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1 Introduction
Already today, established telepresence systems are able to provide an audio quality in the communication at the highest level. One key aspect in this context is the SWB capability, which was already accepted as a mandatory feature for the IMS Telepresence. Other aspects are for instance the used bit rates. This document aims to find suitable codec configurations that are able to provide a quality level comparable to state-of–the art systems.
2 Audio quality in Telepresence systems
Almost all telepresence systems today offer SWB audio quality using the MPEG AAC-LD codec at a bit rate of 64kbps mono or 128kbps stereo. This is the common quality level defining the telepresence audio quality. 
As EVS is foreseen as the SWB communication codec, clear guidance should be given, how to configure EVS in order to provide an equivalent audio quality. For that exercise, the EVS selection data can be investigated. For simplicity, it can be assumed that G.719 at 64kbps provides a similar quality to AAC-LD at 64kbps. Given that, two-sided independent T-tests can be conducted on the EVS selection listening data in [1] verifying at which bit rate EVS is statistically equivalent to G.719 at 64kbps. In the following, the selection test experiments per lab have been analysed on the content categories clean speech (s1), noisy speech (s3) and mixed content / music (s6). The following tables summarize the result, while the full calculation is attached to this document
. The abbreviation WT stands for “worse than”, NWT for “not worse than” and BT for “better than”. The first line in Table 1 for instance should be read as EVS@13.2kbps is worse than G.719@64kbps for lab b and c in experiment s1.
	T-Test
	Experiment

bs1, cs1
	c11 (bs1)
	c11 (cs1)

	 Two-sided
	
	G.719_64_DTX:off
	G.719 64_DTX:off

	c21
	CuTA_13.2_DTX:off
	WT
	WT

	c22
	CuTA_16.4_DTX:off
	WT
	NWT

	c23
	CuTA_24.4_DTX:off
	NWT
	NWT

	c24
	CuTA_32_DTX:off
	NWT
	NWT

	c25
	CuTA_48_DTX:off
	NWT
	BT


Table 1: EVS Selection Test: Experiment S1, SWB clean speech

	T-Test
	Experiment

as3, bs3
	c10 (as3)
	c10 (bs3)

	Two-sided 
	
	G.719_64_DTX:off
	G.719_64_DTX:off

	c16
	CuTA_13,2_DTX:off
	WT
	WT

	c17
	CuTA_16,4_DTX:off
	WT
	WT

	c18
	CuTA_24,4_DTX:off
	WT
	NWT

	c19
	CuTA_48_DTX:off
	NWT
	NWT


Table 2: EVS Selection Test: Experiment S3, SWB noisy speech

	T-Test
	Experiment

as6, bs6
	c13 (as6)
	c13 (bs6)

	 Two-sided
	
	G.719_64_DTX:off
	G.719_64_DTX:off

	c15
	CuTA_13,2_DTX:off
	WT
	WT

	c16
	CuTA_16,4_DTX:off
	WT
	WT

	c17
	CuTA_24,4_DTX:off
	WT
	NWT

	c18
	CuTA_32_DTX:off
	WT
	WT

	c19
	CuTA_48_DTX:off
	NWT
	NWT


Table 3: EVS Selection Test: Experiment S6, SWB mixed content / music

It can be concluded from these tables, that for clean speech signals, 24.4kbps is comparable to the default quality of telepresence systems. For generic content, 48kbps is required to match the default quality level. 
3 Conclusion
The source proposes to include these findings given in Section 2 as recommendations into TS 26.223 ensuring that the “being there” experience through telepresence is maintained on the same level as it is already perceived today.  A text proposal is given in the following to be added to Section 6.1 “Media Configuration”.

“When using SWB communication, the EVS codec should operate at 24.4kbps or any higher bit rate for speech centric content. For generic content, it is recommended to operate at 48kbps or any higher bit rate.”
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� For the sake of completeness, the Excel document also contains data for single sided T-tests. Considering this data, the main conclusion does not change.





