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[bookmark: _Toc197311359][bookmark: _Toc234919357][bookmark: _Toc117015955][bookmark: _Toc117018156]Introduction
This contribution reviews test methods available for send side audio performance testing for Ambisonics audio, highlights potential ambiguities and discusses possible variations.
The contribution then zooms out and discusses conceivable characteristics of immersive audio systems in the sending direction. Provided are definitions of such characteristics, the corresponding characteristics of ideal capture systems and sketchy ideas of how the characteristics could be measured.
[bookmark: _Toc117015956][bookmark: _Toc117018157]Review of Objective Test Methodologies for Assessment of Immersive Audio Systems in the Sending Direction of TS 26.260 [1]
Diffuse-field send frequency response test using periphonic array (26.260 clause 4.1.1)
This method measures the send frequency response  of the omnidirectional sound field component using a periphonic loudspeaker array.  is measured by evaluating the captured spectrum of a DUT compared to the sound pressure spectrum as captured by a reference diffuse field/random incidence microphone. The test stimulus is decorrelated pink noise simultaneously played over all speakers of the periphonic array.
[image: BlockDiagram]
TS 26.260 Figure 1

The specification is unclear on the following aspects:
1. The specification seems to suggest that a measurement is done for the omnidirectional Ambisonics component W but possibly also for signal components after B-format to ESD conversion. If this is the case, it remains unclear how these signal components can be obtained for the reference system with diffuse field/random incidence microphone.
In case the test environment is calibrated and frequency-response equalized at the geometric center of the free-field volume, the test using the reference diffuse field/random incidence microphone could be avoided. Or is the intention to correct for a non-perfect equalization?
2. It is also unclear why the yellow marked definitions below are different. It should be the same point?

, the estimated sound pressure magnitude spectrum obtained from a diffuse-field scene-based audio capture and reference synthesis at the geometric center of a free-field volume; and
, the sound pressure magnitude spectrum obtained from a diffuse-field microphone recording the same diffuse field at the origin of a spherical coordinate system.
3. The term “Sound field synthesis” might need further clarification; A reader might interpret Figure 1 (reproduced below) as if a physical sound field should be created (green box on the left) from the signal that has already been captured by the UE. If this is the case, it would mean that the sound field captured by the DUT is used for sound field re-synthesis over the speakers of the periphonic array. In that case, it is unclear how the estimated frequency response  characterizes the immersive audio capture capabilities of a DUT. A hypothetical DUT with a perfectly equalized single-channel capture (fed only to the W component, other components nulled) would be indistinguishable from a DUT that additionally correctly captures directional Ambisonics components. An additional concern might be that it is unpractical to physically regenerate the soundfield captured by the UE, and therefore be done only if necessary. What is the necessity or the advantage?
It may also be assumed that the intention is to describe a calculated synthesis. The later text concurs with this, e.g. just analyzing the W component of the B-format signal. In addition, it may be intended to analyze the directional Ambisonics components compared to the reference spectrum.
Summarizing; A clarification on the meaning with “sound field synthesis” in this context would be welcome.
4. Spherical harmonics are mentioned at the end of 4.1.1.2, without giving a reference.
 
Diffuse-field send frequency response test using loudspeaker array and turn table (26.260 clause 4.1.1.4)
It is not clear from 26.260 if also this method measures the send frequency response  of the omnidirectional sound field component. It is here assumed that this is an alternative method with a loudspeaker array and turn table. Like in the first method  is measured by evaluating the captured sound pressure spectrum of a DUT compared to a reference diffuse field/random incidence microphone. The main difference is that the method carries out repeated measurements where in each run a test stimulus is played only from a single speaker at a time. In this method an exponential sweep sine signal is used as test signal rather than pink noise. The procedure further builds upon impulse response measurements from which magnitude spectra of the sound pressure (for DuT and reference microphone) are derived, from which then the send frequency response is calculated.
The specification is unclear on the following aspects:
· Why using a sweep sine test signal rather than pink noise or speech and why taking the detour through impulse response calculation?
· As there are measurements for each of the  loudspeaker positions, one  measurement is obtained for each of them. It is not clear how or if a direction independent diffuse-field send frequency response is obtained. If the idea is that the measurements from all directions are averaged, then it is not expressed how exactly this should be done.
· It is not clear if the measurements are done only for the omnidirectional Ambisonics component W or if other components e.g. after B-format to ESD conversion should be considered. 
· The connection to Figure 1 is unclear especially on the aspect of the sound field (re-)synthesis. 
Directional response measurement for scene-based audio (26.260 clause 4.1.2)
This method measures the impulse response (or transfer function) of a test device given a pre-defined direction of the captured signal. The method assumes that the test stimulus is played from a loudspeaker at position .
It is specified that an exponential sweep sine test signal is used, which may suggest that the Farina method (or similar) should be used [2]. The specification is generic regarding the Ambisonics signal to which it may be applied and makes no particular suggestions. It is unclear in what regards the method is different than the method in 2.2 (Diffuse-field send frequency response test using loudspeaker array and turn table) for each individual loudspeaker position.
[bookmark: _Toc117015957][bookmark: _Toc117018158]Discussion: How to characterize Immersive Audio Systems in the Sending Direction
[bookmark: _Hlk116480297]The following discusses conceivable characteristics of immersive audio systems in the sending direction. We present a definition of such characteristics, the corresponding characteristics of an ideal capture system and a sketch of how the characteristics could be measured.
[bookmark: _Hlk116656272]Send frequency response of captured Ambisonics components
Definition:
Ratio of the sound pressure magnitude spectrum of the DUT for Ambisonics component (, ):  and a reference diffuse field sound pressure spectrum  (  ). Letters  and  respectively denote Ambisonics degree and index. This means, for each Ambisonics component a send frequency response is measured:
 .
Ideal characteristic:
The ideal send frequency response of the captured Ambisonics components would be flat, i.e. be frequency independent (for plane wave input).
How to measure:
One conceivable way can be taken from TS 26.260. A decorrelated pink noise test stimulus is simultaneously played over all speakers of a periphonic array. The reference diffuse field sound pressure spectrum is obtained through recordings with a diffuse-field microphone positioned at the geometric centre of the periphonic array. The sound pressure magnitude spectrum of the DUT for Ambisonics component (, ) is obtained through measuring with the DUT at the geometric centre and extracting and analysing that (B-format) component after coding, transmission and decoding as in 26.260 Figure 1.
Send directional response of captured Ambisonics components
Angular-dependent sensitivity
Definition:
Microphone angular-dependent sensitivity can be described by  (in Volt/Pascal or digital amplitude per Pascal), e.g. referring to the output voltage or digital level generated by a microphone for a given sound pressure at the microphone location for an incident plane wave from a certain direction . Likewise, the angular-dependent sensitivity of the capture of each Ambisonics component (, ) can be described as . As this sensitivity may also be frequency dependent, frequency is a further parameter:
 .
Angular-dependent sensitivity of the capture of an Ambisonics component (, ) can also be defined for multiple () incident plane waves from respective directions . This yields:
 with  and .

