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INVERSE FILTERS

Linear systems

An inverse filter is a system which performs a modification of a signal. An ideal inverse filter, convolved with the system’s impulse response, produces the Dirac’s delta function: 
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It is mathematically impossible to find the exact inverse filter for a real-world (mixed-phase) system, but in acoustics it’s possible to find a reasonable approximate inverse.
This is possible if the system is linear; in other words if the superimposition of the effects works.
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A linear system doesn’t correspond to a flat-spectrum system; a way to prove if a system is linear is to inject a pure tone with a given frequency. If it is, the output has to be a pure tone too and at the same frequency (it can be louder or weaker but it remains a pure tone).

Alterations of the frequency response or the presence of delays, echoes or reverberation are not considered signal distortions, as these are still linear effects.

It is considered a true distortion when the hypothesis of linearity is not respected (ex.: a system whose response depends from the amplitude of the input signal, like a compressor). The distortion is evident when a sinusoidal signal input is used, because in this case as output also tones at frequencies multiple of the input one do appear.

Example:
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If the linear inverse filter does its job, what is recorded on the CD  will be reproduced by the loudspeaker and received by the microphone unaltered.

The sound arrives without any modification at the end of the system.

The system is linear and to apply the filter before or after is exactly the same (the result doesn’t change).
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x’ has to be more or less equal to 
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Mathematically:
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The output is the input x(i) convolved 
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By definition 
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so in practice x’ equates 
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, simply delayed by the amount of delay given by .
Different technologies for computing the coefficient of the filter:

· Mourjopoulos: the method is implemented in time domain. It’s important because it was the first historically available method for computing an inverse filter for an electro-acoustical system. (It’s very old – 1985 - and now it’s obsolete)
· Neely and Allen: for the first time they made the search for the inverse filter in frequency domain. The Neely and Allen inverse filter only corrects the magnitude of the transfer function of the system, not for the phase. So the obtained inverse filter flattens the response of the loudspeaker in terms of spectrum magnitude, but does not correct for echoes or reverberation.

· Nelson and Kirkeby: it’s the method currently employed. You operate again in the frequency domain. You start from the impulse response of your system with the FFT in frequency domain and when you are in frequency domain you apply the inverse filter. In this case you invert also the phase and the trick of Mr. Kirkeby was to add a small positive quantity to the denominator of the fraction (called the regularization  parameter) to avoid too large peaks in the inverse filter, at frequencies where the magnitude of the transfer function of the system was very small.

Kirkeby theory:

· Step 1: you get your impulse response 
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 of your system, you FFT transform and go to frequency domain 
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· Step 2: you make the reciprocal of 
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Instead of 
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, that loses sense when the magnitude of H is zero, we use the Kirkeby formula:
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· Step 3: you come back to time domain by means of an Inverse FFT, producing f(t).
Dependence of the regularization time by frequency, as introduced by Angelo Farina:
A small value of  is used in the central frequency range, where the measurement is (more) accurate and the inversion makes sense, because we hear the sound in this region. At very low frequency (infrasounds) and at very high frequency (ultrasounds) you don’t need to invert the system, because you don’t hear the sound; so you give up with a large regularization parameter. In this way you don’t waste filtering capability inverting the signal below 20 Hz and above 20 kHz (Fig.1). You reduce to a smaller range, where you decide which is the range you want to have an accurate inversion. 
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Fig.1 – Diagram of the function 
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The system modifies the sound:

Without the filter
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The frequency response has been changed and some reverb has been inserted.

With the filter
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This filter applied to the original signal, creates a pre-filtered signal. This strange and horrible signal is pre-distorted oppositely to the distortion of the system. At the end you have an output signal, re-recorded by the microphone, that is almost identical to the original one. It doesn’t change if you apply the filter before playing the signal through the system or after recording the output of the system, because those are all linear systems.
MEASUREMENT OF THE ABSORPTION COEFFICIENT

REVERBERANT ROOM method (Sabine’s Formula)

You start making two measurements:

· Te = Reverberation time of the empty room;
· Ts = Reverberation time with a sample of 10
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Ts < Te, because the reverberation time is reduced by the introduction of the absorbing material. This makes α positive and theoretically it should be also smaller than 1.

It’s important to notice that the value obtained using the last equation isn’t the true absorption coefficient, but it is the so-called α Sabine.


Looking at the diagram (Fig.2), you notice that the α Sabine values come up to 1,20 (result without any sense in the theory but true in the practice) and this because the Sabine’s formula works only when the absorption is uniform all around the room; in this case the Sabine’s formula hypothesis are violated.

Fig. 2 – Diagram of the values of α Sabine in the reverberant room.
STANDING WAVE TUBE method
The Kundt tube is a pipe made of steel, with a diameter of 10cm and 2m long. At one end there is a loudspeaker with a hole, through which you insert a microphone. At the other end you put the material to prove (Fig.3). Playing a pure tone with the loudspeaker, you create a standing waves system and you move the microphone along the pipe searching for the maximum and the minimum. 
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Fig. 3 – Kundt tube.

In the ideal case, in which α=0, the energy hits the wall and it’s reflected completely by the surface. In some points there is a complete cancellation between the incident and the reflected wave.

