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Introduction

At present the Release-6 3GPP Enhanced aacPlus encoder specification is setting a bitrate border of 36 kbps up to which Parametric Stereo encoding is used. A non-optimum performance of the Enhanced aacPlus encoder in the bitrate range above 36 kbps has been noticed when doing the processing for the phase 2 characterization tests. Here one coding mode did specify a gross bitrate of 40 kbit/s, stereo. Since in this case the available net bitrate was higher than 36 kbps, PS encoding would not have been used. However it was found that the resulting audio quality at a bitrate of e.g. 32 kbps was superior compared to using net bitrates in the range of 38 kbps, which led to the conclusion that the bitrate border for PS selection at 36 kbps has been chosen wrongly. 

This document summarizes listening test results that have been carried out with the Enhanced aacPlus floating-point encoder software which has been used as currently standardized and compared to a modified version of the encoder using Parametric Stereo, both at bitrates of 40, 44 and 48 kbps.

Listening Test Experiment

Test Method

The test procedure followed that of the “Multiple Stimulus with Hidden Reference and Anchors” (MUSHRA) [2] method for the subjective assessment of intermediate quality audio. Figure 1 shows a screenshot of the user interface of the MUSHRA implementation used at Coding Technologies. The specific MUSHRA implementation was done by Fraunhofer IIS.

Prior to the actual testing a training phase was carried out in which the test subjects were familiarized with testing methodology and environment. The training was done following the same MUSHRA methodology as the actual test, though limited to four trials.

In average the test subjects carried out the experiment in around 90 minutes (including training session). The test subjects were allowed to take breaks, however they were not allowed to communicate their impressions during the test with other test subjects.

15 test subjects, aged between 25 and 40 years took part in the testing. All listeners were experienced from similar exercises, most of them with a background as audio engineers and musicians. No post-screening on the test subjects was applied. 
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Figure 1:  MUSHRA user interface
Test Material

The same test set as for the 3GPP  Characterization Tests [1] have been used.

Listening Laboratory

The test was conducted in the listening rooms at Coding Technologies Nuremberg. The audio data was replayed by a digital sound card to a high-class digital/analog converter and reproduced by STAX Lambda Pro headphones in a quiet acoustically controlled listening room.

Test Results

The following table shows the tested conditions:

	Condition
	Label
	Description

	# 1 
	hidden_reference
	Original, Hidden Reference

	# 2 
	hidden_reference7
	Anchor Condition 7 kHz band limited Original

	# 3 
	hidden_reference3
	Anchor Condition 3.5 kHz band limited Original

	# 4 
	3GPP-MS-40kbps
	Floating point encoder as standardised, 40 kbps

	# 5 
	3GPP-PS-40kbps
	Modified floating point encoder employing PS, 40 kbps 

	# 6 
	3GPP-MS-44kbps
	Floating point encoder as standardised, 44 kbps

	# 7 
	3GPP-PS-44kbps
	Modified floating point encoder employing PS, 44 kbps

	# 8 
	3GPP-MS-48kbps
	Floating point encoder as standardised, 48 kbps

	# 9 
	3GPP-PS-48kbps
	Modified floating point encoder employing PS, 48 kbps


The following graph shows the test results of the codecs under tests.
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Complexity Implications

To analyse the effect on complexity if the encoder would employ Parametric Stereo up to a bitrate of 44 kbps complexity measurements on the ETSI operator fixed-point implementations have been carried out. For each operating condition the worst case peak performance using the “allcat.wav” file (a long set of all concatenated test files that have been used during the codec selection test) were evaluated. The following table shows the results:

	Operating Condition
	peak WMOPS
(based on ETSI operator fixed point implementation)

	Encoder as standardized at 35.99 kbps
	58.69

	Encoder as standardized at 48 kbps (as worst case reference)
	77.63

	Modified Encoder, employing PS at 44 kbps
	60.55

	Decoder as standardized, decoding a bitstream containing PS at 35.99 kbps
	36.03

	Decoder as standardized, decoding a bitstream containing PS at 44 kbps
	36.41


Code change Implications

The required changes to the encoder code to use Parametric Stereo are very minor. Only 3 lines of code would need to be modified for both, the fixed-point and the floating-point code; in addition 22 respectively 14 words would need to be added to the encoder constants (i.e. ROM) to include an additional table entry, for details please refer to the Change Requests that are also available to this meeting [3], [4], [5], [6].

Conclusions

The listening test results shows that at 40 and at 44 kbps for the average over all items the modified encoder performs significantly better than the currently standardized encoder. At 48 kbps no significant difference could be shown, both encoder variants perform in the same range.

As for complexity implications it can be concluded that for the encoder the complexity would actually be reduced. For the decoder it can be stated that the performance hit when decoding bit streams of 44 kbps containing PS is only marginal.

Given the listening test results it seems advantageous to use Parametric Stereo in the Enhanced aacPlus encoder up to and including a bitrate of 44 kbps. Since at earlier SA4 meetings delegates did not feel comfortable with such a change for Release-6 it is herby suggested to apply this change to Release-7. According CRs have been prepared by Coding Technologies and will also be presented in this SA4 meeting.
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