 multi-channel configuration, as specified in Table 5, to -26 LKFS:
bs1770demo.exe –nchan 12 –lev -26 -conf 000L00110000 input.48k output.48k
To normalize the level of a 48 kHz sampled background noise file, in addition the option “-rms” shall be used. 	Comment by Multrus, Markus: Note: this is currently under development and available at https://github.com/ErikNorvell-Ericsson/STL.git
5.1.3.5 BS.1770 Level measuring
To measure the level of a 48 kHz sampled file, use:
bs1770demo.exe –nchan N -conf xxxx input.48k
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)
To normalize the level of a 48 kHz sampled background noise file, in addition the option “-rms” shall be used. 
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End change 5
Start change 6
[bookmark: _Toc96359569][bookmark: _Toc127278335][bookmark: _Toc96360701][bookmark: _Toc134092363]ITU-T STL processing tools
	Source
	· ITU-T G.191 
· S4-120344 “Filter masks for EVS testing”

	URL
	· https://github.com/openitu/STL 
· https://www.itu.int/rec/T-REC-G.191-202303-I https://www.itu.int/rec/T-REC-G.191-202207-I 
Editor’s note: G.191 URL to be updated once new version is available. 
· http://ftp.3gpp.org/tsg_sa/WG4_CODEC/TSGS4_68/Docs/S4-120344.zip
· https://github.com/ErikNorvell-Ericsson/STL.git 

	Version / Release
	· G.191 / STL2023

	Description
	Software tools for speech and audio coding standardization

	Comments
	· G.191 filter tool patched with S4-120344 to enable support for HP50 and SHQ filter
· bs1770demo is patched for support of “rms” option, see https://github.com/ErikNorvell-Ericsson/STL.git

	Executables
	oper, astrip, concat, sv56demo, filter, scaldemo, actlev, eid-xor, gen-patt, mnrudemo, gen-rate-profile, eid-int, stereoop, bs1770demo, esdru, p50fbmnru, wmc_tool

	Status
	Available 
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End change 6


3. [bookmark: _Toc396649169][bookmark: _Toc396649373][bookmark: _Toc396649522][bookmark: _Toc396649188][bookmark: _Toc396649392][bookmark: _Toc396649541][bookmark: _Toc228691366][bookmark: _Toc228691367]Conclusion
It is proposed to agree on the proposals outlined in Section 2 of this document and include the changes into IVAS-7a. 
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