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(57) Abstract: The subject of the invention is a signal cleaning procedure to isolate audio-frequency signals from the background
noise. During the procedure, the signal to be cleaned is led into a filter bank and the signals separated into sub-bands will be sent into
a transformer unit where a transformation will be performed upon them and this way a cleaned signal will be produced. It is a typical
feature of the procedure that the instantaneous amplitude or the approximated value of the amplitude of the signal of each sub-band
appearing at the output (1a) of the filter bank (1) is produced first in the transformer unit, then the instantaneous amplitude values
produced this way will be averaged and the signals of the sub-bands will be weighted using the averages, and finally the weighted
signals will be summed up and the cleaned signal will be determined this way.
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ATTENUATION OF BACKGROUND NOISE AND ECHOES IN AUDIO SIGNAL

The object of the invention is a signal cleaning procedure to isolate audio-frequency
signals from the background noise. During the procedure, the signal to be cleaned is
led into a filter bank and the signals separated into sub-bands will be sent into a
transformer unit where a transformation will be performed upon them and this way a

cleaned signal will be produced.

Several solutions have already become known for the separation of sounds from a
noisy background. The main point of these is that the input signal is led through a
filter bank and a transformation will be performed upon the signals of given
bandwidths of the signal group separated into sub-bands and this way the cleaned
signal will be produced. The solutions described in patents US 4.809.331, HU
183.491, and EP 240.329 are also examples for this.

However, the disadvantage of the solution described in EP Patent No. 240.329 is that
essentially it can only be used for speech recognition and the transformation of the
separated signals is also not reliable enough. Another deficiency being that a so-called :
"training” is required for its application that makes the rapid and flexible use of the

procedure harder.

The version described in Patent No. 183.491 can essentially be used as a step of a

noise cleaning procedure but it cannot be used appropriately to filter different sounds.

The objective of the invention was to eliminate the deficiencies and the creation of
such a version that would be able to filter voice and other sounds appropriately from a

noisy background.

The basis of the invention was the idea that if a non-linear impact model basically
consisting of two components is used where the first part being a filter bank

consisting of a Zwicker filter series, while the second part being a non-linear
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transformation producing a generalized amplitude/frequency function, then the task

can be performed.

The perception was also part of the invention that speech always contains pauses of
100-200 ms, that is, the minimum of the signal measured in this period is the
background noise itself because the joint value of the voice and the background noise

can only be larger than that of the background noise only.

According to the objective set, the procedure -- to isolate audio-frequency signals
from the background noise as per the invention, during which the signal to be cleaned
is led to a filter bank and the signals separated into sub-bands will be sent into a
transformer unit where a transformation will be performed upon them and this way a
cleaned signal will be produced -- is based on the principle that the instantaneous
amplitude or the approximated value of the amplitude of the signal of each sub-band
appearing at the output of the filter bank is produced first in the transformer unit, then
the instantaneous amplitude values produced this way will be averaged and the signals
of the sub-bands will be weighted using the averages, and finally the weighted signals

will be summed up and the cleaned signal will be determined this way.

Another feature of the invention can be that a Zwicker filter series is used as a filter

bank.

In one of the versions of the procedure, the signals of the sub-bands are led into a
squaring high pass filter (9) and the slowly changing component is separated using the

filter and the period is determined from this signal using a null detector (10).

In the case of a different version of the invention, the subsequent periods will be
determined using the period created by sub-bands, the weighted average of these will
be created and the time functions created this way will be summed up. To determine
the period, the filtered signal of the squared amplitude of several sub-bands filtered
by a high pass filter will be summed and this sum will be used. The degree of
curvature of the non-linear characteristics used in determining the weighting factors is
controlled by the minimum to be found in a time period in the average of each
channel -- expediently in the 0.5+1 s time period.
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In the case of another use of the procedure, the degree of curvature of the non-linear
characteristics used in determining the weighting factors is controlled by the

minimum and maximum to be found in a time period of the average of each channel.

From the point of view of the procedure as per the invention, it may be advantageous
to place microphones in different distances from the source of the sound to reduce the
echo and the signal of the nearby microphone will be delayed whilst the signal of the
remote microphone will be shaped to resemble as much as possible to the delayed
signal of the nearby microphone and the parameters required for the equalization will

be stored.

