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Introduction
Speech/Audio quality of low bit rate speech/audio codecs depends to a large extent on the input material. It is possible to optimize for specific types of speech/audio material by sacrificing other signal classes. Therefore, the result of any EVS selection test can potentially greatly depend on the speech/audio material chosen for these tests. To show possible effects of one-sided material selection this input document provides results of some listening tests conducted with the latest wide band and super wide band / full band codecs which are widely considered to represent the current state of the art in communication codecs. The tests were run in two categories: Category one was conducted with wide band codecs operating at 8 and 12 kbit/s and investigates on possible drawbacks of background noise for codecs optimized on clean speech . The second category compares recently in ITU-T and ISO/MPEG standardized full band / wide band codecs at 32 kbit/s and provides a general overview on state of the art codec performance for several signal classes. Both categories represent operating bit rates envisioned for a future EVS codec.
Listening test conditions
The listening test results we present in this document were obtained by means of the MUSHRA methodology. This methodology is defined in ITU-R recommendation BS.1534-1 for assessing "intermediate audio quality". In MUSHRA, the reference (labelled as such) a certain number of test samples, a hidden version of the reference and one or more anchors which are low-pass versions of the reference are presented to the listener. Here only the 3.5 kHz low-pass anchor is used (35LP). The reference is always a fullband original signal. 

All items in this test are about 20 seconds long.

Low bitrate test

The first test contained 2 different speech items with and without background noise yielding 4 different items overall. The background noise contains typical office noise like keyboard typing, telephone ringing, computer fan noise etc. This test was conducted by 8 experienced listeners. 

The items are:

· es04_clean: clean english male speech

· es04_noisy: es04_clean with background noise

· es05_clean: clean german female speech

· es05_noisy: es05_clean with background noise

Figure 1 shows mean and confidence intervals of all items together while Figure 2 shows the average results for noisy speech and for clean speech.
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Figure 1: Listening test results for AMR-WB and G.718 at 8 and 12 kbit/s for clean and noisy speech
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Figure 2: average results for clean and noisy speech for AMR-WB and G.718 at 8 and 12 kbit/s
For clean speech the following conclusions can be drawn:

· G.718 at 8 kbit/s is significantly better than AMR-WB at 8 kbit/s

· G.718 at 8 kbit/s is not significantly different to AMR-WB at 12 kbit/s

· G.718 at 12 kbit/s is significantly better than AMR-WB at 8 kbit/s

For noisy speech the following conclusions can be drawn:

· G.718 at 8 kbit/s is not significantly different to than AMR-WB at 8 kbit/s

· G.718 at 8 kbit/s is significantly worse than AMR-WB at 12 kbit/s

· G.718 at 12 kbit/s is not significantly different to AMR-WB at 8 kbit/s

For clean speech the brand new G.718 codec operating at 8 kbit/s provides a measurable improvement over AMR-WB. However at 12 kbit/s for clean speech, G.718 seems not to gain from the increased bit rate. And even more surprisingly, for speech with background noise G.718 achieves an even lower mean score than the many years older AMR-WB codec. In contrast AMR-WB is robust to background noise as the quality stays at the same level when background noise is added, while the quality for G.718 drops considerably when background noise is added. Overall such a result suggests that AMR-WB is a much more balanced design and the better choice for real world applications.

High bitrate test

In the second test 15 different items containing clean speech, noisy speech, speech over music and music were assessed. This test was conducted by 10 experienced listeners. All codecs under test are super wide-band or full band codecs.

Codecs under test are ISO/MPEG AAC-ELD (ELD) with a bandwidth of 16 kHz, G.718 with a bandwidth of 14 kHz, G.719 with a bandwidth of 20 kHz and G.722.1C with a bandwidth of 14 kHz.

The items cover a broad range of all natural audio signals especially consisting of speech, speech over music and music. This test set is used in the ongoing ISO/MPEG Unified Speech and Audio Coding standardization:

speech

· korean_1: clean male speech 

· korean_2: clean male speech

· louisR: male speech with street noises

· es01: clean female singing voice

· te1: clean male speech

speech over music

· S_M_1: female speech with background sounds from a sports event

· S_M_2: children voices with background music

· twinkle: female speech over music

· HarryPotter: speech over music

· lion: clean male speech alternating with animal sounds

music

· salvation: choir music

· te15: orchestra music

· Music_1: Rock/Pop music

· Music_3: Rock/Pop music

· phi7: pitch pipe

Figure 3 shows mean and confidence intervals of all items while figure 4 shows the average results for each category (speech, speech over music and music) 
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Figure 3: Listening test results for G.718, G.719, G.722.1-C and AAC-ELD at 32 kbit/s 
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Fig. 4: Listening test results for G.718, G.719, G.722.1-C and AAC-ELD at 32 kbit/s categorized into signal categories
While for speech signals all codecs besides G.722.1-C show quite similar performance, this is no more the case for the other categories. For speech over music and for music G.718 drops in quality being significantly worse than G.719 and AAC-ELD. On the other hand AAC-ELD, G.719 and G.722.1-C achieve similar scores for all categories.

Conclusion

In real world applications unbalanced designs can produce very unpleasant user experiences. This is shown in two example listening tests. While at the lower bit rate end G.718 seems to represent the current state of the art for clean speech wide band coding, it shows a step back for background noise where the performance seems to be worse than that of the much older AMR-WB. 

At a much higher bit rate (32 kbit/s) there is still a big dependency of the measured audio quality on the selected input material. To obtain a codec with a balanced performance it is essential to select test material representing a wide range of input signal classes, like different speakers with and without various types of background noise or music. Furthermore it is important to have a selection of music signals which are good representatives of very different classes of audio material. These could be single instruments vs. complex orchestra music, pop music vs. classical music, stationary signals vs. signals with highly dynamic time signal characteristics. Only such a material selection will give a comprehensive picture of a candidate codec’s performance and allow a judicious selection of an eventual EVS codec. 

Therefore the source proposes to select an equal amount of items from the four categories:

· clean speech

· noisy speech

· speech over music

· music 

for the selection of the EVS codec.
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