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0 Introduction

In the surround sound study item the following objectives are given:

· identify suitable testing methodology for surround sound in relevant use cases 

· validate the user benefits and the feasibility of the deployment of surround sound for the PSS and MBMS [1].
Therefore subjective test data for the different use cases is needed to evaluate the benefit of a surround sound codec in 3GPP. Furthermore, test data should be collected on the perceived audio quality level of a surround sound codec candidate.
In order to set up a test plan, listening test methods and procedures need to be defined. In the tests the following aspects should be covered:

· Overall quality level

· Compatibility

· User benefit

· Error-robustness

In this document 5 listening tests are proposed. The document is structured as follows: Each section contains a section to motivate the specific test methodology and a section containing a description of the listening test conditions and details. The later section for each test is proposed for inclusion in the test plan.

1 Listening test over loudspeakers

1.1 Motivation for proposed test methodology 

In the field of audio coding one of the most prominent measurement techniques is the “MUlti Stimulus test with Hidden Reference and Anchor” (MUSHRA) test [2]. This is a subjective measurement technique to evaluate the audio quality of one or more audio codecs or codec conditions relative to a given reference. In a MUSHRA test a subject has to evaluate a number of variants of an item in a double-blind fashion on a scale from 0 to 100 with associated perceptual labels. 

· 100 to 80 means excellent quality

· 60 to 80 means good quality

· 40 to 60 means fair quality

· 20 to 40 means poor quality

· 0 to 20 means bad quality

The subject should rate the quality by comparison to the given reference.  

According to [2] for each item and each test condition an average score is calculated over all subjects. Furthermore, so called 95% confidence intervals are calculated. In addition an average score over all subjects over all items can be calculated as well as its associated 95% confidence interval. The average score is referred to here as the MUSHRA score. The 95% confidence intervals allow making statements about the absolute quality of an audio codec or of its relative quality when multiple different audio codecs or codec conditions have been employed in the same test. 

The MUSHRA test is applicable for testing the performance of the surround sound codec for the playback over loudspeakers where the en-/decoded multi-channel signal is compared to the original surround material. The listening test details are given in section 3.
1.2 Description of listening test over loudspeakers
1.2.1 Conditions
The processing required creating the reference, the evaluation codec and the anchor are depicted in the following figure.
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	Main Codec Conditions
	
	

	Candidates
	1
	MPS with HE-AAC stereo core codec [5]

	Error Conditions
	
	No errors

	Applications
	
	64 kbit/s total bitrate

	
	
	

	References:
	
	

	Open Reference
	1
	5.1 original signal

	Hidden Reference
	1
	5.1 original signal

	Anchors
	1
	3.5 kHz band-limited 5.1 signal 

	
	
	

	Common Conditions
	
	

	Number of test items
	12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	8
	Experienced listeners

	Presentation randomizations
	8
	One per listener

	Rating Scale
	
	Continuous quality scale

	Replications
	2
	Two test sites

	Listening System
	
	5.1 loudspeaker playback system according to ITU-R BS.775-1 [3]

	Listening Environment
	
	Facilities and reproduction devices should follow ITU-R BS.1116 [4] as recommended in [2]


2 Listening test over headphones

2.1 Motivation for proposed test methodology 

The headphone decoding mode should allow the user to experience localizable and spatial sound over conventional stereo headphones. This is typically achieved by binaural processing, i.e. by applying HRTF filters. Therefore, filtering of the multi-channel input signals with sets of HRTFs has been considered as the reference in the section above. However, even though in such a test the reproduction capability of the headphone decoding mode is evaluated, the results of such a test do not provide a decisive answer on the associated user benefit of the surround sound information conveyed in the bit-stream. Therefore another test is required which illustrates this benefit.

