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ANNEX D: Characterization Report for spAACe audio profile

D.1
TEST 1: Codec Quality Characterization Test
Introduction and Experimental Design
ITU-R recommends that the "testing, evaluation and reporting procedures given in Recommendation ITU-R BS.1534‑3 [22] be used for the subjective assessment of intermediate audio quality". Recommendation ITU-R BS.1534‑3 [22] has also been previously used in other standardization activities pertaining to spatial audio coding such as the MPEG-H standardization. To provide an understanding of what quality levels can be achieved with spAACe at the bit-rates of 256kbps, 384kbps and 512kbps, the Codec Quality Characterization Test described in TS 26.259 Clause 5 was conducted.

In this experiment, 3 different bit-rates were tested with 20 different test materials covering object-based, scene-based (up to 6th order HOA), channel-based audio and a combination of these formats.

The experimental design was consistent with TS 26.259 Clause 5.2. The experiment was divided in two sessions, each session covering 10 test materials.
Selection of Assessors

The selection of Assessors was consistent with TS 26.259 Clause 5.3. Participants were all members of Qualcomm Advanced Tech R&D group and familiar with critical listening and audio quality evaluation. 10 assessors were selected following pre- and post-screening processes.
Test Materials

The test materials included twenty different signals covering a range of audio content typical of Virtual Reality such as vocals, orchestra music, nature sounds, etc. Each of the three different bit rates was tested with each of the twenty different signals.

Presentation interface

The ARL STEP software v.2.04 was used for presentation of the samples and collection of results.
Listening Environment

The listening environment was a critical listening room compliant to TS 26.259 Clause 5.6.

Listening System

The listening system was loudspeaker-based (Genelec 8240A loudspeakers) with a setup according to TS 26.259 Clause 5.7.
Listening Level

The listening level was adjusted according to the requirements in TS 26.259 Clause 5.8.
Generation of Anchor/Reference and Test Conditions

The signal processing chain for generation of the Test Conditions is shown in Figure 1. Consistent with the requirements in TS 26.259 Clause 5.9, the Hidden Reference was generated following a similar chain but with all encoding/decoding operations bypassed, i.e. only the Reference Rendering operations were enabled. The Anchors were generated from the Hidden Reference by low-passing the signals at 3.5kHz and 7kHz.
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Figure 1 – Signal Processing Chain for Generation of the Test Conditions

The technical details are as follows
:

-
The LFE signal given in the hybrid content (LFE combined with objects and/or HOA) was mapped to CH#4 of the 7.1+4 layout via the LFE Mapper block. For Test 2, the LFE signal given in the hybrid content was panned to the nominal angular direction of the LFE loudspeaker [CICP19] in the ESD speaker layout by means of VBAP [PULLKI97].

-
HOA (SN3D/ACN) was rendered to 7.1+4 by using of the rendering matrices for HOA orders N=3, N=4, N=6 which are shown in Table 1, Table 2, and Table 3, respectively.
-
Audio objects were rendered to 7.0+4 and subsequently mapped to 7.1+4. This was accomplished by means of the OBJ Mapper block, which takes the output of the 7.0+4 as an input and it outputs a set of signals for the 7.1+4 where CH#4 (the LFE channel) contains silence.

-
Actual bit-rates for all 20 test items are listed in Table 1.
Table 1 - Actual bit rates for encoded test materials of Test 1

