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*** Start change 2 ***
15 Hosted NAT traversal for media

This section describes procedures for MTSI UE in support of hosted NAT. In this scenario, both the media flows and the SIP signalling traverse a NA(P)T device located in the customer premises domain. The term "hosted NAT" is used to address this function.
To allow the IMS access gateway to perform address latching, for a given RTP based media stream, the MTSI UE shall use the same port number for sending and receiving RTP packets and the same port number for sending and receiving RTCP packets.
To allow early media flows, the MTSI UE shall send keepalive messages for each RTP based media stream as soon as an SDP answer is received in order to allow the IMS access gateway to perform address latching before the call is established.

To keep NAT bindings and firewall pinholes open with uni-directional RTP traffic and enable the IMS access gateway to perform address latching, the UE shall send keep alive messages for each media stream. These messages shall be sent regardless of whether the media stream is currently inactive, sendonly, recvonly or sendrecv. 

MTSI UEs that  implement the ICE procedures as defined in draft-ietf-mmusic-ice [xx] shall implement the keepalive procedures defined in draft-ietf-mmusic-ice [99]. UEs that do not implement the ICE procedures as defined in draft-ietf-mmusic-ice [xx] shall implement the keepalive procedures defined in draft-ietf-mmusic-ice [xx]. In case the MTSI UE implements ICE and the other end does not support ICE (such that STUN cannot be used for a keepalive), the MTSI UE implements ICE and can not discover STUN or TURN servers to gather candidates or the MTSI UE does not implement ICE, the keepalive message shall be an empty (no payload) RTP packet with a payload type of 20 as long as the other end has not negotiated the use of this value. If this value has already been negotiated, then some other unused static payload type from Table 5 of RFC 3551 [10] shall be used. When sending an empty RTP packet, the UE shall continue using the sequence number (SSRC) and timestamp as the negotiated RTP steam.

*** End change 2 ***
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