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1 Introduction

This contribution discusses arguments for starting a work item on Enhanced Legacy Voice Services. From the different contributions and discussions addressing the EVS Study Item, there appears to be strong evidence and support for such improved legacy wideband speech services using the same bitstream syntax as AMR-WB. 

2 Discussion
Speech coding technology has evolved since the AMR-WB specifications have been frozen in 2000. Evidence for improved AMR-WB coding has been presented with e.g. the G.722.2 interoperable mode of G.718 [1]. Although these improvements have been standardized in ITU-T with a set of requirements that may or may not meet the needs of 3GPP (higher delay, higher complexity), it is essential for 3GPP to consider this work and start working on improving the AMR-WB specifications in order to keep the competitive edge of its systems. This is especially true when AMR-WB capable systems are being rolled out and the adoption of wideband speech services is gaining momentum and operators should benefit from the full bitrate range of AMR-WB bitrates rather than only one bitrate at 12.65 kbit/s. This work must keep interoperability with existing AMR-WB implementation to avoid jeopardizing AMR-WB deployment.

Several contributions, e.g. [2], have argued that EVS should provide improved AMR-WB coding and that this would provide added value in terms of improved wideband speech communications between new "EVS customers" and legacy AMR-WB users. It is the opinion of the sources that there is no need to wait for EVS deployment to provide such interoperable improvements. The simple reason is: improvements that do not change the bitstream syntax of AMR-WB can be standardized for all users, in the PS and CS domain and for 2G and 3G users, regardless of which access technology and network architecture. 

These updates and improvements to the AMR-WB specifications have a different scope than that of EVS and therefore merit their own set of requirements and design constraints. Besides, the EVS TR is not yet finalized, and it is still unclear whether or not AMR-WB interoperability will be a mandatory/recommended or optional feature. It is the opinion of the sources that the AMR-WB improvements work should be undertaken independently from the EVS TR.
The foreseen improvements should target at least:

1. Quality improvements, especially:

a) Low bitrates performance, especially at 8.85 and 6.6 kb/s where the quality of AMR-WB is known to be insufficient as these modes are considered as fallback modes. 
b) High bitrates improvements, as the AMR-WB quality tends to saturate for bitrates higher than 12.65 kbit/s.

c) Quality for music signals

2. VBR operation and VAD optimizations for enhanced capacity. AMR-WB VAD is not really efficient for noisy conditions and even for clean speech (at least when compared to AMR-VAD1 in narrowband conditions).
3. Robustness to frame erasures.

4. Complexity vs. Quality tradeoffs. In particular, the complexity should be kept as close as possible to that of AMR-WB. An increase in complexity should be justifiable by an improvement in performance.

3 Conclusion and Proposal

There is an opportunity for 3GPP SA4 to update the AMR-WB specifications with non-bit exact but bitstream-interoperable algorithmic enhancements leading to access and transport agnostic improved wideband speech services. 

Because of the focused scope of this work, the standardization of these improvements should be achieved at a much faster pace than the standardization of a new codec. In fact, the requirements and design constraints of such a work item are already known from the AMR-WB codec and should closely match the design constraints of legacy AMR-WB. 

The improvements should target both CS and PS networks, and are therefore beyond the scope of the currently discussed EVS study item. The resulting improved version of AMR-WB is foreseen to quickly replace legacy AMR-WB with a minimum to null impact on the network and the UEs. Because AMR-WB is being rolled-out today, this leads to a faster “time to market” than awaiting the standardization, the network support and deployment of the 3GPP Enhanced Voice Services which will likely be years from now.

The sources propose and support starting a Work Item on Enhanced Legacy Voice Services in 3GPP SA4.
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