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 Introduction

This contribution makes use of the contribution S4-090209 provided by Huawei Technologies at the previous SA 4 meeting (San Diego, April 2009). In order to help progressing the work on the requirements for the EVS codec, we propose some text that could go in TR.22.813 and make some additional comments.
Essentially, Huawei believes that the output of this EVS activity should provide 3GPP with the best existing codec such that this codec would be competitive with existing or standardized ones but also against those in the process of being standardized by other organizations. This codec should also be flexible enough to support next generation voice services.
Discussion

The intention of the Enhanced Voice Service (EVS) TR 22.813 is to assess the existing voice services against the requirements (identified in the TR). The enhancements will be justified if the requirements cannot be met by the existing 3GPP services.

3GPP selected two codecs for voice communication, namely AMR and AMR-WB in 1999 and 2000 respectively. Since then, technology has evolved and technical progress was made in speech coding. Huawei sees LTE as an opportunity to deliver better quality over existing narrowband and wideband services and even further wider bandwidth services. Quality improvement can have many sides: more efficiency (same quality with lower bitrates), better audio quality (usually with increased complexity), enhanced voice activity detection (for music signal), …
In order to ensure interoperability, an LTE terminal could support a codec from the previous releases (i.e. AMR or AMR-WB) or interoperability will have to be ensured by other means, e.g. during the call setup, phones can exchange their codec capabilities and select the most appropriate one or transcoding could be used. These issues are discussed in the next sections.
1.1 Discussion on AMR
Keeping interoperability with AMR services could be important, especially as AMR is the most deployed codec in 3GPP networks. At the same time, increasing the quality of narrowband services can be interesting. We think that the AMR complexity is not a real issue. Especially for LTE services where complexity limits as set in TR 22.813 are in the order of AMR-WB (39 WMOPS) so increasing the AMR quality is certainly valuable and achievable within the available complexity limits. 
Additionally the EVS development activity could be an opportunity and the right time for 3GPP to propose a more efficient narrowband codec with higher quality. Allowing better quality for narrowband services would also be beneficial when interoperating with networks that do not support 3GPP codecs or when interoperating between two 3GPP devices that do not support 16 kHz sampling frequency.
As a conclusion we see two possibilities: improving the current AMR codec (including the Voice Activity Detection / Discontinuous Transmission Scheme focusing especially on music and ring back tones) by taking advantage of the available complexity or create a new narrowband codec that would provide better quality and efficiency. 

1.2 Discussion on AMR-WB

Keeping interoperability with AMR-WB can be felt useful by some companies, especially as AMR-WB is gaining momentum. AMR-WB was developed many years ago, so far the number of terminals supporting this codec is very limited and AMR-WB conversational services have not started. The situation of AMR and AMR-WB are hardly comparable. The need to keep AMR-WB for interoperability reason is much less justified than it would be for AMR and up to now AMR backward interoperability is not really considered in 3GPP. Besides, with the current quality and complexity of AMR-WB, we think it is technically very difficult to justify the development of an embedded scalable codec having AMR-WB as core if these issues are not first addressed and it would not in any case lead to a more efficient codec as foreseen in TR 22.813, section 5.2. For this purpose, the EVS codec activity is an opportunity to enhance the existing specifications especially at some targeted bitrates as AMR-WB 12.65 kbit/s which seems to be the preferred AMR-WB mode by some companies which are thinking about deploying AMR-WB. 

Enhanced Voice Activity Detection, discontinuous transmission scheme and comfort noise generation could also be optimized and especially music detection could be important to avoid cutting ring back tones with comfort noise generation or when recording MMS.

3GPP SA 4 could also take a more challenging approach and start thinking about designing a new wideband codec for some bitrates of interest for example 8-12-16-20-24 kbit/s that would beat the quality of current AMR-WB codecs in some conditions. This would be the preferred way as it would provide 3GPP with a state of the art codec.
2 Proposed ToR for EVS codec

The EVS codec will be the next generation codec for all IP network in 3GPP. In that sense this codec should be carefully designed such that the right trade offs in terms of quality (for speech, music and mixed content), complexity, bandwidth, bitrates, mono/stereo capability, delay are made. These points will be more detailed in the next sections.

