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1. Introduction

At the last 3GPP SA4 #61 meeting, there was considerable discussion on algorithmic delay of EVS Design Constraints.  The discussion focused on limitation of the algorithmic delay.  The source proposed a maximum algorithmic delay of 50 ms for the EVS codec at the 3GPP SA4 #59 meeting in June last year [1].  This contribution summarizes state-of-the-art codecs recently standardized by ITU-T in terms of algorithmic delay and application scenarios and then discusses the maximum algorithmic delay for the EVS codec.

2.  Discussion

For the past few years several new speech and audio codecs were standardized in ITU-T, including G.722.1C, G.729.1, G.718, and G.719 [2].  These state-of-the-art codecs are designed for conversational applications such as high-quality video conferencing and teleconferencing, VoIP, 3G and future wireless (4G, WiFi) systems, multimedia streaming, etc. and they can provide very good speech/audio quality.  The codecs operate on frames of 20 ms and have an algorithmic delay in range of 32 ms to 56 ms.  The following table summarises these codecs in terms of algorithmic delay and application scenarios [2] – [6].
	Codec
	Algorithmic Delay (ms)
	Applications

	
	Codec
	ToR
	

	G.722.1C
	40
	≤ 50
	videoconferencing, teleconferencing, and Internet streaming audio applications

	G.729.1
	48.9375
	≤ 60
	packetized wideband voice (VoIP, VoATM, ToIP, IP phone, private networks), high quality audio/video conferencing

	G.729.1E (SWB)
	55.6875
	
	

	G.718 (NB mode)
	33.8751/43.875
	≤ 60
	packetized voice (VoIP, VoATM, IP phone, private networks), high quality audio/video conferencing, 3G and future wireless (4G, WiFi) systems, multimedia streaming, etc.

	G.718 (WB mode)
	32.8751/42.875
	
	

	G.718B (SWB )
	49.625
	
	

	G.719
	40
	≤ 50
	videoconferencing, Telepresence, teleconferencing, streaming audio over the Internet as well as IPTV


Note1: Low-delay mode for bitrates of 8 kbps and 12 kbps.
It can be seen from the above table that these codecs have similar applications for which the EVS codec will be used.  Some of them have been proposed as reference codecs for EVS Performance Requirements [7].  Therefore, a maximum algorithmic delay of 50 ms is reasonable for EVS Design Constraints.
3. Conclusion

In this contribution it is proposed that a maximum algorithmic delay of 50 ms is reasonable for EVS Design Constraints when compared to the state-of-the-art speech and audio codecs standardized in ITU-T for similar application scenarios.
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