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***CHANGE***
4.2.2
Application level protocol
Overall descriptions with application level protocol are specified as following:

1)
it is used to access IMS services (e.g., IMS session origination);

2)
it is a point to point protocol between the ICS UE and the SCC AS;

3)
its protocol does not support authentication;
4)
it does not support segmentation of messages;

5)
its messages are self-identifying; 
6)
it runs over any point-to-point transport-layer connection (e.g. USSD); and
7)
it does not support forking. 
***CHANGE***
6.2.1.2.1
ICS UE CS Session Origination
When the ICS UE originates a session using an I1reference point, the UE shall:
1)
generate an I1 Invite message that includes:
a)
a Message type subfield set to the value that includes that this is an I1 Invite message;

b)
a new value in the Call-Identifier (Part-1) subfield, as specified in subclause 7.2.2. The Call-Identifier will uniquely identify this I1 session between the ICS UE and the SCC AS;

c)
an allocated Message sequence number;
d)
a From-id information element that includes either a SIP URI or an E.164 number, and it will be used by the SCC AS to identify the ICS UE; 
Editor’s note:
How to include the SIP URI into the I1 messages is FFS.
e)
a To-id information element that includes either a SIP URI or an E.164 number, and will be used by the SCC AS to determine the identity of the called user;
f)
a Privacy information element that indicates the ICS UE's privacy preferences. The SCC AS will apply these preferences to the SIP session that the SCC AS will establish on behalf of the UE; and

g)
a CS access network type indicator; and

Editor's Note:
 It is FFS whether more items are needed. The ordering of the parameters and how they are coded is FFS. The transaction style is FFS. PUD naming is FFS. 

2)
select the transport layer protocol depending on the access network type, and forward the I1 Invite message toward the SCC AS.

When the UE receives an I1 Progress message with Progress reason set to Call progressing, the UE shall: 

1)
save the received Call-Identifier value and use it for further reference to this session;

2)
verify if the message is in sequence according to the Message sequence number value, and save the received Message sequence number;
3)
store the SCC AS PSI DN value (i.e. the E.164 number) received in the SCC-AS-id information element; and

4)
store the STI value (i.e. the E.164 number) if received in the Session-identifier information element;
NOTE 1:
The STI value uniquely identifies the I1 session being established, and it may be subsequently used to refer to this I1 session, e.g. the SCC AS uses the STI to correlate the access transfer request received via the PS access with the active session established via the I1 interface.
NOTE 2:
The UE may indicate the Progress reason value to the user.

Editor’s note:
Responses indicating an error are FFS.

Upon receiving the SCC AS PSI DN (i.e. the E.164 number) conveyed in the I1 Progress message with Progress reason set to Call progressing from the SCC AS, the ICS UE shall initiates the call over the CS domain by sending a SETUP message to the MSC Server as specified in 3GPP TS 24.008 [3] as follows:

1)
the Called Party BCD Number information element is set to the SCC AS PSI DN (i.e. the E.164 number) received in the I1 Progress message with Progress reason set to Call progressing.
When the ICS UE receives an I1 Success message, the UE shall:
1)
verify if a I1 session exists for the received Call-Identifier value;

2)
verify if a the message is in sequence according to the Message sequence number value; and

3)
consider the call to be established, if verification was successful.

Editor’s note:
Responses indicating an error are FFS.
6.2.1.2.2
ICS UE CS Session Termination without UE assisted T-ADS
If the ICS UE receives an I1 Invite message from the SCC AS, and the UE determines that no I1 session exists for the received Call-Identifier value, the ICS UE shall:

1)
store the information contained in the I1 Invite message, including the called party identity included in the To-id information element, the calling user's public user identity included in the From-id information element, the IUA PSI DN (i.e., the E.164 number) included in the SCC-AS-id information element, the Message sequence number, the Call-Identifier (Part-2) subfield, the STI value (i.e. the E.164 number) if received in the Session-identifier information element, and transport layer information identifying the transport connection over which the I1 Invite message was received; and

2)
initiate a call over CS bearer by sending a SETUP message to the MSC Server as specified in 3GPP TS 24.008 [3] with the Called Party BCD Number information element is set to the received SCC AS PSI DN (i.e., the E.164 number).
NOTE 1: The ICS UE may indicate the From-id information element value or an I1 session received indication to the user.
NOTE 2:
When the ICS UE receives an I1 Invite message, the UE may send an I1 Progress message with Reason set to Call progressing. The I1 Progress message with Reason set to Call progressing is identical to the I1 Progress message with Reason set to Ringing described below, except the Reason subfield will be set to Call progressing.
Editor’s note:
Responses indicating an error are FFS.

