
3GPP TSG CT WG1 Meeting #76
C1-120069
Xiamen (P.R. China), 6-10 February 2012

Source:
Ericsson, ST-Ericsson
Title:
CS to PS SRVCC, overview
Agenda item:
11.11
Document for:
Discussion
1. Abstract
This paper summarizes the impacts of rSRVCC-CT work, identifies the open issues and proposes solutions. 

2. Introduction
The goal of the rSRVCC-CT work is to enable handover from CS network (e.g. GERAN) to PS network (e.g. E-UTRAN) without impacting the speech quality. The CS domain is not requried to support parallel PS and CS domain data sending (e.g. non DTM enabled GERAN).
SA2 sent an LS (http://www.3gpp.org/ftp/tsg_sa/WG2_Arch/TSGS2_88_San_Francisco/Docs/S2-115422.zip) to CT1 on CS to PS SRVCC including the agreed 23.216 and 23.237 CRs.

3. Impacts

The solutions which were proposed and commented in previous meetings are marked grey. Those grey solutions are no longer proposed.
3.1 General

In order to support the rSRVCC-CT, the following procedures are impacted:

- registration of SC UE with IMS over PS

- registration of MSC server enhanced for ICS with IMS

- originating IMS session set up from MSC server enhanced for ICS

- terminating IMS session set up from MSC server enhanced for ICS

- CS to PS access transfer

3.2A Registration of SC UE with IMS over PS
According 23.237 subclause 6.1.3.1:

As a prerequisite for CS to PS SRVCC, the SC UE needs to be registered with IMS over PS.
When registering with IMS over PS:

-
the SC UE needs to indicate support of the CS to PS SRVCC to the ATCF and the SCC AS along with a pre-defined port (IP address, payload types, codecs, ...) for the voice media that can be used during the access transfer to send downlink media to. 
-
the ATCF needs to indicate support of the CS to PS SRVCC to the SCC AS and to the SC UE and provide a dynamic STI-rSR to be used in future CS to PS SRVCC access transfers to the SC UE.
Open issue 1: how will the SC UE indicate support of the CS to PS SRVCC along with the pre-defined port, IP address, payload types, codecs, ... for the voice media that can be used during the access transfer to send downlink media to?

Proposed solutions so far: 
Solution A: 

the SC UE includes into SIP REGISTER request an XML body containing SDP describing the pre-defined port (IP address, payload types, codecs, ...) for the voice media that can be used during the access transfer to send downlink media to. The inclusion of the XML body with the information in the SIP REGISTER request indicates support of the CS to PS SRVCC in the SC UE. The XML envelope is used in order not to clash with any other service inserting SDP into SIP REGISTER request. This solution was commented in SFO as not appropriate since the SDP is not used by the registrar.
Solution B: 

In registration, the UE indicates support of the CS to PS SRVCC using using a feature tag g.3gpp.cs2ps-srvcc in Contact header field of the REGISTER request. 
After the registration, if the dynamic STI-rSR was provided to the SC UE, the UE sends a SIP MESSAGE request to the ATCF containing SDP with the pre-defined port, IP address, payload types, codecs, ... for the voice media to be used during the access transfer by ATGW to send downlink media to UE. The SIP MESSAGE request is sent with Request-URI containing the STI-rSR. 
When ATCF receives the SIP MESSAGE request with Request-URI containing the STI-rSR, ATCF stores the SDP and sends 200 OK response to the SIP MESSAGE request. ATCF also sends another SIP MESSAGE request towards the UE with SDP containing the payload types, codecs, ... (invalid IP address and port are provided as those are chosen during the CS to PS access transfer) for the voice media to be used during the access transfer by SC UE to send uplink media to ATGW. The SIP MESSAGE request is sent with Route header field(s) containing the Path header fields received in the 200 response to the REGISTER request and with P-Asserted-Identity header field containing the STI-rSR.
Open issue 18 (raised in conf. call in 2011-12-20): is it necessary for UE to provide the IP adress for the voice media that can be used during the access transfer to send downlink media to? The registered contact address can be used instead.

Proposed solution: IP address in Contact is likely to be equal to the IP adress for the voice media that can be used during the access transfer to send downlink media to. Still, providing the IP address in SDP seems more logical as it is the usual place for IP address for media sending. 

Open issue 2: how will the ATCF indicate support of the CS to PS SRVCC to the SCC AS and to the SC UE?