	Item #
	Target
	Actual
	Excess
	Excess %

	1
	256
	253.9
	-2.1
	-0.82

	1
	384
	385.5
	1.5
	0.39

	1
	512
	514.8
	2.8
	0.55

	2
	256
	257
	1
	0.39

	2
	384
	387.2
	3.2
	0.83

	2
	512
	516
	4
	0.78

	3
	256
	256.4
	0.4
	0.16

	3
	384
	384.9
	0.9
	0.23

	3
	512
	515.5
	3.5
	0.68

	4
	256
	256.9
	0.9
	0.35

	4
	384
	386.8
	2.8
	0.73

	4
	512
	516
	4
	0.78

	5
	256
	275.2
	19.2
	7.50

	5
	384
	406.2
	22.2
	5.78

	5
	512
	532.1
	20.1
	3.93

	6
	256
	271.4
	15.4
	6.02

	6
	384
	403.3
	19.3
	5.03

	6
	512
	535.2
	23.2
	4.53

	7
	256
	272.6
	16.6
	6.48

	7
	384
	404.1
	20.1
	5.23

	7
	512
	531.4
	19.4
	3.79

	8
	256
	263.4
	7.4
	2.89

	8
	384
	393
	9
	2.34

	8
	512
	523.8
	11.8
	2.30

	9
	256
	266.9
	10.9
	4.26

	9
	384
	395
	11
	2.86

	9
	512
	525.8
	13.8
	2.70

	10
	256
	271.6
	15.6
	6.09

	10
	384
	401.4
	17.4
	4.53

	10
	512
	530
	18
	3.52

	11
	256
	255.2
	-0.8
	-0.31

	11
	384
	385.3
	1.3
	0.34

	11
	512
	514.3
	2.3
	0.45

	12
	256
	256.4
	0.4
	0.16

	12
	384
	384.2
	0.2
	0.05

	12
	512
	514.8
	2.8
	0.55

	13
	256
	257.2
	1.2
	0.47

	13
	384
	386.3
	2.3
	0.60

	13
	512
	517.5
	5.5
	1.07

	14
	256
	271.1
	15.1
	5.90

	14
	384
	397.3
	13.3
	3.46

	14
	512
	528.4
	16.4
	3.20

	15
	256
	274.4
	18.4
	7.19

	15
	384
	401.5
	17.5
	4.56

	15
	512
	531.6
	19.6
	3.83

	16
	256
	272.6
	16.6
	6.48

	16
	384
	400.1
	16.1
	4.19

	16
	512
	532.4
	20.4
	3.98

	17
	256
	261.1
	5.1
	1.99

	17
	384
	390.1
	6.1
	1.59

	17
	512
	520.8
	8.8
	1.72

	18
	256
	269.8
	13.8
	5.39

	18
	384
	396.2
	12.2
	3.18

	18
	512
	531.7
	19.7
	3.85

	19
	256
	271.3
	15.3
	5.98

	19
	384
	400.5
	16.5
	4.30

	19
	512
	530.1
	18.1
	3.54

	20
	256
	266.5
	10.5
	4.10

	20
	384
	394.9
	10.9
	2.84

	20
	512
	525.4
	13.4
	2.62


Attributes

Participants were asked to consider all perceptual differences between the systems under test and the reference signal when scoring the basic audio quality.
Presentation of Results
Figure 2 visualizes the absolute scores per test item and bit-rate. Table 2 further summarizes the results across all test items.
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Figure 2: Absolute score and 95 % CI of Codec Quality Characterization test (Test 1)
Table 1: Summary of Average Scores for Test 1
	System
	High
	Low
	Mean

	spAACe @ 256 kbps
	83.53
	80.19
	81.86

	spAACe @ 384 kbps
	87.56
	84.33
	85.94

	spAACe @ 512 kbps
	93.20
	90.36
	91.78

	LP35
	16.18
	13.54
	14.86

	LP7
	35.80
	31.73
	33.77

	Hidden Reference
	99.67
	98.94
	99.31


All bit-rates have scores not statistically significantly worse than 80 MUSHRA points (Excellent).