Editor's Note:
 It is FFS whether more items are needed. The ordering of the parameters and how they are coded is FFS.

When the ICS UE receives an indication from the CS domain that the media resources are available (i.e. the UE receives a CONNECT message) the UE shall: 

1)
generate an I1 Progress message with Progress reason set to Ringing containing the following information:

a)
a Message type subfield set to the value that indicates that is an I1 Progres message;

b)
a new value in the Call-Identifier (Part-1) subfield, as specified in subclause 7.2.2. The resulting Call-Identifier uniquely identifies this I1 session between the UE and SCC AS;
NOTE 3:
A new value in the Call-Identifier (Part-1) subfield is inserted only if this is the first I1 message sent to the SCC AS. Otherwise the previously set Call-Identifier value is used.

c)
increment the stored Message sequence value, store it, and include it in the Message sequence subfield; and

d)
set the Reason subfield (per figure 7.3.1) to 183; and

2)
send the I1 Progress message with Progress reason set to Ringing towards the SCC AS over the transport layer connection over which the I1 Invite message was received.
If the user accepts the request, the ICS UE shall:

1)
generate an I1 Success message containing the following information:
a)
a Message type subfield set to the value that indicates that is an I1 Success message;

b)
the stored Call-Identifier value that uniquely identifies this I1 session between the UE and SCC AS; and


c)
increment the stored Message sequence value, store it, and include it in the Message sequence subfield; and
Editor's Note:
include a B-Party URI header value set to a SIP or tel URI is FFS.

Editor's Note:
 It is FFS whether more items are needed. The ordering of the parameters and how they are coded is FFS.

2)
send the I1 Success message towards the SCC AS over the transport layer connection over which the I1 Invite message was received.
***CHANGE***
6.2.1.3.2
SCC AS CS Session Termination without UE assisted T-ADS
Prior to sending an I1 Invite message towards the ICS UE, the SCC AS performs the Terminating Access Domain Selection and chooses the CS domain for the setup of the media.When sending an I1 Invite towards the ICS UE, the SCC AS shall:

1)
perform the procedures per 3GPP TS 24.292 subclause 10.4.4 item 1;

1A)dynamiclly allocate a STI. The STI is specified as an E.164 number; 
NOTE 1:
The STI value uniquely identifies the I1 session being established, and it may be subsequently used to refer to this I1 session, e.g. the SCC AS uses the STI to correlate the access transfer request received via the PS access with the active session established via the I1 interface.
2)
create an I1 Invite message that includes:

a)
a Message type subfield set to the value that indicates that this is an I1 Invite message;
b)
generate a Call-ID that identifies the transaction between the ICS UE and SCC AS. Include the Call-ID header value in the I1 INVITE;


c)
generate a Sequence-ID. Include the Sequence-ID header value in the I1 Invite Message;

d)
a From-id information element that identifies the remote calling party, if available;

NOTE 2:
The SCC AS will include in the From-id information element the remote calling party only if it is an E.164 number.
e)
a To-id information element that includes the E.164 number of the UE;

Editor’s note:
How to include the SIP URI into the I1 messages is FFS.

f)
a Privacy information element set to the value requested by the remote calling party, if available;
g)
a SCC-AS-id information element that contains an SCC AS DN set to the E.164 number allocated by the SCC AS itself; and

h)
a Session-identifier information element that contains the allocated STI;
Editor's Note:
 It is FFS whether more items are needed. The ordering of the parameters and how they are coded is FFS.

