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Executive summary
[bookmark: _30j0zll]The meeting (21 participants, less than 2 hours) covered the following three input Tdocs: 
· ATIAS: S4aA230133 on intermediate results for virtual microphone test was discussed and noted – it is planned to extend this Tdoc with concrete proposals for ATIAS.
· eUET: The status update on JBM performance testing in S4aA230131 was reviewed and noted. Updates on RTP conformance tests in S4aA230134 were reviewed and noted. The planned completion of eUET at SA4#127 was discussed, it was felt that an exception sheet may be required to allow for extra JBM test verification and finalization of RTP conformance tests.
· FS_DaCED: Text proposals on non-parametric spatial audio capture in S4aA230132 were agreed. A revision (with change marks) for inclusion in the TR will be submitted to SA4#127.

A.I. 1 Audio SWG

A.I. 1.1 Opening of the session and registration of documents

Stéphane presented the informal agenda in Annex A.
This agenda (in Annex A) is approved with the Tdoc allocation

A.I. 1.2 Reports/Liaison from other groups/meetings

	S4aA230130
	3GPP SA4 Audio SWG report from teleconference on eUET (4 December 2023)
	SA4 Audio SWG Co-Chair



Presenter: Stéphane R

Comments / questions:
· None

Decision: 

S4aA230130 is agreed.


A.I. 1.3 CRs to features in Release 17 and earlier

No Tdoc in this A.I.

A.I. 1.4 IVAS_Codec (EVS Codec Extension for Immersive Voice and Audio Services)

None.

A.I. 1.5 ATIAS (Terminal Audio quality performance and Test methods for Immersive Audio Services)

	S4aA230133
	On ATIAS virtual microphone test
	Nokia Corporation



Presenter: Arvi Lintervo

Comments / questions:
· Stefan D: also did same exercise with higher order mics?
· Arvi: no, just FOA mics. Would not see any issue, could be done.
· Stefan D: how results would change?
· Arvi: if more sophisticated virtual mic using higher order components could be more precise, cannot say there would be significant differences.
· Jan: which source signal did you use?
· Arvi: pink noise was used for this, also evaluated with real speech.
· Jan: would you expect dependency on source signal, does not depend as long as wideband.
· Arvi: there are differences, not drastic.
· Jan: how would you see this test method for ATIAS? Additional test if we check these level differences or extension or replacement for already proposed AM/FM signals, it seems more robust, you also check sending path if all components are transmitted.
· Arvi: good like extension for multisource or multiple simultaneous case, it could be base method and multiple loudspeakers could be extension. Could be more robust and more meaningful test.
· Nien Wu: measured loudspeaker in proposal?
· Arvi: this was a small GENELEC speaker, not measured for this test, should produce a flat frequency response.
· Stéphane R: measured in anechoic room.
· Arvi: no proposal attached, will be continuation, bring out intermediate results.
· Stefan D: expecting to extend this to higher orders?
· Arvi: could do that, have to check with which devices I made experiments, if there are results can share them, could be second order measurements.

Decision: 

S4aA230133 is noted.




A.I. 1.7 eUET (Enhancements to UE Testing)


	S4aA230131
	Status update on JBM performance testing
	Orange



Presenter: Stéphane Ragot

Comments / questions:
· Jan: there was a number, there was a ratio of 2.74%, similar as in profile, similar to profile, expected, or unexpected, how it was determined, exactly during measurement time, roughly capture.
· Stéphane R: should match values from profile, to be confirmed.
· Jan: if someone is interested, HEAD acoustics, happy to share with other parties interested in testing this.
· Stefan D: for confirmation, hand-crafted profile?
· Stéphane R: yes, hand-crafted
· Stefan D: would like to try with EVS decoder.
· Stéphane R: Only AMR-WB trace was provided, EVS and AMR will be shared later.
· Stefan D: Only EVS in EVS decoder, possibly to do another check, good crosscheck. Does this try to resample reality, always 2.74% looks artificial?
· Stéphane R: see early proposals on eUET, with methodology to derive profile that is not too limited to specific operator settings while reflecting real impairments.
· Stefan D: 2.74% seems to be artificial but gives same weight, reordering and duplicates
· Stéphane R: can take this comment into account.
· Jan: Place link to revised document, include test signal in WB, SWB, profile with/without duplicates in text format, not sure with EVS , data would be there, try to make measurement for next meeting, try profiles based on attachments, so far only 2 devices, did not observe differences with or without duplications, will report something for the next meeting.
· Fabrice: don’t really understand delay figure, with this new release of ACQUA you provide TCN and SMD? 
· Jan: profile for testing was taken from document from chat.
· Fabrice: work item will be completed in next meeting, what is the view of the group?
· Jan: agree that tough work, multiple parts, SWB frequency mask might conclude, to give people f air to extend with one exception sheet, should not agree on this now, a bit 
· Stéphane R:  same view as Co-Rapporteur, work on RTP conformance may not be mature enough and it is fair to give more time to evaluate JBM testing, could be reasonable to have an exception sheet. 

