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1 Introduction
Currently in SIP based VoIP and IMS networks, users make use of mechanisms like telephone directory lookup or their phonebook to verify the number of the person they are trying to reach. But sometimes it could so happen that the number of the person they are trying to reach is no longer valid or the person’s number has changed and could have been allotted to some other person. So in such cases, the calling users would end up in dialling a wrong number and could possibly end up in embarrassing situations for both the calling and the called users.  

Similarly problem exists when the calling user wants to verify the cost of calling a particular number. For e.g. the cost of calling a landline number would be X cents per min, while a call to a mobile number would be Y cents per minute for the same target user. Now for the calling user there is no way he or she can get this information dynamically. So here too there is a need for the calling user to get this information prior to actually making the call. This could be provided as an optional feature only if the operator is sure of the cost and not otherwise. They could display a message like “The call cost is currently unavailable” or any other suitable error message.

Also the calling users would like to know if the mobile device of the target user they are trying to reach supports multimedia features like video, etc. This would enable them to initiate video calls or send MMS clips during the call. 

In addition to above, there could also be a need for the calling users to know the current presence status of the target users without actually subscribing to their presence status. This information would enable the calling users to actually make the call. Like if the target user’s presence status is shown as “In a meeting”, “Roaming to another country”, “Night sleeping time”, then the caller may decide to call later if the call is not urgent. Now in normal cases, to get this information, the user needs to subscribed to the target user’s presence status – but if the information could be available dynamically and on a per call basis, it would be very beneficial.

2 Problem statement

Now with the current existing mechanisms, there is no way the calling users can request the information they need prior to making the call and then decide whether they want to continue with the call after obtaining the information.

3 Problem solution

A new Push to Pause service is proposed by which the users can request the information they need as part of the initial INVITE request and upon obtaining that information as part of the corresponding event package in a suitable 1zx message, can decide to whether proceed with the call or cancel it.  Below is the solution message flow
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                 Figure 1: Push to Pause service execution by Originating Server

               The table below shows some of the possible option-tag values that could be used in SIP “Require” header to get the required information

	  Option-tag Value
	Operation to be performed
	Information returned to Caller

	 Identity
	Confirm called user’s identity
	Called user name, URI

	 Context
	Confirm called user’s context
	status, location , etc (use of presence package)

	AVCap
	Confirm called user’s audio-video capabilities
	Audio=yes, video=no

	Call-cost
	Cost of call made to called user identity (if same network)
	Cost=$x per min, etc [ Could be for same network]


4 Conclusion

So for that calling user to request and obtain the information prior to actually making the call is not possible. We propose to discuss the above additional requirements on P-CSCF when a UE initiates a new request for a dialog. The additional requirement for this optional feature is given in the companion CR. 
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