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1. Introduction
This discussion paper examines the standards view on Forking, identifies a problem and lists a possible solution currently discussed in the IETF Dispatch working group.

2. Forking scenario
A scenario where Forking occurs is when the callee has several UEs registered to one phone number.  When the caller calls the callee, the one INVITE will be forked by the callee’s network and sent to every UE simultaneously. Each of these forked INVITEs results in a 18x Response, to the caller will receive several of these Responses to his one sent INVITE. When the callee answers the call on one of his devices, the connection has to be established correctly and the other transactions need to be cancelled.

3. Standards View
3.1 IETF
Forking is described in many places in the basic SIP RFC 3261 [2]. Amongst others, the following is stated:

A proxy server can also send an INVITE to a number of locations at the same time. This type of parallel search is known as forking.

Multiple 2xx responses may arrive at the UAC for a single INVITE request due to a forking proxy. Each response is distinguished by the tag parameter in the To header field, and each represents a distinct dialog, with a distinct dialog identifier.

A stateful proxy MAY choose to "fork" a request, routing it to multiple destinations. Any request that is forwarded to more than one location MUST be handled statefully.

The forking of SIP requests means that multiple dialogs can be established from a single request. This also explains the need for the two-sided dialog identifier; without a contribution from the recipients, the originator could not disambiguate the multiple dialogs established from a single request.

Additionally, call flows for Forking are depicted in RFC 6228 [3].
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According to the above cited RFC3261 [2], the different 18x Responses in this example differ in the To header field tag. The first 200 Response needs to be acknowledged and the others must be rejected (which is omitted in the above call flow).

3.2 3GPP

3GPP IMS standards also include Forking as a mandatory feature, firstly, TS 23.228 [4] states:

[bookmark: _Toc412800611]4.2.7	Support of SIP forking
[bookmark: _Toc412800612]4.2.7.1	SIP Forking
SIP forking is the ability of a SIP proxy server to fork SIP request messages to multiple destinations according to IETF RFC 3261 [12].
[bookmark: _Toc412800613]4.2.7.2	Forking within and outside the IM CN Subsystem
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 IETF RFC 3261 [12].
[bookmark: _Toc412800614]4.2.7.3	Support for forked requests
UE and MGCF shall be ready to receive responses generated due to a forked request and behave according to the procedures specified in IETF RFC 3261 [12] and in this clause.
The UE and MGCF may accept or reject early dialogues from different terminations as described in IETF RFC 3261 [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 or MGCF shall acknowledge the 200 OK. In addition the UE or MGCF may require updating the allocated resources according to the resources needed. In case the UE or MGCF receives a subsequent 200 OK, the UE or MGCF shall acknowledge the dialogue and immediately send a BYE to drop the dialog.
NOTE:	Upon the reception of a first final 200 OK (for INVITE), the UE or MGCF may terminate the early dialogue, as specified in IETF RFC 3261 [12].
The UE and MGCF may include preferences according to IETF RFC 3841 [42], in INVITE's, indicating that proxies should not fork the INVITE request. The S-CSCF and AS should follow the preferences, if included in the INVITE request. On the terminating side, UE and MGCF shall be able to receive, as specified in IETF RFC 3261 [12], several requests for the same dialog that were forked by a previous SIP entity.
Application Servers and MRFCs shall be capable to handle forked requests according to the procedures specified in IETF RFC 3261 [12].
and, secondly, TS 24.229 [5], where the support of Forking is a mandatory major capability:

[bookmark: _Toc414624653]A.2.1.2	Major capabilities
[bookmark: UAmajorcapability]Table A.4: Major capabilities
	Item
	Does the implementation support
	Reference
	RFC status
	Profile status

	
	Capabilities within main protocol
	
	
	

	9
	server handling of merged requests due to forking?
	[26] 8.2.2.2
	m
	m

	10
	client handling of multiple responses due to forking?
	[26] 13.2.2.4
	m
	m



3.3 GSMA
And finally, according to GSMA IR 92 [6], Forking should be supported according to 3GPP standards. The resources needed at the UE are chosen in a way that limitations leading to a “no-fork” should not occur.
2.2.5 Forking
Forking in the network is outside the scope of the present document. However for interoperability and forward-compatibility reasons, the UE must be ready to receive responses generated due to a forked request and behave according to the procedures specified in IETF RFC 3261 [55], section 4.2.7.3 of 3GPP TS 23.228 [7] and 3GPP TS 24.229 [15].
Furthermore, the UE should be able to maintain at least forty (40) parallel early dialogues until receiving the final response on one of them and the UE must support receiving media on one of these early dialogues.
Note: An early dialog that is maintained is one where a SIP 18x response has been received and the early dialogue has not been terminated (e.g. by receipt of a SIP 199 response) prior to receiving a SIP 2xx response.
4. Problem Statement
Even though Forking is a described feature in 3GPP standards that must be supported, it hasn’t been implemented correctly or at all in some components (e.g. SBC, UE, ...). With an increasing number of NGN based interconnections and an end-to-end SIP signalling, this will unavoidably lead to incompatibilities as call release during call setup, incorrect choice of parameters and wrongly connected call legs.

Furthermore, for VoIP based international calls a use of 3GPP standards is not necessarily to be expected so further problems regarding the use of Forking will arise in these scenarios.

In real live networks, the above mentioned problems have already been discovered upon interconnection with networks not supporting Forking. As such interconnections can however not be avoided, a compatibility mechanism for Forking is desirable.

5. Proposal
The IETF draft https://tools.ietf.org/html/draft-jesske-dispatch-forking-answer-correlation-03 [1] describes scenarios where Forking occurs and proposes how a correlation of the forked requests in B2BUA could be done. This draft is currently under discussion in the IETF dispatch working group.

To further progress this work in IETF, CT working group delegates are kindly requested to review the draft and to post comments to the IETF dispatch mail exploder at dispatch@ietf.org.
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