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Introduction

This document discusses problems related to policy control for early media. It aims to initiate a related discussion. One possible solution is provided as a CR to 29.207 in N3-020962

Discussion

In order to support interworking between the IMS and PSTN, the support of early media for mobile originating calls is hardly dispensable.

It was found in CN3#25 that the Go interface allows the usage of early media as an option, because the SPLP authorisation decision allows to open gates. However, early media are not mentioned explicitly in connection with this option.

Opening up gates before IMS based charging is started contains a potential risk of fraud.

It is therefore desirable to restrict the opening of gates for early media as far as possible and to identify only those calls where a support of early media is required.

The CR in N3-020962 contains the following restrictions:

· Only dowlink direction

· Only one (the first) audio Media component (m=”audio” in SDP). For PSTN calls, only one audio media component will be applied.

Although those criteria restrict the open media to a considerable extent, they are not sufficient to identify calls to the PSTN.

Moreover, in a fraud scenario an audio medium might be signalled in SIP on purpose, although other contents are transmitted. The filter criteria at the gate (in particular, only RTP as protocol) are not sufficient to rule out this possibility.

It would therefore be desirable to identify calls to the PSTN. Unfortunately, the P-CSCF is hardly able to do this with the help of routing information. The decision is up to the S-CSCF, which may be located in another network.

However, the MGCF might indicate in a suitable way with an addition to SIP or SDP (e.g. P-header in SIP, new SDP attribute) that a call is terminating in the PSTN.

Suggestions

This contributions aims to initiate a discussion if such an enhancement to SIP or SDP signalling (e.g. P-header in SIP, new SDP attribute) to indicate that a call is terminating in the PSTN is desirable for Rel.6. CN1 may be involved in this discussion.

