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Summary

This document reports on the verification test of the MPEG-4 Spectral Band Replication (SBR) Audio coding tool which, when combined with the MPEG-4 Advanced Audio Coding Low Complexity (AAC LC) coding tool, comprises the MPEG-4 High Efficiency AAC (HE AAC) Profile. The SBR tool comes in two versions, one that is most appropriate for high quality applications, and anther that is most appropriate for low power applications. 

The verification test compares the performance of the MPEG-4 High Efficiency AAC Profile coder to that of the MPEG-4 AAC Profile coder (i.e. AAC LC tool). The verification test shows that the HE AAC codec, in mean performance, offers a coding gain of more than 25% as compared to the performance of AAC, when both coders operate at or near 24kbps/channel. Furthermore, the tests also show that for no item does the HE AAC codec perform worse than the AAC codec when both operate at the same bitrate.
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1 Introduction

In mid-1999 the International Standard ISO/IEC 14496-3, MPEG-4 Audio Version 1 issued and in early 2000 the ISO/IEC 14496-3 / AMD1, MPEG-4 Audio Version 2 issued. Numerous tests have been conducted by MPEG (see references) to verify that the MPEG-4 standard contains state of the art technology. However, WG11 is always interested in new developments which may provide improvements over the existing MPEG-4 standard and which may lead to extensions of MPEG-4 or to new work items. For this reason, at the 53rd MPEG meeting, in Beijing, MPEG issued a Call for Evidence Justifying the Testing of Audio Coding Technology (N3641). Evidence submitted in response to the Call was examined at the 55th MPEG meeting, in Pisa, and it was determined that there was technology that might improve upon the MPEG-4 standard. Based on the results of the Call for Evidence, work was begun in WG11 to standardize technology for an MPEG-4 Bandwidth Extension tool that could be applied to general audio signals.

This work on a bandwidth extension tool led to the standardisation of SBR (Spectral Band Replication) as a tool that could be combined with MPEG-4 AAC. The MPEG-4 High Efficiency AAC (HE AAC) Profile incorporates both the SBR tool and the Low Complexity AAC (AAC) tool.

During the standardisation work two versions of the Bandwidth Extension tool were developed, one optimise for high quality applications, and the other for low power applications. During the development work tests were carried out to compare the performance of the two, and it was concluded that although the difference in performance was relatively small, it was justified to standardize both versions. The two versions of the tool have the identical bitstream syntax, making it possible to decode a High Efficiency AAC Profile bitstream with either of the two decoders.

This document reports on the final verification test of the MPEG standardization effort on the bandwidth extension tool (SBR) for AAC. The time-line and responsibilities of the verification test are given in appendix A.1
1.1 Test Methodology

For the verification of the new technology, two types of tests were done, a MUSHRA test (see appendix A.3) and a CMOS test (see appendix A.3). The MUSHRA test compared the performance of MPEG-4 HE AAC with that of MPEG-4 AAC when coding mono and stereo signals at bitrates in the neighborhood of 24 kb/s/channel. The CMOS test contrasted the differences between the two versions of the SBR Tool (High Quality and Low Power).

2 Codecs under test

There were three codecs under test for each of the stereo and mono tests. The first codec is the MPEG-4 AAC Profile codec, which is used as a reference of the current state of the art MPEG-4 compression technology, and which is comprised of the MPEG-4 AAC Low Complexity coding tool. The other two codecs are High Efficiency AAC Profile codecs: one uses the high quality version of the SBR decoding tool, and the other uses the low-power version. Note that the same bitstreams were used for both of the High Efficiency AAC Profile codecs, but that in one case they were decoded by a High Quality decoder, and in the other case a Low Power decoder.

As specified in the MUSHRA test methodology, a hidden reference and two band-limited versions of the reference were included as anchors and references in the tests.
The codecs under test for the mono test are shown in Table 1, which also shows the labels used for each codec in the tables and plots throughout the remainder of this report. The performance of the backwards-compatibility aspect of the bandwidth extension technology was also tested in the mono test by including a decoded version of the MPEG-4 HE-AAC profile bitstream, as decoded by an MPEG-4 AAC profile decoder.

Table 1: Codecs Under Test in Mono Test.

	Coding Scheme
	Label
	Bit rate
	Sampling rate
	Typical Audio Bandwidth

	
	
	
	
	

	MPEG - 4 AAC Profile
	MP4-AAC-24
	24 kbps mono
	24kHz
	7kHz

	
	MP4-AAC-30
	30 kbps mono
	32kHz
	10.5kHz

	MPEG - 4 High Efficiency AAC (High Quality)
	HQ-SBR-24
	24 kbps mono
	24/48kHz (*)
	15.5kHz

	MPEG - 4 High Efficiency AAC (Low Power decoder, same bitstreams as High Quality)
	LP-SBR-24
	24 kbps mono
	24/48kHz (*)
	15.5kHz

	MPEG - 4 High Efficiency AAC (Backwards compatible part)
	BC-AAC-24
	24 kbps mono
	24kHz
	5.5kHz

	Anchors and References
	H-Ref-Orig
	16-bit PCM, mono
	48kHz
	24kHz

	
	H-Ref-3.5
	16-bit PCM, mono
	48kHz
	3.5 kHz

	
	H-Ref-7
	16-bit PCM, mono
	48kHz
	7.0 kHz

	(*) The MPEG-4 High Efficiency AAC is a dual rate system with the underlying AAC codec operating at half the sampling rate of the SBR tool.


The codecs under test for the stereo test are shown in Table 2, which also shows the labels used for each codec in the tables and plots throughout the remainder of this report.
Table 2: Codecs Under Test in Stereo Test.

