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1. Introduction

The feasibility study on enhanced voice service requirements for the Evolved Packet System (EPS) is carried out jointly by SA1 and SA4. Since the last SA1 meeting, SA4 has progressed their part and has sent an updated version of the draft TR 22.813 [1] (version 0.2.1) to SA1. 
Our proposals are based on the use cases identified in the draft TR (version 0.2.1) and on the discussion contained in our earlier SA1 contribution Tdoc S1-080023 [2].
In this contribution, we propose further updates for the draft TR for the sections under the responsibility of SA1.  The detailed proposals are contained and shown with revision marks in the attached updated version of draft TR 22.813 (version 0.2.1 with proposed updates).  A summary of these proposed changes are summarized below with reference to the appropriate sections of the TR.
2.
Proposed Updates to the TR
2.1
Audio Conferencing Use Case

The current draft of TR 22.813 defines audio conferencing a relevant scenario for Release 9. However, the intention of the description it is not fully clear as it pertains to the study of voice services. The voice quality assumptions as well as interoperability with different access systems are clear as they are also addressed in other use cases. Hence, the main objective seems to be the multipoint audio conference architecture. It that sense, the draft text seems to shift the scope of the TR towards service and architectural requirements for a network based teleconferencing.  An issue is that so far only one single modality (voice) is addressed. Typically, conferencing services have a provision for a visual component as well as data sharing capabilities. Therefore, setting requirements for only voice does not serve the purposes of teleconference services. 

Another issue is the assumption of different audio rendering and reproduction schemes. It is unclear whether all the rendering requirements apply to e.g. narrowband mono. It is easy to envision that narrowband mono is rendered in a fullband 5.1 sound system, but setting such a requirement is not needed. On the other hand, it is not be feasible to require the receiver to always render 5.1 bitstream with a multi-loudspeaker setup. 

Our suggestion is to concentrate on the voice quality and interoperability issues instead of architectural and reproduction requirements.  Architectural issues are outside the scope of the TR and of SA1 and SA4. The proposed changes accompanying this view are contained in Section 5.1 of the TR.
2.2
Interoperability Considerations

The introduction of any new codec into an existing cellular system requires a careful analysis of the impact.  One important issue is the smooth transition of voice services using 3GPP legacy codecs (AMR-NB and AMR-WB) to new codecs. As cellular telephony matures, users have come to expect improved voice communications.  As such, the introduction of transcoding is an undesirable option when introducing a new codec. In looking at how this issue was handled in the past, when 3GPP transitioned from GSM-EFR to AMR-NB, it maintained GSM-EFR as one of the suite of codecs in AMR-NB to maintain a bit stream level backward compatibility.  A similar approach is necessary to facilitate the successful introduction of a new codec into 3GPP-defined networks in a manner that does not degrade the quality of mobile-to-mobile calls between two or more users.  Only backward compatibility will guarantee the avoidance of transcoding and the associated quality and transmission delay drawbacks. (Avoiding transcoding through codec negotiation would require that each terminal supports the whole list of codecs used by the other terminals. This is clearly not feasible, particularly during a transition phase from a well-established voice codec to a new one.) 
It is entirely possible that a choice will have to be made between AMR-NB and AMR-WB as the target of backward compatibility. This is another topic for the codec experts in SA4 to address.  One can envision a scenario in the timeframe of deployment of new codec(s) for EPS where voice communications in packet-switch wireless networks are primarily based upon wideband voice.  Assuming so, the evolution of narrowband codecs will no longer be needed and backward compatibility with the higher-quality AMR-WB would be the only interoperability requirement.  This would provide an improved starting point for any new EPS voice codec with a bit stream backward compatibility requirement. 

Another issue to address related to the topic of backward compatibility is whether backward compatibility is needed with all modes of operation of the legacy codec.  At a minimum, a subset of the modes that guarantee backward compatibility with the most important applications benefiting from the lack of transcoding must be maintained. A separate requirement for the decoder providing decodability of all legacy modes of operation will likely also be beneficial. These are details beyond service requirements and require codec expertise and hence should be handled in SA4 as part of the codec requirements. 

Table 1 below represents Nokia’s input on the requirement of backward compatibility. Note that this table addresses service requirements. Compatibility with existing services while avoiding transcoding may be achieved either by maintaining the legacy codecs going forward, or by ensuring backward compatibility of a new codec with the legacy codecs. For new services without legacy requirements, such as superwideband voice, a new codec is needed. 
Modifications to the TR text corresponding to this topic are contained in Sections 5.3 and 6.2 of the TR.

	Feature
	EPS Shall Support

(Mandatory)
	EPS Should Support

(Objective)
	EPS May Support

(Optional)

	AMR-NB
	X
	
	

	AMR-WB and bit-stream backward compatibility with AMR-WB
	X
	
	


Table 1:  Service Requirements for Interoperability Aspects of EPS Voice Services 

2.3 Support of WB Voice 

Given that currently used voice services are narrowband, the most significant step in improving voice quality can be obtained through the use of wideband voice.  While wideband voice services are in place, their support is not mandatory (i.e. terminals are not required to support wideband voice) limiting their use and the voice quality offered to users.  Therefore, we propose to mandate the support of wideband voice in EPS.  3GPP should carefully consider this proposal as Release 9 is a very reasonable timeframe to mandate wideband voice and 3GPP should provide state-of-the-art experience in communications in the face of challenges from proprietary VoIP systems.  
Text to the TR that corresponds to this proposal is contained in Section 6.3.

2.4
System and Service Requirements
The system and service requirements are contained in Section 6 of the TR are derived from the use cases documented in Section 5.   We have proposed a structure to Section 6 that addresses topics pertinent to the performance of existing and new services.  These include voice and audio quality requirements, interoperability, and topics important to implementation such as complexity and delay.

In particular, the extension of voice bandwidth to superwideband and fullband as well as the addition of stereo and multi-channel capability are addressed.  A summary of our proposal for these topics is contained in Table 2 below.  This table includes the current status of narrowband voice services as well as our proposal for wideband mono voice services.  When including any new codec(s) into 3GPP specifications, SA4 of course needs to take into account whether existing codecs are good enough to justify their inclusion.
	Feature
	EPS Shall Support

(Mandatory)
	EPS Should Support

(Objective)
	EPS May Support

(Optional)

	Narrowband Voice
	mono
	
	

	Wideband Voice
	mono
	stereo
	

	Superwideband Voice
	
	mono
stereo
	Multi-channel

	Fullband Voice
	
	
	Mono
stereo

multi-

channel 


Table 2: Service Requirements for Audio Bandwidth and Multichannel Aspects of EPS Voice Services

Text to the TR that corresponds to this proposal is contained in Sections 6.3 and 6.4.

2.5
Phased Evolution of Capability  
The concept of the timing of the introduction of enhancements is worth introducing, with the view in mind that an enhancement that is deemed optional for the next release may be made mandatory in future releases.  Today, the only mandatory voice service is narrowband voice.  As the next step, we propose mandatory wideband voice with stereo wideband voice and mono/stereo superwideband voice as recommended, with multichannel superwideband, and all fullband voice as optional.  Future steps could introduce additional capabilities as mandatory and move additional enhancements to be recommended as we realize improvements in the capabilities of devices and networks designed to provide these voice services.

3.
Proposal
We propose that SA1 adopt the revisions contained in the accompanying modification of TR 22.813.
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