3GPP TSG-CT WG3 Meeting #77
C1-111087
Taipei, Taiwan, 16 – 20 Apr 2012
Source:
Ericsson, ST-Ericsson
Title:
Payload type and codec mapping mismatch
Agenda item:
11.28.1
Document for:
INFORMATION
1.
Background

According to the RFC 3264 section 8.3.2, it is not allowed to change the Payload Type (PT) mapping in a re-INVITE or UPDATE in an incompatible way.

RFC 3264:
"8.3.2 Changing the Set of Media Formats

   The list of media formats used in the session MAY be changed.  To do

   this, the offerer creates a new media description, with the list of

   media formats in the "m=" line different from the corresponding media

   stream in the previous SDP.  This list MAY include new formats, and

   MAY remove formats present from the previous SDP.  However, in the

   case of RTP, the mapping from a particular dynamic payload type

   number to a particular codec within that media stream MUST NOT change

   for the duration of a session.  For example, if A generates an offer

   with G.711 assigned to dynamic payload type number 46, payload type

   number 46 MUST refer to G.711 from that point forward in any offers

   or answers for that media stream within the session.  However, it is

   acceptable for multiple payload type numbers to be mapped to the same

   codec, so that an updated offer could also use payload type number 72

   for G.711.
      The mappings need to remain fixed for the duration of the session

      because of the loose synchronization between signaling exchanges

      of SDP and the media stream."
i.e. the PT Information used to the remote side must be kept intact or at least not in conflict with the PT received from the UE when the session was initiated.
Since PT numbers are used from a dynamic range, the SRVCC UE and MSC Server may chose different values. This could then cause that the remote UE would get one PT mapping when the call is set up and another PT mapping from MSC Server as part of the SRVCC transfer both using the same PT number, but with different meaning.

The UE may then have the wrong understanding of what PT to use. 
2.
Illustration of the problem
An illustration of the problem is shown below.
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The initial INVITE from the UE in the example above contains (simplified):

m=audio 3456 RTP/AVP 96 97
a=rtpmap:96 telephone-event
a=rtpmap:97 AMR 

The INVITE due to STN-SR from the MSC server resulting in the re-INVITE or an UPDATE towards the remote UE contains (simplified):

m=audio 4567 RTP/AVP 96 97
a=rtpmap:96 AMR 
a=rtpmap:97 telephone-event
The PT is used internally by the UE for sending the payload to the appropriate codec.
After sending the re-INVITE/UPDATE to the remote UE the actions in the remote UE is undefined,

The remote UE can:

-
Ignore, but acknowledge, the update of the PT mapping

o
In this case the remote UE will send DTMF payload using the AMR codec PT and the AMR payload using the DTMF codec PT towards the MSC server.

-
reject the update since it is not valid

o
In this case the handover will fail.

-
Update the PT mapping according to the new PT mapping (i.e. not following the rules of RFC 3264) and acknowledge the re-INVITE/UPDATE.

o
In this case, no problem.
3
Implications
This problem affects:
-
Rel-7 VCC

-
Rel-8-11 DRVCC

-
Rel-8-11 SRVCC using Rel-8/9 architecture 

-
Rel-10 SRVCC for the held call / alerting call 

-
SRVCC emergency

-
Subset of Inter UE Transfer

-
Customized Alerting Tones? (GW model) 

-
Rel-8-11 PS to PS service continuity 

-
rSRVCC (when not anchoring in ATGW)

2.
Proposed solution

2.1
Specify a specific PT value/mappings for 3GPP devices and MSC Server
Example, define a number of profiles: 

a=rtpmap:96 telephone-event 

a=rtpmap:97 AMR

a=rtpmap:98 AMR-WB
Pro: 

+
Reasonably cheap and works well for SRVCC with MSC Server using SIP.

Cons: 

-
Requires to standardize this mapping somewhere (GSMA or 3GPP), which may be difficult as it could be considered against the IETF notion of using dynamic PT numbers. 

-
A large combination of profiles and modes would need to be standardized.  

-
Existing MGCFs (used for DRVCC) and UEs currently being rolled out would need to be upgraded. 

-
Not considered to be a viable solution. 

2.2
Media anchor invoked on a per need basis (MRF)
A MRFP is included after the transferred if required (i.e., some transcoding or RTP re-mapping is required). 

Controlled in one way or another by the SCC AS or EATF (if emergency) uses a MRF when PT mapping is required.
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requires mapping) changes. 

