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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 large-scale listening tests that were conducted to assess the performance of the Low Complexity (LC) Profile of MPEG-H 3D Audio. Test material was either channel-based, channel plus objects, or scene-based, as Higher Order Ambisonics (HOA) of a designated order, possibly also including objects. Three tests were conducted over loudspeakers and one test over headphones binaurally rendered.

In addition to [36] listening tests were conducted to characterize the OMAF 3D Audio Baseline media profile, which builds upon MPEG-H 3D Audio. Those results are documented in Annex X of this document.

6.2.3
Test of the ISO/IEC 23008-3 MPEG-H 3D Audio object-based coding scheme

Listening tests were conducted to characterize the OMAF 3D Audio Baseline media profile, which builds upon MPEG-H 3D Audio. Those results are documented in Annex X of this document.
6.3.2
Test of the ISO/IEC 23008-3 MPEG-H 3D Audio channel-based coding scheme

The MPEG-H verification test report [36] provides details on four large-scale listening tests that were conducted to assess the performance of the Low Complexity (LC) Profile of MPEG-H 3D Audio. Test material was either channel-based, channel plus objects, or scene-based, as Higher Order Ambisonics (HOA) of a designated order, possibly also including objects. Three tests were conducted over loudspeakers and one test over headphones binaurally rendered.
In addition to [36] listening tests were conducted to characterize the OMAF 3D Audio Baseline media profile, which builds upon MPEG-H 3D Audio. Those results are documented in Annex X of this document.
Annex X:
Audio Quality Characterization Results for the OMAF 3D Audio Baseline Media Profile
X.1
Test Setup

X.1.1
Test 1
The subjective listening tests were carried out based on the test items submitted by Dolby, Fraunhofer IIS, Qualcomm, and Xperi for VRStream Audio Media Profile testing. The test procedure was a “MUlti Stimulus test with Hidden Reference and Anchor (MUSHRA)” based on Recommendation ITU-R BS.1534-3 [X1] for the subjective assessment of intermediate quality audio for assessing the ‘Basic Audio Quality’ attribute described in [X1].
Loudspeaker tests “Test 1” were conducted in the acoustically isolated listening lab ‘Mozart’ at Fraunhofer IIS, which fulfills the room acoustics requirements described in BS.1116-2 [X2]. The signals were presented to the listeners using a high quality speaker setup, consisting of 30 Dynaudio BM6A MKII speakers (only 12 were active) and one Geithain TT920 subwoofer. 
The reference and hidden reference conditions are the source test materials rendered to the loudspeaker setup through the reference renderer of the OMAF 3D Audio Baseline Profile with the coding bypassed, as required in [X7], clause 5.9.

The test conditions were generated with the target operating points of 256, 384, and 512 kbps. For 1st order Ambisonics contents only the target bitrate was set to 128kbps, as specified in [X7], clause 5.10. The renderer used for the test conditions has been the same renderer as used for the anchors and reference conditions.

Test 1 was conducted as three separate sessions, with sessions 1a and 1b using the same assessors to allow the pooling of all test signals for statistical analysis at the bit rates of 256, 384, and 512 kbps. An additional session 1c was conducted, which only evaluated the FOA contents at 128kbps. The test signals used have been derived from the ‘pure’ HOA signals by truncation to 1st order, as specified in [X4], clause 3.3.

X.1.2
Test 2

The subjective listening tests for Test 2 were carried out based on the test items submitted by Dolby, Fraunhofer IIS, Qualcomm, and Xperi for VRStream Audio Media Profile testing. For testing FOA contents, the ‘pure’ HOA signals were truncated to 1st order. The test procedure was a “MUlti Stimulus test with Hidden Reference and Anchor (MUSHRA)” based on Recommendation ITU-R BS.11534-3 [X1] for the subjective assessment of intermediate quality audio for assessing the ‘Basic Audio Quality’ attribute described in [X1].
The test conditions were generated with the target operating points of 256, 384, and 512 kbps. For 1st order Ambisonics contents only the target bitrate was set to 128kbps, as specified in [X7], clause 5.10. The renderer used for the test conditions has been the same renderer as used for the anchors and reference conditions.
“Test 2” headphone listening tests were conducted in acoustically treated listening rooms using STAX headphones.

