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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. A previous input [1] proposes acoustic performance tests for FOA audio.
The source thinks that the underlaying idea regarding the level estimation of two simultaneous sources is a good approach to evaluate capture devices’ capability for capturing two simultaneous sounds from different directions. The previous proposal is directed towards FOA audio capture. The source here describes and proposes a modified test method for the MASA input format.
2. Test method
2.1 Test setup
Test should be performed in an anechoic room. For the measurement, two simultaneous identical acoustic sources A and B are used. The distance from the loudspeaker front baffle to the center of the UE shall be at least 1m. To separate the sound sources at the analysis phase, multitone signals with non-overlapping frequency responses are utilized. The test signal is further defined in the section 2.2.
The UE is put into MASA capture mode at the highest available bitrate. The encoded stream is transmitted to the test system where a reference client decodes the signal and outputs the multichannel output signal with 7.1+4 loudspeaker configuration for analysis. Decoded output signal is converted to the frequency domain and 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 by utilizing frequency masks.
[image: ]
The configuration of 7.1+4 multichannel loudspeaker setup can be found in Table 1. Different combinations of two loudspeaker positions will be utilized for testing simultaneous multisource capture at different directions. In practice, the setup can be realized by changing positions and angles of two loudspeakers. 


Table 1 Output loudspeaker configuration
	Ch
	1
	2
	3
	4/LFE
	5
	6
	7
	8
	9
	10
	11
	12

	Azi 
	30°
	-30°
	0°
	0°
	135°
	-135°
	90°
	-90°
	30°
	-30°
	135°
	-135°

	Ele 
	0°
	0°
	0°
	0°
	0°
	0°
	0°
	0°
	35°
	35°
	35°
	35°



In order to test the performance in horizontal plane, channel combinations of channels 1,2,3,5,7 and 8 are tested. The tested channel combinations in horizontal plane are:
a) Ch 3 and Ch 7 ( & )
b) Ch 2 and Ch 1 ( & )
c) Ch 8 and Ch 7 ( & )
d) Ch 3 and Ch 5 ( & )

To validate the vertical performance, the sum of elevated loudspeaker channels is analysed. If the MASA capture works properly, all the sound directly above the UE should be decoded only into the channels 9-12. The sum of the elevated channels can be assessed with horizontal channels, e.g., the center channel 3 (directly in front of the UE). The tested channel combination in vertical plane is then:
e) Ch 3 and sum of Ch 9-12 ( & )

Number of the channel combinations can be increased or decreased, depending on the desired test accuracy, i.e., only combinations of channels 1,2,3,7,8 could be utilized to verify that the device can capture two non-elevated simultaneous sound sources from the front of the device. This can be extended to include elevated sources by adding the channels 9-12 to the analysis and further to include full 360-degree accuracy by adding channels 7 and 8 to the analysis.
All proposed channel/direction combinations are illustrated in the figures below:
a)[image: ]	b)[image: ]   c) [image: ]	   
d)[image: ] e) [image: ]
Figure 1 Illustrations of proposed channel combinations
		
2.2 Test signal
Test signal shall be generated according to the ITU-P.501 [2] subclause 7.2.4.1
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Figure 2 AMFM modulated test signal generation for multisource capture evaluations according to the ITU-P.501 [2].
n = 1,2,...
where 

In ITU-T P.501, the following parameters are defined in a frequency-independent manner: , and . The center frequencies are defined in the Table 2. The frequency dependent modulation bandwidth  is determined as follows [2]:



Both shaping filters are identical: Lowpass with a cutoff frequency of 250Hz and slope of 3dB/5dB or filter with the response of average speech spectrum from ITU-T P.50 [3].

Table 2 Properties of a specific multisource test signal, modulated in amplitude
	(Hz)
	(Hz)

	250
	600

	1000
	1400

	1800
	2200

	2600
	3000

	3400
	3800

	4200
	4600

	5000
	5400

	5800
	6200

	6600
	7000

	7400
	7800

	9000
	11000

	14000
	18000




The power spectrums of the test signals are illustrated in the Figure 2. Every second frequency component is in the A signal and every other in the B signal. A and B signals are output from different sound sources at the same time.
[image: ]
Figure 3 Power spectrum of AM/FM modulated test signal.

