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 Introduction

3GPP Long Term Evolution (LTE) will allow the user to experience downlink peak rates of at least 100Mbit/s, and up to 50 Mbit/s in the uplink. Round-trip delay will be as low as less than 10ms. Some advantages with LTE are high throughput, low latency, and superior end-user experience. LTE will also support seamless connection to existing networks, such as GSM, CDMA and WCDMA.

EPS will be the resulting architecture. A characteristic of next generation networks is that they will make use of TCP/IP protocols. 
This will provide the users with richer communications experience than nowadays including enhanced voice, video, and messaging services and advanced multimedia solutions. It will mean enriched experience and the handheld device will allow internet browsing with high speed, multimedia download. Hence the user will be able to download high quality content and will also expect to evolve in a high quality environment.
For this reason, 3GPP SA4 is looking on how to enrich the user experience. Having a new codec being able to deal with speech/audio/mixed content/music and having stereo capability could be one way forward. As AMR Narrowband and AMR Wideband were defined for UMTS services, the expectation for EPS services could be Superwideband (SWB) services, stereo rendering, and robustness to packet losses, etc.
Huawei would like to make some propositions in order to progress the requirements for the EVS codec. Essentially, we believe this new codec will have to be better than the existing ones, and also to be competitive with those existing or standardized or in the process of being standardized by other organizations. This codec should also be flexible enough to support next generation voice services.
Discussion

3GPP UMTS selected 2 codecs for voice communication, namely AMR and AMR-WB. Interoperability is important and keeping compatibility with already deployed codecs (e.g. AMR) is certainly relevant. It could also be the case for codec whose deployment is being in preparation or being evaluated (e.g. AMR-WB).

It should be noted that AMR and AMR-WB were standardized in 1999 and 2000 respectively and since then improvements in speech coding technology have been made. We also noted some concerns raised by some companies that existing services could be improved. For that reason we think that LTE should provide better quality for AMR and AMR-WB services while keeping interoperability with the most important codec modes (e.g. AMR at 12.2 kbit/s and AMR-WB at 12.65 kbit/s).
On top of that, as LTE will provide wide capability in bitrate/bandwidth, it is important to let the customer profits from better quality of service and enhanced services. For this purpose we propose the EVS codec to provide Superwideband and also possibly Fullband codec for LTE services. This codec should also be able to encode stereo signal.
In order to ensure interoperability, a LTE terminal could support a codec from 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.
Discussion on AMR
Keeping interoperability with AMR services could be important, especially as AMR is the most deployed codec in 3GPP. So it is certainly of interest for 3GPP to see how to improve the existing Narrowband codec and especially the AMR Narrowband at 12.2 kbit/s. Here is a list of areas where improvement could be beneficial:
· Complexity: Reduce the complexity while keeping the quality in all conditions

· Quality: Increase the quality while keeping the complexity.

· Discontinuous transmission: Enhanced Voice Activity Detection, Discontinuous Transmission Scheme especially for music and ring back tones.
We think that the complexity of AMR Narrowband is not a real problem, so increasing the quality of the Narrowband codec while keeping (or even slightly increasing) the complexity is certainly valuable. 

Discussion on AMR-WB

Keeping interoperability with AMR-WB can be felt important by some companies, especially as AMR-WB is gaining momentum. But as for AMR, AMR-WB was developed many years ago. The EVS codec is a good opportunity to enhance the existing specifications especially at 12.65 kbit/s which seems to be the preferred mode.
The complexity of AMR-WB (a bit less than 40 WMOPS) appears to be an important constraint when trying to implement this codec in terminals. It would certainly be a nice feature of for EVS terminal if the AMR-WB at 12.65 kbit/s could be of lower complexity while keeping the quality in all conditions (noisy, clean speech).

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.
1 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.

