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Introduction
With the proliferation of LTE and further development of LTE-Advanced, mobile network is becoming a basic infrastructure for delivering multimedia services of rich contents and conversation; not only to high-end smart mobile devices but also to less-expensive entry models of cell phones. This development may contribute to a higher level of user experience at anytime, anywhere. In this respect, the work of EVS should provide one of the essential components that can fully exploit the advantages of LTE/LTE Advanced, by delivering distinctively high quality speech and audio contents. 
It is highly anticipated that EVS work can successfully address the needs of customers and the industry, by contributing to improve the level of user experience of speech/audio services, and consequently, help in expanding mobile business in general. This contribution presents the expectation for the work on EVS from the perspective of operators, and proposes some important aspects in order to help the discussions on the detailed requirements
Background
In some parts of the world, voice ARPU (average revenue per unit) has been declining in the past few years. This is particularly true in countries that have deployed mobile telephony and internet services from the early years. In Japan, for example, mobile voice traffic has been continually declining. Non-voice traffic is expected to surpass voice traffic in very near future.
With the proliferation of LTE and further development of LTE-Advanced, mobile network has steadily evolved from a “voice-centric” system to a broadband infrastructure, with improved latency feature, optimized to deliver multimedia services of rich contents and conversation. In voice telephony service today, music/non-voice sound clips have become a common component. Ring-back tune is a widespread phenomenon worldwide. The quality of which, however, leaves much to be desired.
To handle the variety of speech/audio application and services, mobile handsets today are already equipped with some codecs. With a conventional approach in standardizing codecs, it can be foreseen that in the near future several more mandatory codecs have to be built on top of the existing ones; a situation which has to be rectified.
Expectations for EVS
The work of EVS is indeed an ideal activity given the background presented above. If the deliverables of this work successfully address the needs of mobile industry, it will create a new experience in mobile telephony and bring about more benefits to the users. 

In this respect, the source of this document highly expects the followings: 

1. EVS codec should provide high quality for both voice and non-voice (music) signals, combined or alone. Given the potential future usage of telephony system, quality of non-voice signals must not be compromised.

2. EVS codec should be adapted to LTE/LTE-Advanced characteristics (very low latency and high error robustness) so as to truly exploit the advantage of LTE and facilitates deployment/rollout of potential speech/audio services over LTE and beyond
3. EVS codec should be future-proof; it should not be easily replaced or challenged in near future. Multiple (mandatory) speech/audio codecs should be avoided as much as possible

4. Bitrate range and computation complexity should be kept comparable with existing codecs
With the anticipated codec, unsurpassed speech/audio quality could contribute to elevate user experience in daily telephony, either when having a conversation or when listening to ring-back tunes. 
It is also important to note that EVS codec could (should) be a component for use in enhanced mobile video telephony in the future. While head-and-shoulder-and-speech may have not been a great success, higher quality in speech/audio and video could lead to innovative usage by transmitting non-conversational scene in mobile environment. We believe that transmitting street-corner events, at acceptable quality, is a measure to boost telephony traffic
One example where enhanced speech/audio quality becomes useful is broadcast business. Mobile phones are especially handy for upstream content delivery in making live reports, which allows high quality, anywhere anytime. In addition to professional reporters, any one can be a television reporter, i.e., street corner reporter. Also, note that live relaying for broadcast typically involves non-voice signals, for example, street corner concert, traffic sound etc. To convey the atmosphere of the onsite live reports, the quality of the audio signal must not be compromised.
EVS codec has a very high potential in expanding the usage of telephony system while improving user experience, and its applications are limitless. We desperately envisage that the deliverables of EVS work can halt the decline and boost the performance of ARPU and MOU (minutes of usage) via potential real time communication channel. 
Summmary
In this contribution, we have outlined the expectation for EVS from the perspective of operators and their customers. To maintain a steady growth of mobile telephony services, and hence the mobile industry in general, the working group of EVS is urged to make the decision in the course of formulating the requirements of this work.
1. High quality voice and non-voice signals, combined or alone, should be the main target. Non-voice quality should not be compromised.
2. Select a future proof codec; not to be easily replaced or challenged in near future. It is important that SA4 considers all potential codecs during the course of this work.
3. Avoid multiple speech/audio codecs
4. Bitrate range and computation complexity should be kept comparable with existing codecs
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