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[bookmark: _Toc117015955][bookmark: _Toc117018156][bookmark: _Toc197311359][bookmark: _Toc234919357]Introduction
This contribution addresses some of the points raised in Tdoc S4aA220018, in particular as they concern the questions on the Diffuse field send frequency response test using a periphonic array (clause 4.1.1 of TS 26.260). The questions/comments raised in Tdoc S4aA220018 are reproduced here for quick referencing, with the clarifications in italicized Times New Roman font.
[bookmark: _Toc117015956][bookmark: _Toc117018157]Review of Objective Test Methodologies for Assessment of Immersive Audio Systems in the Sending Direction of TS 26.260
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.
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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.

The measurement includes the entire Ambisonics capture and encoding plus a reference decoder (with Equivalent Spatial Domain speaker positions). It considers the W signal as well as other directional components, including for Higher Order Ambisonics. The measurement is not performed for the individual signal components but rather for the resulting sound pressure at the centre of the sphere after a reference decoding process. The sound pressure resulting from the signal capture, enhancement, encoding, and reference decoding is compared to the original sound pressure spectrum at the origin of the sphere. The procedure is somewhat analogous to existing speech send frequency response methods in TS 26.132 where the electric signal level spectrum resulting from the signal capture, enhancement, encoding and reference decoding (call box) is compared to the original sound pressure level spectrum at the mouth reference point (MRP). 
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?
Once the test environment is calibrated, there is usually no need to re-measure the reference spectrum. The reference spectrum can also compensate for a non-perfect equalization, which may be difficult to achieve in practice.
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.
	They are the same point for practical purposes but, in the first case, there is a synthesis process to a virtual point in space, whereas the second one refers to the physical location at the centre of the periphonic array. These definitions could be further improved.
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?

The diffuse field send frequency response G(f) does not aim to characterize spatially dependent properties of the DUT and there is no directional dependency expressed in the results. Rather, the measurement assesses the linear distortion imposed by the DUT to the audio spectrum when the DUT is exposed to a diffuse sound field (equal probability of sound arriving for all directions). Such objective measurement is related to a timbre perceptual audio quality attribute (which itself is important for immersion) and can be viewed as an average frequency response of the device (with equal weight given for all directions). A DUT that captures directional Ambisonics components may have different send frequency response for different source incidence directions, which can be assessed with the directional send frequency response methods. 
Physical reproduction of the captured sound field is not necessary and, therefore, a calculated sound synthesis can be performed.
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.

Not only the W component of the B-signal is analyzed but also all encoded, decoded and rendered directional components are considered as they combine together to produce the sound pressure level at the origin of the spherical coordinate system.

4. Spherical harmonics are mentioned at the end of 4.1.1.2, without giving a reference.

A suitable reference here is Eq. (18) from Section 3.2 of M. Poletti, “Unified Description Of Ambisonics Using Real And Complex Spherical Harmonics,” Ambisonics Symposium 2009, June 25-27, 2009, Graz, Austria
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