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Introduction
Audio is a key component of an immersive multimedia experience and 3GPP systems are expected to deliver immersive audio with a high Quality of Experience. However, industry agreed methods to assess the Quality of Experience for immersive audio are relatively few and this Technical Specification seeks to address this gap by providing objective test methods for the assessment of immersive audio.
1
Scope


The present document specifies objective test methodologies for 3GPP immersive audio systems including channel based, object based, scene-based and hybrids of these formats. The objective evaluation methods described in the present document are applicable to audio capture, coding, transmission and rendering as indicated in their corresponding clauses.
2
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3
Definitions, symbols and abbreviations

3.1
Definitions

The coordinate system used in this document is defined such that: the x-axis points to the front, the y-axis to the left and the z-axis to the top from the perspective of the audience. Spherical coordinates are the distance [image: image2.png]




 QUOTE [image: image3.png]


  from the origin, the azimuth [image: image6.png]


 in mathematical positive orientation (counter-clockwise) and the elevation angle [image: image8.png]


 relative to the z-axis (with 0 degrees pointing to the equator and +90 degrees pointing to the north pole)..
Editor's note: this convention is consistent with TS 26.238, clause 4.5.5.2, except for symbols.
3.2
Symbols

For the purposes of the present document, the following symbols apply:

[image: image10.png]



azimuth

[image: image13.png]



elevation
3.3
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].
4
Objective Test Methodologies for Immersive Audio Systems
4.1
Objective Test Methodologies for Assessment of Immersive Audio Systems in the Sending Direction

4.1.x
Directional response measurement for scene-based audio

4.1.x.1
Definition

The directional response for scene-based audio is defined as the transfer function, represented as an impulse reponse, [image: image15.png]h(Bi, i)



, between a device under test and a set of loudspeakers located at an equal distance [image: image18.emf]  and L=[TBD] predefined directions[image: image20.png](6i, ¢i)



, i=1,...,L.
4.1.x.2
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 [200] Hz.

Test environment noise floor

Within the free-field volume, the noise floor in the test environment shall be less than [22] dBSPL A-weighted.
Loudspeaker array 
A real or simulated loudspeaker array comprising L=[TBD] loudspeakers located be a set of predefined directions[image: image22.png](6i, ¢i)



, i=1,...,L, from the geometric center of the loudspeaker array shall be used.

Different allowed implementations are listed in Annex A.

4.1.x.3
Measurement
For each loudspeaker position [image: image24.png](Bi, ¢i)



,i=1,...,L , the following procedure shall be used:
a) A delayed exponential sweep sine test signal is played over the loudspeaker.  Alternatively, pink noise may be used.
Editor’s note: impact of codec to be verified depending on test signal. Activation signal may be needed.
b) The impulse response [image: image25.png]h(Bi, i)



 at the geometric center of the loudspeaker array  is measured. 
4.1.y
Diffuse-field send frequency response for scene-based audio

4.1.y.1
Definition

The diffuse-field send frequency response for scene-based audio is defined as the transfer function,  [image: image28.png]G(f)



, between:

a) [image: image30.png]


, the estimated sound pressure magnitude spectrum obtained from a scene-based audio capture and reference synthesis in a diffuse field; and

b) [image: image32.png]P(f)



, the sound pressure magnitude spectrum obtained from a diffuse-field microphone recording the same diffuse field at the same audio capture position.

4.1.y.2
Test Conditions
Same as 4.1
4.1.y.3
Measurement

Reference Spectrum measurement
A diffuse-field or multi-field microphone shall be mounted in the free-field volume such that the tip of the microphone corresponds to the geometric center of the loudspeaker array. The orientation of the device is [TBD].

The directional response of the diffuse-field or multi-field microphone is measured according to clause 4.1.x.
The magnitude spectrum of the reference sound pressure, [image: image35.emf][image: image37.png]P(f)



 is calculated for the 1/12th octave intervals as given by the R40 series of preferred numbers in [6].

 Estimated Spectrum measurement
The scene-based audio capture device under test shall be mounted in the free-field volume such that its geometric center coincides with the geometric center of loudspeaker array.

The directional response is measured according to clause 4.1.x.

The magnitude spectrum of the reference sound pressure, [image: image40.png]


 is calculated for the 1/12th octave intervals as given by the R40 series of preferred numbers in [6].

