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SECOND AND LAST CHANGE
5.1.6.8
Emergency session setup

5.1.6.8.1
General

The UE shall translate any user indicated emergency number as specified in 22.101 [1A] to an emergency service URN, i.e. an URN with "sos" service type as specified in draft ietf-ecrit-service-urn [69].

In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a XML body that includes an <alternative service> element with the <type> child element set to "emergency", the UE shall automatically send an ACK request to the P-CSCF as per normal SIP procedures and terminate the session.

NOTE 1:
The UE can attempt an emergency call setup according to the procedures described in 3GPP TS 24.008 [8].

NOTE 2:
Emergency numbers which the UE does not detect, will be treated as a normal call.

5.1.6.8.2
Emergency session set-up in case of no registration

The UE shall apply the procedures as specified in subclause 5.1.3 with the following additions:

1)
the UE shall set the From header field of the INVITE request to "Anonymous" as specified in RFC 3261 [26]; 
2)
the UE shall include a Request-URI in the INVITE request that contains an emergency service URN, i.e. with "sos" service type as specified in draft ietf-ecrit-service-urn [69]. An additional sub-service type can be added if information on the type of emergency service is known;

NOTE 1:
Other specifications make provision for emergency service identifiers, that are not specifically the emergency service URN, to be recognised in the UE. Emergency service identifiers which the UE does not detect will be treated as a normal call by the UE.

3)
the UE shall insert in the INVITE request, a To header with:

-
the same emergency service URN as in the Request URI; or
-
if the UE cannot perform local dialstring interpretation for the dialled digits, a dialstring URI representing the dialled digits in accordance with draft-rosen-iptel-dialstring [x] or a tel URL representing the dialled digits;
4)
if available to the UE (as defined in the access technology specific annexes for each access technology), the UE shall include in the P-Access-Network-Info header in any request for a dialog, any subsequent request (except ACK requests and CANCEL requests) or response (except CANCEL responses) within a dialog or any request. The UE shall populate the P-Access-Network-Info header with the current point of attachment to the IP-CAN as specified for the access network technology (see subclause 7.2A.4). The P-Access-Network-Info header contains the location identifier such as the cell id, the line id or the identity of the I-WLAN access node, which is relevant for routing the IMS emergency call;

5)
the UE shall populate the P-Preferred-Identity header in the INVITE request with an equipment identifier as a SIP URI. The special details of the equipment identifier to use depends on the IP-CAN; and

6)
if the UE has its location information available, it shall include the location information in the INVITE request in the following way:

-
if the UE is aware of the URI that points to where the UE's location is stored, include the URI in the Geolocation header and set the value of the Supported header to "geolocation" in accordance with draft-ietf-sip-location-conveyance [89]; or

-
if the geolocation of the UE is available to the UE, include its geolocation as PIDF location object in accordance with RFC 4119 [90] and include the location object in a message body with the content type applica​tion/pidf+xml in accordance with draft-ietf-sip-location-conveyance [89]. The Geolocation header is set to a Content ID and the value of the Supported header to "geolocation" in accordance with draft-ietf-sip-location-conveyance [89].

NOTE 2:
It is suggested that UE's only use the option of providing a URI when the domain part belongs to the current P-CSCF or S-CSCF provider. This is an issue on which the network operator needs to provide guidance to the end user. A URI that is only resolvable to the UE which is making the emergency call is not desirable.

Editor's Note: The profile tables in annex A to this document needs to be updated with draft-ietf-sip-location-conveyance.

Editor's Note: It is FFS how the UE will indicate if no location is available if the UE does not support draft-ietf-sip-location-conveyance [89].

NOTE 3:
During the dialog, the points of attachment to the IP-CAN of the UE can change (e.g. UE connects to different cells). The UE will populate the P-Access-Network-Info header in any request or response within a dialog with the current point of attachment to the IP-CAN (e.g. the current cell information).

The UE shall build a proper preloaded Route header value for all new dialogs. The UE shall build a Route header value made out of, the P-CSCF URI (containing the IP address or the FQDN learnt through the P-CSCF discovery procedures).

When a SIP transaction times out, i.e. timer B, timer F or timer H expires at the UE, the UE may behave as if timer F expired, as described in subclause 5.1.1.4.

NOTE 4:
It is an implementation option whether these actions are also triggered by other means.

NOTE 5:
A number of headers can reveal information about the identity of the user. Where privacy is required, implementers should also give consideration to other headers that can reveal identity information. RFC 3323 [33] subclause 4.1 gives considerations relating to a number of headers.

Editor's note: The use of the Priority header with the value "emergency" requires further study.

