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Introduction
At the previous CT1 meeting a problem was identified with ICS capable and Session Continuity capable UEs operating in networks that don’t support the capability. It was requested at that time that a deeper analysis of the issue be contributed so that CT1 could fully understand the impacts and determine how to resolve the problems. This contribution provides such an analysis of the problems and proposes solutions to address these.
ICS capable UE in a network with no SCC AS
This scenario is that the ICS capable UE is in a network where IMS voice services are supported but ICS is not supported by the network (there is no SCC AS and no initial filter criteria to handle ICS session setups). There is currently no mechanism for an ICS UE to determine the presence of an SCC AS or the support of ICS by the network
In this scenario the ICS UE will attempt to establish an IMS session using Gm according to TS 24.292 sub clause 7.2.2:
7.2.2
ICS UE using Gm

There are no ICS specific requirements for the origination of calls that may be subject to ICS.

When the ICS UE originates a CS call using Gm reference point, the ICS UE shall:

a)
send a SIP INVITE request towards the IM CN subsystems as specified in 3GPP TS 24.229 [11]. The ICS UE shall populate the SIP INVITE request as follows: 

i)
include in the Contact header field:

-
a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 [11] if a GRUU was received at registration;

-
the feature tag g.3gpp.ics set to"" principal; and
ii)
the SDP payload is proposing an audio stream over a circuit-switched bearer with a "c=" line set to "PSTN" and an "m=" line set to "PSTN" including port number as described by draft-ietf-mmusic-sdp-cs [36], and including an indication that the related local preconditions for QoS as not met as specified in 3GPP TS 24.229 [11].

b)
when the ICS UE receives a reliable 1xx provisional response from the network including a PSI DN number, the ICS UE shall send a CC SETUP message in accordance with 3GPP TS 24.008 [7] for 3GPP systems. The UE shall populate the CC SETUP message for 3GPP systems as follows:

i)
the called party BCD number information element set to the SCC AS PSI DN received in the SDP body of the 1xx provisional response, in the "c=" line, appended to the "PSTN" network type as described in draft- draft-ietf-mmusic-sdp-cs [36]; and

c)
when the CS resources are available to the UE, the ICS UE shall send an SDP offer including an indication that the related local preconditions for QoS for audio as met as specified in 3GPP TS 24.229 [11].

When the ICS UE originates a non-CS bearer call using Gm reference point, the ICS UE shall act in accordance with 3GPP TS 24.229 [11].

The above highlighted steps indicate that this outgoing SIP INVITE request will contain SDP for establishing a Circuit Switched (PSTN) call instead of the regular SDP for establishing a multimedia session using IMS.
SIP INVITE request (ICS UE to intermediate IM CN subsystem entities) – see example in table A.4.1-2.
Table A.4.1-2: SIP INVITE request (ICS UE to intermediate IM CN subsystem entities) 

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.home1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: <sip:user2_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user2_public1@home1.net>;tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition, 199, gruu

Accept: application/sdp,application/3gpp-ims+xml

Require: sec-agree

Proxy-Require: sec-agree

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel 

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:user2_public1@home1.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6> ;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.ics="principal"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
s=

c=PSTN - -
t=0 0

m=audio 9 PSTN -
a=setup:active
a=connection:new
a=curr: qos local none

a=curr: qos remote none

a=des: qos mandatory local sendrcv

a=des: qos mandatory remote sendrcv

a=inactive

Request-URI:
the SIP URI or tel URI of the called party. In this example the tel URI of the called party is included in the tel URI.


The SDP included in this SIP INVITE request indicates that the session is to be setup using CS bearers as described in draft-ietf-mmusic-sdp-cs [36].
The above example flow from TS 24.292 (A.4.1) shows an example of the contents of this INVITE request sent by the ICS UE with the SIP or TEL URI of the called party in the Request-URI. Note that since the flows in TS 24.292 were last updated there have been changes in draft-ietf-mmusic-sdp-cs on the use of the attributes a=setup and a=connection that needs to be clarified in TS 24.292. Currently there is no guidance on the use of these parameters in TS 24.292 and a=setup:actpass which indicates that either party can establish the call is currently also possible along with the E.164 number of the ICS UE being provided in the connection attribute (which is not forbidden in the TS 24.292 and has should strength in draft-ietf-mmusic-sdp-cs).
In the case when ICS is not supported by the network and there is no SCC AS to intercept the above INVITE request this INVITE containing the PSTN/CS SDP offer will be routed (based on the Request-URI) all the way to the terminating UE if it is also IMS capable and registered in IMS.