Presentation of Results for First Order Ambisonics

A second test was performed with First Order Ambisonics conditions, generated by truncation of the four Higher Order Ambisonics Test signals. Only the 128kbps bit-rate was tested. For the FOA test, 12 experienced assessors passed pre- and post screening. Results are shown in Figure 3.
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Figure 3 – Absolute scores and 95 % CI of Codec Quality Characterization test for FOA (Test 1c) 

Table 1: Summary of Average Scores for Test 1c
	System
	High
	Low
	Mean

	spAACe FOA @ 128 kbps
	85.19
	79.15
	82.17

	LP35
	14.88
	9.33
	12.10

	LP7
	34.60
	27.77
	31.19

	Hidden Reference
	100
	100
	100


D.2
TEST 2: Codec Quality Characterization Test with binaural rendering
Introduction and Experimental Design
ITU-R recommends that the "testing, evaluation and reporting procedures given in Recommendation ITU-R BS.1534‑3 [22] be used for the subjective assessment of intermediate audio quality". Recommendation ITU-R BS.1534‑3 [22] has also been previously used in other standardization activities pertaining to spatial audio coding such as the MPEG-H standardization. To provide an understanding of what quality levels can be achieved with spAACe at the bit-rates of 256kbps, 384kbps and 512kbps, the Codec Quality Characterization Test described in TS 26.259 Clause 5 was conducted and described in Annex D.1 (Test 1). However, because in Test 1 the reference condition passes through the rendering stage of the audio profile (potentially discarding important audio content), a test with a Common Informative Binaural Renderer is strongly recommended. Results of the Codec Quality Characterization Test with the Common Informative Binaural Renderer described in TS 26.118 Clause 4.5 are reported in this Annex.
In this experiment, 3 different bit-rates were tested with 20 different test materials covering object-based, scene-based (up to 6th order HOA), channel-based audio and a combination of these formats.

The experimental design was consistent with TS 26.259 Clause 7.2. The experiment was divided in two sessions, each session covering 10 test materials.

Selection of Assessors

The selection of Assessors was consistent with TS 26.259 Clause 7.3. Participants were all members of Qualcomm Advanced Tech R&D group and familiar with critical listening and audio quality evaluation. 11 assessors were selected following pre- and post-screening processes.
Test Materials

The test materials included twenty different signals covering a range of audio content typical of Virtual Reality such as vocals, orchestra music, nature sounds, etc. Each of the three different bit rates was tested with each of the twenty different signals.

Presentation interface

The ARL STEP software v.2.04 was used for presentation of the samples and collection of results.
Listening Environment

The listening environment noise floor was compliant to TS 26.259 Clause 7.6.

Listening System

Compliant to TS 26.259 Clause 7.7, the listening system was headphone-based using a Sennheiser HD800 headphone equalized for the Neumann KU100 (same head simulator used for the HRTF database).
Headphone impulse response measurement

A custom MATLAB script for the acquisition of acoustic impulse responses was used to measure the two Sennheiser HD800 headphone drivers with the internal microphones of a Neumann KU100 HATS. A 2.25-second-long logarithmic sine sweep ranging from 20Hz to 22kHz was used to make the measurements. Each driver’s impulse response was measured as the time averaged response over five repeated measurements. To mitigate intra-subject variability, the headphones were removed and replaced between repetitions. After averaging, the impulse response for each driver was truncated to 16,384 samples and windowed by a Tukey window with a taper ratio of 0.7 (generated with the MATLAB function tukeywin). Finally, the two-channel impulse response matrix was normalized to have a maximum absolute sample value of 1 and saved as a WAV file.

Headphone compensation filter generation

Compensation filters for the left and right drivers of the Sennheiser HD800 reference headphones were generated using the impulse responses described in the previous section. The filter design procedure was accomplished in MATLAB, leveraging the AKregulatedInversion method in the AKTools MATLAB toolbox [1]. Regularized least mean squares inversion was used to generate 16,384 sample FIR filters. 1/6th octave smoothed inverted copies of the original headphone impulse responses were used as the regularization curves with β=0.2. The resulting minimum phase inverse filters were fit to a target function defined by a 2nd order 40Hz highpass filter cascaded with a 1st order 20kHz lowpass filter. Finally, the compensation filters were smoothed by 1/6th octave band, windowed in the time domain to a length of 256 samples, and saved to WAV files for future use.
[1] Brinkmann, F. and Weinzierl, S. (2017). AKtools – An Open Software Toolbox for Signal Acquisition, Processing, and Inspection in Acoustics, presented at the 142nd AES Convention. Berlin, Germany.
Listening Level