Test 2 was conducted as three separate sessions, with sessions 2a and 2b using the same assessors to allow the pooling of all test signals for statistical analysis at the bit rates of 256, 384, and 512 kbps. An additional session 2c was planned, which only evaluates the FOA contents at 128kbps, however an error in the processing was discovered after the upload deadline to the ETSI server for the crosscheck labs; therefore, Test 2c results are not presented and cross check labs have been informed that a crosscheck of Test 2c is void.

X.1.3
Test3

The subjective listening tests for Test 3 were carried out based on the test items, submitted by Dolby, Fraunhofer IIS, Qualcomm, and Xperi for VRStream Audio Media Profile testing and selected by the SA4 secretary for Test 3. The test procedure was according to [X7].
“Test 3” headphone listening tests were conducted in acoustically treated listening rooms using Beyerdynamic DT 990 pro headphones with an HTC Vive tracker mounted on top.

X.2
Training and Introduction Phase
As recommended in BS.1534-3, the participants were first introduced to the test environment and given a training session (consisting of the items following the item submission criteria, but none of the actual test items) before performing the actual listening test.
X.3
Test Panel

As these listening tests are aimed to evaluate audio not at intermediate but very high quality, only participants were chosen that were considered to be expert listeners, as required in clause 5.3 of [X7].

Participants at the Fraunhofer IIS test site were chosen from the Audio Division at Fraunhofer IIS that were considered to be expert listeners, additionally external expert listeners participated in the test. All external listeners have undergone a defined training program and participated in prior Listening Tests and proven to be critical and reliable listeners. 

Of the listeners 3 were female, 19 male. Listener age ranged from 21 to 33 years.
In compliance with BS.1534-3 we used following rules for post-screening in Tests 1 and 2: 

· none of the hidden references are supposed to be rated below 90 and 

· none of all midrange anchors are to be rated lower than low anchors.
For Test 3 no post-screening was applied.
Table X.1: Listeners per Test
	Test 
	Listeners 
	After Post Screening 

	Test 1
	12 
	12 

	Test 1 FOA
	18
	17

	Test 2
	16 
	12 

	Test 3 HOA3
	12
	12

	Test 3 FOA
	12
	12


X.2
Generation of bit streams for the Test Materials

X.2.1
Encoding, Decoding, and Rendering Process
The bit streams for Test 1 and Test 2 were generated as outlined below:
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Figure X.1a: Processing Workflow for degraded conditions in Tests 1(a,b) and Test 2(a,b)
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Figure X.1b: Processing Workflow for reference/anchor conditions in Tests 1(a,b) and Test 2(a,b)
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Figure X.2a: Processing Workflow for degraded conditions in FOA Tests 1c and 2c
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Figure X.2b: Processing Workflow for reference/anchor conditions in FOA Tests 1c and 2c
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Figure X.3: MPEG-H Processing Workflow for Test 3
Figures X.1 and X.2 show the codec and processing work flow used to generate the Speaker- and Headphonesignals used in the Listening Tests 1 and 2. The depicted Processing Steps are shortly explained here:
Truncation to 1st Order
· “pure” HOA Test material is truncated to FOA i.e. keeping only first 4 ambisonic components (W,X,Y,Z).
· Is only used for Test 1c and 2c
3GPP Input Files Conversion (3gpp->.wav+.xml)

· All PCM Wave files of an original test item are multiplexed into one Interleaved Multichannel PCM wav transparently (reversible).
· Test Item configuration (speaker signal positions, HOA order, number of Objects) of each VRStream Test Material is converted to Control Metadata .xml file for the encoder

· Object Metadata is repackaged into MPEG-H encoder input format (also stored in MPEG-H metadata .xml file):
· Resulting files:

