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1. Introduction
SA1 and SA4 are presently carrying out a study item seeking for enhanced voice service requirements for EPS, which will lead to 3GPP TR 22.813. The impact of this study may be that SA1 will decide on making such enhanced voice service requirements effective within the time frame of 3GPP Rel-9 at the earliest. Subsequently SA4 may specify a new speech codec provided that it is found that the existing 3GPP speech codecs would not be able to fulfil such enhanced voice service requirements.

The present working draft of TR 22.813 (v. 0.2.1) [1] lists various voice service use cases. It is expected that the SA1#40 and SA1#41 meeting will make further progress on the use cases, though primarily will contribute to system and service requirements.
This document discusses the main issues to be addressed with enhanced voice service requirements for the EPS and makes a text proposal for the section on system and service requirements in the draft TR 22.813. 

2. Issues
2.1 Voice service quality enhancements
The main question underlying the study item is how to achieve and secure voice service enhancements in the EPS. As a background, it is essential to understand that today’s wireless voice services are built on narrowband speech (3.5 kHz bandwidth) despite the fact that wideband speech service (7 kHz bandwidth) was specified already as part of 3GPP Rel-5. Yet, still only narrowband voice service is mandatory, which can be seen as one of the main reasons why wideband speech services have not taken off yet to the expected extent.
It is to be noted that substantial voice service enhancements can be achieved with using wideband speech rather than narrowband. In order to illustrate the potential quality gain over the existing narrowband quality, Figure 1 provides listening test results comparing the quality of wideband speech (AMR-WB@12.65) with narrowband speech (AMR-NB@12.2, AMR-NB@5.9, G.711). As can be seen, wideband speech based on AMR-WB@12.65 coding provides a significant speech quality improvement over both AMR-NB coding at basically the same bit rate (AMR-NB@12.2) and also over G.711 PCM at 64 kbps. 

Apart from these results it is further notable that it is likely that further quality enhancements may be achieved with super-wideband (14 kHz bandwidth) or even fullband (20 kHz bandwidth). However, it is much less established how much of these enhancements can be realized in practice in real-world scenarios with realistic UEs in natural environments with ambient noise.
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Figure 1: MOS (ACR) test with clean speech, language Swedish. Source: Ericsson Research (2008)
We conclude from this finding that the main objective of enhancing the voice service quality can be achieved when using wideband speech service rather than narrowband, while fully relying on an existing 3GPP speech coding format. In order to realize such speech service enhancements it is hence only necessary to require that wideband speech service will be used.

In addition it is concluded that even further quality enhancements would be desirable. However, as there is no clear evidence yet how much further quality enhancements could be achieved in practice, there should be more studies on this topic. Until then, the provision of enhanced capabilities beyond wideband speech should only be optional. 
2.2 Number of audio channels

The present draft TR provides use cases which may benefit from stereo or multi-channel support, especially if the speech bandwidth is wideband or even more. It is notable that stereo or multi-channel support does not necessarily require particular coding formats, if the coding is done with several instances of some monophonic codec with one instance per audio channel. The gain of stereo or multi-channel is however questionable in conjunction with narrowband voice service.
It is concluded that stereo is desirable in conjunction with wideband or enhanced bandwidth capabilities beyond wideband; and multi-channel may be supported as an option. 
2.3 Interoperability

The presently listed use cases (Interoperability with legacy systems, Mobility scenarios, Call Hold and (Explicit) call transfer, Voice-mail service) illustrate that interoperability between the EPS voice service and existing 3GPP voice services is essential. While interoperability can always be ensured by transcoding between different coding formats, this is clearly undesirable as this degrades service quality and since transcoding equipment is a cost factor that should be avoided.
Some of the interoperability issues (Interoperability with legacy systems) can be solved by mandating the support of legacy 3GPP voice codecs and resolving the codec by capability negotiations during call setup. This means that the enhanced EPS voice service shall have interoperability modes compatible with the AMR-NB and the AMR-WB coding formats.  

Some other scenarios (Mobility scenarios, Call Hold and (Explicit) call transfer, Voice-mail service) are either dynamic or a capability negotiations between the terminals are not possible. In these cases transcoding and/or quality degrading service interruptions due to codec hand-off may occur unless it is required that the EPS codec is bitstream interoperable with the existing 3GPP speech codecs, either AMR-NB or AMR-WB. As there is presently a shift towards wideband speech service in deployed 3GPP systems and as it can be expected that in the Rel-9 timeframe this shift will have resulted in a wide deployment of the wideband speech service, this bitstream interoperability shall preferably be towards the AMR-WB codec format.
3. Proposal
Hence, it is suggested to add the following paragraphs to TR22.813:

----------------------------------------

6.1 EPS Speech service bandwidth options
The achievable speech service quality is closely related to the offered audio bandwidth. The largest quality gain is achieved when turning from narrowband to wideband speech. In order to secure this quality gain in the EPS within 3GPP Rel-9 timeframe wideband speech service shall be supported. For interoperability reasons narrowband speech service shall also be supported. 

The practical gain with enhanced bandwidth capabilities beyond wideband, i.e. SWB, Fullband, is still ffs. The provisioning of such capabilities is optional.
Table 1 provides an overview of the specification status of the various EPS speech service bandwidth options.  

Table 1: Specification status of EPS speech service bandwidth options
	Service bandwidth
	Specification status

	Narrowband
	Mandatory

	Wideband
	Mandatory

	Enhanced (SWB, Fullband)
	Optional


6.2 Number of audio channels

All EPS speech service bandwidth options shall support a mono audio channel as the baseline. 

In addition, wideband EPS speech service and EPS speech service with enhanced bandwidth capabilities (SWB, Fullband) may in some use cases benefit from stereo or multi-channel support. The support of stereo is recommended, multi-channel may be supported.
Table 2 provides an overview of the specification status of the number of audio channels for given EPS speech service bandwidth options.  

Table 2: Specification status of numbers of audio channels for given EPS sppech service bandwidth

	Service bandwidth
	Mono
	Stereo
	Multi-channel

	Narrowband
	Mandatory
	./.
	./.

	Wideband
	Mandatory
	Recommended
	Optional

	Enhanced (SWB, Fullband)
	Mandatory
	Recommended
	Optional


6.3 Interoperability
In order to support interoperability with existing 3GPP voice services, the EPS voice service shall provide interoperability modes compatible with the AMR-NB and the AMR-WB coding formats.

In order to avoid transcoding and service interruptions in dynamic scenarios (Mobility, Hold and (Explicit) call transfer) and in scenarios where capability negotiations between the terminals are not possible (voice-mail service), the EPS voice service with enhanced bandwidth capabilities shall be bitstream interoperable with the AMR-WB codec format.

---------------------------------------
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