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1. Introduction

The study item “Study of Enhanced Voice Service Requirements for the Evolved Packet System (EPS)” [1] intends to derive service, system and codec requirements for the EVS. The radio access part of the EPS is the LTE. Its characteristics in turn define most of the codec requirements.  
This document intends to discuss some of the LTE transmission aspects and to derive conclusion how they would impact the codec requirements to be set for the EVS. Particular focus will be delay, robustness and coding efficiency.
2.  Discussion
2.1 Delay 
Unlike traditional CS mobile radio access networks like GERAN or UTRAN, transmission delay of LTE is not a frozen system parameter. Rather, likewise HSPA, LTE employs an HARQ re-transmission protocol both on uplink and downlink. In this protocol delay is a crucial design or optimization parameter. The more delay is available for this protocol, the more re-transmissions are possible. The number of re-transmissions influences the transmission reliability at a given transmission power budget or allocated transmission resource. Hence, in short, more delay allocated to the LTE transmission will lead to more reliable transmission or better system capacity. Delay is also an important parameter in the transmission scheduler. The more scheduling delay is available, the higher the system capacity.
Likewise, also from speech coding perspective, delay is a desirable resource. Speech coding delay can be used for more efficient speech data compression as well as for increasing the robustness against frame loss. The new, highly efficient ITU-T G.718 standard is a good example how increasing the coding delay enables significant improvements in coding efficiency and error robustness. Compared to AMR-WB, this codec operates at an increased coding delay and gains both in coding efficiency and frame loss resilience. Hence, increasing speech coding delay is another means for obtaining more efficient and more reliable speech transmission and in turn for improving system capacity.
This discussion shows that delay is a parameter in the EVS, which at least the speech codec and the LTE transmission may compete for in order to achieve the best possible system capacity at a given QoS level. When setting the delay requirements for the EVS codec it has to be made sure that together with the remaining delay budget for the LTE transmission protocol an overall optimization of the system capacity is achieved. Sole optimization of e.g. codec efficiency or robustness at the expense of delay available for the transmission may lead to suboptimum system performance and should hence be avoided. It is suggested the codec delay requirement for the EVS codec is somewhat flexible, allowing for overall optimizations of the system performance. Any excess of the EVS codec delay beyond the delay requirement set during the AMR-WB codec standardization should however justified by evidence that the delay would not preferably be used by the LTE transmission protocol. As a guideline, the overall end-to-end delay budget for an EVS UE-UE connection should be in the same order as the corresponding delay of current CS voice services (220-230 ms). 
2.2 Robustness

Ericsson LTE simulations show that meeting a QoS target of 1% PLR will generally be possible for a wide range of operating conditions. This corresponds essentially to the characteristics of PS speech transmissions via HSPA and CS speech transmissions via UTRAN. However, there will also be cases of extreme system load or poor transmission conditions where this QoS target cannot be met and where significantly higher PLRs may occur.

One strategy is to address such cases on speech coding level and to require that the EVS codec should have high resilience to frame losses. The example of the new G.718 codec shows that there is technology that achieves a high level of robustness to frame losses. However, such a high level of error resilience can generally only be achieved by increasing the speech coding delay. According to the discussion above, this delay would then reduce the delay budget available for the LTE transmission protocol. Also, considering that such a high level of error resilience is only required in rare cases when the 1% PLR target cannot be met, this would mean that the codec is overly robust in most of the cases. Such unnecessary robustness generally corresponds to an overprovisioning of transmission resource and hence impacts system capacity. 

A more efficient approach avoiding such overprovisioning of robustness is to apply adaptation as suggested in TS 26.114 [1]. This approach is based on the insight that error resilience is not only a question of using a robust speech codec and that rather error resilience is achievable through a combination of suitable codec architectures, transmission concepts and adaptation. AMR/AMR-WB multimode codecs for instance provide unique possibilities to operate with rate adaptation and to turn to low-rate coding modes and redundancy transmission modes in case frame loss resilience is needed. There is further a so far unexplored potential of increasing the error resilience through more advanced transmission concepts like partial and selective redundancy without sacrificing interoperability to legacy implementations of these codecs. 
It is hence suggested that there should not be particularly strict requirements concerning the frame loss robustness of the EVS codec. Rather, there shall be the assumption that rate adaptation is applied according to the concepts outlined in TS 26.114, Annex C. Likewise AMR and AMR-WB, the EVS codec should, besides a regular operation mode, at least contain a low-rate mode allowing for an operation in conjunction with redundancy transmission. Under the assumption that the EVS codec shall be bitstream interoperable with AMR-WB, the provisioning of such modes for rate adaptation is conceptually straightforward. 

