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***** Next change *****
4.7.6
eCall type of emergency service

A PSAP supporting eCall over IMS supports:
-
receipt of the minimum set of emergency related data (MSD) in an INVITE or INFO request;

-
the emergencyCallData.eCall.MSD Info-Package and the ability to request an updated MSD by including an "application/emergencyCallData.control+xml" MIME body part containing a "request" element with an "action" attribute set to "send-data" and a "datatype" attribute set to "eCall.MSD" in an INFO request as defined in draft-ietf-ecrit-ecall [244];

-
sending of an acknowledgement for an MSD received in an INVITE request by including, in the final response to the INVITE request, an "application/emergencyCallData.control+xml" MIME body part with an "ack" element containing a "received" attribute set to "true" or "false" and a "ref" attribute set to the Content-ID of the MIME body part containing the MSD sent by the UE, as defined in draft-ietf-ecrit-ecall [244];

-
receipt of the MSD using audio media stream encoded as described in 3GPP TS 26.267 [9C];

-
the ability to request an updated MSD using audio media stream encoded as described in 3GPP TS 26.267 [9C]; and
-
the ability to request an updated MSD using audio media stream encoded as described in 3GPP TS 26.267 [9C], if the remote UA modifies an IMS emergency call of the eCall type of emergency service and stops supporting the emergencyCallData.eCall.MSD Info-Package defined in draft-ietf-ecrit-ecall [244].
NOTE:
The remote UA modifies an IMS emergency call of the eCall type of emergency service and stops supporting the eCall Info-Package defined in draft-ietf-ecrit-ecall [244] when SRVCC access transfer takes place.

***** Next change *****
5.1.6.11.2
Initial INVITE request

If the upper layers request establishment of an IMS emergency call of the automatically initiated eCall type of emergency service or of the manually initiated eCall type of emergency service and if allowed by IP-CAN specific annex, the UE shall send an INVITE request as specified in the procedures in subclause 5.1.6.8 with the following additions: 

1)
the UE shall set the Request-URI to "urn:service:sos.ecall.automatic" or "urn:service:sos.ecall.manual"; and

2)
if the IP-CAN indicates the eCall support indication, the UE shall:

a)
insert a multipart/mixed body containing an "application/emergencyCallData.eCall.MSD+per" MIME body part as defined in draft-ietf-ecrit-ecall [244], containing the MSD not exceeding 140 bytes and encoded in binary ASN.1 PER as specified in CEN EN 15722:2015 [245];
b)
insert an Accept header field indicating the UE is willing to accept an "application/emergencyCallData.control+xml" MIME type as defined in draft-ietf-ecrit-ecall [244]; and

c)
insert a Recv-Info header field set to "emergencyCallData.eCall.MSD" as defined in draft-ietf-ecrit-ecall [244].
NOTE:
Further content for the INVITE is as defined in draft-ietf-ecrit-ecall [244].
Then the UE shall proceed as follows:






1)
if the UE receives a 200 (OK) response to the INVITE request not containing:

a)
a multipart/mixed body containing an "application/emergencyCallData.control+xml" MIME body part as defined in draft-ietf-ecrit-ecall [244] with an "ack" element containing:

i)
a "received" attribute set to "true"; and

ii)
a "ref" attribute set to the Content-ID of the MIME body part containing the MSD sent by the UE;


then the UE shall send the MSD using audio media stream encoded as described in 3GPP TS 26.267 [9C];
2)
if the UE receives a 200 (OK) response to the INVITE request containing:

a)
a multipart/mixed body containing an "application/emergencyCallData.control+xml" MIME body part as defined in draft-ietf-ecrit-ecall [244] with an "ack" element containing:

i)
a "received" attribute set to "true"; and

ii)
a "ref" attribute set to the Content-ID of the MIME body part containing the MSD sent by the UE;


then the UE shall consider the initial MSD transmission as successful;
3)
if the UE receives a 486 (Busy Here), 600 (Busy Everywhere) or 603 (Decline) response to the INVITE request containing:

a)
a multipart/mixed body containing an "application/emergencyCallData.control+xml" MIME body part as defined in draft-ietf-ecrit-ecall [244] with an "ack" element containing:

i)
a "received" attribute set to "true"; and

ii)
a "ref" attribute set to the Content-ID of the MIME body part containing the MSD sent by the UE;


then the UE shall consider the initial MSD transmission as successful and shall perform domain selection to re-attempt the eCall as specified in 3GPP TS 23.167 [4B]; and
4)
in all other cases, the UE shall perform domain selection to re-attempt the eCall as specified in 3GPP TS 23.167 [4B].
5.1.6.11.3
Transfer of an updated MSD

During an emergency session established for eCall type of emergency service as described in subclause 5.1.6.11.2, if the UE receives an INFO request with:

1)
an Info-Package header field set to "emergencyCallData.eCall.MSD" as defined in draft-ietf-ecrit-ecall [244];
2)
a multipart/mixed body including:

a)
an "application/emergencyCallData.control+xml" MIME body part as defined in draft-ietf-ecrit-ecall [244] containing a "request" element with an "action" attribute set to "send-data" and a "datatype" attribute set to "eCall.MSD"; and 
b)
a Content-Disposition header field set to "By-Reference" associated with the "application/emergencyCallData.control+xml" MIME body part; and

3)
a Content-Disposition header field set to "Info-Package" associated with the multipart/mixed body;
the UE shall proceed as follows:

1)
if the UE is able to provide an updated MSD, the UE shall send an INFO request containing:

a)
an Info-Package header field set to "emergencyCallData.eCall.MSD" as defined in draft-ietf-ecrit-ecall [244];
b)
a multipart/mixed body including:

i)
an "application/emergencyCallData.eCall.MSD+per" MIME body part as defined in draft-ietf-ecrit-ecall [244] containing the MSD not exceeding 140 bytes and encoded in binary ASN.1 as specified in CEN EN 15722:2015 [245]; and
ii)
a Content-Disposition header field set to "By-Reference" associated with the "application/emergencyCallData.eCall.MSD+per" MIME body part; and
c)
a Content-Disposition header field set to "Info-Package" associated with the multipart/mixed body; and
2)
if the UE is not able to provide an updated MSD, the UE shall send an INFO request containing:

a)
an Info-Package header field set to "emergencyCallData.eCall.MSD" as defined in draft-ietf-ecrit-ecall [244];
b)
a multipart/mixed body including:

i)
an "application/emergencyCallData.control+xml" MIME body part as defined in draft-ietf-ecrit-ecall [244] with an "ack" element containing:

-
a "ref" attribute set to the Content-ID of the "application/emergencyCallData.control+xml" MIME body part in the INFO request received by the UE; and
-
an "actionResult" child element containing:
A)
an "action" attribute set to "send-data";

B)
a "success" attribute set to "false"; and

C)
a "reason" attribute set to an appropriate value as defined in draft-ietf-ecrit-ecall [244]; and
ii)
a Content-Disposition header field set to "By-Reference" associated with the "application/emergencyCallData.control+xml" MIME body part; and
c)
a Content-Disposition header field set to "Info-Package" associated with the multipart/mixed body.
NOTE:
Further content for the INFO request is as defined in draft-ietf-ecrit-ecall [244].

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