· Multichannel PCM .wav

· Metadata .xml

MPEG-H Encoding:

· Input to Encoder:
· Multichannel PCM .wav

· Metadata .xml

· User Parameter: Overall Bitrate (128, 256, 384 or 512 kbps)

· Encoder Output:
· MPEG-H Bitstreams encapsulated in ISO BMFF files
· Same bitstreams used as decoder input for Test 1 and Test 2

Decoding and “Rendering”

· Input to Decoder:
· MPEG-H Bitstreams (256, 384 or 512 kbps; 128 kbps for FOA) encapsulated in ISO BMFF files
· Decoder Output:
· Test 1: Decoded Audio signals rendered to 7.1.4 Loudspeaker Setup
· Test 2a,b: Decoded Intermediate Audio Signals rendered to ESD configuration with 16 Fliege points

· Test 3: Decoded Intermediate Audio Signals and metadata according to the “External Renderer Interface for MPEG-H 3D Audio” 
Binaural Rendering with CIBR
· Input to Renderer:

· Test 2a,b Intermediate Audio Signals rendered to ESD configuration with 16 Fliege points

· Test 2c Intermediate Audio Signals rendered to ESD configuration with 4 Fliege points
· Renderer Output:
· Binauralized Stereo Audio Signals for Headphone Representation
MPEG-H Reference Renderer for loudspeakers
· MPEG-H Reference Renderer Inputs:
· Multichannel PCM .wav

· Metadata .xml

· User Parameter: Target Configuration 7.1.4 (CICP 19),  ESD configuration with 4 or 16 Fliege points (for binaural rendering)

· Transparent rendering of channel content:

· 7.1.4 Channel Signals will be routed directly to loudspeakers

· Renderer Output:

· Test 1: Decoded Audio signals rendered to 7.1.4 Loudspeaker Setup
· Test 2a,b: Decoded Intermediate Audio Signals rendered to ESD configuration with 16 Fliege points

X.2.2
Bitrates

The MPEG-H encoder was configured to use the aforementioned target bit rates during the encoding. Deviation from the target bitrate for the items in the test is caused by the bit reservoir used in the MPEG-H encoder. It allows a varying frame wise bit budget while maintaining a constant overall bitrate. The size of the bit reservoir is specified by the buffer requirements in [3DA], which are met for all test conditions. The actually used bitrates and the deviations (which is the difference of Bitrate and Target bitrate over Target bitrate) are as follows:

Table X.2: Actual bit rates for the 128kbps Test Condition (FOA contents)

