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4.X
P-CSCF notification of PLMN change
P-CSCF notification of PLMN change allows the AS to request the P-CSCF to notify the AS if the PLMN of the server UE changes during the duration of the dialog.

The request for notification of PLMN change is made by an AS in the home network of the served user:

1)
if the P-CSCF supports notification of PLMN change, the P-CSCF indicates that notification of PLMN change is supported by including the "g.3gpp.plmn-change-notify" feature-capability indicator defined in subclause 7.9A.X in a Feature-Caps header field in the REGISTER request; and
NOTE:
The Feature-Caps header field with the "g.3gpp.plmn-change-notify" feature-capability indicator included in the REGISTER request contained in a "message/sip" MIME body in the third-party REGISTER request sent over the ISC interface to the AS.

2)
if a "message/sip" MIME body in the third-party REGISTER request for the served user included the "g.3gpp.plmn-change-notify" feature-capability indicator the AS may request the P-CSCF to notify the AS of PLMN change when sending initial requests for a dialog or the 200 (OK) response for an initial request for a dialog to the served user;
****************** Next change******************

5.2.6.3.4
Responses to an initial request for a dialog

When the P-CSCF receives any 1xx or 2xx response to the above request, the P-CSCF shall:

1)
store the values received in the P-Charging-Function-Addresses header field;

2)
store the list of Record-Route header fields from the received response;

3)
store the dialog ID and associate it with the private user identity and public user identity involved in the session;

4)
if a security association or TLS session exists, in the response rewrite its own Record Route entry to its own SIP URI that contains the protected server port number of the security association or TLS session established from the UE to the P-CSCF and either:

a)
the P-CSCF FQDN that resolves to the IP address of the security association or TLS session established from the UE to the P-CSCF; or

b)
the P-CSCF IP address of the security association or TLS session established from the UE to the P-CSCF;

NOTE 1:
The P-CSCF associates two ports, a protected client port and a protected server port, with each pair of security associations. For details on the selection of the protected port values see 3GPP TS 33.203 [19].

5)
if SIP digest without TLS, NASS-IMS bundled authentication or GPRS-IMS-Bundled authentication is used, in the response rewrite its own Record-Route entry to its own SIP URI that contains an unprotected server port number where the P-CSCF expects subsequent requests from the UE; 
6)
if the response corresponds to an INVITE request, save the Contact, From, To and Record-Route header field values received in the response such that the P-CSCF is able to release the session if needed; and
7)
if the response contains a Feature-Caps header field as specified in RFC 6809 [190] with the "+sip.contact" header field parameter as defined in draft-allen-sipcore-sip-tree-cap-indicators [226], containing a "g.3gpp.plmn-change-notify" media feature tag as defined in subclause 7.9.X, save the URI from the "+sip.contact" header field parameter and the value of the "g.3gpp.plmn-change-notify" media feature tag and associate them with this dialog such that the P-CSCF is able to notify the AS of a change of PLMN for this dialog (see subclause 5.2.X) and remove the Feature-Caps header field containing the "+sip.contact" header field parameter;

before forwarding the response to the UE in accordance with the procedures of RFC 3261 [26].

NOTE 2:
The P-CSCF can find the IMS communication service supported for the dialog, as determined by the originating home network, in the topmost occurance of the "+g.3gpp.icsi-ref" header field parameter of the Feature-Caps header field(s) of 18x or 2xx response. The information can be used for charging purpose or resource reservation purpose.

The P-CSCF shall forward the response to the UE using the mechanisms described in RFC 3261 [26] and RFC 3581 [56A], i.e. the P-CSCF shall send the response to the IP address indicated in the "received" header field parameter and, in case UDP is used, to the port indicated in the "rport" header field parameter (if present) of the Via header field associated with the UE. In case TCP is used, the P-CSCF shall use the TCP connection on which the REGISTER request was received for sending the response back to the UE.
****************** Next change******************

5.2.6.4.3
Initial request for a dialog

When the P-CSCF receives, destined for the UE, an initial request for a dialog, prior to forwarding the request, the P-CSCF shall:

1)
if an indication has been received from the PCRF that the signalling bearer to the UE is lost, and has not recovered, reject the request by sending 500 (Server Internal Error) response;

NOTE 1:
The signalling bearer can be considered as recovered by the P-CSCF when the registration timer expires in P-CSCF and the user is de-registered from the IM CN subsystem, a new REGISTER request from the UE is received providing an indication to the P-CSCF that the signalling bearer to that user has become available or a P-CSCF implementation dependent function which discovers that the signalling bearer is available to the UE.

NOTE 2:
The Retry-After header field value is set based on operator policy.
2)
convert the list of Record-Route header field values into a list of Route header field values and save this list of Route header fields;

3)
if the request is an INVITE request, save a copy of the Contact, CSeq and Record-Route header field values received in the request such that the P-CSCF is able to release the session if needed;

4)
if a security association or TLS session exists, when adding its own SIP URI to the top of the list of Record-Route header fields and save the list, build the P-CSCF SIP URI in a format that contains the protected server port number of the security association or TLS session established from the UE to the P-CSCF and either:

a)
the P-CSCF FQDN that resolves to the IP address of the security association or TLS session established from the UE to the P-CSCF; or

b)
the P-CSCF IP address of the security association or TLS session established from the UE to the P-CSCF;

5)
if SIP digest without TLS, NASS-IMS bundled authentication or GPRS-IMS-Bundled authentication is used, when adding its own SIP URI to the top of the list of Record-Route header fields and saving the list, build the P-CSCF URI in a format that contains an unprotected server port number where the P-CSCF expects subsequent requests from the UE;

6)
if a security association or TLS session exists, when adding its own address to the top of the received list of Via header fields and save the list, build the P-CSCF Via header field entry in a format that contains the protected server port number of the security association or TLS session established from the UE to the P-CSCF and either:

a)
the P-CSCF FQDN that resolves to the IP address of the security association or TLS session established from the UE to the P-CSCF; or

b)
the P-CSCF IP address of the security association or TLS session established from the UE to the P-CSCF;

NOTE 3:
The P-CSCF associates two ports, a protected client port and a protected server port, with each pair of security associations or TLS session. For details of the usage of the two ports see 3GPP TS 33.203 [19].

7)
if SIP digest without TLS, NASS-IMS bundled authentication or GPRS-IMS-Bundled athentication is used, when adding its own address to the top of the received list of Via header fields and saving the list, build the P-CSCF Via header field entry in a format that contains an unprotected server port number where the P-CSCF expects responses to the current request from the UE;

7A)
if the recipient of the request is understood from information saved during registration or from configuration to always send and receive private network traffic from this source, remove the P-Private-Network-Indication header field containing the domain name associated with that saved information;

8)
store the values received in the P-Charging-Function-Addresses header field;

9)
store the "icid-value" header field parameter and if present, the "orig-ioi" header field parameter received in the P-Charging-Vector header field;
10)
if the request contains an "fe-identifier" header field parameter, based on local policy, store the content of the "fe-identifier" header field parameter of the P-Charging-Vector header field; 
11)
save a copy of the P-Called-Party-ID header field; and
12)
if the request contains a Feature-Caps header field as specified in RFC 6809 [190] with the "+sip.contact" header field parameter as defined in draft-allen-sipcore-sip-tree-cap-indicators [226], containing a "g.3gpp.plmn-change-notify" media feature tag as defined in subclause 7.9.X, save the URI from the "+sip.contact" header field parameter and the value of the "g.3gpp.plmn-change-notify" media feature tag and associate them with this dialog such that the P-CSCF is able to notify the AS of a change of PLMN for this dialog (see subclause 5.2.X) and remove the Feature-Caps header field containing the "+sip.contact" header field parameter;

before forwarding the request to the UE either in accordance with the procedures of RFC 3261 [26] or as specified in RFC 5626 [92].

