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1 Introduction
At the last TSG-SA#47 meeting, the EVS work item description SP-100202 and the EVS TR 22.813 SP-100202 have been approved. 

The agreed high level technical and performance requirements make reference to non-3GPP state of the art codecs. In this document, a short description of the available state of the art non-3GPP codecs is provided as well as an assessment of their suitability as reference codecs for the 3GPP EVS codec standardization exercise. For the ITU-T codecs, information is extracted from [1].
2 Multi-bandwidth Codecs
2.1 ITU-T G.718 SWB

G.718 Amendment 2 introduces new Annex B that describes a scalable superwideband (SWB, 50‑14000 Hz) speech and audio coding algorithm operating from 36 to 48 kbit/s and interoperable with G.718. Its core also supports 8-16 kHz spanning NB, WB and SWB bandwidths and bitrate from 8 to 48 kbit/s.
The output of the G.718 SWB coder has a bandwidth of 50-14000 Hz. At 32 kbit/s, G.718 SWB is fully interoperable with G.718. The coder operates on 20 ms frames and has an algorithmic delay of 49.625 ms. By default, the encoder input and decoder output are sampled at 32 kHz.

The superwideband encoder produces an embedded bitstream structured in 3 layers corresponding to 3 available bit rates from 36 to 48 kbit/s in addition to the five layers of the G.718. An option to omit Layer 5 of G.718 will further lower the operational bit rates to 28, 32 and 40 kbit/s. G.718-SWB also provides the option to apply the superwideband layers on the G.722.2 interoperable option of G.718 further expanding the interoperability towards G.722.2.

The bitstream can be truncated at the decoder side or by any component of the communication system to instantaneously adjust the bit rate to the desired value with no need for out-of-band signalling.

The underlying algorithm is based on an embedded coding structure: Bandwidth extension coding in MDCT domain of the band (7000-14000 Hz) based on a two-mode coding.

2.2 ITU-T G.719

The ITU-T G.719 full band codec is a low-complexity transform-based audio codec; it operates at a sampling rate of 48 kHz and offers full audio bandwidth ranging from 20 Hz up to 20 kHz. The encoder processes input 16-bits linear PCM signals on frames of 20ms and the codec has an overall delay of 40ms. The coding algorithm is based on transform coding with adaptive time-resolution, adaptive bit-allocation and low-complexity lattice vector quantization. In addition, the decoder replaces non-coded spectrum components by either signal adaptive noise-fill or bandwidth extension. The observed average and worst-case complexity of the encoder and decoder in WMOPS are below 21 WMOPS for all bitrates. The G.719 supports a wide range of bitrates ranging from 32kbps up to 128kbps. Although the G.719 is a full band codec, it can easily encode super-wideband signals through the use of an external resampling tool.
2.3 ITU-T G.722

ITU-T G.722 is an audio coding system which may be used for a variety of higher quality wideband (50 to 7000 Hz) speech applications. It has been standardized in 1988 to enhance the audio quality of applications like video and audio conferencing over ISDN networks and has been used for some specific radio broadcast usage as well. G.722 usage has recently strongly increased for VoIP: it has been selected as mandatory codecs for New Generation wideband DECT terminals and is gaining momentum for enhanced wideband voice services over IP networks thanks to some attractive features like low delay, low complexity and license free status.

G.722 has three modes of operation corresponding to the bit rates of 64, 56 and 48 kbit/s. The G.722 encoder produces an embedded 64 kbit/s bitstream structured in 3 layers corresponding to these 3 operating modes. The bits corresponding to the last 2 layers can be skipped by the decoder or any other component of the communication systems to dynamically reduce the bit rate to 56 kbit/s or 48 kbit/s which corresponds to 1 or 2 bits "stolen" from the low band.

Encoding/decoding operations are performed on a sample per sample basis which limits the algorithmic delay to 1,625ms. Complexity is limited and can be estimated to around 10 MIPS.

Appendix III and IV of ITU-T G.722 propose two possible standardized packet loss mechanisms to strongly increase G.722 audio quality for usage over IP networks subject to packet losses.
2.4 ITU-T G.722.1

The main body of ITU-T G.722.1 describes a wideband coding algorithm that provides an audio bandwidth of 50 Hz to 7 kHz, operating at a bit rate of 24 kbit/s or 32 kbit/s. G.722.1 features very high audio quality, extremely low computational complexity, and low algorithmic delay compared to other state-of-the-art audio coding algorithms.

