3GPP TSG-SA4#103 meeting		Tdoc S4 (19)0387
8 – 12 April 2019, Newport Beach, CA, USA

Source:	Dolby Laboratories, Inc.
Title:	Suggested Updates to MASA
Document for:	Discussion
Agenda Item:	7.5 (IVAS_Codec)

1. Abstract
MASA has been proposed as one audio input format of the IVAS codec. After the initial proposal by Nokia, the source has suggested a variety of conceivable ways in which MASA could bring value to users of IVAS [1]. This includes a range of possibilities to generate MASA signal channels, different approaches to consider MASA metadata during coding and audio rendering, and conceivable MASA metadata definitions. Regarding the MASA metadata definitions, a proposal has been made to add delay, gain and phase parameters that could be used as cues during the IVAS coding operation with the objective to achieve a more accurate representation of the captured audio and to render the decoded signal more faithfully. Given the comments received in offline discussions, the source is open to take a step back and to revise the suggested parameter definition based on a minimum usage scenario and a reasonable generalisation. In this contribution, the source also relies on certain concepts suggested by Nokia for discussion in [2] that were found useful in the context of the proposal by the source. 
2. Addressed MASA usage scenarios
As discussed in [1], there are numerous valid understandings of MASA. So far, there exist no generally accepted limitations as to how the MASA format would be used. On the capture side, the aspects to consider are the creation of the MASA audio channels and how the metadata interrelates with the MASA audio channels to support creating a faithful reproduction of the captured audio at the receiving end.
In the opinion of the source, the signal processing to generate the MASA audio channels may be proprietary, though likely guided by terminal audio quality performance requirements. The MASA audio channel generation shall in any case be an area for product differentiation and competition for best possible solutions. There should thus be the freedom to apply some advanced techniques like those outlined in [1] that may entail acoustic beamforming and/or noise reduction or other enhancements. The metadata parameters shall at the same time be suitable and general enough to support advanced MASA capture scenarios.
With this understanding and the view that MASA metadata parameters may be guiding cues for the IVAS encoder but are not required to be transmitted to the decoder, the source previously suggested additional metadata parameters related to delay, gain and phase. The following provides a discussion how these metadata parameters can be defined and used in some of the relevant capture configurations assumed in [2]. 
2.1 Stereo capture with downmix to single MASA channel
The considered scenario is stereo capture of dominant directional sources in the presence of some ambient sound. This may be a frequent case, e.g. in telephony. The two captured stereo channels are however not propagated as they are to the IVAS codec but, instead, they are downmixed to a single mono channel and propagated along with MASA metadata. Reasons to propagate only a mono downmix may be manifold: For example, bit rate limitations or the intent to make a high-quality mono channel available after certain proprietary enhancements such as beamforming and equalization or noise suppression. Propagating the relevant parameters used during the downmix to the IVAS codec as part of the MASA metadata may give the possibility to recover the stereo signal and/or a spatial audio signal at best possible fidelity.

In the considered scenario the capturing UE is assumed to be equipped with 2 (main) microphones designated to capture the originating audio signals of the MASA downmix channel. The acoustic frontend (including MASA capture processing) is configured to generate from that a single MASA channel plus metadata. The generation of the latter may involve additional (auxiliary) microphone signals. The pre-processing includes a beamforming feature and equalization or noise suppression.

In accordance with the general approach described in [1], the MASA audio channel is obtained according to the following operations:
· Delay adjustment of each mic signal ) by an amount .
· Amplitude and phase adjustment of each TF component of each delay adjusted mic signal by some gain and phase adjustment parameter  and .

In the fundamental case with only a single dominant directional source, the delay adjustment would typically be constant across the full spectrum. As the position of the directional source may change, the two delay adjustment parameters (one for each mic) would vary over time. Thus, they are signal dependent.
To take this discussion one step further, it is first assumed that there is not only a single directional sound source. In a certain frequency band, one source from a first direction could be dominant while in some other frequency band a source from some other direction might be dominant. This could be used by an audio pre-processing method in a way that the beamforming (and associated delay adjustment) is carried out in a frequency band approach. According to that, in a given TF tile the microphone signals would be delay compensated with respect of that sound direction that is found dominant. If no dominant sound direction is detected in the TF tile, no delay compensation would be carried out.
The source believes that a reasonable limit of different sources for which a delay compensation could be done may be as low as 3. This offers the possibility to make delay compensation in a TF tile either with respect to one out of 3 dominant sources or not at all. The corresponding set of delay compensation values (a set applies to all microphone signals) can thus be signalled by two bits per TF tile. 