MRFP only included after the transfer 
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When the MSC server sends an INVITE due to STN-SR containing an incompatible PT and codec mapping the SCC AS connects a MRF where the MRFP performs PT mapping. 

The re-INVITE/UPDATE towards the remote end will now contain the same PT and codec mapping as in the initial INVTE.
Pro: 

+
Will work for all scenarios. 

Cons: 

-
More MRFs required (costly).

-
New procedures required for SCC AS or EATF (if emergency) to include MRF.  

2.3
Media anchor invoked on a per need basis (ATCF)

An ATGW is included after the transferred if required (i.e., some transcoding or RTP re-mapping is required). 

The ATGW is controlled in one way or another by an ATCF (also for DRVCC, IUT etc). 
Illustration of the solution:
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When the MSC server sends an INVITE containing an incompatible PT and codec mapping the ATCF connects an ATGW where the MRFP performs PT mapping. 

The INVITE towards the SCC AS and the re-INVITE/UPDATE towards the remote end will now contain the same PT and codec mapping as in the initial INVITE.

Pro: 

+
May work for most scenarios.

Cons: 

-
Using ATCF for DRVCC, PS-PS etc, may be problematic in practice due to the network topology.  If multi-PS access used, it is not clear what ATCF to use. 

-
A Dynamic STN-SR is required (back to Rel-7).  Not likely to be possible for terminals. A dynamic STN for DRVCC could be ok as a long term solution, but not to solve the short term problem.

-
For emergency, this would be tricky as there is no interface to provide the STN for ATCF to the MSC Server.
2.4
Media anchor invoked on a per need basis (IBCF)

An IBCF is included on the path after the SCC AS or EATF (if emergency). 
The IBCF do not need to anchor media for the original session (unless required for other reasons), and will only anchor media when some re-mapping / transcoding is required).

Illustrating the solution:
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Pro: 

+
Work for all scenarios, and will also be a generic solution for any media changes (including need for transcoding). 

Cons: 

- 
Requires an IBCF in the path all the time… (cost) 

-
The incompatible PT and codecs are sent between the SCC AS and the IBCF and that could be problematic since any AS (e.g. TAS) can be included between the SCC AS and the IBCF and also in the media path. 

Note that this problem does not exist in the case of emergency call because there is no AS involved between the E-CSCF and the PSAP!
2.5
Specific solution for PS-PS and IUT
Mandate that the target side always use the same information as used for source side.
-
PS-PS case: As it is the same UE, the UE have already the information about what PT mapping it used. It is a matter of clarification in the spec. 

-
IUT case: In a number of cases, the target UE receives the SDP of the original session. As a result, it could be mandated to let the UE use same PT mapping as the original session it tries to take over. 
2.6
Solution specific for Rel-10 SRVCC additional calls
Also mandate to route the transfer of the additional sessions through the ATCF (this way, the ATGW can always be included if required).

Pros:

+
Gives a similar handling as for rSRVCC (future compatible)
Cons: 
-
If PT and codec miss-match, the ATGW will need to be used. 
-
Impact on MSC server, ATCF and SCC AS.

3.
Conclusion
If we want to ensure that SRVCC (emergency and non emergency) to work we need to solve the PT and codec mapping mismatch.
We need to start from release 8 for non-emergency calls, from release 9 for emergency calls and IUT/PS-PS and release 10 mid call handling and alerting. 
4.
Recommendations

4.1
Non emergency calls

Short term solution:

1)
General solution [from release 8, SRVCC/DRVCC]:

-
Update SCC AS to include an MRF when PT and codec mismatch occurs

2)
To minimize the cases when the SCC AS needs to include the MRF:

-
Mandate that a UE for the target access leg always use the same information as used for source access leg (2.5 "Specific solution for PS-PS and IUT"), [from release 9].

-
For Rel-10 ATCF architecture, try to correct the Rel-10 mid call handling and alerting (2.6 "Solution specific for Rel-10 SRVCC mid-call / alerting") [from release 10]. 

4.2
Emergency calls

The emergency call need to be updated from release 9 as follows:
Either:

1)
Include an IBCF (between E-CSCF/EATF and PSAP) for every call (2.4 "Media anchor invoked on a per need basis (IBCF)");

or 

2)
Include an MRF on a per need bases (2.3 "Media anchor invoked on a per need basis (MRF)")

NOTE:
Some markets require announcements to be played either towards PSAP or towards the UE so the step 2 may be preferable.
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MRFP only included after the transfer and not for the initial call over PS. 
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