If no security association exists between the P-CSCF and the UE performing the functions of an external attached network operating in static mode, the P-CSCF shall initiate a TLS session towards the UE performing the functions of an external attached network operating in static mode before sending the initial request in accordance with 3GPP TS 33.310 [19D].
NOTE 4:
The P-CSCF can identify that a call is directed to a UE performing the functions of an external attached network operating in static mode by evaluating the Route header field, the Request URI or other means.

Once the TLS session is set up (using the certificates) the P-CSCF shall send the initial request for dialog over the secure connection to the UE performing the functions of an external attached network operating in static mode.
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5.2.X
Notification of an AS of change of PLMN

If the P-CSCF was requested during the establishment of the dialog to notify the AS of change of PLMN then when the P-CSCF receives information regarding PLMN change of a particular UE during a session via Rx interface, the P-CSCF shall:

1)
generate a MESSAGE request in accordance with RFC 3428 [50] with the following elements:

a)
a Request-URI set to the saved SIP URI of the AS received in the sip.contact Feature-Caps header field parameter received at dialog establishment;

b)
a From header field set to the P-CSCF's SIP URI;

c)
a To header field, set to the SIP URI of the AS received in the "+sip.contact" Feature-Caps header field parameter at dialog establishment;

d)
a P-Asserted-Identity header field set to:

i)
if the received 200 (OK) response to the REGISTER request contained a "+g.3gpp.thig-path" Feature-Caps header field parameter, as defined in subclause 7.9A.9, and if the P-CSCF is located in the visited network, the value of the received "+g.3gpp.thig-path" Feature-Caps header field parameter; or
ii)
the SIP URI of the P-CSCF, which was inserted into the Path header field during the registration of the UE that has changed PLMNs;
e)
a P-Charging-Vector header field with the "icid-value" header field parameter populated as specified in 3GPP TS 32.260 [17] and a type 1 "orig-ioi" header field parameter. The P-CSCF shall set the type 1 "orig-ioi" header field parameter to a value that identifies the sending network of the request. The P-CSCF shall not include the type 1 "term-ioi" header field parameter;

f)
a P-Visited-Network-ID header field with the value:

i)
of a pre-provisioned string that identifies the network of the P-CSCF at the home network; or

ii)
if the UE is roaming in deployments without IMS-level roaming interfaces according to 3GPP TS 23.228 [7], a string that identifies the visited network of the UE including an indication that the P-CSCF is located in the home network; 

g)
a Content-Type header field with the value set to associated MIME type of the 3GPP IM CN subsystem XML body as described in subclause 7.6.1;

h)
a 3GPP IM CN subsystem XML body containing an <ims-3gpp> element with the "version" attribute set to "1" and with a <PLMN-change-notify-ID> child element, set to the saved value of the g.3gpp.plmn-change-notify media feature tag received in the sip.contact Feature-Caps header field parameter received at dialog establishment;

2)
if the P-CSCF is located in the visited network, and local policy requires the application of IBCF capabilities in the visited network towards the home network, then the P-CSCF shall forward the MESSAGE request to an IBCF in the visited network;

3)
if the P-CSCF is located in the visited network and local policy does not require the application of IBCF capabilities in the visited network towards the home network, determine the entry point of the home network (e.g., by using DNS services) and send the MESSAGE request to that entry point, according to the procedures of RFC 3261 [26]; and
4)
if the P-CSCF is located in the home network, then the P-CSCF shall forward the MESSAGE request to an I-CSCF in the home network.
****************** Next change******************

5.4.3.3
Requests terminated at the served user

For all SIP transactions identified:

-
if priority is supported, as containing an authorised Resource-Priority header field or a temporarily authorised Resource-Priority header field, or, if such an option is supported, relating to a dialog which previously contained an authorised Resource-Priority header field;

the S-CSCF shall give priority over other transactions or dialogs. This allows special treatment for such transactions or dialogs.

NOTE 1:
The special treatment can include filtering, higher priority processing, routeing, call gapping. The exact meaning of priority is not defined further in this document, but is left to national regulation and network configuration.

When the S-CSCF receives, destined for a registered served user, an initial request for a dialog or a request for a standalone transaction, and the request is received either from a functional entity within the same trust domain or contains a valid original dialog identifier or the dialog identifier (From, To and Call-ID header fields) relates to an existing request processed by the S-CSCF, then prior to forwarding the request, the S-CSCF shall:

1)
check if an original dialog identifier that the S-CSCF previously placed in a Route header field is present in the topmost Route header field of the incoming request.

-
If present, the request has been sent from an AS in response to a previously sent request.

-
If not present, it indicates that the request is visiting the S-CSCF for the first time and in this case the S-CSCF shall determine the served user by taking the identity contained in the Request-URI. If the Request-URI is a temporary GRUU assigned by the S-CSCF as defined in subclause 5.4.7A.3, then take the public user identity that is associated with the temporary GRUU to be the served user identity. Then check whether the determined served user identity is a barred public user identity. In case the served user identity is a barred public user identity for the user, then the S-CSCF shall reject the request by generating a 404 (Not Found) response. Otherwise, the S-CSCF shall save the Request-URI from the request, the served user identity and the public user identity of the served user and continue with the rest of the steps;

NOTE 2:
An original dialog identifier is sent to each AS invoked due to iFC evaluation such that the S-CSCF can associate requests as part of the same sequence that trigger iFC evaluation in priority order (and not rely on SIP dialog information that can change due to B2BUA AS). If the same original dialog identifier is included in more than one request from a particular AS (based on service logic in the AS), then the S-CSCF will continue the iFC evaluation sequence rather than build a new ordered list of iFC;

2)
remove its own URI from the topmost Route header field;

2A)
if there was no original dialog identifier present in the topmost Route header field of the incoming request build an ordered list of initial filter criteria based on the public user identity in the Request-URI of the received request as described in 3GPP TS 23.218 [5].

3)
if there was an original dialog identifier present in the topmost Route header field of the incoming request then check whether the Request-URI matches the saved Request-URI. The Request-URI and saved Request-URI are considered a match:

a)
if the canonical forms of the two Request-URI are equal to the saved value of the Request-URI;

b)
if the Request-URI is a GRUU (public or temporary) and the saved value of the Request-URI is a GRUU (public or temporary) and both GRUUs represent the same public user identity or represent public user identities that are alias SIP URIs of each other; or

c)
if the Request-URI is an alias SIP URI of the saved value of the Request-URI.

NOTE 3:
The canonical form of the Request-URI is obtained by removing all URI parameters (including the user-param), and by converting any escaped characters into unescaped form. The alias SIP URI is defined in subclause 3.1.

If there is no match, then the S-CSCF shall decide whether to trigger the originating services to be executed after retargeting. The decision is configured in the S-CSCF and may use any information in the received request that is used for the initial filter criteria or an operator policy. The S-CSCF shall decide either to:

a)
stop evaluating current iFC. In that case, if the request is an INVITE request, save the Contact, CSeq and Record-Route header field values received in the request such that the S-CSCF is able to release the session if needed, forward the request based on the topmost Route header field or if not available forward the request based on the Request-URI (routeing based on Request-URI is specified in steps 2, 7 and 10 through 14a from subclause 5.4.3.2) and skip the following steps; or
b)
stop evaluating current iFC and build an ordered list of iFC with the originating services to be executed after retargeting as described in 3GPP TS 23.218 [5] criteria based on the public user identity of the served user and start the evaluation of that iFC as described in subclause 5.4.3.2 starting at step 4B of subclause 5.4.3.2;

NOTE 4:
The S-CSCF assesses triggering of services for the originating services after retargeting means it evaluates IFCs with a SessionCase set to ORIGINATING_CDIV, as defined in 3GPP TS 29.228 [14]. If the P-Served-User extension specified in RFC 5502 [133] is supported, the S-CSCF uses the "orig-cdiv" header field parameter defined in draft-ietf-sipcore-originating-cdiv-parameter [239].
NOTE 5:
The identity of the served user can be obtained from the History-Info header field (see RFC 7044 [66]) or the P-Served User header field as specified in RFC 5502 [133]. The served user can be a public user identity, a public GRUU, or a temporary GRUU. It needs to be ensure, that all ASs in the iFC can determine the served user correctly.