For the delivery of multi-channel sound material over headphones some form of processing is needed. This is typically done by down-mixing the multi-channel signal to a mono or stereo signal, e.g. as described in ITU-R BS.775-1 [3]. It is possible to transmit this downmix with existing codecs. Furthermore, a form of spatialization for headphone reproduction can be applied to the downmix. Such techniques typically make use of binaural technology, i.e. processing the stereo signal with HRTFs. In order to evaluate the benefit of surround transmission in a service the binaurally-processed stereo reference needs to be compared to the surround codec outputting a binaural signal for headphone playback. This signal serves as the reference signal. The quality of the test candidates is evaluated by comparison to this reference. Unlike the MUSHRA test, in this case subjective ratings above the reference are possible. Therefore the grading scale needs to be modified as described in the following section.
2.2 Description of listening test for headphones

2.2.1 Methodology
The methodology is derived from the MUSHRA method [2]. The two methods differ in the scale used. The MUSHRA test uses a quality scale between 0 and 100. In this new method we replace the quality scale by a comparison scale as in ITU-R BS 562-3 (see figure below). The scale, however, should still allow a more continuous grading with a 0.1 resolution. The hidden reference is added to the items to be evaluated. Its score should be evaluated as zero. 
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Listeners should rate the quality by comparison to the given reference for each item, on a scale between -3.0 and 3.0
· 3.0 : Condition is much better than REF

· 2.0 : Condition is better than REF

· 1.0 : Condition is slightly better than REF

· 0.0 : Condition is similar to REF

· -1.0 : Condition is slightly worse than REF 

· -2.0 : Condition is worse than REF
· -3.0 : Condition is much worse than REF

2.2.2 Conditions

The processing steps required obtaining the reference, the evaluation codecs and the anchor are depicted in the following Figure.


[image: image3.emf]HE-AAC/

MPS 

Encoder

HE-AAC/MPS 

Decoder

Binaural

Stereo

Binaural 

B1

ITU 

downmix

Stereo

Binaural 

C

Multi-channel

Original

Without Side 

information

Using MPS side 

information

HE-AAC 

Encoder

HE-AAC 

Decoder

Stereo

Binaural

D

Stereo

+ MPS 

bitstream

S

t

e

r

e

o

b

i

t

s

t

r

e

a

m

Binaural 

Post-

processing

Binaural 

Post-

processing

Stereo

Binaural 

A

Evaluation codecs

Anchor condition

High-quality reference

HE-AAC 

Encoder

HE-AAC 

Decoder

HE-AAC 

Decoder

Binaural 

Post-

processing

5.1 

bitstream

HE-AAC/

MPS 

Decoder

5.1

Stereo

Binaural 

B2

Reference

Binaural 

Post-

processing

5.1

Discrete codec

Discrete codec

S

t

e

r

e

o

5.1

5.1 

bitstream

5.1

HE-AAC 

Encoder

S

t

e

r

e

o


Condition A and D are anchor condition spanning the audio quality room by transmitting discrete 5.1 using HE AAC at 160kbps for Condition A and 64 kbps for Condition D [8]. 

For both these conditions HRTFs are applied by means of FIR filters as a post process.The HRTF sets for the binaural filtering are provided along with the encoded and decoded items by the providers of the evaluation codec.

Condition B1 and B2 consist of a stereo transmission with accompanying surround side information. For B1 decoding and rendering takes places in the binaural surround decoder, while for B2 decoding to multi-channel signals is followed by binaural post-processing.

The reference signal will be Stereo Binaural C. There, the surround sound content is pre-processed to create a stereo downmix as prescribed by ITU-R BS.775-1 [3]. This allows assessment of the quality improvement associated to the surround side information. 

	Main Codec Conditions
	
	

	Evaluation codecs
	1
	MPS binaural with HE-AAC stereo core codec [5] – Condition B1

	
	1
	MPS 5.1 with HE-AAC stereo core codec [5] with binaural post-processing – Condition B2

	
	
	

	Error Conditions
	
	No errors

	Applications
	
	64 kbit/s total bitrate

	
	
	

	References:
	
	

	Discrete high-quality codec reference
	1
	HE-AAC 5.1 at 160 kbps [8] + binaural post-processing – Condition A

	
	
	

	
	
	

	Other references
	
	

	Open Reference
	1
	HE-AAC Stereo downmix at 64 kbps + binaural post-processing – Condition C

	Hidden Reference
	1
	HE-AAC Stereo downmix at 64 kbps + binaural post-processing – Condition C

	Anchors
	1
	HE-AAC 5.1 at 64 kbps + binaural post-processing – Condition D

	
	
	

	Common Conditions
	
	

	Number of test items
	12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	8
	Experienced listeners

