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Microphones arrays, virtual microphones, the RAI project
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The target
The target of this project is to create a system of virtual microphones capable of capturing any acoustic signal (even in motion) coming from any direction in space without the use of any mobile device (for example radio microphones or boom microphones).
The most explanatory analogy is that of the camera: in fact the virtual microphone will be highly directive and, like a camera does, it will be able to be virtually pointed at the sound source (as if we have to film it); that will therefore be amplified.
More over another effect that we will be able to obtain is the virtual approach of the microphone to the sound source with no real shift of the dispositive (like the camera’s zoom).

This system of virtual mikes can be obtained starting from a single real device called “Eigenmike”, equipped with 32 capsules designed to cover all the 3D space around.
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Picture 1 - Eigenmike

A little history
A first practical development of this new technology is about 1st order Ambisonics microphones: this is a first example of getting a set of 4 virtual microphones starting from the “raw” signals coming from a spherical probe equipped with just 4 capsules (tetrahedrical probe).

In this case, we can implement the conversion from an A format signal (the 4 raw microphone signals) to a B format signal (the 4 signals corresponding to 4 virtual microphones having directivity patterns defined by the spherical harmonics of order 0 and 1).

The conversion is performed by means of a matrix of 4x4 FIR filters.

This last step can be done in real time using a program called “X-Volver”; its functioning is based on the matrix calculus.
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Picture 4 - “X-Volver” program
In the picture we can clearly see the 4 input signals (captured with a tetrahedral probe) processed by a total of 16 filters (FIR filters) giving us 4 outputs (4 virtual mikes): omnidirectional (w), x, y, z. This final set of 4 signals is called B-format, and it is the standard signal employed in the Ambisonics technique for recording, processing and playback of spatial sound.
Directional analysis of room reflections
A very important stage in this study is the spatial analysis that can be developed by evaluating some important parameters, derived from these 4 standard B-format signals:

· The Sound Intensity vector 
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· The Energy Density
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· The ratio R
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· The Azimuth and Elevation
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A program has been developed in order to visualize these results in a very explicative way directly on a picture representing the space considered.
This picture has been modified according to the Mercator Projection  so that it allows to switch from a 360 degrees space view to a planar view (the effect is that of the geographic map, with a pressed equator and enlarged poles).
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Picture 2 - Mercator projection
Then, thanks to the computer graphics and based on the data obtained, some circles will appear on that image next to the sound source.
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Picture 3 - Visual Basic program for displaying reflections
How to evaluate these circles?

The circles radius it’s directly proportional to the Sound Intensity Level (in dB) while instead the transparency corresponds to the directivity of the sound (evaluated with the ratio “RE”).
Here comes the Eigenmike
How can we pass from the Eigenmike to the virtual microphones?
Three different theories exist on that:

1. HOA: High order Ambisonics
2. Direct Numerical Synthesis
3. SPS: Spatial PCM Sampling
High order Ambisonics
With the HOA’s theory we have the possibility to take advantage of the spherical harmonics up to the 3rd order (generally we arrive to the first order with traditional Ambisonics); combined together, they can confer a very good directivity to the virtual microphone.
The main problem is related to the fact that starting from 32 inputs, processing with the HOA’s software, we can only obtain 16 mikes; so we have lost half of the information.

There are also many other drawbacks: one of those fact is that using HOA’s theory at low frequencies we obtain a lot of noise, while at high frequencies we run into a spatial aliasing producing irregular polar patterns.
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Picture 5 - Crazy polar patterns at high frequencies
Direct Numerical Synthesis
This method consist of generating a number of directive virtual microphones, with arbitrarily chosen directivity and aiming, using a matrix composed by FIR filters; so we will have a number m of filters that convoluted and summed with m inputs will give us the outputs of the n virtual mikes according to the formula: 
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 is the matrix of FIR filters
The interesting fact is that there is no theory behind this method (it’s theory less).
In fact the filters that we need to use are the result of the impulse response measurement that will be numerically inverted (so that the virtual mike’s output will be as close as possible to the ideal intended response).
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Picture 6 - Measuring the impulse response
Then we have to impose that this impulse response convoluted with filters will gave us the prescribed directivity:
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It’s advisable to run this experiment in an anechoic room paying attention to measure from all the directions.

