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1 Introduction

In the framework of the EVS Work Item, according to the Project Plan document (EVS-2), the first task is to work out the Design Constraints (EVS-4) and Performance Requirements (EVS-3) permanent documents. 

3GPP SA4 #58 meeting discussed several contributions on the proposed Design Constraints and Performance Requirements. Our proposals in S4-100014 and S4-100015 represent our view of the Design Constraints and Performance Requirements.

This contribution discusses some selected goals that we find extremely important for the success of the EVS project as a whole. Specifically, we address SWB performance issues and availability of integrated modules that are useful for optimized codec behavior and also for testing.

2 EVS Performance for SWB Speech Signals 

EVS represeents the next important step in 3GPP speech coding. Back in the history, we may identify the following codec standards in SMG/3GPP wrt speech coding:

· GSM Full-Rate (FR) coder

· GSM Half-Rate (HR) coder
· GSM Enhanced Full-Rate (EFR) coder

· Adaptive Multirate (AMR) coder

· Adaptive Multirate Wideband (AMR-WB) coder

· Enhanced Voice Services (EVS)


Addressing now the milestones reached in terms of quality, we may find that EFR coder provides high NB quality at 12.2 kb/s. Naturally, the same is true for the AMR 12.2 kb/s mode. In terms of WB speech, it is known that AMR-WB provides high WB quality at 12.65 kb/s. We may observe that high quality speech can be provided at a bit rate around 12 kb/s, independently whether it is NB or WB. 

We may interpret this observation on several ways. One is that it is clearly shown that no high bit rate is needed to achieve high speech quality. A bit rate around 12 kb/s is sufficient! Another interpretation is that evolution in speech coding is demonstrated by enlarging the audio bandwidth while keeping almost the same bit rate and same quality level. A further assessment relates to improvements in NB and WB coding: the goal of such improvements should be a better operating point of the coder in terms of capacity, robustness etc. 
Following this logic, we may expect the next generation of 3GPP coding to follow this evolution path. This may mean various things. One of them is to achieve high quality SWB speech at around 12 kb/s. We propose to design the EVS Performance Requirements on a way to include this requirement as a key scope. In order to achieve this goal, we seek for an agreement in SA4 in principle on having this requirement for EVS without naming a concrete reference condition yet – doing so may be a second step in the work.
3 Speech Coding Related Signal Processing Modules
In the context of the EVS codec, in this section we address some signal processing functional blocks that aim to improve signal quality in conjuction to the speech compression algorithm. 
Noise suppressor is a functionality designed to enhance speech quality in the presence of background noise. As an example, 3GPP SA4 has run efforts towards the standardization of a noise suppressor for the AMR coder. The AMR-NS is a pre-processing module used to improve speech input signal for speech coding. The result of this project is a set of minimum performance requirements in TS 26.077 which demonstrates also that a noise suppressor prototype can be defined. 
Besides the aspect of standardization activity of AMR-NS feature in 3GPP, it is well-known that noise suppressors are common in all mobile phones today. These algorithms may work as a pre-processor and may utilize functions or data of the speech encoder. The performance of the noise suppressors is either controlled by the AMR-NS requirements or by the terminal acoustics specifications. On either way, noise suppressors are always present in mobile phones and they are tuned to match the characteristics of speech coders.
A further functionality is error concealment of lost frames or packets. In real-world implementations of speech coding, this feature is always included. For example, TS 26.094 provides an informative specification of an error concealment scheme for the AMR coder. The purpose of such specification work in 3GPP is to reach a certain quality level for implementations and allow for potential improvements at the same time. Note that some further coder specifications were equipped by PLC algorithms, e.g. in ITU-T G.711, G.722 etc. We find here again that error concealment algorithms are always present in mobile phones and the algorithm is tailored to the characteristics of the speech coder.
Jitter buffer management is specific to packet-switched (VoIP) applications of speech coders. Furthermore, optimal decoder performance is achieve when the jitter buffer is managed in connection with PLC schemes.  For example, PLC can utilize the potential look-ahead to available packets in the jitter buffer to improve concealment.  Adaptation of the jitter buffer size can also be managed in conjunction with the decoder to reduce average delay in a manner than is more optimal than a JBM with no such interaction with the decoder.  Although an independent JBM can be defined, its performance will be suboptimal.  Therefore, the JBM should be provided as part of the candidate codec, and the interface to the codec has to be specified.
In fact, we find that NS, PLC, JBM functionalities are always present in real-world implementations of speech coders and they are designed to match the characteristics of the speech coder used. On this way, these blocks become part of the speech coding implementation. At the same time, they may bear a differentiation potential between terminal manufacturers in some cases. So from specification point of view, we have to find the right balance as we have to ensure a desired quality level of these algorithms, on the other hand, we have to leave some degree of freedom to the manufacturer to be able to improve his implementation. We believe that can be achieved efficiently by integrating the NS, PLC, JBM modules into speech coder solutions, in our case, the EVS candidates; the level of freedom, where required, can be provided by appropriate specification status.
If we regard the aspect of testing in EVS qualification, selection, characterization phases, it is clear immediately that the availability of the underlying functional blocks in candidates is necessary. Testing aims at characterizing the EVS coder in practical situations hence all the noise suppressor, error concealment, and jitter buffer management functionalities have to be integrated in the candidate solutions.
4 Conclusion
We analyzed some aspects of Design Constraints and Performance Requirements for the EVS coder. From 3GPP speech coding evolution point of view providing high SWB quality at around 12 kb/s should be an important goal. Also, commonly available signal processing modules like noise suppressor, packet loss concealment and jitter buffer management solutions have to provided as part of the EVS candidate solutions in order to ensure high quality performance in real-world use cases.
