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At the last SA4#58 meeting, several companies (Huawei, Qualcom, Orange, Deutsche Telekom) proposed to start the Super Wideband (SWB) mode of the EVS codec at 12kbps. This paper aims to find appropriate reference codecs for the 12, 24, 32, 48, 64 kbps mode.

Available reference codecs

The following table gives an overview of available communication SWB codecs and their operating points.

	SWB communication codec
	Bitrates

	G.722.1 Annex C
	24, 32, 48

	G.719 (FB)
	32, 48, 64

	G.718 SWB
	28, 32, 48, 64

	MPEG AAC-ELD
	24-64


In addition, the following table lists the 3GPP audio codecs:

	SWB audio Codec
	Bitrates

	AMR-WB+
	6.6 – 36

	AAC+
	10 – 44

	AAC-LC
	32 - 64


The goal of this exercise is to choose a comparable reference for the EVS codec which ensures a good speech and music quality. For a bitrate below 24kbps, there is no SWB communication codec available which can serve as a reference for 12kbps.

SWB speech and music performance at 12kbps 

Latest deployed wireless communication systems are based on wide band services but rely on different codecs, e.g. AMR-wb for MTSI-service and G.722 for Cat-IQ [1]. Contributions from #58 SA4 meeting have demanded a higher level of user experience [2] or higher sound quality than the existing references [3]. To guarantee a real benefit for a SWB EVS codec, it must show a higher speech and music quality compared to any wb codec independent on the underlying system. This requirement can only be assured by requiring a speech and music quality better than the 7 kHz lowpass (direct) anchor signal which deals as virtual best possible wide band codec.

In [2] it is proposed that the low delay EVS codec should be useable not only for conversational services but also for non delay critical applications such as broadcasting. Therefore, as an objective it is proposed that the EVS codec should not be worse than the available 3G audio codecs as defined for PSS services at comparable bitrates.

	Category
	Bitrate
	Requirement*
	Objective

	Speech
	12kbps
	BT 7kHz direct
	NWT AMR-WB+ @12kbps

	Music/Mixed Content
	12kbps
	BT 7kHz direct
	NWT AMR-WB+ @12kbps


SWB speech and music performance at higher bit rates
For rates above 12kbps, the available SWB codecs G.718 and G.722.1-C can serve as references for the requirements. As can be observed from [4], G.718 at 28kbps shows a better speech performance compared to G.722.1-C at 48kbps and therefore should be chosen as speech reference. For music, [4] shows that G.722.1-C performs much better compared to G.718 and is therefore the designated codec. According to [5], G.719 tends to perform better than G.722.1-C and should therefore be used for bitrates of 32kbps and above.
Similar to the 12kbps mode objective, all other modes of the EVS codec should be no worse than the 3G audio codecs. 

In addition, higher bit rate modes of the EVS codec should be significantly better than their adjacent lower ones according to the requirement in TR.813: "Besides, the codec performance should show an increase in quality with increased bit rate and audio bandwidth."

	Category
	Bitrate
	Requirement*
	Objective

	Speech
	24kbps
	BT EVS@12kbps

NWT G.718@28kbps
	NWT AMR-WB+@24kbps

	Music/Mixed Content
	24kbps
	BT EVS@12kbps

NWT G.722.1-C@32
	NWT eAAC+@24kbps

	Speech
	32kbps
	BT EVS@24kbps

NWT G.718@32kbps
	NWT AMR-WB+@32kbps

	Music/Mixed Content
	32kbps
	BT EVS@24kbps

NWT G.719@32 kbps
	NWT eAAC+@32kbps

	Speech
	48kbps
	BT EVS@32kbps

NWT G.718@48kbps
	NWT AAC-LC@48kbps

	Music/Mixed Content
	48kbps
	BT EVS@32kbps
NWT G.719@48 kbps
	NWT AAC-LC@48kbps

	Speech
	64kbps
	BT EVS@48kbps

NWT G.718@64kbps
	NWT AAC-LC@64kbps

	Music/Mixed Content
	64kbps
	BT EVS@48kbps

NWT G.719@64 kbps
	NWT AAC-LC@64kbps


SWB speech and music performance for stereo
Regarding stereo content, AAC-ELD is the only communication codec which has stereo coding tools built in and should therefore be used as requirement condition. The codec starts to operate on stereo signals at a bit rate of 48kbps. 
Similar to the mono mode requirements and objectives, the EVS codec should be for the stereo case:

- better than virtual best possible wide band codec at lowest bitrate
- no worse than the 3G audio codecs at equivalent bit rates 

	Category
	Bitrate
	Requirement*
	Objective

	Speech/ Music/Mixed Content
	24kbps
	BT 7kHz direct
	NWT eAAC+@24kbps

	Speech/ Music/Mixed Content
	48kbps
	BT EVS@24kbps

NWT AAC-ELD@48kbps
	NWT eAAC+@48kbps

	Speech/ Music/Mixed Content
	64kbps
	BT EVS@48kbps

NWT AAC-ELD@64kbps
	NWT AAC-LC@64kbps

	Speech/ Music/Mixed Content
	96kbps
	BT EVS@64kbps

NWT AAC-ELD@96kbps
	NWT AAC-LC@96kbps

	Speech/ Music/Mixed Content
	128kbps
	BT EVS@96kbps

NWT AAC-ELD@128kbps
	NWT AAC-LC@128kbps


* Note: Better than is also fulfilled if CuT is not worse than 14kHz direct.
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