Proposed solution: the ATCF includes a Feature-Caps header field with a feature tag g.3gpp.cs2ps-srvcc in the SIP REGISTER request and in the 2xx response to the SIP REGISTER request.

Open issue 3: how will the ATCF provide the dynamic STI-rSR to the SC UE?

Proposed solution: The g.3gpp.cs2ps-srvcc feature tag in the Feature-Caps header field carries the dynamic STI-rSR.

Open issue 17 (raised in conf. call in 2011-12-20): Must SDP included in the MESSAGE requests follow offer/answer model?
Proposed solution: 

RFC3261 states: 

------------------------------------------------

   There are special rules for message bodies that contain a session

   description - their corresponding Content-Disposition is "session".

   SIP uses an offer/answer model where one UA sends a session

   description, called the offer, which contains a proposed description

   of the session.  The offer indicates the desired communications means

   (audio, video, games), parameters of those means (such as codec

   types) and addresses for receiving media from the answerer.  The

   other UA responds with another session description, called the

   answer, which indicates which communications means are accepted, the

   parameters that apply to those means, and addresses for receiving

   media from the offerer. An offer/answer exchange is within the

   context of a dialog, so that if a SIP INVITE results in multiple

   dialogs, each is a separate offer/answer exchange.  The offer/answer

   model defines restrictions on when offers and answers can be made

   (for example, you cannot make a new offer while one is in progress).

   This results in restrictions on where the offers and answers can

   appear in SIP messages.  In this specification, offers and answers

   can only appear in INVITE requests and responses, and ACK.  The usage

   of offers and answers is further restricted.  For the initial INVITE

   transaction, the rules are:

      o  The initial offer MUST be in either an INVITE or, if not there,

         in the first reliable non-failure message from the UAS back to

         the UAC.  In this specification, that is the final 2xx

         response.

      o  If the initial offer is in an INVITE, the answer MUST be in a

         reliable non-failure message from UAS back to UAC which is

         correlated to that INVITE.  For this specification, that is

         only the final 2xx response to that INVITE.  That same exact

         answer MAY also be placed in any provisional responses sent

         prior to the answer.  The UAC MUST treat the first session

         description it receives as the answer, and MUST ignore any

         session descriptions in subsequent responses to the initial

         INVITE.

      o  If the initial offer is in the first reliable non-failure

         message from the UAS back to UAC, the answer MUST be in the

         acknowledgement for that message (in this specification, ACK

         for a 2xx response).

      o  After having sent or received an answer to the first offer, the

         UAC MAY generate subsequent offers in requests based on rules

         specified for that method, but only if it has received answers

         to any previous offers, and has not sent any offers to which it

         hasn't gotten an answer.

      o  Once the UAS has sent or received an answer to the initial

         offer, it MUST NOT generate subsequent offers in any responses

         to the initial INVITE.  This means that a UAS based on this

         specification alone can never generate subsequent offers until

         completion of the initial transaction.

   Concretely, the above rules specify two exchanges for UAs compliant

   to this specification alone - the offer is in the INVITE, and the

   answer in the 2xx (and possibly in a 1xx as well, with the same

   value), or the offer is in the 2xx, and the answer is in the ACK.

   All user agents that support INVITE MUST support these two exchanges.

   The Session Description Protocol (SDP) (RFC 2327 [1]) MUST be

   supported by all user agents as a means to describe sessions, and its

   usage for constructing offers and answers MUST follow the procedures

   defined in [13].

   The restrictions of the offer-answer model just described only apply

   to bodies whose Content-Disposition header field value is "session".

   Therefore, it is possible that both the INVITE and the ACK contain a

   body message (for example, the INVITE carries a photo (Content-

   Disposition: render) and the ACK a session description (Content-

   Disposition: session)).

   If the Content-Disposition header field is missing, bodies of

   Content-Type application/sdp imply the disposition "session", while

   other content types imply "render".
------------------------------------------------

It is proposed to include application/sdp MIME body with Content-Disposition: render to the SIP MESSAGE request. According to the statements "The restrictions of the offer-answer model just described only apply to bodies whose Content-Disposition header field value is "session" above, offer/answer model rules will not apply to such MIME body.
Open issue 19 (raised in conf. call in 2011-12-20): do we need a dedicated ATU-STI for CS to PS SRVCC?

