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Introduction

The IMS system aims to support advanced telecommunications service capabilities (aka features) by allowing Application Servers (AS) to be invoked by the S-CSCF. Furthermore, IMS seeks to support the composition of such advanced features by means of multiple Filter Criteria ordered by priority and stored in the Application Server Subscription Information. By the procedures defined in section 5 of 24.229 and elsewhere, multiple Application Servers may be invoked and their features therefore “composed” to offer several advanced applications to subscribers simultaneously on the same call.

However, as the current IMS specifications are written, the ability of Application Servers to offer a broad class of important and useful applications is hampered. 

Problematic Call Flow Scenario

The problem arises when an Application Server “decides to locally terminate a request and sends back a final response for that request via the ISC interface to the S-CSCF” (23-218 V7.6.0). In response to this event, the specification states that the “S-CSCF shall abandon verification of the matching of the triggers of lower priority in the list.” The question is: Having terminated a request locally by sending the final response, if the application server uses third party call control and generates a new request to the S-CSCF, how does the AS format the request to direct the S-CSCF to continue filter criteria matching where it left off with the original request?
For example, the AS may wish to play an announcement or collect further information from the user via the bearer path before allowing the call to proceed.
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Media announcement: “The time for Bob is 6 PM”
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Figure 1 provides the essentials of the call flow that need to be considered. The feature provided by the AS in this example is to simply play a voice announcement to the IMS originating party giving the local time for the called party. Assume that an originating UE, Alice, has placed a call to Bob@example.com. On the originating side, the S-CSCF examines the filter criteria for Alice and determines that the AS depicted needs to be invoked. This AS implements a B2BUA that forwards the INVITE (INVITE #2) to a media server so that the voice announcement may be played. To play the announcement, the media server responds with a final response, namely 200 OK. At this point, a media path is established between the media server and Alice and the media server plays the desired voice announcement. Once the media server concludes playing the announcement, it is done and so issues a BYE. Since the AS now wishes to continue the call on towards Bob, it absorbs the BYE and issues an INVITE (INVITE #3) onwards towards Bob. 
The question is how can the AS format the INVITE #3 request such that the S-CSCF will continue iFC evaluation at the point where it left off with INVITE #1?

Although not shown, it is assumed that, were Bob to answer, the AS would eventually connect Alice and Bob’s media paths by sending re-INVITE messages.

Routing options currently supported

The following choices are currently available for formatting INVITE #3 to continue originating processing at the S-CSCF.
1. Copy the Original Dialog Identifier (ODI) from INVITE #1 into the Route header for INVITE #3 and include “orig” parameter in the Route header.

2. Include “orig” parameter in the Route header, but don’t include ODI.
3. Include “orig” parameter in the Route header, and specify PSI in P-Asserted-Identity header
For option 1, there are different interpretations of 23.218 and 24.229 as to what should happen.

A. S-CSCF rejects INVITE #3 due to ODI from INVITE #1 no longer being valid.

B. S-CSCF sends INVITE #3 directly to destination without further evaluation of iFC (ODI considered valid, but further iFC evaluation is abandoned).
C. S-CSCF ignores ODI (recognizes as no longer valid from INVITE #1) and starts new iFC processing for INVITE #3 (same as option 2).
For option 2 (and 1C), iFC evaluation would start from the beginning.  However, this would mean that the same AS would be invoked again (or possibly multiple AS) unless more complex Service Point Triggers (SPT) are defined and the higher priority AS insert something into the INVITE request that can be used for matching the SPT to avoid invoking AS again.  However, this could become unmanageable.

For option 3, S-CSCF sends INVITE #3 directly to the destination without further of iFC.  It is also possible that S-CSCF uses new iFC that may defined for the PSI, but this would not be equivalent to continuing iFC for the subscriber.

If the AS is performing terminating processing, then there is same choice of including ODI parameter or not, with the same issues. The “orig” parameter is not included for terminating processing.

Real World Examples

The need to address this issue in the IMS architecture is not theoretical. Call flows resembling that of Figure 1 are used for a wide variety of useful and important telecommunications applications. Here are some examples split between features useful on the originating side vs. those on the terminating side.

1. Originating Side: Authentication/Authorization - In either consumer or business environments, it is common that some or all calls need to be authorized or authenticated before the desired destination call is placed and that the authentication/authorization happens over the voice channel. For example, an individual, Mike wishes to call Joe. Mike dials Joe but there are restrictions on Mike's outbound calling that necessitate some authentication or authorization for calls to Joe. This could happen in a pre-paid card service for a consumer scenario. In a enterprise context, employers often place restrictions on outbound dialing from a place of business (e.g. to overseas destinations) but then allow override codes to trusted individuals to override and allow calls to those normally disallowed destinations.

2. Originating Side: Simple "Time In Country" pre-connection announcements – This feature was used above as the Figure 1 example. For international calls, one service provider used to have a service (maybe still does) called "Time in Country". Using this service, anyone placing a call to international destinations would, before being connected to the called party, first hear a simple announcement stating the current time at the called destination. To provide such a service in IMS, one possible implementation would be for a third party B2BUA AS that plays the announcement to the caller. When done, it continues the call onto the called party.

