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1 Introduction

Surround sound improves user experience thanks to a stable front audio image, a better immersion and front back effects. Users can listen to surround sound at the cinema, at home or in the car through multichannel loudspeakers (5.1 or more). The amount of available multichannel content is growing. Today, almost all popular movies are produced in multichannel format, more than 1500 surround music albums and over 10,000 concerts and music videos are already produced TV channels produce and broadcast multichannel content. In France all the major radio channels have started producing 5.1 contents and will broadcast them through the future RNT ('Radio Numérique Terrestre'). Consequently, Orange is willing to provide multichannel audio content to its customers through its different services and networks.
A study item on surround audio coding has been launched at the last SA4 meeting [1]. The objective of the present document is to contribute to the related draft TR and bring Orange's view on this study.
2 Surround sound for mobile services

Today Orange customers are able to watch movies or TV and to listen to music or radio with their mobile phone using streaming over 3G when they are moving around, or with a WIFI connection when they are at home. Audio content is streamed through the mobile terminal and listened to using either the mobile terminal or an audio system connected to the terminal (e.g. a docking station). It is for example the case of a customer having an iPhone and listening to music on Deezer [2]. In mobility scenarios, this customer can stream music through the 3G network. At home his iPhone streams music through the broadband home network (WIFI + ADSL/fiber) and plays it on the HIFI system.
Thus the listening context can be very different: 

· Mobile low quality loudspeaker or headphone vs High-quality HIFI home system

· Noisy environment vs quiet environment 

- 
Mobile network vs Broadband home network (ADSL, fiber) 

Orange is willing to deliver multichannel content through mobile terminals to enrich user experience. To achieve this goal a surround audio codec should have the capabilities defined in Annex of the present document.
3 Proposals
We propose in Annex of this contribution a set of features, design constraints, quality requirements and binaural test methodology for surround audio in 3GPP services. A surround codec having the features listed herein is of a great interest in order to enrich multimedia streaming services. It will be particularly important to complete the ongoing study item and standardize a method to efficiently deliver multi-channel audio into mobile terminals.
4 References

[1] Tdoc SP-090019 (SA#43), SID on "Surround Sound codec extension for PSS and MBMS"
[2] http://www.deezer.com

Annex: Proposed sections to the TR on Surround Sound codec extension for PSS and MBMS
Scope

The aim of this document is to:

· Propose for discussion several requirements for a surround codec able to efficiently deliver multi-channel audio into and through mobile terminals.    

· Define design constraints that would need to be met by a surround audio codec extension method for adoption by 3GPP

· Define subjective minimum performance criteria that would need to be met in order to motivate the consideration of a surround audio coding extension for adoption by 3GPP

· Identify suitable subjective testing methodologies for surround sound in relevant use cases
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Definitions, symbols and abbreviations
Definitions
For the purposes of the present document, the terms and definitions given in TR 21.905 [1] and the following apply.

Abbreviations

For the purposes of the present document, the following abbreviations apply in addition to TR 21.905 [1]:

· 5.1ch Loudspeaker set-up with 2 front channels, 2 rear channels, 1 center channel and 1 subwoofer according to [3]

· 5.0ch Loudspeaker set-up with 2 front channels, 2 rear channels and 1 center channel according to [3]

· HRTF Head-related transfer function


[image: image4.png]



hl(t) and hr(t) are two impulse response representing the acoustical path between the loudspeaker and each entrance of the listener ears canal.  hl(t) and hr(t) are a HRTF corresponding to the couple listener/loudspeaker position  

· MPS MPEG Surround

· Binaural Virtual Surround or Multichannel binauralization refers to down mixing a 5.1-channels or 5-channels audio signal into a binaural stereo signal. Left, center, right, Left Surround and Right surround signals are filtered with respectively the HRTF corresponding to L,C,R,Ls and Rs loudspeaker positions (see figure below). The result of the filtering of the signals with the left HRTFs are added to produce the left binaural stereo signal and the result of the filtering of the signals with the right HRTFs are added to produce the right binaural stereo signal.
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5 Features for a surround sound codec

5.1 Design constraints

 We propose the following design constraints for the surround audio codec:

· The surround codec should be mono and stereo backward compatible with Enhanced aacPlus. Existing Enhanced aacPlus compliant terminals should be able to play surround codec bitstreams with a good quality (to be defined below). When a server streams content to a non-compliant terminal, it should be able to remove easily the additional side information used to convert mono or stereo Enhanced aacPlus bit stream into multichannel signal. 