	Item name
	Target bitrate [bps]
	Bitrate [bps]
	Deviation

	hoa_Capoeira
	128000
	129477
	0.012

	hoa_CosmosJungle
	128000
	129512
	0.012

	hoa_DronesAndAnimals
	128000
	129385
	0.011

	hoa_Flamenco
	128000
	128967
	0.008

	hoa_HOA3_Farm
	128000
	128458
	0.004

	hoa_HOA6_Musicopter
	128000
	129278
	0.010


Table X.3: Actual bit rates for the 256kbps Test Condition

	Item name
	Target bitrate [bps]
	Bitrate [bps]
	Deviation

	cha_CICP19+2DynObj_Festival
	256000
	256000
	0.000

	cha_CICP19_1A
	256000
	257261
	0.005

	cha_CosmosTwister
	256000
	259355
	0.013

	cha_Indiana
	256000
	256363
	0.001

	cha_LaLechera
	256000
	256254
	0.001

	cha_PitStop
	256000
	259886
	0.015

	cha_silent_B_ref
	256000
	258491
	0.010

	hoa_audiosphere_A_hiDef_VRStream
	256000
	257999
	0.008

	hoa_Capoeira
	256000
	258458
	0.010

	hoa_CosmosJungle
	256000
	258776
	0.011

	hoa_DronesAndAnimals
	256000
	258626
	0.010

	hoa_HOA6_Musicopter
	256000
	257730
	0.007

	hoa_silent_A_hiDef_VRStream
	256000
	257955
	0.008

	obj_8Obj_Music+Bird
	256000
	256248
	0.001

	obj_8Obj_Reservoir
	256000
	256369
	0.001

	obj_audiosphere_B_hiDef_VRStream
	256000
	259387
	0.013

	obj_Fork
	256000
	256227
	0.001

	obj_JammJam
	256000
	260076
	0.016

	obj_leaf_A_hiDef_VRStream
	256000
	258314
	0.009

	obj_Spoon
	256000
	257199
	0.005


Table X.4: Actual bit rates for the 384kbps Test Condition

	Item name
	Target bitrate [bps]
	Bitrate [bps]
	Deviaton

	cha_CICP19+2DynObj_Festival
	384000
	384000
	0.000

	cha_CICP19_1A
	384000
	384624
	0.002

	cha_CosmosTwister
	384000
	387310
	0.009

	cha_Indiana
	384000
	384554
	0.001

	cha_LaLechera
	384000
	384381
	0.001

	cha_PitStop
	384000
	387396
	0.009

	cha_silent_B_ref
	384000
	386635
	0.007

	hoa_audiosphere_A_hiDef_VRStream
	384000
	386336
	0.006

	hoa_Capoeira
	384000
	385936
	0.005

	hoa_CosmosJungle
	384000
	386128
	0.006

	hoa_DronesAndAnimals
	384000
	385666
	0.004

	hoa_HOA6_Musicopter
	384000
	384980
	0.003

	hoa_silent_A_hiDef_VRStream
	384000
	386973
	0.008

	obj_8Obj_Music+Bird
	384000
	383902
	-0.000

	obj_8Obj_Reservoir
	384000
	384000
	0.000

	obj_audiosphere_B_hiDef_VRStream
	384000
	387494
	0.009

	obj_Fork
	384000
	384341
	0.001

	obj_JammJam
	384000
	386171
	0.006

	obj_leaf_A_hiDef_VRStream
	384000
	386520
	0.007

	obj_Spoon
	384000
	384341
	0.001


Table X.5: Actual bit rates for the 512kbps Test Condition

	Item name
	Target bitrate [bps]
	Bitrate [bps]
	Deviation

	cha_CICP19+2DynObj_Festival
	512000
	512000
	0.000

	cha_CICP19_1A
	512000
	512001
	0.000

	cha_CosmosTwister
	512000
	514303
	0.004

	cha_Indiana
	512000
	512812
	0.002

	cha_LaLechera
	512000
	512509
	0.001

	cha_PitStop
	512000
	513755
	0.003

	cha_silent_B_ref
	512000
	514029
	0.004

	hoa_audiosphere_A_hiDef
	512000
	513813
	0.004

	hoa_Capoeira
	512000
	513677
	0.003

	hoa_CosmosJungle
	512000
	513709
	0.003

	hoa_DronesAndAnimals
	512000
	512931
	0.002

	hoa_HOA6_Musicopter
	512000
	512427
	0.001

	hoa_silent_A_hiDef_VRStream
	512000
	514916
	0.006

	obj_8Obj_Music+Bird
	512000
	511920
	-0.000

	obj_8Obj_Reservoir
	512000
	512000
	0.000

	obj_audiosphere_B_hiDef_VRStream
	512000
	515038
	0.006

	obj_Fork
	512000
	512454
	0.001

	obj_JammJam
	512000
	513944
	0.004

	obj_leaf_A_hiDef_VRStream
	512000
	514509
	0.005

	obj_Spoon
	512000
	512454
	0.001


X.4
Codec Quality Characterization Tests

X.4.1
Introduction

For the OMAF 3D Audio Baseline Profile Fraunhofer IIS conducted a series of tests, as required in [X4]. This includes testing over loudspeakers and over headphones.
X.4.2
Listening Test over Loudspeakers (Test 1)

Test 1 was conducted in Room Mozart at Fraunhofer IIS. In each test, presentation of test signals was randomized for each listener.

