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1. Introduction
The strategy for standardizing EPS voice codec(s) resulting from the EPS Voice Service Requirements study item should be well-justified through identification and analysis of use cases and defining service and system requirements. This is the role of SA1, while SA4 is responsible for identifying the detailed codec requirements and assessment of existing codecs for fulfilling the needs of all identified requirements.   
In this contribution we discuss topics raised by the study item WID [1] and provide the Nokia view on service and system requirements to be considered in the definition of a voice codec standardization strategy for EPS.

· Enhanced audio quality: As mentioned in the WID, EPS is being developed by 3GPP in part to support enhanced and new services, implying the need to provide enhanced audio quality through voice codecs with higher audio bandwidths.

· Interoperability:  The topic of interoperability or backward compatibility is discussed.  The role of existing codecs in future service definitions and the need for a smooth transition is discussed.
2. Use Cases

All voice communication including new use cases could benefit from enhanced voice quality provided by wider audio bandwidth. This is especially valid for multi-party communication (teleconferencing) but also for two-party calls. Addition of the capability of stereophonic voice over that of monophonic voice can also be expected to bring improvements, especially for the teleconferencing use case. 
Interoperability with legacy 3GPP voice services must be taken into account as we consider defining codec(s) for EPS voice services. This is one important use case. Voice quality must be maintained or even enhanced in all scenarios.  As transcoding degrades voice quality and adds transmission delay it must be avoided. 
3. System and Service Requirements
3.1 Enhanced Audio Quality
The evolution of conversational speech is towards higher audio bandwidth providing more natural perception of presence and better voice quality. In voice communication, wideband capability introduces the most significant improvement step. Stereo or even multi-channel voice representation provides better perceptual signal to noise ratio, speech intelligibility and speaker separation in case of multiple talkers.  
Narrowband (300 Hz – 3400 Hz) monophonic voice is supported in current 3G services through the AMR-NB codec. The AMR-NB is the only mandatory voice codec, and its deployment is ubiquitous.  
Wideband (50 Hz – 7 kHz) voice is currently optional, but if implemented, the mandatory codec is AMR-WB. One way to provide an improvement in audio quality is to mandate the support of wideband coding via AMR-WB.

The voice codecs that have been standardized by 3GPP address the needs of monophonic narrowband and wideband applications (50 Hz – 7 kHz).  From the point of view of additional voice service capability, and moving in the direction of transparent communications, one can easily envision the demand for wider audio bandwidths and the addition of stereophonic or even multi-channel capability.

Beyond wideband encoding of voice, two increments of audio bandwidth are typically encoded:  superwideband voice ranging from 50 Hz to 15 kHz, and fullband voice ranging from 20 Hz to 20 kHz. For the purposes of voice communications, the addition of superwideband capability over that of wideband provides a greater incremental benefit than that of fullband over superwideband. As such, the requirement of adding superwideband voice capability should be given a higher priority than that of fullband voice.
Similarly, the addition of the capability of stereophonic voice over that of monophonic voice will bring a greater incremental benefit than that of multichannel coding over that of stereophonic.  Therefore, in similar fashion, any requirement of stereophonic voice should be given a greater priority than that of fullband voice.

These arguments are made based upon the use of any new voice codec primarily for voice communications.  While there may be some applications that use voice codecs for music, there are audio codecs standardized by 3GPP for true music applications. These dedicated high quality music codecs typically require higher algorithmic delays than what are allowed for voice conversation. As such, any requirements for any new voice codec related to music should be secondary to voice-driven requirements. However, one should expect an improvement in music performance for any codec with the capability of superwideband bandwidth and higher. 
Table 1 below is Nokia’s input on the necessity of the above-discussed service capabilities from the point of view of audio bandwidth and multichannel capability. Note that these directly impact the codec requirements to be set by SA4. The benefits of requiring higher bandwidth than currently available should be assessed by SA4 voice quality experts. In particular, SA4 can comment on the incremental improvement superwideband audio provides over the currently-available wideband voice.
	Service Category
	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 1: Service Requirements for Audio Bandwidth and Multichannel Aspects of EPS Voice Services
3.2 Interoperability 
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. In the introduction of EVRC-B, 3GPP2 maintained backward compatibility with EVRC-A through one of the modes of operation of EVRC-B. 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 speech.  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 2 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.
	Service Category
	EPS Shall Support

(Mandatory)
	EPS Should Support

(Objective)
	EPS May Support

(Optional)

	Bit stream backward compatibility with AMR-NB
	x
	
	

	Bit stream backward compatibility with AMR-WB
	x
	
	


Table 2:  Service Requirements for Interoperability Aspects of EPS Voice Services 

4. Proposal
The key service requirements for EPS voice service are seen to be 1) enhanced voice quality: wideband voice required with an objective to achieve superwideband voice and stereo; and 2) interoperability with legacy 3GPP services: backward compatibility with AMR-WB required.
The service requirement for superwideband voice should be confirmed with SA4 (having the voice quality expertise within 3GPP) to determine if sufficient quality benefits are gained over wideband voice for conversational applications. 
A new voice codec should be required to be standardized only for new applications requiring extended bandwidth. No new codec is needed for applications that require only NB and/or WB voice.
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