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Summary
This document reports on the verification test of the MPEG-D "MPEG Spatial Audio Object Coding" ("MPEG SAOC") audio coding technology. By considering two test scenarios, the performance of MPEG SAOC for the use cases "Interactive Remix" and "Teleconferencing" has been evaluated in comparison to discrete object encoding with HE-AAC and AAC-ELD. 

In summary, the test results show that MPEG SAOC technology offers better quality than discretely encoded audio objects with legacy technology, when operated at the same bitrates. In other configurations MPEG SAOC requires a significantly lower bitrate than the competing technology, while providing a comparable level of audio quality. Additionally, MPEG SAOC is backwards compatible with legacy decoders, i.e. the downmix from MPEG SAOC contains all audio objects and may be decoded with the corresponding legacy downmix codec simply by ignoring the SAOC side information.
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Introduction

MPEG has issued several successful standards. The International Standards ISO/IEC 11172-3 (MPEG-1 Audio), ISO/IEC 13818-3 (MPEG-2 Audio) and 13818-7 (MPEG-2 Advanced Audio Coding, AAC) were issued in 1992, 1994, and 1997, respectively. The International Standards ISO/IEC 14496-3 (MPEG-4 Audio Version 1) and ISO/IEC 14496-3 / AMD1 (MPEG-4 Audio Version 2) were issued in mid-1999 and early 2000 respectively. In 2003 and 2004, MPEG subsequently amended the MPEG-4 specification with the parametric extensions Spectral Band Replication (SBR) and Parametric coding for high quality audio, the later also comprising Parametric Stereo (PS). These specifications have resulted in the standardization of the ISO/IEC 14496-3 HE-AAC and ISO/IEC 14496-3 HE-AAC v2 profiles respectively. Finalized in 2007, MPEG Surround is the ISO/IEC 23003-1 standard for the parametric multi-channel extension of monophonic or stereophonic audio codecs. This novel approach was referred to as Spatial Audio Coding (SAC).
In a next step in order to introduce an additional rendering functionality for efficient multi-channel coding technique, at the 78th MPEG meeting in Marrakech 2007, MPEG issued a call on Spatial Audio Object Coding (SAOC). Evidence submitted in response to the call was extensively evaluated at the 81st MPEG meeting, in Lausanne 2007. The best proposed technology has been selected as a reference model (RM) that was finalized at the 82nd MPEG meeting in Shenzhen 2007 and that served as the basis of further development work within WG11. The technical work on MPEG SAOC was finalized by the 90th MPEG meeting in Xian 2009, and was approved at the 91st MPEG meeting in Kyoto 2010 in the final ballot. This document reports on the final verification test of the MPEG standardization effort on SAOC technology. 

The following sections outline systems under test, audio material and results of the subjective listening tests. The underlying verification test methodology, corresponding statistical analysis of the obtained, specific codec settings and bitrates applied for generating the test material and further relevant details are outlined in the Appendix. The Appendix also reports on the time-line, participating test centers, responsibilities and acknowledgements.

1 Principle of SAOC

Spatial Audio Object Coding (SAOC) is the next step in parametric audio coding. Converting the principles of Spatial Audio Coding from a 'channel-oriented' approach towards an 'audio object-oriented' approach, SAOC provides even more flexibility at the receiving side. The audio objects, which can be any audio signal like instruments, vocals, ambient sound or combinations of those, can be individually controlled in the way they are rendered by the decoder. Similar to MPEG Surround, the objects are encoded via a set of parameters that allow the decoder to extract the relevant signal information from a downmix (see Figure 1). An SAOC audio stream is independent of the reproduction configuration, regarding both the number of loudspeakers as well as their positions. An SAOC representation furthermore provides the flexibility to interactively position each object at virtually any spatial position, adjust its level, and further characteristics. Despite the flexibility of manipulating separate audio objects, an SAOC representation is not necessarily much more bitrate-consuming than a conventional mono or stereo signal. Since the properties of the objects are enclosed in the parameters and the actual audio data is transmitted as a downmix, the additional costs are limited to 2-3 kbit/s per audio object.
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Figure 1 – Principle of SAOC Encoder & Decoder
2 Systems under test

