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	Reason for change:
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* * * First Change * * * *

4.2
Underlying network capabilities

ICS assumes the use of a number of underlying network capabilities:

1)
provision by the home network operator of an ICS specific AS on the IM CN subsystem, as specified in 3GPP TS 24.229 [11];

2)
signalling within the CS domain (both within the home network and between the home network and any visited network) supported using either ISUP (as defined in ITU-T Recommendations Q.761 to Q.764 [28]) or BICC (as defined in ITU-T Recommendations Q.1902.1 to Q.1902.6 [29]);

3)
provision of CAMEL Phase 2 or later (as specified in 3GPP TS 29.078 [21]) at the MSC Server;

4)
if the MSC Server is not enhanced for ICS, interworking between the CS domain and the IM CN subsystem is provided by an MGCF in accordance with 3GPP TS 29.163 [22]. In addition, as an operator option, a support of IMS Centralized Services (ICS) may be signalled to the MGCF in a SIP initial request for dialog or a response associated with the SIP initial request; and

5)
capability of the IP-CAN to support full duplex speech component, for example as used in IMS multimedia telephony.
* * * Next Change * * * *

7.4.2.1
CS bearer is requested by the ICS UE

When the SCC AS receives an initial SIP INVITE request from the ICS UE due to initial filter criteria, the SCC AS shall:

1)
store the information received in the SIP INVITE request, including the Request-URI, P-Asserted-Identity header field, Accept header field, Call-ID header field, To and From header fields including tags, Contact header field including associated media feature tags, Accept-Contact header field, the Record-Route header field(s), and the received non-audio SDP information;

1A)
construct a Route header field(s) from the Record-Route header field(s) that was received in the initial SIP INVITE request, and save the constructed Route header field(s) for inclusion in the subsequent indialog requests sent towards the ICS UE;

2)
if the SDP contains:

i)
a "c=" line with nettype portion set to "PSTN" as described in draft-ietf-mmusic-sdp-cs [36];

ii)
a CS media "m=" line with media portion set to audio, port portion set to "9" and nettype portion set to "PSTN" as described in draft-ietf-mmusic-sdp-cs [36]; and

NOTE:
If both i) and ii) are true, the ICS UE is requesting that the media bearer is to be set up over the CS domain.

iii)
an a=setup attribute set to "active" and an a=connection attribute set to "new"

then the SCC AS shall send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

i)
an SDP answer, in accordance with draft-ietf-mmusic-sdp-cs [36], containing a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the fmt portion set to an E.164 number representing a SCC AS PSI DN. The SCC AS PSI DN that identifies the stored information in step 1) and associated with the SCC AS;

ii)
an a=setup attribute set to "passive";
iii)
an a=connection attribute set to "new"; and

iv)
indicate local preconditions not met.

3)
Wait for an initial SIP INVITE request from the CS domain with the Request-URI set to the allocated SCC AS PSI DN.

4)
When the SCC AS receives an initial SIP INVITE request from the CS domain the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5 as allocated in the above step 2. If the SCC AS PSI DN is valid, the SCC AS shall:

i)
use the SCC AS PSI DN that was allocated in step 2 and correlate the previously stored information against this session with the incoming SIP INVITE request.

ii)
act as a routing B2BUA, and generate an initial SIP INVITE request toward the terminating UE and include the information received in the SIP INVITE received in step 1 with the following exceptions:

a)
if a Privacy type of "id" is received in the SIP INVITE request from the CS domain then the Privacy type shall be set to type of "id";

b)
an SDP offer with the media that combines the stored SDP offer from the ICS UE received in the SIP INVITE request from the ICS UE and the SDP offer received from the CS domain received in SIP INVITE request from the CS domain in accordance with the rules of IETF RFC 3264 [31];

c)
replace the Record-Route header field(s) received in the initial SIP INVITE request with a new Record-Route header field that only contains a SIP URI pointing to the SCC AS; and

d)
set the Contact header field to include the contents of the Contact header received in the received initial SIP INVITE request, except the g.3gpp.ics media feature tag.