EVS codec will be around for many years, it is important to design it in such a way that future improvements, 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.
1.1 Audio Bandwidth
EVS is an opportunity for giving to the user an ultimate speech experience by increasing the bandwidth to Superwideband (SWB) [50-14000 Hz] or even to Fullband [50-20000 Hz]. In this document we focus on the superwideband encoding.
1.2 Number of channels

Stereo could be useful. We want to give a few examples: 
· Phone conferences conducted with more than one talker within a car for example. For these noisy conditions, having more than one channel could make the communication clearer and give more comfort to the listeners. 
· It can also be envisioned that terminals could be used as conference terminal with the device lying on a table and a few listeners sitting around it (with microphones either on the terminal or on the headset). In that case, stereo would also be beneficial.
1.3 Bitrates

The EVS codec should be a multi-rate codec. We propose to have a starting bitrate at 12 kbit/s in SWB mono (about the same bitrate as the most used modes of AMR and AMR-WB). This bitrate will provide a first operating point with a relatively low bitrate for a Superwideband signal. For SWB signal, it is expected that to reach good quality higher bitrate would be needed (at least 20 kbit/s). The multi-rate codec should support different bitrates with a bitrate increase of 4 kbit/s for each mode. The codec should aim at reaching transparency for speech services at its ultimate bitrate.

To experience stereo with good quality, bitrates have to be high enough to make this service usable. We would like to see a first operating point at 20 kbit/s.
1.4 Delay

AMR and AMR-WB are speech codecs able to provide good quality for speech contents but with some weaknesses for mixed content and music. LTE network will have very low latency and hence could have a bit more relaxed delay constraint for the speech/audio codec. In order to reach decent speech and music quality it is necessary to give the codec sufficient delay. We propose to set the maximum delay for the EVS at 40 ms. This increased delay compared to AMR and AMR-WB will help increasing the quality with the complexity constraint we have set.
To reach a good stereo quality, especially for a codec supporting both music and speech is very difficult. We think that by adding an additional delay of 5 ms is needed to allow a better control of the encoding of the stereo.
1.5 Complexity
In order to help the quick deployment of the new codec, it is important to keep the complexity as low as possible. As WB services are only slowly coming up, it is certainly useful to avoid putting too much burden on phone manufacturers with defining a codec even more complex than AMR-WB. 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).

1.6 Backward interoperability
In an all IP network, codec negotiation will be used. The user will have to select the common codecs. Terminal manufacturers could decide which codec/mode to be supported among improved AMR 12.2, improved AMR-WB 12.65 and Superwideband/Fullband mode. As AMR is the most deplayed codec, an LTE terminal should certainly comprise at least the AMR 12.2 kbit/s mode.
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.
1.7 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 protection, add redundancy to the codec bitstream (at the cost of compression efficiency).
1.8 Performance requirements for mono case
1.8.1 Speech quality requirement
The goal of EVS codec is to enhance the user experience and to improve existing services. That means at same bitrate, quality should be better than AMR and AMR-WB. We propose here to only focus on comparing with AMR-WB as the EVS codec will be automatically better than AMR Narrowband due to its increased bandwidth.
We did not consider the use of any bit reservoir or source control scheme. If such a feature is added then the bitrate would be reduced. This interest of such a feature should be discussed in 3GPP SA 4. Using DTX/CNG for a high quality codec, this could be checked during the characterization phase.

1.8.2 Noisy speech requirements

The codec should be robust to noise environment. The requirements in noisy conditions should follow those from clean speech. 
1.8.3 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 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 G.722.1 Annex C could be useful reference for music.
1.9 Performance requirements for stereo case
1.9.1 Stereo Speech quality 

The codec should be able to encode stereo signal with a minimum bitrate of 20 kbit/s. For setting the requirement, the quality of the stereo codec could be check against the quality of the dual mono codec at a lower bitrate, i.e. at 24 kbit/s stereo, the quality of the EVS codec should be the same as 2 channels encoded at 12 kbit/s (the gain is obtained in the complexity area). Another possibility is to use codecs as G.722.1C or AMR-WB+ as references for stereo speech quality either at higher or lower bitrates.
1.9.2 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. Here also, codecs as G.722.1C or AMR-WB+ could be good references for stereo music quality
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 standardize 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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