Decision: 

S4aA230131 is noted.



	S4aA230134
	On RTP conformance tests
	Orange



Presenter: Stéphane Bauduin

Comments / questions:
· Stefan D: in genre open offers is possible in EVS, check open offer? Signal EVS in general, this full range is not covered by configuration.
· Stéphane R: plan to test
· Stéphane B: could be added, why not.
· Stefan D: would need to check again, could have an open offer then response with configurations.
· Jan: no test signal , in some cases you need active, controlled stop of signal and amount of pauses to check SID update , considered such signals?
· Stéphane B: need to specify, for DTX, hardware mute button.
· Jan: easy to generate speech signal from TS 26.131 or 132, signals for 35s of active speech with pause of 0.5sec in between or use continuous speech, multiple easy options, considered test signals.
· Stéphane B: not tought in details, specify for every test which signal is applicable.
· Jan: should be independent of test signal, if use side tone, over headset interface will be processed by phone, it makes sense to define test signal to play.
· Stéphane R: which signals ?
· Stéphane B: speech , shall be clarified.
· Jan: if not considered, should do it; other question on SID update test, what happens if test update rate and indicate at certain point must be SID frame, what is device does not support DTX?
· Stéphane B: if deactivated, no false release, no issue for concern, would like to add test that when DTX is disabled.
· Jan: in 6.1.3.4, if DUT does not send any SID frame, test is passed.
· Stéphane R: for AMR, AMR—WB cannot be controlled, always activated, for EVS there are SDP parameters to control DTX.
· Jan: Voice over 5G is VoNR?
· Stéphane B: term is no official.
· Jan: 4G and NR?
· Stéphane B: can have 5G device on network that does not support NR, in this case you have EPS fall back, come back to VoNR.
· Jan: have VoNR.
· Stéphane R: should be clarified.
· Jan: in tables in Annex B, table with offer and expected answer, if configure payload types in this way, and device would not respond with matching br or bw, would call fail?
· system simulator can be configured to say to reject call.
· Stéphane B: device can consider second offer, we have first payload time, but on top we have a second PT (EVS, AMR-WB, AMR), expecting to establish call with second PT, not tested here.
· Jan: belongs to SDP test, still skeptical, if don’t have such a match, radio simulator can be configured to reject call because no second PT is configured, only one PT is offered, no call, would meet requirement if call is established.
· Stéphane B: if it does not match, call canot be established.
· Stéphane R: how we handle SDP tests, pass/fail or characterization, assume resubmit version to next SA4?
· Stéphane B: yes.
· Stéphane R: can note document given it is work in progress, can use this document as a basis for editing for interested parties.
 
Decision: 

S4aA230134 is noted.



A.I. 1.7 FS_DaCED (Feasibility Study on Diverse audio Capturing system for End-user Devices)

	S4aA230132
	Non-parametric spatial audio capture for smartphones and other form factors
	Beijing Xiaomi Mobile Software Co., Ltd



Presenter: Nien Wu

Comments / questions:
· Stéphane R: why ‘new’ in some configurations?
· Nien Wi : developed from stereo configuration, meaning developed from these configurations.
· Tomas: references at end, no references in text, add them in text?
· Nien Wu: yes, references need to be included in the text.
· Tomas: in beginning of text, editorial updates, provide spatial environments, you mean spatial representations, certain number of audio data, audio channels? Data is broad term.
· Wang Bin: channel data
· Tomas: can be improvements like use of capital letters.
· Lasse: question on figure 6.2.3-1, block mathematical processing, elaborate? Linear transformation?
· Wang Bin: no details about linear or other type processing, no details on processing
· Lasse: in general, this figure could apply to parametric spatial audio capture, higher level approach would be similar, some kind of clarification could be useful, no clear proposal in mind.
· Wang Bin: parametric and non-parametric, difference is at output point, there is no big difference between mathematical processing, it can output parametric spatial audio, another method can get non-parametric spatial audio, key point is what output is, not mathematical processing itself.
· Lasse: fine, really question how we understand capture, parametric capture where typically capture microphone signals and somehow algorithms to understand scene, output could be synthesis in other representation or non-parametric, more light weight processing, stopping one step earlier, fine for now
· Wang Bin: can make a new section, will think to give some comparison.
· Stéphane R: could edit document.
· Wang Bin: references, figure, leave it as it is, make new section to describe difference parametric and non-parametric, can make proposal offline.
 