The G.722.1 algorithm is based on transform coding, using a Modulated Lapped Transform (MLT) and operates on frames of 20 ms corresponding to 320 samples at a 16 kHz sampling rate. Because the transform window length is 640 samples and a 50 percent overlap is used between frames, the effective look-ahead buffer size is 320 samples. Hence the total algorithmic delay of the coder is 40 ms. The complexity of G.722.1 is about 10 WMOPS.
2.5 ITU-T G.722.1C

Annex C of ITU-T G.722.1 is a doubled form of the G.722.1 main body to permit 14 kHz audio bandwidth using a 32 kHz audio sample rate, at 24, 32, and 48 kbit/s. G.722.1 Annex C codec features very high audio quality, extremely low computational complexity, and low algorithmic delay compared to other state-of-the-art audio coding algorithms.

G.722.1 Annex C has the same algorithmic steps as the G.722.1 main body, except that the algorithm is doubled to accommodate the 14 kHz audio bandwidth. G.722.1 Annex C still operates on frames of 20 ms and has an algorithmic delay of 40ms, but due to the higher sampling frequency the frame length is doubled to 640 samples from 320 samples and the transform window size increases to 1280 samples from 640 samples. 
2.6 ITU-T G.729.1 SWB

G.729.1 Amendment 6 introduces new Annex E that describes a scalable superwideband (SWB, 50‑14000 Hz) speech and audio coding algorithm operating from 36 to 64 kbit/s and interoperable with G.729 and G.729.1. Its core also supports 8-16 kHz spanning NB, WB and SWB bandwidths and bitrate from 8 to 48 kbit/s.
The output of the G.729.1 SWB coder has a bandwidth of 50-14000 Hz. The coder operates on 20 ms frames and has an algorithmic delay of 55.6875 ms. By default, the encoder input and decoder output are sampled at 32 kHz.

The superwideband encoder produces an embedded bitstream structured in five layers corresponding to five available bit rates from 36 to 64 kbit/s in addition to the twelve layers of the G.729.1. The bitstream can be truncated at the decoder side or by any component of the communication system to instantaneously adjust the bit rate to the desired value with no need for out-of-band signalling. At 32 kbit/s, G.729.1 SWB is fully interoperable with G.729.1.

The underlying algorithm is based on a two-stage coding structure: bandwidth extension coding in modified discrete cosine transform (MDCT) domain of the band (7000-14000 Hz), and enhancement of MDCT coding in the band (50-7000 Hz) by vector quantization of the MDCT error.
2.7 SILK
The SILK codec was a proprietary super-wideband codec that has recently been opened to the public domain together with the corresponding source code [2]. The SILK codec is scalable in audio bandwidth, bit rate and complexity. It supports the sampling rates of 8 kHz, 12 kHz, 16 kHz, and 24 kHz. It is a NB, WB and close to SWB codec.
The highest sampling rate of 24 kHz is used for super-wideband operation. It should be noted that the audio bandwidth for Super-wideband is different from the common definition used in ITU-T and 3GPP where the latter uses an audio bandwidth of 14 kHz with signals sampled at 32 kHz.The codec exhibit low delay, 25ms (20ms frame size + 5ms look ahead). 

In terms of quality, the SILK codec claims to have a better quality than that offered by AMR-WB, however, no formal characterization of the SILK codec is available and therefore no independent assessment of the quality of the codec is available.

2.8 MPEG AAC-LD/ELD

The MPEG-4 Low Delay Audio Coder is an audio compression format designed to combine the advantages of perceptual audio coding with the low delay necessary for two-way communication. It is closely derived from the MPEG-2 Advanced Audio Coding (AAC) format. It was published in MPEG-4 Audio Version 2 (ISO/IEC 14496-3:1999/Amd 1:2000) and in its later revisions. The AAC-ELD is the newest version of the AAC-LD codec where it uses the MPEG SBR tool to further improve the codec efficiency.

As is the tradition in MPEG, the encoder (for both codecs AAC-ELD and AAC-LD) is not a part of the standard which poses the problem of availability of a characterized and open source code encoder for independent testing.

3 Conclusion

From the above description of the possible codecs, the following table summarizes the suitability of each superwideband codec as reference for the 3GPP-EVS codec standardization.
	Codec
	Bandwidth supported
	Availability
	Standard status
	Suitability as a reference codec for 3GPP EVS
	notes

	G.718 SWB
	NB/WB/SWB
	(
	ITU-T
	(
	

	G.729.1 SWB
	NB/WB/SWB
	(
	ITU-T
	(
	

	G.722
	WB
	(
	ITU-T
	(
	

	G.722.1-G.722.1C
	WB/SWB
	(
	ITU-T
	(
	

	G.719
	SWB 
(see note)
	(
	ITU-T
	(
	Bandwidth up to 20kHz

SWB possible through send/receive filters or Resampling

	AAC-LD/ELD
	SWB 
(see note)
	(
(see note)
	MPEG
	(

	Bandwidth is encoder and bitrate dependant

	SILK
	NB/WB/SWB (see note)
	(
	Proprietary
	(
	Different definition for SWB, bandwidth up to 12kHz
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