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Executive summary
[bookmark: _30j0zll]The meeting (11 participants, 1h 45 mn long) covered the following three input Tdocs: 
· JBM testing (S4aA230118 - noted): The proposed test methods seems to be close to be agreeable, the proposed profile may be updated to fix unexpected results for AMR; it was requested to clarify expectations on the proposed requirements and the impact of JBM design; offline discussions are invited on requirements.
· RTP conformance testing (S4aA230119 - noted): Proposals on setup and test cases were reviewed, some clarifications would be needed in the next version of the proposal.
· SWB measurement results S4aA230120 - noted): Updated test results were presented, for the next telco other cases (desktop handsfree and HHHF) will be addressed and proposals for frequency masks should be finalized.


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

No Tdoc in this A.I.

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)

None.


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




	S4aA230118
	Updates on proposed JBM performance testing
	Orange



Presenter: Jean-Philippe Thomas

Comments / questions:
· Stéphane R: when presenting you said there was a mistake, clarify what was the mistake?
· Jean-Philippe: for double sentence #1 the RTP packets chosen to be impaired are based on AMR-WB and EVS, they are not good for AMR, I can change the profile. I chose profile degradations that work for AMR-WB and EVS, I did not verify for AMR before.
· Fabrice: thanks for sharing PCAP and rtpdump, compared to initial contribution to SA4#126, we can decode, on our side with Thanksgiving we had no time to do too many things, thank you for all statistics. We discussed at the previous meeting, what is expectation on JBM? Either quality and impact on delay, or choose delay and in this case there is loss of quality. With this new profile, what is expectation we have? Expectation similar when wrote 26.131 and 132. How to integrate this new profile, there may be different expectations.
· Jean-Philippe: agree, can discuss. When quality is not good for DUT1 and DUT2 and delay is very much increased, there is something strange, because delay is increased and quality is worse. For DUT3 and DUT4 less strange, delay is higher but quality also good.
· Fabrice: AMR results are strange because they do not pass condition 0, for AMR-WB, if look at delay, DUT2 and DUT3 increase by at least 60 ms, which you can expect to have no packet loss with this profile.
· Jean-Philippe: you can test the profile or modify it and compare results. For quality there is no packet loss, we can find something close to condition 0, we find this for DUT3 and DUT4. For delay, it is too high I don’t know where to put threshold, extra delay of 100 ms from profile, I don’t know why DUT3 and DUT4 increase by 300 m, it is 3x the extra delay of the profile. We can discuss with the phone manufacturer or chipset manufacturer. This is to start the discussion, to verify if the JBM works on not.
· Jan: getting close to good solution here. On values you used a modified version of default, there are delay calculations and delays are subtracted, partly due to standard, a lot of delays are considered. Did you consider that min delay is 160ms instead of 30ms? It could be a reason for this very high delay.
· Jean-Philippe: I just make a green line, it’s not a calculation between if I had 100 ms delay, we can accept that JBM, add a delay of 100 or 120 ms. Just add this here to give some extra delay. Don’t know where I put the threshold.
· Stéphane R: good point from Jan, need to check offline.
· Jan: what is minimum delay? 160ms? That would be additional delta of 130 ms.
· On first value missing, system is skipping first double sentence, because test description specifies that first two sentences are discarded because they are used for convergence. Text at the moment specifies to discard the first two sentences, this is the reason why it is not provided. How do you get that many MOS values? For DUT1 100 MOS values? 10 less for double sentence #1, the sequence consists of 10 times of each sentence
· Jean-Philippe: not 100 MOS, we send double sentences… make 10 calls, we measure, we get 20 MOS, here we have 200 measures for condition 0, also 200 for conditions 1, 2… and 200 for new condition, we have 4 cases with 200 measurements, we have 800 MOS measurements, but 800 minus 40.
· Jan: you aggregate calls.
· Stéphane R: may update profile because of the mistake for AMR?
· Jean-Phlippe: better that people who want to test it, I think I can also work on AMR for double sentence #1 to verify RTP packets to work for all codecs and propose a new profile. The profile is good but not for first double sentence of AMR.
· Stéphane R: ok to note?
· Fabrice: ok to note this, but I think the important question what is the expectation, delay requirement has been quite challenging in the past, when you started all this, more on packet inversion and duplicartion and PLC, afgree that in this no packet loss, now with this profile, it’s a good profile to add, still questioning what is expectation, if not to lose packets, JBM should be conservative, quite a big change compared to past, delay increases, if comment from Jan, perhaps absolute delay not this one, if no packet loss then make JBM very slow in adaptation, don’t know if this is what we want, for dev point of view, perhaps delay approach. To me this profile is interesting, use it, in terms of requirements, expectation is quite different.
· Stéphane R: the part on the test methods seems to be close to be agreed with some support on the proposed profile, for the next meeting it will be important to find a solution for the requirements; offline discussions are invited on requirements.

Decision: 

S4aA230118 is noted.


