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1. Abstract
This contribution presents the results of an audio bandwidth feasibility study for the EVS. The study is based on subjective listening tests comparing speech at different audio bandwidths under realistic listening conditions. 
The contribution concludes with suggestions for audio bandwidth requirements for the EVS.
2. Purpose of the study
It is generally known that audio bandwidth has an important impact on the perceived quality and that higher audio bandwidth leads to higher quality (under the assumption of no audible coding artifacts). At the same time, the associated higher audio sampling rates typically imply higher complexity, and wider signal bandwidth also constitutes more information that needs to be encoded and transmitted. This suggests that audio bandwidth and sampling rate need to be limited such that on the one hand audio quality is as high as possible and that on the other hand complexity and bit rate constraints can be met.

From audio coding it is known that transparency (i.e. no audible difference to the original signal) can only be achieved when retaining an audio bandwidth of about 20 kHz, suggesting a sampling rate of e.g. 44.1 kHz or 48 kHz. This has typically to be required for music signals if there should be no audible difference to the original signal and under assumed perfect listening conditions.

For the EVS however it is not obvious what audio bandwidth should be required in order to enable the highest possible quality and still to be economical in terms of complexity and information transmission. 
Traditional speech service is based on narrowband speech (8 kHz sampling rate), and it is known that substantial quality gains are possible with wideband speech (16 kHz sampling rate). There are indications that further quality improvements are possible with superwideband (SWB, 32 kHz sampling rate) speech or even fullband (FB, 48 kHz sampling rate). Such quality improvements have been shown by various listening labs in many tests under idealistic listening conditions. However, it is unclear if such quality gains can be attained with the EVS, which above all will be a mobile service. This means that in contrast to the idealistic listening conditions of a lab, the service will be used with mobile phone equipment in non-ideal listening environments. 

Hence, the purpose of the study is to find indications what minimal audio bandwidth (or correspondingly signal sampling rate) has to be required for the EVS in order to enable optimal quality under realistic use case assumptions. 
3. Use case assumption

The most typical and most important use case for the EVS among those identified in the draft EVS TR [1] is conversational voice communication between two parties (e.g. Multimedia telephony). Within the scope of 3GPP systems, the most likely case is that at least one of the involved terminals is a mobile terminal. 
Within this two-party conversational use case with mobile phones there are various scenarios with respect to different possible mobile environments (ambient noise) and with respect to the way how the mobile phone is used, whether this in handheld, portable handsfree or loudspeaker mode, etc.

Within this study it is not possible to test all of the possible scenarios and, rather, this study focuses on a single one. Among all possible listening conditions the most ideal and still very likely is a quiet environment using a (monaural) portable handsfree set. It can be assumed that under this condition a potential quality gain from increased audio bandwidth will be most audible. This will hence lead to an indication what audio bandwidth for the EVS should be required in order to address the most demanding case. Other (less ideal) listening conditions will likely require a smaller audio bandwidth since differences at higher frequencies may not be audible. 
A further possible distinction is the ambient noise level at the sending side. For this study it is assumed that the signal from the sender is clean speech without any audible noise background. 
4. Experimental design 

The listening experiment carried out in this study is designed to get absolute quality ratings of the different rendered conditions. It follows the ITU-T P.800 ACR testing methodology. Absolute rating, i.e. without quality reference, was chosen as this seems to correspond best to the way mobile phone users perceive quality. 
The conditions included in the test vary the signal bandwidth from narrowband to fullband, according to the purpose of the study. In order to relate perceived signal bandwidth differences to signal distortions, also included are P.50 weighted MNRU noise references. Further included are AMR and AMR-WB references. The purpose of these conditions is to give an indication of how much quality gain could ideally be expected with the EVS over the best possible quality delivered with the existing 3GPP narrowband and wideband speech services.   
4.1 Source Material

The Ericsson laboratory performed listening on a Swedish database containing 48 kHz sampled full band speech material. 24 sentence pairs of clean mono speech were equally selected from two male and two female speakers. Another 8 pairs were taken for a preliminary.
4.2 Test conditions

The following table provides an overview of the conditions included in the test.

