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INTRODUCTION
This paper describes the problem of VoIP codec adaptation based upon load and radio conditions.

The radio load, radio quality (interference level) and network interfaces load are subject to extreme variations.  At peak hour there is a need to trade off some quality for additional capacity. Conversely high quality should be available during off-peak hours. For instance the capacity when using a 4.75 kbps AMR encoder is close to twice that of a 12.2kbps encoder but offers a degraded Mean Opinion Score. Work is needed to provide hooks in the radio access network to enable vocoder selection and adaptation in LTE networks, in particular to enable the UE to select the appropriate AMR coder for VoIP, in response to load conditions as detected by the eNB.

DISCUSSION
VoIP codec selection has significant influence on LTE voice quality, radio network capacity and link budget. Unfortunately 3GPP R8 standards lack mechanisms for the radio network to influence this codec selection. Lacking adequate network feedback mechanisms, VoIP clients must therefore be designed to utilize fixed codec. Fixed codec offer some compromise between voice quality, network capacity and link budget, but are sub-optimal overall. Our interest is to include the radio network in the codec selection and adaptation process so operators may have some flexibility and control. For example, operators need to trigger lower codec use before resources approach exhaustion. In some cases it may be preferable to trigger lower VoIP codec use before other services (for example streaming video services) are affected. The ultimate need is to guarantee QoS for the lowest VoIP codec only, but to allow higher codec as loading conditions and link budget allow.

The issue of VoIP (and real time service) codec selection and rate adaptation has been discussed since November, 2006, when RAN2 first liased with SA4 (ref: S4-060752/R2-063562). Subsequently, many LSs have been exchanged between RAN2 and SA4 on this topic (ref: R2-071104, R2-072120, R2-072189, S4-070108, S4-070171, S4-070225, S4-070314 and S4-070508).

Document R2-072189 Liaison Statement from RAN2 to SA4 on questions on Rate-Adaptive Real-time Media where RAN2 asked SA4 if rate control can be done based on (a) packet dropping and (b) explicit signaling.

Document S4-070314 contains a Reply Liaison on Rate-Adaptive Real-time Media dealing with point (a), that dropping packets doesn’t help.  As a consequence of this Liaison Statement RAN2 stopped working this and resulted in a decision to set MBR=GBR. 

Document S4-070508 answers point (b), on explicit signaling: “To support the rate control functionality a signaling interface between radio resource control (RRC) layer and the UE is needed. The goal for this interface would be to signal QoS relevant parameters in both directions. The functionality of such an interface has not yet been specified”. 

Thus, to allow codec selection based on load balancing, if we choose to apply the explicit signaling option, we would need to specify mechanisms where:

a. The eNB, based on load criteria, sends a request to UE to change codec;
b. The UE receives this request and translates it to an IMS codec reselection.

To be able to do that, a mechanism is needed to interface between the access stratum layer and the application layer as indicated by the above LS. This reselection can either be on the codec itself, e.g. re-selection of a different mode within the AMR codec, or by use of SDP offer / answer to reselect a different codec entirely, e.g. selection of a narrowband codec instead of a wideband codec.

All this prior history notwithstanding, as operators begin to grapple with the very real problem of actually deploying LTE, it has become crucial that this issue be solved once and for all, quickly and effectively.

It is important to note that this functionality is not new at all. Codec adaptation has been used for GSM and UMTS since 2002 in the U.S., and perhaps sooner in other regions. In fact even EFR (1997) had full and half rate support. And while this paper relates primarily to LTE, this problem may also apply to VoIP over HSPA as well as CS over HSPA.

In summary, the challenge isn’t to create something new. The challenge is to adapt LTE to support legacy capabilities.
PROPOSAL
It is proposed that RAN and the relevant WGs specify, within Release 9, radio-related enhancements to enable vocoder rate adaptation over EUTRA. To this end, AT&T et al have a new WID proposal at this meeting.

The specific goals of this WID are to ensure that:
1. Vocoder rate adaptation can be performed at call setup and also in-call;
2. The method selected must at least be able to enable adaptation of AMR codec for VoIP;
3. The UE (since it performs codec selection), has sufficient information about the bit-rate available on both the downlink and the uplink;
4. Vocoder adaptation can be triggered cell-wide or on a per-UE basis.
In conjunction with this effort, the proposals in S2-075184 and S2-080108 may provide a viable starting point.

It is essential to have this functionality available as early as possible (Rel-9) to minimize the number of deployed UEs not supporting adaptation to load. 
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