2.1 Introduction

In order to be able to provide relevant test data to the industry interested in the new technology, the SAOC verification test was designed as an “application-driven test”. This means that in the design of the tests, two use cases relevant to industry were considered, i.e. a customer-remix oriented use case and a teleconferencing use case. For each test a number of subjective listening tests were carried out in order to evaluate the performance of SAOC. 
The Low Power (LP) decoding mode of SAOC (SAOC-LP) operates at lower computational complexity than the regular SAOC decoding mode and is intended to support SAOC functionality on terminals with limited computational capabilities, such as portable and battery powered devices. The differences between both modes of operation are studied in the remix oriented use case. Please note that the low power SAOC decoder is indicated by the “LP” suffix in the codec name.
As specified in the MUSHRA test methodology, a hidden reference and band-limited versions of the reference were included as references and anchors in all the tests.
2.2 Interactive remix oriented use case

In a real-world application a user may have an audio player, which supports interactive (re-)mixing of a song. Such a player allows selecting a special mix (e.g. “Dance version”) with help of presets. Additionally, the user can freely mix all the audio objects (e.g. voices and instruments) to create a completely new mix of the song (see Figure 2).

The following test scenario mimics this use case. Therefore, the applied rendering matrix of the SAOC decoder produces a special remix of the given audio objects in the downmix signal. Those adjustments to a given mix of audio objects represent changes that would typically be applied if a user, in a real-world application, has the freedom to create his personalized mix of a song. See Appendix for details on downmix and rendering matrix selection.
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Figure 2 – Interactive remix use case with an SAOC player, that controls panning positions and levels of the individual instruments of the song 

This listening test demonstrates the performance of two modes of operation of SAOC together with a HE-AAC (v1, stereo) core coder: regular SAOC decoding mode (“HE-AAC_SAOC”) and Low Power decoding mode (“HE-AAC_SAOC-LP”), the latter operating at a lower computational complexity. The performance of both SAOC systems was compared to legacy technology (“HE-AAC_MO”, v1), which uses separately encoded objects (4 mono or 3 stereo objects), under the same total bitrate constraint of 64 kbit/s. In order to illustrate the influence on audio quality of the core coder alone, a HE-AAC (v1) encoded reference rendering (“HE-AAC_REF”) was included in this test. In addition, as specified in the MUSHRA test methodology, a hidden reference (“REF”) and 3.5 kHz band-limited versions of the reference (“LP35”) were included as references and anchors in the tests. The listening test consists of 6 typical audio items, which were played back over headphones.
Table 1 – Stimuli for interactive remix oriented use case
	Codec ID
	Core

coder
	Description
	Total bitrate
	DMX

	1
	REF
	-
	Hidden reference 

(ideally rendered original objects)
	-
	-

	2
	LP35
	-
	3.5 kHz anchor 

(3.5 kHz low-pass filtered reference)
	-
	-

	3
	HE-AAC_REF
	HE-AAC v1
	Compressed anchor 

(based on reference)
	( 64 kbit/s
	-

	4
	HE-AAC_MO
	HE-AAC v1
	Low bitrate multi-object anchor (discrete object encoding)
	( 64 kbit/s
	-

	5
	HE-AAC_SAOC
	HE-AAC v1
	Low bitrate case
(using high quality SAOC mode)
	( 64 kbit/s
	Stereo

	6
	HE-AAC_SAOC-LP
	HE-AAC v1
	Low bitrate case 

(using low power SAOC mode)
	( 64 kbit/s
	Stereo


2.3 Teleconferencing oriented use case
Telecommunication infrastructure today consists mainly of monophonic transmission channels. This is the case for regular telephones (landline or mobile phones), but also for the majority of teleconferencing systems. There is no disadvantage in this transmission concept for one-to-one communication. However, if more than one communication partner is involved, this turns out to be suboptimal, as these legacy solutions do not enable access to the individual signal components (e.g. voice of talker A and voice of talker B). MPEG SAOC, however, allows for access to the signals of the individual communication partners without significantly increasing transmission channel data rate. This enables the following advantages over legacy technology: SAOC allows the free arrangement of all communication partners in a virtual conference room. In that way, talkers can easily be distinguished, and volume can be adjusted for each talker individually.