X.4.2.1
Original Content (Tests 1a and 1b)

Test 1 for the original (non-FOA) contents was split into two sessions Test 1a and 1b with 10 items each, as defined in [X4]. Listeners randomly started with one of the Tests 1a or 1b.
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Test1: Average and 95% Confidence Intervals (12 Listeners)
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Figure X.4 Mean rating with 95% confidence interval of MUSHRA scores for Test 1 (1a and 1b aggregated)

Figure X.4 shows mean ratings with 95 % confidence interval (computed assuming normally distributed data and applying a t-distribution) for each item as well as pooled over all items. For all bit rates under test the MPEG-H codec shows an “Excellent” overall mean score significantly better than 80 MUSHRA points for all test material (HOA, Channels and Objects). Also, for all of the test items and for each of the bit rates the MPEG-H codec is statistically not worse than 80 MUSHRA points with all but one item mean scores rating “Excellent”.

Table X.6: Mean values and confidence intervals for Test 1  (1a and 1b aggregated)

	Condition
	Mean
	Ci_high
	Ci_low

	HR
	99.2
	99.5
	99.0

	LP35
	20.8
	21.2
	20.5

	LP70
	40.1
	40.3
	39.8

	256000
	86.5
	88.0
	85.1

	384000
	91.2
	92.4
	90.1

	512000
	93.9
	94.8
	93.0


X.4.2.3
FOA Content (Test 1c)

All “pure” High Order Ambisonics testsignals available as Test Material for VRStream testing were converted to FOA by truncating higher (> 1st) order coefficients to generate the FOA test signals, as specified in [X4] for a session 1c, consisting of FOA test signals only (references, anchors, and degraded condition).
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Figure X.5 Mean rating with 95% confidence interval of MUSHRA scores for FOA Content (Test 1c)

Figure X.5 shows mean ratings with 95 % confidence interval (computed assuming normally distributed data and applying a t-distribution) for each item as well as pooled over all items. The MPEG-H codec provides “Excellent” audio quality when encoding FOA signals at 128 kbps i.e. it scores significantly better than 80 MUSHRA points on average. For each test item audio quality is rated statistically not worse than “Excellent” with all mean scores rating above 80 MUSHRA points.

Table X.7: Mean values and confidence intervals for FOA Content (Test 1c)

	Condition
	Mean
	Ci_high
	Ci_low

	HR
	99.5
	99.9
	99.2

	128000
	85.2
	87.7
	82.7

	LP35
	20.0
	20.7
	19.4

	LP70
	39.1
	40.1
	38.1


X.4.2.4
Summary
For all bit rates under test the MPEG-H codec shows an “Excellent” overall mean score significantly better than 80 MUSHRA points for all test material (HOA, Channels and Objects) if evaluated over loudspeakers. Also, for all of the test items and for each of the bit rates the MPEG-H codec is statistically not worse than “Excellent” ,i.e. 80 MUSHRA points.
X.4.3
Listening Test over Headphones (Test 2)

X.4.3.1
Introduction

Tests over headphones were conducted as defined in [X4] and [X7]. All stimuli have been binauraly rendered using the Common Informative Binaural Renderer (CIBR). A definition of the CIBR can be found in [X6], clause 4.6.1.2. The CIBR employs the SADIE KU100 HRTFs [X11] for binaural rendering. The headphone equalization in [X7], clause 7.7, has been omitted due to unavailability of equalization filters for the combination of STAX headphones and Neumann KU100 dummy head when the tests were conducted by Fraunhofer IIS.

The reference and hidden reference conditions are the source test materials binaurally rendered to headphones through the CIBR. The ESD signals with 16 Fliege points as input to the CIBR were rendered through the reference renderer of the OMAF 3D Audio Baseline Profile with the coding bypassed, which is that the rendering of channels and objects content to the virtual loudspeakers in ESD configuration is performed using the VBAP implementation specified in [X5], clause FC and [46] clause 8, respectively.

