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The invention provides a method for attenuating

noise in an input signal, the method comprising the steps
of: receiving the input signal, estimating the power of the
input signal to obtain an input power estimate, determin-
ing a noise power value based on the input power esti-
mate, the noise power value corresponding to an esti-
mate of the noise power within the input signal, deter-
mining an attenuation factor based on the noise power
value, and attenuating the input signal using the attenu-
ation factor.
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Description

[0001] The invention is directed to a method and an apparatus for attenuating noise in an input signal.

[0002] Ina variety of situations, signals may be a way of transmitting information between two communication partners.
There are different kind of signals in use, including electric signals, radio signals, light signals and sound signals. Besides
a wanted signal component carrying the information to be transmitted, signals may comprise noise. In particular, in a
telephone system, the sound signal from a user is transformed at the sender side into an electric signal, the electric
signal is forwarded via electronic components of a telephone network to a receiver and is there transformed back by
electronic components into a wanted sound signal. If noise is present in the electric signal to be transformed at the
receiver side, then artifacts are audible in the resulting sound signal. Noise may have been added to the electric signal
generated at the sender side by electronic components in the telephone network. Such components may generate noise
even at times where no wanted signal component is present at all and the resulting noise will be noticeable as artifact
by the user particularly during pauses of the wanted signal. One example for electronic components generating noise
in a network are network access devices (NADs) or network access modules (NAMs).

[0003] Figure 4 shows the intensity of a measured output signal of a NAD. While a wanted signal component starts
shortly before the 4th second, no signal seems to be present at earlier times according to the diagram of Figure 4a.
However, if the scale for the intensity value is enlarged, which is illustrated in Figure 4b, a noise component can be
recognized at times between second 1 and 3.5 while no wanted signal component is present. The noise component is
illustrated in Figure 4c, showing a time-frequency analysis of the signal over the first few seconds. Hence, a user receiving
a signal as in Figure 4a as an electric input signal to its telephone system would hear the sound of the noise during an
initial period whereas no wanted signal is received from the remote partner.

[0004] Several approaches have been followed to prevent the problem of an interfering noise component, particularly
during times where no wanted signal component is present. One of these approaches is the use of a noise gate. A noise
gate has the property of suppressing all input signals whose level is below a certain threshold. The principle of a noise
gate is illustrated by Figure 5. Here, an input signal with an intensity level below a gate threshold with an absolute value
of 0.4 results in an output of level 0, i.e. no output at all, while an input signal with an intensity level above the gate
threshold passes with unchanged intensity. However, while a signal whose intensity is below the gate threshold is filtered
out, a wanted signal component is suppressed as well during intervals where the sum of the noise signal level and the
wanted signal level is below the gate threshold. Hence, employing a noise gate has a deteriorating effect on the wanted
signal component as well.

[0005] Another approach to the problem of suppressing noise, particularly in pauses of a wanted signal, is the use of
a squelch function. This function is preferably included into amateur radio receivers and has the effect that the wanted
low frequency signal is forwarded to the low frequency amplifier by the intermediate frequency amplifier only if the
intermediate frequency signal exceeds a predetermined level. But the wanted signal is also affected here in situations
when only asmall input signalis present and the predetermined level is not exceeded by the intermediate frequency signal.
[0006] Employing a Wiener-type filter is a further method of suppressing noise. However, the Wiener filter is adapted
to suppressing noise activities during speech activity by taking into account the spectral characteristics of noise and of
a speech signal. However, no assumptions about the spectral distribution of the noise may be made in general, particularly
of the noise that is created by electronic components, and also, the wanted signal is not restricted to a speech signal.
However, with a signal other than a speech signal and a spectral distribution of the noise other than that assumed for
a noisy environment of the speaker, the Wiener filter is less effective in the task of discerning between noise and speech
and hence, the wanted signal will in general be affected to some degree by a Wiener filter as well. Furthermore, Wiener-
type filters usually introduce some delay, which is undesired.

[0007] Hence, there is a need for a method of attenuating a noise component in an input signal, which has less effect
on a wanted signal component than the methods presently in use.

