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1 Introduction

The quality that can be expected from the codec to deliver surround sound via 3GPP networks needs to be investigated. Subjective test data for the different use cases is needed to evaluate the benefit of a surround sound codec extension in 3GPP.
The aim of this document is to:

· Identify suitable subjective testing methodologies for surround sound for the different use cases

· Establish guidelines for the selection of test item

· Describe test methods and conditions in detail for the different use cases
It is proposed to include sections 3 and 4 into the technical report for the Study Item in sections 7 (Performance requirements) and 8 (Assessment of existing codecs).
2 Test methodology
2.1 Testing against multi-channel original
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 is described in detail in section 4.1.
The MUSHRA test can also be applied for evaluating the capability of creating virtual surround sound over headphones. The headphone decoding mode of the codec 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 serves as the reference here. The listening test details are given in section 4.2.
Currently, surround sound cannot be conveyed via the 3GPP network to the end user. Multi-channel material would need to be down-mixed to mono or stereo. In a current service this down-mix process would be applied at the service provider side. The inclusion of surround sound data in the bit-stream would either require additional bit-rate or – in the case of a fixed bandwidth - a reduction of the bitrate that is available for transmission of the downmix. It is required, that the impact on mono/stereo quality should be as small as possible for a defined surround quality. The evaluation of the impact on the downmix quality is described in detail in section 4.3.
Furthermore, within the PSS and MBMS streaming context, transmission errors will occur, which may be in the order of a couple of percent. Therefore, the surround codec should provide a certain amount of robustness with regard to channel errors. MUSHRA methodology can also be used to evaluate the performance of the surround codec under error conditions. After error-simulation of the transmission the decoded signal is compared to the original reference and/or the error-free decoded signal. This is outlined further in section 4.5. 

2.2 Testing against backward-compatible downmix
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]. Even when reproducing the original content in a more natural way via headphones e.g. by binaural processing, a substantial group of subjects will likely still prefer the playback of the stereo downmix. This is at least partly due to the fact that people are getting more and more accustomed to playing this loudspeaker-produced content over headphones. Therefore, it is not meaningful to compare the binaural signal to a surround sound downmix.
Furthermore, when applying binaural processing, users will expect a faithful multi-channel reproduction over headphones. This can be achieved by applying so-called individualization, i.e., by including user-specific parameters that are effectively captured in the HRTFs, into the binaural processing. Therefore, if individualization is not applied, e.g. because of cost-reasons, the specific HRTFs that have been selected will possibly not provide a true surround-like experience for part of the test group. Therefore, results from such a test have to be interpreted with care, as they represent the performance of an example implementation of binaural processing.
Nevertheless, given the discussion above, even the performance of the headphone output should benefit from delivering surround sound information and this should be tested. For that purpose a modified MUSHRA test may be used. This is described in detail in section 4.4.
3 Item selection

One of the important parameters in a subjective test is the selection of appropriate items. In the context of evaluating surround sound codecs, the following should be considered. First of all, the test items should consist of multi-channel content, where a significant contribution of the audio signal is in the surround channels. No quality improvement of surround can be expected for content that could also be represented by a stereo signal. I.e. also that at least some items should be selected that contain discrete sounds from the surround channels. Secondly, the items should be typical for and balanced over the intended application scenarios (see section 4.1). This will aid justification of the surround sound codec for PSS/MBMS use cases.
The following procedure for test item selection is proposed.

Interested parties are invited to propose material according to the criteria above. The item selection entity will select a set of fifteen multi-channel items according to the criteria above (3 training, 12 test items). The items should be in the range of 7-20 seconds, 5.1 channels, 44.1 kHz.

The same set of test items is to be used throughout the whole test.
4 Listening test description

4.1 Test A: Multichannel loudspeakers listening test

For the multichannel loudspeakers listening mode the surround codec quality should be evaluated using the MUSHRA method [2]. It is proposed that the test is performed at two test sites, using at least 8 experienced test subjects per experiment. Test sites would operate on a voluntary basis, with no funding.  The test should be conducted according to ITU-R BS.1534-1 using the training and test items according to section 3. Each test site should provide a brief report on the test including MUSHRA results.
· The reference should be the original uncompressed multichannel signal

· The anchor should be the reference signal low pass filtered at 3.5kHz  
· The surround codec should run at an overall bitrate of 64 kbps
4.2 Test B: Headphone listening test
For the headphone listening mode the surround codec quality should be evaluated using the MUSHRA method [2]. It is proposed that the test is performed at two test sites, using at least 8 experienced test subjects per experiment. Test sites would operate on a voluntary basis, with no funding. The test should be conducted according to ITU-R BS.1534-1 using the training and test items according to section 3. Each test site should provide a brief report on the test including MUSHRA results.
· The reference should be binaural processing applied to the original multi-channel item. I.e. each channel is filtered by a pair of HRTFs for each ear; where after the ear output signals are added to form the binaural output signal. All subjects will use the same HRTF, selected by the codec provider. The same HRTF shall be used in all following tests as well
· The anchor should be the reference signal low pass filtered at 3.5kHz
· The surround codec should run at a total bitrate of 64 kbps
4.3 Test C: Backward compatibility testing 

The quality degradation caused by the reduction of bandwidth for the mono/stereo service can be derived from analyzing the bitrate/quality curve of the underlying stereo codec. Such a bitrate/quality curve can be generated from data available in TR 26.936 [4].
4.4 Test D: Binaural surround – benefit of surround information
The proposed test evaluates the benefit of surround information when using binaural processing for rendering. The rendering is referred to here as a “headphone virtualizer”. In total four test conditions are evaluated. These are given in Table 1. Since the goal of the test is to evaluate the transmission rather than the headphone virtualizer it is essential that the HRTF's are kept the same in all test conditions. It is proposed that the HRTFs are provided by the technology proponents.