Proposed solution: It is proposed to define and use a dedicated ATU-STI for CS to PS SRVCC as: 

(a) the SCC AS would be able to find out whether the CS to PS SRVCC access transfer occured or whether the PS to SRVCC access transfer (using eSRVCC) occured. Theoretically, if UE is in UTRAN and has both CS voice call and IMS voice call, both kind of SRVCC may occur; and
(b) the ATCF would be able to find out whether SCC AS supports CS to PS SRVCC. 
It is proposed that SCC AS provides the CS to PS ATU-STI in step 19 of the stage-3 flow below and ATCF will use the CS to PS ATU-STI when performing the CS to PS SRVCC access transfer.
Open issue 23 (raised in conf call in 2012-01-17): what will happen when UE is behind NAT, is registered with IMS over PS and has CS call. The NAT will be close the hole due to UE not sending keep alives.
Proposed solution: no solution is needed as there should be no NATs between GGSN/P-GW and P-CSCF. 23.228 states:

----------

E.6
Usage of NAT in GPRS/EPS

There should be no NAT (or its existence should be kept transparent towards the UE) located between the GGSN/P‑GW and the P‑CSCF, which is possible as they are either located within the same private network and share same address space, or both the UE and the P‑CSCF are assigned globally unique IP addresses (see Annex M).

NOTE:
If the UE discover a NAT between the UE and the P‑CSCF, the UE might send frequent keep-alive messages and that may drain the UE battery.

----------
Proposed stage-3 flow (with solution B for open issue 1, changes against Rel-10 eSRVCC solution are highlighted by red color):
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3.2B Registration of MSC server enhanced for ICS with IMS
According 23.237 subclause 6.1.3.2:

When the MSC server enhanced for ICS and for the CS to PS SRVCC registers with IMS, the SCC AS needs to provide the CS to PS SRVCC information (e.g. the ATCF management URI used in the registration of the SC UE with IMS over PS) to the MSC server. 
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Open issue 4: how will the MSC server indicate the support of the CS to PS SRVCC?

Proposed solutions so far: 
Solution A: the MSC server includes in the REGISTER request an XML body containing the MSC server management URI and the MSC URI for terminating requests. The inclusion of the XML body with the information in the REGISTER request indicates support of the CS to PS SRVCC in the MSC server. This solution was commented in SFO as not appropriate since the XML body is not used by the registrar.

Solution B: the MSC server includes in the Contact header field of the REGISTER request a media feature tags containing the MSC management URI and the MSC URI for terminating requests. 
Open issue 5: how will the SCC AS provide the CS to PS SRVCC information to the MSC server?

Proposed solution: the SCC AS sends a MESSAGE request with the CS to PS SRVCC information to the MSC server. The MESSAGE with an XML body containing the needed information related to the MSC URI for terminating requests is sent towards the MSC management URI.  The XML body includes the ATCF management URI and C-MSISDN. This is similar procedure as used for informing an ATCF in Rel-10.
Proposed stage-3 flow:
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3.3 Originating IMS session set up from MSC server enhanced for ICS
According to 23.237 subclause 6.2.1.5:

When MSC server receives a call setup request in CS domain and if the MSC server received the CS to PS SRVCC information from SCC AS, the MSC server routes the INVITE request over the ATCF used in the registration of the SC UE with IMS over PS. The MSC server also needs to insert C-MSISDN in the INVITE request.
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Open issue 6: how will the MSC server route the INVITE request?

Proposed solution: the MSC server inserts the ATCF management URI used in the registration of the SC UE with IMS over PS (received during registration) in a Route header field into the INVITE request.

Open issue 7: how will the MSC server indicate the information needed for future CS to PS SRVCC access transfers?

Proposed solution: the MSC server inserts an XML body into the INVITE request. The XML body includes the C-MSISDN and indication that this is an originating IMS session setup.
Proposed stage-3 flow:
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3.4 Terminating IMS session set up from MSC server enhanced for ICS
According to 23.237 subclause 6.2.2.3:

When the MSC server receives a terminating INVITE request and if the MSC server received the CS to PS SRVCC information from SCC AS, the MSC server needs to route the call over the ATCF used in the registration of the SC UE with IMS over PS. The MSC server also needs to insert the C-MSISDN in the INVITE request. 
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Open issue 8: how will the MSC server route the INVITE request?