[0008] In view of this need, this invention provides a method according to claim 1 and a system according to claim 17.
[0009] In particular, the invention provides a method of attenuating noise in an input signal, comprising the steps of:

(a) receiving the input signal;
(b) estimating the power of the input signal to obtain an input power estimate;

(c) determining a noise power value based on the input power estimate, the noise power estimate corresponding
to an estimate of the noise power within the input signal;

(d) determining an attenuation factor based on the noise power value; and

(e) attenuating the input signal by using the attenuation factor.
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[0010] The invention provides a particular way of deriving an estimate for the power of the noise component in the
input signal from the power of the input signal. This estimate may be used to determine an attenuation factor dynamically
in dependence on the estimated power of the noise component. In this way, the invention permits to adapt its attenuation
behavior to the presence of noise more effectively than prior methods. In particular, the invention permits to attenuate
noise during pauses of a wanted signal component in the input signal, particularly in low noise conditions, with less
deterioration of the wanted signal component, as it will more clearly discern between a wanted signal component with
low power and noise.

[0011] The noise to be attenuated may be electronic noise. Electronic noise may be created by electronic components.
Electronic components generating noise may be devices processing and/or amplifying acoustic or non-acoustic signals.
In particular, such electronic components may be network access devices (NADs).

[0012] The input signal may comprise a noise component and a wanted signal component. When a wanted signal is
processed by an electronic component, the electronic component may add a noise component to the wanted signal
component. The method may be used to attenuate the noise component during periods where the input power estimate
of the input signal does not exceed the noise power value multiplied by a predetermined factor. The method may be
applied to identify pauses of the wanted signal component in the input signal. The noise may be strongly reduced during
pauses, while at times where a wanted signal component is present, the attenuation may be adapted to avoid deteriorating
the wanted signal component. Particularly, the wanted signal component may be a speech signal component.

[0013] The power of the input signal may be the modulus or the absolute value of the signal strength. Alternatively,
the power of the input signal may be the square or the square of the modulus of the signal strenght of the input signal.
Correspondingly, the noise power value may be the modulus or the absolute value of the signal strength of a noise
component. Alternatively, the noise power value may also be the square or the square of the modulus of the signal
strength of a noise component. There may be other ways of estimating the power of the input signal or the power of a
noise component. The power of the input signal and the power of the noise component may be determined according
to different ways.

[0014] The input signal may be an analog signal or a digital signal. If the received input signal is an analog signal,
step (a) may comprise digitizing the input signal.

[0015] To digitize an analog signal, a parameter of the analog signal may be determined. Such a parameter may be
the amplitude or the power of the input signal. The parameter of the signal may be determined at a plurality of successive
times. In other words, the input signal may be sampled to obtain signal samples or samples. The successive times may
be separated by an equal period of time. Each sample has a sample value corresponding to the respective signal
parameter value, e.g. the respective amplitude or the power of the signal. The time at which a sample has been obtained
is called the sample time. Samples may be ordered in time according to their sample times. A sequence of time-ordered
samples may be called a digital signal.

[0016] A time-ordered sequence of samples may be divided into blocks of samples. A block of samples may comprise
a fixed number of samples, or the number of samples in a block may be varying. In particular, a block may comprise
only one sample. The input signal may be represented by a sequence of samples. The input signal may also be repre-
sented by a sequence of blocks which has been built from the sequence of samples. The corresponding sequence of
blocks representing the signal may be ordered in time.

[0017] A block of samples may be assigned a block value representing the sample values in the block. The block
value may be the average, or a weighted average, of the sample values of all or a part of the samples in the block, or
may be the value of a selected sample from the block. Each block of samples may be assigned a block time representing
the sample times of the samples in the block. The block time may be the sample time of one of the samples in the block
(e.g. the first or the last one). The block time may be an average of the sample times of the samples in the block.
[0018] Alternatively, the input signal may be a digital input signal. The digital input signal may be represented by a
time-ordered sequence of samples or of blocks of samples as in the case of an analog signal which has been digitized.
[0019] In step (b), the sequence of sample values or of block values representing the digital or digitized input signal
may be smoothed in order to obtain the input power estimate. One sample or block of the smoothed sequence may
correspond to one sample or block of the unsmoothed sequence and have the same sample time. For the smoothing,
afirst order Infinite Impulse Response (lIR) filter may be used. In this way, abrupt changes in the input signal are removed
before further processing of the input signal takes place.

