Computation of inverse filters of the sound source, of the dummy head and of the headphones
LOUSDPEAKER EQUALIZATION

We start from the loudspeaker’s anechoic IR, which was cut at 8192 samples:
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Now we use the Flatten Spectrum Aurora plugin:
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The computation is quick:
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Now the inverse filter is in the Windows clipboard, we can Edit – Paste to New for recovering it:
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Let’s look at the frequency response of the original mono IR:
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And the inverse filter:
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Now let’s convolve the original IR with the inverse filter, for checking how it behaves:
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We get this:
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And its spectrum
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You can see a small spike at 10 kHz. SO it was better to equalize just up to 9500 Hz, instead of 10000… Or You can apply some low-pass filter later…

I recomputed everything with the Flatten Spectrum between 30 and 9500 Hz, and I got this final spectrum:
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Which is satisfactory, in my opinion…
Now you can generate the sine sweep:
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And you get this:
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We now convolve it with the inverse filter, which must be reloaded onto the Windows Clipboard (as, when generating the sweep, the inverse sweep was placed on the clipboard). 
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Please notice that the option “Preserve length” was selected: this ensures that the equalized sweep will still be exactly 15s long…

After the convolution with the inverse filter, we get the pre-equalized sweep:
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Now, you should perform the measurement again, and check how much sound pressure level you have lost, and how good is the “real world” equalization (it will never be so smooth as the theoretical test performed by convolving the inverse filter with the anechoic impulse response)…

If you have lost too much SPL, you should try creating an inverse filter with narrower range (for example 40 Hz to 8000 Hz) and/or increase the smoothing (0.05 octaves, for examples, instead of 0.01).
It is difficult to predict how your loudspeaker will react to inverse filtering, the best thing is to make several attempts while in the anechoic chamber, for creating a suitable inverse filter… It is not good to measure only, and then, later, to try to design the filter, because you always need to check how it behaves in the real world…

FREE FIELD DUMMY HEAD EQUALIZATION

Now we try to equalize the dummy head. I suggest to divide the equalization in two parts:

· free field equalization

· headphones equalization

The goal of free field equalization is to flatten the response of the dummy head with regards to the free field response of the reference microphone, when in front of your loudspeaker. The free field equalizing filter is NOT to be employed for auralization, instead it is useful for employing the binaural IR to compute acoustical parameters (IACC, etc.)
It would be advisable to repeat both the reference microphone and dummy head measurements employing the pre-equalized sweep, as this will be the test signal later employed in the church.

We now do not have these IRs, but we have the ones measured with the not-equalized sweep. So we now create this free-field filter form them, although this will be suboptimal, as it does not correct for the real behaviour of your transducers when employed with the pre-equalized sweep.
For creating the free-field filter you can use two different approaches: one employing the Flatten Spectrum module, one employing Cross Functions.

Let’s call the Free Field Filter “fff”, the anechoic binaural IR “abi”, and the anechoic mono IR “ami”. We want to compute:

fff = ami/abi 

We could start from abi, compute 1/abi by Flatten Spectrum, and then convolve with ami.

However, doing so, will introduce the phase response of ami in the final inverse filter, and instead we want to create  a ”phaseless” inverse filter (linear phase, saying it better). So there are other, better ways for computing fff.
We first need to create a stereo file, containing abi as the left channel, and one of the measured binaural IRs (for example, the one of the left ear) in the right channel:
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Notice how the abi (lower track) is more delayed than ami (upper track), probably due to change in the relative position of loudspeaker and source. It would be better to avoid this, the mono mike should be exactly in the same position which is later occupied by the center of your dummy head (defined as the central point in between of his two microphones) . However, as we are crating a “phaseless” inverse filter, this additional delay does not cause too much concern….

We can now invoke the Cross Function module:
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Notice that the FFT length is exactly as long as the signals being processed, and that H3 was selected. Here is what we obtain:
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You can see how this transfer function shows how the dummy head boosts gain around 2500 Hz, where the dummy head has its ear duct resonance.

We now save to clipboard the resulting waveform, and after an Edit  - Paste to New we retrieve the free field filter:
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The transfer function is on the left (above), and the coherence is below. We don’t need the coherence, so we can keep just the left channel, with the Edit Convert Sample Type command:
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And this is our “raw” transfer function for the left ear:
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And its spectrum:
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We now finally invoke Flatten Spectrum:
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And we get the free field filter for the left ear:
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We now check how this filter works, by convolving it with just abi (by selecting just the left channel), and comparing the result with ami (which stays unfiltered):
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We get this:
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And looking at the frequency response, we get:
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The two spectra are perfectly superposed, so our fff filter works, making the spectrum of the left ear of the dummy head to be undistinguishable form the omni microphone…

We have now to repeat everything for the right ear, and finally we can pack the left ear fff and the right ear fff together in a single stereo WAV file, which is more practical to be convolved with the binaural IRs measured in the church…
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You can compare the filters for the two ears:
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They do not look so terribly different, after all…

Remember that the correct settings for performing the convolution of a binaural IR with a binaural filter is as shown here:
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Selecting Both with Both, and NOT selcting the Crosstalk cancel mode, means that the left signal will be convolved with the left IR, and the right signal will be convolved with the right IR.

HEADPHONES EQUALIZATION

And now, finally, let’s equalize the dummy head. This inverse filter will be used for auralization, and it can be pre-convolved with the measured IRs, before convolving them with the anechoic speech or music.
This is very easy: we just get oine of your binaural headphones IR, selecting just the first 2048 samples:
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We invoke Flatten Spectrum:
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Notice the frequency boundaries, now they are both increased, whilst the filter length has been reduced to 2048 samples. We have also set Windowing to Hanning (which is advisable when the filter length is shorter than 8192). Here is what we get:
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We now convolve with the original IRs, and check the results:
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Here the results, both in time domain and as spectra:
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So these headphones are now perfectly equalized…

However be aware that positioning of the headphones over the ears of the dummy head (and also of the human listener) is quite critical, it can change significantly the frequency response, and hence the inverse filter will not be so “perfect” anymore…

Bye!

Angelo Farina