Proposed solution: MSC server inserts the the ATCF management URI used in the registration of the SC UE with IMS over PS (received during registration) in a Route header field into the INVITE request followed by another route of the MSC server.

Open issue 9: how will the MSC server indicate the information needed for future CS to PS SRVCC access transfers?

Proposed solution: the MSC server inserts an XML body into the INVITE request. The XML body includes the C-MSISDN and indication that this is a terminating IMS session setup.
Proposed stage-3 flow:
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3.5 CS to PS access transfer

According to 23.237 subclause 6.3.2.1.10.1:
When the CS to PS access transfer occurs, the MSC server is triggered by UTRAN/GERAN entities.
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The MSC server needs to inform (step 2) ATCF about the CS to PS access transfer and to get from ATCF (also step 2) the ATGW details (IP address and port where SC UE needs to send media over PS) to be used by SC UE in PS domain for sending of the media. 

When PS domain have reserved appropriate resources for any previously existing PS bearers in the target network, the MSC server sends CS to PS handover command to the SC UE using RAN/GERAN signalling and triggers (steps 4+5) the ATCF to switch sending of the media to the SDP provided by the SC UE during registration.

As result of the reception of the CS to PS handover command with the ATGW details over the RAN/GERAN signalling, the SC UE starts sending media according to the ATGW details. The SC UE also establishes SIP signalling for the transferred session (steps 6-8). 
If several sessions exist, then transfer of additional held sessions occur (step 12).
Open issue 10: how will the MSC server inform ATCF about the session transfer notification?

Proposed solution: INFO message with a XML body. It was commented in SFO that a dedicated XML schema should be used for the XML body exchanged in INFO messages.
Open issue 11: how will the ATCF provide the session transfer notification with the ATGW details to the MSC server (which forwards them to SC UE using RAN/GERAN signalling)?

Proposed solution: INFO message with a XML body. It was commented in SFO that a dedicated XML schema should be used for the XML body exchanged in INFO messages. The XML body contains the ATGW details - i.e. ATGW IP address and port (rest was provided during registration over PS - see 3.2A Registration of SC UE with IMS over PS). 

Open issue 16: the information to be transferred in the CS to PS handover command include IPv4/IPv6 address and port of ATGW (1 octet for IP address type (IPv4/IPv6), 4 or 16 octets for IP address + 2 octets for port). To be discussed with RAN/GERAN whether HANDOVER FROM UTRAN COMMAND (if UE is in UTRAN) and HANDOVER COMMAND (if UE is in GERAN) are able to carry this information.

Open issue 12: how will the MSC server inform ATCF about the session transfer preparation?

Proposed solution: INFO message with a XML body. It was commented in SFO that a dedicated XML schema should be used for the XML body exchanged in INFO messages.
Open issue 13: how will SC UE inform ATCF about the sesion transfer complete?

Proposed solution: INVITE request sent to the dynamic STI-rSR received in 2xx response to the REGISTER request

Open issue 14: how will ATCF inform SCC AS about the access transfer update?

Proposed solution: INVITE request sent to the CS to PS ATU-STI valid for the transferred call

Open issue 15: how will the additional held session be transferred?

Proposed solution: MSC server assisted mid-call feature will be used

Open issue 20 (raised offline after conf. call in 2011-12-20): will the single alerting session be transferred by CS to PS SRVCC?

Proposed solution: similarly as in PS to CS SRVCC, transfer of the alerting call is controlled by SCC AS. ATCF does not provide ATGW IP address / port. ATCF just anchors media in ATGW and forwards the INVITE due to STI-rSR towards SCC AS using the ATU-STI.
Open issue 21 (raised offline after conf. call in 2011-12-20): if UE has several calls, using which call does MSC server send INFO with Session Transfer Notification request and Session Transfer Preparation to the ATCF?

Proposed solution: active call of the UE, if exists, otherwise any call of the UE. 

Open issue 22 (raised offline after conf. call in 2011-12-20): when PS to CS SRVCC with eSRVCC occurs and if two calls are transferred, then currently 2nd transferred call is not routed over ATCF. Thus, if CS to PS SRVCC occurs later on, the ATCF is not aware of calls of the served UE.
Proposed solution: TBD
Proposed stage-3 flow when active call exists:
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Proposed stage-3 flow when no active call exists but when alerting or held call(s) exist:
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