As the EVS codec will be hopefully around for many years, it is important to design it in such a way that future hardware improvements could be taken into account. For example we think it is an interesting option to have the encoder complexity flexible and parameter controlled. In that way, it will be possible to enhance the quality according to the terminal capability. 
Failing in designing a codec with such characteristics would prevent its deployment and open the door to proprietary codecs. In this section we will consider new non AMR and AMR-WB compatible wideband and superwideband codecs.
2.1 Number of channels

In the TR by SA 1 the use cases are described as “Within the scope of 3GPP systems, the most likely case is that at least one of the involved terminals is a mobile terminal. (…) It can hence be assumed that there are an increasing number of cases in which the mobile terminal provides fullband and stereo (or multi-channel) capabilities. Furthermore, such cases can be regarded typical for fixed line, PC, or IPTV terminals.” We think it is important to understand exactly the use cases that are targeted. The use cases will influence the requirements. 
Huawei agrees that the EVS codec could support stereo codec, but if the use cases are not clearly defined it is difficult to set requirements. Are stereo features to be used for playback of downloaded music or mixed content? Is stereo to be used for conferencing? If stereo is for music playback, then delay constraints are not so relevant; if it is for real time stereo conversation, then delay should be kept low.
2.2 Bitrates

As indicated in the latest version of the TR: “With regard to transmission efficiency, it should exceed that of the pre-Rel-9 3GPP wideband voice service”, in this section we will indicate some bitrates that we foresee and where EVS should be better than pre-Rel-9 3GPP wideband voice services.
Huawei sees the EVS codec as a multi-rate codec in the same way as the AMR and AMR-WB codec family. In mono, we propose to have a starting bitrate at 12 kbit/s for superwideband signal and with 8 kbit/s for wideband signal. The 12 kbit/s bitrate is about the same bitrate as the most used modes of AMR and possibly of AMR-WB, when it would be deployed. It will provide a first operating point with a relatively low bitrate for a superwideband signal. It is expected that to reach good superwideband quality higher bitrates would be needed (at least 20 kbit/s). We propose that the bitrate increases with a granularity of 4 kbit/s. 
In stereo, to experience good quality, bitrates have to be high enough to make this service usable. We would like to see a first operating point at 16 kbit/s for superwideband signal, to reach good quality higher bitrate would be needed (at least 20 kbit/s), and at 12 kbit/s for wideband signal.
The codec should aim at very high quality for speech services but also for music and mixed content. For that purpose we think that it is needed that the codec could be used with high bitrates. We propose the following values as maximum bitrates: 

· Wideband mono: 32 kbit/s

· Wideband stereo: 48 kbit/s

· Superwideband mono: 48 kbit/s

· Superwideband stereo: 64 kbit/s

These values are the lowest maximum values we foresee and should not be hard limit. Higher values could be made available during the code design when trying to reach transparency.
Here is a proposed text for section 6.1.3 for the superwideband encoding:

“It is recommended that the EVS codec will have a first operating point at 12 kbit/s for superwideband mono signal. Higher bitrates should also be supported in a multi-rate fashion. 
It is recommended that the EVS codec will have a first operating point at 16 kbit/s for superwideband stereo signal.

It is recommended to support a 4 kbit/s granularity for superwideband signal.”

Here is a proposed text for section 6.1.3 for the wideband encoding:

 “It is recommended that the EVS codec will have a first operating point at 8 kbit/s for wideband mono signal. Higher bitrates should also be supported in a multi-rate fashion. 

It is recommended that the EVS codec will have a first operating point at 12 kbit/s for wideband stereo signal.

