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DESCRIPTION

[0001] The invention relates to a method and apparatus for processing speech signals.

[0002] US patent No. 5,133,013 describes noise suppression in signals that contain speech.
As is well known, a Wiener filter can be employed to suppress noise. A Wiener filter
increasingly suppresses spectral components when they contain relatively more noise and less
real signal. The filter coefficients of the Wiener filter are selected to minimize the expected
mean square deviation between the filtered signal and a notional noise free component of the
input signal. This results in a filter that multiplies each spectral component of the input signal
with a suppression factor S/(S+N that is proportional to the ratio of the expected spectral
density S of the noise free signal and the expected spectral density (S+N) of the input signal
with noise at the frequency of the spectral component. However, to apply Wiener filtering a
reliable estimate of the signal to noise spectral density is needed.

[0003] It is also known to use dynamically estimated spectral densities in the computation of
the suppression factor. In this case, the expected spectral density (S+N) of the input signal with
noise is replaced by a computed spectral density | of the input signal in some time interval, and
the spectral density S of the noise free signal is determined by subtracting an expected
spectral density N of the noise from computed spectral density | of the input signal.

[0004] In effect, this results in a non-linear filter, which identically passes spectral components
from the input signal with large spectral density | and attenuates the input signals when the
spectral density | is near or below the spectral density N of the noise. US 5,133,013 uses the
term "knee" for the transition between passing signals identically and passing attenuated
signals. US 5,133,013 notes that a non-linear filter may be used that completely suppresses
spectral components with a spectral density below the knee. However, such a filter is rejected,
because it introduces unacceptable distortion. Instead, more gradual suppression is used,
which approximate complete suppression, along the lines of a Wiener filter. US 5,133,013 uses
a predetermined knee position and adapts the input signal gain, to ensure that the knee lies at
about the noise level.

[0005] EP 661689 describes a telephone speech signal processing method wherein
suppression factors are selected for respective time frames and the entire speech signal in the
time frames, or to a high or low frequency part of the speech signal. EP 661689 proposes to
pass the speech signal identically when its mean amplitude is above a first threshold, and to
apply an increasingly smaller suppression factor, which is inversely proportional to the mean
amplitude when the mean amplitude is below the first threshold. EP 661689 mentions that the
suppression factor can be kept constant when the mean amplitude is below a second
threshold, which is smaller than the first threshold. This is said to prevent too intense noise
suppression for small noise.

[0006] Although such techniques reduce the mathematically expected mean square deviation
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between the filtered signal and a notional noise free component of the input signal, it has been
found that their effect on intelligibility of speech is limited. In some case intelligibility hardly
changed, even though the signal to noise ratio improved.

[0007] A possible explanation for this may be that the known methods of noise suppression
introduce artifacts that may be perceived as speech-like, while suppressing noise that can
mostly be distinguished by the human auditory system anyway.

[0008] Among others, it is an object to improve intelligibility of speech signal. The object of the
present invention is achieved by the independent claims. Specific embodiments are defined in
the dependent claims.

[0009] A speech processing apparatus according to claim 1 is provided. Herein an amplitude
adjustment factor with a first or second value is used, dependent on signal strength, with a
sharp transition between the first and second value as a function of the signal strength. Thus
the number of spectral components with mutually different adjustment factors is kept at a
minimum, so that errors in signal strength fluctuations have a minimal effect. It has been found
that this increases intelligibility.

[0010] These and other objects and advantageous aspects will become apparent from a
description of exemplary embodiments, using the following figures.

Figure 1 shows a speech processing apparatus
Figure 2 shows a gain function

Figure 3 shows a factor selector

[0011] Figure 1 shows a speech processing apparatus, comprising a microphone 10, a filter
11, a factor selector 14 and an output device 19. Filter 11 comprises a frequency analyzer 12,
a multiplier 16 and a synthesizer 18. Microphone 10 has an output coupled to an input of
frequency analyzer 12. Factor selector 14 has an input coupled to an output of frequency
analyzer 12. Multiplier 16 has a first input coupled to the output of frequency analyzer 12 and a
second input coupled to an output of factor selector 14. Multiplier 16 has an output coupled to
synthesizer 18, which has an output coupled to output device 19.

[0012] In operation microphone 10 picks up a speech signal which may contain additional
noise. Frequency analyzer 12 analyses the speech signal into a plurality of components for
respective frequency bands. Digital processing may be used, the speech signal being digitized
before actual analysis. Frequency analysis may be performed by taking digitized speech signal
samples for a time window in the speech signal and computing their Fourier transform.
Multiplier 16 multiplies the components each by a respective factor. Multiplier 16 may be
configured to perform the multiplications successively for different, frequencies in the Fourier
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transform results for the window for example. Synthesizer 18 reassembles the multiplied signal
components and output device 19 outputs the reassembled signal for use by a human hearer.

