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1. Introduction
SDP bodies carry two bandwidth modifiers called RR and RS. Their purpose is to describe the bandwidth that is allocated for carrying RTCP traffic, where RS describes the bandwidth allocated to active data senders and RR the bandwidth allocated to data receivers. The two modifiers are defined in RFC 3556. Their actual usage for VoLTE is specified in 3GPP TS 26.114 and GSMA IR.92. 

Unluckily, TS 26.114 and IR.92 are difficult to translate into what needs to be put into 34.229-1 regarding RR and RS. There have been several attempts to clarify the situation, the latest one being R5-145730. Still, we encounter issues in the field as well as cannot connect the core specs with 34.229-1 and 34.229-2.
This discussion paper is intended to first explain the issues involved and to discuss ways forward.
2. Discussion

The core of the problem seems to be that IR.92 changed its requirements regarding RR and RS on a high level, leaving the details to TS 26.114 which is now trying to “straddle the fence”. 
Specifically, IR.92 v6.0 (and earlier) states the following:

In active “speech-only sessions,” the RTCP transmission must be turned off by the UE and the entities in the IMS core network that terminates the user plane, by setting the "RS" and "RR" SDP bandwidth modifiers to zero. When media is put on hold, the transmission of RTCP must be temporarily enabled by (re-)negotiating the RTCP bandwidth with "RS" and "RR" SDP bandwidth modifiers greater than zero.
This seems to imply that during an ongoing call (and in the signalling phase before setting up the call), RR and RS are zero. The signalling used to put such a call on hold will show both values having positive values.

IR.92 v7.0 (and later) now states:
The RTCP transmission must be turned on by the UE and the entities in the IMS core 
network that terminates the user plane
This means that IR.92 v7.0 makes no difference between phases of ongoing call and call on hold. However, the term “turned on” needs to be interpreted. As the quote from IR.92 v6.0 explained that turning off means both modifiers to be put to zero, and that putting media on hold would mean both modifiers being positive, it seems reasonable to assume that turning on means both modifiers being positive.
The relevant excerpts from 3GPP TS 26.114 V12.5.0 Section 7.3.1 regarding mandatory behaviour are as follows:

… an MTSI client shall include the "b=RS:" and "b=RR:" fields in SDP
The relevant excerpts from 3GPP TS 26.114 Section 7.3.1 regarding recommended behaviour are as follows. We show the respective quotes, and then interpret them:
The RS and RR values included in the SDP answer should be treated as the negotiated values for the session and should be used to calculate the total RTCP bandwidth for all terminals in the session
This is useful for the 2nd offer sent in MT calls in that the SS takes over the values sent by the UE in its 183 Session Progress response. However, for MO calls we cannot mandate the UE to do the same in its second offer because the above quote is only a recommendation.
If the session described in the SDP is a point-to-point speech only session, the MTSI client may request the deactivation of RTCP by setting its RTCP bandwidth modifiers to zero.

This seems to hint at UEs implementing IR.92 v6.0. Note again that this is just a recommendation though. 

If a MTSI client receives SDP bandwidth modifiers for RTCP equal to zero from the originating MTSI client, it should reply (via the SIP protocol) by setting its RTCP bandwidth using SDP bandwidth modifiers with values equal to zero
This is useful for how the SS responds to a UE, i.e., in MO calls. Indeed, 183 Session Progress in C.21 states that the SS just mirrors the RR and RS values as received. Again, this quote does not help though in prescribing UE behaviour as the wording is optional. 
The RR value should be set greater than zero to enable RTCP packets to be sent when media is put on hold and during active RTP media transmission, including real-time text sessions which may have infrequent RTP media transmissions.
This is reflected in MT Call Hold in C.9 by specifying a RR=0 for IR.92 v6.0. For IR.92 v7.0 this is lacking in C.9 and should  be added. 
For C.8, the above again does not help as C.8 is on UE behaviour and the above is just a recommendation. Hence the existing UE requirement in C.8 cannot be justified by 26.114 but rather just by IR.92.
Point-to-point speech only sessions may not require the above functionalities and may therefore turn off RTCP by setting the SDP bandwidth modifiers (RR and RS) to zero. When RTCP is turned off (for point-to-point speech only sessions) and the media is put on hold, the MTSI client should re-negotiate the RTCP bandwidth with the SDP bandwidth modifier RR value set greater than zero, and send RTCP packets (i.e., Receiver Reports) to the other end. This allows the remote end to detect link aliveness during hold. When media is resumed, the resuming MTSI client should request to turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with SDP bandwidth modifiers equal to zero
The above explains where the existing asymmetry between RR and RS in 34.229-1 is coming from. However, as explained, such recommendation can be used to describe SS behaviour, but not for putting requirements on UEs.