NOTE 6:
The S-CSCF determines whether to apply a) or b) based on information in the initial Filter Criteria.

3A)
if the Request-URI is a GRUU, but is not valid as defined in subclause 5.4.7A.4, then return a 4xx response as specified in RFC 5627 [93];

3B)
if the Request-URI contains a public GRUU and the saved value of the Request-URI is a temporary GRUU, then replace the Request-URI with the saved value of the Request-URI;

3C)
if the request contains a P-Asserted-Service header field check whether the IMS communication service identified by the ICSI value contained in the P-Asserted-Service header field is allowed by the subscribed services for the served user:

a)
if so, continue from step 4; and

b)
 if not, as an operator option, the S-CSCF may reject the request by generating a 403 (Forbidden) response. Otherwise, remove the P-Asserted-Service header field and continue with the rest of the steps;

3D)
if the request does not contain a P-Asserted-Service header field check if the contents of the request matches a subscribed service (e.g. SDP media capabilities, Content-Type header field) for each and any of the subscribed services for the served user:

a)
if not, as an operator option, the S-CSCF may reject the request by generating a 403 (Forbidden) response. Otherwise, continue with the rest of the steps; and

b) if so, and if the request is related to an IMS communication service and the IMS communication service requires the use of an ICSI value then include a P-Asserted-Service header field in the request containing the ICSI value for the related IMS communication service, and use it as a header field in the initial request when matching initial filter criteria in step 4; and

c)
if so, and if the request is related to an IMS communication service and the IMS communication service does not require the use of an ICSI value then continue without including an ICSI value; and

d)
if so, and if the request does not relate to an IMS communication service (or if the S-CSCF is unable to unambiguously determine the service being requested but decides to allow the session to continue) then continue without inclding an ICSI value;
4)
check whether the initial request matches any unexecuted initial filter criteria based on the public user identity of the served user in the priority order and apply the filter criteria on the SIP method as described in 3GPP TS 23.218 [5] subclause 6.5. If there is a match, then the S-CSCF shall select the first matching unexecuted initial filter criteria and:

a)
if the Request-URI is a temporary GRUU as defined in subclause 5.4.7A.3, then replace the Request-URI with the public GRUU that is associated with the temporary GRUU (i.e. the public GRUU representing the same public user identity and instance ID as the temporary GRUU);

b)
insert the AS URI to be contacted into the Route header field as the topmost entry followed by its own URI populated as specified in the subclause 5.4.3.4;

c)
if the S-CSCF supports the P-Served-User extension as specified in RFC 5502 [133], insert the P-Served-User header field populated with the served user identity as determined in step 1. If required by operator policy, the S-CSCF shall:

-
if the associated session case is "Terminating" as specified in 3GPP TS 29.228 [14], include the sescase header field parameter set to "term" and the regstate header field parameter set to "reg";

-
if the associated session case is "Terminating_Unregistered" as specified in 3GPP TS 29.228 [14], include the sescase header field parameter set to "term" and the regstate header field parameter set to "unreg";

d)
insert a type 3 "orig-ioi" header field parameter replacing any received "orig-ioi" header field parameter in the P-Charging-Vector header field. The type 3 "orig-ioi" header field parameter identifies the sending network of the request message. The S-CSCF shall not include the type 3 "term-ioi" header field parameter;

e)
based on local policy, the S-CSCF shall add an "fe-addr" element of the "fe-identifier" header field parameter to the P-Charging-Vector header field with its own address or identifier if not already available;
f)
remove the "transit-ioi" header field parameter, if received;
g)
based on operator policy insert a Relayed-Charge header field containing the value of the received "transit-ioi" header field parameter in the P-Charging-Vector header field; and
h)
if an IP address associated with the served user and the AS SIP URI is stored as described in subclause 5.4.0 exists, then the S-CSCF forwards the SIP message to the IP address associated with the served user and the AS SIP URI;
NOTE 7:
Depending on the result of the previous process, the S-CSCF can contact one or more AS(s) before processing the outgoing Request-URI.

NOTE 8:
If the Request-URI of the received terminating request contains a temporary GRUU, then step 4 replaces the Request-URI with the associated public GRUU before invoking the AS, and step 3B restores the original temporary GRUU when the request is returned from the AS.
NOTE 9:
An AS can activate or deactivate its own filter criteria via the Sh interface. As the S-CSCF checks initial filter criteria only on receipt of an initial request for a dialog, or a standalone transaction, a modified service profile will have no impact on transactions or dialogs already in progress and the modified profile will be effective only for new transactions and dialogs. If the S-CSCF receives a modification of the iFC during their execution, then it should not update the stored initial Filter Criteria until the iFC related to the initial request have been completely executed.
5)
if there was no original dialog identifier present in the topmost Route header field of the incoming request insert a P-Charging-Function-Addresses header field, if not present, populated with values received from the HSS if the message is forwarded within the S-CSCF home network, including towards AS;

6)
if there was no original dialog identifier present in the topmost Route header field of the incoming request store the value of the "icid-value" header field parameter received in the P-Charging-Vector header field and retain the "icid-value" header field parameter in the P-Charging-Vector header field;

7)
if there was no original dialog identifier present in the topmost Route header field of the incoming request:

-
store the value of the "orig-ioi" header field parameter received in the P-Charging-Vector header field, if present;

-
remove received "orig-ioi", "term-ioi" and "transit-ioi" header field parameters from the forwarded request if next hop is not an AS; and
-
include a type 1 "orig-ioi" header field parameter if next hop is not an AS;

NOTE 10:
Any received "orig-ioi" header field parameter will be a type 2 IOI. or type 3 IOI. A type 2 IOI identifies the sending network of the request message, a type 3 IOI identifies the sending service provider of the request message.

7A)
if there was an original dialog identifier present in the topmost Route header field of the incoming request:

-
store the value of the "orig-ioi" header field parameter received in the P-Charging-Vector header field, if present;

-
remove the received "orig-ioi" header field parameter if next hop is not an AS;

-
include a type 1 "orig-ioi" header field parameter if next hop is not an AS;
-
based on local policy, the S-CSCF shall add an "fe-addr" element of the "fe-identifier" header field parameter to the P-Charging-Vector header field with its own address or if not already available; and

-
remove any received Relayed-Charge header field if next hop is not an AS;
NOTE 11:
Any received "orig-ioi" header field parameter will be a type 3 IOI. A type 3 IOI identifies the sending service provider of the request message.
8)
in the case:

i)
there are no Route header fields in the request; and

ii)
there are bindings saved during registration or re-registration as described in subclause 5.4.1.2 which are not marked as created by an emergency registration as described in subclause 5.4.8.2;


then, create a target set of potential routes from the list of preloaded routes associated with the bindings in item 8) ii), as follows:

a)
if the Request-URI contains a valid GRUU assigned by the S-CSCF as defined in subclause 5.4.7A.4 that does not contain a "bnc" URI parameter, then the target set is determined by following the procedures for Request Targeting specified in RFC 5627 [93], using the public user identity and instance ID derived from the GRUU using the procedures of subclause 5.4.7A;
b)
if the Request-URI contains a valid public GRUU assigned by the S-CSCF as defined in subclause 5.4.7A.4 that contains a "bnc" URI parameter then the target set is determined by following the procedures for routeing of public GRUUs specified in RFC 6140 [191].