5.1.6.8.3
Emergency session set-up within an emergency registration

After a successful initial emergency registration, the UE shall apply the procedures as specified in subclause 5.1.2A, 5.1.3 and 5.1.4 with the following additions:

1)
the UE shall include a Request URI in the INVITE request that contains an emergency service URN, i.e. with "sos" service type as specified in draft-ietf-ecrit-service-urn [69]. An additional sub-service type can be added if information on the type of emergency service is known;
2)
the UE shall insert in the INVITE request, a To header with the same emergency service URN as in the Request URI;

3)
the UE shall insert in the INVITE request, a To header with:

-
the same emergency service URN as in the Request URI; or

-
if the UE cannot perform local dialstring interpretation for the dialled digits, a dialstring URI representing the dialled digits in accordance with draft-rosen-iptel-dialstring [x] or a tel URL representing the dialled digits;
4)
the UE shall insert in the INVITE request, a P-Preferred-Identity header that includes the tel URI associated with the emergency public user identity as described in subclause 4.2;

5)
if the UE has its location information available, it shall include it in the INVITE request in the following way:

-
if the UE is aware of the URI that points to where the UE's location is stored, include the URI in the Geolocation header and set the value of the Supported header to "geolocation" in accordance with draft-ietf-sip-location-conveyance [89]; or 

-
if the geolocation of the UE is available to the UE, include its geolocation as PIDF location object in accordance with RFC 4119 [90] and include the location object in a message body with the content type application/pidf+xml in accordance with draft-ietf-sip-location-conveyance [89]. The Geolocation header is set to a Content ID and the value of the Supported header to "geolocation" in accordance with draft-ietf-sip-location-conveyance [89]; and
NOTE 1:
It is suggested that UE's only use the option of providing a URI when the domain part belongs to the current P-CSCF or S-CSCF provider. This is an issue on which the network operator needs to provide guidance to the end user. A URI that is only resolvable to the UE which is making the emergency call is not desirable.

6)
if available to the UE, the P-Access-Network-Info header shall contain a location identifier such as the cell id, line id or the identity of the I-WLAN access node, which is relevant for routing the IMS emergency call;

Editor's Note: It is FFS how the UE will indicate if no location is available if the UE does not support draft-ietf-sip-location-conveyance [89].

Editor's note:
The use of the Priority header with the value "emergency" requires further study.

NOTE 2:
The IMS emergency specification in 3GPP TS 23.167 [4B] describes several methods how the UE can get its location information from the access network or from a server. Such methods are not in the scope of this specification.

5.1.6.8.4
Emergency session setup within a non-emergency registration

The UE shall apply the procedures as specified in subclauses 5.1.2A, 5.1.3 and 5.1.4 with the following additions:

1)
the UE shall include a Request URI in the INVITE request that contains an emergency service URN, i.e. with "sos" service type as specified in draft-ietf-ecrit-service-urn [69]. An additional sub-service type can be added if information on the type of emergency service is known;

2)
the UE shall insert in the INVITE request, a To header with:

-
the same emergency service URN as in the Request URI; or

-
if the UE cannot perform local dialstring interpretation for the dialled digits, a dialstring URI representing the dialled digits in accordance with draft-rosen-iptel-dialstring [x] or a tel URL representing the dialled digits;

3)
the UE shall insert in the INVITE request, a From header that includes the public user identity or the tel URI associated with the public user identity, as described in subclause 4.2; 
4)
the UE shall include a P-Preferred-Identity value in the INVITE request with the public user identity or the tel URI associated with the public user identity as described in subclause 4.2; and

5)
if the UE has its location information available, it shall include it in the INVITE request in the following way:

-
if the UE is aware of the URI that points to where the UE's location is stored, include the URI in the Location header and set the value of the Supported header to "location" in accordance with draft-ietf-sip-location-conveyance [89]; or 

-
if the location of the UE is available to the UE, include its location as PIDF location object in accordance with RFC 4119 [90] and include the location object in a message body with the content type applica​tion/pidf+xml in accordance with draft-ietf-sip-location-conveyance [89]. The Location header is set to a Content ID and the value of the Supported header to "location" in accordance with draft-ietf-sip-location-conveyance [89]. 

NOTE:
It is suggested that UE's only use the option of providing a URI when the domain part belongs to the current P-CSCF or S-CSCF provider. This is an issue on which the network operator needs to provide guidance to the end user. A URI that is only resolvable to the UE which is making the emergency call is not desirable.

Upon receiving a 380 (Alternative Service) response to the INVITE request, with the 380 (Alternative Service) response include a IM CN subsystem XML body, with the type element set to “emergency” and the action element set to “emergency-registration” the the UE shall:

1)
perform an initial emergency registration, as described in subclause 5.1.6.2; and

2)
attempt an emergency call as described in subclause 5.1.6.8.3.
Editor's Note: The UE shall indicate if no location is available. How this is indicated is for further study.

Editor's note:
The use of the Priority header with the value "emergency" requires further study.

Editor's Note: The way how they UE obtain the location information needs to be specified, However,where to insert the text still requires further study.
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