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Introduction

This contribution was jointly written by Alcatel-Lucent and Nokia Siemens Networks.

It is aimed to wrap up the overlap signaling/dialing discussion.
Overlap signaling/dialing in general “contradicts the SIP philosophy”. In SIP there is no partial SIP URI defined. 

Therefore it was/is foreseeable that each method to introduce overlap signaling/dialing in SIP will lead to disadvantages compared to en-bloc dialing. 
While the multiple-INVITEs method was standardized since 2001 and is already implemented by vendors as well as adopted into national requirements by Ofcom in UK, the in-Dialog method was newly proposed to solve overlap signaling/dialing. 
Besides giving an overview on both methods the goal of this evaluation is to give answers to the following questions:

1. What is the current standardization and implementation status?

2. What is the additional standardization impact of the in-Dialog method?

3. What is the additional cost & implementation & availability impact of the in-Dialog method?
4. Are there compelling technical reasons to switch from multiple-INVITEs to in-Dialog method?
    (justifying a roadmap shift and additional costs)

The contribution also contains comments against TDOC C3-080946
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Summary

What is the current standardization and implementation status? History:
2001: IETF first discussion of “overlap signaling INVITE versus in-Dialog”           pro multiple-INVITEs  

2003: IETF RFC 3578 






           multiple-INVITEs standardized

2004: ITU-T Q.1912.5    





           multiple-INVITEs mandatory

2006: draft-zhang-sipping-overlap-01 

          proposing in-Dialog method was not accepted by IETF
            
            pro multiple-INVITEs

2007: 3GPP TS 29.163: 




            multiple-INVITEs mandatory
2007: T-Com strongly recommends the multiple-INVITEs method
The in-Dialog method breaks with all previous overlap related standards.

Current Implementations of Multiple INVITE existing:

IBM, Alcatel-Lucent, Nokia Siemens and other vendors have already implemented the Multiple-INVITEs method in their NEs. The in-Dialog method will generate additional implementation costs.

What is the additional standardization impact of the in-Dialog method?

In-Dialog method still is not mature and requires new standardization work to be done:

Lead time of the standardization processes will – in the very best case – get us to a finalization of the in-Dialog specs by year end 2008.

In-Dialog method will not replace multiple-INVITEs, it will come in addition:

Therefore the in-Dialog method will lead to compatibility issues both inside and outside the IMS. It is foreseeable that involved interworking procedures will be required. Here a complete new interworking functionality has to be standardized implemented and deployed. 
What is the additional cost & implementation & availability impact of the in-Dialog method?

In-Dialog method will delay implementation and introduction of overlap signaling/dialing:
Standardization lead time will delay a multi vendor ready end-to-end in-Dialog method implementation.  This will delay the introduction of overlap dialing/signaling following the in-Dialog method compared to multiple-INVITEs.

Are there compelling technical reasons to switch from multiple-INVITEs to in-Dialog method?

Signaling load reduction:
There is no significant load reduction by introducing the in-Dialog method. 

The number of messages is nearly the same for both methods. It can be reduced by intelligence in AGCF/VGW for both methods.  Processing power needed for multiple-INVITEs is little higher than for INFO messages.  

Impacts on Charging and Statistics

There is no negative impact of the multiple-INVITEs method on charging and statistics which will justify a complete new implementation. Both methods will falsify statistics because SIP responses 404,484 are needed in both methods. The effect of Multiple-INVITEs method is higher because 404,484 is expected more frequent. On the other hand the multiple-INVITEs method allows an easy correlation and correction of that effect in post-processing.

The same is valid for CDRs. Both methods will generate an extra amount of CDRs. The effect is more frequent in case of multiple-INVITEs method.
Deterministic Routing:
For calls using multiple-INVITEs method it must be guaranteed that subsequent INVITEs are routed to the same BGCF/IBCF/MGCF. This leads of course to additional implementation effort, however this effort is of manageable size compared to a complete new implementation in all NEs which is needed following the in-Dialog method.   

 Conclusion:

Alcatel-Lucent and Nokia Siemens Networks therefore would propose that operators and vendors would stick to one overlap signaling/dialing solution which is well standardized and deployed.

