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Introduction

This paper discusses how SIP forking should be handled in the MGCF and IM-MGW. Up to now, those issues have not yet been addressed in TS 29.163.

Related CRs are contained in TDOCs N3-030744 to N3-030747.

An additional discussion paper (N3-030748) investigates the handling of backward early media for forked requests. No CRs related to suggestions in this paper are presented in CN3#30.

Forking in the IMS

According to TS 23.228, CSCF may fork SIP requests in Rel.6:

(In Rel.5, CSCFs did not fork, but forked requests could be encountered due to interworking with external networks.)

TS 23.228, Section  4.2.7 (Support of SIP forking):

„SIP forking is the ability of a SIP proxy server to fork SIP request messages to multiple destinations according to RFC 3261 [12]. 

The IM CN subsystem shall have the capability to fork requests to multiple destinations; this capability is subject to rules for forking proxies defined in RFC 3261 [12]. 

· The S-CSCF shall support the ability for a public user identity to be registered from multiple contact addresses, as defined in RFC 3261 [12]. The S-CSCF shall support forking so that an incoming SIP request addressed to a Public User Identity is proxied to multiple registered contact addresses. This allows forking across multiple contact addresses of the same Public User Identity. 

· Application Servers in the IMS may act as a forking proxy in the sense of RFC 3261 [12] and may fork a SIP request across multiple Public User Identities allocated to the same user. S-CSCFs shall provide the necessary support for forking by Application Servers.

Additionally, other networks outside the IM CN Subsystem are able to perform SIP forking.

UEs shall be ready to receive responses generated due to a forked request and behave according to the procedures specified in [12] and in this section. 

The UE may accept or reject early dialogues from different terminations as described in [12], for example if the UE is only capable of supporting a limited number of simultaneous dialogs.

Upon the reception of a first final 200 OK (for INVITE), the UE shall acknowledge the 200 OK and cancel other early dialogues that may have been established. The UE may require updating the allocated resources according to the resources needed. In case the UE receives a subsequent 200 OK, the UE shall acknowledge the dialogue and immediately send a BYE to drop the dialog. 

The UE shall be able to include preferences, in INVITE's, indicating that proxies should not fork the INVITE request.

On the terminating side, a UE shall be able to receive, as specified in [12], several requests for the same dialog that were forked by a previous SIP entity.“

Handling of Forking at the UE

TS 24.229, Section 5.1.3.1 (Rel.5):

“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:

· acknowledge the response with an ACK request; and

· send a BYE request to this dialog in order to terminate it.”

TS 24.229, Section 5.1.4.1 (Rel.5):

 “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.”

Incoming call interworking from SIP to ISUP at I-MGCF

On reception of an INVITE requesting an audio session, the I‑MGCF shall send the IAM. 

Due to forking, the I-MGCF may receive additional similar INVITE requests.

These additional request may be directed towards the same or PSTN number or different PSTN numbers.

· A forked request for different telephone numbers is acceptable. The user may be searched at several PSTN devices. The Request URI between the forked request will differ.
· Forked request with the same request URI may only be encountered due to loops in the request routing. The I-MGCF shall not interwork these requests but reject them following standard SIP procedures:

RFC 3261, Section 8.2.2.2:

 Merged Requests
   If the request has no tag in the To header field, the UAS core MUST

   check the request against ongoing transactions.  If the From tag,

   Call-ID, and CSeq exactly match those associated with an ongoing

   transaction, but the request does not match that transaction (based

   on the matching rules in Section 17.2.3), the UAS core SHOULD

   generate a 482 (Loop Detected) response and pass it to the server

   transaction.

      The same request has arrived at the UAS more than once, following

      different paths, most likely due to forking.  The UAS processes

      the first such request received and responds with a 482 (Loop

      Detected) to the rest of them.

Outgoing call interworking from SIP to ISUP at I-MGCF

Example Call Flow for ISUP

The I-CSCF was omitted for simplicity. The S-SCSF in the home network of user A forks the request. The case of parallel forking, rather than a sequential search, has been depicted.

The Mn Procedures were omitted for brevity. Callflows including Mn procedures can be found in TDOC N3-030744.
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Detection of Forking

According to SIP procedures, the O-MGCF inspects the tags in the “to” SIP header fields of provisional and final responses to identify the SIP dialogue the response belongs to. If responses belonging to different dialogues are received, the INVITE request has been forked. According to SIP procedures, the MGCF shall keep a separate state for each dialogue.