The same encoded bitstreams as for the loudspeaker tests (Test 1) have been used to generate the ESD signals, correspondingly the bitrates used for Test 2 are identical to Test 1, as reported in Table XX.
In each test presentation of test signals the presentation order was randomized for each listener.
X.4.3.2
Original Content (Tests 2a and 2b)
Test 2 was split into two sessions Test 2a and 2b with 10 items each as defined in [X4]. Listeners randomly started with one of the Tests 2a or 2b. 
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Figure X.6 Mean rating with 95% confidence interval of MUSHRA scores for Test 2 (2a and 2b aggregated)

Figure X.6 shows mean ratings with 95 % confidence interval (computed assuming normally distributed data and applying a t-distribution) for each item as well as pooled over all items. For all bit rates under test the MPEG-H codec shows an “Excellent” overall mean score significantly better than 80 MUSHRA points for all test material (HOA, Channels and Objects). Also, for all of the test items and for each of the bit rates the MPEG-H codec is statistically not worse than 80 MUSHRA points with all but one item mean scores rating “Excellent”.

Table X.8: Mean values and confidence intervals for Test 2 (2a and 2b aggregated)
	Condition
	Mean
	Ci_high
	Ci_low

	HR
	99.1
	99.4
	98.8

	LP35
	20.2
	20.4
	20.0

	LP70
	40.6
	41.0
	40.1

	256000
	86.6
	88.0
	85.2

	384000
	91.8
	92.8
	90.8

	512000
	94.1
	95.0
	93.1


X.4.3.3
FOA Content (Test 2c)
X.4.3.4
Summary
For all bit rates under test the MPEG-H codec shows an “Excellent” overall mean score significantly better than 80 MUSHRA points for all test material (HOA, Channels and Objects) when evaluated over headphones using the Common Informative Binaural Renderer. Also, for all of the test items and for each of the bit rates the MPEG-H codec is statistically not worse than “Excellent”, i.e. 80 MUSHRA points.
X.4.4
Reference Binaural Renderer Quality Characterization Tests 

X.4.4.1
Introduction

X.4.4.2
Test System Implementation
X.4.4.2.1
Overview
Max/MSP was used to implement the test framework as required in [X7], clause 6. Figure X.7 shows a high-level block diagram for the implementation. More information on Max/MSP can be found on [X8].
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Figure X.7 – High Level block diagram of Test 3 implementation on MAX/MSP.
The application takes a folder containing each test item in 2 formats, one reference in ESD format and one folder of multi mono files with text files describing the position and type of each source for the System under Test (SuT).

Anchor/reference conditions were processed according to [X7], clause 6.9.

For the anchor/reference conditions, the rendering of channels and objects content to the virtual loudspeakers in ESD configuration is performed using the VBAP implementation specified in [X5], clause FC and [46], clause 8, respectively.

For the test conditions, the mono files for the SuT were created by encoding and decoding the original Test Materiala at a very high bit rate and exported via the external renderer interface of MPEG-H specified in [X3]. The encoding and decoding steps are performed in the same way as described in X.2.1.The metadata was converted to text files for easy parsing inside of Max/MSP.

The application can then send the reference audio data in ESD format to the Common Informative Binaural Renderer (CIBR) and the multi mono files to the System Under Test. Both renderers are run in parallel when the user presses play. An A/B switch allows the user to listen to each condition individually for comparison and switch seamlessly between A and B. A definition of the CIBR can be found in [X6], clause 4.6.1.2.
The Max/MSP application was then running on macOS systems, more specifically on a Mac mini (late 2012) with an Intel CoreTM i7 and 16GB DDR3 RAM. A second test machine was a Mac mini (late 2014) with an Intel CoreTM i7 and 16GB DDR3 RAM. Both machines were running Mac OS 10.13 High Sierra.
X.4.4.2.2
Graphical User Interface
The Graphical User Interface (GUI) is depicted in Figure X.8. The listener can switch seamlessly between the two decoding processes through an A/B switch for the purposes of comparison. By default, a loop section is enabled around the entire item. The user can control the start and stop points of the looped region and start/stop the playback.