There is no compelling reason to switch to in-Dialog method justifying a considerable roadmap shift and additional costs.
Overview on both methods:

In TISPAN, two proposals for the encoding of overlap were discussed in TR 183 056:

Proposals for the encoding of Overlap Signaling
Multiple INVITE Method

INVITEs with a request URI with incomplete digits are sent. Once additional digits are received by an Interworking node, a new INVITE with all digits received so far will be sent. To allow a correlation at the receiving side, all INVITEs share the same CalIID. Upon receiving a new INVITE with the same CallID, the receiving side terminates dialog(s) of earlier INVITEs with 484 final responses.
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Overlap signaling using SIP in-Dialog messages

INVITEs with a request URI with incomplete digits are send. Once additional digits are received by an Interworking node, the encoding is different depending on the existence of an early dialog, as established by the reception of provisional response:

· If no early dialog is established, a new INVITE with all digits received so far is sent. The INVITEs do not need to share the same CalIID.

· If an early dialog is already established, an in-Dialog message (e.g. INFO) is sent to transport the new digits.

· To decide if subsequent digits are to be send in a new INVITE or INFO message, the sending entity needs to delay forwarding those digits until either a provisional SIP response (INFO to be used) or a SIP 404/484 failure response (new INVITE to be used)
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Evaluation of both methods:

What is the current standardization and implementation status?

The multiple INVITE methods is used in all overlap related standards existing so far:

· IETF RFC 3578

· ITU Q.1912.5 

· ETSI TISPAN 

· 3GPP TS 29.163: Clause 7.2.3.2.1a  (Methods for O-MGCF since REl-7)

Some country specific standards have also already endorsed the multiple INVITE methods of overlap encoding, for instance the British standard.
When IETF worked on RFC 3578, the  in dialog method proposal was also considered but not selected.
See the following presentation from the 50th ietf meeting listing the pro’s and con’s of different options: http://www3.ietf.org/proceedings/01mar/slides/sip-8/sld001.htm.

See as well draft-zhang-sipping-overlap-01 which is proposing in-Dialog method. This draft was not accepted by IETF.

IBM, Alcatel-Lucent, Nokia Siemens and other vendors have already implemented the Multiple-INVITEs method in their NEs. 
What is the additional standardization impact of the in-Dialog method?

In the scope of 3GPP, a change of O-MGCF procedures to encode overlap between Rel-7 and Rel-8, where the additional features due to the new work item will be added, would lead to interoperability issues: A configuration, where a Rel-8 I-MGCF receives overlap signaling from a Rel-7 O-MGCF would lead to call failures. As the O-MGCF and the I-MGCF could be located in different networks, the scenario could be encountered even if one operator endeavors to upgrade all MGCFs from Rel-7 to Rel-8 at the same point in time.  However, changes on the frozen Rel-7 I-MGCF procedures are no longer allowed.

As the current encoding of overlap signaling has been designed by IETF and is described in RFC 3578, should 3GPP select the in-Dialog method instead, it appears desirable to do the standardisation of the in-Dialog method also in IETF to promote it also in networks outside the scope of 3GPP and thereby to reduce the need for interworking. However, this would most likely result in extra delay of standardisation activities.

Availability:

The multiple-INVITES encoding of overlap signaling has been standardised for about five years and is a mature technology already supported by many implementations that would merely require an endorsement by 3GPP and the description of some related procedures, e.g. for deterministic routing as described below, at some IMS network entities.

In contrast, no complete standard for the in-Dialog method exists and no field experience is available. The desirable IETF involvement for a standardisation of that solution may delay and/or endanger the standardisation process even more. The amount of required standardisation work would also be enlarged by the need to standardise an interworking solution to the multiple INVITEs method.
In-Dialog - Overlap Interworking Argumentation
As external networks and exiting implementations use the multiple INVITEs method almost exclusively, it is evident that a need for interworking between both overlap encoding alternatives would be required should the in-Dialog method be adopted. 

It is foreseeable that SIP networks which may have been rolled out in an isolated fashion with ISUP interconnections in between will be interconnected with native SIP means in the future. Related standardisation activities are currently a hot topic in multiple standardisation organisations, e.g. TU-T, 3GPP, TISPAN, GSM-A, and ETSI board.