The following test scenario of the verification test mimics this use case. The SAOC downmix consists of several active talkers in an audio conference scene, with a varying degree of double-talk. The applied rendering matrix distributes the participants evenly within the given spatial panorama of the loudspeakers. The rendering matrix is also used to adjust the contribution of each participant to a balanced output level. This reflects adjustments a participant of a teleconference would carry out in a real-world teleconferencing application, if control of volume and spatial position (rendering) for each remote participant were available (see Figure 3).

The verification test of SAOC for the teleconferencing use case consists of two separate tests: The first one shows the performance of Low Delay MPEG SAOC as a standalone decoder for stereo reproduction, the second one highlights the performance of Low Delay MPEG SAOC using the efficient transcoding feature to Low Delay MPEG Surround for multi-channel reproduction.
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Figure 3 – Teleconferencing use case with an SAOC system that allows to control spatial position and level of the remote participants’ voices in the conference.

2.3.1 Stereo Teleconferencing 

This listening test demonstrates the performance of the Low Delay decoding mode of SAOC in combination with a mono AAC-ELD core coder (“AAC-ELD_SAOC-LD”) operating at a bitrate of 40 kbit/s (with SBR). The corresponding legacy technology (“AAC-ELD_MO”) separately encodes each object (total number: 4 mono objects) and operates at a significantly higher bitrate of 94 kbit/s (total). In addition, as specified in the MUSHRA test methodology, a hidden reference (“REF”) and 3.5 kHz band-limited versions of the reference (“LP35”) were included as references and anchors in the tests. The overall latency of the evaluated SAOC-LD system (operating at 48 kHz sampling rate) is about 37.7 ms.
The listening test was carried out with stereo loudspeakers.

Table 2 – Stimuli for stereo teleconferencing oriented use case
	Codec ID
	Core

coder
	Description
	Total bitrate
	DMX

	1
	REF
	-
	Hidden reference 

(ideally rendered original objects)
	-
	-

	2
	LP35
	-
	3.5 kHz anchor 

(3.5 kHz low-pass filtered reference)
	-
	-

	3
	AAC-ELD_MO
	AAC-ELD
	Multi-object simulcast anchor 
(discrete object  encoding)
	( N*23.4 kbit/s *)
	-

	4
	AAC-ELD_SAOC-LD
	AAC-ELD
	SAOC
(low delay mode)
	( 40 kbit/s
	Mono


*) N is the number of audio objects (N=4).

2.3.2 Multi-channel teleconferencing
Similar to the previous test, this listening test demonstrates the performance of the Low Delay SAOC decoder in combination with a mono AAC-ELD core coder (“AAC-ELD_SAOC-LD”) operating at a bitrate of 40 kbit/s (with SBR). The corresponding legacy technology (“AAC-ELD_MO”) separately encodes each object (total number: 4 mono objects) and operates at a significantly higher bitrate of 94 kbit/s (total). In addition, as specified in the MUSHRA test methodology, a hidden reference (“REF”) and 3.5 kHz & 7kHz band-limited versions of the reference (“LP35”) were included as references and anchors in the tests. The overall latency of the evaluated SAOC-LD system (operating at 48 kHz sampling rate) is about 37.7 ms.
In contrast to the previous listening test, the audio material was reproduced over a 5.0 loudspeaker setup. Due to this multi-channel configuration, Low Delay MPEG Surround (LD-MPS) was part of the signal processing chain of the SAOC decoder. Therefore, the SACO decoder was transcoding SAOC parameters and rendering information into a LD-MPS bitstream. That bitstream was then decoded and rendered by an LD-MPS Surround decoder. 