NOTE 12:
The procedures for Request Targeting for public GRUUs in subclause 7.1.1 of RFC 6140 [191] involve copying the "sg" SIP URI parameter from the Public GRUU into the Request-URI along with the bound registered Contact Address.

NOTE 13:
In this release of the specification, use of preloaded routes saved during registration or re-registration which created or refreshed bindings marked as created by an emergency registration is out of scope.

c)
if the Request-URI contains a temporary GRUU not assigned by the S-CSCF but that contains "temp-gruu-cookie" information provided by the S-CSCF to the UE in a "temp-gruu-cookie" header field parameter as specified in RFC 6140 [191] then the target set is determined by following the procedures for Request Targeting for temporary GRUUs specified in RFC 6140 [191]; or

NOTE 14:
The procedures for obtaining the "temp-gruu-cookie" information from the temporary GRUU and for routeing of temporary GRUUs are specified in subclause 7.1.2.3 of RFC 6140 [191].
d)
if the Request-URI contains a public user identity or a GRUU not assigned by the S-CSCF, then the target set is all the registered contacts saved for the destination public user identity;

9)
if necessary perform the caller preferences to callee capabilities matching according to RFC 3841 [56B] to the target set;

NOTE 15:
This might eliminate entries and reorder the target set.

NOTE 16: The S-CSCF performs caller preferences to callee capabilities matching also to select among multiple targets set to a single instance-id, when the UE has registered multiple registration flows.
10)
in case there are no Route header fields in the request:

a)
if there is more than one route in the target set determined in steps 8) and 9) above:

-
if the fork directive in the Request-Disposition header field was set to "no-fork", use the contact with the highest qvalue parameter to build the target URI. In case no qvalue parameters were provided, the S-CSCF shall decide locally what contact address to be used to build the target URI;

-
if the fork directive in the Request-Disposition header field was not set to "no-fork", fork the request or perform sequential search based on the relative preference indicated by the qvalue parameter of the Contact header field in the REGISTER request, as described in RFC 3261 [26]. In case no qvalue parameters were provided, then the S-CSCF determine the contact address to be used to build the target URI as directed by the Request-Disposition header field as described in RFC 3841 [56B]. If the Request-Disposition header field is not present, the S-CSCF shall decide locally whether to fork or perform sequential search among the contact addresses;

-
in case that no route is chosen, return a 480 (Temporarily unavailable) response or another appropriate unsuccessful SIP response and terminate these procedures; and
-
per the rules defined in RFC 5626 [92], the S-SCSF shall not populate the target set with more than one contact with the same public user identity and instance-id at a time. If a request for a particular public user identity and instance-id fails with a 430 response, the S-CSCF shall replace the failed branch with another target with the same public user identity and instance-id, but a different reg-id;

b)
If no "Loose-Route Indication" indicating the HSS requires the loose-route mechanism as described in 3GPP TS 29.228 [14] has been received, in the service profile of the served public user identity, from the HSS during registration, build the Request-URI with the contents of the target URI determined in the previous step, otherwise the Request-URI is retained as received;

c)
insert a P-Called-Party-ID SIP header field containing the contents of the Request-URI (if no "Loose-Route Indication" indicating the HSS requires the loose-route mechanism as described in 3GPP TS 29.228 [14] has been received, in the service profile of the served public user identity, from the HSS during registration, then exclude "rn" tel-URI parameter and "npdi" tel-URI parameter as defined in RFC 4694 [112]) received in the request unless the Request-URI contains a temporary GRUU in which case insert the public GRUU in the P-Called-Party-ID;

d)
build the Route header field with the Path values from the chosen route and if "Loose-Route Indication" indicating the HSS requires the loose-route mechanism as described in 3GPP TS 29.228 [14] has been received, in the service profile of the served user identity, from the HSS during registration and the selected contact address was not registered as described in RFC 5626 [92], add the content of the target URI determined in step a), as last URI of the route. If the selected contact address was registered as described in RFC 5626 [92], the target URI determined in step a) is not added to the Route header field; and

e)
save the Request-URI and the total number of Record-Route header fields as part of the dialog request state.

NOTE 17:
For each initial dialog request terminated at a served user two pieces of state are maintained to assist in processing GRUUs: the chosen contact address to which the request is routed; and the position of an entry for the S-CSCF in the Record-Route header field that will be responsible for GRUU translation, if needed (the position is the number of entries in the list before the entry was added). The entry will be added in step 5) of the below procedures for handling S-CSCF receipt any 1xx or 2xx response to the initial request for a dialog. The S-CSCF can record-route multiple times, but only one of those (the last) will be responsible for gruu translation at the terminating end.

11)
if the request is an INVITE request, save the Contact, CSeq and Record-Route header field values received in the request such that the S-CSCF is able to release the session if needed;

12)
optionally, apply any privacy required by RFC 3323 [33] and RFC 3325 [34] to the P-Asserted-Identity header field and privacy required by RFC 7044 [66]. The S-CSCF shall not remove any priv-value from the Privacy header field;

NOTE 18: keeping the priv-value in the Privacy header field is necessary to indicate to the UE that the public user identity was not sent because of restriction. Although RFC 3323 [33] states that when a privacy service performs one of the functions corresponding to a privacy level listed in the Privacy header field, it SHOULD remove the corresponding priv-value from the Privacy header field, there is no harm that the S-CSCF does not remove the priv-values as there will be no other entity that would perform the privacy service after the S-CSCF.
NOTE 19:
The optional procedure above is in addition to any procedure for the application of privacy at the edge of the trust domain specified by RFC 3325 [34].

13)
in case of an initial request for a dialog, either:

-
if the request is routed to an AS which is part of the trust domain, the S-CSCF shall decide, based on operator policy, whether to record-route or not. The decision is configured in the S-CSCF using any information in the received request that may otherwise be used for the initial filter criteria. If the request is record-routed the S-CSCF shall create a Record-Route header field containing its own SIP URI; or

-
if the request is routed elsewhere, create a Record-Route header field containing its own SIP URI;

13A)
if the request is routed towards the UE remove the P-User-Database header field and P-Served-User header field if present;

13B)
void
13C)
if the request was sent on a dialog for which logging of signalling is in progress, check whether a trigger for stopping logging of SIP signalling has occurred, as described in draft-ietf-insipid-logme-marking [140]. If a stop trigger event has occurred, stop treating the dialog as one for which logging of signalling is in progress, else append a "logme" header field parameter to the SIP Session-ID header field if the parameter is missing and determine, by checking its trace configuration, whether to log the request;

13D)
if the request is routed towards the UE, 

-
the S-CSCF supports indicating the traffic leg as specified in RFC 7549 [225];

-
the UE is roaming; and
-
required by local policy;

then:

-
if the bottommost Route header field does not contain the "tokenized-by" header field parameter and an "iotl" SIP URI parameter is not already included, append an "iotl" SIP URI parameter set to "homeB-visitedB" to the URI of the bottommost Route header field; and

-
if the bottommost Route header field contains the "tokenized-by" header field parameter and an "iotl" SIP URI parameter is not already included, append an "iotl" SIP URI parameter set to "homeB-visitedB" to the URI of the second Route header field from the bottom;
NOTE 20:
The bottommost Route header field contains an "iotl" SIP URI parameter if the P‑CSCF added the "iotl" SIP URI parameter in the Path header field during registration and if the visited network does not apply topology hiding. The second Route header field from the bottom contains an "iotl" SIP URI parameter if the P‑CSCF added the "iotl" SIP URI parameter in the Path header field during registration and if the visited network applied topology hiding.
13E)
if the S-CSCF supports HSS based P-CSCF restoration and the S-CSCF considers the P-CSCF, identified by the bottommost Route header field, is not reachable:

-
reject the request with a 480 (Temporarily Unavailable) response; and

-
initiate the HSS based P-CSCF restoration procedure towards the served user as specified in 3GPP TS 23.380 [7D];

13F)
if the S-CSCF supports PCRF based P-CSCF restoration procedures, insert a Restoration-Info header field including the IMSI value contained in the user profile of the registered served user as a quoted string defined in 3GPP TS 29.228 [14];
NOTE 21:
If PCRF based P-CSCF restoration procedure is operated between the home network and the visited network, the operator policy depends on an agreement with the visited network operator.
13G)
if the S-CSCF supports PCRF based P-CSCF restoration procedures,
-
the request contains a topmost Route header field pointing to a P-CSCF, and

-
the S-CSCF considers the P-CSCF is in a non-working state,


remove all entries in the Route header field and add a Route header field set to the URI associated with an alternative P-CSCF; and
NOTE 22:
How the SIP URI of the alternative P-CSCF is obtained by the S-CSCF is implementation dependent. The S-CSCF can make sure that selected P-CSCF support the PCRF based P-CSCF restoration procedures based on local configuration.
NOTE 23:
It is implementation dependent as to how the S-CSCF determines the P-CSCF is in non-working state.

14)
if the request contains a Feature-Caps header field as specified in RFC 6809 [190] with the "+sip.contact" header field parameter as defined in draft-allen-sipcore-sip-tree-cap-indicators [226], containing a "g.3gpp.plmn-change-notify" media feature tag as defined in subclause 7.9.X and the S-CSCF knows that the P-CSCF does not support providing notifications of PLMN change to an AS due to the absence of the "+g.3gpp.plmn-change-notify" Feature-Caps header field parameter in the REGISTER request received from the destinationUE then remove the Feature-Caps header field containing the "+sip.contact" header field parameter that contains the "g.3gpp.plmn-change-notify" media feature tag.
15)
forward the request based on the topmost Route header field.

If the S-CSCF receives any response to the above request, the S-CSCF shall:
1)
If the response contains a "logme" header field parameter in the SIP Session-ID header field then log the response based on local policy.
If the S-CSCF supports HSS based P-CSCF restoration and

a)
receives a 404 (Not Found) response;

b)
fails to receive any SIP response from a P-CSCF serving a non-roaming user within a configurable time; or

NOTE 24:
The configurable time needs to be less than timer B and timer F.

c)
receives a 408 (Request Timeout) response or a 504 (Server Time-out) response:

-
including a Restoration-Info header field defined in subclause 7.2.11 set to "noresponse"; and

-
the "+g.3gpp.ics" Contact header field parameter with a value set to "server" was not included in the REGISTER request when the UE registered;

NOTE 25:

If this Contact header field parameter is not included the S-CSCF can deduce that the P-CSCF did not respond to the request.

the S-CSCF shall: 

-
send a 480 (Temporarily Unavailable) response;

-
 initiate the HSS based P-CSCF restoration procedure towards the served user as specified in 3GPP TS 23.380 [7D]; and

-
if b) or c) above applied consider the P-CSCF as not reachable.

If the S-CSCF supports PCRF based P-CSCF restoration and receives a 404 (Not Found) response, the S-CSCF shall consider the P-CSCF to be in a non-working state and shall initiate the PCRF based P-CSCF restoration procedure towards the served user as specified in 3GPP TS 23.380 [7D].

If the S-CSCF:

a)
fails to receive a SIP response within a configurable time; or
b)
receives a 408 (Request Timeout) response or a 5xx response from the AS without previously receiving a 1xx response to the original SIP request, and without previously receiving a SIP request from the AS that contained the same original dialog identifier as the original request;
the S-CSCF shall:
-
if the default handling defined in the filter criteria indicates the value "SESSION_CONTINUED" as specified in 3GPP TS 29.228 [14] or no default handling is indicated, execute the procedure from step 4; and

-
if the default handling defined in the filter criteria indicates the value "SESSION_TERMINATED" as specified in 3GPP TS 29.228 [14], either forward the received response or, if the request is an initial INVITE request, send a 408 (Request Timeout) response or a 5xx response towards the originating UE as appropriate (without verifying the matching of filter criteria of lower priority and without proceeding for further steps).

If the S-CSCF receives any final response from the AS, the S-CSCF shall forward the response towards the originating UE (without verifying the matching of filter criteria of lower priority and without proceeding for further steps).
When the S-CSCF receives any response to the above request and forwards it to an AS, the S-CSCF shall remove any "orig-ioi", "term-ioi" and "transit-ioi" header field parameter if received in a P-Charging-Vector header field, insert a P-Charging-Vector header field containing the "orig-ioi" header field parameter, if received in the request, a type 3 "term-ioi" header field parameter, and based on operator option insert a Relayed-Charge header field in the response. The S-CSCF shall set the type 3 "term-ioi" header field parameter to a value that identifies the sending network of the response, the "orig-ioi" header field parameter is set to the previously received value of "orig-ioi" header field parameter and include in the Relayed-Charge header field the received "transit-ioi" header field parameter from the P-Charging-Vector header field.

NOTE 26:
Any received "term-ioi" header field parameter will be a type 1 IOI or a type 3 IOI. The type 1 IOI identifies the network from which the response was sent and the type 3 IOI identifies the service provider from which the response was sent.
When the S-CSCF receives, destined for an unregistered served user or a statically pre-configured PSI, an initial request for a dialog or a request for a standalone transaction, the S-CSCF shall:

1)
Void.

2)
execute the procedures described in 1, 2, 3, 3C, 3D, 4, 5, 6, 7, 11, 13, 13B, 13C and 14 in the above paragraph (when the S-CSCF receives, destined for the registered served user, an initial request for a dialog or a request for a standalone transaction).

3)
In case that no more AS needs to be contacted, then S-CSCF shall return an appropriate unsuccessful SIP response. This response may be a 480 (Temporarily unavailable) and terminate these procedures.

NOTE 27:
When the S-CSCF does not have the user profile, before executing the actions as listed above, it initiates the S-CSCF Registration/deregistration notification procedure, as described in 3GPP TS 29.228 [14]; with the purpose of downloading the relevant user profile (i.e. for unregistered user) and informs the HSS that the user is unregistered. The S-CSCF will assess triggering of services for the unregistered user, as described in 3GPP TS 29.228 [14]. When requesting the user profile the S-CSCF can include the information in the P-Profile-Key header field in S-CSCF Registration/deregistration notification. When requesting the user profile, and the request received by the S-CSCF contains a P-Profile-Key header field, the S-CSCF can include the header field value in S-CSCF Registration/deregistration notification. If the response from the HSS includes a Wildcarded Public Identity AVP, and if the request received by the S-CSCF did not include a P-Profile-Key header field, the S-CSCF uses the AVP value to set the P-Profile-Key header field before forwarding the request to an AS.
Prior to performing S-CSCF Registration/Deregistration procedure with the HSS, the S-CSCF decides which HSS to query, possibly as a result of a query to the Subscription Locator Functional (SLF) entity as specified in 3GPP TS 29.228 [14] or use the value as received in the P-User-Database header field in the initial request for a dialog or a request for a standalone transaction as defined in RFC 4457 [82]. The HSS address received in the response to SLF query can be used to address the HSS of the public user identity with further queries.

If the HSS indicates to the S-CSCF that there is already another S-CSCF assigned for the user, the S-CSCF shall return a 305 (Use Proxy) response containing the SIP URI of the assigned S-CSCF received from the HSS in the Contact header field.

When the S-CSCF receives any response to the above request containing a Relayed-Charge header field, and the next hop is not an AS, the S-CSCF shall remove the Relayed-Charge header field.