Now considering amplitude and phase adjustment of the delay compensated microphone signals, it has already previously been suggested to allow for frequency band selective operation. This means that one gain and one phase parameter would be required for the two microphone signals per TF tile.

2.2 Planar FOA and FOA capture with downmix to single MASA channel
Planar FOA and FOA capture with downmix to a single MASA channel are straightforward extensions of the previously presented stereo capture case. The planar FOA case is characterized by a microphone triple doing the capture prior to downmix. In the latter FOA case, capturing is done with four microphones, whose arrangement should extend into all 3 spatial dimensions. There should be the freedom to use various (irregular) microphone grids that are typical to smartphones and related devices. The delay compensation, amplitude and phase adjustment parameters can be used to recover the three or, respectively, four original capture signals and to allow a more faithful spatial render using the MASA metadata than would be possible just based on the mono downmix signal. Alternatively, the delay compensation, amplitude and phase adjustment parameters can be used to generate a more accurate (planar) FOA representation that comes closer to the one that would have been captured with a regular microphone grid. 

2.3 Planar FOA and FOA capture with downmix to two MASA channels
This case is an extension of the previous case with the difference that the captured 3 or 4 microphone signals are downmixed to two rather than only a single channel. The same principles apply, where the purpose of providing delay compensation, amplitude and phase adjustment parameters is to enable best possible reconstruction of the original signals prior to the downmix. The source believes that this case should be for further study. 

3. Suggested metadata structure 
To support the above described use cases with downmix to a single MASA channel, two new metadata elements are required. One new metadata element is signal independent configuration metadata that is indicative of the downmix. The other new metadata element is associated with the downmix. This element is required when downmix is signalled.
3.1 Planar FOA and FOA capture with downmix to two MASA channels
Signal independent configuration metadata has already been proposed by Nokia with the concept of MASA channel format parameters. While the channel format parameters presented in [2] are only for discussion, the source modifies one of these fields to add support for downmix signalling, as follows:
	Ch bit value
	Bit value
	Decoded value
	Additional description

	00
	00
	Mono
	

	
	01
	Stereo downmixReserved
	[bookmark: _Hlk5022447]The downmix is generated from a L/R stereo signal. Downmix related signal dependent metadata is signalled in the downmix metadata field.  

	
	10
	Planar FOA downmixReserved
	The downmix is generated from planar FOA component signals. Downmix related signal dependent metadata is signalled in the downmix metadata field.  

	
	11
	FOA downmixReserved
	The downmix is generated from an FOA component signals. Downmix related signal dependent metadata is signalled in the downmix metadata field.  

	01(*
	00
	L/R stereo
	

	
	01
	Binaural
	

	
	10
	2 mono (mixed)
	The two signals are mixed in synthesis. Provision for user input at renderer. 

	
	11
	2 mono (alternative)
	The two signals are alternatives, and only one signal is used in synthesis. Default to be used is the first of the two mono signals. Provision for user input at renderer. 


    (* Note: Signalling downmix cases from 3 or 4 mics to two channels and associated downmix metadata are ffs.  

3.2 Signal dependent downmix metadata
This signal dependent metadata field applies when the transport signal is a mono signal obtained through downmix of multi-microphone signals. Using terminology introduced in [2], the multi-microphone signals are captured by a “Microphone grid” (i.e., ‘CH ≠ 00’ and ‘SF = 01’ in channel format metadata [2]). Downmix metadata in case of downmix to two channels is ffs. The information provided in the metadata field describes the applied delay adjustment (with the possible purpose of acoustical beamforming towards directional sources) and filtering of the microphone signals (with the possible purpose of equalization/noise suppression) prior to the downmix. This offers additional information that can benefit encoding, decoding, and/or rendering. 
The downmix metadata comprises four fields, a definition and selector field for signalling the applied delay compensation, followed by two fields signalling the applied gain and phase adjustments, respectively.
The number of downmixed microphone signals n is implicitly signalled by the ‘CH’ field of the channel format metadata, i.e., n = 2 for stereo downmix (‘CH = 01’), n = 3 for planar FOA downmix (‘CH = 10’) and n = 4 for FOA downmix (‘CH = 11’). 
Up to 3 different sets of delay compensation values for the up to n microphone signals can be defined and signalled per TF tile. Each set is respective of the direction of a directional source. The definition of the sets of delay compensation values and the signalling of which set applies to which TF tile is done with two separate (definition and selector) fields.
The definition field is an  x 3 matrix with [8 bit] elements  encoding the applied delay compensation . These parameters are respective of the set to which they belong and the capturing microphone (or the associated capture signal) . 