2.3 Efficiency

Coding efficiency, i.e. lowest possible bit rate at a given target quality level is a desirable speech codec property and one important pre-requisite for achieving high capacity in any mobile communication system regardless whether it used in CS or PS connections. The speech codecs available in today’s 3GPP mobile networks and particularly AMR and AMR-WB are the result of significant efforts to optimize speech codec efficiency. While research efforts addressing coding efficiency have not ended with the development of these codecs, it is a fact that increasing coding efficiency even further is a difficult task and has in the past mainly resulted in more and more sophisticated optimizations of the CELP coding principle rather than to a paradigm shift in the applied coding technology. Consequently, the gain possible with such optimizations may be limited though still significant. However, as can be seen at the example of the new G.718 codec (representing the present state of the art in speech coding), gains in coding efficiency usually come at the expense of increased delay and complexity. According to the delay discussion above, increased speech coding delay leads to a reduced delay budget for the LTE transmission protocol and consequently less efficient transmission. Hence, the overall system advantage with using the more efficient codec may be less than suggested by only looking at the rate-distortion performance of the codecs. 
One further aspect that needs to be taken into consideration when asking for improvements in coding efficiency is the packetization overhead caused by the IP protocol used in PS connections. Even though header compression is used, each packet still contains a significant portion of bits that need to be transmitted besides the speech payload. Increasing the speech coding efficiency may reduce the size of the speech payload, though it does not affect the packetization overhead. This leads to the effect that the actual gain from increasing speech coding efficiency is lower than the actual reduction in source coding rate, and that this gain is the lower the lower the source coding bit rate is. 

It is also important to remember that sensitivity to transmission errors is generally increased with increased coding efficiency. The reason is that more efficient coding leaves less redundancy that could be used for error resilience. There is hence the risk that even though the source coding bit rate is reduced, the transmission has to apply a higher QoS target and hence an increased transmission resource in order to compensate for the reduced error resilience.

A property of the transmission protocol used in the LTE is further that at relatively low transmission rates the actual bit rate is not so much a limitation than the packet rate. Within certain bounds and especially at speech payload bit rates as low as about 10 kbps or below, the actual bit rate has much less impact on the system capacity than the number of transmitted packets. Hence, reductions of the speech payload bit rate that are the result of speech coding efficiency improvements will only have a relatively small effect on the overall system capacity.
In summary, while improvements in coding efficiency at low bit rates appear attractive at first glance, there are numerous reasons why these improvements will not be commensurate with the resulting system capacity enhancements. This suggests that there is only limited potential for increased system efficiency with the EVS at low bit rates. Accordingly, EVS codec efficiency especially at low bit rates should not be the main focus. Stricter efficiency requirements should rather apply at higher bit rates. 
3.  Conclusion/Summary
This contribution addresses implications of the LTE system characteristics on the EVS codec requirements on delay, robustness and efficiency.
Regarding delay, it is suggested the codec delay requirement for the EVS codec is somewhat flexible, allowing for overall optimizations of the system performance. Any excess of the EVS codec delay beyond the delay requirement set during the AMR-WB codec standardization should however justified by evidence that the delay would not preferably be used by the LTE transmission protocol. As a guideline, the overall end-to-end delay budget for an EVS UE-UE connection should be in the same order as the corresponding delay of current CS voice services (220-230 ms).
It is further suggested that there should not be particularly strict requirements concerning the frame loss robustness of the EVS codec. Rather, there shall be the assumption that rate adaptation is applied according to the concepts outlined in TS 26.114, Annex C. Likewise AMR and AMR-WB, the EVS codec should, besides a regular operation mode, at least contain a low-rate mode allowing for an operation in conjunction with redundancy transmission. Under the assumption that the EVS codec shall be bitstream interoperable with AMR-WB, the provisioning of such modes for rate adaptation is conceptually straightforward.

Finally, regarding efficiency it is suggested that EVS codec efficiency especially at low bit rates should not be the main focus, due to limited potential. Stricter efficiency requirements should rather apply at higher bit rates.
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