	Presentation randomizations
	8
	One per listener

	Rating Scale
	
	Continuous comparison scale

	Replications
	2
	Two test sites

	Listening System
	
	High quality open-back, circum-aural headphones

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


3 Test on backward compatibility

3.1 Motivation for proposed method
In practice, the backward compatibility design constraint implies that the surround sound functionality is obtained by a surround sound extension on top of a mono or stereo core. Therefore, it is important to obtain data on the impact of the surround sound extension on the mono or stereo core. For example, assume a channel capacity of 64 kbps. For a stereo codec, this capacity could be maximally employed. The question is then, when a surround sound extension would be added, taking away part of the capacity for the core, e.g. 8 kbps, what quality impact this would have on the stereo core, which only allows for 56 kbps. Phrased differently, the fundamental question that needs to be answered is how the audio quality of the mono or stereo core is affected by the loss in bitrate consumed by the surround sound extension. Hence, in the example above, how much quality loss would be observed for a stereo core going from 64 to 56 kbps.

Since the 3GPP audio codecs have been characterized in great detail [7], it is proposed to derive the impact on the backward compatibility from these selection and characterization tests instead of conducting listening tests. Obviously, this approach lightens the overall testing efforts.

3.2 Proposed method

It is proposed that for the 3GPP core coder(s) that will be evaluated, i.e., the mono or stereo core(s) on which the surround sound extension will be evaluated, a bit-rate versus quality figure will be constructed containing all overall test results.

It is proposed to include the following test data into the bit-rate versus quality figure:

· Low rate selection test, TR 26.936 Attachment 1E [7], Tests A1-A4, 14/24 mono, 18/24 kbps stereo

· High rate selection test, TR 26.936 Attachment 1G [7], Tests 1-2, 32/48 stereo

· Characterization test phase 1, TR 26.936 Attachment 1B [7], Experiments 1-1/1-2, 10/16/20 mono, 14/21/28 stereo

From the above figure, then an approximation can be made on the operating point of the core coder at the two operation points:

1) A core coder operating at the full capacity.

2) A core coder operating at the full capacity minus the capacity consumed by the surround sound extension.

It is noted that, conform [6], it is expected that a surround sound extension will only be enabled from an overall bit rate in the order of 32 kbps. The typical operation point may even be higher in the order of 48-128 kbps. It is furthermore expected that only a small fraction of the overall bit-rate will be consumed by the surround sound extension.

The focus of the majority of the characterization and selection tests was on the lower bit rates (14-24 kbps mono, 14-48 kbps stereo). It is expected however, that given the large amount of test points in the 3GPP selection and characterization tests at the lower rates a good approximation of the bit-rate versus quality curve can be obtained of the higher rates as well.
4 Listening test under error conditions

4.1 Motivation for proposed test methodology 

In the field of audio coding one of the most prominent measurement techniques is the “MUlti Stimulus test with Hidden Reference and Anchor” (MUSHRA) test [2]. This is a subjective measurement technique to evaluate the audio quality of one or more audio codecs or codec conditions relative to a given reference. In a MUSHRA test a subject has to evaluate a number of variants of an item in a double-blind fashion on a scale from 0 to 100 with associated perceptual labels. 

· 100 to 80 means excellent quality

· 60 to 80 means good quality

· 40 to 60 means fair quality

· 20 to 40 means poor quality

· 0 to 20 means bad quality

The subject should rate the quality by comparison to the given reference.  

According to [2] for each item and each test condition an average score is calculated over all subjects. Furthermore, so called 95% confidence intervals are calculated. In addition an average score over all subjects over all items can be calculated as well as its associated 95% confidence interval. The average score is referred to here as the MUSHRA score. The 95% confidence intervals allow making statements about the absolute quality of an audio codec or of its relative quality when multiple different audio codecs or codec conditions have been employed in the same test. 