It is recommended to support a 4 kbit/s granularity for wideband signal.”
Here is a proposed text for section 6.2.2 for the wideband encoding:

“It is recommended that the EVS codec will be able to encode mixed content and music with good quality. The quality should be higher than existing AMR and AMR-WB codec.”
2.3 Complexity
In order to help the quick deployment of the new codec, it is important to keep the complexity as low as possible. For this reason we think the complexity of the EVS codecs should be the maximum complexity of AMR-WB (39 WMOPS) and 25 WMOPS should be an objective.
For the stereo case, the complexity should be limited to an additional 50% (about 20 WMOPS). Terminals that will be able to deal with 2 microphones will certainly have more complexity available.
Huawei propose to add the following text in section 6.1.5:
“The EVS wideband and superwideband mono codecs should not exceed the complexity limits set during the AMR-WB codec standardization.”

“The wideband and superwideband stereo codec should profit from 50% more complexity than the wideband mono codec.”

“It is recommended that the EVS codec complexity is parameter controlled to adapt the complexity to the targeted device.”
2.4 Backward interoperability
Interoperability with existing codecs could be an issue but so far it does not seem to have prevented the deployment of new services. We can see this with the deployment of wideband services that make use of G.722 and G.722.1 that are not backward compatible with narrowband services. And even earlier we have seen the successful deployment of non compatible narrowband codecs in many different networks (e.g. G.711, G.726, G.729, AMR, …).

Interoperability is either treated by codec negotiation or using transcoding. When transcoding with other services/networks cannot be avoided, the best way to reduce the transcoding effect is to have a codec delivering the highest possible quality.

We propose to add the following text:

“No backward compatibility should be commensurate with the gain in quality of user experience.”
2.5 Robustness

LTE will be intrinsically very robust, nevertheless packet loss concealment that allows the codec to deal with packet losses as high as 1-3% should be included. For conditions with high packet losses, different solutions exist to tackle the problems: reduce the codec bitrate and increase channel coding, add redundancy to the codec bitstream (at the cost of compression efficiency).
“It is recommended that the EVS codec will have an inherent robustness supporting packet losses up to 1 to 3%. It is expected that other solutions will be available when the packet losses go higher than this rate.”
2.6 Performance requirements for mono case
In this section we list some precise requirements that aim at progressing section 6.2 of the TR. These requirements could be integrated in the current TR or be used for the next phase (definition of the requirements). Some more general statements are also available that could be used for integration in section 6.2.
2.6.1 Speech quality requirement
The EVS codec should clearly enhance the user experience and improve existing services. That means at same bitrate, quality should be better than AMR and AMR-WB in at least one condition (for example music or mixed content). In this section we only focus on wideband and superwideband conditions.
We propose to add the following text to section 6.2.1 for the superwideband EVS codec:

It is recommended that the superwideband EVS codec at 12 kbit/s will be better than AMR-WB at 12.65 kbit/s.

It is recommended that the superwideband EVS codec at 16 kbit/s will be better than AMR-WB at 23.65 kbit/s.

It is recommended that the superwideband EVS codec at 20 kbit/s will be better than G.722.1C at 48 kbit/s.

The wideband EVS codec should at least provide the same quality as with the reference AMR-WB codec while solving some issues that are felt important as robustness to mixed content and music. We propose to add the following text to section 6.2.1:

It is recommended that the wideband EVS codec at 8 kbit/s will be better than AMR-WB at 8.65 kbit/s.

It is recommended that the wideband EVS codec at 12 kbit/s will not be worse than AMR-WB at 12.65 kbit/s.

It is recommended that the wideband EVS codec at 20 kbit/s will not be worse than AMR-WB at 23.65 kbit/s.

2.6.2 Noisy speech requirements

The EVS codec should be robust to noise environment. The requirements in noisy conditions should follow those from clean speech. 
2.6.3 Music quality 

The decoder should be able to playback music with decent quality not only for pure audio services like content streaming but also for cases where users want to share the music during concerts. The encoder could have 2 modes, one for life transmission (low delay) one for content streaming (in that case delay is less of an issue). Good music quality should be targeted for bitrates as high as 20-24 kbit/s and should differentiate the targeted scenario (life recording or playback). Codecs like ITU-T G.719 and ITU-T G.722.1 Annex C could be useful reference for music conditions.
We propose to add the following general statement to section 6.2.2

It is recommended that the EVS codec will be robust to music condition and will lead to better quality than pre-Release 9 codec. The codec delay can be flexible depending on the use case: conversational scenario or recording scenario.
We propose to add the following text for the superwideband codec:
It is recommended that the superwideband EVS codec at 12 kbit/s will be better than AMR-WB at 12.65 kbit/s.

