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1.
Introduction

Many discussions have occurred during the past during SA4 meetings on progressing the high level requirements for the EVS codec. However, some issues are still pending agreements, for instance issues related to AMR-WB bitstream interoperability and stereo and multichannel support. In addition, some sections such as robustness of the codec (section 6.1.1.) seem to have received little attention. This contribution discusses these issues and proposes corrections and additions to the TR. 
2.
Bitstream interoperability
Bitstream interoperability of the EVS codec to legacy 3GPP codecs and in particular to the AMR-WB codec has been proposed based on arguments developed in e.g. in [1]. The arguments supporting bitstream interoperability have been analysed in numerous contributions [2]-[3]. Huawei believes that the output of the EVS activity should lead to a high quality, high efficiency and future proof codec for LTE systems and beyond. Having the constraint of bitstream interoperability unnecessarily limits the achievable quality of a potential EVS codec.
The validity of the arguments for mandating bitstream interoperability is questionable given the targeted architecture in support of the Enhanced Voice Services. The working assumption for the establishment of voice calls in 3GPP LTE networks is IMS, the IP Multimedia Subsystem, and a service platform running on top of IMS such as the IMS Centralized Services (ICS). ICS provides communication services such that all services, and service control, are based on IMS mechanisms and enablers. It enables IMS services when using CS access for the media bearer. ICS includes therefore an elegant solution to bring GSM only handsets without any IMS extensions into an overall voice solution and can hand-over voice calls from LTE to GSM when leaving the coverage area. 
In the IMS ICS environment, support of CS together with the possibilities of codec (re)-negotiations makes bitstream interoperability unwarranted provided that UEs comply with TS 26.114. Therefore, there seems to be little need to include the constraint of bitstream interoperability with AMR-WB in the scope of the EVS. 
However, the source agrees that there are opportunities for improvements to the legacy AMR-WB specifications. These improvements to the AMR-WB specifications will have the advantage to benefit both CS and PS domain, see [4] at this meeting.
It is proposed to modify the text in the TR according to
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3
Stereo and Multi-channel

Although several contributions in support of a recommendation for stereo and/or multi-channel capability in EVS have been presented in SA4, these provide little evidence supporting the benefits of this capability for conversational speech applications. 
The references presented in [5] claim increased intelligibility associated with spatial rendering. Besides the fact that this is a rendering operation and has little to do with stereo or multi-channel coding, it is unclear how the claimed increase in intelligibility is affected by coding distortions. In fact, the benefits of providing a spatial rendering dimension over mere mono, if any, would largely be drowned under the coding distortions introduced by a stereo coder assuming an operation at the same bitrate. Additional costs would therefore be needed, in terms of increased bitrate and reduced capacity, in order to reach an acceptable level of quality in which the claimed benefits of spatially rendered media could be perceived. 
Additional evidence showing a significant improvement in intelligibility with coded spatial media and monophonic media at the same practical bitrates is needed to warrant the support of stereo and/or multichannel coding in EVS.
4
Delay and Robustness to packet losses
As a background information, in LTE, different applications can have different requirements in terms of QoS. In order to support these multiple QoS requirements, different EPS bearers can be created each having different QoS parameters. The mechanism for providing end-to-end Quality of Service (QoS) is based on packet priority, the packet delay budget (PDB), which ensures that delay-sensitive packets arrive at their destination on time and packet error loss rate (PELR). 
Each bearer has an associated QoS class identifier (QCI). A QCI is a scalar that is used as a reference to access node-specific parameters that control bearer level packet forwarding treatment (e.g. scheduling weights, admission thresholds, queue management thresholds, link layer protocol configuration, etc.), and that have been pre-configured by the operator owning the access node (e.g. eNodeB). 

In the access network it is the responsibility of the eNodeB to ensure the necessary QoS for a bearer over the air interface. For example, a VoIP session could have a PDB of 60 ms together with a PLR of 2%. These parameters are not constant. They can be varied by the mobile operator depending on the congestion levels, time of day, or coverage location. 
There are a number of QCIs that have been standardized so that equipment vendors can all have a unified view of the underlying service characteristics and consequently provide the corresponding treatment. This allows an operator to expect a consistent traffic handling behavior in a multi-vendor provisioned network. 
The QCI class 1 is defined in [6] and exemplifies the QoS characteristics of a typical LTE conversational voice service. The PDB is set to 100ms, and the Packet error loss rate to 1%. It should be noted that the PDB delay figure is interpreted as a maximum delay between the UE and the PCEF with a confidence level of 98%. 
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Figure 1 Standardized QoS characteristics scope for LTE/EPS
As is shown in Fig 1, the scope of the QoS parameters spans only the access network, EPS bearers, and does not extend to the PDN backbone. From Fig 1 and assuming a QCI class 1 is used on both ends, the (one way maximum) delay on the access side is 200ms and the packet loss rate is of 1.99% ~=2%. These figures do not take into account delays and packet losses that may be due to congestion on the IP backbone side. These considerations for the default conversational QCI should be taken into account when setting the requirements for delay and robustness for the EVS codec.
In order to optimize the operation of the EVS codec to the standardized QCI for LTE, the source supports adding the following text.
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5
Conclusion

This contribution provides inputs on some specific items where agreement has not been reached. Especially, clarifications on use cases for stereo and multi-channels should be given in order to progress the high level requirements and allow the finalization of the TR. 
Our previous contributions on the EVS topic [7]-[8] are considered still valid and contain additional inputs. We propose their consideration together with this contribution when progressing the TR.
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Robustness to packet loss and delay jitter


The EVS codec should be robust at different EPS QoS levels. In particular, the EVS codec shall provide excellent performance at the standardized QCI class 1. The quality of the EVS should be evaluated at different realistic scenarios of QoS (delay, fer) classes. 





Backward interoperability





Interoperability is realized by the use or negotiation of existing 3GPP voice codecs. Additional interoperability may optionally be provided at the bitstream level with 3GPP voice codecs.











