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1. Introduction
ETSI E2NA have agreed to transfer Business Trunking related specifications to 3GPP. ETSI TR 182 069 is transfered to 3GPP under TR 24 969.  .
2. Reason for Change
ETSI TR 182 069 references the procedure for hosted NAT traversal defined in 3GPP TS 24 503.  TS 24.503 modifies the hosted NAT traversal procedure defined in TR 24 229 to support keeping the NAT binding for SIP signalling  by using short Registrations between the UE and the P-CSCF: NAT binding is kept alive thanks to  frequent Register requests.

This mechanism is not described in TS 24.229. 

TR 24 969 contains the following  Editor’s Note: 

Editor’s Note: keeping the NAT binding with short registration is only described in TS 24.503 (it’s not described in TS 24.229). Whether we need or not to document this possibility in this document is FFS
3. Conclusions

“Short registration”-based hosted NAT traversal mechanism  defined 24.503 should be referenced.
4. Proposal

It is proposed to agree the following changes to 3GPP TR 24 969 V0.0.1.
* * * First Change * * * *
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6.2.4.1
Keep alive mechanism

TS 24.229 [12] provides two solutions to keep a connection alive, depending on the NAT traversal mechanism (Latching-based as defined in TS 24.229 [12], annex F or SIP Outbound-based as defined in annex K) used.

When using the latching-based NAT traversal mechanism, the additional procedures defined in subclause F.4.2 of 3GPP TS 24 503 [xx] applies. Subclause F.4.2 of 3GPP TS 24 503 specifies two solutions for keeping the signalling connection alive:

· short registration timers (see note 1 in 3GPP TS 24.503 [xx], subclause F.4.2); and

· SIP outbound keep-alive as a stand-alone mechanism (see note 2 in 3GPP TS 24.503 [xx], subclause F.4.2).



When using SIP outbound, as specified in TS 24.229 [12], annex K, the SIP-outbound keep-alive mechanism applies.

NOTE:
Use of alternative mechanisms (e.g. OPTIONS method) is outside the scope of the present document.

