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Introduction
As discussed during the drafting of IVAS-8a (test plan for selection phase) [1], the generation of immersive audio material for subjective testing is in general more complicated than recording mono clean speech samples. Instead of recording completely new audio scenes, it was also discussed to use impulse responses from talker's mouth to the inputs of an immersive capturing device (e.g., Ambisonics microphone). Background noise could also be superposed to the simulated spatial speech signals. However, these noise types must then also be available with the same input format. 
To preserve spatial properties, recordings of both types (speech, noise) must provide coherent signals in each channel, thus a completely artificial synthetization from existing monaural or stereo/binaural noises is rather difficult.
The present document describes several measurement series that targeted at "synthesizing" such missing data for the generation of FOA/HOA material. The investigated approach is based on a combination of measurement equipment typically used for testing communication terminals and an Ambisonics microphone.
Test setups
[bookmark: _Ref127202322]Background Noise
The ambient noise simulation according to ETSI TS 103 224 [2] provides a large database of noise types that could in general be freely used within the IVAS work item. However, as the noise reproduction is intended to be used mainly for testing purposes of communication terminals in labs, these noise recordings were captured with certain microphone arrays that are not compatible with the IVAS input formats, like e.g., FOA or HOA. Figure 1 illustrates one of the microphone arrays/configurations, which is used for HATS-based handset testing. A comprehensive study on this noise field simulation was conducted within the work item ANTeM, results and outcome can be found in 3GPP TR 26.921 [3].
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[bookmark: _Ref126858253]Figure 1: Microphone array for handset testing according to ETSI TS 103 224

[bookmark: _Hlk127199673]In order to make all these noise recordings available in HOA/FOA-format, the aforementioned noise field simulation is set up in a room with eight loudspeakers and a subwoofer, as illustrated in Figure 2 (for the HATS-mounted microphone array). During the equalization procedure, the impulse responses  from each loudspeaker (j=1…M) to the microphone array (i=1...N) are measured and a filter matrix of size MxN (containing filters ) is determined. This matrix generates the signals  for the loudspeaker playback of a given 8-channel input recording . The reproduced sound field at the i-th microphone position yields approximately  and can be described via equation 1.
[bookmark: EQ_3PASS]		(1)
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[bookmark: _Ref127191438]Figure 2: Noise field simulation according to ETSI TS 103 224 (handset/headset mode)

After the equalization procedure was completed successfully, i.e., the accuracy as required in ETSI TS 103 224 was met, the microphone array (and HATS, if applicable) is removed from the test setup. Instead, an Ambisonics microphone is placed at the same position, as illustrated in Figure 3. The noise types provided in the database of clause 8 in ETSI TS 103 224 could in general now be measured in e.g., FOA-format directly. However, a more generic approach was chosen. Instead of playing back certain noise types, sweep signals  were used:
-	The i-th channel (out of N=8) contained a sweep signal according to Annex A.
-	All other channels were set to zero.
For each of the N=8 sweep signals, the response of the Ambisonics microphone was recorded and instantly decoded to the four FOA-channels c=W/X/Y/Z. For each of the 8x4=32 single channel recordings, the impulse responses  according to Annex A were determined. With this static filter matrix, any 8-channel noise recording  that is available in the database of ETSI TS 103 224 can be "converted" into FOA-format , as shown in equation 2.

		
[bookmark: EQ_FOA]	                          	(2)
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[bookmark: _Ref127200520]Figure 3: Noise field simulation used for Ambisonics recording

In ETSI TS 103 224, several microphone arrays/configurations are specified for recording and reproduction. Table 1 lists the ones that are used in the present investigation and for which the "conversion matrix" of impulse responses is available.
[bookmark: _Ref127181682]Table 1: Arrays and configurations considered for impulse response measurements
	Name
	Clause in [2]
	Microphone Array/Config

	Handset/Headset
	5.2
	Asymmetric array, mounted on HATS

	Handheld Hands-free
	5.3
	Asymmetric array, mounted in handheld hands-free position

	Desktop Hands-free
	5.3
	Asymmetric array, mounted on table

	Binaural applications
	5.4
	Symmetric array, mounted on HATS



Limitations of this approach to be considered:
-	As the noise field simulation is intended to be used mainly for testing purposes in a test room, the spatial resolution for elevation is in general limited due to the layouts of the microphone arrays and/or the (mostly diffuse) noises in the database.
-	Even though the room used for the measurement of impulse responses easily meets the requirements as defined in ETSI TS 103 224 [2], the directivity of certain sound components in the virtualized FOA-recording might be slightly reduced compared to recordings made with the intended arrays.