	Coding Scheme
	Label in the present report
	Bit rate 
	Sampling rate
	Typical Audio Bandwidth

	
	
	
	
	

	MPEG - 4 AAC Profile
	MP4-AAC-48
	48 kbps stereo
	32kHz
	10kHz

	
	MP4-AAC-60
	60 kbps stereo
	32kHz
	13.5kHz

	MPEG - 4 High Efficiency AAC (High Quality)
	HQ-SBR-32
	32 kbps stereo
	24/48kHz (*)
	15.5kHz

	
	HQ-SBR-48
	48 kbps stereo
	24/48kHz (*)
	17kHz

	MPEG - 4 High Efficiency AAC (Low Power decoder, same bitstreams as High Quality)
	LP-SBR-32
	32 kbps stereo
	24/48kHz (*)
	15.5kHz

	
	LP-SBR-48
	48 kbps stereo
	24/48kHz (*)
	17kHz

	Anchors and References
	H-Ref-Orig
	16-bit PCM, stereo
	48kHz
	24kHz

	
	H-Ref-3.5
	16-bit PCM, stereo
	48kHz
	3.5 kHz

	
	H-Ref-7
	16-bit PCM, stereo
	48kHz
	7.0 kHz

	(*) The MPEG-4 High Efficiency AAC is a dual rate system with the underlying AAC codec operating at half the sampling rate of the SBR tool.


3 Test material

For the mono MUSHRA tests the items listed in Table 3 were used. These items are part of the standard MPEG test-set and are commonly used for audio quality verification during the course of standardization. The items are the same that were used for the "Call for proposals"-test at the beginning of the standardization effort of the bandwidth extension tool. 

For the stereo MUSHRA test and the CMOS test, other items were used. The items were selected from 50 potential candidates, by a selection panel at France Télécom R&D. The pre-selection procedure is outlined in detail in appendix A.2. The ten items listed in Table 4 were considered critical for all of the systems under test.

Table 3: 12 Selected items for the mono MUSHRA test.

	Item No.
	filename
	signal

	1
	es01
	Suzanne Vega 

	2
	es02
	Male German Speech

	3
	es03
	Female English Speech

	4
	sc01
	Trumpet

	5
	sc02
	Orchestra

	6
	sc03
	Contemporary Pop

	7
	si01
	Harpsichord

	8
	si02
	Castanets

	9
	si03
	Pitchpipe

	10
	sm01
	Bagpipe

	11
	sm02
	Glockenspiel

	12
	sm03
	Plucked Strings


Table 4: 10 Selected items for the stereo MUSHRA test and CMOS test.

	Item No.
	filename
	signal

	1
	te01
	Dorita

	2
	te04
	Harpsichord

	3
	te07
	Male German Speech

	4
	te09
	Tracy Chapman

	5
	te16
	Accordion/Triangle

	6
	te20
	George Duke

	7
	te33
	<CROISEMENT I> pour hautbois, violon et contrebasse

	8
	te41
	fanfare

	9
	te44
	Bransle

	10
	te48
	Layla


For the mono MUSHRA test the MP4-AAC reference bitstreams were provided by Fhg, and were identical to those used for the "Call for proposals"-test. The SBR enhanced bitstreams and the decoded wav-file outputs, as well as the SBR enhanced SBR decoders, were provided by Coding Technologies.

For the stereo MUSHRA test and the CMOS tests the MP4-AAC reference bitstreams were provided by Fhg. The SBR enhanced bitstreams and the decoded wav-file outputs, as well as the SBR enhanced SBR decoders, were provided by Coding Technologies.

The hidden references and anchors were provided by France Télécom, and the bitstreams and decoded output were verified by Samsung and France Télécom.

4 Test Centers

There were two test centers in the stereo MUSHRA test: France Telecom and T-Systems Nova. In addition, France Telecom performed a CMOS test on the stereo signals and systems. 

There were four test centers in the mono MUSHRA test: Coding Technologies (CT), Matsushita (MEI), NEC, and Panasonic Singapore Laboratories (PSL). 

Additional details are given in annex A.4.

5 Test Results

5.1 Introduction

A statistical analysis and post screening (see appendix A.5) was done on the listening test data. The following plots display the mean values (horizontal tick) and 95% confidence intervals (vertical tick) over all items for every coding scheme. Detailed plots of comparisons between codecs on an per-item basis, and comparisons between items on a per-codec-basis and comparisons between codecs on a per-item-basis, are given in appendix B.1.

5.2 MUSHRA Test

5.2.1 Mono results

The plot in Figure 1 shows the results of the subjective test of mono signals done at NEC, PSL, MEI and CT, in which data from all test sites are pooled. 

It shows that the Bandwidth Extension systems operating at 24 kb/s, indicated by labels HQ-SBR-24 and LP-SBR-24, each have a mean subjective quality that is higher than the mean quality of MPEG-4 AAC operating at 30 kb/s, indicated by label MP4-AAC-30, where “better” is in a statistical sense at the 95% significance level.
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Figure 1: Mono test results

Comparing the Bandwidth Extension technology operating at 24kbps with MPEG-4 AAC at 24kbps, it is evident from the plots given in appendix B.1, that for no item is the new technology worse in a statistical sense than MPEG-4 AAC (i.e. the 95% confidence interval upper limit of the SBR enhanced items is never less than the lower limit of MPEG-4 AAC).

However, when comparing the backwards compatible part of the bandwidth extension technology (label BC-AAC-24), it is evident that it performs worse than the MPEG-4 AAC Profile decoder.

The following statements can be made concerning performance for all excerpts:

· The quality of HQ-SBR-24 and LP-SBR-24 is better than that of MP4-AAC-30 in a statistical sense at the 95% significance level.

