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6.1.4
Test of the ISO/IEC 23008-3 MPEG-H 3D Audio scene based coding scheme

The MPEG-H verification test report [36] provides details on four listening tests that were conducted to assess the performance of the Low Complexity (LC) Profile of MPEG-H 3D Audio.
6.1.5
Report of one test on encoding First-Order Ambisonics with 3GPP enhanced AAC+

6.1.5.1
Introduction

The goal of the CODVRA study is to assess the suitability of existing 3GPP audio coding capabilities for enabling Virtual Reality services.

This contribution presents an experiment that was conducted to analyze the performance of HE-AAC v2 when encoding 1st order Ambisonics audio representations. HE-AAC v2 corresponds to Enhanced aacPlus [65] used by 3GPP services. Throughout this study the 3GPP name of the codec Enhanced aacPlus (eAAC+) is used. 

The experiment was conducted with different codec configurations to find suitable configurations required for an appropriate VR QoE under consideration of bit rate constraints.
Specifically, this experiment uses the ITU-R BS.1534-3 [22] methodology to validate that dual stereo eAAC+ streams at reduced bit-rates is a viable transmission format for 4-channel B-format audio delivery over both loudspeaker (7.1.4) and binaural (headphone) endpoints.

6.1.5.2
Test Method

In this experiment, a coding solution was tested at various bit-rates with 10 different test signals. All listeners listened to all test content.

The eAAC+ codec was used to encode stereo pairs at different configurations.

The test material used covers a range of audio content used to provide immersive experiences. The items were created from real recordings, as well as synthetic sounds and were authored in a post-production/mixing stage. 

The test items were of the following type of content:

· amaze2: ambience, nature sounds

· audiosphere2: music, ambience

· bailando2: music, speech

· entity1: ambience

· leap1,2: ambience, nature sounds, speech

· santeria2: music, ambience, nature sounds

· silent6,7: music, ambience, nature sounds

· unfold1: ambience, synth-glitch hits

Testing was conducted in a critical, noise insulated (NC20) listening room with acoustic wall treatment.
Speaker-based listening and headphone-based listening tests were conducted.
For speaker presentation, all test material was rendered to a 7.1.4 speaker layout.

Loudspeaker delivery used Revel Salon 2 floor and Gem 2 ceiling speakers with Paradigm subwoofers. More specifically 5 inch single-cone full-range drivers were employed in a cabinet that is custom made for the listening room, to be as small as practicable possible. The speakers were placed at a distance of approximately 2.0m from the listener.
For headphone listening the material was subsequently binauralized. Headphones used were Sennheiser HD-600s with a Grace amplifier. No individualized HRTF were used in this test and this may affect the test scores negatively. No head-tracking was used in this test.

The participants were all members of Dolby Laboratories Inc. and experienced in audio quality evaluation. Post-screening of assessors was per ITU-R BS.1534-3 [22] section 4.1.2 and all assessors passed post-screening.
The listening panel contained 7 assessors for the loudspeaker listening test and 8 for headphone listening test.
Participants were asked to consider all perceptual differences, including spatial characteristics, between the configurations under test and the reference signal when scoring the basic audio quality. They reported these measures of degradation on a 100 point ‘MUSHRA’ scale in accordance with the ITU-R BS.1534-3 [22] methodology, with standardized verbal anchors (100-80 is ‘excellent’, 60-80 ‘good’, 40-60 ‘fair’, 20-40 ‘poor’ and 0-20 ‘bad’).

6.1.5.3
Processing First-Order Ambisonics for Stereo eAAC+ Encoding
For the experiment, the original 7.1.4 signals were firstly down-mixed to First-Order Ambisonics representation. This was performed using a 4x12 matrix operation, with each speaker feed being panned to B format according to its direction of arrival, with no Near-Field-Compensation. In this operation, the LFE channel was ignored. The First-Order Ambisonics (FOA) signals were defined in terms of the standard Schmidt-Normalized ACN channel format (this is also often referred to as AmbiX format). As found based on theoretical considerations and confirmed by informal experiments, the four channels of the FOA signals are unsuitable for direct encoding/decoding via two stereo instances of eAAC+ at low bit-rates, due to the occurrence of out-of-phase components between each of the channel pairs.

Accordingly, the FOA signals were prepared for eAAC+ encoding by first remixing them into A-Format – in the form of 4 cardioid virtual-microphone signals. These 4 A-Format signals are defined as follows:

	Signal Name
	Orientation
	Meaning

	FL
	Azimuth: +54.7(, Elevation 0(
	Front left facing cardioid

	FR
	Azimuth: (54.7(, Elevation 0(
	Front right facing cardioid

	BU
	Azimuth: 180(, Elevation +54.7(
	Back upward facing cardioid

	BD
	Azimuth: 180(, Elevation (54.7(
	Back downward facing cardioid


The four cardioid signals of A-Format are created from the FOA signals via a linear mixing matrix:
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The mixing process is applied as follows:
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The overall process is shown in the following diagrams. Encoding is performed by mixing the FOA components into A-Format, splitting the A-Format signals into two stereo pairs, and encoding the stereo pairs with an eAAC+ encoder:
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Decoding is performed by the reverse process:
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wherein the [image: image6.png]


 matrix is defined as:
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and hence, the FOA signals are recovered by the following matrix operation:
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Finally, the FOA signal went through an up-mix stage back to 7.1.4 representation, using a sub-band approach and direct panning to all of the 7.1.4 speaker channels. 