If the terminating UE is ICS capable or supports the SDP attributes in draft-ietf-mmusic-sdp-cs it will understand the received INVITE request to mean it is supposed to initiate the establishment of a call via the PSTN or CS domain if the setup attribute is set to actpass (or passive) and the connection attribute contained an E.164 number. This could result in a CS/PSTN call being established with charging taking place in the wrong direction which would be a very serious problem as well as a lot of wasted SIP signaling and the call being established using the CS domain instead of using IMS.

Alternatively if the SDP contains the Setup attribute set to active then the terminating UE will return a response containing an SDP answer (according to draft-ietf-mmusic-sdp-cs ) containing the E.164 number for the terminating UE indicating that the originating ICS UE should establish a CS domain call. The originating ICS UE will then probably establish a CS domain call. In this scenario the call eventually goes through but with a lot of totally redundant SIP signaling and a massive increase in call setup delay as well as the call being established using the CS domain instead of using IMS
Since this scenario is not defined in TS 24.292 other possible call setup scenarios are possible particularly if the mechanism in draft-ietf-mmusic-sdp-cs has only been partially implemented. For instance, if the terminating UE doesn’t understand the SDP from draft-ietf-mmusic-sdp-cs then it will probably return a 488 response containing "regular" SDP that would be allowed. It is not defined in the TS 24.292 what the ICS UE should do when it receives a 488 response for an INVITE containing SDP from according to draft-ietf-mmusic-sdp-cs. Also it is possible that the PSTN SDP will be either rejected with a 488 response by session policy mechanisms in the CSCFs in the terminating network or an IBCF could remove the SDP completely possibly resulting in an "empty" INVITE arriving at the terminating UE!
Also if the ICS UE did not fully implement draft-ietf-mmusic-sdp-cs the originating ICS UE might not accept PSTN SDP received back in a 200 OK response from the terminating UE (in ICS scenarios PSTN SDP is only received by the ICS UE in INVITE and 183 (Session Progress) responses), or alternatively the terminating ICS UE did not accept the PSTN SDP with setup attribute set to passive in the INVITE request, and in either of these cases the call would completely fail.
The following terminating flow from TS 24.292 (A.5.3) shows an example of an ICS UE receiving PSTN SDP from draft-ietf-mmusic-sdp-cs for a terminating ICS session.
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities) – see example in Table A.5.3-7.
The SCC AS, acting as a routing B2BUA, generates a SIP INVITE request based upon the received SIP INVITE request and send it to the intermediate subsystem entities. The SDP indicates that the ICS UE B should establish a CS media bearer.
Table A.5.3-7:
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:user2_public1@home1.net SIP/2.0

Via: SIP/2.0/UDP sccas2.home2.net;branch=z9hG4bKnas34r5

Max-Forwards: 65

Route: <sip:cb03a0s09a2sdfglkj490333@scscf1.home1.net;lr>;orig-dialog-id="O:73935718_92645110-712786jd246395302d-zKE"

Record-Route:<sip:sccas.home1.net;lr>

P-Access-Network-Info:

P-Asserted-Identity:

P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector:

P-Asserted-Service:

Accept-Contact*;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Accept-Contact:+*;g.3gpp.ics="principal";explicit;require

Privacy:

From:<sip:user1_public1@home2.net>;tag=274890

To:

Call-ID:

Cseq:

Supported:

Accept:

Contact:

Allow:

Content-Type:

Content-Length:

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=PSTN E164 +12125556666
t=0 0

m=audio 9 PSTN -
a=setup:passive
a=connection:new
a=curr: qos local none

a=curr: qos remote none

a=des: qos mandatory local sendrcv

a=des: qos mandatory remote sendrcv

a=inactive

Session Continuity (and ICS) capable UE in a network with no SCC AS
This scenario is that the session continuity (and ICS) capable UE is in a network where IMS voice services are supported but session continuity and ICS  is not supported by the network (there is no SCC AS and no initial filter criteria to handle the session continuity transfers). There is currently no mechanism for a session continuity UE to determine the presence of an SCC AS or the support of session continuity or ICS by the network