[0020] The input power estimate, the noise power value and the attenuation factor may be determined for a sample
orfor a block of samples, meaning that they are determined for the sample time of the sample or the block time of the block.
[0021] Step (c) may comprise determining whether the input power estimate at a given time is larger than the noise
power value at a previous time. In addition or instead, step (c) may comprise determining whether the input power
estimate at a given time is smaller than or equal to the noise power value determined at a previous time. The input power
estimate may be determined for a sample or block of samples where the sample time or the block time is the given time.
The noise power value may be determined for a sample or block of samples preceding the sample or block of samples
whose sample time or block time is the given time. The preceding sample or block of samples may be directly preceding
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or may be separated by a predetermined number of samples or blocks. The time interval between the given time and
previous time may comprise sample times or block times of a fixed or variable number of samples or blocks.

[0022] Step (c) may comprise increasing the noise power value at a given time if the input power estimate at the given
time is larger than the noise power value at a previous time. The input power estimate may be determined for a sample
or block of samples where the sample time or the block time is the given time. The noise power value may be determined
for a sample or block of samples preceding the sample or block of samples whose sample time or block time is the given
time. The preceding sample or block of samples may be directly preceding or may be separated by a predetermined
number of samples or blocks. The time interval between the given time and the previous time may comprise sample or
block times of a fixed or variable number of samples or blocks. In addition or instead, the noise power value at the given
time may be increased if the input power estimate at the given time is equal to the noise power value at the previous time.
[0023] Step (c) may also comprise decreasing the noise power value at a given time if the input power estimate at the
given time is smaller than the noise power value at a previous time. The decreasing may be accomplished in a way
corresponding to increasing the noise power value.

[0024] Step (c) may comprise determining the noise power value at a given time, based on the noise power value
determined at a previous time, multiplied by an adjustment factor. The noise power value determined at a previous time
may be determined for a sample or block of samples preceding the sample or block of samples whose sample time or
block time is the given time. The preceding sample or block of samples may be directly preceding or may be separated
by a predetermined number of samples or blocks. The time interval between the given time and the previous time may
comprise sample or block times of a fixed or variable number of blocks of samples. The adjustment factor may be a
constant, or may be time dependent. To permit adaptation of the method to a varying signal, the difference between the
given time and the previous time may vary with time.

[0025] In step (c), the noise power value may be bounded below by a predetermined lower noise limit. The predeter-
mined lower noise limit may be constant or time-dependent.

[0026] In step (c), determining a noise power value may be performed based on the input power estimate smoothed
by a filter. The filter may be a Infinite Impulse Response (lIR) filter. The IIR filter may be of first order, or of a higher
order. In particular, the noise power value may be equal to the input power estimate. Determining the noise power
estimate based on the input power estimate smoothed by a filter may be performed for a single sample or block of
samples having a sample time or a block time at a given time. It may be performed for a predetermined amount of
samples or blocks of samples. The predetermined amount of samples or blocks may be the samples or blocks obtained
directly after performance of the method has been started. Alternatively or in addition, determining the noise power
estimate based on the input power estimate smoothed by a filter may be performed for a fraction of the samples or
blocks for which the method is performed. The fraction of samples may be distributed regularly or irregularly over all the
samples for which the method is performed.

[0027] Step (d) may be additionally based on the input power estimate. So, it becomes possible to react more flexibly
to different input power levels.

[0028] Step (d) may comprise determining an indicator value indicating the presence of a wanted signal component
in the input signal at a given time. The attenuation factor may be based on the indicator value. The indicator value may
be based on the noise power value. The indicator value and/or the attenuation factor may be dependent on the input
power estimate.