Please note that all audio objects (talkers) were reproduced only by the three channels in front of the listener (Left, Center and Right). Although there is no technical restriction in MPEG SAOC, which prohibits the reproduction of audio objects (talkers) in the back of the listener (through Left Surround and Right Surround), this was considered unrealistic in a teleconferencing scenario and therefore not tested. 

Table 3 – Stimuli for multi-channel teleconferencing oriented use case
	Codec ID
	Core

coder
	Description
	Total bitrate
	DMX

	1
	REF
	-
	Hidden reference 

(ideally rendered original objects)
	-
	-

	2
	LP35
	-
	3.5 kHz anchor 

(3.5 kHz low-pass filtered reference)
	-
	-

	3
	LP70
	-
	7 kHz anchor 

(7 kHz low-pass filtered reference)
	-
	-

	4
	AAC-ELD_MO
	AAC-ELD
	Multi-object simulcast anchor 
(discrete object  encoding)
	( N*23.4 kbit/s *)
	-

	5
	AAC-ELD_SAOC-LD
	AAC-ELD
	SAOC
(low delay mode)
	( 40 kbit/s
	Mono


*) N is the number of audio objects (N=4).

3 Test material

The length of the sequences did not exceed 20 seconds to avoid fatiguing listeners and to reduce the total duration of the listening test. The following audio items are used for the verification listening test:

Table 4 – List of the audio items used for the listening tests
	Item
	Test
	Item name
	Source
	Duration
	Description

	1.1
	Remix
(HE-AAC)
	BabyAllNight
	ETRI
	20s
	Pop music

	1.2
	
	Braves
	ETRI
	20s
	

	1.3
	
	Discofunk
	Fraunhofer IIS
	16s
	

	1.4
	
	Hit
	ETRI
	20s
	

	1.5
	
	K-Pop03
	LGE
	19s
	

	1.6
	
	SadPromise
	ETRI
	20s
	

	2.1
	2.0 Telco
(AAC-ELD)
	Telco Scene 1
	Fraunhofer IIS
	16s
	Teleconference (4 talkers)

	2.2
	
	SAOC1_4p
	Orange Labs
	13s
	

	2.3
	
	SAOC2_4p
	Orange Labs
	13s
	

	2.4
	
	SAOC3_4p
	Orange Labs
	13s
	

	2.5
	
	SAOC4_4p
	Orange Labs
	13s
	

	3.1
	5.0 Telco
(AAC-ELD)
	Telco Scene 2
	Fraunhofer IIS
	14s
	Teleconference (4 talkers)

	3.2
	
	SAOC1_4p
	Orange Labs
	13s
	

	3.3
	
	SAOC2_4p
	Orange Labs
	13s
	

	3.4
	
	SAOC3_4p
	Orange Labs
	13s
	

	3.5
	
	SAOC4_4p
	Orange Labs
	13s
	


More details on the properties of the audio items can be found in the Appendix.

4 Test Centers

The test centers that participated in the verification tests are listed in Table 5. The entries indicate the number of test persons per site and test scenario.
Table 5 – Overview of test sites and the number of subjects that participated in the various tests

	Nr.
	Test name
	Fraunhofer IIS
	Dolby
	Philips
	ETRI
	LG
	Total

	1
	Remix
	10
	7
	-
	8
	7
	32

	2
	2.0 Telco
	10
	5
	-
	8
	7
	30

	3
	5.0 Telco
	12
	8
	4
	-
	10
	34


Test results

4.1 Introduction

A statistical analysis was used to evaluate the listening test data. The subsequent plots display the mean values (horizontal tick) and 95% confidence intervals (vertical tick) averaged over all items for every coding scheme. Detailed plots of performance of systems on a per-item basis are given in the Appendix.

Post screening has been applied to the data in order to remove subjects that did not score consistently. The procedure for post screening is provided in the Appendix.
4.2 Interactive remix oriented use case
Figure 4 shows the subjective test results of the interactive remix use case with the pooled data from all test sites.
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Figure 4 – Results for the interactive remix use case

Table 6 shows the statistical data for the interactive remix use case in a numeric representation.

