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ABSTRACT

The document clarifies some of the arguments and myths that have been presented against the in-dialog method for implementing SIP overlap dialling in IMS. The document also takes a closer look at the impacts of having to implement deterministic routing, as required if using the multi-INVITE method.
DISCUSSION
There are currently two methods which are considered when to implement the support of SIP overlap dialling in IMS: the multi-INVITE method and the in-dialog method.

2.
Claims against in-dialog
2.1 
Existing standards
One of the claimed advantages of the multiple-INVITE method is that it is used in existing standards (IETF, TISPAN, ITU-T, 3GPP etc).

It is important to notice that the existing standards mostly deals with the interworking between PSTN and SIP, and in many cases the main use-case has been traffic between two PSTN/SIP interworking entities. 

However, when overlap is introduced in IMS, it is not enough to only look at interworking. It is important to look at the impacts on the core IMS entities/functions. And, there is no existing standard which deals with how an IMS type-of-network implements support of the multi-INVITE method, other than statements that intermediate entities must use some kind of deterministic routing.
From an implementation perspective, to change from multiple-INVITE to in-dialog in the interworking entities is considered to be a relatively minor task, compared to the impacts of having to implement all the core IMS impacts which the multiple-INVITE method requires.

It has also been claimed that the multiple-INVITE method is backward compatible with TS 29.163 Rel-7, and that the introduction of the in-dialog method in Rel-8 would cause backward compability problems.

It is important to notice that overlap support in Rel-7 is very limited. It is only described for the O-MGCF, based on the assumption that the IMS network returns 404/484 responses for each INVITE, until a complete number has been provided. That description is alligned with the in-dialog method.

Also, the multiple-INVITE method requires that some of the SIP header values (From header etc) are identical in each INVITE. That is not described in TS 29.163.

2.2
In-dialog standardization effort

It has been claimed that it would take a very long time to standardize the in-dialog method, and that IETF has already rejected it once, in favour of the multiple-INVITE method.

Individuals in IETF have indicated that the INFO method can be used in “controlled networks” without IETF involvement. The INFO method IS already used in IMS in such a way.

Regarding how to carry the additional digits inside the INFO, one proposal is to use/extend the XML body for transporting of PSTN/ISDN information, which has already been adopted by 3GPP. That would not require IETF involvement either.

2.3 Multiple INVITEs also with in-dialog

It has been claimed that multiple INVITEs may be needed also when the in-dialog method is used, in case an INVITE can not be routed all the way to the remove entity which will establish the early dialog, which will then used to transfer the additional digits.

When the multiple INVITE method is used, multiple INVITEs should be avoided using normal network planning means, and the INVITE request should not be sent until enough digits have been received in order to find the node which will establish the early dialog with the sender. That node may be the termination SIP entity (e.g. an MGCF), or an overlap AS which establishes an early dialog and collects digits until it is able to forward the call.

Also, even in the case where multiple INVITEs would be sent, it is important to notice that there is a big impact difference in sending multiple INVITEs when using the in-dialog method, and sending multiple INVITEs as define in the multi-INVITE method. When the in-dialog method is used, each possible subsequent INVITE is, as far as SIP routing and processing is concerned, completely independent from the previous INVITE. The INVITEs do not need to contain the same SIP header values (From, Call-ID etc) as required by the multi-INVITE method, and since the previous network didn’t reach the remote SIP endpoint (in which case an early dialog would have been established) the network does not need to perform any deterministic routing on the subsequent INVITEs – they can all be routed independently of each other. A limitation, compared to the multi-INVITE method, is that only one outstanding INVITE transaction at a time can be used, but that is not considered to cause any delays in real-life deployments.
2.4
Interworking with multiple-INVITE networks

In case an IMS network supporting the in-dialog method wants to communicate with a non-IMS network where the multiple-INVITE method is used, overlap interworking may be needed between the two networks.

Such interworking has been studied in ETSI TISPAN, and eventhough some special use-cases may require a little further protocol level study, no major issues have been identified on a generic functional level.

The interworking can be performed at the edge of the network, in a “single box”. We believe the cost of doing the interworking is relatively low, compared to all the impacts on the IMS network which are needed if the multiple-INVITE method is to be implemented there.

3 Deterministic routing impacts
The multi-INVITE method requires deterministic routing in the core IMS network, and also in transit networks in case overlap transit scenarios need to be supported.  It means that routing entities in the network must ensure that each subsequent INVITE, for a specific call setup, is routed in the same way as the previous INVITE.

In some cases the established service route, between the UE and the home S-CSCF, will provide deterministic routing. However, there are many cases where overlap dialling will not be used once the call reaches the link where a service route is available. For example, overlap isn’t supposed to be sent from the home S-CSCF towards IMS terminals, so possible en-bloc conversion needs to be performed prior.  In addition, some types of gateways (MGCFs, for example) do not register themselves to the S-CSCF, meaning there is no service route. So, in such cases new deterministic routing functionality is needed “end-to-end” in the SIP network.
Each entity which needs to perform deterministic routing, and can not use a service route, must store information about the INVITE request and where it was routed, so that subsequent INVITEs can be associated with the INVITE, and then be sent towards the same destination as the previous INVITE.
When an INVITE is received, there is no indication in the message itself whether subsequence INVITEs will arrive, OR if previous INVITEs have been received, for the specific call. So, the routing entities will have to perform a lookup to see whether a previous INVITE for the same call has been received. If no previous INVITE is found, the routing entities will have to store information about the INVITE, in case it will receive subsequent INVITEs for the same call later.

The procedure above has to be done for each and very INVITE, even for calls where overlap dialling is not used, due to the fact that the routing entity doesn’t from the INVITE message itself sees whether previous INVITEs have been received, whether subsequent INVITEs will arrive, or whether overlap is used in the first place. Depending on the number of entities that will have to perform the procedures, it will cause call setup delay. It will also increase the memory usage of the routing entities. And, there has to be a proper mechanism to clean the buffer after a certain time, in case no subsequent INVITEs have been received for the same call.
In addition, if the routing entities use e.g. the SIP Call-ID and/or From tag values for matching the INVITEs belonging to the same call, there is always a risk that things will go wrong if there is a B2BUA type of entity in the network which modifies those header values – and modifies differently for each INVITE. That problem does not exist when using the in-dialog method, since there is no need to associate multiple INVITEs for routing purpose.

An alternative that has been proposed is to implement the deterministic routing using “number analysis”, e.g. by forwarding all numbers that start with certain digits to the same destination. That would not require the routing entities to store information about the INVITEs, but they would still need to do the number analysis for each INVITE (again, even for non-overlap calls). However, we think that such a mechanism would be very static and clumsy, and we really doubt it would work – especially when calls are intended for IMS UEs.

CONCLUSION
Based on previous comparisons between the overlap methods, a the study presented in this document, we strongly believe that the in-dialog method is the best choice for implementing SIP overlap dialling in IMS. 