The MUSHRA test is applicable for testing the performance of the surround sound codec for playback over headphones where binauralized test items are compared to a binauralized original signal. The listening test details are given in section 3.
Frame errors will be introduced by either applying an erasure pattern in the decoder or by running packetized streams through a channel simulator, depending on which solution can be made available in time for testing. The selected frame error rates are the same that were used in the earlier audio codec selection phase (in the higher bitrate test).
4.2 Conditions
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	Main Codec Conditions
	
	

	Candidates
	1
	MPS with HE-AAC stereo core codec [5], decoded in binaural mode

	Error Conditions
	2
	Frame error rates of 1% and 3%

	Applications
	
	64 kbit/s total bitrate

	
	
	

	References:
	
	

	Codec references
	1
	Candidate codec signal without frame errors

	Open Reference
	1
	5.1 original signal with binaural post-processing

	Hidden Reference
	1
	5.1 original signal with binaural post-processing

	Anchors
	1
	3.5 kHz band-limited 5.1 original signal with binaural post-processing

	
	
	

	Common Conditions
	
	

	Number of test items
	12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	8
	Experienced listeners

	Presentation randomizations
	8
	One per listener

	Rating Scale
	
	Continuous quality scale

	Replications
	2
	Two test sites

	Listening System
	
	Binaural listening using high quality open-back, circum-aural headphones

	Listening Environment
	
	30dBA Hoth Spectrum (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1) measured at the head position of the subject


5 Listening test on HRTFs

5.1 Motivation for proposed test methodology 

For headphone reproduction of surround material, the user should be able to experience localizable and spatial sound over conventional stereo headphones. This is typically achieved by binaural processing, i.e. by applying HRTF filters. 
The perceived quality of the surround reproduction is subjective and dependent on the specific set of HRTFs used. In applications different sets of HRTFs can be used. However, the goal of this test is to find at least one set of HRTF filters ensuring a certified quality of user experience.

For the delivery of multi-channel sound material over headphones some form of processing is needed in any case. This is typically done by down-mixing the multi-channel signal to a mono or stereo signal, e.g. as described in ITU-R BS.775-1 [3]. The reference is the backward-compatible stereo downmix and a mono downmix is added as an anchor condition.
Unlike the MUSHRA test, in this case subjective ratings above the reference are possible. Therefore, the grading scale needs to be modified as described in the following section.
5.2 Description of listening test for HRTFs 

5.2.1 Methodology
The methodology is derived from the MUSHRA method [2]. The two methods differ in the scale used. The MUSHRA test uses a quality scale between 0 and 100. In this new method we replace the quality scale by a comparison scale as in ITU-R BS 562-3 (see figure below) while allowing a more continuous grading with a resolution of 0.1. The hidden reference is added to the items to be evaluated. Its score shall be zero. 
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Listeners should rate the quality by comparison to the given reference for each item, on a scale between -3.0 and 3.0
· 3.0 : Condition is much better than REF

· 2.0 : Condition is better than REF

· 1.0 : Condition is slightly better than REF

· 0.0 : Condition is similar to REF

· -1.0 : Condition is slightly worse than REF 

· -2.0 : Condition is worse than REF

· -3.0 : Condition is much worse than REF

5.2.2 Conditions

Different HRTF sets should be tested corresponding to different heads or different directions. A maximum of 4 HRTF sets will be tested to reduce the duration of the test. The reference is the backward-compatible stereo downmix and a mono downmix is added as an anchor condition as specified in ITU-R BS.775-1 [3].
The processing steps required obtaining the reference, the evaluation codecs and the anchor are depicted in the following Figure.
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Each company that wants to provide a set of HRTF filters to be tested shall process the test items and provides them to the test sites. The processing consists of filtering the items with the HRTF and aligning them in time and loudness with the corresponding reference item. The loudness normalization is conducted by applying a single time and frequency independent gain to the item under test.

	Main Codec Conditions
	
	

	Evaluation conditions
	1
	5.1 Original filtered with HRTF set A

	
	1
	5.1 Original filtered with HRTF set B

	
	1
	5.1 Original filtered with HRTF set C

	
	1
	5.1 Original filtered with HRTF set D

	
	
	

	Error Conditions
	
	No errors

	Applications
	
	No codec

	
	
	

	References:
	
	

	
	
	

	
	
	

	Other references
	
	

	Open Reference
	1
	Stereo downmix of original 5.1

	Hidden Reference
	1
	Stereo downmix of original 5.1

	Anchors
	1
	Mono downmix of original 5.1

	
	
	

	Common Conditions
	
	

	Number of test items
	12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	8
	Experienced listeners

	Presentation randomizations
	8
	One per listener

	Rating Scale
	
	Continuous comparison scale

	Replications
	2
	Two test sites

	Listening System
	
	High quality open-back, circum-aural headphones

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)
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