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1.1 Introduction
There have been some discussions over the last two meetings regarding potential voice break and voice quality issues for IMS sessions. This paper examines the scenarios where there may be impacts and suggests a way forward for addressing the issue in Release 11.

1.2 Discussion

1.2.1 Scenarios impacted

Several scenarios have been identified where such impacts could occur: -

· Transfer between PS-based access networks where the IP address changes

· Changes in codec during an ongoing session (voice quality impact due to change in bandwidth)
· Changes in port during an ongoing session

Off-line discussions have indicated that the first of these scenarios is not critical in terms of finding a solution in Release 11. However, the latter two scenarios are a pressing concern since these scenarios will be commonly encountered. Every time there is a codec change as a result of bandwidth changes, for example. Some example cases are: -

· The user manually upgrades or downgrades a session from NB to WB.

· The remote user upgrades or downgrades a session from NB to WB for any reason.

· Either user requests an upgrade/downgrade to a higher/lower fixed-rate of AMR.

· After eSRVCC that includes downgrade from WB to NB on the originating side, it may be desirable to renegotiate end-to-end down to NB to remove the transcoder.

· If a user gets an off-hold indication based on the signaling and attempts to speak immediately (another potential voice clipping scenario).

In addition, it is good practice to always change the port when there is a modification to the session, eg when changing the codec, because as soon as media arrives at the new port the UE knows that it can stop listening using the old codec. 
1.2.2 Root causes
Below is an example call flow, showing signalling as thin, black lines and media as thicker, coloured lines. The slope of the lines is intended to indicate the transit time for the signalling or media packets.

The flow, and the accompanying discussion, use the following conventions/assumptions: -

· Uplink flows are from UE-A to UE-B

· Downlink flows are from UE-B to UE-A

· UE-A sends the SDP offer

· UE-B sends the SDP answer

These conventions are intended to simplify the discussion. It is also possible that UE-B could update the media and thus it would be sending the SDP offer, and UE-A would respond with an SDP answer. However, this wouldn’t affect the essential discussion points.
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Example call flow (current procedures)

1: UE-A sends SIP message (containing SDP offer) to update the media session information (could be eg codec change, port change, or address change). The UE continues to use the old media information for uplink packets.

2: The originating-side P-CSCF sends on the SIP message. (At this point there are currently no changes to the installed PCC rules.)

3: The terminating side P-CSCF sends on the SIP message. (At this point there are currently no changes to the installed PCC rules.)

4: UE-B receives the SIP message and provides a response to the SDP offer with an SDP answer. UE-B may also change downlink media information, such as the port number. It starts to send downlink media information towards UE-A using new media information. Since the PCC rules in the terminating-side P-GW are unchanged the media might be blocked, or the voice quality impacted.
5-7: The terminating P-CSCF receives the SDP answer and requests the PCRF to install new rules on the terminating P-GW. Downlink packets now match the PCC rules, but uplink packets do not since they were sent using the old information. (However, the originating P-GW has not yet been updated so the downlink packets do not match the PCC rules in the originating P-GW.)

8-11: The SDP offer is sent towards the originating side P-CSCF. It requests the PCRF to install new rules on the originating P-GW. Downlink packets now match the PCC rules, but uplink packets do not since they were sent using the old information.

12: UE-A receives the SDP answer and starts to use the new information for uplink packets. In the P-GW these packets now match the new PCC rules previously installed.
The root cause of the voice break/quality issue is that the points in time at which the originating and terminating UEs start to send packets using the new transport information are not synchronized with the points in time at which the new transport information (in the form of PCC rules) is installed in the P-GW’s involved in the end to end session. The impact on the session is determined by the end to end signalling delay between UE-A and UE-B. This end-to-end delay is determined by the number of entities on the signalling path (processing delay) and the transport delay due to the “distance” between entities. The number of entities involved, and the transport delay will be particularly high when both UE’s are roaming from different HPLMN’s. Previous investigate as part of the eSRVCC work has indicated that in the worst case the transport delay alone could be around 500ms.
At any point in a session either of the UE’s involved could send a re-INVITE/UPDATE (ie send a new SDP offer) to change the parameters used in the session.  The offer/answer procedures are the same as for an initial offer/answer.