We’ve been talking about very difficult processes and theories for creating and managing virtual mikes; but we don’t have to forget that this technology is going to be used by sound engineers! So a very important task that we have to accomplish is to try to make all these processes easier.

How to do this?
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With SPS!

Spatial PCM sampling
The idea is that of directly giving 32 ultra-directive microphones to the sound engineers working into the system; each one of these mikes corresponds to one single mixer channel (like a multitrack recording obtained with 32 normal microphones).
This would be much more difficult with the HOA’s technique of managing the input signals from the Eigenmike; in fact we should work with caruful mixing of the spherical harmonics signals, that aren’t simple to handle on a mixer.
Instead, with the 32 ultra directive mikes, our sound engineer will be facilitated since he will work exclusively with the mixer slider on 32 separated tracks, panning and regulating volumes and gains as he likes without any other computer interface. 
We can take advantage of the affinity between the signals sampled in time and the signals sampled in space; in fact as in time we can represent a waveform with a sequence of impulses, in space it’s the same thing for the polar pattern.
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Picture 7 - 3D Polar pattern
Modifying the gain of the spatial impulse (black line in the figure) we can obtain the polar pattern (the red interface), so the directivity, that we need; the results highlight a duality between:

Time signal : Spectrum = PCM spatial signal : Spherical harmonics 
In picture 8 we can see the sampling of a 360 degrees panorama with the 32 mikes of the Eigenmike.
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Picture 8 - Sampling a 360° panorama
For generating the 32 virtual microphones we will use the before-mentioned program “X-Volver” .

Once all these operations are done how can I project the signal on a generic loudspeaker array?

The answer is always the same: a matrix composed by a number of FIR filters called Decoding Matrix. The matrix coefficients are the results of experimental measurements
How to do this measurement?

We have to put the Eigenmike into the designated listener position, in the middle of the listening room, equipped with a number of loudspeakers; for each of them we have to measure the impulse response (“K” matrix) and then we will do the matrix inversion getting a “F” matrix; this is the matrix for which, by positioning the mike in the designated listener position, the 32 SPS signals captured by the Eigenmike during playback are the same as the 32 SPS signals which were recorded at the beginning with the Eigenmike.

So the sound system is transparent.
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Picture 9 - Eigenmike into the designated position of loudspeaker
In conclusion, this new technology based on FIR filters allows to
· Using 1st order Ambisonics for checking the direction-of-arrival of room reflections;
· Employing spherical microphone arrays (like Eigenmike) for recording concert and for real-time broadcasting applications;
· Perform a complete spatial analysis of the sound field using the SPS approach;

· Obtaining 3D spatial sound reproduction;
Until now we’ve always considered a spherical probe; in any case other types of microphone arrays exist:
Linear arrays
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Picture 10 - Linear arrays
It’s a sort of acoustic laser, very directive; and we can use this device for mapping the velocity and the sound pressure along a board of resonance wood (employed for building musical instruments)
Planar arrays
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Picture 11 - Planar arrays
As the picture show us it’s composed by a board in which 24 omnidirectional microphones are randomly displayed (obviously this board is linked to a soundcard and a computer like the linear arrays).
The fact that the microphones are randomly placed allows us to get a more accurate measurement of the sound source’s position.
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Picture 12 - Acoustic pictures
  As we can see by these SPL maps, the first has been taken placing the mikes on a circumference, while in the second they have been randomly scattered.

The second picture is sharper than the first because there is only one big red circle that characterizes the sound source.

This system can be used for evaluating noise sources whether inside (like in factory) or outside (noise barriers near the street).
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Picture 13 - Noise barrier analysed by a planar array
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Picture 14 - Noise barrier analysed by a planar array[image: image32.png]
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