The listening level was adjusted according to the requirements in TS 26.259 Clause 7.8.
Generation of Anchor/Reference and Test Conditions

The signal processing chain for generation of the Test Conditions is shown in Figure 2. Consistent with the requirements in TS 26.259 Clause 7.9, the Hidden Reference was generated following a similar chain but with all encoding/decoding operations bypassed, i.e. only the Reference Rendering operations were enabled. The Anchors were generated from the Hidden Reference by low-passing the signals at 3.5kHz and 7kHz.
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Figure 2 – Signal Processing Chain for Generation of the Test Conditions for Test 2
Technical details are as follows:
-
HOA (SN3D/ACN) was rendered to the Equivalent Spatial Domain (ESD) by means of the inverse of the ESD-to-N3 matrix specified in [AHVIC-157]. Where applicable, the HOA content (whose order was larger than N=3) was truncated to N=3 before rendering it to the ESD16 format. The angular directions of the ESD virtual loudspeakers are defined in TS26.260.
-
The CIBR binauralization engine, described in TS 26.118 Clause 4.5 was implemented.
-
In all Tests, audio objects were renderered to the target playback layouts by means of the VBAP method described in [PULLKI97]. The metadata used by the object renderer implemented for these tests are azimuth, elevation, and gain factor.
-
The headphone compensation filters used (indicated by the blocks HPCompL and HPCompR in Figure 2) were obtained by the procedure described in the Headphone Compensation Filter Generation paragraph above.

-
Bit-rates for all contents are the same as described above.

[PULLKI97] Pulkki, Ville. “Virtual Sound Source Positioning Using Vector Base Amplitude Panning.” Journal of the Audio Engineering Society 45, no. 6 (June 1, 1997): 456–66.
[TS26260] Technical specification (TS) 26.260, Objective test methodologies for the evaluation of immersive audio systems, https://portal.3gpp.org/desktopmodules/Specifications/SpecificationDetails.aspx?specificationId=3314 
Attributes

Participants were asked to consider all perceptual differences between the systems under test and the reference signal when scoring the basic audio quality.
Presentation of Results

Figure 3 visualizes the absolute scores per test item and bit-rate. Table 2 further summarizes the results across all test items.
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Figure 3: Absolute score and 95 % CI of Codec Quality Characterization test with binaural rendering (Test 2)
Table 2: Summary of Average Scores for Test 2
	System
	High
	Low
	Mean

	spAACe @ 256 kbps
	88.01
	85.46
	86.74

	spAACe @ 384 kbps
	90.00
	87.38
	88.69

	spAACe @ 512 kbps
	94.10
	91.88
	92.99

	LP35
	19.51
	15.09
	17.30

	LP7
	40.29
	35.57
	37.93

	Hidden Reference
	99.47
	98.77
	99.12


All bit-rates have scores not statistically significantly worse than 80 MUSHRA points (Excellent).
D.3
TEST 3: Renderer Comparison Test
Introduction and Experimental Design
Consumption of Virtual Reality content is typically done over headphones with head tracking. As the binaural renderer plays a large role in the audio immersive experience, it is desired to have a test that can assess the performance of the Reference Renderer of a VR audio profile. The test described in TS 26.259 Clause 6 fullfills this need.  Results of the Rendering Comparison Test against the Common Informative Binaural Renderer described in TS 26.118 Clause 4.5 are reported in this Annex.

In the Renderer Comparison Test, the assessors compare a Test Condition against Anchor Conditions on four audio quality Attributes. The presentation of the Test and Anchor Conditions is binaural using head-tracking. For each trial, the Test Condition is compared to one of the Anchor Conditions as an A v. B comparison. To control for possible presentation order biases, the test Conditions are presented to the assessors as sample A in exactly half of the trials. The test was conducted with 12 Test Materials and two Anchors (CIBR 1st order and CIBR 3rd order) for a total of 24 trials. 