It is recommended that the superwideband EVS codec at 16 kbit/s will be better than AMR-WB at 23.65 kbit/s.

It is recommended that the superwideband EVS codec at 20 kbit/s will not be worse than G.722.1C at 32 kbit/s.

We propose to add the following text for the wideband EVS codec:

It is recommended that the wideband EVS codec at 8 kbit/s will be better than AMR-WB at 8.65 kbit/s.

It is recommended that the wideband EVS codec at 12 kbit/s will be better than AMR-WB at 12.65 kbit/s.

It is recommended that the wideband EVS codec at 20 kbit/s will be better than AMR-WB at 23.65 kbit/s.
2.7 Performance requirements for stereo case

In this section we are listing some very precise requirements that aim at progressing section 6.2 of the TR. These requirements could be integrated in the current TR or used for the next phase discussions (definition of the requirements). Some more general statements are also available that could be used for integration in section 6.2.

In order to finalize the requirements it is necessary to clearly define the use cases for stereo as explained in section 3.1 of this document.
2.7.1 Stereo Speech quality 

The codec should be able to encode stereo signal with a minimum bitrate of 20 kbit/s. For setting the requirements, the stereo codec quality could be checked against the quality of the dual mono codec at a lower bitrate.
We propose to add the following requirements in wideband conditions:

It is recommended that the wideband EVS stereo codec at 12 kbit/s will not be worse than 2 channels AMR-WB at 8.65 kbit/s.

It is recommended that the wideband EVS stereo codec at 20 kbit/s will not be worse than 2 channels AMR-WB at 12.65 kbit/s.

In superwideband conditions:

It is recommended that the superwideband EVS stereo codec at 16 kbit/s will not be worse than 2 channels AMR-WB at 12.65 kbit/s.

It is recommended that the superwideband EVS stereo codec at 20 kbit/s will not be worse than 2 channels G.722.1C at 24 kbit/s.

2.7.2 Stereo Music quality 

The decoder should be able to playback music with decent quality either for pure audio services like content streaming but also for cases where a user wants to share to the music atmosphere during concerts. The encoder could have 2 modes, one for life transmission (low delay) one for content streaming (in that case delay is less of a problem). Good music quality should be targeted for higher bitrates as 24-28 kbit/s for superwideband signal. For wideband signal, good music quality should be targeted for higher bitrates as 20-24 kbit/s for superwideband signal.

We propose the following requirements in wideband conditions:

It is recommended that the wideband EVS stereo codec at 20 kbit/s will not be worse than 2 channels AMR-WB at 12.65 kbit/s.

It is recommended that the wideband EVS stereo codec at 24 kbit/s will be better than 2 channels G.722.1 at 24 kbit/s.

We propose the following requirements in superwideband conditions:

It is recommended that the superwideband EVS stereo codec at 24 kbit/s will not be worse than 2 channels AMR-WB at 15.85kbit/s.

It is recommended that the superwideband EVS stereo codec at 28 kbit/s will not be worse than 2 channels G.722.1C at 24 kbit/s.

Conclusion
This contribution makes some proposals for progressing the ToR for the EVS codec and making this codec an attractive codec for new services expected for LTE (conferencing, mixed content playback…). As this codec is planned for next generation network, 3GPP SA 4 should be careful in designing a codec that can reach good quality for low bitrates that is flexible enough to allow new voice services to be included. Finally, we would like to see this codec to be deployed quickly. 3GPP SA 4 standardizes codecs to ensure quality for the end user, we think it is important that 3GPP standardized codecs are the ones that will be selected for future voice services.
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