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1 Introduction

At the January 2009 SA4 meeting, a study item was initiated to investigate the potential user experience benefits of surround audio in 3GPP services. The investigation will be performed as follows:

· Identify and document relevant use cases for surround sound in 3GPP

· Identify suitable testing methodology for surround sound in relevant use cases of the PSS and MBMS services 

· 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 

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

· Validate the user benefits and the feasibility of the deployment of surround sound for the PSS and MBMS services according to the defined minimum performance criteria, bitrate and design constraints for all the use cases (such as surround sound speaker set-up and headphone decoding mode) through evaluation of at least one example of surround sound coding methods which may be MPS. 

Once these investigations are finished, then SA 4 will discuss on the utility of having a WI. 
2 General Comments about the study item
In general, the current TR is drafted in such a way that it assumes that there will be a codec standardization. Our understanding of the study item is that it aims at showing the interest for having surround capability in 3GPP. Once evidence is shown, a work item could be put in place and proper requirements defined, e.g. using the high level results of the study item. The work item may or may not lead to a codec specification.
As this activity is a study item, we should first evaluate whether 3GPP users with their current hardware (one/two loudspeaker, small headsets) can benefit from surround.  Additionally we could evaluate the quality when using high end headphones and high end loudspeakers, but this would be of second priority as it cannot be yet assumed that the users will all buy expensive headphones or loudspeakers. If users need to buy expensive hardware in order to benefit from surround, it will clearly reduce the attractiveness of such a tool.
3 Use cases

Scenarios of Surround sound in cars were proposed. It is true that some UE’s will be used exclusively as a high speed data connection that could be used for downloading surround sound content. However, this excludes incorporation of a surround decoder in the UE. The surround sound in cars use case has little relevancy to 3GPP. For that use case, the market solution is already well defined in the form of digital radio, satellite radio etc. It is the opinion of the source that if there is a strong support from the car industry for such a use case, then evidence should be presented.

In S4-090466, it is proposed that the decoder should be able to handle head-tracking. To what extent and under which form should a decoder accommodate head tracking is unclear. Besides, there is currently no specified service in 3GPP that uses a head-tracking function. Such functionality is not specified anywhere in 3GPP terminals. In addition, technical solutions for head tracking on small devices are not mature enough. Therefore, we believe that supporting such feature in the decoder is unwarranted. 
4 Surround support with 3GPP audio codecs 
The current set of specifications of the 3GPP audio codecs, does support surround coding using the so-called discrete multichannel coding. Discrete multichannel coding is realized simply by bundling the channels, into mono and stereo channels and encoding the channels with the available 3GPP audio codecs.
For example, assuming a 16kbps/channel, and neglecting the LFE, a 5.1 surround sound encoding can already be realized today at a bitrate of 80kbps which is in line with what MBMS offers. 
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Figure 1. Example of discrete multichannel coding with 3GPP audio codecs.
Further optimizations, as depicted in Figure 1, are possible by bundling the two front and two rear channels and encoding them with stereo modes of 3GPP audio codecs at 24kbps, while encoding the center channel at 16kbps leading to surround sound at 64kbps. Additional optimizations can be realized by using source controlled variable rate allocation to each such bundled channels. 
It is of great importance that such options are considered first before delving into a costly and time consuming new codec standardization. 

The functionality of binaural rendering and down-mixing of multichannel sound to stereo or mono is often proprietary and low complexity implementations exist. The sole feature of offering low complexity binaural decoding hardly motivates the standardization of a surround codec.
5 Comments on the TR Design constraints

5.1 Backward compatibility

The current TR text recommends backward compatibility to existing 3gpp audio codecs. It is not clear what is meant by backward compatibility in this case. For the source, this means that the surround codec will be able to encode and decode enhanced aacPlus and AMR-WB+ mono and stereo bitstream. This is, of course a nice feature in this context and the source supports such functionality. However, the next paragraph assumes that backward interoperability is only applied to Enhanced aacPlus. 

Proposed change:

5.1
Backwards compatibility

It is recommended that the surround sound codec should offer mono/stereo backward compatibility to all existing 3GPP audio codecs. 
When a server streams content to a non-surround-capable terminal, the bitstream should be constructed in a way, that the 3GPP audio decoder ignores the additional side information used to convert mono or stereo bit stream into a multichannel signal. 

The choice for mono or stereo backward compatibility is an encoder choice, which will typically depend on the total bit rate available for coding of the multi-channel content.
5.2 Bitrates
Given the assumption of backward compatibility, it is not clear what the bitrate value would refer to. It could equally well mean the overall bitrate or the delta bitrate needed to transform a base mono or stereo bitstream to a surround bitstream, or the total bitrate including the bitrate of the 3GPP audio codec. 

The current starting point for the bitrate is set to 32 kbit/s. This bitrate seems quite low for achieving good quality, in addition, the MBMS's typical bitrate is about 64-128kbps [1].
In order to avoid confusion, we recommend that only the total bitrate of the surround codec (including any mono or stereo core coding) is mentioned. The current draft of the TR does not specify any maximum bitrate. It is recommended that this is set to 128kbps.
Proposed change:

5.4
Bitrates

It is recommended that the surround sound codec shall support a minimum bitrate of 64 kbps and a maximum bitrate of 128kbps. 
The bitrate of the surround codec is defined as the total resulting bitrate needed to encode the multichannel audio signal, i.e. including any mono of stereo codec bitstream.

6 Conclusion

This contribution gives some propositions in order to help progressing the TR. We think our proposals will help showing the interest or not of having surround capability in 3GPP terminals. Once this is clarified then the work item could eventually start.
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