Upon receiving a SIP 18x response from the terminating UE the SCC AS shall:

1)
send a SIP 18x response towards the ICS UE. If the receiving response includes an SDP answer, the SIP 18x response shall include an SDP answer, and use a different dialog from that of the first SIP 183(Session Progress) response sent by the AS;

1A)
include in the SIP 18x response sent toward the ICS UE the Contact header field that contains the contents of the Contact header received in the SIP 18x response from the terminating UE;

1B)
include in the SIP 18x response sent toward the ICS UE the Record-Route header field(s) that was constructed by the SCC AS adding its SIP URI to the saved Record-Route header field(s) that was received in the initial SIP INVITE request; and

2)
send a SIP 18x response towards the CS domain.

The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware of that preconditions are met on all legs the SCC AS shall send an UPDATE request towards the terminating UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the terminating UE, the SCC AS shall send a SIP 200 (OK) response towards the ICS UE and CS domain. The SCC AS may, based on operator policy, include a Feature-Caps header field defined in IETF RFC 6809 [48] with a "+g.3gpp.ics" header field parameter as described in clause B.4. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS receives a SIP ACK request originated from an MSC server enhanced for ICS or from an MGCF and the ISC UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response on the same dialog on which the second 18x was sent to the ICS UE.
* * * Next Change * * * *

7.4.4.1
General
When the SCC AS receives an initial I1 Invite message from the ICS UE via the I1interface, the SCC AS shall:

1)
perform the procedures in accordance with subclause 6.2.1.3.1.2 in 3GPP TS 24.294 [11B];

2)
allocate the SCC AS PSI DN which is specified as an E.164 number, and shall identify the stored information in step 1) and associate with the SCC AS PSI DN;

3)
generate and send an I1 Progress message with Reason set to 183 "Call Progress", in accordance with subclause 6.2.1.3.1.3 in 3GPP TS 24.294 [11B] towards the originating UE over the transport layer connection over which the I1 Invite message was received.
Subsequently, the SCC AS will wait for an initial SIP INVITE request from the CS domain (via MGCF) with the Request-URI set to the allocated SCC AS PSI DN, upon receiving the initial SIP INVITE request from the CS domain the SCC AS shall:

0)
check that the Request URI is

i)
set to a valid SCC AS PSI DN as allocated in the above step 2, and

ii)
the SCC AS PSI DN is encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5;

If the SCC AS PSI DN is valid, the SCC AS shall:

1)
and if Timer(s) as specified in 3GPP TS 24.294 [11B] subclause 7.5.3.2.1.2.2 has not expired use the received SCC AS PSI DN and correlate it with the information saved in step 1 above and the SCC AS PSI DN that was allocated in step 2 above;

2)
act as a routing B2BUA, and generate an initial SIP INVITE request toward the remote UE. The SIP INVITE request shall include:

i)
the information received in the initial I1 Invite message including the following additional information if the SCC AS received an I1 Invite containing:

a)
an Accept Contact information element as specified in subclause 7.3.2.9 in 3GPP TS 24.294 [11B] insert the media feature tags as received into the Accept Contact header field of the outgoing SIP INVITE request;

b)
a ER Accept Contact information element as specified in subclause 7.3.2.10 in 3GPP TS 24.294 [11B] insert the media feature tags as received into the Accept Contact header field of the outgoing SIP INVITE request with the addition that:

-
if the E bit was set to "1" the SCC AS shall qualify the media feature tag with the preference "explicit"; and

-
if the R bit was set to "1" the SCC AS shall qualify the media feature tag with the preference "require"; and

c)
a Reject Accept information element as specified in subclause 7.3.2.11 in 3GPP TS 24.294 [11B] insert the feature tags as received into the Reject Contact header field of the outgoing SIP INVITE request;

d)
if a Privacy type of "id" is received in the SIP INVITE request from the CS domain then the Privacy type shall be set to type of "id"; and

ii)
an SDP offer with the media received in the SDP offer conveyed to the SCC AS in the SIP INVITE request received from the CS domain; and

3)
send the generated initial SIP INVITE request toward the remote UE as specified in 3GPP TS 24.229 [11].

Upon receiving a SIP 18x response from the remote UE, the SCC AS shall send the SIP 18x response toward the CS domain. The response includes an SDP answer received from the remote UE.