Calculation of send frequency response for scene-based audio
The send frequency response for scene-based audio, [image: image43.emf]G(f)
, is calculated as follows: 

[image: image47.png]







Annex A (normative):
Loudspeaker array implementation
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	


A.1
Periphonic loudspeaker array

The loudspeaker positions are defined according to Fliege-Maier spherical grids [2].
a) A periphonic loudspeaker array shall be placed within the free-field volume with the geometric center of the periphonic loudspeaker array coinciding with the geometric center of the free-field volume.

b) The periphonic loudspeaker array shall have a radius

 [image: image51.emf]greater or equal than 1 meter.
c) 
d) The periphonic loudspeaker array shall be composed of (N+1)2 coaxial loudspeaker elements
e) 
f) . Each of the (N+1)2 coaxial loudspeaker elements shall be equalized (if necessary) and level compensated to conform with the operational room response curve limits given in [5] Section 8.3.4.1. N should be equal or greater than the maximum ambisonics order supported by the device under test (DUT), e.g. N>=4 for a DUT supporting 4th order Ambisonics capture.

g) The (N+1)2 coaxial loudspeaker elements shall be positioned according to the azimuth and elevation coordinates given in Annex B.
h) All coaxial loudspeaker elements shall be oriented such that their acoustic axis intersects at the geometric center of the free field volume.
i) The radius of each coaxial loudspeaker element shall be such that, at the geometric center of the free-field volume, the far field approximation for the coaxial loudspeaker axial pressure amplitude decay holds true.
A.2
Loudspeaker array with turn table

The loudspeaker positions are defined according to a Gaussian grid [7] with uniformly distributed distribution in azimuth and near-uniform distribution in elevation.

Loudspeaker array 
a) A loudspeaker array shall be placed within the free-field volume.

b) The loudspeaker array shall comprise one or several semi-arcs having a radius [image: image53.emf] greater or equal than 1 meter.
c) The loudspeaker array shall be composed of K coaxial loudspeaker elements.
d) Each coaxial loudspeaker in the array shall be calibrated with a frequency response of at least 100 Hz-20,000 Hz. Each loudspeaker shall have a minimum phase response.

e) The elevations of the K coaxial loudspeaker elements shall include a subset from a spherical Gaussian grid [7] with an accuracy of [0.5 degrees]. An additional coaxial loudspeaker at an elevation of 0 degree may be used. The azimuth of the loudspeakers shall be a multiple of the azimuth step size of [6 degrees].
NOTE: Due to diffractions and masking effects cause by the turn table, elevations below a certain angle (e.g. -56 degrees) may be difficult to compensate properly and they may be skipped.

Turn table 
A turn table with a resolution of [0.5 degrees] shall be used. The rotation axis of the turn table and the vertical axis of the semi-arcs shall be aligned The turn table shall be adjusted in height so that the device under test is positioned at the geometric center of the loudspeaker array with an accuracy of [TBD]. 

For measurement, an azimuth step of [6 degrees] shall be used. This results in L=[60.K] loudspeaker positions.
A.3
Simulated loudspeaker array with robotic arm
tbd
Annex B (in
formative): Order-dependent directions

The following tables order-dependent directions [image: image55.emf], where [image: image57.emf] and [image: image59.emf] denote the elevations and azimuths in radians, respectively.
	Index [image: image61.emf]
	[image: image62.emf]
	[image: image63.emf]

	1
	1.570796
	0

	2
	-0.339837
	0

	3
	-0.339837
	2.094395

	4
	-0.339837
	-2.0944


	Index [image: image65.emf]
	[image: image66.emf]
	[image: image67.emf]

	1
	1.570796
	0

	2
	-0.790277
	0

	3
	0.363207
	-1.95668

	4
	0.363207
	1.956682

	5
	-0.844382
	-1.95668

	6
	0.009757
	-3.14159

	7
	-0.844382
	1.956681

	8
	0.245128
	0.687124

	9
	0.245129
	-0.68712
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�Does it suppose that the array is spherical (the loudspeaker at the same distance of the center)? This shouldn’t be necessary, provided that the distance discrepancy is compensated by appropriate gains. ( This should be OK since the system is calibrated as mentioned in step a)


�It is possible to have other geometries but we believe it is better to harmonize on one configuration for repeatability purposes. The spherical format is an attractive choice as propagation conditions across all speakers (far-field approximation) would be harmonized, no need for delay compensation, etc. As the array must be fully contained within the free-field volume, there is not much incentive for having speakers at different distances in our opinion.


�Shall they be identical? Does their frequency response matter? ( OK if “calibrated”. 


�Good point, need to add further details on the loudspeakers. Happy to make them identical if supported by the group.