The listener is presented with 5 sliders, which can be used to rate four different audio quality attributes (Timbre, Spatial Quality, Artifacts and Basic Audio Quality), as defined in [X7]. These sliders have a discrete scale from -3 to +3. The default rating on startup is zero. A separate slider can be used to rate the loudness difference between the items. This is presented separately to the main four attributes being tested. 
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Figure X.8 – Graphical User Interface of Test 3 in Max/MSP
X.4.4.2.3
Motion Sensing
The motion sensing system used for Test 3 was the HTC Vive tracker for head-tracking (see [X9]). The tracker is attached to the top of a Beyerdynamic DT 990 Pro headphone via a screw fitting through the headband as shown in Figure 3, allowing for comfortable listening. The rotation information from the tracker is received via OSC Messages in the Max Application. This is then forwarded to both the CIBR path and the System under Test. The zero position of the tracker is set for each listener at the beginning of the test.
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Figure X.9 – HTC Vive Tracker mounted to Beyerdynamic DT 990 Pro Headphone [X10]

X.4.4.2.4
CIBR Implementation

The CIBR implementation in [X4] comprises three VST plugins in series to achieve the desired output. The system is realized as a Max/MSP object which takes sixteen channels of input audio in the equivalent spatial domain (ESD) format and outputs a two-channel binauralized signal. For a definition of the ESD and Fliege point locations see [3GPP 260].

Firstly, the sixteen-channel ESD is converted to 3rd order B-Format Ambisonics via an inverse HOA matrix. This sixteen-channel HOA signal is then fed into an ambisonics rotator and rotated using Euler angles received from the head tracking device. This rotated HOA Signal is then binauralized in real-time, resulting in a stereo signal.

The VST plugins used in this implementation are the Ambix_decoder_o3, which is used in reverse to encode 3rd order B-Format Ambisonics from a sixteen-channel ESD signal. The ambiX_rotator_o3 is used to rotate this Ambisonics signal in the Ambisonics domain. Finally, ResonanceAudioMonitorVst from Google is used to render the Ambisonics to a binauralized stereo signal. A link to these plugins can be found in [3GPP 260].

For the second test (Test 3b) a slightly different CIBR Implementation is used, which differs in that it renders 1st order Ambisonics from a four-channel audio signal in the ESD format. The remaining signal chain is the same as above, however the sixteen channel signals are replaced with four-channel signals. The ResonanceAudioMonitorVST was also recompiled to use 1st order Ambisonics as input and rendering.

X.4.4.2.5
System Under Test

The system under test is the example external binaural renderer specified in Annex X of [X3]. For implementation reasons in the Max/MSP test framework, VST plugins were used where possible. The SuT accepts the input from the external renderer interface as channels, objects, and HOA (as ESD) and associated metadata and renders them as outlined in Annex X of [X3]. The ‘GBR’ (Generic Binaural Renderer) VST plugin and the ambiX plugins are used to implement the system described in Annex X of [X3]. The input folder includes text files which give information on the position of each audio channel to be rendered, as well as a file describing the type of HOA included in the item, if one is included. This information is parsed and routed so that the positional information is received by the GBR VST and the HOA information is received by both the GBR VST and ambisonics decoders. Information on the order of the HOA in ESD format is used to determine which ESD-to-HOA matrix should be used for conversion to a 3rd order Ambisonics. Audio for channels and objects is fed directly to the GBR VST, whereas the Ambisonics signals are first fed to a the ambiX decoder using the correct encoder matrix to convert to HOA3. The HOA3 signals are rotated in the Ambisonics domain using the ambiX rotator VST plugin, before being converted back to ESD using the ambiX decoder VST plugin for binaural rendering inside the GBR VST. To avoid a double headrotation, the headrotation in GBR is disabled for channels containing Ambisonics audio.

