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1 Background
NG RILTE are currently investigating interoperability issues raised by its members with the intent on providing recommended solutions (including clarifications and /or changes to existing specifications both within and external to NG RILTE) to facilitate VoLTE deployment. 
One such issue raised was with regard to the Network handling of b=AS SDP parameter, specifically when the signalled value is not consistent with the accompanying codec(s). Specifically, the UE (which is untrusted) may include an overly high b=AS value either due to error or malicious implementation. An issue was observed whereby a UE behaved in such a manner resulting in a QCI=1 bearer being requested for an overly large bandwidth value which was only prevented by the eNodeB refusing the bearer set-up request based on local configuration data.

 This LS is intended to bring this issue to the attention of 3GPP WGs for consideration. 
2 Details

RILTE understands that the required bandwidth on the voice dedicated bearer for a VoLTE session may be derived via the b=AS SDP parameter (if present) or else via the selected codec during the SDP offer/answer exchange for the voice session. To this end, there are a number of related 3GPP specifications providing guidance:- 
· TS 29.213 section 6.2 provides example mappings for the AF / P-CSCF between SDP and DIAMETER Rx and permits bandwidth mapping using the SDP b=AS parameter (if present) or via operator default mapping if the SDP b=AS parameter is absent. 
· TS 26.114 section 6.2.5 mandates that the UE sets the SDP b=AS parameter in the SDP Offer correctly, i.e. with the value matching the maximum related codec mode in the mode-set. The initial SDP Offer contains a list of Codec Candidates with potentially very different transport bandwidth requirements and TS 26.114 mandates that the maximally possible codec rate must be used as basis for the calculation of b=AS in the initial SDP Offer. This value is often far higher than needed for the finally Selected Codec and if higher, then the b=AS parameter must be adapted to the Selected Codec.
· TS 26.114 tables 6.7 & 6.8 and annex K provide example mappings for the derivation of the SDP b=AS parameter value for different voice codecs, IP versions and packetization options.  
However, NG RILTE also notes that there is no text in 3GPP specifications regarding the N/W validating the bandwidth value contained in the SDP b=AS parameter as signalled from the UE (i.e. the value signalled by the originating UE in the initial SDP Offer is consistent with highest offered rate). NG RILTE further notes that the UE is outside the trust boundary and therefore any received SDP b=AS parameter ought to be checked to ensure consistency with the associated codec(s). Such a check would mitigate against a badly behaved UE setting the b=AS parameter to an overly high value which could result in possible allocation of excessive bandwidth for the GBR dedicated bearer and thus inefficient use of RAN resources (i.e. overprovisioning).   
NG RILTE understands that the Network is able to police the bandwidth requested / allocated to a dedicate bearer at a number of potential points within IMS / PCC / EPC. NG RILTE notes that 3GPP TS 29.213 section 6.3 does enable the PCRF to derive the Maximum Authorized Data Rate via the Selected Codec information but such policing is not otherwise explicitly described in 3GPP specifications. Moreover, there should be consistency between:
· the bandwidth negotiated in the SDP Offer/Answer Exchange between the two UEs, or the UE and the Network, resulting in the final Selected Codec and its highest rate. This Selected Codec may require a lower b=AS than what was initially requested by the originating UE in the initial SDP Offer.
· the bandwidth requested from the EPC (via PCRF). Note that each side may request different bandwidth from the EPC, if there is transcoding done by the network. 
· the bandwidth allocated by the EPC on the GBR bearer, and 

· the configuration of any pin-holes for media established on any IMS-AGWs/TrGWs for the related SIP session which should reflect the Selected Codec and its highest rate. 

3 Actions

3GPP CT1/CT3/SA4 are kindly requested to consider the issue at hand and provide any feedback/comments on the RILTE observations and also to indicate whether any modifications are needed to any of the specifications to provide further clarification on the correct Network behaviour to ensure correct and consistent bandwidth allocation for VoLTE sessions.    

4 Next meetings

RILTE #54 –  21st September 2016, Conference Call

RILTE #55 – 2nd November 2016 in Sapporo, Japan