In this scenario the session continuity (and ICS) capable UE sends an INVITE according to the ICS UE using GM procedure for call origination in TS 24.292 sub clause 7.2.2 when doing a PS to CS session continuity as shown from the highlighted text in TS 24.237 below. This basically results in similar problems as explained above for ICS with the only difference being that there is already an existing IMS session between the local and remote UE and this is a re-INVITE containing the Contact address of the remote UE is the Request-URI. So similar  defective scenarios to those above for ICS can be anticipated if the INVITE containing PSTN SDP according to draft-ietf-mmusic-sdp-cs is sent all the way to the remote UE.
9.2.1
SC UE procedures for PS to CS session continuity

The SC UE may be engaged in one or more ongoing IMS sessions at the time of initiating session continuity. By an ongoing IMS session, it is meant a session for which the 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

If the SC UE is using Gm, then for each session to be transferred and starting with the active session, the SC UE shall send a SIP INVITE request to the SCC AS according to the ICS UE using Gm procedures for call origination as specified in 3GPP TS 24.292 [4]. The SC UE shall populate the SIP INVITE request as specified for PS-PS session continuity with full media transfer in subclause 10.2.1.
If the SC UE is not using ICS capabilities, then session continuity is only possible when the UE is active in a single full-duplex speech session. If multiple full-duplex speech sessions exist, the SC UE shall first initiate the release of all the ongoing full-duplex speech sessions except the session with active full-duplex speech component that was most recently made active. When transferring the active session, the SC UE shall send, to the SCC AS, a message (e.g. CC_SETUP as specified in 3GPP TS 24.008 [8]) to set up a call over the CS domain. When sending CC_SETUP, the SC UE shall populate the CC_SETUP as follows: 

1)
the called party BCD number information element set to the static STN.

If the SC UE receives a release message to the CC SETUP message sent, then PS-CS session continuity has not completed successfully and the call will continue in the Source Access Leg.

AND
11.2.1.2
SC UE procedures for PS to PS+CS session continuity using ICS

If the SC UE is using Gm, then for each session to be transferred and starting with the session with active full-duplex speech component, the SC UE shall send a SIP INVITE request to the SCC AS as specified for call origination for ICS UE using Gm in 3GPP TS 24.292 [4]. The SC UE shall populate the SIP INVITE request as specified for PS-PS session continuity with full media transfer in subclause 10.2.1. The SC UE shall indicate in the SIP INVITE request that the speech media is using CS bearer. When sending the SIP INVITE request for the sessions with inactive full-duplex speech component and if precondition is used, the SC UE shall indicate that the related local preconditions for the speech component are met.

If service control over Gm for the CS bearer is retained on the source access leg, the SC UE shall:

-
send an SIP INVITE request as specified for partial session transfer in subclause 10.2.2. indicating transfer of non-speech media to the target access leg; and

-
send a SIP re-INVITE request over the source access leg indicating that the speech media is to be transferred to a CS bearer as described in 3GPP TS 24.292 [4] subclause 8.2.2.2. If other media components are retained or added on the source access leg, then these are included in the SDP offer.

For the session with active full-duplex speech component, upon receiving the PSI DN from the SCC AS, the SC UE shall follow the procedures for call origination for ICS UE using Gm in 3GPP TS 24.292 [4] to set up the CS bearer.

Summary
It has been shown that the current ICS and Session continuity specifications make assumptions that ICS and Session Continuity capable UEs will only ever operate in networks where ICS and Session Continuity are supported and that compliant ICS and Session Continuity capable UEs will behave in a manner that will cause frequent and serious misoperation of the system including useless and redundant SIP signaling end to end between UEs resulting in the very least serious setup delays, significantly reduced terminal battery life and wasted operator resources and can cause complete call failures and even the possibility of the very serious issue of reversed call charging.

Proposal
1. That ICS and Session Continuity capable UEs need to be check whether  ICS and/or Session Continuity is supported by the home IMS network that they are IMS registered with before performing ICS or session continuity procedures.
2. That TS 24.292 needs to corrected to explicitly address the usage of attributes and values in the latest version of  draft-ietf-mmusic-sdp-cs to minimize the worse case potential problems if PSTN SDP is sent end to end in IMS.

3. That an ICS MO should be created that allows the ICS UE to determine if ICS is supported by the by the registered home IMS network 

4. That the Session Continuity MO be enhanced to allow session continuity capable UEs to determine if Session Continuity is supported by the registered home IMS network.
CRs are provided to the meeting to implement this essential correction from release 8.
