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4.4.x
Priority

Based on local policy, a functional entity at the boundary of the trust domain shall remove all Priority header fields with a "psap-callback" header field value.
***** MODIFICATION *****

5.1.4.1
Initial INVITE request

The preconditions mechanism should be supported by the terminating UE.

The handling of incoming initial INVITE requests at the terminating UE is mainly dependent on the following conditions:

-
the specific service requirements for "integration of resource management and SIP" extension (hereafter in this subclause known as the precondition mechanism and defined in RFC 3312 [30] as updated by RFC 4032 [64], and with the request for such a mechanism known as a precondition); and

-
the UEs configuration for the case when the specific service does not require the precondition mechanism.

If an initial INVITE request is received the terminating UE shall check whether the terminating UE requires local resource reservation.

NOTE 1:
The terminating UE can decide if local resource reservation is required based on e.g. application requirements, current access network capabilities, local configuration, etc.

If local resource reservation is required at the terminating UE and the terminating UE supports the precondition mechanism, and:

a) 
the received INVITE request includes the "precondition" option-tag in the Supported header field or Require header field, the terminating UE shall make use of the precondition mechanism and shall indicate a Require header field with the "precondition" option-tag in any response or subsequent request it sends towards to the originating UE; or

b) 
the received INVITE request does not include the "precondition" option-tag in the Supported header field or Require header field, the terminating UE shall not make use of the precondition mechanism.

If local resource reservation is not required by the terminating UE and the terminating UE supports the precondition mechanism and:

a)
the received INVITE request includes the "precondition" option-tag in the Supported header field and:

-
the required resources at the originating UE are not reserved, the terminating UE shall use the precondition mechanism; or

-
the required local resources at the originating UE and the terminating UE are available, the terminating UE may use the precondition mechanism;

b)
the received INVITE request does not include the "precondition" option-tag in the Supported header field or Require header field, the terminating UE shall not make use of the precondition mechanism; or

c)
the received INVITE request includes the "precondition" option-tag in the Require header field, the terminating UE shall use the precondition mechanism.

NOTE 2:
Table A.4 specifies that UE support of forking is required in accordance with RFC 3261 [26].

NOTE 3:
If the terminating UE does not support the precondition mechanism it will apply regular SIP session initiation procedures.

If the terminating UE requires a reliable alerting indication at the originating side, the UE shall send the 180 (Ringing) response reliably. If the received INVITE request indicated support for reliable provisionable responses, but did not require their use, the terminating UE shall send provisional responses reliably only if the provisional response carries SDP or for other application related purposes that requires its reliable transport.

NOTE 4:
Certain applications, services and operator policies might mandate the terminating UE to send a 199 (Early Dialog Terminated) provisional response (see RFC 6228 [142]) prior to sending a non-2xx final response to the INVITE request.
If the terminating UE uses the precondition mechanism and if the originating side requested confirmation for the result of the resource reservation (as defined in RFC 3312 [30]) at the terminating UE then upon successful reservation of local resources, the terminating UE shall confirm the successful resource reservation (see subclause 6.1.3) within an SIP UPDATE request.

NOTE 5:
Originating side requests confirmation for the result of the resource reservation at the terminating UE e.g. when an application server performs 3rd party call control. The request for confirmation for the result of the resource reservation at the terminating UE can be included e.g. in the SDP answer in the PRACK request.

If the terminating UE included an SDP offer or an SDP answer in a reliable provisional response to the INVITE request and both the terminating UE and the originating UE support UPDATE method, then in order to remove one or more media streams negotiated in the session for which a final response to the INVITE request has not been sent yet, the terminating UE sends an UPDATE request with a new SDP offer and delays sending of 200 (OK) response to the INVITE request till after reception of 200 (OK) response to the UPDATE request.
Editor's Note: [CR 4476, WI EMC_PC]: It is for further study whether the UE is required to understand a PSAP callback indicator, specified in draft-ietf-ecrit-psap-callback [xxx], and whether UE procedures specific to PSAP callbacks are needed.
***** MODIFICATION *****

5.4.4.1
Initial INVITE

When the S-CSCF receives an INVITE request, either from the served user or destined to the served user, the S-CSCF may require the periodic refreshment of the session to avoid hung states in the S-CSCF. If the S-CSCF requires the session to be refreshed, the S-CSCF shall apply the procedures described in RFC 4028 [58] clause 8. 