TR 183 056 already contains some proposals for interworking procedures between both overlap signaling encodings. It is evident that a statefull B2BUA would be required to be inserted for every call between networks with different encoding mechanisms, resulting in extra CAPEX and OPEX.
Call from network supporting the in-Dialog method

When the OS-IWF receives an initial INVITE request, it will forward it towards the other network, and it will establish an early dialog towards the originating party. When additional digits are received the OS-IWF will forward them in additional initial INVITE requests, according to procedures defined for the multiple-INVITE method.

When the OS-IWF receives a response (provisional or final),the OS-IWF will forward the response towards the originating party.

The following two scenarios can be distinguished:

Scenario 1: INVITE with SDP from “in-Dialog” network to “multi-INVITE” network.
This scenario shows the interworking with the originating side using the in-Dialog method and the terminating side as using the multi-INVITE method. In this case, the initial INVITE request includes SDP.
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Each time a new INVITE request is sent into the terminating network, it must provide the latest SDP received from the originating side. Should the originating side provide new SDP (e.g., via UPDATE once initial offer/answer exchange is completed – not shown), this SDP must be provided for subsequent INVITE requests sent. This requires the IBCF to remember the latest received SDP, even when no TrGW is used for the call.

When the terminating side returns a SDP answer, this will be propagated back into the originating network – completing the SDP offer/answer exchange in both networks. However, when subsequent INVITE requests are sent to the terminating network because of additional digits, the terminating network must repeat the SDP answer (perhaps with an updated SDP). To ensure that the most current SDP is provided to the originating side, this SDP must be propagated through. However, since the SDP offer/answer exchange has already completed in the originating network, this SDP must be sent as a new SDP offer, thus requiring a subsequent SDP answer. At this point, the SDP offer/answer exchange is imbalanced between the networks and the IBCF must mediate between the two. Since it is always possible for a SDP change with each subsequent exchange, this cycle may never terminate. The interworking point must be prepared to handle such a condition.

Note: Another alternative may be to send the SDP answer in a provisional response, using a separate To tag value.
NOTE: It may be possible to solve this issue by placing additional SDP requirements on the endpoints performing in-Dialog overlap.
Scenario 2: INVITE without SDP from “in-Dialog” network to “multi-INVITE” network.
This scenario shows the interworking with the originating side using the in-Dialog method and the terminating side as using the multi-INVITE method. In this case, the initial INVITE request does not include SDP.

NOTE: IMS does not allow UEs to send INVITE without SDP, but there are scenarios where an AS is allowed to send INVITE without SDP.
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Call from network supporting the multiple-INVITE method

When the OS-IWF receives an initial INVITE request, it will forward it towards the other netowork. When additional digits are received from the originating user, and an early dialog has been established towards the other network, the additional digits will be forwarded according to the procedures defined for the in-Dialog method.

When the OS-IWF receives additional responses (provisional or final), the OS-IWF will forward the response towards the originating party.

The following two scenarios can be distinguished:

Scenario 1: INVITE with SDP from “multi-INVITE” network to “in-Dialog” network.
This scenario shows the interworking with the originating side using the multi-INVITE method and the terminating side as using the in-Dialog method. In this case, the initial INVITE request includes SDP.
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In this scenario, once the dialog is established on the terminating side, it will be necessary to interwork additional INVITE requests with new digits into both an INFO request to forward the new digits and an UPDATE request to propagate the SDP from INVITE request, if the SDP has changed. 

Note that it is possible that the SDP in additional INVITE requests be different from previously received SDPs.

Scenario 2: INVITE without SDP from “multi-INVITE” network to “in-Dialog” network.
This scenario shows the interworking with the originating side using the multi-INVITE method and the terminating side as using the in-Dialog method. In this case, the initial INVITE request does not include SDP.
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In this scenario, each time a new INVITE request is received with additional digits, it is necessary to repeat previously sent SDP offers. The SDP returned to the originating side must be the latest SDP received from the terminating side. When this SDP is returned due to additional INVITE requests received, the IBCF SDP offer/answer exchange will become imbalanced between the two networks resulting in the same issues as mentioned for scenario 1. 

If the terminating side does not support the UPDATE method, then it is not even possible to forward the SDP. If the originating side SDP has changed, then the terminating side will not have valid SDP. This will result in the call being continued without a valid media path until a re-INVITE can be sent.