2.3 Level calculations
The levels are calculated as suggested in document [1]. Signals A and B are separated after the reference client decoder. Separation is done by applying masks on the FFT bins. 16K FFT with Hann window and 75% overlap is applied for the analysis. The width of the masks are set slightly wider (+-3 Hz) than the signal modulation. Channels levels are calculated by summing the power of the selected bins. The test is repeated with interchanged signals A and B, and the results of the two measurements are averaged.

[image: ][image: ]
Figure 4 At the analysis stage, the corresponding frequency bins are separated by applying frequency masks. Level difference of different frequency components can be observed from the figures.

Finally, the levels are assessed according to Table 1.


Table  Requirements on spatial separation of decoded multichannel output channels. L denotes a signal level measured at the reference decoder output by summing power in selected FFT bins
	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 > [N] dB
	L7B – L3B > [N] dB

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

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

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

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



3. Experiments
3.1 Measurement setup
[image: ]
Figure 5 Processing flow from capture to analysis
Measurements were conducted in order to evaluate the applicability of the proposed test method. The processing flow from capture to analysis is shown in the Figure 3. Eigenmike and Rode NT-SF1 A-format microphones were used as capture devices. Captured signals were converted into MASA input format [3] via IVAS MASA C Reference Software [4]. MASA input signal was encoded and decoded to the 7.1+4 multichannel output format with IVAS candidate technology utilizing bitrate of 512 kbit/s. Decoded 7.1+4 Multichannel signal was analysed according to Table 2.
Two small identical loudspeakers were utilized as sound sources. The distance between loudspeakers and the DUT was 1.3m. Five different speaker position combinations were measured in horizontal plane: 
1. 0° & 30°
2. 0° & 90°
3. 0° & 135°
4. +/- 30°
5. +/- 90°

3.2 Results
Results of Eigenmike capture are presented in Table 4 and results of Rode NT-SF1 capture in Table 5. The presented results are averaged results of two measurements with interchanged signals.
In overall, the analysed results indicate mostly proper spatial capture performance as expected. Analysed level differences are higher in average with Eigenmike compared to Rode captures. This behaviour is also expected, as the number of microphones is higher in Eigenmike, thus spatial capture accuracy is assumed to be higher.
With Rode capture, the level difference of channel combination 1 and 3 (Azi: 0° and Azi:30°) suggests inaccurate spatial separation, as the level difference of B component is negative. This behaviour is probably due to too small separation of the loudspeakers for an accurate analysis from FOA components. 

Table 4, Results of Eigenmike measurements
	Eigenmike measurement results

	Source A
	Source B
	Signal component A
	Signal component B

	Azi: 0°
	Azi: 30°
	L3A – L1A = 11.54 dB
	L1B – L3B = 13.5 dB

	Azi: 0°
	Azi: 90°
	L3A – L7A = 18.87dB
	L7B – L3B = 18.12 dB

	Azi: 0°
	Azi: 135°
	L3A – L5A = 17.84 dB
	L5B – L3B = 17.09 dB

	Azi: -30°
	Azi: +30°
	L2A – L1A = 19.34 dB
	L1B – L2B = 20.23 dB

	Azi: -90°
	Azi: +90°
	L8A – L7A = 16.93 dB
	L7B – L8B = 17.13 dB

	Average
	16.90 dB
	17.21 dB



Table 5, Results of Rode NT-SF1 measurements
	Rode NT-SF1 measurement results

	Source A
	Source B
	Signal component A
	Signal component B

	Azi: 0°
	Azi: 30°
	L3A – L1A = 7.35 dB
	L1B – L3B = -1.68 dB

	Azi: 0°
	Azi: 90°
	L3A – L7A = 11.61 dB
	L7B – L3B = 14.04 dB

	Azi: 0°
	Azi: 135°
	L3A – L5A = 11.13 dB
	L5B – L3B = 13.95 dB

	Azi: -30°
	Azi: +30°
	L2A – L1A = 12.13 dB
	L1B – L2B = 8.9 dB

	Azi: -90°
	Azi: +90°
	L8A – L7A = 12.63 dB
	L7B – L8B = 14.27 dB

	Average
	10.97  dB
	9.90 dB




4. Summary
In this document the source proposes an end-to-end test method for assessing spatial capture accuracy of two simultaneous sound sources. In addition, results of two practical experiments are presented. The results indicate that the proposed test method is applicable. Furthermore, the results indicate that the accuracy of decoding channels of multichannel output decreases when the number of microphones (spatial capture accuracy) decreases, which is the expected behaviour. The source proposes to include the presented method in the ATIAS-1 Permanent Document [5].
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