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1. Introduction
This P-CR modifies the "mcptt-info" MIME body to specify MCPTT application specific information.
2. Reason for Change
MCPTT application URIs may not always be routable, so they need to be placed in a SIP body not SIP headers.
3. Proposal

It is proposed to agree the following changes to 3GPP TS  24.379 v.1.1.0.
* * * First Change * * * *
<Proposed change in revision marks>
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F.1.2
XML schema

<?xml version="1.0"?>

<xs:schema

  xmlns:xs="http://www.w3.org/2001/XMLSchema"

  elementFormDefault="qualified"

  attributeFormDefault="unqualified">

  <xs:element name="mpcttinfo" type="mcpttinfo-Type"/>

  <xs:complexType name="mcpttinfo-Type">

    <xs:sequence>

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

    </xs:sequence>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType> 

  <xs:element name="mcptt-Params" type=" mcptt-ParamsType"/>

  <xs:complexType name="mcptt-ParamsType">

    <xs:sequence>
      <xs:element name="mcptt-access-token" type="xs:string" minOccurs="0" maxOccurs="1"/>
      <xs:element name="session-type" type="xs:string" minOccurs="0" maxOccurs="1"/> 
      <xs:element name="mcptt-request-uri" type="xs:anyURI" minOccurs="0" maxOccurs="1"/>
      <xs:element name="mcptt-calling-user-id" type="xs:anyURI" minOccurs="0"/ maxOccurs="1">
      <xs:element name="mcptt-called-party-id" type="xs:anyURI" minOccurs="0" maxOccurs="1"/>
      <xs:element name="mcptt-calling-group-id" type="xs:anyURI" minOccurs="0" maxOccurs="1"/>
      <xs:element name="required" type="xs:boolean" minOccurs="0" maxOccurs="1"/>
      <xs:element name="emergency-ind" type="xs:boolean" minOccurs="0" maxOccurs="1"/>

      <xs:element name="alert-ind" type="xs:boolean" minOccurs="0" maxOccurs="1"/>

      <xs:element name="imminentperil-ind" type="xs:boolean" minOccurs="0" maxOccurs="1"/>

      <xs:element name="broadcast-ind" type="xs:boolean" minOccurs="0" maxOccurs="1"/>
      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:anyAttribute namespace="##any" processContents="lax"/>

  </xs:complexType>

  <xs:complexType name="anyExtType">

    <xs:sequence>

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

    </xs:sequence>

  </xs:complexType>

</xs:schema>

F.1.3
Semantic

The <mcpttinfo> element is the root element of the XML document. The <mcpttinfo> element can contain subelements.

NOTE:
The subelements of the <mcptt-info> are validated by the <xs:any namespace="##any" processContents="lax" minOccurs="0" maxOccurs="unbounded"/> particle of the <mcptt-info> element

If the <mcpttinfo> contains the <mcptt-Params> element then:
1)
the <mcptt-access-token> can be included with the access token received during authentication procedure as described in 3GPP TS 24.382 [xx];
2)
the <session-type> can be included with:

a)
a value of "chat" to indicate that the MCPTT client wants to join a chat group call

b)
a value of "prearranged" to indicate the MCPTT client wants to make a pre-arranged group call; or

c)
a value of "private" to indicate the MCPTT client wants to make a private call;

3)
the <mcptt-request-uri> can be included with:
a)
a value set to a MCPTT group ID or temporary MCPTT group ID when the <session-type> is set to a value of "prearranged" or "chat"; and
b)
a value set to the MCPTT ID of the called MCPTT user when the <session-type> is set to a value of "private";
4)
the <mcptt-calling-user-id> can be included, set to MCPTT ID of the originating user;

5)
the <mcptt-called-party-id> can be included, set to the MCPTT ID of the terminating user;
6)
the <mcptt-calling-group-id> can be included to indicate the MCPTT group identity to the terminating user;

7)
the <required> can be included in a SIP 183 (Session Response) from a non-controlling MCPTT function of an MCPTT group to inform the controlling MCPTT function that the group on the non-controlling MCPTT function has "required"  members;

7)
the <emergency-ind> can be:

i)
set to "true" to indicate that the call that the MCPTT client is initiating is an emergency MCPTT call; or

ii)
set to "false" to indicate that the MCPTT client is cancelling an emergency MCPTT call (i.e. converting it back to a non-emergency call)

8)
the <alert-ind> can be: 

i)
set to "true" in an emergency call initiation to indicate that an alert to be sent; or

ii)
set to "false" when cancelling an emergency call which requires an alert to be cancelled also

9)
if the <session-type> is set to "chat" or "prearranged":

i)
the <imminentperil-ind> set to "true" to indicate that the call that the MCPTT client is initiating is an imminent peril group MCPTT call; and

10)
the <broadcast-ind>:
i)
set to "true" indicates that the MCPTT client is initiating a broadcast group call; or

ii)
set to "false" indicates that the MCPTT client is initiating a non- broadcast group call.

Absence of the <emergency-ind>, <alert-ind> and <imminentperil-ind> in a SIP INVITE request indicates that the MCPTT client is initiating a non-emergency private call or non-emergency group call.

Absence of the <broadcast-ind> in a SIP INVITE request indicates that the MCPTT client is initiating a non-broadcast group call.
The recipient of the XML ignores any unknown element and any unknown attribute.

* * * End Changes * * * *
