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Review of MM-004756

I. SUMMARY

The paper “High Quality Low Bitrate Spatial Audio Coding” is concerned with optimizing spatial encoding for audio
compression. The authors point out that existing techniques for spatial audio coding do not seek to minimize the decoded
audio reconstruction error, and they suggest that this should be done.

The idea seems both reasonable and appealing, and the results seem convincing, but I have some concerns with repect to
the presentation.

II. CONCERNS

1) The paper has a lot of overlap with the authors’ previous work in [59], something that I personally feel should be
acknowledged already at the beginning of the paper, and the difference in the current contribution should be stated
explicitly. Some of the extensions from [59] are not quite clear. Specifically, Secs. III and IV are very confusing to me.
I do not follow the authors’ explanation of AbS in the context of spatial encoding, and it is especially unclear to me
how the results in Sec. III are the basis for the computations described in Sec. IV. I will try to describe this confusion
further in the following points:

2) The general model described by Fig. 3 (and the accompanying description) is confusing in that it has no definite final
output and that it is not clear what is communicated back to the “Spatial analysis” block. Also, it seems like the “Error
minimisation” block depends on the “Spatial Parameters”, even though they are not fed through. Do not get me wrong,
I understand what the authors are trying to express here. But it is my opinion that if you choose a schematic diagram
to convey your idea, it should be complete and consistent.

3) I do not understand how the optimization can be made iterative, and why the synthesis step is even necessary to achieve
the minimum MSE indicated by (22) and (23). If the single-step solution is simply to replace a and b in (8) by their
approximations â and b̂, why is this not done directly in the analysis step without including the extensive AbS framework,
which I cannot see is used for anything else than the derivation of this result. I believe this would even remove the
synchronization problem described in Sec. III-C.

4) Again, I do not understand why a complete search of all possible quantizations (as described in Sec. IV) is necessary.
How does this relate to the seemingly simple solutions of (22) and (23)?

5) I realize that no background section is ever complete, but I would still encourage the authors to include a section on
Ambisonics and Higher-Order Ambisonics (HOA). This is especially relevant because spatially targeted compression
techniques have been applied here (see e.g. E. Hellerud, A. Solvang, U. P. Svensson, “Spatial redundancy in Higher
Order Ambisonics and its use for lowdelay lossless compression”, ICASSP 2009).

III. CONCLUSION

My main problem with this paper is that a lot of space is used to cover material that has been thoroughly covered by an
earlier paper of the authors. The connections to the new additions to the theory are not quite clear to me, and I think the
authors should perhaps make Secs. III and IV a bit more accessible.


