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1. Introduction

Conversational voice and audio services are among the most important ones in the 3GPP mobile business. Although mobile data service revenues are growing fast, the conversational voice service is and will remain for some time the primary revenue generating service for operators.

The switch from narrowband to wideband speech audio with the introduction of the AMR-WB is an important improvement step for these services. In order to keep high value in such services, Release 9 and the new EPS system give an opportunity for the next major step in voice and audio enhancement. This is particularly facilitated by the increasing access data rates and low latencies offered by EPS (EPC and E-UTRAN) which enables very high speech quality and matches the increasing demands for a richer interactive communication supporting music and in general a wider variety of mixed contents. 
This contribution takes a global look at the evolution of the codecs enabling 3GPP voice services. In this context, the compatibility with legacy systems is examined and it is shown that having an additional requirement of bitstream interoperability is not only unwarranted but is a limiting factor in order to realize a substantial forward leap in quality and capacity of the voice service with the EVS.
On the other hand, a careful look at the potential for optimizations shows that it is also possible to enhance the existing codecs and in particular the AMR-WB codec in a bitstream interoperable fashion and would be desirable.  
2. Enhanced Voice Services for EPS
3GPP has initiated a Study item on the definition of Requirements for enhanced voice services for EPS. The study defines and analyses the new use cases in the environment of EPS and its future services. It evaluates how much the newly defined requirements are met by the already available codecs in Rel7. 
It is noted that, by Release 9 timeframe, MTSI as a conversational multimedia service will be provided over EPS. MTSI is the main service for which the EVS enhancements are targeted. This does not however exclude the enhanced service requirements from being later adopted to other services where such enhancements are needed and are found suitable. 

One of the main points justifying the EVS activity is “Progress of speech coding technology should make possible very significant enhancement of coding efficiency, quality of service and overall speech coding performance over IP” [1]. 

Therefore three major high level requirements for the EVS codec are:

1. Very significant enhancement of coding efficiency
2. Quality

3. Operation and performance over IP transport
It is of importance that the use cases and services that are discussed in the EVS activity follow this scope of the study. Therefore, enhancements which target voice services over CS transport are out of the scope of the EVS activity and should not impose unnecessarily drive requirements on the codec. 

However, this does not exclude that enhancements to CS speech services are possible. In fact it is the opinion of the source that such optimizations are possible and that it is quite important that such optimizations are carried out in the best possible time frame [2].

3. 3GPP Voice service codecs evolution
Codecs for speech services in 3GPP are recommended in a way that always includes legacy codecs. For instance, if a terminal supports wideband, then it supports both narrow-band and wideband and includes both AMR-NB and AMR-WB. This approach guarantees interoperability in the sense that if one of the terminals involved in a voice-call does not support AMR-WB; the call can still be carried out with AMR-NB.  This is a key element in guaranteeing interoperability and a smooth transition to wideband speech services. Support of AMR and AMR-WB codecs (AMR-WB for MTSI clients offering wideband speech communication at 16 kHz sampling frequency) is required in TS 26.114, and even the use of other codecs is not excluded.
It is well known that for maximum quality inter-networking, the best possible outcome is that codecs are negotiated end-to-end.  This leads to a reduced delay, no need for trans-coding and re-packetization and in general an overall reduced network complexity and costs. End to end interoperability without transcoding is possible only if at least one common codec is supported between end user terminals. 
In a PS domain, SDP allows negotiating codecs end-to-end and, in an ideal situation, the outcome of this negotiation is ultimately that there should be no node interference in the media flow and both ends use the best quality codec. This is a key element in a voice service over IP where the complexity is moved away from the network and into the UE.
Given the assumption of a PS voice service, a requirement of bitstream interoperability for a potential new EVS codec is unwarranted since the presence of a mandatory AMR-WB and AMR-NB in the UE guarantees interoperation with legacy UEs. 
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Figure 1: 3GPP Voice Codecs Evolution

As depicted in Figure 1, the evolution path for codecs in 3GPP is envisioned to provide at each step a maximum throughput of quality with respect to the available network resources without jeopardizing interoperability with legacy terminals. As is clearly depicted in Figure 1, the lowest level of interoperability is provided by the mandatory support of AMR-NB in all terminals. An enhanced level of interoperability comes with the mandatory support of AMR-WB in all wideband terminals.

The evolution from AMR-WB to a potential EVS codec is no different than that of the evolution from AMR-NB to AMR-WB. The AMR-WB codec is not bitstream compatible to AMR-NB while it provides a dramatic quality leap by introducing wideband speech for both CS and PS transports. This has not prevented the co-existence of these two codecs in today’s networks and terminals albeit at a substantial effort and complexity due entirely to the CS domain (e.g. TFO/TrFO).   
In a similar fashion to that of an evolution from AMR-NB to AMR-WB, it is envisioned that a potential EVS codec would provide a dramatic quality/capacity leap for the voice service. By introducing super-wideband speech and an overall optimized operation and performance over an IP transport, the EVS codec will enable new and future proof rich and compelling services. Because of simpler network architectures in the PS domain, the introduction of a new codec is envisioned to be far less complex and less costly than that of a codec in a CS domain. Prominent examples of proprietary codecs and applications that use 3GPP networks to enable “a voice service” are the SILK codec which is part of Skype.

The deployment of an enhanced voice service over MTSI (which already allows the use of other codecs than AMR-NB and AMR-WB) using an IP optimized EVS codec without bitstream interoperability constraints is possible and desirable in order to reach the ultimate 3G voice evolution and secure a sustainability of the new voice service in the future. On the other hand, requiring bitstream interoperability would diminish the impact of this evolution due to the penalties inherent to a layered coding structure (core AMR-WB + enhancement layers) that leads to an inefficient quality vs. rate curve and poor support for music signals.
To further put things into perspective, it is however recognized that there are benefits in optimizing the existing 3GPP codecs in a bitstream interoperable fashion [2] which should take place in order to guarantee a sustainable operation of AMR-WB, Figure 2. 
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Figure 2: 3GPP Voice Codecs Evolution including optimization of legacy AMR-WB
The desirable optimization of AMR-WB with a requirement of a full bitstream interoperability (without additional layers) can be easily deployed since they would essentially only affect the UE’s and would provide an improved service for both CS and PS. 
It is understood that additional optimizations and desirable functionality extensions of the AMR-WB could also be beneficial in order to capitalize on the existing investments. However, from a priority point of view this area is believed to be secondary to the core optimization work and could be performed after completion of the optimization work on AMR-WB. In fact, the optimization work is envisioned to affect only UE’s while additional bitstream enhancements would require a technical study on how the core network would support the transport of the additional enhancement bitstream. 
4. Conclusion
3GPP Enhanced Voice Services has to be considered in the global context of 3GPP voice codecs evolution. In order to keep the competitiveness of the 3GPP voice services, the evolution of the voice codecs should provide a dramatic leap in terms of quality/capacity and overall optimized performance over the intended transport.  AMR-WB has enabled such a leap from narrowband speech to wideband speech without the need for backward compatibility to AMR-NB. 
A potential EVS codec should also optimize the forward leap by optimizing the voice service over an IP transport and by providing enhanced quality and capacity. It is therefore proposed that no bitstream interoperability with AMR-WB is required on a potential new EVS codec.
On the other hand, in order to guarantee the sustainability of AMR-WB and capitalize on the investments, it is envisioned that an optimization step of the AMR-WB codec in a bitstream interoperable fashion should proceed independently from the EVS work.
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