In another implementation of the procedure, corrections of the amplitude and the
delay time will be applied in the particular channels in such a way that the generating
and evaluating signal of the standard signal will be led to a loudspeaker, then the
amplitude and run time data of the received signal of the surrounding space will be
measured at the midrange of the filter series and the values of the corrections will be
generated using the measured values and repeating the procedure one or more times

(iteration).

At another version of the invention, the microphone producing the input signal and

the loudspeaker fed with the output signal are placed in the same space.

The instantaneous parameters are generated from the input signal using quadrature
modulation and low pass filters in the environment of the zero frequency, then the
instantaneous parameters acquired this way will be averaged and using another
modulation the cleaned sub-bands will be acquired from these averages and the

cleaned output signal will be acquired from summing these up.

From the point of view of the procedure, it can also be useful if the input signal will
be filtered by a low pass filter bank implementing the asymmetry of the Zwicker filter

series and then quadrature modulation will be applied on it.
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In another implementation of the invention, the instantaneous parameters will be
separated to DC and AC components by an alternate filter, then the instantaneous
parameters of the AC components will be generated, that is, the transformation will be

repeated on the result of the GAFT.

The advantage of the procedure as per the invention is that musical sounds and other
quasi-periodic audio-frequency signals can be separated from the noisy environment
with favourable results by using it. This way the same procedure and tool kit can be

used in a wide range and in a flexible way for different purposes.

Using the procedure of the invention, for example, the efficiency of hearing aids can
be improved, voice and musical sounds can be separated from the background noise
but the procedure is also able to enhance the quality of recordings produced in

moderate or poor quality studios as well as to restore old sound recordings.

It also should be considered as an advantage that the procedure could be used well to
actively improve the acoustics of rooms by using echo-suppression implemented with

an acoustic chain containing a microphone and loudspeakers.

It is also an advantage that the procedure is able to separate quasi-periodic signals, for
instance, engine sounds of vehicles from the background noise so as to determine
their movement and in addition it also can be used to examine rotating components,

e.g. bearings and wheels, and to show the anomalies in their operation.

The principles of the procedure, according to the invention, are the creation and
application of a non-linear hearing model on the circuit layout level, in which the
filter bank, differently to the others, is constructed suitably of Zwicker filters. Zwicker
published in 1957, that the human hearing perceives the loudness differently inside of
a critical band, than outside of this band. Zwicker and Feldtkeller determined the
steepness of cutting territory of the filters from the concealment occurrence. These
filters are approximately a third wide, asymmetrical and of a exceptionally steep
characteristic on the upper part. This filtering effect takes place already on the
tympanic membrane of the middle ear. The data of the filter row is fixed by
international standard. The resultant characteristics of the 25 filters covers the entire
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audible spectrum, for the processing of speech approximately 14-15 is enough, while

for studio quality 18 filters are necessary.

The output signals of the filters are transformed, namely we generate the
instantaneous parameters, which in principle means the function of the instantaneous

amplitude and the instantaneous frequency, which we define as follows:

A= 1) -[co{tbu+ | m}m]]- |

where

a0~ 2o 2070050

dt () +70)

In the formulas described x(z) is the output signal of the band-pass filter, y(z) is the
Hilbert pair, x'(¢) and y'(#) are the time differential quotients. This non-linear

transformation is called generalized amplitude and frequency transformation.

The result or the iterative value of the above transformation can be determined in
several ways. The transformation can be interpreted as the simultaneous
implementation of a mutually independent ideal AM and FM demodulator, therefore
the result of the GAFT can be determined or iterated with every AM and FM

demodulator.

There is no neurological proof for the further part of the model, that is, each
instantaneous parameter is followed by an alternate filter, it is only assumed,
however, results of psychophysical examinations can well be explained with this

model.

The invention will be described in more detail below using diagrams. The diagrams

show the following:
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Fig. 1. shows the diagram of the simplest version of the signal cleaning procedure as
per the invention.

Fig. 2. shows another possible layout of the signal cleaning process.

Fig. 3. is the block diagram of the signal cleaning procedure supplemented with echo
reduction.