Table 6 – Remix test, mean values and the lower and upper 95% confidence interval limits for the overall results per codec

	Codec ID
	Core

coder
	Upper 
	Lower
	Mean

	REF
	n/a
	100.001
	99.769
	99.885

	LP35
	n/a
	20.100
	17.774
	18.937

	HE-AAC_REF
	HE-AAC
	86.886
	83.528
	85.207

	HE-AAC_MO
	HE-AAC
	56.646
	52.182
	54.414

	HE-AAC_SAOC
	HE-AAC
	75.403
	71.229
	73.316

	HE-AAC_SAOC-LP
	HE-AAC
	74.263
	70.150
	72.207


Figure 4 shows the subjective test results of the interactive remix listening test. It can be easily seen that:

· SAOC technology (“HE-AAC_SAOC”) significantly outperforms discrete legacy technology (“HE-AAC_MO”) at the same data rate of 64 kbit/s by about 20 points on the MUSHRA scale. 
· With a total bitrate of 64 kbit/s and HE-AAC as a core coder, the quality of the SAOC system is in the upper region of the "Good" range on the MUSHRA scale.

· Additionally, the test results indicate a statistically equivalent performance for both, the regular and the low power decoding mode of SAOC, as the 95% confidence intervals of both SAOC-HQ (“HE-AAC_SAOC”) and SAOC-LP (“HE-AAC_SAOC-LP”) overlap largely.
4.3 Teleconferencing oriented use case
As outlined above, the teleconferencing oriented use case comprises a stereo and a multi-channel test. 

Figure 5 shows the subjective test results of the stereo teleconferencing oriented use case with the pooled data from all test sites.
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Figure 5 - Results for stereo teleconferencing test

Table 7 shows the statistical data for the stereo teleconferencing use case in a numeric representation.

Table 7 – Stereo teleconferencing test, mean values and the lower and upper 95% confidence interval limits for the overall results per codec

	Codec ID
	Core

coder
	Upper
	Lower
	Mean 

	REF
	n/a
	100.073
	99.727
	99.900

	LP35
	n/a
	26.129
	22.328
	24.229

	AAC-ELD_MO
	AAC-ELD
	72.986
	66.699
	69.843

	AAC-ELD_SAOC-LD
	AAC-ELD
	75.036
	68.764
	71.900


Figure 6 shows the subjective test results of the multi-channel teleconferencing oriented use case with the pooled data from all test sites.
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Figure 6 - Results for multi-channel teleconferencing test
Table 8 shows the statistical data for the multi-channel teleconferencing use case in a numeric representation.

Table 8 – Multi-channel teleconferencing test, mean values and the lower and upper 95% confidence interval limits for the overall results per codec

	Codec ID
	Core

coder
	Upper 
	Lower
	Mean

	REF
	n/a
	99.935
	99.520
	99.727

	LP35
	n/a
	55.592
	50.917
	53.255

	LP70
	n/a
	26.022
	22.608
	24.315

	AAC-ELD_MO
	AAC-ELD
	69.191
	63.937
	66.564

	AAC-ELD_SAOC-LD
	AAC-ELD
	70.208
	65.295
	67.752


From the listening test results, as shown in Figure 5 and Figure 6, it can be concluded, that 
· The 95% confidence intervals of the legacy technology (“AAC-ELD_MO”) and the SAOC system (“AAC-ELD_SAOC-LD”) overlap significantly. Therefore, SAOC technology delivers an audio quality statistically equivalent to the quality provided by legacy technology (i.e. separately encoded streams), but requires only ca. 43% of the amount of bitrate (40 kbit/s “AAC-ELD_SAOC-LD” vs. 94 kbit/s “AAC-ELD_MO”). 

· With a total bitrate of 40 kbit/s and AAC-ELD as a core coder, the quality of the SAOC system is in the "Good" range on the MUSHRA scale.

· The absolute and relative performance of SAOC is similar for stereo and multi-channel reproduction.