When the S-CSCF receives any 1xx or 2xx response to the initial request for a dialog (whether the user is registered or not), the S-CSCF shall:

1)
if the response corresponds to an INVITE request, save the Contact and Record-Route header field values in the response such that the S-CSCF is able to release the session if needed;

2)
if the response is not forwarded to an AS (i.e. the response is related to a request that was matched to the first executed initial filter criteria):

a)
remove the received "transit-ioi" header field parameter if present and insert a type 2 "term-ioi" header field parameter in the P-Charging-Vector header field of the outgoing response. The type 2 "term-ioi" header field is set to a value that identifies the sending network of the response and the "orig-ioi" header field parameter is set to the previously received value of "orig-ioi" header field parameter. Values of "orig-ioi" and "term-ioi" header field parameters in the received response are removed; and
b)
if the S-CSCF supports using a token to identify the registration, remove the "+g.3gpp.registration-token" Feature-Caps header field parameter, defined in subclause 7.9A.8, if received in the response;
3)
in case the served user is not considered a privileged sender then:

a)
if the P-Asserted-Identity header field contains only a SIP URI and in the case where the S-CSCF has knowledge that the SIP URI contained in the received P-Asserted-Identity header field is an alias SIP URI for a tel URI, the S-CSCF shall add a second P-Asserted-Identity header field containing this tel URI, including the display name associated with the tel URI, if available; and

b)
if the P-Asserted-Identity header field contains only a tel URI, the S-CSCF shall add a second P-Asserted-Identity header field containing a SIP URI. The added SIP URI shall contain in the user part a "+" followed by the international public telecommunication number contained in tel URI, and user's home network domain name in the hostport part. The added SIP URI shall contain the same value in the display name as contained in the tel URI. The S-CSCF shall also add a "user" SIP URI parameter equals "phone" to the SIP URI;

4)
in case the response is sent towards the originating user, the S-CSCF may retain the P-Access-Network-Info header field based on local policy rules and the destination user (Request-URI);

5)
save an indication that GRUU routeing is to be performed for subsequent requests sent within this same dialog if:

a)
there is a record-route position saved as part of the initial dialog request state; and
b)
the contact address in the response is a valid GRUU assigned by the S-CSCF as specified in subclause 5.4.7A.4 or a temporary GRUU self assigned by the UE based on the "temp-gruu-cookie" header field parameter provided to the UE;
6)
if the S-CSCF supports using a token to identify the registration and if a registration exists, add a "+g.3gpp.registration-token" Feature-Caps header field parameter, as defined in subclause 7.9A.8, set to the same value as included in the "+g.3gpp.registration-token" Contact header field parameter of the third party REGISTER request sent to the AS when the UE registered; and
NOTE 28:
There could be several responses returned for a single request, and the decision to insert or modify the Record-Route needs to be applied to each. But a response might also return to the S-CSCF multiple times as it is routed back through AS. The S-CSCF will take this into account when carrying out step 5) to ensure that the information is stored only once.

7)
if the response is forwarded within the S-CSCF home network and not to an AS, insert a P-Charging-Function-Addresses header field populated with values received from the HSS.

When the S-CSCF receives a response to a request for a standalone transaction (whether the user is registered or not), then:

1)
in case the served user is not considered a privileged sender then:

a)
if the P-Asserted-Identity header field contains only a SIP URI and in the case where the S-CSCF has knowledge that the SIP URI contained in the received P-Asserted-Identity header field is an alias SIP URI for a tel URI, the S-CSCF shall add a second P-Asserted-Identity header field containing this tel URI, including the display name associated with the tel URI, if available; and

b)
if the P-Asserted-Identity header field contains only a tel URI, the S-CSCF shall add a second P-Asserted-Identity header field containing a SIP URI. The added SIP URI shall contain in the user part a "+" followed by the international public telecommunication number contained in tel URI, and user's home network domain name in the hostport part. The added SIP URI shall contain the same value in the display name as contained in the tel URI. The S-CSCF shall also add a "user" SIP URI parameter equals "phone" to the SIP URI; and
2)
in case the response is forwarded to an AS that is located within the trust domain, the S-CSCF shall retain the access-network-charging-info parameter in the P-Charging-Vector header field; otherwise, the S-CSCF shall remove the access-network-charging-info parameter in the P-Charging-Vector header field.
When the S-CSCF receives the 200 (OK) response for a standalone transaction request, the S-CSCF shall:
1)
insert a P-Charging-Function-Addresses header field populated with values received from the HSS if the message is forwarded within the S-CSCF home network, including towards an AS;
1A)
if the S-CSCF supports using a token to identify the registration and if a registration exists, add a "+g.3gpp.registration-token" Feature-Caps header field parameter, as defined in subclause 7.9A.8, set to the same value as included in the "+g.3gpp.registration-token" Contact header field parameter of the third party REGISTER request sent to the AS when the UE registered;
1B)
if the S-CSCF supports using a token to identify the registration in case the response is not forwarded to an AS the S-CSCF shall remove the "+g.3gpp.registration-token" Feature-Caps header field parameter, defined in subclause 7.9A.8, if received in the response; and
2)
if the response is not forwarded to an AS (i.e. the response is related to a request that was matched to the first executed initial filter criteria), remove the received "orig-ioi", "term-ioi" and "transit-ioi" header field parameter if present and insert a type 2 "term-ioi" header field parameter in the P-Charging-Vector header field of the outgoing response. The type 2 "term-ioi" header field parameter is set to a value that identifies the sending network of the response and the type 2 "orig-ioi" header field parameter is set to the previously received value of "orig-ioi" header field parameter.

NOTE 29:
If the S-CSCF forked the request of a stand alone transaction to multiple UEs and receives multiple 200 (OK) responses, the S-CSCF will select and return only one 200 (OK) response. The criteria that the S-CSCF employs when selecting the 200 (OK) response is based on the operator's policy (e.g. return the first 200 (OK) response that was received).

When the S-CSCF receives, destined for a served user, a target refresh request for a dialog, prior to forwarding the request, the S-CSCF shall:

0)
if the dialog is related to an IMS communication service determine whether the contents of the request (e.g. SDP media capabilities, Content-Type header field) match the IMS communication service as received as the ICSI value in the P-Asserted-Service header field in the initial request. As an operator option, if the contents of the request do not match the IMS communication service the S-CSCF may reject the request by generating a status code reflecting which added contents are not matching. Otherwise, continue with the rest of the steps;

1)
if the incoming request is received on a dialog for which GRUU routeing is to be performed and the Request-URI is not the GRUU for this dialog, then return a response of 400 (Bad Request).

2)
if the incoming request is received on a dialog for which GRUU routeing is to be performed and the Request-URI contains the GRUU for this dialog then:

i)
if the Request-URI contains a valid GRUU assigned by the S-CSCF as defined in subclause 5.4.7A.4 that does not contain a "bnc" URI parameter, then perform the procedures for Request Targeting specified in RFC 5627 [93], using the public user identity and instance ID derived from the Request-URI, as specified in subclause 5.4.7A;

ii)
if the Request-URI contains a valid public GRUU assigned by the S-CSCF as defined in subclause 5.4.7A.4 that contains a "bnc" URI parameter then the target set is determined by following the procedures for routeing of public GRUUs specified in RFC 6140 [191]. or

NOTE 30:
The procedures for Request Targeting for public GRUUs in subclause 7.1.1 of RFC 6140 [191] involve copying the "sg" SIP URI parameter from the Public GRUU into the Request-URI along with the bound registered Contact Address.

iii)
if the Request-URI contains a temporary GRUU not assigned by the S-CSCF but that contains "temp-gruu-cookie" information provided by the S-CSCF to the UE in a "temp-gruu-cookie" header field parameter as specified in RFC 6140 [191] then the target set is determined by following the procedures for routeing of temporary GRUUs specified in RFC 6140 [191];

NOTE 31:
The procedures for obtaining the "temp-gruu-cookie" information from the temporary GRUU and for routeing of temporary GRUUs are specified in subclause 7.1.2.3 of RFC 6140 [191].
iv)
if no contact can be selected, return a response of 480 (Temporarily Unavailable);
3)
remove its own URI from the topmost Route header field;

4)
for INVITE dialogs (i.e. dialogs initiated by an INVITE request), save the Contact and CSeq header field values received in the request such that the S-CSCF is able to release the session if needed;

5)
create a Record-Route header field containing its own SIP URI;

5A)
void
5B)
if the request was sent on a dialog for which logging of signalling is in progress, check whether a trigger for stopping logging of SIP signalling has occurred, as described in draft-ietf-insipid-logme-marking [140]. If a stop trigger event has occurred, stop treating the dialog as one for which logging of signalling is in progress, else append a "logme" header field parameter to the SIP Session-ID header field if the parameter is missing and determine, by checking its trace configuration, whether to log the request; and

6)
forward the request based on the topmost Route header field.