	S4aA230119
	On RTP conformance tests
	Orange



Presenter: Stéphane Bauduin

Comments / questions:
· Jan: already included last time, one question on original document or cover page, we can use any acoustic or electrical setup, was for me or in WID that electrical interface should be sufficient or allow it for acoustical setup, in the end we just need call but acoustical setup may be oversized, comment?
· Stéphane B: system simulator with IMS core and RAN and Wifi could be sufficient there are no strong requirements on the system, I confirm that basically we want to be able to do some call with SDP parameter and to analyse RTP, we could reuse the complete acoustical setup
· Jan: I would clarify in specification that default way is to use analog or digital electrical interface according to 26.132; alternative setup could use an acoustic setup. If read this, seems like both can be used. Regarding send/receive, for RTP testing tricky what is send or receive, should react on send direction with something sent by system; for test method you said that the only requirement is to ensure active speech is sent… sounds like only task of send direction but everything else is in receive, but in draft tests are listed in sending direction. It’s a bit back and forth.
· Stéphane B: here send is the view from the device. 
· Jan: I have no good proposal to replace this, if such RTP tests are in send and receive, because both are affected, I cannot never say if this is wrong if flag for CMR got lost. Maybe not distinguish send/receive tests. On SIM card statement, is this is a valid statement? For some devices you can’t enable VoLTE without default test SIM cards, for our experience we have to twick if no manufacturer knowledge, so statement reads strange. If generated in terminal, question is if all SDP are as expected or something missing, SDP does not matter as long as we have the correct codec and bit rate. Would expect issues with SIM cards and SDP aspects, concern.
· Stéphane B: depending on PLMN, VoLTE is deactivated sometimes, you cannot run test
· Jan: declare device as non-conformant because cannot establish call, it is not the intention of your proposal
· Stéphane B: SIM is not parameter, but it will influence the result. Results are SIM dependent.
· Jan: results may differ depending on SIM card config, or if running with test SIM card maybe call setup is different, device is set into test mode, there would be careful expecting things that depend on SIM card. Mention lots of test in 8.2.1, lots of test references form 26.139, tools and compatible with typical test setup, check if compliant with other specification, requirement in advance to whole test suite here. Here define tests but in advance be compliant with xyz. Why explicitly test in this specification? Copy a lot of tests from somewhere selected, why these and not others, what is benefit of redoing tests from other specification, unclear tp me.
· Stéphane R: not sure 8.2.1 is really pointing to a test specification, just requirements. 
· Jan: refer to compliance with IR.92… 
· Stéphane B: just requirements 
· Jan: have to read references
· Fabrice: a bit concerned about change, in cover document, in bullet 3 of test setup, last time said send a PCAP and analyse PCAP, what are we doing to do? Setup the call, still scripts on PCAP analysis? confused
· Stéphane B: question is still open; analysis can be part of the system or can be done offline. Did not discuss in the document. Same injection or modify live the packets.
· Fabrice: confused; when you establish a call and change parameters?
· Stéphane B: as for JBM testing
· Fabrice: jitter is part of the setup, defined, I am confused setup is not required. What is not required PCAP player? Send trigger change, control CMR, SDP in network simulator.
· Stéphane B: can be in RTP stream.
· Stéphane R: is intention to allow an alternative setup where a live call would be equivalent to streaming PCAP?
· Fabrice: still need to send something, this will be done, send in network simulator? The way you do it is clear you send an RTP, and the DUT sends back, and you analyse, now confused, still need to be equivalent, what is easiest. Don’t know if use commands.
· Stéphane R: envision CMR would be define in a profile?
· Stéphane B: PCAP solution is a prepared RTP, second solution would be to stream the RTP file and a sequencer would modify the packet. RTP modification are done inside the PCAP or modification can be done during the call, but not specialist on the tool. 
· Fabrice: understand, same setup, but in one case you can send PCAP will all info, other send RTP and ask simulator to change RTP one live, same setup, the way you apply the CMR is different. Sentence is confusing.
 
Decision: 

S4aA230119 is noted.


	S4aA230120
	Updated SWB Measurement results for eUET
	HEAD acoustics GmbH



Presenter: Jan Reimes

Comments / questions:
· Jan: this is an update with focus on headset UE in receive case, will have another round of review of outliers, and try to have more devices. Two issues: what is a DHF device, consider type 4 ear types.
· Fabrice: a lot of results here, no time to go through all of them, when present quickly, sometimes phone itself or phone with companion device, seems results are quite different. Proposal of masks seems to be a good start.
· Stéphane: plan to present an update?
· Jan: try for next telco, one or two other cases for desktop handsfree and HHHF and finalize proposals for frequency masks. 
· Stéphane: did you check the subjective performance?
· Jan: in Figure 8, DUT5-H1 strange, listened, need to investigate, need to see if device or headset dependent. One of the next steps.

Decision: 

S4aA230120 is noted.


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

None.


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 AH meeting on ATIAS, eUET and FS_DaCED is on January 12, 2024. Submission deadline is: January 11. Thank you to HEAD acoustics for hosting the telco.

The meeting was closed at 17:45 CET.


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

Title:	Proposed agenda for Audio SWG teleconference on eUET  (4 December 2023)
Document for:	Approval
Agenda item:	1


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
	

	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)
	

	1.6
	eUET (Enhancements to UE Testing)
	S4aA230118n (Orange, JBM testing)
S4aA230119n (Orange, RTP conformance)
S4aA230120n (HEAD acoustics, SWB measurement results)

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


	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 (11)

	Apple – Fabrice Plante

	Dolby – Frédéric Gabin

	Ericsson – Tomas Toftgard

	Fraunhofer IIS – Markus Multrus

	HEAD acoustics – Jan Reimes

	Orange – Stéphane Bauduin

	Orange – Stéphane Ragot

	Orange – Jean-Philippe Thomas

	Qualcomm – Andre Schevciw

	Philips – Marek Szczerba

	Xiaomi – Wang Bin





Annex C - Documents status

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

	S4aA230118
	Updates on proposed JBM performance testing
	Orange
	1.7
	Noted

	S4aA230119
	On RTP conformance tests
	Orange
	1.7
	Noted

	S4aA230120
	Updated SWB Measurement results for eUET
	HEAD acoustics GmbH
	1.7
	Noted