Of interest may be the cases ,  and . For , the two directions should be 90 degrees apart (see [3]). For , a reasonable setup could be where the directions would correspond to the Fliege positions of the considered Ambisonics order .

Ideal characteristic:
The ideal angular-dependent sensitivity for the captured Ambisonics component (, ) is obtained from the spherical harmonics equations. For simplicity, it is assumed that the spherical coordinate systems of the measurement room and the captured Ambisonics signals are aligned. 
For the case , we get 

with  being the real valued spherical harmonics of the degree  and index  with .
Thus, if the reference client offers output of this Ambisonics component it will in the ideal case and valid single plane-wave assumption (e.g. a distant-enough point source to approximate plane waves at the UE) follow the above relation. The ideal frequency characteristic is flat. Care needs to be taken to apply the proper Ambisonics component ordering and normalization.
For any , we get 

These cases are not discussed further in this contribution.
How to measure:
The measurement for the simplest case of  can be done according to the principles outlined above (under 3.1) using pink noise test stimuli. Unlike 3.1, only a single speaker at a time is used.

[bookmark: _Ref116935606]Direction of arrival
Definition:
Taken from [4]:
The FOA signals are formed with a set of pre-calculated filters that convert the signal from Eigenmike to FOA. Creation of such filters has been described, e.g., in [5]. The result is an FOA signal that contains four signal channels. This signal is formulated into FuMa-ordering (i.e., the traditional B-format ordering) as the public DirAC equations used in the reference have been defined for it. Thus, the signal is:

The next step is to calculate intensity and energy related parameter values according to equations:


The energy and the intensity are calculated per subframe, i.e., the values of the four different time slots are summed together to produce the total subframe intensity and energy. Further steps are thus performed with subframe accuracy.
It should be noted that these are not the actual physical properties but parameters that are closely related to the physical properties. Actual direction of intensity is opposite of above and scaling factors have been omitted for efficiency and SN3D scaling is assumed for the FOA signal to simplify calculations. This analysis methodology is an optimized version of the typical DirAC analysis (see [6, pages 90-91]).
After formation of these parameters, they are combined in frequency to form frequency-band based values to reduce required amount of further calculations and data. This combination is simply done by summation of all values within a frequency band as further steps do not require that absolute scale is maintained. In further processing, it is assumed that these parameters work on the desired frequency resolution.
The next step is to estimate the direction of arrival (DOA), i.e., the spatial direction parameter, and the direct-to-total energy ratio. For spatial direction, this is done with equation:

for azimuth and equation:

for elevation. Here, arctan function is assumed to be the computational variant “atan2” that solves the correct quadrant automatically.

Ideal characteristic:
The DOA angle calculated from the Ambisonics components from the UE capture system, is identical to the ground truth angle to the incident sound
How to measure:
· The UE is connected via a wireless link to a reference client
· Loudspeakers are placed on a suitable grid (reusing what is already specified, e.g. according to Annex A or B).
· The loudspeakers emit sound one at a time. Their incidence angle is known. It remains to be evaluated whether an exponential sweep, pink noise or speech is the most suitable.
· The Ambisonics components from the reference client are used to calculate the DOA (according to above).
· The DOA is compared to the ground truth angle, potentially in several frequency bands and potentially time-averaged.

If the sending UE is properly implemented in terms of directionality, phase and scaling of Ambisonics components, the DOA metric is expected to correspond to the ground truth angle.
How to formulate requirements:
The DOA angle calculated from the Ambisonics components from the UE capture system shall be within some tolerances w.r.t the ground truth angle to the incident sound.
[bookmark: _Toc117015958][bookmark: _Toc117018159]Conclusion and next steps
There is a need for clear test methods for the characterization of UE Ambisonics capture and for specifying requirements, for some key parameters.

Some questions have been raised regarding TS 26.260; on how to interpret the text and what remains to be further clarified, developed and added. Ideas for how to progress have been sketched out.

It is at this point suggested to
· Discuss until a clear understanding of 26.260 within the SA4 Audio SWG is obtained
· Document such understanding and draft a CR that removes the ambiguities
· Review and potentially agree the ideas that have been sketched in this tdoc
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