· The quality of HQ-SBR-24 and LP-SBR-24 is better than that of MP4-AAC-24 in a statistical sense at the 95% significance level.
The following statements can be made concerning performance of individual excerpts:

· When comparing HQ-SBR-24 to MP4-AAC-30 
· For all excerpts the quality of HQ-SBR-24 is better than that of MP4-AAC-30 in a statistical sense at the 95% significance level. 
· When comparing LP-SBR-24 to MP4-AAC-30 
· For 9 excerpts the quality of LP-SBR-24 is better than that of MP4-AAC-30 in a statistical sense at the 95% significance level. 
· For the remaining 3 excerpts (es01, sc01 and sm02), the quality of LP-SBR-24 not different from that of MP4-AAC-30 in a statistical sense at the 95% significance level. 
5.2.2 Stereo results

5.2.2.1 France Télécom Test Site

The plot in Figure 2 shows the results of the subjective test of stereo signals done at the France Telecom R&D test site. 

It shows that the Bandwidth Extension systems operating at 48 kb/s, indicated by labels HQ-SBR-48 and LP-SBR-48, each have a grand mean score that is higher than the grand mean score of MPEG-4 AAC operating at 60 kb/s, indicated by label MP4-AAC-60. 

The figure also shows that the Bandwidth Extension systems operating at 48 kb/s, indicated by labels HQ-SBR-48 and LP-SBR-48, and the systems operating at 32 kb/s, indicated by labels HQ-SBR-32 and LP-SBR-32, all have a mean subjective quality that is better than the mean quality of MPEG-4 AAC operating at 48 kb/s, indicated by label MP4-AAC-48, where “better” is in a statistical sense at the 95% significance level.
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Figure 2: MUSHRA stereo test results, France Télécom R&D

When comparing the bandwidth extension technology operating at 48kbps, with MPEG-4 AAC at 48kbps, it is evident from the plots given in appendix B.1, that for no item is the new technology worse in a statistical sense than MPEG-4 AAC (i.e. the 95% confidence interval upper limit of the SBR enhanced items is never less than the lower limit of MPEG-4 AAC)

The following statements can be made concerning performance for all excerpts:

· The quality of HQ-SBR-48, LP-SBR-48, HQ-SBR-32 and LP-SBR-32 is better than that of MP4-AAC-48 in a statistical sense at the 95% significance level.

The following statements can be made concerning performance of individual excerpts:

· Comparing HQ-SBR-48 with MP4-AAC-60

· For five excerpts (te04, te09, te20, te33, te41) the average scores are higher for HQ-SBR-48.

· For one excerpt (te04) HQ-SBR-48 has better performance in a statistical sense at the 95% significance level.

· For no excerpt does HQ-SBR-48 have worse performance in a statistical sense at the 95% significance level. 

· The difference in MUSHRA score between the worst and best item for MP4-AAC-60 is 49 (te16 - te04, 93 - 44) while the same difference for HQ-SBR-48 is 17 (te33 - te48, 89 - 72).
· Comparing LP-SBR-48 with MP4-AAC-60

· For two excerpts (te04, te08) LP-SBR-48 has better performance in a statistical sense at the 95% significance level.

· For seven excerpts (te01, te07, te09, te20, te33, te41, te44) LP-SBR-48 has performance that is not different from that of MP4-AAC-60 in a statistical sense at the 95% significance level.

· For one excerpt (te16) LP-SBR-48 has worse performance in a statistical sense at the 95% significance level. 

· Comparing HQ-SBR-32 with MP4-AAC-48

· For all excerpts the average scores of HQ-SBR-32 are higher. 

· For seven excerpts (te01, te04, t09, te16, te20, te44, te48) HQ-SBR-32 has better performance in a statistical sense at the 95% significance level.
· Comparing LP-SBR-32 with MP4-AAC-48
· For eight excerpts (te01, te04, te09, te16, te20, te33, te44, te48) LP-SBR-32 has better performance in a statistical sense at the 95% significance level.

· For the remaining two excerpts (te07, te41), LP-SBR-32 has performance that is not different from that of MP4-AAC-48 in a statistical sense at the 95% significance level. 

· Comparing HQ-SBR-32 with MP4-AAC-60
· For one excerpt (te04) HQ-SBR-32 has better performance in a statistical sense at the 95% significance level. 
· For four of the excerpts (te07, te09, te16, te44) MP4-AAC-60 has better performance in a statistical sense at the 95% significance level.
· Comparing LP-SBR-32 with MP4-AAC-60
· For five excerpts (te01, te04, te20, te33, te48), LP-SBR-32 has performance that is not different from that of MP4-AAC-60 in a statistical sense at the 95% significance level. 
· For the remaining five excerpts (te07, te09, te16, te41, te44) LP-SBR-32 has worse performance in a statistical sense at the 95% significance level.

5.2.2.2 T-Systems Nova Test Site

The plot in Figure 3 shows the results of the subjective test of stereo signals done at the T-Systems Nova test site. 

It shows that the Bandwidth Extension systems operating at 48 kb/s, indicated by labels HQ-SBR-48 and LP-SBR-48, each have a mean subjective quality that is better than the mean quality of MPEG-4 AAC operating at 60 kb/s, indicated by label MP4-AAC-60, where “better” is in a statistical sense at the 95% significance level. 

The figure also shows that the Bandwidth Extension systems operating at 32 kb/s, indicated by labels HQ-SBR-32 and LP-SBR-32, each have a mean subjective quality that is better than the mean quality of MPEG-4 AAC operating at 48 kb/s, indicated by label MP4-AAC-48, where “better” is in a statistical sense at the 95% significance level.
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Figure 3: MUSHRA stereo test results, T-Systems Nova

When comparing the Bandwidth Extension technology operating at 48kbps with MPEG-4 AAC at 48kbps, it is evident from the plots given in appendix B.1, that for no item is the new technology worse in a statistical sense than MPEG-4 AAC (i.e. the 95% confidence interval upper limit of the SBR enhanced items is never less than the lower limit of MPEG-4 AAC)

The following statements can be made concerning performance for all excerpts:

· The quality of HQ-SBR-48 and LP-SBR-48 is better than that of MP4-AAC-60, where “better” is in a statistical sense at the 95% significance level. 