3)
store the information sent in the I1 Invite message against the allocated SCC AS PSI DN; and

4)
select the transport layer protocol depending on the access network type, and forward the I1 Invite message toward the UE.
When the SCC AS receives a SIP INVITE request from the CS domain with the Request URI set to a SCC AS PSI DN, if the SCC AS PSI DN is valid the SCC AS shall: 
-
use the received SCC AS PSI DN and correlate it with the information saved in step 2 above;

-
use the SCC AS PSI DN and correlate the SCC AS PSI DN against the incoming SIP INVITE request from the originating UE; and
-
create a response in accordance with 3GPP TS 24.229 [11], indicating local preconditions met and route towards CS domain.
NOTE 3:
The SCC AS will use the information received in the initial SIP INVITE request from the CS domain and the information saved in step 2 when handling a session with the remote party.
NOTE 4:
The receipt of the SIP INVITE request from the CS domain indicates that the UE has received the I1 Invite message.

Subsequently the SCC AS may receive either an I1 Success message or an I1 Progress message (with Reason subfield set either to Ringing or Call progressing) from the ICS UE.
When the SCC AS receives either an I1 Success message or an I1 Progress message (with Reason subfield set either to Ringing or Call progressing), the SCC AS shall:

1)
verify if a I1 session exists for the received Call-Identifier value; and

2)
verify if the message is in sequence according to the Sequence-ID header value.

NOTE 5:
The SCC AS will use the information received in the I1 Success message or an I1 Progress message (with Reason subfield set either to Ringing or Call progressing) and the information saved in step 2 when handling a session with the remote party.

When the SCC AS receives an I1 Progress message prior to the related SIP INVITE request from the CS domain, the SCC AS shall wait until the SIP INVITE request from the CS domain is received. 
***CHANGE***
6.2.3.2
Detailed behaviour of ICS UE

When the ICS UE releases a session using using the I1 session control channel by sending an I1 Bye message, it shall:

1)
set the Call-ID to a value that identifies the I1 session between the ICS UE and SCC AS. Include the Call-ID header value in the I1 Bye;

2)
set the Sequence-ID. Include the Sequence-ID header value in the I1 Bye message; 

3)
a From-id information element that includes either a SIP URI or an E.164 number, and it will be used by the SCC AS to identify the ICS UE;
Editor’s note:
How to include the SIP URI into the I1 messages is FFS.
4)
a To-id information element that includes either a SIP URI or an E.164 number, and will be used by the SCC AS to determine the identity of the called user;
5)
a Privacy information element that indicates the ICS UE's privacy preferences. The SCC AS will apply these preferences to the SIP session that the SCC AS will establish on behalf of the UE; 
6)
a CS access network type indicator; and

7)
if there are no more I1 service control sessions using the CS bearer, set the the CS bearer release timer value.

Editor’s note:
For voice calls is there a need to include any SDP type of information, by the virtue of using I1 in the context of this contribution it can be implied that CS voice is being used.

Editor's Note:
 It is FFS whether more items are needed. The ordering of the parameters and how they are coded is FFS. The transaction style is FFS. PUD naming is FFS. 

If the CS bearer release timer expires, the ICS UE shall send a DISCONNECT message to the MSC Server as specified in 3GPP TS 24.008 [3], if needed.

Subsequently, if the ICS UE receives an I1 Success message from the SCC AS, it shall: 

1)
verify if a I1 session exists for the received Call-Identifier value;

2)
verify if a the message is in sequence according to the Message sequence number value; and

3)
consider the I1 session to be released, if verification was successful and clear the CS bearer release timer value.

Editor’s note:
Responses indicating an error are FFS.

When the ICS UE releases a session using the I1 session control channel by receiving an I1 Bye message, it shall:

1)
if there are no more I1 service control sessions using the CS bearer, the UE shall send a DISCONNECT message to the MSC Server as specified in 3GPP TS 24.008 [3], if there are no more I1 service control sessions using the CS bearer;

2)
if there are more I1 service control sessions using the CS bearer, the UE shall transmit a I1 Success message, containing the following information:
a)
a Message type subfield set to the value that indicates that is an I1 Success message;

b)
the stored Call-Identifier value that uniquely identifies this I1 session between the ICS UE and SCC AS; and


c)
increment the stored Message sequence value, store it, and include it in the Message sequence subfield.