NOTE: This issue is solved if endpoints performing in-Dialog overlap support the UPDATE method.

Impacts of inter-working between In-Dialog and Multi-INVITE overlap methods

When a same overlap signalling method is used on both interfaces, there are no special impacts when continuing the overlap signalling between networks. However, when the method is different between networks, and when it is not acceptable to add extra delay by converting the overlap signalling to en-bloc signalling, there are interworking impacts that must be addressed. The following summarizes the major interworking impacts between the two methods:

1. It may be necessary to repeat SDP offers or answers; this will require the IBCF to remember the latest received SDP.
2.  The interworking may result in an imbalance of SDP offer/answer exchanges between networks which may not stabilize.
3. Once a dialog is established to allow the use of the INFO method, it may be necessary to interwork subsequent INVITE requests into both an INFO request and an UPDATE request. If there are cases when UPDATE is not supported, the terminating side may not have the latest and correct SDP information.

NOTE: To support interworking of overlap methods, endpoints performing in-Dialog overlap should also support the UPDATE method. 

What is the additional cost & implementation & availability impact of the in-Dialog method?
Standardization lead time will delay a multi vendor ready end-to-end in-Dialog method implementation.  This will delay the introduction of overlap dialing/signaling following the in-Dialog method compared to multiple-INVITEs and increase CAPEX.

Evaluation of the technical pain points from contribution C3-080946:
Signaling Load Reductions

The Reduction of overlap related signaling load was an important aim of the TISPAN TR. The TR concluded that most significant signaling load reductions by far can be achieved by digit collection at the interworking node that converts overlap signaling to SIP. Compared to that, possible differences in signaling load between the in-Dialog method and the  multiple INVITEs method are less significant. The multiple-INVITEs method has a somewhat higher processing load compared to the in-Dialog method due to requiring a few more messages and somewhat more complicated messages on average per call. 
Impacts on Charging and Statistics

Some concerns have been brought forward that a statistic assessment of the call failure rate could be misguided by the overlap-related 404/484failure responses.

This concern applies to both encoding proposals, although the imposed error may be larger due to the multiple INVITES method, where overlap-related 404/484failure responses can be expected to be more frequent. On the other hand the multiple INVITEs method allows correlating INVITEs related to the same call (as they use the same dialog ID) and correct this error in post-processing.

Similar concerns have been brought forward with respect to charging: Overlap signaling may misguide charging due to the overlap-related 404/484failure responses. Again, this concern would apply to both encoding proposals. However, if only successful calls are charged, existing charging systems will already have suitable procedures not to charge call attempts answered by SIP failure responses and this concern is not really justified for any of the proposals. Anyway CDRs contain always call duration time and in case of e.g. 404/484 responses the information that the call was not successful.

Another related concern is that the amount of CDRs might be increased. While this concern is not applicable if CDRs are only written once the call setup is successful, it applies to both encoding proposals if CDRs are written at earlier stage, e.g. for each INVITE, although to a larger amount to the multiple INVITEs method. On the other hand the multiple INVITEs method allows correlating INVITEs related to the same call (as they use the same dialog ID).

Deterministic Routing

The Multiple INVITEs method requires that all INVITEs reach the same MGCF to be correlated in outgoing ISUP signaling as well as the same IBCF. This places some requirements on the routing of intermediate nodes. In the IMS, only some nodes are impacted, while others rely upon pre-established paths towards the terminal established at registration time. 

Nodes that actively route a call (e.g. S-CSCF, BGF) may either be configured with a routing database that automatically yields deterministic results, of may inspect the dialog ID to route correlated INVITEs to the same destination. This leads of course to additional implementation effort, however this effort is of manageable size compared to a complete new implementation in all NEs which is needed following the in-Dialog method.
The in-Dialog method aims to avoid the need for deterministic routing.
Delay Considerations

Keeping the call setup delay small may be regarded as the most basic requirement for overlap signaling, as overlap signaling could be entirely avoided by a sufficiently long digit collection timer at the originating side for the price of a corresponding delay. 

However, the in-Dialog method of encoding overlap imposes some extra delay by the need for waiting for SIP responses before forwarding additional digits. In contrast, the multiple INVITEs method allows an immediate forwarding of received digits without a need to wait for SIP responses.
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