Table 1: Overview of test conditions

	Common Conditions
	
	

	Test Method
	
	P.800 ACR

	Source material
	
	Clean Speech, 8s stimuli

	Talkers
	
	2 Male + 2 Female

	Channel
	
	Error free transmission

	DTX
	
	OFF

	NS
	
	No NS activated

	Signal level
	
	-26 dBov

	
	
	

	Input bandwidth
	
	Full band

	Number of input channels
	
	Mono

	Input sampling rate
	
	48 kHz

	Output sampling rate
	
	48 kHz

	
	
	

	Listeners
	
	12*2

	Listener groups
	
	6 (1)

	Listening order
	
	Randomized, one for each listener group

	Source samples per talker
	
	6 (2)

	
	
	

	Listening device
	
	SonyEricsson W595 Mobile phone with monaural portable handsfree

	Listening level
	
	Listener defined during preliminary

	Listening environment
	
	Silent (hoth 30 dBa)

	
	
	

	Narrowband Conditions
	
	

	Narrowband  references
	2
	AMR@12.2 kbps, low-pass filtered original signal

	Input sampling rate
	
	8 kHz

	Filter
	
	MSIN

	
	
	

	Wideband Conditions
	
	

	Wideband references
	2
	Low-pass filtered original signal, AMR-WB@23.85kbps

	Input sampling rate
	
	16 kHz

	Filter
	
	P.341

	
	
	

	Super Wideband Conditions
	
	

	Super wideband references 
	1
	Low-pass filtered original signal

	Input sampling rate
	
	32 kHz

	Filter
	
	14KBP

	
	
	

	Full Band Conditions
	
	

	Full band references
	5
	Original signal, P.50-MNRU 30 dBQ, 25 dBQ, 20 dBQ, 15 dBQ

	Input sampling rate
	
	48 kHz

	
	
	

	Preliminary
	
	

	Preliminary references
	8
	Narrow band, wideband, super wideband and full band of original signal, P.50-MNRU 30 dBQ, 25 dBQ, 20 dBQ, 15 dBQ


4.4 Rating scale

The listeners were instructed to score according to the overall quality impression of each rendered sentence pair using the following scale: 

Quality of the speech 
Score

Excellent                      
5

Good                          
4

Fair                              
3

Poor                              
2

Bad                               
1
4.5 Presentation sequences

All sentence pairs are processed by all 10 conditions, and then equally allocated into 6 different listener groups. Within each listener group each condition is repeated four times by different speakers. The presentation sequence for each listener group is according to a pre-defined randomized unique order which differs between listener groups. 
4.6 Listeners

Twelve Ericsson expert listeners where allocated to two listener groups each. There were hence 12 * 2 * 4 = 96 votes per condition. The listener age ranged from 25 to 50.
4.7 Listening environment

The listening was done in a defined listening lab environment. The ambient noise level during the listening was set to 30 dBa (Hoth noise). The listening was done using playback via a SonyEricsson W595 phone equipped with a monaural portable handsfree set. The listening volume as well as the ear used for listening was listener-defined during the preliminary. 
4.8 Preliminary

A preliminary test with eight conditions (Narrow band, wideband, super wideband and full band of original signal, P.50-MNRU 30 dBQ, 25 dBQ, 20 dBQ, 15 dBQ) was done with the listeners prior to the main test. The purpose was to familiarize the subjects with the test setup and task and to make the necessary adjustments for convenient listening at self-chosen volume. 
5. Test results

The test results are given below in graphical format. Included error bars indicate 95% confidence intervals. 
From the results it can be concluded:

· There is about a linear quality increase with increasing bandwidth from narrowband to superwideband. Superwideband provides a similar quality gain over wideband as wideband over narrowband.  

· Quality saturates with superwideband. There is no further quality gain from superwideband to fullband. 

· The potential quality gain with an increase of audio bandwidth is substantially larger than the potential with improving the existing AMR or AMR-WB codecs within their respective frequency bands.
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Figure 1: Total results

6. Conclusion

The study results indicate that there is a significant quality potential for the EVS with enabling superwideband audio bandwidth. The gain over the quality achievable with wideband is as large as the quality difference between wideband and narrowband speech. It is also apparent that there is only little or no gain with even larger bandwidth than superwideband. The main reason for this may be kind of chosen listening environment with realistic mobile phone and portable handsfree equipment.
A further observation is that the existing 3GPP narrowband and wideband codecs provide a high quality level within their respective narrowband or wideband audio bands. Compared to the substantial quality gain that can be achieved by enlarging the audio bandwidth it is safe to state that there is only limited improvement potential over the quality level provided by these codecs within their respective frequency bands. 
We conclude that there is a significant potential for the EVS to offer substantial quality enhancements over the level of service quality provided with the existing 3GPP narrowband and wideband speech services. This quality potential can be explored through the enabling of superwideband. The support of superwideband audio should hence be a requirement for the EVS. 

The relatively limited improvement potential for AMR and AMR-WB within their respective frequency bands suggests further that it would be pointless to require that EVS should offer enhanced narrowband or wideband speech quality over the level that is already today achievable with these codecs.

A further conclusion is that EVS should not impose requirements for larger bandwidths than superwideband. This is due to the lack of further enhancement potential in the tested context. This should however not rule out the possibility to provide full audio bandwidth as an option for other use cases not covered by this study. 
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