Restricting the number of dialogues

The MGCF may want to restrict the number of early dialogues due to resource restrictions and terminate dialogues using SIP BYE requests. The MGCF should preferably terminate older dialogues to guarantee that a sequential search will work.

SIP UPDATE required separately for each Dialogue

When the preconditions are satisfied (e.g. COT received for ISUP), the O-MGCF needs to send a SIP UPDATE request for each dialogue.

Only first SIP 180 ringing shall be interworked.

The O-MGCF needs to be prepared to receive several SIP 180 ringing provisional responses. It is suggested that  the O-MGCF interworks the first SIP 180 ringing provisional response only, and also uses the first SIP 180 ringing provisional response as a trigger to instruct the IM-MGW to generate a ringing tone.

Handling of 200 OK(INVITE)

When the MGCF receives a 200 OK(INVITE), the related dialogue becomes established. In most cases, only a single 200 OK(INVITE) will be received by the O-MGCF even if requests are forked, since the forking proxy cancels additional dialogues when forwarding this response, as depicted in the example callflow. However, according to SIP procedures it is also possible that provisional responses, media and even additional 200 OK(INVITE) responses are received by the UACs (such as O-MGCF and UE) after the first 200 OK(INVITE) due to race conditions. 

According to RFC 3261, Section 13.2.2.4:

    “The UAC core considers the INVITE transaction completed 64*T1 seconds

   after the reception of the first 2xx response.  At this point all the

   early dialogs that have not transitioned to established dialogs are

   terminated.”

According to RFC 3261, Section 17.1.1.2, the T1 default if 500 msec, and resources for early media should therefore be reserved for 30 seconds after the session has been established.

While IETF allows that several established dialogues are maintained, 3GPP mandates that that the UE  uses BYE requests to terminate additional dialogues that become established due to the reception of 200 OK(INVITE) responses.

It is suggested that the same behavior is mandated for the MGCF, since it is unclear how media from speech call to several simultaneous speech calls should be mixed otherwise, and in order to avoid unnecessary complexity an the IM-MGW (Functionality resembling a conference server). 
The right Connected Line shall be presented (COLP)

Different P-Asserted-IDs may be received in SIP provisional responses of different dialogues. According to TS 29.163, the O-MGCF stores this information and supplies COLP information in the ANM after receiving a 200 OK(INVITE). The O-MGCF shall store the received P-Asserted-ID separately for each Dialogue and shall supply the P-asserted-ID of the dialogue which became established due to the 200 OK(INVITE).

Handling of forward media

One may consider to forward media in direction from PSTN towards IMS to all destinations identified in the SDP answers of the different dialogues. This may also involve the usage of different codecs and could be accomplished by the usage of a separate termination for each dialogue to send media towards the IMS. However, it is suggested to avoid this complexity and the resulting increased resource usage at the IM-MGW, as the real life application scenarios do not justify the effort:

· Forward early media are usually not used and supported in the PSTN.

· If the suggestion for the handling of the 200 OK(INVITE) above is accepted, only the first established dialogue will be maintained, and possible additional dialogues which become established due to the reception of subsequent 200 OK(INVITE) responses will be terminated.

The following procedures are suggested:

· Each time SDP is received in a provisional response before the first dialogue is established, the IM-MGW termination shall be updated with the corresponding remote resources  (the destination IP address, UDP port and codec used to send media). (While this behaviour is somewhat arbitrary in case of a parallel forking, it is appropriate in the case of sequential forking). The MGCF shall store the latest SDP for each early dialogue.

· When the first 200 OK(INVITE) is received, the MGCF shall configure the IM-MGW with the remote resources of this dialogue.

Handling of backward media

Backward media corresponding to different dialogues will be received at the same H.248 termination, IP address and UDP port at the IM-MGW, as the IP address and UDP port are contained in the SDP offer of the forked INVITE request. However, the SDP offer-answer exchange might result in different selected codecs (in the somewhat unlikely case that AMR is not selected for each dialogue). As backward early media are considered a more realistic scenario than forward early media, it is suggested that the IM-MGW should be prepared to receive media with any of these encodings and reserve the corresponding local resources until the first 200 OK(INVITE) response is received. At this stage, the IM-MGW may free the resources for all codecs except for those ones of the established dialogue.

Further improvements, in particular for the case that several media streams are received at the same time, have been discussed in TDOC N3-030748.
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