Editor's Note: the support for multiple I1 service control sessions is FFS.
When the UE receives a DISCONNECT message to release the CS bearer as specified in 3GPP TS 24.008 [3]:

-
the CS bearer release timer expires shall be cleared, if needed;

-
if the UE has a SIP REGISTER request associated with the ongoing CS call, the UE shall send a SIP reINVITE request requesting the media over the CS bearer to be deleted.

If the UE receives a SIP reINVITE request requesting the media over the CS bearer to be deleted and a DISCONNECT message for the CS bearer was already received, the UE shall accept the request to delete the media over the CS bearer.
6.2.3.3
Detailed behaviour of SCC AS

When the SCC AS enhanced for I1 releases a session by sending an I1 Bye message, it shall implement interworking of established call clearing between I1 signalling and SIP as specified in 3GPP TS 24.292 [5], with the following addition:

1)
set the Call-ID to a value that identifies the I1 session between the ICS UE and SCC AS. Include the Call-ID header value in the I1 BYE;

2)
set the Sequence-ID. Include the Sequence-ID header value in the I1 INVITE.
3)
include a From-id information element that identifies the remote calling party, if available;

4)
include a To-id information element that includes the E.164 number of the ICS UE;

5)
include a Privacy information element set to the value requested by the remote calling party, if available; and
6)
include a SCC-AS-id information element that contains an SCC AS DN set to the E.164 number allocated by the SCC AS itself;

Editor's Note:
 It is FFS whether more items are needed. The ordering of the parameters and how they are coded is FFS.

7)
store the information sent in the I1 Bye message against the allocated SCC AS PSI DN.
Subsequently, if the SCC AS receives an I1 Success message from the ICS UE, it shall implement interworking of established call clearing between I1 signalling and SIP as specified in 3GPP TS 24.292 [5], with the following addition:
1)
verify if a I1 session exists for the received Call-Identifier value;

2)
verify if a the message is in sequence according to the Message sequence number value; and

3)
consider the call to be released, if verification was successful.

Editor’s note:
Responses indicating an error are FFS.

When the SCC AS receives an I1 Bye message from ICS UE via the I1 reference point, it shall implement interworking of established call clearing between I1 signalling and SIP as specified in 3GPP TS 24.292 [5], with the following addition:

1)
if the SCC AS transmits an I1 SUCCESS message using the I1 session control channel, it shall containing the following information:
a)
a Message type subfield set to the value that indicates that is an I1 Success message;

b)
the stored Call-Identifier value that uniquely identifies this I1 session between the ICS UE and SCC AS; and


c)
increment the stored Message sequence value, store it, and include it in the Message sequence subfield.
***CHANGE***
7.1
Overview of I1 protocol functionality 

The I1 protocol includes the procedures for establishing, maintaining, and clearing call legs between the ICS UE and the SCC AS (see figure 7.1).
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Figure 7.1 UE session signalling and bearer path using I1 interface for Service Control Signalling Path

NOTE 1:
Figure 7.1 illustrates an MSC server that is not enhanced for ICS. I1 can also be used when deploying an MSC server enhanced for ICS as specified in 3GPP TS 23.292 [2].
The I1 protocol is a message based point-to-point protocol. The I1 protocol messages are wrapped in a point-to-point transport layer connection protocol (e.g.USSD) and are exchanged between the ICS UE and the SCC AS. Therefore, the I1 protocol does not include any routing capabilities. To address the ICS UE in CS network and establish a transport-layer connection, (the IUA of) the SCC AS shall convert the called party identity (i.e., IMS public user identity) to the CS domain party identity that is required to route the transport layer protocol(i.e., MSISDN, MDN, etc.).
The I1 protocol assumes that there is an associated connection-control protocol that incorporates media negotiation capabilities and provides the setting up and clearing of the connection over which the media will be exchanged. Therefore, any signalling between the UE and the CS access domain (see figure 7.1), as well as the SIP signalling between the MGCF and the SCC AS should be viewed as a procedure to establish a media connection rather then a call control signalling. Obviously, the I1 endpoints will correlate and synchronize the progress of the call establishment and clearing of the call with the associated media-establishing procedures. 