If the SCC AS receives a SIP 180 (Ringing) response from the remote UE, the SCC AS shall send the SIP 180 (Ringing) response towards the CS domain. In addition, the SCC AS may send an I1 Progress message with Reason set to 180 "Ringing" toward the ICS UE over the I1 interface, in accordance with subclause 6.2.1.3.1.4 in 3GPP TS 24.294 [11B].

Upon receiving a SIP 200 (OK) response from the remote UE, the SCC AS shall send the SIP 200 (OK) response towards the CS domain. The SCC AS may, based on operator policy, include a Feature-Caps header field defined in IETF RFC 6809 [48] with a "+g.3gpp.ics" header field parameter as described in clause B.4. If the SIP 200 (OK) response includes an SDP answer, the SCC AS shall include the SDP answer in the SIP 200 (OK) response sent towards the CS domain. 

Upon receving a SIP ACK request (indicating receipt of CONNECT ACKNOWLEDGEMENT in the CS domain) from the CS domain, the SCC AS shall send: 

1)
an I1 Success message in accordance with subclause 6.2.1.3.1.5 in 3GPP TS 24.294 [11B] toward the UE; and

2)
a SIP ACK request towards the remote UE.

* * * Next Change * * * *

8.4.2
SCC AS actions when UE adds a CS bearer

When the SCC AS receives a SIP re-INVITE request from the ICS UE indicating the addition of a CS bearer on an existing session, the SCC AS shall:

1)
if the SDP offer in the received SIP INVITE request contains:

i)
a "c=" line with nettype portion set to "PSTN" as described in draft-ietf-mmusic-sdp-cs [36];

ii)
a CS media "m=" line with media portion set to audio, port portion set to "9" and nettype portion set to "PSTN" as described in draft-ietf-mmusic-sdp-cs [36]; and

NOTE:
If both i) and ii) are true, the ICS UE is requesting that the media bearer is to be set up over the CS domain.

iii)
an a=setup attribute set to "active" and an a=connection attribute set to "new"

then the SCC AS shall send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

a)
include an SDP answer, in accordance with draft-ietf-mmusic-sdp-cs [36], containing a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the connection-address portion set to an E.164 number representing a SCC AS PSI DN. The SCC AS PSI DN is associated with the SCC AS and identifies the existing session; 

b)
an a=setup attribute set to "passive";
c)
an a=connection attribute set to "new"; and

d)
indicate local preconditions not met for the media over CS bearer.

2)
Wait for an initial SIP INVITE request from the CS domain with the Request-URI set to the allocated SCC AS PSI DN; and

3)
When the SCC AS receives the initial SIP INVITE request from the CS domain the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5 as allocated in the above step 2. If the SCC AS PSI DN is valid, the SCC AS shall:

a)
use the SCC AS PSI DN that was allocated to associate SCC-AS-PDN with the existing session and act as a routing B2BUA, and generate SIP INVITE request and include the following information:

i)
a Request-URI set to the contact address of the terminating ICS UE; and

ii)
in the SDP add the SDP offer received from the CS domain in accordance with the rules of IETF RFC 3264 [31].

Upon receiving a SIP 18x response from the terminating UE the SCC AS shall send the SIP 18x response towards the ICS UE and the CS domain. If the response from the terminating UE includes an SDP answer, the AS shall send an SDP answer towards the originating UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware that preconditions are met on all legs, the SCC AS shall send an UPDATE request towards the terminating UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the called party, the SCC AS shall send the SIP 200 (OK) response towards the ICS UE and CS domain. The SCC AS may, based on operator policy, include a Feature-Caps header field defined in IETF RFC 6809 [48] with a "+g.3gpp.ics" header field parameter as described in clause B.4. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31]. When the SCC AS receives a SIP ACK request originated from an MSC Server enhanced for ICS or from an MGCF and the ISC UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response.