· The quality of HQ-SBR-32 and LP-SBR-32 is better than that of MP4-AAC-48, where “better” is in a statistical sense at the 95% significance level.

The following statements can be made concerning performance of individual excerpts:

· Comparing HQ-SBR-48 with MP4-AAC-60:

· For six excerpts (te04, te09, te16,te20, te44, te48) HQ-SBR-48 has a higher average score.

· For four excerpts (te04, te20, te44, te48) HQ-SBR-48 has better performance in a statistical sense at the 95% significance level.

· For one excerpt (te07) HQ-SBR-48 has worse performance in a statistical sense at the 95% significance level.

· The difference in MUSHRA score between the worst and best item for MP4-AAC-60 is 53 (te41 - te04, 83 - 30) while the same difference for HQ-SBR-48 is 23 (te33 – te07, 80 - 57).

· Comparing LP-SBR-48 with MP4-AAC-60:

· For four excerpts (te04, te20, te44, te48) LP-SBR-48 has better performance in a statistical sense at the 95% significance level.

· For five excerpts (te01, te09, te16, te33, te41), the performance of LP-SBR-48 is not different from that of MP4-AAC-60 in a statistical sense at the 95% significance level.

· For one excerpt (te07) LP-SBR-48 has worse performance in a statistical sense at the 95% significance level. 

· Comparing HQ-SBR-48 and LP-SBR-48 with MP4-AAC-48:

· For all excerpts except two (te07, te41) the performance of HQ-SBR-48 and LP-SBR-48 is better than that of MP4-AAC-48 in a statistical sense at the 95% significance level.

· Comparing HQ-SBR-32 with MP4-AAC-48

· For all excerpts HQ-SBR-32 has a higher average scores.

· For six excerpts (te01, te04, te16, te20, te44, te48) SBR-HQ-32 has better performance in a statistical sense at the 95% significance level.

· Comparing LP-SBR-32 with MP4-AAC-48
· For seven excerpts (te01, te04, te16, te20, te33, te44, te48) LP-SBR-32 32 has better performance in a statistical sense at the 95% significance level.

· For the remaining three excerpts (te07, te09, te41), the performance of LP-SBR-32 is not different from that of MP4-AAC-48 in a statistical sense at the 95% significance level.

· Comparing HQ-SBR-32 with MP4-AAC-60: 

· For two excerpts (te04, te20) HQ-SBR-32 has better performance in a statistical sense at the 95% significance level.

· For three of the excerpts ( te07, te41, te44) MP4-AAC-60 has better performance in a statistical sense at the 95% significance level.
· Comparing LP-SBR-32 with MP4-AAC-60: 

· For two excerpts (te04, te09) LP-SBR-32 has better performance in a statistical sense at the 95% significance level.

· For seven excerpts (te01, te06, te20, te33, te41, te44, te48) the performance of LP-SBR-32 is not different from that of MP4-AAC-60 in a statistical sense at the 95% significance level.

· For one excerpt (te07) LP-SBR-32 has worse performance in a statistical sense at the 95% significance level.

5.3 CMOS Test results

In order to accurately assess the differences between the two version of the SBR Tool, a CMOS test was performed by France Télécom. The CMOS test is the preferred method for assessing differences between two similar systems.

Figure 4 shows the results of this test. The three points in the figure represent the performance of three configurations: 24 kb/s mono, 32kb/s stereo and 48 kb/s stereo. For each point, a higher score means that the High Quality technology is better than the Low Power technology. Conversely, a lower score means that the High Quality technology is worse than the Low Power technology.

Note that 10 listeners participated in this test.
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Figure 4: CMOS test, France Télécom. LP SBR versus HQ SBR for 24kbps mono, 32kbps stereo and 48kbps stereo. Mean values over all items, a positive value means that HQ-SBR is better than LP-SBR

The following statements can be made concerning performance for all excerpts:

· The High Quality versions of the SBR tool it has performance that is not different from that of the Low Power SBR tool in a statistical sense at the 95% significance level.

The following statements can be made concerning performance of individual excerpts:

· For 24kbps mono, the HQ-SBR is better than the LP-SBR for three items(te07, te09, te16), while for one item (te01) the LP-SBR is better than the HQ-SBR, where “better” is in a statistical sense at the 95% significance level.

· For 32kbps stereo, the LP-SBR is better for one item (te01), where “better” is in a statistical sense at the 95% significance level.
· For 48kbps stereo, the HQ-SBR is better than LP-SBR for two items (te04, te09), where “better” is in a statistical sense at the 95% significance level.
6 Performance goals of standardization effort

The acceptance criteria (enumerated below) must be met in order for the technology to progress to International Standard.

Using the MUSHRA test methodology, and with the target bit-rate for the Bandwidth Extension coder set to 24 kbit/s per channel for general audio signals, the Bandwidth Extension technology shall satisfy the following two criteria. 

1. With the Bandwidth Extension operating at the target bit-rate and MPEG-4 operating at 25% higher bit-rate, the Bandwidth Extension technology shall have a mean score that is comparable to or better than the mean score of MPEG-4, where comparisons are in a statistical sense at the 95% significance level.

2. With both coders operating at the target bit-rate, for no item shall the developed technology be worse in a statistical sense at the 95% significance level.

As a result of optimization, the quality of the compatible part might be less than that of a regular encoder. The quality of the core coder shall be compared to MPEG-4 operating at a bit-rate 25% lower than the target bit-rate.

7 Conclusions

The verification tests all clearly show that the SBR enhanced AAC technology (High Efficiency AAC profile) performs as well as MPEG-4 AAC Profile when the latter is operating at a 25% higher bitrate. The tests also show that for no item is the new technology worse than MPEG-4 AAC when both coders operate at the same bitrate. Therefore the acceptance criteria outlined above have clearly been satisfied.