When the sample has an absorption coefficient different from zero, the pressure rises and falls between a maximum and a minimum, but the minimum isn’t zero because the energy that comes back is less than the incident one.
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Pro: 

· It is a very precise method, the more scientific one and it is used for checking all the other methods;

· The measured value is always between 0 and 1.

Cons:

· It’s very slow because you have to measure the frequencies one by one (pure tones);

· Locating the maximum is easy but locating the minimum is difficult, because this area is thin, so the operator must be very skilled (it’s expensive);

· It isn’t simple to employ this method automatically.
IMPULSIVE METHOD

It works “in situ” through the measurement of the impulse response.

[image: image34.png]



The instrument is composed of a loudspeaker, placed on a mobile support at a distance of 1.65 m from the screen to test; between the two there’s a microphone that is reached from the direct sound first and the reflected one later.

We want to separate the two sounds: to do this we have to subtract a free field registration, obtained turning the loudspeaker against the sky, from the barrier response.

Being outdoors, there are always some background sounds, but alos some parasitic reflections (for example the ground reflection) which is not possible to eliminate completely; to have a better separation we apply the so called Adrienne window, an asymmetrical window with a very sharp slope at the beginning, than a flat region and finally it goes down slowly.
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We make the FFT on both the direct and reflected sound: 
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Free field: flat spectrum
Reflected field: the spectrum presents many peaks.


The ratio between the two spectra gives us the reflection coefficient r. 


This method is accurate only if the barrier is tall enough. It can happen that if the barrier is less than 6 m high, it is not possible to avoid ground reflection contamination.
The method requires to average the results over several incidence angles, by titling the loudspeaker to elevation -50° to +50°.

There is a different distance of the microphone from the real loudspeaker and the image-loudspeaker. The wall works like a mirror and it creates a mirror-source, farter from the microphone than the real source (Fig.4).

Fig. 4 – Mirror-sources.
So we should compensate by the time of flight, taking into account that the sound decreases with distance.
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The formula works in case of an infinitely tall barrier and if the reflection is specular, not diffuse. In the real world, where the barrier has a limited height and the surface is always partially scattering, the formula is wrong. 

According to this method we’re not writing the results in terms of 
[image: image40.wmf]a

, but computing a loss of decibel due to the reflection. The reflected sound is attenuated, due to the absorption over the barrier’s surface. We employ a normalized spectrum and we make a computation of the attenuation of the reflected sound, in dB(A), with the formula:
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Fig. 5 – Normalized Road Noise Spectrum. 

When we have a screen only on one side of a road, the level behind the barrier is attenuated, but it is increased on the opposite side.
In the diagram below, the green line represents the values obtained with the reverberant room method, (which, as already explained, also produces some values slightly larger than one). The blue line represents the results calculated with the impulsive method.

With this last method the frequency path is negative in a big interval (Fig.6); this means that at these frequencies the energy which hits the wall is less than the reflected one. This is impossible because it doesn’t exist a wall that can amplify the sound.
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Fig. 6 – Spectra of absorption coefficient.

The estimated absorption coefficient is, on average, a quarter of the real values.

Consider this method a complete fault!

SOUND INTENSITY METHOD

We want to separate the incident sound from the reflected sound.

We use a sound intensity probe, which measures the net resulting intensity 
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 (as vectors, they have an opposite sign).

With the intensity probe it is possible to calculate not only the Sound Intensity as the product of sound pressure and particle velocity, but also the sound Energy Density ED.
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The energy density has to be multiplied for c (speed of sound) to become homogeneous with the sound intensity (energy density is a scalar, always positive quantity).
Of course, the energy density is given by the sum of the incident and reflected intensities, whilst the net intensity measured by the probe is the difference between the incident an reflected intensities:
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Now we use the results obtained in the absorption coefficient expression:
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We see that the results is dependent on just one adimensional parameter, called rE (Energetic ratio):
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This equation doesn’t only produce values always bounded between 0 and 1, but they are also very close to the results obtained in case of the reverberant room (Fig.7).
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Fig. 7 – Spectra of absorption coefficient.

This method can also be applied inside a standing wave tube: here we have a perfectly plane wave, there are no parasitic reflections, so we obtain a very accurate measure of α.

Advantages over the traditional pure-tone standing wave method: the loudspeaker can emit wide band noise; with a pair of microphones at fixed positions and only one emission, we have the analysis of the whole spectrum.
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� EMBED Equation.3  ���





� EMBED Equation.3  ���





Reflection index





In case of plane, progressive waves, the intensity is proportional to the squared pressure





Sum of kinetic energy and of potential energy and.








1:   propagative wave field





0:   completely standing wave field














Summing the input signals, the output is the sum of the outputs.





� EMBED Equation.3  ���





complex conjugate of � EMBED Equation.3  ���





autospectrum of the signal


(complex conjugate of � EMBED Equation.3  ��� multiplied  by� EMBED Equation.3  ���





regularization


parameter


(at the beginning � EMBED Equation.3  ��� was constant, there was no dependence of � EMBED Equation.3  ���by the frequency)





Input


(original signal)





Transfer function of the system





Output


(signal filtered by the system)





We sum 18 different frequencies (Fig.5) and get a single values, � EMBED Equation.3  ���, which tells us how much is attenuated the reflected sound in dB(A).
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