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Introduction

This document comments the end-to-end callflows suggested in Sections 4.1.3.2.2 and 4.2.3.2.2 of the TR.

It aims to initiate a discussion about the impacts, in particular on policy control over the Go interface.

The callflows rely upon the “inactive” SDP attribute, which was not yet discussed in CN3.

The present contribution therefore also provides information about the “inactive” SDP attribute, and suggests that the handling of this attribute for policy control should be investigated.

Callflows

The discussed callflows are copied here for the convenience of the reader.
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Figure 4.1.3.2.2.2/1: Using re-invite to connect calling 3GPP UA to called non-3GPP UA not supporting the SIP preconditions extension, the SIP update extension and the SIP 100rel extension.
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Figure 4.2.3.2.2.2/1: Using re-invite to connect calling non-3GPP UA not supporting the SIP preconditions extension, the SIP update extension and the SIP 100rel extension to called 3GPP UA. The INVITE contains SDP.
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Figure 4.2.3.2.2.2/2: Using re-invite to connect calling non-3GPP UA not supporting the SIP preconditions extension, the SIP update extension and the SIP 100rel extension to called 3GPP UA. The INVITE contains no SDP.

References for the “inactive” SDP direction attribute.

The inactive SDP attribute is not contained in RFC 2327 “SDP: Session Description Protocol"

From draft-ietf-mmusic-sdp-new-10.txt

a=recvonly

    This specifies that the tools should be started in receive-only mode

    where applicable. …

a=sendrecv

    This specifies that the tools should be started in send and receive

    mode.  ….

    If none of the attributes "sendonly", "recvonly", "inactive", and

    "sendrecv" is present, "sendrecv" SHOULD be assumed as the default

    for sessions which are not of the conference type "broadcast" or

    "H332" (see below).

a=sendonly

    This specifies that the tools should be started in send-only mode. …

a=inactive

    This specifies that the tools should be started in inactive mode.

    This is necessary for interactive conferences where users can put

    other users on hold. No media is sent over an inactive media stream.

    Note that an RTP based system SHOULD still send RTCP, even if

    started inactive. It can be either a session or media attribute, and

    is not dependent on charset.

From  RFC 3264 “SDP Offer answer” (mandated by SIP RFC 3261)

If the offerer  wishes to communicate, but wishes to neither send nor receive media at this time, it MUST mark the stream with an "a=inactive" attribute. The inactive direction attribute is specified in RFC 3108 [3]. Note that in the case of the Real Time Transport Protocol (RTP) [4], RTCP is still sent and received for sendonly, recvonly, and inactive streams.

…

If a stream is offered as sendonly, the corresponding stream MUST be  marked as recvonly or inactive in the answer.  If a media stream is listed as recvonly in the offer, the answer MUST be marked as sendonly or inactive in the answer.  If an offered media stream is listed as sendrecv (or if there is no direction attribute at the media or session level, in which case the stream is sendrecv by default), the corresponding stream in the answer MAY be marked as sendonly, recvonly, sendrecv, or inactive.  If an offered media stream is listed as inactive, it MUST be marked as inactive in the answer.

…

One of N Codec Selection

A common occurrence in embedded phones is that the Digital Signal Processor (DSP) used for compression can support multiple codecs at a time, but once that codec is selected, it cannot be readily changed on the fly.  This example shows how a session can be set up using an initial offer/answer exchange, followed immediately by a second on to lock down the set of codecs.

The initial offer from Alice to Bob indicates a single audio stream with the three audio codecs that are available in the DSP.  The stream is marked as inactive, since media cannot be received until a codec is locked down:

…

   [3]   Kumar, R. and M. Mostafa, "Conventions For the Use of The

         Session Description Protocol (SDP) for ATM Bearer Connections",

         RFC 3108, May 2001.

Discussion

The suggested callflows aim to solve the following essential problems:

· A PDP context is set up before IMS based charging is started by a suitable SIP message.

· The GPRS Charging ID generated during the PDP context set-up has to be transported from the P-CSCF to the S-CSCF before IMS based charging is started by a suitable SIP message.

Start of IMS-based Charging at P-CSCF to the S-CSCF

A suitable SIP message can be the 200(OK) Invite, provided the media streams are then active(send, recv, or sendrecv). This requires to store SDP information in order to decide when to start charging.

Currently, no handling of the “inactive” attribute seems to be defined in the charging specifications.

Transport of GPRS Charging ID

Suitable SIP messages appear to be available:

· Either re-INVITE

· Or 200(OK) for re-INVITE

Handling of “inactive” attribute in policy control at the Go interface

Currently, no handling is defined for the “inactive” SDP attribute.

A central problem for policy control is that the “interactive” attribute does not contain any direction information (i.e. is the media stream intended to become “send”, “recv” or “sendecv” ?). 

Two possible handlings of this problem could be considered:

1. Do not authorise any QoS resources for “inactive” media. Authorise QoS resources only when the media stream is activated (i.e. set to “send”, “recv” or “sendecv”). As a consequence, the UE can set up the PDP context only when the media stream is activated.

2. Authorise QoS resources for “inactive” media in the same way as “sendrec”. (This allows setting up PDP context at this stage. The UE may know the intended direction for the media streams, as in the suggested callflows). Downgrade QoS when activated media streams are “send” or “recv” only. To avoid fraud, gates should be opened only when media streams are activated. 

Option 1. has the advantage that it avoids reserving unnecessary resources at the air interface at an early stage,  and would appear to be the natural solution under the assumption that the preconditions SIP extension is available.

However, Option 2 is required for the proposed callflows.

Support of “interactive” attribute in external SIP clients

The References above seem to imply that a SIP client complying to RFC 3261 is mandated to support the “inactive” SDP attribute, although the situation is less clear than desirable. A SIP client complying to RFC 2543 is likely not to support the “inactive” SDP attribute.

A SIP client not understanding the “inactive” SDP attribute will ignore it and therefore handle the corresponding media streams as “sendrec”. Relying in interworking situation on the “inactive” SDP attribute therefore bears a certain risk.

In the suggested callflows, the 3GPP UA is always sending offers, not answers. It should therefore be considered if rules can be formulated for QoS mapping at the Go interface and for the start of IMS-based charging at the P-CSCF and at the S-CSCF that rely upon the “interactive” attribute in SDP offer only.

One possibility to interworking with SIP clients not suppporting the “inactive” attribute is simulating the correct behaviour of the answering UA by assuming “inactive” in the answer if it was set in the request, no matter what direction attribute is actually set in the answer. (This applies both for charging and policy control)

Suggestions

The results of the discussion should be included into the TR in a drafting session.

TS 29.207 and TS 29.208 should be enhanced to describe the handling of the “inactive” attribute. The appropriate handling may depend upon the selected solution for the 3GPP SIP profile interworking.

SA5 should be contacted in order to further investigate the impacts on charging.
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