Additionally, the solution using SAOC is backwards compatible with non-interactive (legacy) decoders, i.e. the mono downmix from the SAOC condition contains the voices of all participants and may be decoded without additional mixing effort simply by ignoring the SAOC side information.
Conclusions

The verification test results indicate that MPEG SAOC technology offers better quality than discretely encoded audio objects with legacy technology when operated at the same bitrates. In other configurations MPEG SAOC requires a significantly lower bitrate than the competing technology, while providing a comparable level of audio quality. For application scenarios, where access to individual audio objects at decoder side is required, SAOC delivers excellent compression efficiency. In case of low bitrate applications, this is unmatched by any other technology known today. 

Furthermore, the quality of the Low Power decoding mode of MPEG SAOC is found to be comparable to the quality of the regular decoding mode. This enables all the benefits of the SAOC technology also on portable devices. The two application-driven test cases show that MPEG SAOC is an ideal technology for interactive remix applications and flexible (interactive) teleconferencing services where backward compatibility and high compression efficiency is of paramount importance.
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A.2 Time schedule

The time schedule established for the verification tests is depicted in Table 10.
Table 10 – Time line for subjective testing

	N
	Activity log
	Completion date
	Responsibility

	1
	Issue final test plan
	Output of 92nd meeting
	Audio Subgroup

	2
	Delivery of decoded and original items
	June 21st 2010
	Fraunhofer IIS

	3
	Listening test materials available
	June 25th 2010
	ARL

	4
	Make listening test data available
	July 9th 2010
	Test sites

	5
	Make pooled test data available
	Contribution to 93rd meeting
	ARL

	6
	Register and upload draft test report
	Contribution to 94th meeting
	Dolby, Philips, Fraunhofer IIS


A.3 Test methodology and analysis
A.3.1 MUSHRA test

The tests in this report followed the MUSHRA test methodology 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 one (or optionally two) bandwidth limited anchor signals (3.5 kHz and 7 kHz).

A quality scale is used where the intervals are labeled "Bad", "Poor", "Fair", “Good" and "Excellent". The value on the lower end of the scale is zero; the value on the upper end is 100. No decimals are given.
A.3.2 Statistical analysis 
The statistical analysis followed standard MUSHRA procedure. The calculation of the averages over the post-screened listener scores results in the Mean Subjective Scores (MSS). The first analysis step of the results considers the calculation of the mean score 
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Confidence intervals were 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 mainly by differences between the test sequences used than by variations between the assessors participating in the assessment.

A.3.3 Post-screening

A post-screening procedure was applied to assess the subjects reliability. Subjects satisfying one or both of the following criteria have been removed from the corresponding test in which they participated.

· Subjects scored a reference stimuli below a score of 90,

· Subjects scored the anchor above the hidden reference.
Applying these criteria leads to the following number of subjects for each of the tests (see Table 5). All the results in this document are presented with this post-screening rule applied.
A.4 Test details

A.4.1 Downmix and rendering matrices
The applied rendering matrix 
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a) Interactive remix oriented use case
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This results in level adjustments and re-pannings of some of the mono audio objects.
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This results in level adjustments and re-pannings of all mono audio objects.
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This results in level adjustments of all stereo audio objects.
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This results in level adjustments of all stereo audio objects.

b) Stereo teleconferencing
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This results in a level equalization and panning of all mono audio objects.


[image: image30.wmf](

)

(SAOC*_4p)

0.50.50.50.5

=

D

,

[image: image31.wmf](SAOC*_4p)

1.000.30.7

01.00.80.6

æö

=

ç÷

èø

R

.

This results in a level equalization and panning of all mono audio objects.

c) Multi-channel teleconferencing
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This results in a level equalization and panning of all mono audio objects.
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This results in a level equalization and panning of all mono audio objects.

A.4.2 Encoder settings
The following encoder settings have been used for coding the various test conditions.

