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Abstract

One of the long-standing issues related to SIP is a lack of explicit indication as to whether the local or remote end of a session is providing early media. This is further complicated by discrepancies regarding what behaviour is assumed between networks. Other standards forums have identified the need to communicate when early media has been authorized and may be available.

To address this issue a new SIP header was introduced to communicate this information. This header and associated procedures are described in IETF draft-ejzak-sipping-p-em-auth-03. The header provides a clear indication as to whether or not early media has been authorized or not and where it has been explicitly gated (blocked). The support and use of this header was agreed to by TISPAN for IMS. It has also been included in the Network-Network Interface (NNI) SIP profile currently being worked by ITU-T in the draft Q.NNI Profile (see ITU-T TD 418R1 (GEN/11). Therefore this header may be signalled to the UMTS SIP-I network. When interconnecting to other SIP networks, a boundary node may wish to apply local policy regarding early media to sessions crossing between networks. This header may be used to communicate application of this local policy.

When an indication that backward early media has been authorized is received, call progress tones (e.g., ringing) will be provided by a downstream node. If the remote end has not authorized early media then it must be provided locally or by an upstream node.

Through the use of this P-header, it is possible indicate that call progress tones may be provided by the originating MSC server. Doing so will reduce the amount of bearer traffic across the packet network. Assumes a call where ringing tone is applied for 30 seconds prior to answer, and the call lasts for approximately 90 seconds. Then if the ringing tone is generated by the originating side instead of the terminating side of the call approximate 25% of the backward media packets could be eliminated.
Use of the P-Early-Media header may be negotiated between exchanges. If an exchange supports the procedures, it will indicate so by including an empty P-Early-Media in the initial INVITE. This would indicate that the exchange generating the P-Header supports the associated procedures to the downstream exchange.. The receiving exchange then knows if it can apply the procedures as well. Should it choose to do so, it will include the P-Early-Media with the appropriate parameters in the SIP response(s).
It is proposed that the support of this header be included on the SIP-I based Nc interface as a network option. The use of this P-Header to force generation of call progress tone to an upstream node may be applied based on local policy.
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5.2.1
SIP-I profile options

5.2.1.x
Early Media
MSC Servers may support the P-Early-Media header and associated procedures as defined in IETF draft-ejzak-sipping-p-em-auth-03 [xx] as a network option.
If the P-Early-Media header and associated procedures are supported, then this will be communicated forward by including an empty P-Early-Media header in the initial INVITE.

If the P-Early-Media header is not received in the initial INVITE, then early media must either be provided locally or by a subsequent downstream node.

MSC Servers may support the ability to communicate availability or absence of early media via the use of the P-Early-Media SIP header. It is a matter of local policy as to whether call progress tones are generated locally or applied at a remote node, based on upstream support of this header.
















































































































