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5.1.3
Call initiation - mobile originating case

5.1.3.1
Initial INVITE

Upon generating an initial INVITE request, the UE shall:

-
indicate the support for reliable provisional responses and specify it using the Supported header mechanism;

-
indicate the requirement of precondition and specify it using the Require header mechanism.
NOTE:
Table A.4 specifies that UE support of forking is required in accordance with RFC 3261. While proxies in the IM CN subsystem do not fork requests, proxies external to the system may initiate forking, such that the UE is able to receive several forked provisional or final responses from different terminations. The UE may accept or reject any of the forked responses, for example, if the UE is capable of supporting a limited number of simultaneous transactions or early dialogs.

When a final answer is received for one of the early dialogues, the UE proceeds to set up the SIP session. The UE shall not progress any further early dialogues to established dialogs. Therefore, upon the reception of a subsequent final 200 (OK) response for an INVITE request (e.g., due to forking), the UE shall:

1)
acknowledge the response with an ACK request; and

2)
send a BYE request to this dialog in order to terminate it.

If the UA receives a 503 (Service Unavailable) response to an initial INVITE request containing a Retry-After header, then the UE shall not automatically reattempt the request until after the period indicated by the Retry-After header contents.

If the UE receives a 488 (Not Acceptable Here) response to an initial INVITE request, the UE should send a new INVITE request containing SDP according to the procedures defined in subclause 6.1.

If the UE receives a 420 (Bad Extension) response to an initial INVITE request with "precondition" option-tag in the Unsupported header field, the UE may proceed with the procedures described in subclause 5.1.3.2 and subclause 6..

NOTE:
An example of where a new request would not be built is where knowledge exists within the UE, or interaction occurs with the user, such that it is known that the resultant SDP would describe a session that did not meet the user requirements.
5.1.3.2. INVITE without preconditions 

This procedure is initiated upon the reception of a 420 (Bad Extension) response to an initial INVITE request, the response containing the "precondition" tag in the Unsupported header field value.

In order to complete the session, the UE may create another INVITE request. In this case, the UE shall create an initial INVITE request with the following additions and restrictions:

1)
populate the From, To, Call-ID headers and the Request-URI as per the initial INVITE request;

2)
include a Supported header that contains the "preconditions" and "100rel" tag, in addition to other supported tags; 

3) 
set each of the media streams on hold, as described in RFC 3264 [27A] section 8.4.; and

4) 
forward the INVITE request as per regular procedures.

Upon receiving a provisional or final response containing the remote SDP, the UE shall:

1)
answer the SIP response as per regular SIP procedures defined in RFC 3261 [26] and RFC 3262 [27] (if applicable); and

2)
initiate the regular resource reservation mechanism, as described in subclause 9.2.5.

When the above INVITE transaction is successfully completed, and when the local resource reservation procedure is complete, the UE shall create an initial INVITE request with the following additions and restrictions:

1)
populate the From, To, Call-ID headers as per a re-INVITE request;

2) 
resume each of the media streams previously set on hold, as described in RFC 3264 [27A] section 8.4.; and

3) 
forward the INVITE request as per regular procedures.
Next proposed change
5.1.4
Call initiation - mobile terminating case

5.1.4.1
Initial INVITE

Upon receiving an initial INVITE request without containing either Supported: precondition or Require: precondition header values, the UE shall either follow the procedures described in subclause 5.1.4.1.1 or follow the procedures described in subclause 5.1.4.1.2.
5.1.4.1.1
Preconditions and reliable provisional responses required

If the UE implements or is configured to use this option, upon receiving an initial INVITE request without containing either Supported: precondition or Require: precondition header values, the UE shall generate a 421 (Extension Required) response indicating the required extension in the Require header field.
Upon generating the first response to the initial INVITE request, the UE shall indicate the requirement for reliable provisional responses and specify it using the Require header mechanism.The UE shall send the 200 (OK) response to the initial INVITE request only after the local resource reservation has been completed.
NOTE:
Table A.4 specifies that UE support of forking is required in accordance with RFC 3261. While proxy support of forking is precluded in the IM CN subsystem, proxies external to the system may initiate forking, such that the UE is able to receive several forked requests for the same transaction. 
5.1.4.1.2
Preconditions and / or reliable provisional responses not required
If the UE implements or is configured to use this option, upon receiving an initial INVITE request without containing either Supported: precondition or Require: precondition header values, the UE shall:

1)
if the INVITE request includes a Supported header field with the "100rel" tag in it, then the UE shall answer with a 183 (Session Progress) response; the response shall include the "100rel" tag in the Require header field; the SDP in this response will set each of the media streams on hold as described in RFC 3264 [27A] section 8.4.; 

2)
if the INVITE request does not include a Supported header field with the "100rel" tag in it, then the UE shall answer with a 200 (OK) response; the SDP in this response will set each of the media streams on hold as described in RFC 3264 [27A] section 8.4.; 

3)
initiate the regular resource reservation mechanisms, as described in subclause 9.2.5.