[0029] The indicator value may be increased if the input power estimate at the given time is smaller than the product
of the noise power value at the given time and a predetermined sensitivity factor. The sensitivity factor may be a
predetermined constant, or may vary with time. The sensitivity factor may be dependent on the maximum and/or the
minimum value of the input power estimate and/or of the noise power value in a period of time. Increasing may comprise
multiplying the indicator value determined at a previous time by a predetermined positive factor greater than one. The
previous time may be the block time or the sample time of a block or sample which precedes the given time. The indicator
value may also be increased if the input power estimate at the given time is equal to the product of the noise power
value at the given time and the sensitivity factor.

[0030] The indicator value may be decreased if the input power estimate at the given time is smaller than the product
of the noise power value at the given time and a predetermined sensitivity factor. The sensitivity factor may be a
predetermined constant, or may vary with time. The sensitivity factor may be dependent on the maximum and/or the
minimum value of the input power estimate and/or of the noise power value in a period of time. Decreasing may comprise
multiplying the indicator value determined at a previous time by a predetermined positive factor smaller than one. The
previous time may be the block time or the sample time of a block or sample which precedes the given time. The indicator
value may also be decreased if the input power estimate at the given time is equal to the product of the noise power
value at the given time and the sensitivity factor.

[0031] The indicator value may be bounded above by a predetermined indicator maximum value and/or may be
bounded below by a predetermined indicator minimum value. The indicator maximum value may be a predetermined
constant or may be a predetermined function of the time. The indicator minimum value may be a predetermined constant
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or may be a predetermined function of the time.

[0032] The indicator maximum value may be a predetermined function of the input power estimate and/or of the noise
power estimate. If the signal power estimate is below the product of the noise power value and a sensitivity factor at a
given time, the indicator value determined at a previous time may be increased and compared to the indicator maximum
value. If the increased indicator value is above the indicator maximum value, then the indicator value may be set to the
indicator maximum value.

[0033] The indicator minimum value may be a predetermined function of the input power estimate and/or of the noise
power estimate. If the signal power estimate is below and/or equal to the product of the noise power value and the
sensitivity factor at a given time, the indicator value determined at a previous time may be decreased and compared to
the indicator minimum value. If the decreased indicator value is below the indicator minimum value, the indicator value
may be set to the indicator minimum value.

[0034] The attenuation factor may be based on the quotient of the indicator value and the input signal estimate. The
attenuation factor may be time dependent. The attenuation factor may be based on the quotient of the squared moduli
of the indicator value and the input signal estimate. In this way, a more abrupt distinction between the presence and the
absence of a wanted signal component may be obtained. The attenuation factor may be equal to the squared moduli of
the indicator value and the input signal estimate.

[0035] The steps (b) to () may be repeated. All the steps (b) to (e) may be performed for one sample or block. In
other words, all the steps (b) to (e) may be performed at the same sample time or block time. In particular, if the input
signal is represented by a sequence of samples or blocks of samples, the steps (b) to (e) may be performed for each
sample or block of samples in the sequence.

[0036] The input signal may comprise an acoustic wanted signal component. The input signal may be received from
a microphone, from a device for reproducing recorded sound, like a CD- or a DVD player or a radio, or from a device
giving spoken instructions to a user, like an electronic navigation device or a system issuing speech prompts. The input
signal may be received from a network access module, particularly a network access module of a telephone network,
or a radio network. The input signal may be received from a hands-free system. The input signal may be received from
a system which is installed in a vehicular cabin.

[0037] The method may be performed in a device dealing with or processing acoustic signals, particularly in a com-
munication device. Such a device may be a mobile telephone or a landline telephone, a hands-free system, a portable
or stationary radio system or a system for controlling devices via voice control. The device may be installed in a vehicular
cabin.

[0038] Step (e) may comprise multiplying the input signal by the attenuation factor. Multiplying the input signal may
comprise multiplying each of the samples of the digital or digitized input signal with the attenuation factor. The attenuation
factor may be applied to a single sample or to all or a part of the samples in one or more blocks of samples

[0039] The attenuation factor may be bounded below by a predetermined attenuation minimum value and bounded
above by a predetermined attenuation maximum value, and/or the attenuation factor may be time dependent. The
attenuation maximum and minimum values may be constant, or at least one of them may be time dependent. The
attenuation maximum and minimum values may depend on the source for the input signal. Hence, it becomes possible
to adapt the method more closely to the characteristics of the signal source. The attenuation factor may be time dependent.
The attenuation factor may depend directly on the time, and/or the attenuation factor may depend on quantities which
are time dependent. The attenuation factor may also be dependent on the input power estimate. Changes of the atten-
uation factor caused by changes of the indicator value may decrease with increasing input power estimate.