· It should be able to deliver surround sound experience with a good quality even at low bit rates (to be defined below) over headphone, stereo speakers and multichannel loudspeaker setups (at least 5.1). Over headphone or stereo loudspeakers, binaural technology should be used to offer the best experience. Head-Related Transfer Functions (HRTFs) must be a parameter of the decoder and the decoder should be able to handle head-tracking.

· A minimum bitrate for the codec providing a reasonable audio quality (to be defined below) should be 32kbit/s.

· The complexity overhead compared against an Enhanced aacPlus in binaural listening mode should be 
· From no overhead to a maximum of 50%

· Less than or equal to the upmixing of the stereo to 5.0 channels and application of a Binaural Virtual Surround effect with the same HRTFs    

· In order to reduce decoder complexity in binaural mode, a binauralized stereo downmix (Binaural Virtual Surround effect) can be used as artistic stereo downmix. Indeed in that case when listening over headphone no additional processing is required. When playing over multichannel loudspeakers, the decoder should be able to remove the binauralization effect when short HRTFs (without room reflection or reverberation) are used.
An interesting feature of the surround decoder would be the ability to upmix and binauralize stereo Enhanced aacPlus content.    

5.2 Quality requirements

5.2.1 Quality requirements for surround sound codec

The surround codec quality should be evaluated using the MUSHRA method [4] in the following modes:
· Multichannel loudspeakers listening mode: 

· The reference should be the original uncompressed multichannel signal

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

· Headphone listening mode:  

· The reference should be the binauralized version of the original multichannel item with the same HRTFs. 

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

During the subjective listening test each listener judges the quality of each item and gives a score between 0 and 100. The subject should score the quality compare to the reference.  The score are interpreted as follows::

· 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 hidden reference should be score at 100. A subject that does not find the hidden reference should be rejected. All the items shall have a different score. 

To evaluate the quality of the codec two values will be computed:

· For each item the average score over all subjects

· The 95% confidence interval

At bitrates between 32 kbits and 64  kbits the lower bound of the 95% confidence interval should be higher than 40 (fair) for all items.
At bitrates between above 64kbits the lower bound of the 95% confidence interval should be higher than 60 (good) when averaged on all items and higher than 40 (fair) for each item.
At bitrates between above 160kbits the lower bound of the 95% confidence interval should be higher than 80 (excellent) (good) when averaged on all items and higher than 40 (fair) for each item.
5.2.2 Quality requirements for the mono or stereo backward compatible bit stream
The quality of the mono or stereo downmix should be should be evaluated using the MUSHRA method [4].

· The reference should be the same content compressed in Enhanced aacPlus at the same bitrates. 
The lower bound of the 95% confidence interval should be higher than 80 (excellent) for each item.
· The anchor should be the reference signal low pass filtered at 3.5kHz    

5.2.3 Quality requirements for the HRTFs used for binauralization
A set of default Head Related Transfer Function should be provided to ensure a minimum binrauralization quality with a reasonable complexity. Naïve listeners should prefer the binauralized multichannel content to its ITU downmixed version using the methodology defined hereafter.

6 Test methodology for Binaural Virtual Surround evaluation

To select a set of default HRTFs and ensure a minimum binauralization quality at the decoder we propose the following test methodology. Note that this methodology has been successfully used by Orange Labs to select stereo audio enhancement effects including binauralization.   

The proposed methodology is derived from the MUSHRA method [4]. 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 the ITU stereo downmix defined in UIT-R BS.775-1. One anchor is defined as the ITU mono downmix defined in UIT-R BS.775-1.  All the items shall be aligned in time and loudness. The hidden reference is added to the items to be evaluated. Its score shall be zero. 
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Figure 1 : Software test interface

"Mushra-like" test (derived from MUSHRA tests)

· Conditions: Hidden reference, anchor  and all processed files are masked (A,B,…) and randomly presented to user

· 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
· Reference is the original stereo file

· Stereo is added as hidden reference

· Mono downmix used as anchor

The subjects are asked to give individual scores to each binauralization effect tested. This allows to evaluate the subject preference compared to the reference and also to classify different binauralization effects (HRTF set). 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). 

Subjects should be randomly chosen in a population of naïve listener. To get familiar with the test software and the effect to evaluate, they should be trained using a training session (20 to 30 minutes). 

The listening test should be performed in a very quiet environment with a high quality audio system (digital to analog converter, amplifier, and headphone).

The selected default HRTF should ensure that the lower bound of the 95% confidence interval be strictly positive when average on all items and .that the higher bound of the 95% confidence interval be strictly positive for each item. 
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