* * * Next Change * * * *

9.4.2
SCC AS adds a CS bearer

When the SCC AS receives on an existing session a SIP re-INVITE request to add media stream(s) towards the ICS UE the SCC AS shall:

1)
allocate an SCC AS PSI DN associated with the SCC AS and the INVITE request from the originating UE;

2)
create a SIP INVITE request based upon the request from the originating UE and include the following:

i)
the Request URI set to the earlier received contact address 

ii)
an SDP offer based on the received SDP offer from the originator and including the following:

-
in the SDP offer include additional CS media "m=" line with media portion set to audio, port portion set to "9", proto portion set to "PSTN" and fmt portion set to"-" as described in draft-ietf-mmusic-sdp-cs [36];

-
in the SDP offer include, a "c=" line with the nettype portion set to "PSTN" and with the addrtype portion set to "E164" and the connection-address portion set to an E.164 number representing the SCC AS PSI DN allocated in step 1) in accordance with draft-ietf-mmusic-sdp-cs [36];


an a=setup attribute set to "passive";

-
an a=connection attribute set to "new";

-
an indication that preconditions are not met; and

3)
route the created SIP INVITE request towards the terminating ICS UE.

When the SCC AS receives the initial SIP INVITE request from the CS domain, the SCC AS shall check that the Request URI is set to a valid SCC AS PSI DN encoded as a tel URI (see IETF RFC 3966 [42]) or SIP URI with the "user" SIP URI parameter set to "phone", in accordance with 3GPP TS 23.003 [4], subclause 13.5 as allocated in the above step 1. If the SCC AS PSI DN valid, the SCC AS shall:

1)
use the SCC AS PSI DN to correlate the SCC AS PSI DN against the incoming SIP INVITE request from the originating UE.

2)
create a response to the CS domain in accordance with 3GGP TS 24.229 [11], indicating local preconditions met and route towards the CS domain.

When the AS has received the 18x response from the terminating ICS UE and the SIP INVITE request with the SCC AS PSI DN number from the CS domain, the SCC AS shall prepare an SDP answer to be sent to the originating UE. The SDP answer shall be based on the SDP answer received from the ICS UE and the SDP offer received from the CS domain. If the "m=" line of the SDP offer from the CS domain includes more than one codecs the SCC AS shall delete the lowest priority codecs. The status line in the response sent to the originating UE shall be the same as received in the 18x response from the terminating ICS UE. The SDP answer sent to the originating UE shall be in accordance with IETF RFC 3264 [31].

When the AS gets aware that the remote precondition is fulfilled on the leg towards the originating UE and on the leg towards the CS domain, the SCC AS shall send an UPDATE request to the terminating UE indicating that precondition is met.

When the SCC AS receives precondition is met from the leg from the CS domain the SCC AS shall:
1)
send a 200 (OK) for the UPDATE request on the leg to the CS domain; and

2)
send a 200 (OK) for the INVITE request on the leg to the CS domain. The SCC AS may, based on operator policy, include a Feature-Caps header field defined in IETF RFC 6809 [48] with a "+g.3gpp.ics" header field parameter as described in clause B.4.
* * * Next Change * * * *

B.4
Definition of feature-capability indicator g.3gpp.ics
Feature-capability indicator name: g.3gpp.ics
Editor's note: [WID TEI-12] this feature-capability indicator is to be registered with IANA when the release 12 is completed.

The g.3gpp.ics feature-capability indicator shall be registered in the IANA Proxy-Feature Feature-Capability Indicator Trees registry "Global Feature-Capability Indicator Registration Tree" sub-registry.

Summary of the feature indicated by this feature-capability indicator: 

This feature-capability indicator when included in a Feature-Caps header field as specified in IETF RFC 6809 [48] in a SIP initial request for dialog or a response associated with the SIP initial request indicates support of IMS Centralized Services (ICS).

Feature-capability indicator specification reference:

3GPP TS 24.292, http://www.3gpp.org/ftp/Specs/archive/24_series/24.292/

Values appropriate for use with this feature-capability indicator: None. 

Examples of typical use: Indicating the support of IMS Centralized Services (ICS) in the SIP INVITE request when call is diverted to the CS domain or in the SIP 200 (OK) response when a CS bearer is requested.

Security Considerations: Security considerations for this feature-capability indicator are discussed in clause 9 of IETF RFC 6809 [48].

* * * End of Changes * * * *
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