When the S-CSCF receives any response to the above request, the S-CSCF shall:
1)
If the response contains a "logme" header field parameter in the SIP Session-ID header field then log the response based on local policy.
When the S-CSCF receives any 1xx or 2xx response to the target refresh request for a dialog (whether the user is registered or not), the S-CSCF shall:

1)
for INVITE dialogs, replace the saved Contact header field values in the response such that the S-CSCF is able to release the session if needed; and

2)
in case the response is forwarded to an AS that is located within the trust domain, the S-CSCF shall retain the access-network-charging-info parameter in the P-Charging-Vector header field; otherwise, the S-CSCF shall remove the access-network-charging-info parameter in the P-Charging-Vector header field.

When the S-CSCF receives, destined for the served user, a subsequent request other than target refresh request for a dialog, prior to forwarding the request, the S-CSCF shall:

1)
if the incoming request is received on a dialog for which GRUU routeing is to be performed and the Request-URI is not the GRUU for this dialog, then return a response of 400 (Bad Request).

2)
if the incoming request is received on a dialog for which GRUU routeing is to be performed and the Request-URI contains the GRUU for this dialog then:

i)
if the Request-URI contains a valid GRUU assigned by the S-CSCF as defined in subclause 5.4.7A.4 that does not contain a "bnc" URI parameter, then perform the procedures for Request Targeting specified in RFC 5627 [93], using the public user identity and instance ID derived from the Request-URI, as specified in subclause 5.4.7A;

ii)
if the Request-URI contains a valid public GRUU assigned by the S-CSCF as defined in subclause 5.4.7A.4 that contains a "bnc" URI parameter then the target set is determined by following the procedures for routeing of public GRUUs specified in RFC 6140 [191]; or

NOTE 32:
The procedures for Request Targeting for public GRUUs in subclause 7.1.1 of RFC 6140 [191] involve copying the "sg" SIP URI parameter from the Public GRUU into the Request-URI along with the bound registered Contact Address.

iii)
if the Request-URI contains a temporary GRUU not assigned by the S-CSCF but that contains "temp-gruu-cookie" information provided by the S-CSCF to the UE in a "temp-gruu-cookie" header field parameter as specified in RFC 6140 [191] then the target set is determined by following the procedures for routeing of temporary GRUUs specified in RFC 6140 [191].

NOTE 33:
The procedures for obtaining the "temp-gruu-cookie" information from the temporary GRUU and for routeing of temporary GRUUs are specified in subclause 7.1.2.3 of RFC 6140 [191].
iv)
if no contact can be selected, return a response of 480 (Temporarily Unavailable).

3)
remove its own URI from the topmost Route header field;

3A)
void
3B)
if the request was sent on a dialog for which logging of signalling is in progress, check whether a trigger for stopping logging of SIP signalling has occurred, as described in draft-ietf-insipid-logme-marking [140]. If a stop trigger event has occurred, stop treating the dialog as one for which logging of signalling is in progress, else append a "logme" header field parameter to the SIP Session-ID header field if the parameter is missing and determine, by checking its trace configuration, whether to log the request; and

4)
forward the request based on the topmost Route header field.

When the S-CSCF receives any response to the above request, the S-CSCF shall:
1)
If the response contains a "logme" header field parameter in the SIP Session-ID header field then log the response based on local policy.
When the S-CSCF receives a response to a a subsequent request other than target refresh request for a dialog, in case the response is forwarded to an AS that is located within the trust domain, the S-CSCF shall retain the access-network-charging-info parameter from the P-Charging-Vector header field; otherwise, the S-CSCF shall remove the access-network-charging-info parameter from the P-Charging-Vector header field.

With the exception of 305 (Use Proxy) responses, the S-CSCF shall not recurse on 3xx responses.

****************** Next change******************

5.7.1.x
AS obtaining notification of PLMN change
If the Feature-Caps header field with the "g.3gpp.plmn-change-notify" feature capability indicator was included in the "message/sip" MIME body in the third-party REGISTER request then an AS that supports obtaining notification about a change of visited network of the served UE may include a Feature-Caps header field as specified in RFC 6809 [190] with the "+sip.contact" header field parameter as defined in draft-allen-sipcore-sip-tree-cap-indicators [226], containing a SIP URI of the AS for receiving such notifications and a "g.3gpp.plmn-change-notify" media feature tag as defined in subclause 7.9.X containing a unique identifier mapped to this dialog in a request for a new dialog or in a 200 (OK) response to a request for a new dialog sent to the served user.
NOTE 1:
The AS can include a pointer to the dialog state information in the "g.3gpp.plmn-change-notify" media feature tag in order to map to the dialog.

If the AS receives a request already containing a Feature-Caps header field as specified in with the "+sip.contact" header field parameter containing a "g.3gpp.plmn-change-notify" media feature tag as and the AS determines to obtain notification about a change of visited network of the served UE the AS may in addition to including its own URI in a Feature-Caps header field with the "+sip.contact" header field parameter, remove and save the previously inserted Feature-Caps header field with the "+sip.contact" header field parameter.
NOTE 2:
Removing and saving the the previously inserted Feature-Caps header field with the "+sip.contact" header field parameter and then sending the MESSAGE request on to another AS reduces the number og MESSAGE requests that the P-CSCF needs to send when providing a notification of PLMN change..

When the AS receives a MESSAGE request containing a 3GPP IM CN subsystem XML body that includes an <ims-3gpp> element, including a version attribute, with a <PLMN-change-notify> child element with a P-Visited-Network-ID header field value string identifying the visited network of the UE, the AS shall relate this to the dialog mapped to the identifier in the <PLMN-change-notify> element. The AS shall use this as notification of a PLMN change for the served UE and respond with a 200 (OK) response. 
NOTE 3:
The AS, serving originating user, will be only notified about PLMN change for the originating UE. The AS, serving terminating user, will be only notified about PLMN change for the terminating UE.
If the AS previously saved the contents of a Feature-Caps header field with the "+sip.contact" header field parameter of containing a "g.3gpp.plmn-change-notify" media feature tag then the AS shall:

1)
generate a MESSAGE request in accordance with RFC 3428 [50] with the following elements:

a)
a Request-URI set to the saved SIP URI of the AS received in the sip.contact Feature-Caps header field parameter received at dialog establishment;

b)
a From header field set to the From header field in the received MESSAGE request;

c)
a To header field, set to the SIP URI of the AS received in the "+sip.contact" Feature-Caps header field parameter at dialog establishment;

d)
a P-Asserted-Identity header field set to the P-Asserted-Identity header field in the received MESSAGE request;

e)
a P-Charging-Vector header field as in the received MESSAGE request;

f)
a P-Visited-Network-ID header field as in the received MESSAGE request;

g)
a Content-Type header field with the value set to associated MIME type of the 3GPP IM CN subsystem XML body as described in subclause 7.6.1;

h)
a 3GPP IM CN subsystem XML body containing an <ims-3gpp> element with the "version" attribute set to "1" and with a <PLMN-change-notify-ID> child element, set to the saved value of the g.3gpp.plmn-change-notify media feature tag received in the sip.contact Feature-Caps header field parameter received at dialog establishment; and
2)
forward the MESSAGE request towards the AS identified in the Request-URI.
****************** Next change******************

7.6.2
Document Type Definition

The XML Schema, is defined in table 7.6.1.