When the above INVITE transaction is successfully complete, and when the local resource reservation procedure is complete, the UE shall create an initial INVITE request with the following additions and restrictions:

1)
populate the From, To, Call-ID headers as per a re-INVITE request;

2)
include a Supported header that contains the "preconditions" and "100rel" tag, in addition to other supported tags; 

3) 
resume each of the media streams previously set on hold, as described in RFC 3264 [27A] section 8.4.; and

4) 
forward the INVITE request as per regular procedures.

Next proposed change
5.4.3.2
Requests initiated by the served user

When the S-CSCF receives from the served user an initial request for a dialog or a request for a standalone transaction, prior to forwarding the request, the S-CSCF shall:

1)
determine whether the request contains a barred public user identity in the P-Asserted-Identity header field of the request or not. In case the said header field contains a barred public user identity for the user, then the S-CSCF shall reject the request by generating a 403 (Forbidden) response. The response may include a Warning header containing the warn-code 399. Otherwise, continue with the rest of the steps;

NOTE 1:
If the P-Asserted-Identity header field contains a barred public user identity, then the message has been received, either directly or indirectly, from a non-compliant entity which should have had generated the content with a non-barred public user identity.
2)
if the request is a SIP INVITE request, the S-CSCF, according to its local policy, may validate that the 3GPP required capabilities are included. In this case, the S-CSCF may reject the SIP INVITE requests that do not contain the tag "precondition" in the Require header field, by sending a 403 (Forbidden) response. The response may include a Warning header containing the warn-code 399. Otherwise, continue with the rest of the steps;
3)
remove its own SIP URI from the topmost Route header;

4)
check if an original dialog identifier that the S-CSCF previously placed in a Route header is present in the topmost Route header of the incoming request. If present, it indicates an association with an existing dialog, the request has been sent from an AS in response to a previously sent request;

5)
check whether the initial request matches the initial filter criteria based on a public user identity in the P-Asserted-Identity header, and if it does, forward this request to that AS, then check for matching of the next following filter criteria of lower priority, and apply the filter criteria on the SIP method received from the previously contacted AS as described in 3GPP TS 23.218 [5] subclause 6.4. Depending on the result of the previous process, the S-CSCF may contact one or more AS(s) before processing the outgoing Request-URI. In case of contacting one or more AS(s) the S-CSCF shall:

a)
insert the AS URI to be contacted into the Route header as the topmost entry followed by its own URI populated as specified in the subclause 5.4.3.4; and

b)
if the AS is located outside the trust domain then the S-CSCF shall remove the P-Access-Network-Info header field and its values in the request; if the AS is located within the trust domain, then the S-CSCF shall retain the P-Access-Network-Info header field and its values in the request that is forwarded to the AS;

6)
store the value of the icid parameter received in the P-Charging-Vector header and retain the icid parameter in the P-Charging-Vector header. Optionally, the S-CSCF may generate a new, globally unique icid and insert the new value in the icid parameter of the P-Charging-Vector header when forwarding the message. If the S-CSCF creates a new icid, then it is responsible for maintaining the two icid values in the subsequent messaging;

7)
insert an orig-ioi parameter into the P-Charging-Vector header. The S-CSCF shall set the orig-ioi parameter to a value that identifies the sending network. The S-CSCF shall not include the term-ioi parameter;

8)
insert a P-Charging-Function-Addresses header populated with values received from the HSS if the message is forwarded within the S-CSCF home network, including towards AS;

9)
in the case where the S-CSCF has knowledge of an associated tel-URI for a SIP URI contained in the received P-Asserted-Identity header, add a second P-Asserted-Identity header containing this tel-URI;

10)
if the outgoing Request-URI is a TEL URL, the S-CSCF shall translate the E.164 address (see RFC 2806 [22]) to a globally routeable SIP URI using an ENUM/DNS translation mechanism with the format specified in RFC 2916 [24]. Databases aspects of ENUM are outside the scope of the present document. If this translation fails, the request may be forwarded to a BGCF or any other appropriate entity (e.g a MRFC to play an announcement) in the originator's home network or the S-CSCF may send an appropriate SIP response to the originator;

11)
determine the destination address (e.g. DNS access) using the URI placed in the topmost Route header if present, otherwise based on the Request-URI;

12)
if network hiding is needed due to local policy, put the address of the I-CSCF(THIG) to the topmost route header;

13)
in case of an initial request for a dialog the S-CSCF shall create a Record-Route header containing its own SIP URI;

14)
remove the P-Access-Network-Info header prior to forwarding the message based on the destination user (Request-URI);
15)
route the request based on SIP routeing procedures; and

16)
if the request is an INVITE request, save the Contact, Cseq and Record-Route header field values received in the request such that the S-CSCF is able to release the session if needed.

When the S-CSCF receives any response to the above request, the S-CSCF may:

1)
apply any privacy required by RFC 3323 [33] to the P-Asserted-Identity header.

NOTE 2:
This header would normally only be expected in 1xx or 2xx responses.

NOTE 3:
The optional procedure above is in addition to any procedure for the application of privacy at the edge of the trust domain specified by RFC 3323 [33].