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. For both these conditions HRTFs are applied by means of FIR filters as a post process.

Condition B and Condition C both operate at 64 kbps total data rate and this bit-rate was chosen as an appropriate testing point in the PSS/MBMS context. Condition B may consist of a stereo transmission with accompanying surround side information whereas in Condition C only stereo is transmitted, hence allowing for an assessment of the added value of surround information. At the decoder side the surround sound content is decoded using the proposed surround sound decoder followed by FIR filtering using the HRTF impulse responses. However, if the proposed surround sound decoder enables integrated binaural processing, this may alternatively be applied as a test condition. 
In Condition C the surround sound content is pre-processed to create a stereo downmix as prescribed by ITU-R BS.775-1. The resulting stereo downmix is encoded at 64 kbps using HE-AAC. At the decoder side, the stereo signal is decoded followed by FIR filtering using the left/right front HRTF impulse response pairs. 
Table 1 – Test conditions

	Condition
	Transmission
	Rendering

	
	Encoder
	Bit-rate
	Decoder
	

	A
	5.1 HE-AAC
	160
	HE-AAC
	Headphone virtualizer
5.1 input

	B
	Proposed
surround
encoder
	64
	Proposed 
surround 
decoder

	Headphone virtualizer
5.1 input 1

	C
	ITU downmix

Stereo HE-AAC
	64
	HE-AAC


	Headphone virtualizer
stereo input

	D
	5.1 HE-AAC
	64
	HE-AAC
	Headphone virtualizer
5.1 input


Below, the preceding test specific to HE-AAC with MPEG Surround is described (see Figure 1). The proposed test evaluates the benefit of the side information used by MPEG Surround when using a headphone virtualizer for rendering. As illustrated in the figure below, four signal paths are present. As mentioned above, in order to separate the rendering from the transmission format the HRTF s used in all test cases should be the same. Furthermore signal paths B, C and D all employ the same total bit-rate of 64 kbps.


A. The high quality reference applying the HRTFs on the multi-channel item encoded at a high bit-rate. 


B. MPEG Surround encoding and Binaural decoding utilizing side information.


C. ITU downmix, stereo encoding and decoding followed by HRTF filtering using the left front and right front HRTF pairs. 
D. Discrete HE AAC encoding and decoding followed by applying the HRTFs.
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Figure 1– Block diagram of test conditions for testing MPEG Surround
The proposed methodology for testing 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 reference signal will be Stereo Binaural C. This allows assessment of the quality improvement associated to the surround side information. All the items shall be aligned in time and loudness on an individual basis. The hidden reference is added to the items to be evaluated. 

[image: image2.png]| 1 2 3 a 5 6 7 8 9 10 1 12

CRC-SEAQ

’Trial 4 of 11: Star Wars
09 16 -04 00 10 -20 -05

Much Better

Better

Slightly Better

Slightly Worse A -7

Worse

3
2
1
The Same o - - - - —
1
2
3

Much Worse

wr| af | c|ofelr|e

> “ <D “ #ﬁ.’é."
00:00.0 <[] [ N | ;| [00:14.7 [00:04.4





Figure 2 : Software test interface

· Task: for each file, vote between -3 and 3

3 : Item is much better than REF

2 : Item is better than REF

1 : Item is slightly better than REF

0 : Item is similar to REF

-1 : REF is slightly better than item 

-2 : REF is better than item

-3 : REF is much better than item

· Conditions: Binaural decoder output signals
· Reference is Stereo Binaural C
· Stereo Binaural C is also in the test as hidden reference

The subjects are asked to give individual scores to each binaural decoder tested. This allows evaluating the subject preference compared to the reference. The subjects are aware that they should find the hidden reference and judge it at 0. Subjects that are not able to find the hidden reference should be rejected (post-screened).
It is proposed that the test is performed at two test sites, using at least 8 experienced test subjects per experiment. Test sites would operate on a voluntary basis, with no funding.
The listening test should be performed in a very quiet environment with a high quality audio system (digital to analog converter, amplifier, and headphone).

4.5 Test E: Test under error-conditions

In order to evaluate the quality of the surround codec under error conditions, the MUSHRA method [2] can be used. Error-conditions are simulated in accordance with “TR 26.936 Appendix B2Additional Documents.zip”. 

· The reference should be the original uncompressed multichannel signal

· The anchor should be the reference signal low pass filtered at 3.5kHz  

· The surround codec should run at a bitrate of 64 kbps (including packetization overhead)
· Packet loss rates of 1 and 5% should be tested

This test can be combined with Test A, if it includes the un-impacted decoded surround signal as one of the test conditions.
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� Integrated surround decoding and headphone processing is to be used when available. Otherwise surround decoding followed by HRTF filtering should be used.
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