In summary, we can conclude that, at the 95% level of significance:

· The mono MUSHRA test shows that audio quality attained with High Efficiency AAC at 24kbps, is for all items in the test-set, higher than that of MPEG-4 AAC at 30kbps.

· The stereo MUSHRA tests show that the audio quality attained with High Efficiency AAC at 32kbps stereo, is equal or better than that attained with MPEG-4 AAC at 48kbps.

· For one test site, the stereo MUSHRA test shows that the audio quality attained with High Efficiency AAC at 32kbps stereo, is equivalent to that attained with MPEG-4 AAC at 60kbps.

· The stereo MUSHRA tests show that the audio quality attained with High Efficiency AAC at 48kbps stereo, is equal or better than that attained with MPEG-4 AAC at 60kbps.

· The tests show that a more consistent quality level is attained with the High Efficiency AAC, than with the MPEG-4 AAC (as indicated by the spread of best to worst scores). 

· The tests show that the backwards compatible part of the High Efficiency AAC at 24kbps performs slightly worse than MPEG-4 AAC at the same bitrate.
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A.1 Testing Schedule for the verification test

Table 6: Test schedule and responsibilities for the MUSHRA mono test

	Activity
	Due Date
	Responsibility

	Test items on ftp site

(6 weeks)
	Jan 24
	Univ. Hannover

	Begin test material selection for March test phase.
	
	France Telecom

	Verification of decoding

(1 week)
	Jan 31
	Samsung

	Listening test complete

(4 weeks)
	Feb 21
	Coding Technologies, NEC/Matsushita

	Data analysis and Test Report complete (1 week)
	Mar 3 
	Coding Technologies, NEC/Matsushita, Audio Research Labs


Table 7: Test schedule and responsibilities for the CMOS and MUSHRA stereo test.

	Activity
	Due Date
	Responsibility

	Reference Items delivery
	April 11
	France Télécom R&D

	Encode MPEG - 4 AAC
	April 25
	Fhg

	Encode MPEG – 4 High Efficiency AAC (SBR)
	April 25
	CT 

	Bitstream verification
	May 02
	Samsung, France Télécom R&D

	Anchors preparation
	May 02
	France Télécom R&D

	Resampling
	May 02
	NEC

	Selection Process
	May 16
	France Télécom R&D

	Listening Tests
	May 18
	Deutsche Telekom, France Télécom R&D

	Post Screening, Report
	July 21
	Deutsche Telekom, France Télécom R&D,ARL


A.2 Pre-selection process
As stated at the 64th MPEG meeting (N5572) France Télécom was charged to select some appropriate material for the stereo listening tests. The method used for this pre-selection was inspired by the one used during the MPEG-2 AAC formal verification tests (N2006 February 1998).

The selection was done in three steps (see Table 10), with listening conditions similar to them used during the grading phase itself.

Phase 1 : First, the listening panel listened to all of the 50 test signals with each coding system (AAC 24 kbps, AAC 48 kbps, HQ and LP SBR at 24 kbps and HQ and LP SBR at 32 kbps) excluding the higher rates (AAC 30 kbps, AAC 60 kbps SBR configurations at 48 kbps). Each codec was heard independently, the codec name remaining unknown for the listener.

The most impaired items were noted. At this point, 20 signals remained in the list (see Table 10 for the detailed list). 

Phase 2: The remaining 20 items were rated using the impairment scale from Table 8 previously used during the MPEG-2 verification tests. This gives the results listed in Table 9 Due to the similarities between the Low Power and High Quality  SBR codecs, no distinction was done between the two codecs in this grading phase.

From the 20 items initial list, 14 items whose impairments were the most critical were selected among.

Phase 3: In order to avoid to avoid similar material and to balance the different type of sounds the list was further reduced to 10 items.