When the S-CSCF receives a 1xx or 2xx response to the initial request for a dialog, if the response corresponds to an INVITE request, the S-CSCF shall save the Contact and Record-Route header field values in the response in order to be able to release the session if needed.

When the S-CSCF receives from the served user a target refresh request for a dialog, prior to forwarding the request the S-CSCF shall:

1)
remove its own URI from the topmost Route header;

2)
create a Record-Route header containing its own SIP URI;

3)
if the request is an INVITE request, save the Contact, Cseq and Record-Route header field values received in the request such that the S-CSCF is able to release the session if needed;

4)
in case the request is routed towards the destination user (Request-URI)or is routed to an AS located outside the trust domain, remove the P-Access-Network-Info header; and

5)
route the request based on the topmost Route header.

When the S-CSCF receives a 1xx or 2xx response to the target refresh request for a dialog, if the response corresponds to an INVITE request, the S-CSCF shall save the Contact and Record-Route header field values in the response such that the S-CSCF is able to release the session if needed.

When the S-CSCF receives from the served user a subsequent request other than a target refresh request for a dialog, prior to forwarding the request the S-CSCF shall:

1)
remove its own URI from the topmost Route header; 

2)
in case the request is routed towards the destination user (Request-URI)or is routed to an AS located outside the trust domain, remove the P-access-network-info header; and

3)
route the request based on the topmost Route header.
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6
Application usage of SDP

6.1
Procedures at the UE

Usage of SDP by the UE:

1.
In order to authorize the media streams, the P-CSCF and S-CSCF have to be able to inspect the SDP payloads. Hence, the UE shall not encrypt the SDP payloads.

2.
An INVITE request generated by a UE shall contain SDP payload. The SDP payload shall reflect the calling user's terminal capabilities and user preferences for the session. The UE shall order the SDP payload with the most preferred codec listed first.
3.
The calling user shall indicate the desired QoS for the session, using the segmented status type. In an initial INVITE requestif the UE has set the SIP Require header with the "precondition" tag in it,, the UE shall indicate that it mandates local QoS and that this precondition is not yet satisfied, i.e. the UE shall include the following preconditions:


a=des:qos mandatory local sendrecv


a=curr:qos local none
If the UE has not set the SIP Supported header with the "precondition" tag in it, the UE shall not indicate that it mandates local QoS. The UE indicates its desire for optional local QoS, by including the following preconditions:


a=des:qos optional local sendrecv
4.
Providing that the INVITE request received by the UE contains an SDP offer including one or more "m=" media descriptions, the first 183 (Session Progress) provisional response that the UE sends, shall contain the answer for the SDP received in the INVITE. The said SDP answer shall reflect the called user's terminal capabilities and user preferences.

5.
When the UE sends a 183 (Session Progress) response with SDP payload including one or more "m=" media descriptions, if the precondition tag is supported by the calling UE, the UE shall request confirmation for the result of the resource reservation at the originating end point.

6.
During session establishment procedure, SIP messages shall only contain SDP payload if that is intended to modify the session description.
7.
For "video" and "audio" media types that utilize the RTP/RTCP, the UE shall specify the proposed bandwidth for each media stream utilizing the "b=" media descriptor and the "AS" bandwidth modifier in the SDP.


If the media line in the SDP indicates the usage of RTP/RTCP, in addition to the "AS" bandwidth modifier in the media-level "b=" line, the UE shall include two media-level "b=" lines, one with the "RS" bandwidth modifier and the other with the "RR" bandwidth modifier as described in draft-ietf-avt-rtcp-bw-05 [56] to specify the required bandwidth allocation for RTCP.


For other media streams the "b=" media descriptor may be included. The value or absence of the "b=" parameter will affect the assigned QoS which is defined in 3GPP TS 29.208 [13].

NOTE 1:
In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifer will typically get the value of zero.

8.
The UE shall include the MIME subtype "telephone-event" in the "m=" media descriptor in the SDP for audio media flows that support both audio codec and DTMF payloads in RTP packets as described in RFC 2833 [23].
9.
The UE shall inspect the SDP contained in any SIP request or response, looking for possible indications of grouping of media streams according to RFC 3524 [54] and perform the action outlined in subclause 9.2.5.

10.
If a PDP context is rejected or modified, the UE shall, if the SDP is affected, update the remote SIP entity according to RFC 3261 [26] and RFC 3311 [29].
10.
If the UE builds SDP for an INVITE request generated after receiving a 488 (Not Acceptable Here) response, as described in subclause 5.1.3.1, the UE shall include SDP payload containing a subset of the allowed media types, codecs and other parameters from the SDP payload of all 488 (Not Acceptable Here) responses related to the same session establishment attempt (i.e. a set of INVITE requests used for the same session establishment). The UE shall order the codecs in the SDP payload according to the order of the codecs in the SDP payload of the 488 (Not Acceptable Here) response.

NOTE 2:
The UE may be attempting a session establishment through multiple networks with different policies and potentially may need to send multiple INVITE requests and receive multiple 488 (Not Acceptable Here) responses from different CSCF nodes. The UE therefore takes into account the SDP contents of all the 488 (Not Acceptable Here) responses received related to the same session establishment when building a new INVITE request.
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