Fig. 4. is the draft diagram of the layout required for the separation of quasi-periodic
signals.

Fig. 5 shows another layout that is able to separate quasi-periodic signals.

Fig.1 shows the simplest block diagram of the signal cleaning procedure as per the
invention. The X(#) signal to be cleaned and led to the input has been broken down
into sub-bands using 1 filter bank containing expediently a Zwicker filter series, then
the instantaneous amplitude of each sub-band was determined with the unit
implementing the 2 non-linear transformation. After determining the instantaneous
amplitude of the sub-bands, their average was produced with the 3 low pass filter.
Using the averages and the 4 non-linear characteristics without memory, the
weighting factors falling between zero and one as appropriate were determined. The
signal of the sub-bands delayed with the 6 delay was weighted with these weighting
factors, it was multiplied with the 7 multiplier in the case of the present version, then
the cleaned signal will be generated using the 8 adder. The degree of curvature of the
4 non-linear characteristics will be set by the 5 extreme value determiner used for

determining the minimum or the minimum and maximum.

The so-called "optimum filter" provides the theoretical basis of this procedure. If a

system input receives a noisy signal, that is,
x(t) = s(t) + n(t),
then it is reasonable to choose the parameters of the system in such a way that the

output y(z) signal be "as similar to the s(z) signal as possible". The "as possible”

condition can be formulated in various ways.

6
CONFIRMATION COPY



WO 02/11125 PCT/EP01/08827

The condition is easiest to manage when the squared average or the expected value of
the error is minimized, that is, if we look for the system where the expected value of

the square of the

e(t) = y(t) - (1)

error signal is at the minimum. In a general case this minimum cannot be determined,
therefore it is reasonable to limit this solution to a linear system. The system acquired
from this limitation is a so-called "optimum filter" because the filter is a linear
system having a general characteristics. The calculation leads to a Wiener-Hopf
integral equation, the solution of which gives the K(w) input/output characteristics of
the system to be found that is the following expressed with the density spectrum of

the signal and noise power:

g:{w)
K = .
@)= @ e, (@

The first part in the non-linear impact model, namely the 1 filter bank assembled from
the Zwicker filter series is still linear, and based upon the solution of the Wiener-Hopf

integral equation, the Ai'(1) weighting factor is to be set to the following value:

AO=K(y= B

In this equation the power density spectra are not known but very good estimates can
be given for their values. Setting out from the realization that the speech always
contains pauses, it is right to assume that the square of the minimum of Ak(r) is

proportional to the noise power, that is,

ge(@)=c (min{af 0} .
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and additionally, the square of the instantaneous value of AX(z) is proportional to
the sum of the power of the signal and the noise because the signal and the noise are

mutually independent processes. Based upon all of these, it can be written that

g (@)t gyte,)=c (A @),

that is,

ga(@)=c (@) - gu@p)=c (42 0) - (mn{at ] }

Let us normalize the value of AkL( t) with its minimum, that is, let us introduce the

following simplified symbol:

30
" min{4f (O}

Using the above mentioned and after a few simple transformation, the value of the

weighting factor will be:

-1

A

HUE

Experience from examination shows that the curve has a sharp break at the minimum
value. As a result of this, the signal of the channel either completely stops or appears
with a significant amplitude near the minimum value. It is known from experience
that this phenomenon is very disturbing, therefore it is worth choosing the weighting
characteristics with a continuous transition. A weighting function acquired from an

arctg characteristics serves the purpose and can be formulated like this:

A (O = % +%m’c¢g{;{z, + B),

where equality can be reached at any two points with the weighing factor created from

the Wiener-Hopf solution and choosing the A and B parameters.
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Naturally, the theoretical characteristics can be approximated with several functions
and equality can be reached at not only two points but the punctuality of the
approximation is of not too great importance. It is essential however, that the
transition should not contain such a sharp break in the vicinity of the minimum as the
theoretical characteristics. The value of the weighting factor can be determined with a
different method. It can be assumed that the local maximum is generated in such a
way that it is mutually created by the signal, e.g. speech and the background noise,
that is, let us have a hypothesis that the signal always contains speech in the vicinity
of the maximum values and if the maximum of the signal is greater than the
maximum of the noise then this statement is always true and it is assumed that the

vicinity of the minimum is determined by the noise only.