	 
	 
	Set of delay compensation values

	 
	 
	1
	2
	3

	Microphone
	1
	…
	…
	…

	
	2
	…
	…
	…

	
	3
	…
	Bi,j
	…

	
	4
	…
	…
	…



The delay compensation parameter represents a relative arrival time of an assumed plane sound wave from the direction of a source compared to the wave’s arrival at an (arbitrary) geometric center point of the UE. The coding of that parameter with the [8-bit] integer code word B is done according to the following equation


This quantizes the relative delay parameter linearly in an interval of [-2.0ms, 2.0ms), which corresponds to a maximum displacement of a microphone relative to the origin of about 68cm. Other quantization characteristics (see [2]) and resolutions may be for consideration.

The signalling of which set of delay compensation values applies to which TF tile is done using a selector field representing the 4*[24] TF tiles in a 20 ms frame. Each field element contains a 2-bit entry encoding set 1 … 3 of delay compensation values with the respective codes ’01’, ‘10’, and ‘11’. A ‘00’ entry is used if no delay compensation applies for the TF tile. 

	
	
	sub-band

	
	 
	1
	2
	…
	24

	Subframe
	1
	…
	…
	…
	…

	
	2
	…
	2-bit selector
	 
	 

	
	3
	…
	 
	 
	 

	
	4
	…
	 
	 
	 


 
Gain adjustment is signalled in 2 … 4 metadata fields, one for each microphone. Each field is a matrix of [8]-bit gain adjustment codes Ba, respective of the 4*[24] TF tiles in a 20 ms frame. The coding of the gain adjustment parameters with the integer code word Ba is done according to the following equation

The 2 … 4 metadata fields for each microphone are organized as shown in the following table:
	Microphone 1
	sub-band

	
	 
	1
	2
	…
	24

	subframe
	1
	…
	…
	…
	…

	
	2
	…
	Ba
	 
	 

	
	3
	…
	 
	 
	 

	
	4
	…
	 
	 
	 

	Microphone 2
	sub-band

	
	 
	1
	2
	…
	24

	subframe
	1
	…
	…
	…
	…

	
	2
	…
	Ba
	 
	 

	
	3
	…
	 
	 
	 

	
	4
	…
	 
	 
	 

	Microphone 3
	sub-band

	
	 
	1
	2
	…
	24

	Subframe
	1
	…
	…
	…
	…

	
	2
	…
	Ba
	 
	 

	
	3
	…
	 
	 
	 

	
	4
	…
	 
	 
	 

	Microphone 4
	sub-band

	
	 
	1
	2
	…
	24

	Subframe
	1
	…
	…
	…
	…

	
	2
	…
	Ba
	 
	 

	
	3
	…
	 
	 
	 

	
	4
	…
	 
	 
	 



Phase adjustment is signalled analogous to gain adjustments in 2 … 4 metadata fields, one for each microphone. Each field is a matrix of [8]-bit phase adjustment codes Bφ, respective for the 4*[24] TF tiles in a 20 ms frame. The coding of the phase adjustment parameters with the integer code word Bφ is done according to the following equation

[bookmark: _Hlk5044909]The 2 … 4 metadata fields for each microphone are organized as shown in the preceding table with the only difference that the field elements are the phase adjustment code words Bφ.
4. Conclusion
This contribution proposes updates to the earlier suggested additional MASA metadata associated with delay, gain and phase of practically captured multi-microphone audio signals in a UE. The source believes that the updates address some of the comments that were made in various discussions on the source’s proposal. The update has been done in a way that is compatible with previous MASA related proposals and especially with the concepts on MASA channel format metadata that was presented for discussion in [2]. 
When deciding on the proposal, the source suggest applying common standards like for any other MASA features (see also [3]). 
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