[0013] Factor selector 14 selects the factors used by multiplier 16. In an embodiment factor
selector 14 selects the factor for each component based on the absolute value of the
component, using a factor of one if the absolute value exceeds a threshold T and a value F
that is less than one if the absolute value does not exceed the threshold.

[0014] Figure 2 illustrates the factor that is selected by factor selector 14 as a function of the
absolute value of the component as a solid line. For reference, a typical factor as a function of
absolute value according to a Wiener filter is shown as a dashed line. It may be noted that the
relation used by factor selector 14 ensures that the relative strength of different signal
components below the threshold is preserved. In particular, the relative strength for these
components is not sensitive to noise, because it does not depend on estimates of signal
amplitude. Also, temporal variations of the factor for a spectral component, due to fluctuations
in the estimated signal strength in the spectral component are avoided for small signal
strengths. Thus, the introduction of speech-like artifacts, such as noise modulation, is
minimized. The relative strength of different signal components above the threshold is also
preserved, but these strengths were already less sensitive to noise in the estimated signal
amplitudes. Only the relative strength of components with amplitudes on different sides of the
threshold is affected.

[0015] Moreover, it may be noted that this relation between the factor and the absolute value
of the component introduces a discontinuity at the threshold T. Although such a discontinuity
may introduce some artifacts, it has been found that for the purpose of intelligibility it is more
effective to accept this than to introduce noise sensitive factor differences between different
spectral components by using a more gradual transition. For intelligibility it is more effective to
minimize the number of relative amplitude changes between different components.

[0016] Figure 3 shows an embodiment of factor selector 14. In this embodiment the factor
selector comprises an amplitude detector 30, an averager 32, a noise level detector 34, a
thresholder 36 and a factor supply unit 38. Amplitude detector 30 has an input for receiving the
component signals from the frequency analyzer (not shown). Averager 32 has an input
coupled to an output of amplitude detector 30 and an output coupled to thresholder 36.
Thresholder 36 has an output coupled to a selection control input of factor supply unit 38,
which has an output coupled to the second input of the multiplier (not shown). Factor supply
unit 38 is configured to supply a factor of one or F dependent on the result of thresholding.
Noise level detector 34 is coupled between amplitude detector and thresholder 36.

[0017] Averager 32 computes averages for each spectral component at respective time
points, by averaging over nearby time points and nearby frequencies. In one example, wherein
frequency analyzer outputs spectral components for respective time frames, the average may
be taken over the absolute squares of the spectral components for the N1 nearest frequencies
on either side of the frequency for which the average is computed and that frequency itself.
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Similarly the average may be taken over the components for 2*N2 preceding time frames, or
N2 preceding frames and N2 following frames. This average may be computed as a running
average, using the average computed for the preceding time frame.

[0018] Noise level detector 34 determines the threshold level for the average signal amplitude
from an estimation of the noise level. In an embodiment noise detector detects time frames
wherein noise but no speech is present and computes average amplitudes of the noise for
respective spectral components in those time frames in a similar way as in which averager 32
computes the average signal amplitudes of the spectral components. Speech/noise detectors
are known per se. In this embodiment the threshold for each spectral component is set as a
factor times the computed average noise for the spectral component. In an embodiment this
has the effect of comparing a frequency independent threshold T with a computed quantity
<IY|2>—<| N [2)/<| N [2>

wherein the brackets denote averaging (not necessarily over the same averaging window for Y
and N), |Y|2 denotes the squared amplitude of the spectral components of the signal and [N|2
denotes the squared amplitude of the signal in time frames where speech has been detected
to be absent.

[0019] As may be noted this technique requires selection of only a limited number of design
parameters: the threshold T, the factor F, and the numbers of spectral components N1, N2
used to average the signal amplitude. These parameters may be freely chosen. For example,
these parameters may be set experimentally, by listening to speech produced using specific
parameter values and varying the parameter values to optimize intelligibility. In an experiment
improved intelligibility was obtained when the threshold T was set to 1, F was set to 0.5, and
N1 was set to 1. The result could be optimized by varying N2. It was found that a pronounced
optimum occurred for N2 at about 9.

[0020] Surprisingly, it was found that the value of T for optimum intelligibility varied with the
value selected for N2. When N2 increases the noise power increasingly approaches its
expectation value, with the effect that the risk of unintended suppression of speech reduces.
Accordingly, T can be set lower. The optimal value of T was found to vary with the logarithm of

N2. An experimental relation was found approximately according to
T = 10 10log /N2

[0021] However, even without selecting such optimal values an increase of intelligibility was
found, both for persons with normal hearing and persons with hearing defects. The factor F
may be set lower or higher, for example anywhere in the range from 0.1 to 0.8 and larger
values of N1 may be used. Preferably, a non-zero factor is used, to prevent that spectral
components with strong noise and some speech component are completely suppressed. Thus,
the brain is nor prevented from contextual recovery of the speech component.

