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Introduction

There are IN  services like Freephone, Premium Rate, Universal Access Number, that a mobile user would like to access from his home PLMN and also when he is roaming. These are the services that are already popular in his PSTN.  The requirement is that a mobile user should be able to invoke the same set of IN services, say call up a freephone/PRM subscriber, preferably using the same dialling pattern as already prevalent in his PSTN. 

Requirement

Each of the services mentioned above is characterized by a unique service key, an access code and an SCP/CSE-id to be contacted for these services. For each of these services, the CSE may want to control the charging for the mobile user, for e.g. for a freephone service, the CSE may want to stop the charging functions at the O-VMSC and charge the freephone subscriber instead.

One of the advantages of CAMEL can be to give access to such services to the mobile users in their HPLMN/VPLMN. The services can be made part of the CSI  information sent to the PLMN(s) in which he is currently located. The services can be invoked by the  mobile users at the Originating MSC by ANALYZING the access code in the dialled digits of the calling party. If the access code matches the called number string criteria for subscribed dialled services, then a dialogue with the corresponding CSE can be initiated.

The support of these services through CAMEL can be obtained as follows -

Step 1.  The services are made a part of mobile users dialled services, i.e., the access codes of these services are made part of called no. criterion list defined for subscribed dialled services.  

Step 2.  When a user dials a number containing the access code for one of these services, irrespective of his PLMN, the dialled service criterion is met as :

· the called number is at least as long as the called number string in the criteria

· all the digits in the called number string in the criteria match the leading digits of the called number

· the two numbers are of the same Type Of Number (TON)

Please note, for these services, the CSI criteria applicable at call setup when dialled digits have been collected(DP2) was not satisfied. As a result, no contact has been made with the CSE as yet. 

Step 3.  The CSE whose CSEid is stored in the criteria is contacted and further instructions awaited. The CSE can then instruct the SSF to monitor  the call duration for the call and/or monitor the subsequent call related events such as Called party answer, call disconnection, unsuccessful call set-up events. It can then allow the call to be continued with the modified destination number(say, a translated no.  for Freephone/PRM ). 

As, the access code in the dialled number does not match with the criteria on dialled no. or any other CSI criteria defined at collection of dialled digits(DP2), a dialogue is not initiated with the CSE on collection of dialled digits. As a result, there is no existing relationship at the point(Analysis of dialled digits - DP3) the CSE is contacted for these services. Hence, a relationship can be opened with the CSE for these services at this point to monitor the call duration and subsequent call events without involving multiple 

service interactions.

Issue

 The above discussion talks about initiating a call controlling dialogue at DP3. What if a call controlling dialogue had been initiated at DP2. This might result in multiple call controlling dialogues for the same call & hence complex multiple service interactions.

Discussion

The 3GPP standards (22.78) allow initiation of a new dialogue at DP3 regardless of an existing relationship that might have been initiated at DP2. However, the standards do not allow this dialogue to be a call controlling dialogue. This is to avoid the above mentioned issue. However,  if no dialogue had been initiated at DP2, i.e. there is no existing relationship at the point of service invocation at DP3, then a call controlling dialogue (activation of subsequent control service events for the call) should be allowed at DP3 without resulting in multiple service interactions. 

Issue 

As  the CSE already has the capability to activate subsequent control service events for the call, monitor call duration etc. at DP2(digits collected), why not invoke the services using the dialled string criteria in O-CSI defined at DP2. Why at DP3(digit analysis)? 

Discussion 

As each of the services mentioned above, like Freephone, PRM, UPT, UAN  may have a different CSE to be contacted and have a different service logic identified by a unique service key, only the the called number criteria defined analysis of digits is appropriate for  identification and invocation of these services.

Conclusion

The IN services prevalent in the PSTN can be given to mobile users even while roaming by making them a part of their dialled services CSI. A control relationship corresponding to these can be initiated in case no relationship exists at the point of invocation. Otherwise, the call shall be released.