The HRIR used for both the System under Test and the CIBR is the SADIE KU100 [X11]. Due to loudness differences, as outlined in clause X.4.4.2.8, the level of the HRIRs for the SuT was increased by 1.5dB.
A diagram of how the system under test was integrated is shown in Figure X.10.

[image: image12.png]GBR

B HOA order info (metadata) P N
e ‘ ‘
S Sate andDaric oston (et
s aen
) v
R
> B
o
P L —
| Decoder | J
Playback (groove-) >< ESD5 to
R A | B0 |





Figure X.10 – Implementation of the System under Test from Fraunhofer IIS

X.4.4.2.6
HRIR
The current Google Resonance Plugins do not provide a simple method for switching the HRIR set. Because the HRIR set must be kept the same between the two binaural rendering conditions, the binaural renderer under test must be configured with the Neumann KU100 binaural head HRIR set from the SADIE database found at [X11]. 

X.4.4.2.7
Equalization

The headphone equalization in [X7], clause 6.7, has been omitted due to unavailability of equalization filters for the combination of the Beyerdynamic DT 990 Pro headphones and Neumann KU100 dummy head when the tests were conducted.
X.4.4.2.8
Loudness adjustment

A preliminary test was conducted with six listeners to investigate the suitability of the test administration system platform for conducting Test 3. The preliminary test consisted of 12 items and the system under test is as described in Annex X of [X3]. The preliminary test showed that overall, the CIBR implementation for HOA3 and FOA was louder than the system under test. To combat this in the final tests, the level of the system under test was increased by 1.5dB to match the overall level of the CIBR implementations.
X.4.4.3
Test Results

In accordance to the Test 3 specification in [X7], the System under Test was compared to the two CIBR variants, against the HOA3 CIBR and the FOA CIBR.

Figure X.11 shows mean ratings of the comparison of the System under Test and the HOA3 CIBR with 95 % confidence interval (computed assuming normally distributed data and applying a t-distribution) for each item as well as pooled over all items.
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Figure X.11 – Plot of Test Results for the comparison of SuT vs. CIBR HOA3 (Test 3a)

Table X.9 – Table of Test Results for the comparison of SuT vs. CIBR HOA3 (Test 3a)

	item_name
	variable
	ci_lower
	mean
	ci_upper

	overall
	TIM
	-0,67044
	-0,46528
	-0,26012

	
	SPA
	-0,72944
	-0,53472
	-0,34

	
	ART
	-0,28955
	-0,11806
	0,053437

	
	BAQ
	-0,50866
	-0,33333
	-0,15801

	
	LOUD
	-0,34026
	-0,21528
	-0,09029


Figure X.12 shows mean ratings of the comparison of the System under Test and the FOA CIBR with 95 % confidence interval (computed assuming normally distributed data and applying a t-distribution) for each item as well as pooled over all items.
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Figure X.12– Plot of Test Results for the comparison of SuT vs. CIBR FOA (Test 3b)

Table X.10 – Table of Test Results for the comparison of SuT vs. CIBR FOA (Test 3b)

	item_name
	variable
	ci_lower
	mean
	ci_upper

	overall
	TIM
	-0,70734
	-0,49306
	-0,27877

	
	SPA
	-1,34644
	-1,09028
	-0,83411

	
	ART
	-0,18997
	0,027778
	0,24553

	
	BAQ
	-0,45754
	-0,25
	-0,04246

	
	LOUD
	0,061412
	0,256944
	0,452477


X.4.3.4
Summary
The System under Test performs significantly better than the CIBR reference for both HOA3 and FOA CIBR implementations for the Timbre, Spatial, and Basic Audio Quality scales. On the Artefacts scale, the SuT is not worse than the CIBR. The assesors rated the CIBR FOA louder than the SuT and the SuT louder than the CIBR HOA3.
*** End of changes ***
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