[0022] Although a specific embodiment has been shown by way of example, it should be
realized that in practice many variations are possible. For example, fiter 11 may be
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implemented in different ways. Instead of analysis and synthesis with intermediate
multiplication a temporal convolution may be used, using filter coefficients determined from the
spectral adjustment factors. Instead of analysis by Fourier transforming, a filter bank may be
used with filters for respective frequency bands. Instead of multiplying spectral components
(i.e. complex numbers that have an amplitude and phase), the amplitudes of the spectral
components may be extracted, multiplied with the factors and recombined with the phase.
Instead of the amplitudes the squares of the amplitudes may be multiplied with correspondingly
modified factors. Thresholder 36 may compute the threshold from the noise strength, or
equivalently the noise strength and the signal strength may be used to compute a signal to
noise ratio, which is subsequently compared to a threshold.

[0023] Filter 11 and factor selector 14 may be implemented by means of a programmable
computer circuit such as a programmable signal processor circuit, programmed with a program
that causes the computer to perform the described functions. Alternatively, all or part of filter 11
and factor selector 14 may be implemented as dedicated hardware circuits, designed to
perform the described functions.
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PATENTKRAV
1. Talebehandlingsanordning, der omfatter

- et filter (11), der er konfigureret til at justere et indgangstalesignal med en
justeringsfaktor;

- en faktorvelger (14) (il udvelgelse af justeringsfaktoren athangigt af
indgangstalesignalet, hvor faktorvalgeren (14) er konfigureret til at indstille faktoren til en
forste ikke-nulveerdi, ndr en middelstyrke er over en tarskelvardi, kendetegnet ved, at filtret
(11) er konfigureret til at justere en spektral indhylling af indgangstalesignalet, hvor
Justeringsfaktoren er frekvensafhengig, hvor faktorvalgeren (14) er konfigureret til at valge
justeringsfaktoren  for tilsvarcnde  spektrale  komponenter  hver  afthangigt  af
indgangstalesignalet, hvor faktorvalgeren (14) er konfigureret til at indstille faktoren til den
forste vaerdi eller en anden ikke-nulvaerdi, nar en middelstyrke for den spektrale komponent er

henholdsvis over og under, hvor den anden vaerdi er mindre end den forste vaerdi.

2. Talebehandlingsanordning ifolge krav 1, hvor filtret (11) er konfigureret til at beregne
st af spektrale komponenter hver for en rakke tidsrammer og til at beregne justerede
spekirale  komponenter, hvor de spektrale komponenter er blevet justeret af
Justeringsfaktorerne, hvor faktorvaelgeren (14) omfatter en gennemsnitsberegner, der er
konfigureret til at beregne middelstyrken for den spektrale komponent for hver tidsramme ved
at beregne gennemsnittet over en flerhed af tidsrammerne stodende op til den tidsramme, for

hvilken middelstyrken beregnes.

3. Talebehandlingsanordning ifelge krav [ eller 2, hvor faktorvalgeren (14) omfatter en
stajniveaudetektor, hvor faktorvalgeren (14) er konfigureret til at indstille tersklen i forhold til

et detekteret stgjniveau.

4. Talebehandlingsanordning ifelge krav 2, hvor faktorvalgeren (14) omfatter en
stejniveaudetektor, hvor faktorvaelgeren (14) er konfigureret til at indstille teersklen i forhold til

et detekteret stgjniveau, med en proportionalitetsfaktor, der ca. er lig med 10x10log 9/N2.

5. Talebehandlingsanordning ifelge et hvilket som helst af de foregiende krav, hvor

middelstyrken er en middelveerdi af kvadrater af de spektrale komponenters amplituder.
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6. Fremgangsméde til behandling af et talesignal, hvilken fremgangsmade omfatter

- justering af et talesignal med en justeringsfaktor;

- udveelgelse  af justeringsfaktoren afhangigt af indgangstalesignalet, hvor
justeringsfaktoren er indstillet til en forste ikke-nulvaerdi, ndr en middelstyrke er over en
terskelvaerdi, kendetegnet ved, at justeringsfaktoren er frekvensafhangig, hvor en spektral
indhylling af talesignalet justeres med den frekvensathangige justeringsfaktor, og ved, at
justeringsfaktoren er indstillet til den forste eller en anden ikke-nulveaerdi, ndr en middelstyrke
for den spektrale komponent er henholdsvis over og under, hvor den anden vardi er mindre

end den forste vaerdi.

7. Computerprogramprodukt, der omfatter et program med instruktioner til en
programmerbar computer, der, nar det udfores af computeren, far computeren til at udfore

fremgangsmaden ifolge krav 6.
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