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1. Introduction

This document presents the results of a study of the bit rate switching behavior of the E-AAC+ decoder. The ability of seamless bit rate switching of an audio decoder is a desirable property when, e.g. due to traffic load (congestion) the bit rate available for the service changes during the session. Seamless switching would allow changing the bit rate without audible artifacts. 

2. Methodology

According to agreement in the audio adhoc group and the verification task defined in [1] this study is confined to assessing possible switching effects when switching across encoded bit streams. In particular the bit rate switching behavior of the E-AAC+ decoder was tested by decoding concatenated coded audio data, which had been encoded at various different bit rates. 

Specifically and after kind support from CT, the following procedure was found suitable for carrying out the task:

1. Encoding of given audio-files with E-AAC+ encoder (26.410) at various rates and channel modes (mono/stereo) of interest.

2. Split up of the encoded audio file into segments of 1 s duration by using “MP4box” tool.

3. File format conversion of the segment files from 3GPP to raw (ADTS) format by using “adif2mp4” tool.

4. Concatenation of segments encoded with different rates in alternating order.

5. Conversion of concatenated audio file in raw format to MP4 file format by using “adif2mp4” tool.

6. Decoding of the MP4 audio file with E-AAC+ decoder (26.410).

7. Informal listening and further analysis.

3. Audio data

The audio data used in the study was sound items from the selection test.

4. Experiments

Problems with rate switching were to be expected when the bit rate change involves a change of the reconstructed audio bandwidth or stereo coding method, otherwise seamless switching was expected to be possible. In order to verify this hypothesis a first set of tests was conducted with major bit rate changes, which involve different entries of the SBR tuning table in the E-AAC+ encoder (sbr_main.c) and a larger change of the reconstructed audio bandwidth. A further set of tests investigated minor bit rate changes. Here, two cases were considered: case 1 involving two neighboring entries of the SBR tuning table and thus at least slightly changing the reconstructed audio bandwidth and case 2 for which the encoding is done using the same entry of the SBR tuning table such that no change in reconstructed audio bandwidth occurs. 

In the stereo case it should be noted that a bit rate change using different SBR tuning table entries may not only change the reconstructed audio bandwidth but even may turn on/off the parametric stereo tool. Hence, cases with PS on, with PS off (and Regular AAC+ stereo) and with on/off toggling of the PS tool were considered. 

4.1 Results – Mono

4.1.1 Major bit rate changes – large change in reconstructed audio bandwidth

The decoder is able to decode the audio data after the bit rate changes. However, this switching causes annoying artifacts and occasionally even severe artifacts with signal overload. The annoying artifacts can be characterized in that significant parts of the higher frequencies are muted for fractions of a second. After that the re-occurring high frequencies are perceived as annoying high-frequency noise. 

The described artifacts (overload, high-frequency muting) as well as the change of the reproduced audio bandwidth are visualized in Fig. 1 for a segment of music, for which the coding bit rate was toggled between 17 and 29 kbps. 
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Figure 1: Major bit rate changes – large change in reconstructed audio bandwidth

4.1.2 Minor bit rate changes – change in reconstructed audio bandwidth

The same findings were made as in 4.1.1. An example with bit rate toggling between 17 and 19 kbps is displayed in Fig. 2, where the same segment of music is used.
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Figure 2: Minor bit rate changes – change in reconstructed audio bandwidth

4.1.3 Minor bit rate changes – no change in reconstructed audio bandwidth

The bit rate switching does not cause any audible effects and can be called seamless. This statement is supported by the spectrum plot of the same piece of music as above (Fig. 3) for which the bit rate switches between 12 and 17 kbps. 
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Figure 3: Minor bit rate changes – no change in reconstructed audio bandwidth

4.2 Stereo

4.2.1 Major bit rate changes – large change in reconstructed audio bandwidth (bit rate < 36 kbps, parametric stereo tool on)

As in the mono case above the decoder is able to decode the audio data after the bit rate changes and the nature of impairments is comparable. The switching causes muting/noise and stereo artifacts and occasionally even severe artifacts with signal overload. The muting/noise artifacts can be characterized in that after bit rate switching high frequency content is muted followed by annoying high-frequency noise. The stereo impairments are perceived as annoying instability of the stereo image. 

Figure 4 shows an example spectrum plot of a decoded signal for which the coding bit rate was toggled between 16 and 35 kbps. As can be seen, the spectrum plot is similar to the mono case (4.1.1) and overload artifacts and artifacts due to high frequency muting are directly visible.
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Figure 4: Major bit rate changes – large change in reconstructed audio bandwidth (bit rate < 36 kbps, parametric stereo tool on)

4.2.2 Major bit rate changes – large change in reconstructed audio bandwidth (bit rate > 36 kbps, parametric stereo tool off)

The decoder is not able to decode the audio data with bit rate changes and crashes. 

4.2.3 Major bit rate changes – large change in reconstructed audio bandwidth involving on-off toggling of the PS tool

The decoder is not able to decode the audio data with bit rate changes and exits when switching from lower rate coding with PS to higher rate coding without PS.

4.2.4 Minor bit rate changes – small change in reconstructed audio bandwidth (bit rate < 36 kbps, parametric stereo tool on)

As in above (4.2.1) the decoder is able to decode the audio data after the bit rate changes and the nature of impairments is comparable. Again the switching causes high-frequency muting/noise and stereo artifacts and occasionally even severe artifacts with signal overload. 

Figure 5 shows an example spectrum plot of a decoded signal for which the coding bit rate was toggled between 17 and 19 kbps. Overload artifacts and artifacts due to high frequency muting are clearly visible.
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Figure 5: Minor bit rate changes – small change in reconstructed audio bandwidth (bit rate < 36 kbps, parametric stereo tool on)

4.2.5 Minor bit rate changes – small change in reconstructed audio bandwidth (bit rate > 36 kbps, parametric stereo tool off)

The decoder is not able to decode the audio data with bit rate changes and crashes. 

4.2.6 Minor bit rate changes – small change in reconstructed audio bandwidth involving on-off toggling of the PS tool

The decoder is not able to decode the audio data with bit rate changes and exits when switching from lower rate coding with PS to higher rate coding without PS.

4.2.7 Minor bit rate changes – no change in reconstructed audio bandwidth

Both for bit rates below 36 kbps (PS on) and above (PS off) the bit rate switching does not cause any audible effects and can be called seamless.

5 Conclusion

It is concluded that the E-AAC+ decoder does generally not provide seamless bit rate switching capability which may be relevant in case of changes of the available bit rate for the service (e.g. congestion control). Artifacts or even decoder crashes have been observed. In case of minor bit rate changes seamless rate switching is supported, as long as this does not involve changes of the reconstructed audio bandwidth or on/off toggling of the parametric stereo tool.   
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