NOTE 1:
Requesting the session to be refreshed requires support by at least one of the UEs. This functionality cannot automatically be granted, i.e. at least one of the involved UEs needs to support it.

For interworking with a visiting network, where the P-CSCF of the visiting network does not support priority but it is intended or required to give users of that P-CSCF priority in the home network, the S-CSCF in the home network shall recognize the need for priority treatment if such detection is not alternately provided via an IBCF in the home network. 

NOTE 2: 
Various mechanisms can be applied to recognize the need for priority treatment (e.g., based on the dialled digits). The exact mechanisms are left to national regulation and network configuration.

When an S-CSCF interworks with a visiting network that does not support priority, and the S-CSCF recognizes the need for priority treatment, the S-CSCF shall insert the temporarily authorised Resource-Priority header field with appropriate namespace and priority value in the INVITE request.
When the S-CSCF receives an initial INVITE request destined for the served user, the S-CSCF shall either:

a)
examine the SDP offer (the "c=" parameter) to detect if it contains an IP address type that is not supported by the IM CN subsystem; or 

NOTE 3:
The S-CSCF can, based on local policy, assume that a UE supports the IP address type of the SDP offer for media if it is identical to the address type of a contact that the UE has registered.
b)
process the initial INVITE request without examining the SDP.

NOTE 4:
If the S-CSCF knows that the terminating UE supports both IPv6 and IPv4 addressing simultaneously, the S-CSCF will forward the initial INVITE request to the UE without examining the SDP.
Editor's Note: How the S-CSCF determines whether the UE supports both IPv6 and IPv4 addressing simultaneously is for further study.

NOTE 5:
If the SDP offer contained an IP address type that is not supported by the IM CN subsystem, the S-CSCF will receive the 488 (Not Acceptable Here) response with 301 Warning header field indicating "incompatible network address format".

Subsequently, when the S-CSCF detects that the SDP offer contained an IP address type that is not supported by the IM CN subsystem (i.e., either case a) or b)), the S-CSCF shall either:

-
return a 305 (Use Proxy) response to the I-CSCF with the Contact field containing the SIP URI of the IBCF, or

-
forward the initial INVITE request to the IBCF. When forwarding the initial INVITE request, the S-CSCF shall not insert its SIP URI into the Record-Route header field.

If overlap signalling using the multiple-INVITE method is supported as a network option, several INVITE requests with the same Call ID and the same From header field (including "tag" header field parameter) can be received outside of an existing dialog. Such INVITE requests relate to the same call. If the S-CSCF receives an INVITE request from the served user outside an existing dialog with the same Call ID and From header field as a previous INVITE request during a certain period of time, it shall route the new INVITE request to the same next hop as the previous INVITE request.

Editor’s note [CR 4476, WI EMC_PC]: It is FFS how the S-CSCF processes a terminating request towards a Public User Identity that was only registered with IMS using an emergency bearer, even if the request includes a Priority header field with the "psap-callback" header field value.
***** MODIFICATION *****

5.5.3.1.1
Calls originated from circuit-switched networks

When the MGCF receives an indication of an incoming call from a circuit-switched network, the MGCF shall:

1)
generate an INVITE request:

-
set the Request-URI to the "tel" format using an E.164 address or to the "sip" format using an E164 address in the user portion and set user=phone;

NOTE 1:
Details how to set the host portion are out of scope of the document. However, when a SIP URI is used the host portion needs to be part of the domain name space owned by the I-CSCF

-
include the "100rel" option tag in the Supported header field (as defined in RFC 3262 [27]);

-
include the "precondition" option tag in the Supported header field (as defined in RFC 3312 [30] as updated by RFC 4032 [64]) if the MGCF supports the SIP preconditions mechanism;

-
include an P-Asserted-Identity header field, including the display name if available, depending on corresponding information in the circuit-switched network;

NOTE 2:
Inclusion of P-Asserted-Identity header depends on existence of calling party number in Initial Address Message, according to subclause 7.2.3.2.2.3 of 3GPP TS 29.163 [11B] which defines mapping of Bearer Independent Call Control/ISDN User Part Parameter fields to SIP P-Asserted-Identity header fields, and the header field may or may not appear in the request.
-
create a new, globally unique value for the "icid-value" header field parameter and insert it into the P-Charging-Vector header field; and

-
insert a type 2 "orig-ioi" header field parameter into the P-Charging-Vector header field. The MGCF shall set the type 2 "orig-ioi" header field parameter to a value that identifies the sending network in which the MGCF resides and the type 2 "term-ioi" header field parameter shall not be included.