The test was divided in two sessions. The first session compared the Reference Renderer against the first Anchor and the second session compared the Reference Renderer against the second Anchor. 

Because the Reference Renderer chosen for the spAACe audio profile is the CIBR 3rd order, the result of the comparison to the second Anchor is trivial (see results section).
Selection of Assessors

The selection of Assessors was consistent with TS 26.259 Clause 6.3. Participants were all members of Qualcomm Advanced Tech R&D group and familiar with critical listening and audio quality evaluation. 13 assessors were selected following pre- and post-screening processes.
Test Materials

The test materials included twenty different signals covering a range of audio content typical of Virtual Reality such as vocals, orchestra music, nature sounds, etc. Each of the three different bit rates was tested with each of the twenty different signals.

Presentation interface

A custom interface in Max/MSP was developed for the purposes of this experiment.
Listening Environment

The listening environment noise floor was compliant to TS 26.259 Clause 6.6.

Listening System

Compliant to TS 26.259 Clause 6.7, the listening system was headphone-based using a Sennheiser HD800 headphone equalized for the Neumann KU100 (same head simulator used for the HRTF database).

Headphone impulse response measurement

A custom MATLAB script for the acquisition of acoustic impulse responses was used to measure the two Sennheiser HD800 headphone drivers with the internal microphones of a Neumann KU100 HATS. A 2.25-second-long logarithmic sine sweep ranging from 20Hz to 22kHz was used to make the measurements. Each driver’s impulse response was measured as the time averaged response over five repeated measurements. To mitigate intra-subject variability, the headphones were removed and replaced between repetitions. After averaging, the impulse response for each driver was truncated to 16,384 samples and windowed by a Tukey window with a taper ratio of 0.7 (generated with the MATLAB function tukeywin). Finally, the two-channel impulse response matrix was normalized to have a maximum absolute sample value of 1 and saved as a WAV file.

Headphone compensation filter generation

Compensation filters for the left and right drivers of the Sennheiser HD800 reference headphones were generated using the impulse responses described in the previous section. The filter design procedure was accomplished in MATLAB, leveraging the AKregulatedInversion method in the AKTools MATLAB toolbox [1]. Regularized least mean squares inversion was used to generate 16,384 sample FIR filters. 1/6th octave smoothed inverted copies of the original headphone impulse responses were used as the regularization curves with β=0.2. The resulting minimum phase inverse filters were fit to a target function defined by a 2nd order 40Hz highpass filter cascaded with a 1st order 20kHz lowpass filter. Finally, the compensation filters were smoothed by 1/6th octave band, windowed in the time domain to a length of 256 samples, and saved to WAV files for future use.
[1] Brinkmann, F. and Weinzierl, S. (2017). AKtools – An Open Software Toolbox for Signal Acquisition, Processing, and Inspection in Acoustics, presented at the 142nd AES Convention. Berlin, Germany.
Listening Level

The listening level was adjusted according to the requirements in TS 26.259 Clause 6.8. It was observed that the CIBR 1st order had a level on average 1dB louder than the CIBR 3rd order. Therefore, a 1dB level attenuation was applied to the CIBR 1st order.
Generation of Anchor/Reference and Test Conditions

Generation of the test and reference conditions was consistent with TS 26.259 Clause 6.9.
Attributes

Four attribues, Timbre, Spatial, Artifacts and Basic Audio Quality were evaluated, consistent with TS 26.259 Clause 6.11. In addition a Loudness scale was also provided.
Presentation of Results

Figure 4 visualizes the absolute scores per test item and bit-rate. Table 2 further summarizes the results across all test items.
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Figure 3: Mean scores and 95 % CI of Renderer Comparison test for Reference Renderer against CIBR 1st order (Test 3)
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Figure 4: Mean scores and 95 % CI of Renderer Comparison test for Reference Renderer against CIBR 3rd order (Test 3)
