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1. Introduction
The ATIAS work item develops test specifications for objective characterization of terminals for 3GPP immersive services, including conversational services and non-conversational services. In the previous Audio SWG telco, a discussion about harmonization of various test method proposals was raised. In this contribution the previously proposed test methods [1] for spatial separation of multiple simultaneous sound sources based on multichannel output is modified to be more aligned with similar test method for FOA audio [2,3]. The proposed changes are supposed to help further integration of these two test methods in one common test method.
2. Proposal
Proposed changes to be included to the ATIAS-1 permanent document [4]:
[
2.6.1. Test conditions
Free-field propagation conditions
-	The test environment shall contain a free-field volume, wherein free-field sound propagation conditions shall be observed. 
-	The free-field sound propagation conditions shall be observed down to a frequency of [200Hz].

[Test environment noise floor]
[Editor’s note: The test environment noise floor may not have to specified in this clause. Likely, a general clause for the whole specification is sufficient.]

Loudspeaker array 
An array of coaxial loudspeakers is is located at a set of predefined directions (ii, i = 1, …,8, from the geometric center of the UE. The different locations may be realized using multiple loudspeakers or by rotation of at least two loudspeakers or by rotation of the UE.
The distance from the loudspeaker front baffle to the center of the UE shall be at least [1m].
The loudspeakers shall be equalized with the UE absent, using a [measurement microphone and diffuse-field equalization] placed at the UE position. The microphone shall point in the positive Z direction with its membrane in the XY plane.

Table X: Location of loudspeakers
	i
	i [deg]
	i [deg]
	Comment

	1
	30
	0
	Left, MC channel 1

	2
	-30
	0
	Right, MC channel 2

	3
	0
	0
	Center, MC channel 3

	4
	135
	0
	Left Surround, MC channel 5

	5
	-135
	0
	Right Surround, MC channel 6

	6
	90
	0
	Left Side Surround, MC channel 7

	7
	-90
	0
	Right Side Surround, MC channel 8

	8
	0
	90
	Realization of height speakers, MC channels 9-12
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Figure X: Utilized loudspeaker position combinations
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Figure X: Example using MASA; The UE under test is connected to a test system composed of a 3GPP wireless system simulator and a reference client with 7.1+4 multichannel output and frequency-domain filters for analysis. 
2.6.2 Measurement
The following procedure shall be used:
a) The UE under test is connected to a test system composed of a 3GPP wireless system simulator and reference client with an IVAS session established with 7.1+4 multichannel output. The codec shall be operated with scene-based audio or metadata-assisted spatial audio input format at [512] kbit/s. The audio input format and bitrate shall be reported. The decoder/renderer option shall be 7.1+4 multichannel.
b)	A modulated multi-tone test signal A is played over a loudspeaker at position iA. Simultaneously, a modulated multi-tone test signal B is played over a loudspeaker at position iB. See Annex A.1 for a description of the multi-tone signals.
Editor’s note:	The impact of codec on the test signal needs to be verified before performing the measurements.
c)	The output of each multichannel output channel (1, 2, …,12) is captured. After an initial conditioning time of [5] seconds the remainder of the captured signal is converted to the frequency domain as described in Annex X. The signals are filtered by two different comb filters, filter A and filter B, with passbands corresponding to frequencies in signals A and B respectively. The filters are realized by including/excluding certain frequency bins as described in Annex A.3.
d)	The levels after the filters, averaged over the whole duration, are calculated by summing the power of the selected bins.
e)	The level metrics according to Table X are calculated.

Table X Requirements on spatial separation of decoded multichannel output channels. Subscripts denotes the channel number of MC output and applied filtering.
	Simultaneous sources
	Requirements on the 7.1+4 Multichannel outputs of the reference decoder

	Source A
	Source B
	Signal component A
	Signal component B

	Azi: 0°
Ele: 0°
	Azi: 90°
Ele: 0°
	L3A – L7A > [NA] dB
	L7B – L3B > [NB] dB

	Azi: -30°
Ele: 0°
	Azi: 30°
Ele: 0°
	L2A – L1A > [NA] dB
	L2B – L1B > [NB] dB

	Azi: -90°
Ele: 0°
	Azi: 90°
Ele: 0°
	L8A – L7A > [NA] dB
	L7B – L8B > [NB] dB

	Azi: 0°
Ele: 0°
	Azi: 135°
Ele 0°
	L3A – L5A > [NA] dB
	L5B – L3B > [NB] dB

	Azi: 0°
Ele: 0°
	Azi: 0°
Ele: 90°
	L3A – Ʃ L9…12A > [NA] dB
	Ʃ L9…12B - L3B > [NB] dB



]
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