Table 11 – Applied encoder settings for generating the test bitstreams

	Test
	Scenario
	Bitrate (kbit/s)

	
	
	SAOC data 
	DMX core coder
	 SAOC total
	Discrete coded / Coded REF
	Nominal

	Remix
	Discofunk
	6.1
	56.4
	62.5
	62.5
	64.0

	
	K-Pop03
	7.1
	55.2
	62.3
	62.5
	

	
	BabyAllNight
	14.8
	47.9
	62.7
	62.5
	

	
	Braves
	15.3
	47.3
	62.6
	62.5
	

	
	Hit
	14.7
	47.5
	62.2
	62.5
	

	
	SadPromise
	15.1
	47.5
	62.6
	62.5
	

	2.0 Telco
	Telco Scene 1
	7.7
	29.3
	36.9
	93.7
	40.0

	
	SAOC1_4p
	9.9
	29.3
	39.2
	93.7
	

	
	SAOC2_4p
	11.0
	29.3
	40.3
	93.7
	

	
	SAOC3_4p
	11.7
	29.3
	41.0
	93.7
	

	
	SAOC4_4p
	10.6
	29.3
	39.9
	93.7
	

	5.0 Telco
	Telco Scene 2
	8.0
	29.3
	37.3
	93.7
	40.0

	
	SAOC1_4p
	9.9
	29.3
	39.2
	93.7
	

	
	SAOC2_4p
	11.0
	29.3
	40.3
	93.7
	

	
	SAOC3_4p
	11.7
	29.3
	41.0
	93.7
	

	
	SAOC4_4p
	10.6
	29.3
	39.9
	93.7
	


A.4.3 Detailed description of the audio items used for the listening tests

	N
	Item name
	Source
	Object type
	Object
description

	1
	BabyAllNight
	ETRI
	Stereo
	Bass and rhythm (mix)

	2
	
	
	Stereo
	Guitar and synth (mix)

	3
	
	
	Stereo
	Vocal

	1
	Braves
	ETRI
	Stereo
	Bass and rhythm (mix)

	2
	
	
	Stereo
	Guitar and keys (mix)

	3
	
	
	Stereo
	Vocal

	1
	Discofunk
	Fraunhofer IIS
	Mono
	Bass

	2
	
	
	Mono
	Drums

	3
	
	
	Mono
	Soft chords

	4
	
	
	Mono
	Guitar

	1
	K-Pop03


	LGE
	Mono
	Drums

	2
	
	
	Mono
	E-piano

	3
	
	
	Mono
	Guitar

	4
	
	
	Mono
	Vocal

	1
	Hit
	ETRI
	Stereo
	Bass and rhythm (mix)

	2
	
	
	Stereo
	Guitar and keys (mix)

	3
	
	
	Stereo
	Vocal

	1
	SadPromise
	ETRI
	Stereo
	Bass and rhythm (mix)

	2
	
	
	Stereo
	Guitar, piano and strings (mix)

	3
	
	
	Stereo
	Vocal

	1
	Telco Scene *
	Fraunhofer IIS
	Mono
	Speaker A (English language)

	2
	
	
	Mono
	Speaker B (English language)

	3
	
	
	Mono
	Speaker C (English language)

	4
	
	
	Mono
	Speaker D (English language)

	1
	SAOC*_4p
	Orange Labs
	Mono
	Speaker A (French language)

	2
	
	
	Mono
	Speaker B (French language)

	3
	
	
	Mono
	Speaker C (French language)

	4
	
	
	Mono
	Speaker D (French language)


Table 12 - Detailed description of the audio items used for the listening tests
A.4.4 Listening test results per item
This section provides both the overall results as well as the results on a per item basis.
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Figure 7 – Results per item for the interactive remix use case

Description of all 6 systems under test for the interactive remix oriented use case is given in Table 1.
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Figure 8 – Results per item for the stereo teleconferencing use case

Description of all 4 systems under test for the stereo teleconferencing use case is given in Table 2.
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Figure 9 – Results per item for the multi-channel teleconferencing use case

Description of all 5 systems under test for the multi-channel teleconferencing use case is given in Table 3.
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