NOTE 2:
The primitives that are used to communicate between the I1 protocol call-controlling entity and the associated connection-control protocol entity, internally in the UE and SCC AS, respectively, are not specified in this document.
The I1 protocol assumes that the application level segmentation of the I1 protocol messages is not supported. The size of the I1 protocol messages is constrained by the limits of the transport-layer message size. For example, USSD allows for a message size of 160 octets. This means that it is not possible to send an I1 protocol message greater than 160 octets, unless message segmentation is designed into the I1 protocol. A USSD dialogue is already segmented by the use of USSD sub-dialogues as a USSD conversation, and this usage of USSD is inappropriate for the I1 protocol.
Editor's note: It has to be specified whether the transport-layer connection provides a reliable transport (i.e. the messages will not be lost, delayed, duplicated, or delivered out of order). In case of an unreliable transport, the I1 protocol will incorporate timeouts, retransmissions, and sequencing mechanisms to account for the lost, duplicated, and out of order I1 protocol messages. 

The I1 protocol is a transport-independent protocol, i.e. the I1 protocol call control entities can exchange the I1 protocol messages over any transport-layer connection that connects the ICS UE and the SCC AS. The ICS UE sends the I1 protocol messages to the SCC AS over a transport-layer connection (e.g. USSD) that the ICS UE knows it will reach the SCC AS. Likewise, The SCC AS sends the I1 protocol messages to the ICS UE over a transport-layer connection (e.g. USSD) that the SCC AS knows that it will reach the ICS UE. For example, the SCC AS forwards the I1 protocol message to the ICS UE over the same transport-layer connection (e.g. USSD) over which it received the previous I1 protocol message from the ICS UE. 

The I1 protocol message are self-identifying, i.e. the information contained in the I1 protocol message uniquely identifies the call to which the I1 protocol message pertains to.

Editor's Note: It is FFS how a particular UE's public user identity bound to a given transport-level connection used for signaling, will be described. For example, the establishment of an USSD channel can implicitly bind the UE's E.164 number to this transport-layer connection.
The I1 protocol is a binary-oriented protocol (i.e. the I1 messages are binary encoded). The bit-map tables are used to describe the I1 messages and associated information elements.
The I1 protocol will not support forking. The SCC AS upon receiving an I1 Invite message shall return only one I1 final response message (i.e. either an I1 Success message or an I1 error message).
In this release of this document, it is assumed that the ICS UE, when establishing a transport-layer connection (e.g. USSD channel) to the SCC AS, will have been authenticated by the CS domain. Due to a relationship between the SCC AS and the CS domain, the ICS UE is not authenticated (e.g. challenged) by the SCC AS when sending any I1 protocol message to the SCC AS. However, the SCC AS will check the UE identity for potential invalid IMS public user identity included by the ICS UE. The CS domain number received from the transport-layer is trustable and will be used by (the IUA of) the SCC AS to check the URI of the UE before the SCC AS provides SIP UA behaviour on behalf of the ICS UE.
***CHANGE***
7.2.1.2
Session establishment messages

The session establishment I1 messages can be sent either by the ICS UE to the SCC AS or by the SCC AS to the ICS UE.
I1 Invite message

The I1 Invite message is sent either by the calling UE to the SCC AS or by the SCC AS to the called UE to initiate session establishment.

I1 Progress message

The I1 Progress message is a general purpose provisional response, semantically similar to SIP 1xx class responses. The binary Reason field value (per figure 7.3.1) corresponds with the received SIP 1xx response's numeric status-code value.
Editor’s note: depending on whether the transport-layer connection provides a reliable transport, the I1 Progress message with Progress reason set to Call progressing can quench the retransmissions of the I1 Invite messages. 
I1 Success message
The I1 Success message indicates that the action requested in the respective I1 message has been accomplished successfully.
The I1 Success message:

-
is transmitted by the SCC AS to the calling UE to indicate that the session has been accepted; or 
-
is transmitted by the called UE to the SCC AS to indicate that the called UE has accepted the session. 
The Reason's corresponding to the I1 Success message are specified in table 7.3.1 and correspond with a SIP 2xx response's numeric status-code.
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