Talker impulse responses
Different aspects should be considered for immersive audio material for communication scenarios:
-	one or more talker(s)
-	multiple angles/directions between talker(s) and device/microphone
-	multiple distances from talker to device/microphone
-	different heights per talker
A live conversation/dialogue of two human talkers recorded with a reference device capable of capturing spatial content (e.g., Ambisonics microphone) is most realistic. However, this approach is time-consuming and often impractical, as such scenes are difficult to design, are not reproducible, the talkers might not be available at a later point in time, etc.;
An alternative is the simulation of such scenarios. Here typically impulse responses from MRP (HATS/mouth simulator) to the microphone inputs are recorded and then applied on mono clean speech signals. Multiple talkers can be realized by superposing additional variants of convoluted speech.
In the present measurement series, a HATS according to ITU-T P.58 equipped with a mouth simulator was positioned in a test room at different heights and widths (i.e., horizontal distance) relative to an Ambisonics microphone, as shown in Figure 4.
[image: ]
[bookmark: _Ref127175521]Figure 4: Triangular setups for impulse response measurements

In addition to these "triangular" configurations, also the handheld hands-free position was evaluated, which is commonly used for testing in TS 26.131/132 [4] [5] and other terminal measurement specifications. The setup is illustrated in Figure 5.
[image: ]
[bookmark: _Ref126946737]Figure 5: Additional handheld hands-free position according to TS 26.132 [5]

An overview of all 24 x (3 x 4 + 1) = 312 impulse response measurements are listed in Table 2. The sweep signal for measurement was calibrated to a playback level of –6 dB Pa at the MRP of the HATS. The generation of the sweep signal and impulse response determination was conducted according to Annex A.

[bookmark: _Ref127175178]Table 2: Summary of recorded impulse responses
	Nbr. Angles
	H [cm]
	W [cm]
	Comment

	24 x 15°
	45
	30
	

	
	
	50
	

	
	
	80
	

	
	
	100
	

	
	30
	30
	

	
	
	50
	

	
	
	80
	

	
	
	100
	

	
	0
	30
	Straight line between CL/MRP and Microphone

	
	
	50
	

	
	
	80
	

	
	
	100
	

	
	-4.75
	30
	Handheld hands-free position (on reference plane, above CL/MRP)



Figure 6 shows an example configuration of a simulated conversion of two talkers, which can be realized with the impulse responses obtained in the measurement series described above. The talkers are positioned at different locations:
-	Talker#1 at 50 cm distance, 30 cm height and at an angle of -60°.
-	Talker#2 at 100 cm distance, 45 cm height and at an angle of +30°.
-	Noise from ETSI TS 103 224 "converted" to FOA (see section 2.1) could be optionally added.

[image: ]
[bookmark: _Ref126940560]Figure 6: Example for communication scenario with two talkers positioned at different locations

NOTE 1:	The measurements were conducted in a test room (semi-anechoic, RT60 < 100 ms vs octave bands), which is also used and valid for performance evaluations according to 3GPP TS 26.131/132 [4] [5], i.e., free-field conditions cannot be expected. However, for the generation of simulated immersive speech sequences, the low magnitude of reflections could lead to more realistic signals at the microphone input.
NOTE 2:	Even though the FOA/HOA-conversion plugin of the Ambisonics microphone also supports rendering of virtual rotations, a turntable was used for the different angles in azimuth direction. As the rendering quality of such rotations is unclear at the moment, a physical rotation method was chosen. In an ongoing analysis, the obtained data is currently used to compare virtual vs physical rotations.



Conclusion
The present document presented two measurement series that deal with the simulation of immersive scenarios at the send side in FOA-format, which can be used e.g., for the generation of source material for the IVAS selection phase.
One or more talkers that are positioned at different distances can be simulated by convolving any clean mono speech material with the impulse responses to FOA-inputs. A conversion method for the 8-channel ambient noise simulation system according to ETSI TS 103 224 was introduced, which allows to re-use the existing noise database. Limitations of these approaches were discussed, but in general, both provide coherent signals at the four FOA-input channels, also the superposition of a single or multiple talkers and noise can again be considered as coherent.
Due to the high effort and costs for labs to design and record completely new material (including variables like e.g., multiple talkers, multiple languages, influence of the recording room, scripted vs live conversation, etc.), the source suggests using mainly existing mono clean speech material in combination with the offered impulse responses and background noises. Noise recordings and talker impulse responses can be made available for review to interested delegates upon request.
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Annex A:
Sweep signals and impulse response calculation
The sweep signal and corresponding impulse response deconvolution used in the present study is based on the "Farina method" known from literature [6] [7]. It is known to be robust on signal degradations like e.g., minor distortions or noise and the accuracy can be increased by a longer sweep duration.
The following parameters of the sweep signals were used:
-	Frequency range: 22 Hz – 22 kHz
-	Duration: 30.0 s + 1.0 s of trailing silence
-	Fade-in/-out as recommended in [8] was applied:
	-	Fade-in: 1/1 octave band
	-	Fade-out: 1/24 octave band

Several post-processing steps were applied on the recording and/or the impulse responses resulting from the deconvolution procedure described in [6] [7]:
-	Delay was compensated by means of cross-correlation analysis:
1)	For each FOA-channel, a cross-correlation analysis with the source file as per 3GPP TS 26.132 [5] was conducted.
2)	For each FOA-channel, the delay is determined as the position of the cross-correlation peak.
3)	The common delay for the whole recording is determined by the minimum of all delay values.
4)	To consider transient effects and/or possibly slight misalignment of the cross-correlation analysis, the common delay for the recording is increased by 1.0 ms.
-	Impulse responses obtained by the deconvolution procedure are truncated to 2048 samples.
-	Fade-in and fade-out are applied on each impulse response:
-	Fade-in: sine-square window of length 0.5 ms.
-	Fade-out: cosine-square window of length 1.25 ms.
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