Table 7.6.1: IM CN subsystem XML body, XML Schema
<?xml version="1.0" encoding="UTF-8"?>

<xs:schema xmlns:xs="http://www.w3.org/2001/XMLSchema" elementFormDefault="qualified" attributeFormDefault="unqualified" version="1">

   <xs:complexType name="tIMS3GPP">

      <xs:sequence>

         <xs:choice>

            <xs:element name="alternative-service" type="tAlternativeService"/>

            <xs:element name="service-info" type="xs:string"/>

            <xs:element name="PLMN-change-notify-ID" type="xs:string"/>

         </xs:choice>

         <xs:any namespace="##any" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>
      </xs:sequence>
      <xs:attribute name="version" type="xs:decimal" use="required"/>
      <xs:anyAttribute/>
   </xs:complexType>

   <xs:complexType name="tAlternativeService">

      <xs:sequence>

         <xs:element ref="type"/>

         <xs:element name="reason" type="xs:string"/>

         <xs:any namespace="##any" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>
      </xs:sequence>

      <xs:anyAttribute/>
   </xs:complexType>

   <!-- root element -->
   <xs:element name="ims-3gpp" type="tIMS3GPP"/>
   <xs:element name="type" type="xs:string"/>

   <!-- action element for //ims-3gpp//alternative-service -->

   <xs:element name="action" type="xs:string"/>

</xs:schema>

7.6.3
XML Schema description

This subclause describes the elements of the IM CN subsystem XML Schema as defined in table 7.6.1.

<ims-3gpp>:
The <ims-3gpp> element is the root element of the IM CN subsystem XML body. It is always present. XML instance documents of future versions of the XML Schema in table 7.6.1 is valid against the XML Schema in table 7.6.1 in this document. XML instance documents of the XML Schema in table 7.6.1 in the present document have a version attribute value, part of the <ims-3gpp> element, that is equal to the value of the XML Schema version described in the present document.
<service-info>:
the transparent element received from the HSS for a particular trigger point are placed within this optional element.

<PLMN-change-notify-ID>:
the transparent element received from an AS in the "g.3gpp.plmn-change-notify" media feature tag when the dialog is established used to identify a dialog are placed by the P-CSCF within this optional element when notifying the AS of a change of PLMN by the UE.

<alternative-service>:
in the present document, the alternative service is used as a response for an attempt to establish an emergency session within the IM CN subsystem or as a response to initiate S-CSCF restoration procedures. The element describes an alternative service where the call should success. The alternative service is described by the type of service information. A possible reason cause why an alternative service is suggested may be included.


In the present document, the <alternative-service> element contains a <type> element, a <reason> element, and an optional <action> element.

The <type> element indicates the type of alternative service. The <type> element contains only the values specified in table 7.6.2 in the present document.

Table 7.6.2: ABNF syntax of values of the <type> element

emergency-value = %x65.6D.65.72.67.65.6E.63.79 ; "emergency"

restoration-value = %x72.65.73.74.6F.72.61.74.69.6F.6E ; "restoration"


The <action> element contains only the values specified in table 7.6.3 in the present document.
Table 7.6.3: ABNF syntax of values of the <action> element

emergency-registration-value = %x65.6D.65.72.67.65.6E.63.79.2D.72.65.67.69.73.74.72.61.74.69.6F.6E ; "emergency-registration"

initial-registration-value = %x69.6E.69.74.69.61.6C.2D.72.65.67.69.73.74.72.61.74.69.6F.6E ; "initial-registration"
anonymous-emergencycall-value = %x61.6E.6F.6E.79.6D.6F.75.73.2D.65.6D.65.72.67.65.6E.63.79.63.61.6C.6C ; "anonymous-emergencycall"

The <reason> element contains an explanatory text with the reason why the session setup has been redirected. A UE may use this information to give an indication to the user.


If included in the IM CN subsystem XML body:


1.
the <type> element with the value "emergency" is included as the first child element of the <alternative-service> element;


2.
the <type> element with the value "restoration" is included as one of the following:




a)
the first child element of the <alternative-service> element; or



b)
the third or later child element of the <alternative-service> element;


3.
the <action> element with the value "emergency-registration" is includes as the third child element of the <alternative-service> element; 

4.
the <action> element with value "initial-registration" is included as the third or later child element of the <alternative-service> element; and


5.
the <action> element with value "anonymous-emergencycall" is included as the third or later child element of the <alternative-service> element.

NOTE:
When included, the <action> and the second occurence of the <type> elements are validated by the <xs:any namespace="##any" processContents="lax" minOccurs="0" maxOccurs="unbounded"/> particle of their parent elements.

****************** Next change******************

7.9.X
Definition of media feature tag g.3gpp.plmn-change-notify
Editor's note: [IMSProtoc9, CR#6048] The media feature tag needs to be registered with IANA when release 15 is frozen.
Media feature tag name: g.3gpp.plmn-change-notify
Summary of the media feature indicated by this media feature tag:

This media feature tag, when included in an initial SIP request or 200 (OK) response, indicates the support for receiving a notification of a PLMN change for the UE participating in the dialog established by the initial SIP request or 200 (OK) response. The media feature tag contains a token that is assigned a value by the sending AS so that when the same token is received in the notification of PLMN change the AS can identify the dialog for which the change of PLMN has occurred.

Media feature tag specification reference: 3GPP TS 24.229: "IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".

Values appropriate for use with this media feature tag:
String with an equality relationship.

Table 7.9.X-1: ABNF syntax of values of the g.3gpp.plmn-change-notify media feature tag

g.3gpp.plmn-change-notify = "<"qdtext">"
The media feature tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This media feature tag is used to indicates the support for receiving a notification of a PLMN change for the UE participating in the dialog established by the initial SIP request or 200 (OK) response to the initial SIP request.
Examples of typical use: The AS includes this media feature tag in a dialog forming SIP request or 200 (OK) response to indicate support of this feature. The value is a unique value identifying the dialog being established. The P-CSCF includes a token with identical value in notifications of PLMN change related to this dialog. The AS can then identify the dialog for which the change of PLMN has occurred. 

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 11.1 of RFC 3840.

****************** Next change******************

7.9A.X
Definition of Feature-capability indicator g.3gpp.plmn-change-notify
Editor's note: [IMSProtoc9, CR#6048] The feature-capability indicator needs to be registered with IANA when release 15 is frozen.
Feature-capability indicator name: g.3gpp.plmn-change-notify
Summary of the feature indicated by this feature-capability indicator:

This feature-capability indicator, when included in a SIP REGISTER request, indicates the support for generating a notification of a PLMN change for the UE participating in a dialog. 

Feature-capability indicator specification reference:
3GPP TS 24.229: "IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".

Values appropriate for use with this feature-capability indicator: Not applicable.
The feature-capability indicator is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-capability indicator is used to indicates the support for generatinging a notification of a PLMN change for the UE participating in a dialog.
Examples of typical use: The P-CSCF includes this feature-capability indicator in a SIP REGISTER request to indicate support of this feature. An AS can then determine that the feature is supported. 

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

****************** End of changes******************