[0040] The invention further provides a computer program product comprising one or more computer-readable media
having computer-executable instructions thereon for performing the steps of one of the methods described above when
run on a computer. The methods described above may as a whole or in part be executed by a computer.

[0041] In addition, the invention provides an apparatus for attenuating noise in an input signal, comprising:

means adapted to receive the input signal;
means adapted to estimate the power of the input signal to obtain an input power estimate;

means adapted to determine a noise power value based on the input power estimate, the noise power value cor-
responding to an estimate of the noise power within the input signal;

means adapted to determine an attenuation factor based on the noise power value; and
means adapted to attenuate the input signal by using the attenuation factor.

[0042] The apparatus may be adapted to execute the above-mentioned methods. For example, the means adapted
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to receive the input signal may be configured to digitize the incoming signal if it is an analog signal.

[0043] The means adapted to estimate the power of the input signal may be configured to determine block values for
blocks of successive samples. The means may be configured to perform a smoothing on the sequence of received
samples and/or on the sequence of determined block values by filtering the sequence of samples or of block values.
[0044] The means adapted to determine an attenuation factor may be configured to determine an indicator value
which indicates the presence of a wanted signal in the input signal.

[0045] The apparatus may be a part of a communication device. The communication device may be a network access
module, a mobile or landline telephone, a hands-free system, a portable or stationary radio system or a system for
controlling devices via voice control. The apparatus or the communication device may be installed in a vehicular cabin.
[0046] Further aspects of the invention will be described below with reference to the attached figures.

Figure 1  illustrates in an exemplary way the steps for attenuating noise;
Figure 2 illustrates an example of a noise power value compared to an input power estimate;

Figure 3 illustrates an example for the progress of quantities over time with a common time base, the quantities being:
the input signal amplitude, the input power estimate and the noise power value, the indicator value, the
attenuation factor and the output signal amplitude;

Figure 4 illustrates an input signal;
Figure 5 illustrates an example for the characteristics of a noise gate for a gate threshold value of 0.4.

[0047] Exemplary embodiments of the invention will be described in the following. In the examples to follow, the wanted
signal component in the input signal is assumed to be a speech signal. However, the invention is not limited to this type
of wanted signal component.

[0048] The operation of one embodiment of the invention is illustrated by the flow diagram of Figure 1 in combination
with the graphs of Figure 2.

[0049] In step 110, the input signal may be received in the form of a digital or of an analog signal. If the input signal
is an analog signal, it may be digitized, resulting in a time-ordered sequence of samples with sample values x(k) , where
k is the index of the respective sample in the sequence of samples representing the input signal. The index k corresponds
to the sample time where the sample value x(k) has been determined.

[0050] Thesamples may be dividedinto consecutive blocks of Ny, Successive samples. The blocks may be numbered
by an index according to their order. In a first step, the average x; (1) of the sample values of the samples in the n-
th block (i.e. the block with index n) may be determined and assigned to the n-th block as block value :

Nppoek =1

N Z |x(n Notock — m)|. (1)

block m=0

xp,cur (n) =

[0051] In step 120, the sequence of the block values x, ;,,(n) may be smoothed using a first order Infinite Impulse
Response (lIR) filter characterized by the parameters Bp’, between 0 and 1 for increasing input signal power and Bp,f
between 0 and 1 for declining input signal power, thus obtaining the input power estimate x,(n) as:

Boe x,(n=-D)+1A- B, )x,...(n), forx,  (n)>x(n-1,
xp(n) = (2)
Boe x,(n=D)+1A=B,)x, 0 (n), forx,, (n)<x,(n-1).