If the MGCF has verified that the request is for a PSAP callback, then depending on local policy it may include a Priority header field with a "psap-callback" header field value in the INVITE request.
NOTE 2A:
The means for the MGCF to verify the a request is for a PSAP callback is outside the scope of this specification.
When the MGCF receives a 1xx or 2xx response to an initial request for a dialog, the MGCF shall store the value of the received "term-ioi" header field parameter received in the P-Charging-Vector header field, if present. 

NOTE 3:
Any received "term-ioi" header field parameter will be a type 2 IOI. The type 2 IOI identifies the sending network of the response message. 

Upon receiving a 199 (Early Dialog Terminated) provisional response to an established early dialog the MGCF shall release resources specifically related to that early dialog.

Based upon local policy, the MGCF may support preferred circuit carrier access (RFC 4694 [112]). If such routeing is applicable for the call, the MGCF shall perform the interworking of the carrier identification code from the circuit switched signalling protocol as described in 3GPP TS 29.163 [11B]. The "cic" tel-URI parameter is added in the tel-URI or in the userinfo part of the SIP URI with user=phone Request-URI in accordance with RFC 4694 [112].

If resource priority in accordance with RFC 4412 [116] is required for a dialog, then the MGCF shall include the Resource-Priority header field in all requests associated with that dialog. 

If overlap signalling using the multiple-INVITE method is supported as a network option, several INVITE requests with the same Call ID and the same From header field (including "tag" header field parameter) that relate to the same call can be sent by the MGCF. The MGCF shall route those INVITE requests to the same next hop.

***** MODIFICATION *****

5.10.1
General

As specified in 3GPP TS 23.228 [7] border control functions may be applied between two IM CN subsystems or between an IM CN subsystem and other SIP-based multimedia networks based on operator preference. The IBCF may act both as an entry point and as an exit point for a network. If it processes a SIP request received from other network it functions as an entry point (see subclause 5.10.3) and it acts as an exit point whenever it processes a SIP request sent to other network (see subclause 5.10.2).

The functionalities of the IBCF are entry and exit point procedures as defined in subclause 5.10.2 and subclause 5.10.3 and additionally can include:

-
network configuration hiding (as defined in subclause 5.10.4);

-
application level gateway (as defined in subclause 5.10.5);

-
transport plane control, i.e. QoS control (as defined in subclause 5.10.5);

-
screening of SIP signalling (as defined in subclause 5.10.6);

-
inclusion of an IWF if appropriate;

-
media transcoding control (as defined in suclause 5.10.7); and
-
privacy protection (as defined in subclause 5.10.8).
NOTE 1:
The functionalities performed by the IBCF are configured by the operator, and it is network specific.

The IBCF shall log all SIP requests and responses that contain a non-empty P-Debug-ID header field based on local policy.

When an IBCF acting as an exit or an entry point receives a SIP request, the IBCF may reject the SIP request based on local policy by sending an appropriate SIP 4xx response.

NOTE 2:
The local policy can take bilateral agreements between operators into consideration.

NOTE 3:
Some SIP requests can be rejected by an AS instead of the IBCF according to local policy.
The IBCF, acting as B2BUA, which is located between visited network and home network shall preserve the dialog identifier, i.e. shall not change the Call-Id header field value, the "tag" header field parameter value of the From header field in any SIP INVITE request and any SIP response to the SIP INVITE request, and shall preserve the "tag" header field parameter value of the To header field, in any SIP response to the SIP INVITE request.

NOTE 4:
The IBCF can identify whether it is located between visited network and home network based on local configuration.
If the IBCF has verified that an initial INVITE request is for a PSAP callback, then depending on local policy it may include a Priority header field with a "psap-callback" header field value in the INVITE request.
NOTE 5:
The means for the IBCF to verify that a request is for a PSAP callback is outside the scope of this specification.
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