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1 Introduction

At SA4#105, several contributions addressed potential reference codecs for the IVAS performance evaluation. In particular, the suitability of the EVS multi-mono operation was questioned [2, 3] as the only performance reference for IVAS. In [1], several additional reference codecs were proposed to complement the list of the references. Consequently, the list of potential legacy codecs for the IVAS performance evaluation was amended at SA4#105 [4]. It was further suggested that using the EVS multi-mono with equal bit allocation for all channels might not be optimal and contributions were invited showing some evidence of relative performance using unequal and possibly varying (source-controlled) bitrate allocation among channels [3]. Also matrixing of the input channels prior to encoding was proposed [2, 3]. In [5], a question was further raised whether the ITU-T tools for artificial stereo creation were appropriate for the IVAS standardization.
To contribute to the discussion on the IVAS performance requirements, this contribution presents results of a formal DCR test on clean stereo speech, evaluating the EVS codec in different multi-mono configurations, plus several other potential reference codec candidates. The stereo speech consisted both of artificially created speech using the ITU-T Reverberation tool [6] as well as recorded stereo speech.
In summary, the objective of the test was to collect some more information related to some questions raised in [2, 3, 5]:
- Relative performance of the multi-mono EVS codec with respect to other stereo codecs.
- Benefit of unequal bit rate allocation of the EVS codec applied to stereo speech.
- Matrixing of the stereo speech channels prior to encoding by EVS.
- Suitability of the ITU-T Reverberation tool to create artificial stereo speech for IVAS performance evaluation.
2 Test setup

The standard P.800 DCR methodology was used to run the test. The only additional information provided to the listeners was that the listened samples were stereo samples.
The database consisted of SWB speech content of 6 talkers (3 male and 3 female), sampled at 32 kHz. Each utterance consisted of two simple sentences pronounced by two talkers. In general, the sentences did not overlap, though sometimes the second sentence started immediately after the end of the first sentence.
Half of the database consisted in real stereo speech recordings done at the Speech and Audio Research Laboratory at the University of Sherbrooke. The recording setup is depicted in Figure 1. The samples used in the test were recordings of microphones M1 and M2 for speakers at positions P5 and P6, and recordings of microphones M1 and M6 for speaker positions P1 and P2.
[image: ]
Figure 1. Setup of the stereo speech recording at the University of Sherbrooke

The second half of the database consisted in artificially created stereo speech samples using the Reverberation tool of the ITU-T Sofware Tool Library [6]. The processing chain is shown in Figure 2. The small video-conference room (Scenario 2), depicted in Figure 3, was used with 7 different talker positions in the following two configurations: 
1. small anechoic room, M-S recording
2. small echoic room, binaural recording

[image: ]
Figure 2. Processing chain to create the artificial stereo samples 
[image: ]
Figure 3. The configuration of the small video-conference room used for the artificial stereo samples.

24 naïve listeners participated in the test. 36 speech samples were listened per condition, and 144 votes were casted per conditions.
[bookmark: _GoBack]The test anchors comprised direct stereo speech, SRDUs of 0.6, 0.3, 0.0, and MNRUs of 30, 23, 16 dB.
The following reference codecs and codec configurations were evaluated:
· 2 x EVS mono at 9.6, 13.2 and 16.4 kbps 
· EVS mono at 9.6 kbps (Left) + 16.4 kbps (Right) 
· EVS mono at 16.4 kbps (Left) + 9.6 kbps (Right)  
· EVS mono at 16.4 kbps (M) + 9.6 kbps (S)  
· EVS mono at 16.4 kbps + 9.6 kbps where the higher bitrate was allocated to the channel with higher energy on a frame basis, with some smoothing and hysteresis to prevent too frequent bitrate switching.
· Opus at 32 kbps (using –hard CBR)
· WB+ at 14.26, 25.21 and 32 kbps
· G.722 Annex D at 80 and 112 kbps
· eAAC+ at 16.4, 24.4 and 32 kbps
3 Test results

[image: ]
Figure 4. Test results for anchors, all content
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Figure 5. Test results, all content
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Figure 6. Test results for real recordings of stereo speech
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Figure 7. Test results for artificially generated stereo using the ITU-T Reverberation Tool

4 Discussion

Observations
· The test results suggest that the multi-mono EVS codec spans reasonably well the performance space. If needed, even higher granularity can be achieved using unequal bit rate distribution between both channels.
· The performance of the evaluated stereo codecs varies significantly for the real recorded stereo speech and for the artificially created stereo speech. The robustness of the multi-mono EVS codec with respect to the tested content compares favorably to the other reference codecs.
· Unequal bit rate allocation does not show performance advantage for the tested content at the tested bitrate. This applies even to adaptive bitrate allocation based on channel energy.
· Matrixing (coding of M-S channels) does not show performance advantage over the direct L-R coding for the tested content at the tested bitrate.
5 Proposal

It is proposed to take the presented results into account when deciding on the references for IVAS performance evaluation.
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