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1
Introduction

3GPP RAN WG5 repeatedly sent liaison requests for clarification to CT1. This worked for clearly defined issues. However, RAN5 encounters issues that would better be handled via direct discussion with CT1. Such approach was proposed by the RAN5 chairman and is supported by the CT1 chairman. This document now describes a specific yet somewhat ill-understood issue RAN5 is facing which needs resolution.
2
Details
RAN5 conducts UE conformance testing. The test model is that a UE (the “DUT” or Device Under Test) is connected to a test environment which simulates everything beyond the DUT: the access network, the core network, and any other remote UEs that interact with the DUT. This means that the SS (System Simulator) sends radio signals, SIP responses (when DUT acts as UAC), SIP requests (when DUT acts as UAS), RRC and NAS messages, etc. This means that messages on all layers from all involved simulated entities are sent to the DUT. Messages from the DUT on all layers are received and processed.
The problem at hand now came up while designing test cases for VoNR (Voice over NR). Normal voice calls between user A (using the DUT) and user B (UE and its user are simulated by the SS) are well understood. However, there are questions on how to use PDU sessions and contained QoS flows in scenarios where the DUT interacts with more than one simulated UE. Example scenarios are 3way call, forking or call forwarding. Let us consider a 3way voice call as an example. The procedure looks roughly like this:
Step 1: User A (using the DUT) sets up a call with user B (simulated by the SS).
Step 2: A puts B on hold.
Step 3: A sets up a call with user C (also simulated by the SS).
Step 4: A puts C on hold.
Step 5: A calls conference factory (simulated by the SS).
Step 6: A invites B and C to the conference via SIP REFER requests.

The issue is in Step 3: When A sets up a call with C, both parties using preconditions, observed UE behavior is that UE indicates in SDP body in re-INVITE that it does not have resources available by declaring “a=curr:qos local none”. This is although the DRB (Data Radio Bearer) for voice had been established when setting up the call with B, and this DRB is also used for the call with C now – at least this is an assumption RAN5 currently makes. Therefore, the unclarities do not seem to be in the radio resources but in the NAS level resources, i.e., the affected PDU session and its QoS flows.
Questions: 

1. Is above UE indication of not having resources due to an additional QoS flow having to be established via a PDU SESSION MODIFICATION COMMAND issued by the network? 

2. RAN5 currently uses Packet filter component type identifier 01010001 (see TS 24.501 cl 9.11.4.13) which stands for Remote port range type which is used to indicate the RTP and RTCP remote ports as negotiated in SDP. As B and C will generally not use the same RTP/RTCP ports this suggests that C needs a new QoS flow. Is this a correct conclusion?

3. Alternatively, the Packet filter component type identifier could hold a remote IPv4 or IPv6 address. In which scenarios does this identifier hold a remote port and when does it hold a remote IP address?
Note: TS 24.501 cl 6.2.5.1.4.2 states that “an IPv4 remote address component set to the value of the source address field of the received DL user data packet” which is an additional hint that the PDU session will have a separate QoS flow per remote UE that is part of the conversation.
4. Is above remote IP address actually the address of the remote UE or is it the address of the IMS application server?
5. Does it matter if B and C would use same audio codec or different codecs with different bandwidth requirements? For instance, would interaction with B and C use the same QoS flow when using same codec and bandwidth, and use different QoS flows when using different codecs and bandwidth?
6. And will A have to wait for  PDU session modification to complete before sending second SDP offer to C? In RAN5, we see divergent UE behaviors.