Note: The eAAC+front signal may also be utilized as a stereo version of the original sound-field, being very similar to a standard “crossed cardioid” stereo recording (typical crossed-cardioid recordings make use of a pair of cardioid microphones at (45(, whereas the FL and FR signals represent cardioids at (54.7(). This stereo pair is suitable for listening on standard stereo playback devices.

Figure 6.3 visualizes the audio processing stages as described above.
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Table 6.5 summarizes the tested configurations.

Table 6.5: Configurations under test

	Item
	Description 
	Configuration

	1
	FOA reference
	7.1.4->(downmix)->B-A-BFormat->(upmix)->7.1.4

	2
	7.0 LP Anchor
	7.1.4->(downmix)->B-A-BFormat->(upmix)->7.1.4->(lowpass7.0k)->7.1.4

	3
	3.5 LP Anchor
	7.1.4->(downmix)->B-A-BFormat->(upmix)->7.1.4->(lowpass3.5k)->7.1.4

	4
	eAAC+:2x96kbps
	7.1.4->(downmix)->B-AFormat->(eAAC+:2x96kbps)->A-BFormat->(upmix)->7.1.4

	5
	eAAC+:2x64kbps
	7.1.4->(downmix)->B-AFormat->(eAAC+:2x64kbps)->A-BFormat->(upmix)->7.1.4

	6
	eAAC+:2x48kbps
	7.1.4->(downmix)->B-AFormat->(eAAC+:2x48kbps)->A-BFormat->(upmix)->7.1.4

	7
	eAAC+:2x32kbps
	7.1.4->(downmix)->B-AFormat->(eAAC+:2x32kbps)->A-BFormat->(upmix)->7.1.4


6.1.5.4
Results
Figure 6.4 visualizes the absolute scores per test item and mean scores for all items. Table 6.6 below further summarizes the results across all test items. Figure 6.5 and Table 6.7 describe results for binaural delivery.

Figure 6.4: B-format extension using eAAC+, 7.1.4 loudspeaker configuration
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Table 6.6: Loudspeaker scores
	item
	Amaze 2
	Audiosphere 2
	Bailando 2
	Entity 1
	leap 1
	leap 2
	santeria 2
	silent 6
	silent 7
	unfold 1
	all items

	REF
	100
	93
	99
	98
	99
	95
	100
	98
	100
	99
	98

	lp35
	28
	26
	24
	27
	28
	27
	27
	25
	26
	28
	27

	lp70
	39
	45
	40
	44
	43
	41
	42
	46
	44
	43
	43

	c96
	88
	93
	93
	93
	95
	93
	92
	93
	86
	95
	92

	c64
	81
	88
	90
	89
	88
	83
	83
	85
	83
	85
	85

	c48
	72
	80
	83
	74
	82
	79
	82
	81
	79
	77
	79

	c32p
	65
	77
	74
	75
	75
	80
	73
	72
	72
	77
	74


Figure 6.5: B-format extension to eAAC+, binaural rendering
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Table 6.7: Binaural scores
	item
	Amaze 2
	Audiosphere 2
	Bailando 2
	Entity 1
	leap 1
	leap 2
	santeria 2
	silent 6
	silent 7
	unfold 1
	all items

	REF
	100
	100
	99
	100
	100
	100
	99
	100
	100
	100
	100

	lp35
	18
	21
	20
	20
	23
	23
	19
	22
	19
	22
	21

	lp70
	33
	44
	36
	38
	42
	39
	35
	40
	36
	39
	38

	c96
	88
	94
	93
	92
	88
	89
	93
	91
	91
	91
	91

	c64
	79
	88
	85
	86
	84
	84
	87
	87
	84
	82
	85

	c48
	69
	78
	83
	69
	77
	68
	75
	77
	69
	74
	74

	c32p
	59
	72
	71
	70
	73
	70
	74
	70
	62
	67
	69


6.1.5.5
Conclusions

In this study, a workflow is tested in which a 4-channel B-format content stream is represented through 2 stereo eAAC+ streams. The workflow requires no changes to the existing 3GPP eAAC+ format and merely performs simple matrixing pre- and post-processing operations, from B to A-format and the reverse. Due to its simplicity this workflow is attractive for delivering 1-st order Ambisonic sound for VR and related applications.

The mean rate distortion curves for both endpoints are roughly linear, giving a good measurement of expected quality/bitrate trade-offs. Mean scores for the headphone endpoint are overall slightly lower than loudspeaker, as expected for this more-critical endpoint, but the shift is consistently very small (<5 MUSHRA points).

Together, these data indicate that dual stereo eAAC+ streams can reliably carry B-format audio, after conversion to A-format, with no unexpected encoding artifacts inherent to B-format.

Figure  6.3� SEQ Figure \* ARABIC �1�: Audio processing stages
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