Therefore parameters A and B determining the arctg characteristics can also be
determined in such a way that the value of the weighting factor be near 1 at the
maximum and be near 0 at the minimum, e.g. 0.9 at the maximum and 0.1 at the
minimum. Let us mark the maximum of the normalized amplitude with zM, and the

normalized minimum is trivially 1 so the following can be written:

1 1
01= :?--i- ;arcrg(A + B)

0.9= %— + i—am:g{Azf‘ + B)

solving the set of equations above:

_ 2g({04x)
4= z¥ -1
B = —tg(04n) 2:;:150.45)
H’ -

It can be seen in this case that the value of the parameters is determined by the ratio of
the minimum and the maximum. It is worth mentioning that only the control
9
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considering the minimum is more pleasant for the listener but a speech recognition
procedure using both the minimum and the maximum may result in a significant

improvement.

Fig.2 demonstrates another possible layout of the signal cleaning procedure. The 9
squaring high pass filter removes the slowly changing component and determines the
Af(t) signal that is the base frequency of the signal, that is, it is the pitch frequency
itself. The base frequency of the A;”(z) signal is acquired by using the 10 null detector
or the autocorrelation function. The period times determined by channels are identical

only in theory or in the case of no noise.

The background noise affects the value of the period times detected in the various
sub-bands differently. If the noise does not contain a periodic or quasi-periodic
component, that is, the noise spectra in the sub-bands are independent, then period
times are summed up in the sum of the period times detected by channels, whilst the
components causing the difference will be summed up with the square root of their
sum of squares -- the identical components "as per voltage", the independent

components "as per power".

If the independence by sub-bands is not valid for the noise, then the procedure does
not improve the punctuality of the determination of the period time but it does not

spoil it in any way either.

The time functions within the so determined period times provide the time function
of each voiced period. These voiced periods do not change much within a voiced
phoneme but in case of a heavy background noise the subsequent voiced periods will

be different due to the noise.

Further improvement can be acquired in separating the speech from the background
noise if the subsequent periods are averaged. Let us mark the time of the subsequent
voiced periods with Tj.i, T1, Tj1. The (j-1)th and (j+1)th parts of the time function
will be stretched o'r shrunk to the same length as that of the j™ part, then all these will
be averaged (in a weighted way) and the voiced period of the I position will be
substituted with the averaged time function. Naturally, the averaging can be made for
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more than three periods but it is not reasonable to use more than 5-6 periods because
in this case the changes in the speech are also "equalized" and the speech becomes
unnatural. This task is performed by the 11 voiced averager then the cleaned signal is
weighted with the A, (¢) weighting factor, e.g. it is multiplied by the 7 multiplier, and

these time functions will then be summed up.

Not only the background noise but the echo is disturbing as well, the echoing speech
is hardly intelligible and heavily degrades the efficiency of the speech recognition
system. The methods described above are primarily able to separate from the noise
but controlling with the minimum and the maximum reduces the effect of the echo as

well.

Fig. 3. shows the layout of the signal cleaning procedure described above extended
with echo-reduction. The value of the 12 amplitude correction member and the 13
run time correction member is set by the 14 measuring generator/analyzer unit in such
a way that using the Nyquist method and then iteration, the value of the corrections
required in the sub-bands is determined by supplying the 15 loudspeaker with the
signal and analyzing the received signal. If possible, the loudspeaker should be
placed at the location of the source of the useful sound, e.g. the speaker, or in the

vicinity of it.

Fig. 4. shows the layout that is able to separate quasi-periodic signals. Using the 16
quadrature modulator and the difference signal separator, the quadrature components
(xxo(t), yro(t) ) can easily be generated in the vicinity of the zero frequency. Their
instantaneous parameters can be generated by the procedure determining the
instantaneous parameters of the 17 quadrature components (GAFT) (Axo(t), Wio(2)).
With the 18 filter unit designated to filter the instantaneous parameters and with the
19 transformer unit performing the frequency shift and the inverse transformation, and
with the summing of the this way generated Yi(t) signals by the 8 adder, the quasi-

periodic signal separated from the background noise is created.