Extracts from RFC 3264: -

Initial offer/answer

Once the answerer has sent the answer, … It MUST be prepared to send and receive media for any sendrecv streams in the answer, and it MAY send media immediately. The answerer MUST be prepared to receive media for recvonly or sendrecv streams using any media formats listed for those streams in the answer, and it MAY send media immediately.
When the offerer receives the answer, it MAY send media on the accepted stream(s) (assuming it is listed as sendrecv or recvonly in the answer).
Media stream modification

The offerer MUST be prepared to receive media on both the old and new ports as soon as the offer is sent.  The offerer SHOULD NOT cease listening for media on the old port until the answer is received and media arrives on the new port.
If the updated stream is accepted by the answerer, the answerer SHOULD begin sending traffic for that stream to the new port immediately. If the answerer changes the port from the previous SDP, it MUST be prepared to receive media on both the old and new ports as soon as the answer is sent.  The answerer MUST NOT cease listening for media on the old port until media arrives on the new port.
The same is true for an offerer that sends an updated offer with a new port; it MUST NOT cease listening for media on the old port until media arrives on the new port.
(The description above regarding port changes also applies to IP address changes and media format changes such as a change in codec. )
1.2.3 Possible solutions

1.2.3.1 Media Gateway Anchoring

It was suggested that anchoring of the media at a media gateway in the serving network could help to reduce the voice break/quality impacts. If the IP address or port of the UE changes, this change would not be propagated towards the far party, and so in the worst case the transport delay would be around 45ms. Media anchoring would therefore appear to be a workable solution, but with the significant drawback that additional resources are required for every session. 
There is also another drawback if a codec change is involved. If the session modification involves a codec change then if the media is anchored at a media gateway in the serving network it is possible that transcoding would then be required (unless end-to-end negotiation is allowed, in which case there is of course a voice quality drop related to the end-to-end delay). So although the voice break is reduced, resources are required for transcoding and voice quality might be reduced.

It is worth noting that the reasons for selecting a media anchoring solution for eSRVCC do not apply to SDP re-negotiation. In eSRVCC it is not possible to synchronize the re-tuning of the radio with the re-negotiation of the end-to-end media path so a media anchoring solution is necessary in cases where there is significant signalling transport delay.

1.2.3.2 PCC modification

As outlined in a previous discussion document we envisage that some changes to PCC and/or P-GW behaviour could be introduced in order to address the voice break/quality issues described above that are in line with RFC 3264: -
Downlink

· On the originating side, the new rules currently aren’t installed until the SDP answer is received, since that is the point at which the new rules are fully known. This means that if packets are received from UE-B using the new information, there will be voice break/quality issues. Since the downlink media packets are likely to arrive sooner than the SDP answer, there will be an interval where the P-GW blocks packets that use the new information.  If the P-GW on the originating side was to be informed when the SDP offer is received then it could wild-card the downlink rules.

· On the terminating side, the SDP offer could trigger the PCRF to inform the P-GW that it needs to allow packets from UE-B that use the new UE-A media information as well as allowing packets that use the old UE-A information. However, the SDP answer comes shortly after the offer and so this change might not be necessary.
Uplink

· On the originating side, the SDP offer could trigger the PCRF to inform the P-GW that it needs to allow packets from UE-A using the old information as well as packets using the new information (based on the rules installed when the SDP answer is received). However, UE-A will start sending packets using the new information it receives in the SDP answer shortly after the P-GW receives the SDP answer, so this change might not be necessary.
· On the terminating side, new rules are installed on the P-GW when the SDP answer is seen by the terminating P-CSCF, but UE-A continues to use the old information when sending packets and so the uplink break/quality issues start at this point. It continues until UE-A receives the SDP answer and starts using the new information. If the terminating P-GW behaviour is changed to continue to accept packets that contain the old information then the uplink voice break/quality impacts can be eliminated.

The above proposals essentially involve allowing old and new rules to apply for some short period of time. Clearly there would need to be a method for removing the old rules. There are a number of ways that this could be done, such as using a timer, detection of packets that match the new rule, or detection of another offer or answer. At this point we suggest this is left for Stage 3 to determine the right approach, though Stage 2 should define the requirements for removal of the old rules.
1.3 Conclusion

Our conclusions are therefore: -

· There is a frequently occurring voice quality issue, that is a result of media modifications on an ongoing IMS session

· This requires a solution in Release 11 (and potentially in earlier releases)

· A solution is required that does not mandate that all sessions have their media anchored

· 3GPP should investigate changing PCC and/or the P-GW behaviour in order to eliminate the voice break/quality issues that might result from scenarios where the codec and/or port information of a UE changes.

· The solution should also apply to scenarios where the UE address information changes.

· We would expect any Stage 2 impacts to be quite small (to TS 23.203) but updates to TS 29.212, TS 29.213 and TS 29.214 are likely.
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