Table 8: List of Artifact Categories

	No.
	Artifact Category
	Explanation

	1
	Signal correlated noise
	colored noise associated with the signal

	2
	Loss of High Frequency
	lack of high frequencies

	3
	Excess of High Frequency
	excess of high frequencies or associated effects, e.g. sibilance

	4
	Periodic Modulation Effects
	periodic variations such as warbling, pumping, or twitter

	5
	Temporal Distortion
	pre- and post-echoes, smearing, effects associated with transients 

	6
	Distortion
	harmonic or non-harmonic distortion

	7
	Extra Sounds
	spurious sounds not related to the material, e.g. clicks

	8
	Image Quality
	all aspects including spreading, movement, stability and phase related effects

	9
	High frequency distortion
	phasey distortions in the high frequencies 


Table 9 : Impairment for the 20 selected items

	filename
	AAC 24
	AAC 30
	AAC 48
	AAC 60
	SBR 24
	SBR 32
	SBR 48

	te01
	2,6
	6,
	3,6
	3,6
	6,3,1
	6,9
	1,6,3

	te03
	2,5
	2,5,7
	8,2,5
	1,
	5,2,1
	1,2,5
	9,2,5

	te04
	2,4
	1,3,5
	6,1
	6,1
	2,1
	1,2,5,6,7,9
	2,8

	te06
	5,4,1
	1,5
	5,8
	5,8
	6,
	6,
	6, 1

	te07
	7,1,5
	5,7,1
	7,1,3
	7,3
	5,1,2
	5,
	5,7

	te08
	1,5,3
	2,3,5
	3,7
	3,7
	3,
	3,1
	3,

	te09
	2,6
	6,5
	9,6,5
	6,5,8
	2,6,3,4
	1,4,5,6,7,8,9
	1,4,9,5

	te11
	6,2
	6,
	6,
	6,
	8,2
	2,6,8
	8,2

	te16
	3,6
	6,5
	6,9,8
	6,1
	6,2
	2,9
	6,3

	te17
	3,7,1
	3,7,1
	6,5,7,1
	7,1
	2,5,7
	1,7
	5,3,1

	te19
	5,7,1
	1,5,2
	7,1
	5,
	1,3
	1,3,5,6,7
	1,3,7

	te20
	9,5
	2,6,5
	8,9,5
	9,5
	2,5,6
	2,9,
	8,

	te22
	3,
	3,2,6
	3,
	 
	3,
	3,
	3,

	te30
	2,6
	2,6
	6,2,9
	 
	2,6,
	2,6,
	8,6

	te33
	6,7
	2,6
	2,6,8
	6,8
	5,2,6
	2,6,8
	6,

	te41
	6,3
	6,
	8,2
	8,
	6,2
	2,6,
	8,9,

	te44
	4,5,6
	6,2,5
	6,9,2
	6,9,2
	2,5,7
	1,4,5,6,9
	6,9,8

	te45
	1,4,5
	6,5
	3,6,9,8
	8,6
	2,5,6
	1,2,5,6,8,9
	8,6

	te46
	1,5,6
	1,5,6
	1,5,6
	6,
	5,1
	1,2,5,9
	6,

	te48
	3,6,5
	4,2,1
	6,8,5
	6,8,1
	5,2,1
	2,6,8,9
	8,


Table 10:  Pre-selection phases.
	filename
	signal
	Phase 1
	Phase 2
	Phase 3

	te01
	Dorita
	x
	x
	x

	te02
	We shall be happy
	
	
	

	te03
	Castanets
	x
	
	

	te04
	Harpsichord
	x
	x
	x

	te05
	Pitch Pipe
	
	
	

	te06
	Glockenspiel
	x
	
	

	te07
	Male German Speech
	x
	x
	x

	te08
	Suzanne Vega
	x
	
	

	te09
	Tracy Chapman
	x
	x
	x

	te10
	Fireworks
	
	
	

	te11
	Ornette Coleman
	x
	
	

	te12
	Bass Synth
	
	
	

	te13
	Bass guitar
	
	
	

	te14
	Hyden Trumpet Concert
	
	
	

	te15
	Carmen
	
	
	

	te16
	Accordion/Triangle
	x
	x
	x

	te17
	Tambourine
	x
	x
	

	te18
	Percussion
	
	
	

	te19
	Male speech
	x
	
	

	te20
	George Duke
	x
	x
	x

	te21
	Asa Jinder
	
	
	


	te22
	Dire Straits
	x
	
	

	te23
	Dalarnas Spelmansforbund
	
	
	

	te24
	Stefan Nilsson
	
	
	

	te25
	Stravinsky
	
	
	

	te26
	Ravel
	
	
	

	te27
	Triangles
	
	
	

	te28
	Clay
	
	
	

	te29
	spiral wave
	
	
	

	te30
	"aimai"
	x
	x
	

	te31
	ether
	
	
	

	te32
	Palmtop boogie
	
	
	

	te33
	<CROISEMENT I> pour hautbois, violon et contrebasse
	x
	x
	x

	te34
	drifting
	
	
	

	te35
	dramatics
	
	
	

	te36
	O1
	
	
	

	te37
	Fourth
	
	
	

	te38
	Interlude by Halves for violin, flute and piano
	
	
	

	te39
	accellation
	
	
	

	te40
	atmosphere
	
	
	

	te41
	fanfare
	x
	x
	x

	te42
	Kids Drive Dance(KDD)
	
	
	

	te43
	Bass clarinet
	
	
	

	te44
	Bransle
	x
	x
	x

	te45
	Brel
	x
	x
	

	te46
	Guitar + Castanets
	x
	x
	

	te47
	Fools
	
	
	

	te48
	Layla
	x
	x
	x

	te49
	Music Rain
	
	
	


A.3 Test methodology
A.3.1 MUSHRA 

Several of the tests in this report used the MUSHRA method described in [1]. This was developed in 1999 by EBU Project Group B/AIM, in collaboration with ITU-R Working Party 6Q. An important feature of this method is the inclusion of the hidden reference and two bandwidth limited anchor signals (7 kHz and 3.5 kHz).

A quality scale is used where the intervals are labeled "bad", "poor", "fair", good" and "excellent" as opposed to BS.1116. The value on the lower end of the scale is zero, the value on the upper end is 100. No decimals are given. This scale has the advantage to be harmonized with video quality.

The length of the sequences did not exceed 20 seconds to avoid fatiguing listeners and to reduce the total duration of the listening test.

A.3.1.1.1 Training phase

In order to get reliable results, it was mandatory to train the subjects in special training sessions in advance of the test. In preparation of the test, the subjects received both explanations and instructions about the test.

The purpose of the training phase was to allow the subject to achieve two objectives as follows :

· Become familiar with all the sound excerpts under test and their quality level ranges;

· Learn how to use the test equipment and the grading scale

During the training phase, the subject was able to listen to 4 sound excerpts (among 10 that had been selected for the tests in order to illustrate the whole range of possible qualities). The sound items to which they listen to were more or less critical depending on the bit-rate and other "conditions" used. Only test items te04, te07, te20 and te48 at all tested conditions were used for the training.

During the training phase, the subject was asked to use the available scoring equipment and evaluate the quality of the sound excerpts by inputting the appropriate scores on the continuous quality scale.

The subjects were instructed that they should not necessarily give grade "Bad" to the sound excerpt with lowest quality, or grade "Excellent" to the sound excerpt with highest quality with the exception of the hidden reference that has to be graded on top of the scale. This means, at least on out of all test items had to be graded on top of the scale. Beside this constraint they should use the range they find appropriate. 

During the training phase the subjects were able to learn how they should interpret the audible impairments in terms of the grading scale. No grades given during the training phase were taken into account in the real tests.

The purpose of the grading phase was to input individual scores in the quality scale and to get used to the user interface. The scores should reflect the subjective judgment of the quality level for each of the sound excerpts presented. During the training phase, the subjects had to run through all the tested conditions. 

