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During the course of its various work, ETSI TISPAN WG3 has encountered a major issue with the following statements in TS 24.449 subclause 6.1.2 (Handing of SDP at the originating UE).

"An INVITE request generated by a UE shall contain a SDP offer and at least one media description. The SDP offer shall reflect the calling user's terminal capabilities and user preferences for the session."

This seems to prohibit the RFC 3261 provision for omission of an SDP offer from a SIP INVITE request, a mechanism sometimes known as offerless INVITE requests. This mechanism requires the UAS to send the SDP offer in a reliable response and the UAC to send the SDP answer in the ACK request.

Example 1 - subscription-based business trunking

As part of the work on the Technical Report on Corporate Network interfaces (TR 183.069), ETSI TISPAN WG3 has identified the need for an external attached network (such as a Next Generation Corporate Network, NGCN) to submit an offerless INVITE request to an NGN. When the NGCN is connected using subscription-based business trunking, this offerless INVITE request is transmitted across the Gm reference point, the NGCN acting as the UE. NGCNs contain RFC 3261-compliant devices, many of which issue offerless INVITE requests.
As a particular example, consider a web application provided by the NGCN to its users, whereby the user can use a web page to establish an outgoing call. The SIP entity within the NGCN would then send (on behalf of the application) an offerless INVITE request to the user's UA, which would respond with an SDP offer in a reliable response. The NGCN SIP entity then sends the SDP offer in an INVITE request to the called user. The SIP entity within the NGCN that performs this "third party call control" is not in a position to populate an SDP offer in the INVITE request, since it is not involved in media handling.

At the time of requesting such a call, the user's preferred device might be a device reachable via an NGN, e.g., a mobile device. In such cases the initial offerless INVITE request would be sent via the NGN towards that device. If the NGCN is connected to the NGN using subscription-based business trunking, the offerless INVITE request would be sent across the Gm reference point to the P-CSCF.

This capability is considered as basic call in NGCN. Without support for this capability, many "basic calls" simply would not work using subscription-based business trunking.

Note that in general it is not possible to reverse the roles and send the initial offerless INVITE request towards the called user, since the called user too might be reachable via an NGN. Indeed, it is a common situation for both parties to be reachable via NGN. For example, the call might be between two GSM devices. Furthermore sending the initial INVITE request to the called party would have the undesirable effect of alerting the called user before the calling user is ready.
Also it is not feasible to use a preliminary OPTIONS request towards the destination of the second INVITE request, as has been suggested for solving issues related to IPTV (see example 2). With such a mechanism, an SDP body part in the response to the OPTIONS request would be used as the SDP offer in the first INVITE request. In contrast to the IPTV case, where the SIP UA resides in the end-user device, in the business trunking case this is not necessarily so, and the SIP UA could reside in a gateway, e.g., an IMS MGCF. Reasons why this alternative mechanism is not feasible are as follows:

· Existing SIP UAs found within NGCNs issue offerless INVITE requests on behalf of applications. The requirement to issue an OPTIONS request first would not be backwards compatible with these UAs.

· These UAs will not necessarily be aware that the second INVITE request will be routed via SIP entities that do not support offerless INVITE requests, so they will not know when it is necessary to make use of the modified procedure.

· An SDP body will not necessarily be returned in a 200 OK response to an OPTIONS request, since this requirement is only SHOULD strength in RFC 3261.

· The second INVITE request will not necessarily arrive at the same UA as the OPTIONS request, because of different conditions impacting routing at different times, and therefore the SDP offer received in the second INVITE request might not contain capabilities in line with what are supported at the UA. For example, where a proxy is scripted to distribute INVITE requests among a group of UAs, there is no guarantee that the second INVITE request will arrive at the same UA as the OPTIONS request.
· The second INVITE request might be subject to parallel or serial forking, such that the UA that answers might not be the one that responded to the OPTIONS request. Only a single 200 response to an OPTIONS request can be transmitted to the UAC.

· Devices such as gateways and media servers that support multiple calls in parallel are unlikely to be able to reserve resources for a call at the time of responding to an OPTIONS request. Therefore even if the second INVITE request manages to be delivered to the same UA, SDP items such as port number, encryption key, bandwidth and even codecs and formats might be different from what has been indicated in the OPTIONS response.

· In order to use the OPTIONS method, the MGCF would have to support this method. In 3GPP-Rel8, the MGCF as specified in 29.163 does not support the OPTIONS method.
· The SDP body part received in the response to the OPTIONS request would be used as SDP offer in the first INVITE request, and the SDP answer in the first reliable response to the first INVITE request would be used as the SDP offer in the second INVITE request. SDP offer/answer is not totally symmetrical, in that an SDP answer is not always suitable for use as an SDP offer. In particular, the SDP capability negotiation mechanism (draft-ietf-mmusic-sdp-capability-negotiation) has some asymmetry in this respect.

· Some UAs, proxies or firewalls might have a policy that filters out OPTIONS requests outside an established dialog.

· Although not necessarily preventing use of this mechanism, the additional messaging traffic may have impact on network provisioning and scalability, as well as on call set-up times.

Example 2 - IPTV
As indicated in an earlier exchange of Liaisons relating to this matter in the light of TISPAN Release 2 IMS-based IPTV, WG3 indicated that there is a scenario where an IPTV UE does not have sufficient information of the media description when the user desires to invoke the IPTV service. While this could have been solved with above mechanism for offerless INVITEs, CT1 advised WG3 to use a SIP OPTIONS exchange to query the media information prior to sending the initial INVITE. While this circumvention was put in place in Release 2 IMS based-IPTV specifications, it appears desirable to optimize the call flows and omit the SIP OPTIONS exchange through an offerless INVITE mechanism.
Action:
ETSI TISPAN kindly asks 3GPP CT1 to remove the restriction on a UE sending an offerless INVITE request, at least for the case where the UE is an external attached network.
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