All essential wording in TS 26.114 being optional means that we can try to make the SS behave as described in 26.114, but we cannot put requirements on UE behaviour based on that. This basically leaves us with the two versions of IR.92.

On the other hand, TS 26.114 might be written in this optional way to accommodate both versions of IR.92 and leaving it up to interpretation how a UE needs to be behave, depending on what version of IR.92 it follows. The authors of TS 26.114 might be able to help.
The situation described so far led to introduce two items in 34.229-2 as follows:

A.12/23: “UE supports sending RTCP only while call is put on hold”, being mandatory for IR.92 v6.0 or earlier. Not allowed for IR.92 v7.0 or later.
A.12/35: “UE use RTCP during the active two-way voice sessions”, being mandatory for IR.92 v7.0 or later. Not allowed for IR.92 v6.0 or earlier.
Now, a trivial but helpful observation is that a UE can only implement one version of IR.92. And further we conclude:
· If it implements v6.0 or earlier, item A.12/23 applies and A.12/35 does not apply. 
· If it implements v7.0 or later, item A.12/23 does not apply and A.12/35 applies. 
Hence, we have the situation that both items are mutually exclusive, and we should record that in 34.229-2. This would then help to clarify TTCN. Currently, the two items are implemented via a boolean pics each (named pc_SendRTCPOnlyOnHold for A.12/23 resp pc_IMS_RtcpDuringVoiceSession for A.12/35). When running relevant tests, the tester has to give values to the two pics.
· When both pics are set to true, TTCN will perform checks such that RR will be positive in MO Invite, be positive during Call Hold, be zero again for call resumption. The resumption case contrasts the MO Invite in a way that it is unlikely that a UE will behave that way. 
· When both pics are set to false, TTCN skips all relevant checks opening the door to fake passes

· When one pics is true and the other one is false, we seem to be fine by assuming one of the two IR.92 versions.
A clarification that both of above two items of 34.229-2 are mutually exclusive would enable us to replace the two pics by one. Such a pics being false would mean that the UE implements the old version of IR.92, being true would mean that UE implements the new version of IR.92. 
There is companion CR R5-150496 which attempts to explain what can be done in detail in and which of those changes to 34.229-1 could be done right away.
3. Proposal
Decide on the following proposals:
a) Add a clarification to 34.229-3 regarding mutual exclusion of A.12/23 vs A.12/35, and thereby replacing the two pics by one (or requesting exactly one of the two being set to true).
b) Seek clarity on the issue by writing a liaison to the 3GPP group responsible for TS 26.114. In the meantime, disable all checks in TTCN regarding RR and RS, or advise testers to do so by setting above pics to false, effectively bypassing all checks.
c) Drop all checking of RR and RS for good as RTP data are not checked anyway as of today. 
d) Forget about TS 26.114 and be definite how to interpret IR.92 v7.0, possibly by a liaison to GSMA (no need to ask about v6.0 as that one is clear). 
e) Stop accomodating to IR.92 v6.0 and clarify v7.0 (see preceding proposal). However, note that we have UEs implementing the older IR.92 version. 
f) Adopt above interpretation of IR.92 v7.0 in that turning on means both modifiers being positive all the time. This would enable us to implement clear and strict rules, at the considerable risk that UE validation will be derailed for quite some time until UE implementations will catch up