It should be noted here that the asymmetric Zwicker filter bank is not suitable directly
for the implementation with quadrature modulation. However, if the requirement of
the asymmetric attenuation is realized first by means of the 20 low pass filter bank
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implementing the asymmetry of the Zwicker filters in such a way that the attenuation
of the remaining part be symmetric on the mid-band -- as it is shown on Fig.5. -- then
the remaining attenuation can be realized with quadrature modulation and low pass

filtering -- using the procedure already shown on Fig.4.
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CLAIMS

1. The subject of the invention is a signal cleaning procedure to isolate audio-
frequency signals from the background noise. During the procedure, the signal to be
cleaned is led into a filter bank and the signals separated into sub-bands will be sent
into a transformer unit where a transformation will be performed upon them and this
way a cleaned signal will be produced and this is characterized by that the
instantaneous amplitude or the approximated value of the amplitude of the signal of
each sub-band appearing at the output (1a) of the filter bank (1) is produced first in
the transformer unit, then the instantaneous amplitude values produced this way will
be averaged and the signals of the sub-bands will be weighted using the averages, and
finally the weighted signals will be summed up and the cleaned signal will be

determined this way.

2. The procedure as per Application Item 1 and characterized as follows: a Zwicker

filter series is used as a filter bank (1).

3. The procedure as per Application Items 1 or 2 and characterized as follows: the
signals of the sub-bands are led into a squaring high pass filter (9) and using this, the
slowly changing component is separated, then the period time is determined from this

signal using a null detector (10).

4. Any procedure as per Application Items 1,2, or 3 and characterized as follows:
subsequent periods are determined using the period times generated by sub-bands, a
weighted average of these is calculated and the time functions generated this way are

summed up.

5. Any procedure as per Application Items 1 through 4 and characterized as follows:
in order to determine the period time, the high pass filtered (9) signals of the squared

amplitudes of several sub-bands are summed up and the sum of these is used later on.

6. Any procedure as per Application Items 1 through 5 and characterized as follows:

the degree of curvature of the non-linear characteristics (4) used in determining the
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weighting factors is controlled by the minimum to be found in a time period in the

average of each channel -- expediently in the 0.5+1 s time period.

7. Any procedure as per Application Items 1 through 5 and characterized as follows:
the degree of curvature of the non-linear characteristics (4) used in determining the
weighting factors is controlled by the minimum and maximum to be found in a time

period of the average of each channel.

8. Any procedure as per Application Items 1 through 7 and characterized as follows:
microphones are placed in different distances from the source of the sound to reduce
the echo and the signal of the nearby microphone will be delayed whilst the signal of
the remote microphone will be shaped to resemble as much as possible to the delayed
signal of the nearby microphone and the parameters required for the equalization will

be stored.

9. Any procedure as per Application Items 1 through 8 and characterized as follows:
corrections of the amplitude and the delay time will be applied in the particular
channels in such a way that the generating and evaluating (14) signal of the standard
signal will be led to a loudspeaker (15), then the amplitude and run time data of the
received signal of the surrounding space will be measured at the midrange of the filter
series and the values of the corrections will be generated using the measured values

and repeating the procedure one or more times (iteration).

10. Any procedure as per Application Items 1 through 6 and 8 and characterized as
follows: the microphone producing the input signal and the loudspeaker fed with the

output signal is placed in the same space.

11. Any procedure as per Application Item 1 and characterized as follows: the
instantaneous parameters are generated from the input signal using quadrature
modulation and low pass filters in the environment of the zero frequency, then the
instantaneous parameters acquired this way will be averaged and using another
modulation the cieaned sub-bands will be acquired from these averages and the

cleaned output signal will be acquired from summing these up.
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12. Any procedure as per Application Items 1 through 10 and characterized as
follows: the input signal will be filtered first by a low pass filter bank (20)
implementing the asymmetry of the Zwicker filter series and then quadrature

modulation will be applied on it.

13. Any procedure as per Application Items 1 and 11 and characterized as follows:
the instantaneous parameters will be separated to DC and AC components by an
alternate filter, then the instantaneous parameters of the AC components will be

generated, that is, the trasformation will be repeated on the result of the GAFT.
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