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Objective

Based on the results achieved in the listening tests for the low bitrate range in the audio codec selection[1], questions were raised about the speech performance of the enhanced aacPlus candidate codec. This document provides additional data that allows to answer those questions better.

Introduction

The official test matrix contained only few data points for the mono quality performance of the candidate codecs, which is supposedly very interesting for lowest bitrate services. No data was available for bitrates between 14 kbps and 24 kbps, so that only very little information could be derived about how the codec behavior changes with increasing bitrate. Some companies also questioned the value of the 18kbps stereo test because stereo was compared to mono. While some of this data may be created during the characterization of the selected codecs, the authors felt that it would be beneficial to have this particular piece of information early in the process to motivate certain characterization activities.

Therefore, a listening test was conducted to create such data. This document makes the results of this test available to SA4.

Test Setup

The test was conducted at two test sites (Coding Technologies and Fraunhofer) which already participated in the official 3GPP selection tests. The same setup as used in the selection tests was used (see [2] and [3] for details).

The tests used the speech items used in the selection tests to allow for comparability of the results. From all available speech test items, 3 clean speech, 3 noisy speech and 4 speech-over-music items were selected. Codecs in the test were AMR-NB (12.2.kbps), AMR-WB (14.25kbps, 18.25kbps, 23.85kbps) and enhanced aacPlus (14kbps, 18kbps, 24kbps). A hidden reference and two bandimited anchorsignals (3.5kHz and 7kHz) were also included.

At each of the two test sites, 8 listeners participated in the test. 

Test Results

The results of the two test sites can be seen in the figures below. The results are displayed per-item and as average over all items. It should be noted once again that all items in the test were speech items.

As can be seen from the results, enhanced aacPlus@18kbps is comparable with or even slightly better than AMR-WB@24kbps, which is further clearly outperformed by enhanced aacPlus@24kbps. It can also be seen that the performance gain with increasing bitrate is very significant for enhanced aacPlus but only slight for AMR-WB.

Another interesting datapoint which was not available in the official selection tests is the performance relative to the AMR-NB, the default codec for the speech media type in Rel.5 PSS.

Conclusion

The test results motivate a few issues to consider further during the characterization tests. First of all, the 18kbps mono condition appears to be a valuable test case for the characterization. Furthermore, creating tests which allow to observe the variation of quality over bitrate also appears to provide practically useful information.
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