3. Originating Side: Prepaid Card - Using a pre-paid card, when one call is done to a first called party, the pre-paid service wishes to "recapture" the call so that the subscriber (the caller) can place additional calls without having to go through the authentication/authorization step again as described above in scenario 1. In a common implementation, the prepaid service would be implemented as a B2BUA AS that communicates with the S-CSCF. When the call leg extending to the first called party terminates, the B2BUA AS absorbs the BYE on the one side and then either engages in a IVR conversation with the caller again or perhaps simply allows another number to be dialed. In either case, it is desirable that the routing process started by the S-CSCF when the subscriber called the first called party should continue on when the caller subsequently wishes to call the second called party. The first SIP call leg that extends from the caller (subscriber) to the prepaid B2BUA is reused and a re-INVITE request is sent for the further connections to additional called parties.
4. Terminating Side: Enhanced Do Not Disturb - For the AT&T CallVantage service, when a subscriber (the callee) activated the Do-Not-Disturb feature, callers would hear an announcement like: "Bob is not taking calls at the present time. Please leave voice mail. If this is an emergency, press '1' on your keypad, and your call will go through.

5. Terminating Side: Ringback Tones – Some service providers have experimented with a service where the ringback tone played to the caller is customizable according to the preferences of the called party. One implementation of this feature would have a B2BUA connecting the caller's call to a media server that plays the ringback tone to the caller while simultaneously placing a call to the called party. If/when the called party picks up the call, the B2BUA "cuts through" the call between caller and callee with appropriate SIP re-INVITE requests.

 

The above scenarios demonstrate how common and useful it would be to have a general, standards based solution allowing B2BUA applications on IMS Application Servers to "continue" calls onwards towards one or more called parties regardless of the state of the SIP dialog between the B2BUA and the calling party. Note that for the above scenarios, it is sufficient that the S-CSCF maintain routing state information (i.e., where it is in the filter criteria/AS chain) until the SIP dialogs extending through the B2BUA are terminated. There are however services that would need the S-CSCF routing state to be preserved even past when all the SIP dialogs terminating at a B2BUA are ended. One such service is a "callback" service. Say Alice calls Bob but Bob's phone is busy or else Bob doesn't answer. The callback service allows Alice to indicate that she'd like to hang up now but be called back by the service once Bob becomes available. In one possible implementation, the callback service would wait for some period of time and then try to place a new call to Bob. If Bob answers, the callback service places another call to Alice so that the two can be connected. Notice that while the callback service is waiting between call attempts to Bob, there are no SIP dialogs attached to it at all. So, while understanding that routing state cannot be maintained indefinitely, it is important that it can be maintained for some (settable hopefully) period of time even when no SIP dialogs are any longer active.

Possible Solutions

Use SIP Early Media

A possible solution to this problem is for the AS to use early media to establish the media path.
However, this does not address Real World Example 3.

Also, this requires that UEs and Application Servers all properly support the UPDATE method (RFC 3311), which may not be universal. With only base RFC 3261 support, this approach works only if there is only a single application server on the call. This is because with base RFC 3261 support, “Once the UAS has sent or received an answer to the initial offer, it MUST NOT generate subsequent offers in any responses to the initial INVITE.  

Extending use of ODI

A possible solution to this problem is for the S-CSCF to maintain ODI related state information for a longer period of time and allow it to apply to additional INVITE requests.  This leads to the possibility of not “abandon verification of the matching of the triggers of lower priority in the list” and to use the ODI as key to keeping track of where S-CSCF left off in iFC evaluation. How long the S-CSCF maintains this state information would need to be a subject of further discussion.  However, this approach only applies for one pass through the iFC and does not apply  if AS sends multiple INVITE requests (as in Real World Example 3).

Use iFC and token
A possible solution to this problem is for the AS to include a token (SIP header or parameter) in the INVITE request, where there is corresponding Service Point Trigger (SPT) in the iFC to prevent invoking the same AS again when the token is present in the SIP request.  This can be done with data population in the HSS using existing iFC definition and appropriate service logic in the AS.  However the SPTs in the iFCs can become complex and possibly unmanageable since there are more complicated interactions depending on the order application servers need to be invoked and what operations they perform.
Detection within the AS

A possible solution to this problem is for the AS to include a token (SIP header or parameter) in the INVITE request that it sends back to the S-CSCF.  Then there is corresponding logic in the AS to look for the token in a subsequent request received by the AS (assuming simple iFC at S-CSCF causes the request to come back to the same AS) and then skip over normal processing and just return the request to the S-CSCF.  However there is a risk that one AS may insert data that is not preserved by another AS.  Also, if a higher priority iFC causes another AS to receive the request again (call it AS-2), then AS-2 could see a request loop back to it as well, where AS-2 may not have logic recognize the loop and skip over processing.
Pass new data between S-CSCF and AS

A possible solution to this problem is for the S-CSCF and AS exchange a standardized SIP header or parameter in the INVITE request that indicates information on the relative position of iFC evaluation.  The AS can choose to include this information in requests sent to the S-CSCF to direct whether iFC evaluation should start at the beginning, in the middle somewhere or at the end.  This would be relative to the matching SPT for the message received at the S-CSCF.   This is potentially the most flexible mechanism.  There is a caveat that if the SIP message is changed then previous conditions that resulted in matching SPT would no longer be the same set of matching SPT with the modified SIP message.
Conclusion

This document describes a specific problem with the how the S-CSCF handles the filter criteria evaluation process when Application Servers issue final responses to initial requests. In order to achieve the goal of allowing multiple Application Servers to be active during a call between subscribers for a broad set of useful advanced features, the IMS architecture needs to address a deficiency in the way the specifications are currently written. By addressing this deficiency, support for the composition of Application Servers will be greatly improved.