[0052] The input power estimate may serve as a basis for deriving the noise power value x,,(n) , corresponding to an
estimate of the noise power component in the input signal, in step 130:
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[Boxa(n =1+ (1= B)x,(n), for n < ny,

max{Kdec,f xn (n - 1)’ xn,min }’ for nz ninit b xn (n - 1) > xp (n)9 z.dec > Tdec,th

xy (1) = 9 max{lcdec,sxn (n-1), X min Lh,afornzng,, x,(n-1)> X, (n), T4 < T ec.th (3)

amint> JOr n2ny, x,(n-1)<x,(n), 7, >7

max {x;, X, (n—1), x

inc,s n,min }= for nz Piie » Xh (n - 1) < xp (}1), Tine < z.inc,th‘

max{x; . x,(n -1), x

[0053] It can be seen from (3) that, during a predetermined initialization period n < n,; with an ny;; > 0, i.e. dealing
with blocks with an index n < n,;;, the noise power value is based on the input power estimate, but smoothed by a first
order Infinite Impulse Response (lIR} filter characterized by the parameter f3,,. After the predetermined initialization
period, the input power value may be limited by the lower limit x;, ;. At a block index n where the input power estimate
is smaller than the noise power value at the preceding block with index n-1, the noise power value may be reduced by
a positive factor kyeq ¢ < 10 Kye ¢ < 1 depending on the number of preceding decreases 14, being more than a given
threshold value Tyes 1, OF Not. The parameter Kyq  realizes a slow decrease, while Ky ¢, Which is effective after a
number T4e. 1, Of slow decreases, has the effect of a fast decrease so as to follow larger changes in the input power
estimate quickly.

[0054] Inthe case that the input power estimate at a block index n is equal or larger than the noise power value at the
preceding block with index n-1, the noise power value may show a corresponding behavior, i.e. the noise power value
may be increased by a positive factor ;. s > 1to cause a small increase when the number of consecutive increases is
less or equal than Tj. 1, » @nd the noise power value may be increased by the positive factor ki, > 1 for a steeper
increase after the number of consecutive increases exceeds Tjn v, -

[0055] An example of the behavior of the input power estimate and the corresponding noise power value is illustrated
in Figures 2 and 3. In Figure 3a, the amplitude of an input signal is shown. Four intervals of speech are recorded, and
the level of remote noise has been set to zeroes until a time of 14,5 seconds Then the noise level has been increased
to about -47 db in a time interval between 14.5 and 24 seconds. Figures 2 and 3b present the corresponding input power
estimate and noise power value. The solid line shows the input power estimate according to equation (2). The dashed
line presents the noise power value determined according to equation (3). It can be seen that the noise power value
approximates a lower limit of the input power estimate. At a time of about 17.5 seconds, one can observe that the rate
with which the noise power value is increased switches from the smaller k;;  to the larger x;,.  and thus leads to a
much steeper incline which continues until a time is reached where the noise power value becomes larger than the input
power estimate.

[0056] Based on the input power estimate and the noise power value, the attenuation factor may be determined in
step 140. In the exemplary embodiment, the attenuation factor may comprise an indicator value which may be used to
discern between periods where the input power estimate of the input signal is higher than the noise power value, multiplied
by a sensitivity factor o. > 0, i.e. where the wanted signal component is predominant, and periods where this is not the
case. In this context, the sensitivity factor o may be defined and the criterion may be established that a frame n is
assumed to comprise a wanted signal component if the quotient between the input power estimate and the noise power
value is greater than the sensitivity factor. Based on this criterion, the indicator value xy,(n) may be defined as follows:

MAaX{X e min> Baate,s Xgae B — 1D}, for x,(n) > a x, (n)

xgate(n) = . . (4)
MIN{X 0 max> Biate,c¥gae (1 — 1}, Otherwise.