Decision: 

S4aA230132 is agreed. 
A revision (with change marks) for inclusion in the TR will be submitted to the next meeting.


A.I. 1.8 ISAR (Immersive Audio for Split Rendering Scenarios)

None.


A.I. 1.9 Others including TEI

None.


A.I. 1.10 New Work / New Work Items and Study Items

None.


A.I. 1.11 Close of the session

Stéphane: Next meeting is SA4#127 with a submission deadline on January 23. Thank you to HEAD acoustics for hosting the telco.

The meeting was closed at 17:36 CET.


Annex A – Meeting agenda
Source:	SA4 Audio SWG Co-Chair[footnoteRef:2] [2: 	Mr. Stéphane Ragot, Orange 
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	  M: +33 6 76 63 09 23] 

Title:	Proposed agenda for Audio SWG teleconference on on ATIAS, eUET and FS_DaCED (12 January 2024)
Document for:	Approval
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Agenda for this telco (keeping only relevant items from the unique agenda for 3GPP SA4 AH telcos post-126):

	1
	Audio SWG
	

	1.1
	Opening of the session and registration of documents
	

	1.2
	Reports/Liaisons from other groups/meetings
	S4aA230130a (Dec 4 telco on eUET)


	1.3
	CRs to features in Release 17 and earlier
	

	1.4
	IVAS_Codec (EVS Codec Extension for Immersive Voice and Audio Services)
	

	1.5
	ATIAS (Terminal Audio quality performance and Test methods for Immersive Audio Services)
	S4aA230133n (Nokia, Virtual mic test)


	1.6
	eUET (Enhancements to UE Testing)
	S4aA230131n (Orange, JBM testing)
S4aA230134n (Orange, RTP conformance)

	1.7
	FS_DaCED (Feasibility Study on Diverse audio Capturing system for End-user Devices)
	
S4aA230132a (Xiaomi, Non-param capture)


	1.8
	ISAR (Immersive Audio for Split Rendering Scenarios)
	

	1.9
	Others including TEI
	

	1.10
	New Work / New Work Items and Study Items
	

	1.11
	Close of the session
	



Legend for Tdocs:
· Color: not-yet processed, processed, late, withdrawn, moved to a different A.I., under email agreement
· a agreed, app approved, n noted, pa partially agreed, np not pursued, pp postponed…



Annex B – List of participants (21)

	[bookmark: OLE_LINK1]Apple – Fabrice Plante

	Dolby – Brian Lee

	Dolby – Stefan Bruhn

	Ericsson – Erik Norvell

	Ericsson – Tomas Toftgard

	Fraunhofer IIS – Stefan Döhla

	Fraunhofer IIS – Eleni Foutopoulos

	HEAD acoustics – Jan Reimes

	Huawei – Huan-Yu Su

	Nokia – Lasse Laaksonen

	Nokia – Arvi Lintervo

	Orange – Stéphane Bauduin

	Orange – Stéphane Ragot

	Orange – Jean-Philippe Thomas

	Panasonic – Akira Harada

	Qualcomm – Andre Schevciw

	Qualcomm – Imre Varga

	Philips – Marek Szczerba

	VoiceAge – Milan Jelinek

	Xiaomi – Nien Wu

	Xiaomi – Wang Bin





Annex C - Documents status

	[bookmark: _Hlk117291361]Tdoc
	Title
	Source(s)
	Agenda Item(s)
	Status

	S4aA230130
	3GPP SA4 Audio SWG report from teleconference on eUET (4 December 2023)
	SA4 Audio SWG Co-Chair
	1.2
	Agreed

	S4aA230131
	Status update on JBM performance testing
	Orange
	1.6
	Noted

	S4aA230132
	Non-parametric spatial audio capture for smartphones and other form factors
	Beijing Xiaomi Mobile Software Co., Ltd
	1.7
	Agreed

	S4aA230133
	On ATIAS virtual microphone test
	Nokia Corporation
	1.5
	Noted

	S4aA230134
	On RTP conformance tests
	Orange
	1.6
	Noted