The subject could discuss only the perceived artifact with the test administrator but not the specific grades in order to avoid bias in individual grading.

A.3.1.1.2 User - interface

Compared to ITU-R BS.1116, the MUSHRA method has the advantage of displaying all stimuli (conditions) for one test item. The subjects were therefore able to carry out any comparison between them directly. 

The whole test was divided in two sessions, each containing only one type of conditions (mono or stereo). Figure 5 below shows the user-interface presenting one item under test. The buttons represent the reference, which is specially displayed on bottom left, and all the codecs under test, including the hidden reference and both anchor points (band-limited processed reference), called test items. Above each button, with the exception of the button for the reference, a slider was used to grade the quality of the test item according to the continuous quality scale used. For each of the items, the signals under test were randomly assigned. In addition, the test items were randomized for each subject within a session. To avoid sequential effects, each subject was running the two sessions in randomized order.

None of the subjects had the same items order and the same order in the conditions presentation.
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Figure 5: User interface for MUSHRA tests

A.3.2 CMOS 

One of the present tests used a comparison method. This method is based on a straight comparison between the two tested conditions, keeping in mind that one condition is scored compared to the other in it achievement to approach the quality of the one of the explicit reference.

A quality scale is used where the intervals are labeled "Much Better", "Better", "Slightly Better", "The Same" and "Slightly Worse", "Worse" and "Much Worse". This is the BS.562-3 scale. The values are from +3 at the top end of the scale to –3 at the lowest end of the scale. No decimals are given. 

The length of the sequences did not exceed 20 seconds to avoid fatiguing listeners and to reduce the total duration of the listening test.

A.3.2.1.1 Training phase

In order to get reliable results, it was mandatory to train the subjects in special training sessions in advance of the test. In preparation of the test, the subjects received both explanations and instructions about the test.

The purpose of the training phase was to allow the subject to achieve two objectives as follows :

· Become familiar with all the sound excerpts under test and their quality level ranges;

· Learn how to use the test equipment and the grading scale

During the training phase, the subject was able to listen to 4 sound excerpts (among 10 that had been selected for the tests in order to illustrate the whole range of possible qualities). The sound items to which they listen to were more or less critical depending on the bit-rate. Only test items te04, te07, te20 and te48 at all tested conditions were used for the training.

During the training phase, the subject was asked to use the available scoring equipment and evaluate the quality of the sound excerpts by inputting the appropriate scores on the comparison scale.

The subjects were instructed that they have to score only one item comparing to the other one. 

During the training phase the subjects were able to learn how they should interpret the audible impairments and how they should compare one of the tested item to the other, in terms of the grading scale. No grades given during the training phase were taken into account in the real tests.

The purpose of the grading phase was to input individual scores in the comparison scale and to get used to the user interface. The scores should reflect the subjective judgment of the achievement to get close to the reference quality for each of the sound excerpts presented. 

The subject could discuss only the perceived artifact with the test administrator but not the specific grades in order to avoid bias in individual grading.

A.3.2.1.2 User-interface

The whole test was divided in three sessions, each containing only one type of conditions (bit-rate). Figure 6 below shows the user-interface presenting one item under test. The buttons represent the reference, which is specially displayed on bottom left, and the two codecs (A and B) under test. Above each button, with the exception of the button for the reference, a slider was used for the graduation. Listeners were asked to score only one item (either A or B), comparing to the other one in its achievement of reproducing as much as possible the quality of the reference signal.

To avoid sequential effects, each subject was running the three sessions in randomized order. None of the subjects had the same items order.
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Figure 6: User interface for Comparison tests

A.4 Test Centers
A.4.1 Stereo Tests: France Telecom

A.4.1.1 Listening subjects and test duration

A.4.1.1.1 MUSHRA test

The listening panel consisted of 25 subjects, most of them were students interested by music. They were either musicians, or they study within the domain of audio production. Some had mainly technical background but are also involved in audio matters.

People selected in the listening panel were chosen for having shown a reliable expertise in previous subjective audio tests.

The test phase for any listener consisted of a total time typically 3 to 4 hours with a minimum of 2 ½ hours for the fastest and 6 hours for the slowest listener. The training phase were included in this time scheduled, with about ½ hour for training and instructions how to handle the equipment and how to use the scale. The training was done twice has one was dedicated to the mono conditions, and the other to the stereo ones. 

The grading phase consisted of two test sessions, each containing ten trials with nine test signals for the stereo session, and seven for the mono one. The subjects were obliged to have a break during the sessions, at least every 20 minutes.

A.4.1.1.2 CMOS test

The listening panel consisted of 10 subjects, most of them were students interested by music. They were either musicians, or they study within the domain of audio production. Some had mainly technical background but are also involved in audio matters.

People selected in the listening panel were chosen for having shown a reliable expertise in previous subjective audio tests.

The test phase for any listener consisted of a total time typically 2 ½ to 3 hours with a minimum of 2 hours for the fastest and 6 hours for the slowest listener. The training phase were included in this time scheduled, with about ½ hour for training and instructions how to handle the equipment and how to use the scale. The training was done three times has each was dedicated to a specific condition (bit-rate).  The grading phase consisted of three test sessions, each containing twenty trials. The subjects were obliged to have a break during the sessions, at least every 20 minutes.

A.4.1.2 Listening Conditions Including Listening Test System

The listening room fulfils most of the requirements of BS.1116 and has been successfully used in similar tests. The tests were conducted using the headphone STAX A Classic SR-303
 (open headphone – that means that there was one listener at a time) and its amplifier SRm-313. The subjects had the possibility to set the reproduction level individually before they started the actual test (during the training phase). Then, the level was set up for the whole session.

The test items were stored on a windows W2k workstation that has a digital sound PC board Digigram VX 222, and they were converted by a 24 bits DAC (Meridian 566). The workstation contains the specially designed SEAQ (Subjective Evaluation of Audio Quality) software developed by the CRC (Canada).

