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1 Summary
Given the poor progress being made in drafting requirements for Enhanced Voice Services (EVS) in TR22.813, in this document we propose that ITU-T Recommendation G.718 [1] should be adopted in 3GPP as the EPS codec for providing EVS. G.718 is about to be published by the ITU-T in bit-exact form and adopting at least the lowest layer(s) of this codec in good time for the initial deployments of EPS Voice over IP (VoIP) services would permit the following advantages to be realised: 
· ITU-T Recommendation G.718 outperforms both AMR and AMR-WB in terms of quality and capacity within an EPS system [2].
· G.718 has a G.722.2/AMR-WB 12.65 kbit/s interoperability mode which out-performs AMR-WB 12.65 [2] and so EPS handsets would not require AMR-WB code in addition to G.718. 
· G.718 is an embedded codec and therefore the lower layers, which provide the main voice telephony capacity benefits and have lower algorithmic delay, maybe adopted independently of the upper layers. The upper layers could be added at a later date, without compromising interoperability. These existing layers provide enhanced performance for wideband music, whilst other layers being developed will provide the support for stereo and superwideband which will almost inevitably be required in EVS.
· The state of the art narrowband performance of G.718 at 8 kbit/s provides immediate capacity and quality benefits for narrowband-only networks compared to AMR at 12.2 kbit/s.
· ITU-T is an internationally recognized SDO with an unrivalled reputation for high quality multi-media codecs. Additional capabilities for G.718 are currently being developed in ITU-T SG 16; including Floating Point and Superwideband and Stereo extensions. Further features optimised for EPS could also be added, as required.
· Adopting G.718 would reduce the standardisation effort within SA4 and SA1, with the benefit of reduced costs for both network operators and manufactures.  
As the codec experts group of 3GPP, it is suggested that SA4 should recommend the timely adoption of ITU-T G.718 to SA1 and SA as the ideal solution for EVS.
2 Discussion

ITU-T Recommendation G.718 is an embedded scalable speech and audio codec standard providing high quality narrowband (250 Hz to 3.5 kHz) speech over the lower bit rates and high quality wideband (50 Hz to 7 kHz) speech over the complete range of bit rates. In addition, G.718 is designed to be highly robust to frame erasures, thereby enhancing the speech quality when used in internet protocol (IP) transport applications on fixed, wireless and mobile networks. The bit exact standard was approved in June 2009 and represents the state of the art in terms of quality, frame error robustness and compression efficiency. Since the standard is complete, it could be implemented and deployed quickly even within early deployments of VoIP in EPS.
In [2] we describe the results of a realistic listening experiment, designed to compare the performance of G.718 with the AMR narrowband and wideband codecs in terms of both quality and capacity for clean speech signals within an EPS system. This experiment showed that G.718 is very likely to outperform both AMR-WB and AMR-NB in terms of quality and capacity.
G.718 also provides support for AMR-WB. It incorporates an alternate core coding mode, with a minimum bit rate of 12.65 kbit/s, which is bitstream interoperable with ITU-T Recommendation G.722.2, 3GPP AMR-WB and 3GPP2 VMR-WB mobile wideband speech coding standards. What’s more, at 4% and 6% FER, G.718 operating in its G.722.2/AMR-WB interoperability mode provides statistically significantly better quality than AMR-WB 12.65. 

