Impulse Responses of La Scala Theater – Milan, 2010
Measurement positions
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The impulse response contained here are measured at position 7, very close to the source (Director’s position).

Measurements are made employing the Eigenmike microphone system:
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The microphone was pointing exactly towards the loudspeaker:
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The signals coming from the 32 capsules of the microphone array are digitally processed, for generating 32 4th-order, high-directivity cardioids:
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Polar patterns of high-order cardioids

The resulting virtual microphones are pointing in these directions:
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The source was exactly located in the direction of microphone 3, which is in practice the Front-Left mike.

Of consequence, the other microphones (for the Left position of the source on stage) are:

	Left: 
	3

	Right:
	22

	Center:
	11

	Top:
	13

	SurLeft:
	7

	SurRight:
	20

	SurLeft-Back
	14

	SurRight-Back
	28


Of course, the microphone positions for  the Right source positions are obtained by mirroring. So I prepared a set of stereo impulse responses, designed for feeding each of the output channels of a 8.0 sound system (the channels are labelled as in 7.1, but the Top is in place of the LFE), which contain the signals from the following microphones:
	Channel
	Filename
	Left in
	Right in

	Left: 
	01-Scala-Left.wav
	3
	22

	Right:
	02-Scala-Right.wav
	22
	3

	Center:
	03-Scala-Center.wav
	11
	11

	Top:
	04-Scala-Top.wav
	13
	29

	SurLeft:
	05-Scala-Surround-Left.wav
	7
	20

	SurRight:
	06-Scala-Surround-Right.wav
	20
	7

	SurLeft-Back
	07-Scala-Surround-Left-Back.wav
	14
	28

	SurRight-Back
	08-Scala-Surround-Right-Back.wav
	28
	14


The usage is as follows. The stereo input signal is convolved “1 to 1” with the corresponding channels of each stereo IR. The result of the convolution is mixed down to a single channel, which is fed to the corresponding loudspeaker, as in the following scheme:
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Of course, if X-volver is being employed for doing the convolution, there is no need to use 8 instances of X-volver, each in stereo mode (2 channels).
It is easy to set up X- volver for doing a single, 2x8 matrix convolution:
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Of course, after importing the 16 mono IRs, it is easy to save them as a single packed, 8-channels WAV file. I also saved a “shortened” version of the 2x8 convolution matrix, with IRs cut to just 185 ms (4096 samples), instead of 1.4s length.
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Please note also that the gain of channels 4..8 has been boosted by 20 dB, compared to the gain of the first three channels (Left, Right, Center). Furthermore, the IRs of channels 4..8 has been edited, silencing the direct sound, so they only contain reverb.

If, even after cutting the IRs to 4096 samples, the computational load is too large for the DSP, the following simplifications can be done:

· The speaker feed of the Left loudspeaker can be obtained by the single convolution of the Left input with the corresponding left-channel of the Front-Left.WAV IR

· The speaker feed of the Right loudspeaker can be obtained by the single convolution of the Right input with the corresponding left-channel of the Front-Right.WAV IR

· The speaker feed of the Center loudspeaker can be obtained by the single convolution of the mix of Left+Right inputs with the left-channel of the Center.WAV IR (the right one is identical)

· The same simplification done for the Left and Right speaker feeds can be done for Left Surround, Right Surround, Left Surround Back, Right Surround Back

· Finally, the same simplification done for the Center channel can be done for the Top channel.

If the CPU load is still too large, the next step is to remove convolution from Left, Right and Center speaker feeds, substituting it with a classical “trifield” processing based on the M+S concept:
· M is L+R

· S is L-R

· C is M, slightly delayed

· L is M+S*k

· R is M-S*k

· K is > 1, and adjusted until the “stage” is ok…

Angelo Farina, 04 December 2011