A.4.2 Stereo Tests: T-Systems Nova

A.4.2.1 Listening subjects and test duration

The listening panel that was in the final evaluation at T-Systems Nova consisted of 24 subjects, Three women and 21 men aged between 17 and 42 years. All listeners were experienced listeners. Twenty listeners were Tonmeisters and sound engineers and composer students.  The listeners were selected with the focus to have listeners that are experienced to concentrate for long time on listening to specific audio characteristics.

The tests phase for any listener consisted of a total time typically about 6 hours including the training. One session took about 20 to 30 minutes. The subjects were obliged to evaluate each session without having a break. The tests for one subject was done within one day. 

A.4.2.2 Listening Conditions Including Listening Test System

The tests were conducted in the listening room 1 (compliant to ITU-BS.1116) at T-Systems Nova in Berlin. STAX lambda Pro headphones were used as reproduction devices. The subjects had the possibility to set the reproduction level individually before they started the actual tests. 

The subjects were not restricted from changing the reproduction level during the test, however they were advised to select a level at the beginning of the tests and not to change it.

The test items were stored on a Windows workstation, which had a digital sound board.  D/A-Converter of Nexus Distributions Systems were used.  Specially designed software IAQ (CRC-SEAQ) was running on the PC's.

A.4.3 Mono Test

The following test sites participated in the Mono test:

	Site
	Listeners

	Coding Technologies
	9

	Matsushita
	4

	NEC
	4

	PSL
	3

	Total
	20


A.4.3.1 Listening subjects and test duration

In total 20 listeners participated. The listeners were expert listeners.
A.4.3.2 Listening Conditions Including Listening Test System

A computer based MUSHRA presentation was used, and the playback devices were STAX Lambda Pro open headphones. There was on listeners at the time in the listening room due to the open headphones.

All listeners had a training session in order to become familiar with the nature of the artefacts, and a dummy grading of the training items using the grading facility (on-screen display) in order to become familiar with this tool for the subsequent grading sessions.

A.5 Statistical Analysis

A.5.1 General

The statistical analysis followed standard MUSHRA procedure. The calculation of the averages of the scores of all listeners remaining after post-screening will result in the Mean Subjective Scores (MSS). The first step of the analysis of the results is the calculation of the mean score 
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Confidence intervals were also calculated which was derived from the standard deviation and the size of each sample. The 95% confidence interval is given by:
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With a probability of 95%, the absolute value of the difference between the experimental mean score and the “true” mean score (for a very high number of observers) is smaller than the 95% confidence interval, on condition that the distribution of the individual scores meets certain requirements.

Similarly, a standard deviation  could be calculated for each test condition. It is noted however that this standard deviation will, in cases where a small number of test sequences are used, be influenced more by differences between the test sequences used than by variations between the assessors participating in the assessment.

A.5.2 Post-screening to assess listener reliability

For the stereo test post screening of the listeners was done using the following post screening criterion:

Listeners should for all test-items score the three references (bandwidth limited anchor at 3.5kHz, bandwidth limited anchor at 7kHz, and the hidden reference), in ascending order. This means that the score given by the subject for the hidden reference should be larger than or equal to the score given to the 7.5kHz anchor, which should be larger than or equal to the score given to the 3.5kHz anchor.

Using this post-screening criteria, 9 listeners were removed from the data-set from France Telecom, and 5 listeners were removed from the data set from T-Systems Nova.

For the mono test no post screening was deemed required.

B.1 Detailed Results
B.1.1 Detailed Results MUSHRA Mono 

B.1.1.1 Comparison between items on a per codec basis
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Figure 7: MUSHRA mono results, comparison between items on a per codec basis. The items (1 - 12) are displayed from left to right.

B.1.1.2 Comparison between codecs on a per item basis
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Figure 8: MUSHRA mono results, comparison between codecs on a per item basis.

B.1.2 Detailed Results Stereo, T-Systems Nova Test Site

B.1.2.1 Comparison between items on a per codec basis
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Figure 9: MUSHRA stereo results from the T-Systems Nova test site, comparison between items on a per codec basis. The items (1 - 10) are displayed from left to right.

B.1.2.2 Comparison between codecs on a per item basis
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Figure 10: MUSHRA stereo results from the T-Systems Nova test site, comparison between codecs on a per codec basis.

B.1.3 Detailed Results, France Télécom Test Site

B.1.3.1 MUSHRA results stereo

B.1.3.2 Comparison between items on a per codec basis

[image: image22.emf]0

10

20

30

40

50

60

70

80

90

100

MP4-AAC-48 MP4-AAC-60 H-Ref-3.5 H-Ref-7 H-Ref-Orig HQ-SBR-32 LP-SBR-32 HQ-SBR-48 LP-SBR-48

MUSHRA Score


Figure 11: MUSHRA stereo results from the France Télécom test site, comparison between items on a per codec basis. The items (1 - 10) are displayed from left to right.

B.1.3.3 Comparison between codecs on a per item basis
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Figure 12: MUSHRA stereo results from the France Télécom test site, comparison between codecs on a per codec basis.

B.1.3.4 CMOS results mono and stereo
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Figure 13: CMOS 24kbps mono results from the France Télécom test site. The figure displays the difference between the HQ SBR and the LP SBR where a positive value means that HQ SBR is better than LP SBR.
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Figure 14: CMOS 32kbps stereo results from the France Télécom test site. The figure displays the difference between the HQ SBR and the LP SBR where a positive value means that HQ SBR is better than LP SBR.
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Figure 15: CMOS 48kbps stereo results from the France Télécom test site. The figure displays the difference between the HQ SBR and the LP SBR where a positive value means that HQ SBR is better than LP SBR.































� http://www.son-video.com/Rayons/Hifi/Casques/Stax.html
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