The embedded scalable structure of G.718 enables maximum flexibility in the transport of voice packets through IP networks. The bitstream may be truncated at the decoder side or by any component of the communication system to instantaneously adjust the bit rate to the desired value without the need for out-of-band signalling. This also means that the immediate quality and capacity benefits of the codec can be obtained by implementing only the low-delay lower layer, with the opportunity to add the higher layers at a later date. The current upper layers provide support for wideband music and the embedded structure of G.718 allows the codec to be easily extended to provide stereo and wider bandwidth coding. Stereo and superwideband operation are currently under development in ITU-T Study Group 16. If required, more EPS-targeted enhancements could also be developed in 3GPP and/or ITU-T.
The high quality codec core represents a significant advance in quality over currently available codecs. During ITU-T Characterization testing, the narrowband coding mode, operating at 8 kbit/s, was shown to provide clean speech quality equivalent to G.729 Annex E at 11.8 kbit/s. Our testing [2] has shown that the same mode provides clean speech quality equivalent to AMR 12.2. Whilst at 4% and 6% FER it provides statistically significantly better quality than AMR 12.2. There is also a significant capacity advantage or Link Es/No advantage of approximately 3dB. This would mean that for narrowband-only networks, G.718 could be used to provide a capacity improvement over AMR 12.2 or a quality improvement over AMR 7.95.
G.718 was developed in ITU-T Study Group 16 as part of an open consortium of 9 organizations many of whom are key members of 3GPP; Motorola, Nokia, Ericsson, Texas Instruments, VoiceAge Corporation, Panasonic, Huawei, France Telecom, Qualcomm. 
Recommending the adoption of ITU-T Recommendation G.718 in 3GPP will allow rapid progress in SA4 reducing standardisation effort and associated characterisation costs.
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Appendix A 
A.1 Codec Delay

The input signal is processed using 20 ms frames. The codec delay depends on the sampling rate of the input and output. For WB input and WB output, the overall algorithmic delay is 42.875 ms. It consists of one 20 ms frame, 1.875 ms delay of input and output re-sampling filters, 10 ms for the encoder look-ahead, 1 ms of post-filtering delay, and 10 ms at the decoder to allow for the overlap-add operation of higher-layer transform coding. For NB input and NB output, higher layers are not used, but the 10 ms decoder delay is used to improve the codec performance in presence of frame erasures and for music signals. The overall algorithmic delay for NB input and NB output is 43.875 ms – one 20 ms frame, 2 ms for the input re-sampling filter, 10 ms for the encoder look-ahead, 1.875 ms for the output re-sampling filter, and 10 ms delay in the decoder. 
If the output is limited to Layer 2, the codec delay can be reduced by 10 ms, this is referred to as low-delay mode resulting in an overall algorithmic delay is 32.875 ms for WB input and WB output and 33.875 ms for NB input and NB output. 

A.2 Complexity and Memory
The worst case complexity of the encoder and the decoder in the fixed point implementation is around 68 WMOPS, calculated using the ITU-T basic operations tool. The worst case complexity of the G.722.2-interoperable option at 12.65 kbit/s is around 49 WMOPS. A detailed summary for different bitrates is provided in Table 1.

Table 1 – Complexity of the codec

	Option
	Bitrate
	Encoder
	Decoder*
	Total

	Default, WB
	8 kbit/s
	39
	15
	54

	
	12 kbit/s
	45
	15
	60

	
	16 kbit/s
	51
	17
	68

	
	24 kbit/s
	52
	15
	67

	
	32 kbit/s
	53
	16
	69

	
	Overall
	53
	17
	70

	Default, NB
	8 kbit/s
	39
	16
	55

	
	12 kbit/s
	46
	17
	63

	
	Overall
	46
	17
	63

	G.722.2-interoperable
	12.65 kbit/s
	36
	15
	51

	*calculated with 5% frame erasure rate


The memory usage by the codec is shown in Table 2. The total ROM consumption is around 31.8 kWords and the total RAM usage is around 25.7 kWords (includes static and dynamic RAM).

Table 2 – Memory consumption

	Memory
	Type
	Encoder
	Decoder
	Common
	Total

	ROM

(kWord)
	static
	1.8
	0.3
	29.7
	31.8

	RAM

(kWord)
	static
	6.0
	5.5
	–
	11.5

	
	dynamic
	8.4
	5.8
	–
	14.2

	
	overall
	14.4
	11.3
	–
	25.7
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