[0057] From equation (4), it can be seen that x,,(n) decreases to a minimum value as long as the above criterion is
met, i.e. as long as the input power estimate exceeds the product of the noise power value and the sensitivity factor. In
this case, the indicator value may be decreased by the positive factor By, ¢ < 1 for each consecutive block n until it
reaches a minimum value Xy min @s long as the criterion for the presence of a wanted signal is met by consecutive
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blocks of samples. If the above criterion is not satisfied, then the indicator value may be increased by the positive factor
Bgate,r > 1 for each consecutive block n until an upper limit of x;ate may is reached. Values for Xgate max @nd Xgate, min May
be chosen to optimize the behavior of the attenuation factor. The value for the upper limit x;4te max May be chosen such
that no noise is audible in periods where the input signal does not comprise any wanted signal component, while Xyate min
may be selected such that the wanted signal component is not degraded in periods where a wanted signal component
is present, even if a small amount of noise may still be audible.

[0058] Figure 3c shows the progress of the indicator value according to equation (4) as derived from the values for
the input power estimate and the noise power value illustrated in Figure 3b. It can be seen that the indicator value is at
or near its upper limit Xy max Over periods where no speech component is present in the input signal or where the
power estimate for the input signal is clearly above the noise power value. At times where the input power estimate for
the input signal is close to the noise power value or is even below it, the indicator value quickly falls to its lower limit of
Xgate,min - 1 he indicator value, multiplied by 20, is also depicted as a dashed line in Figure 3a, showing that it has a high
value during periods where the input signal has a low amplitude.

[0059] With the help of the indicator value, the attenuation factor gyg(n) may be defined as

Xgate (17)
x,(n)

()

gNS (n) = max gNS,min » Min gNS,max b4 1 -

[0060] From equation (5), it can be seen that the behavior of the attenuation factor is similar to that of the indicator
value, but with an inverted trend. If a wanted signal component is present in the input signal, then the indicator value

X gate (1)
falls to low values while the input power estimate increases, and the term | — g 7 gets close to 1 with the
x, (1)
P
. xgale (n) . .
consequence that min{ gue maxs | — ———— ¢ @nd hence, the attenuation factor get to the upper limit of gg max »
’ xp(n)

if the limits gys maxs 9ns,min @r€ chosen correspondingly. In the absence of a wanted signal component in the input signal,

xgate (n)

x,(n)
In addition, it can be seen that the smaller the input power estimate x,(n) is, the stronger is the effect of changes of the
indicator value xgy,e(n) on the attenuation factor gys(n). At times where the input power estimate is high in comparison

to the indicator value, changes of the indicator value cause small changes of the attenuation factor. In other words,
changes in the indicator value have a stronger effect on the attenuation factor at times with low input power estimate.
For this reason, the attenuation factor described by equation (5) is particularly well suited for attenuating noise at times
where there is only a weak input signal or no input signal at all.

[0061] Figure 3d illustrates the progress of the attenuation factor as described by equation (5). Over periods where
the input power estimate is low, the attenuation factor behaves about inversely to the indicator value, i.e. it rises when
the indicator value falls, and it falls when the indicator value rises, and it is at a high value when the indicator value is
at a low value, and vice versa. Most of time, the attenuation factor is either at its lower limit gyg min OF at its upper limit
INS,max -

[0062] However, at the times where the input power estimate is at a high level over an extended period of time, there
is a time interval where the indicator value changes to high values, but the attenuation factor does not react to the change
by a corresponding decline. This behavior is due to the fact that, according to the presence of x,(n) in the nominator of
the expression for gys(n) in equation (5), the effect of changes in the indicator value is the smaller, the higher the value
of x,(n) is. Hence, the embodiment illustrated in Figure 3 is particularly adapted to attenuating noise where the input
power estimate is low. Such a situation may be present if noise has to be attenuated during pauses of a speech signal.
This may happen if the input signal is the speech of a speaker over a telephone line, where the noise of the telephone
system has to be attenuated during speech pauses. Another situation to which an embodiment of the invention may be
applied is attenuating noise in the reproduction of sound by a high quality amplifier, particularly the amplifier of a car

theterm | — will be close to zero and thus, the attenuation factor tends towards the lower limit of gy i, -
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stereo system. In this case, noise may be mainly attenuated during passages with low sound level or between two pieces
of music.

[0063] Having determined the attenuation factor, the input signal may be attenuated by using the attenuation factor
in step 150. The input signal may be attenuated by multiplying the k-th sample value x(k) with the attenuation factor
which may be derived from the data block n to which the data sample belongs. In this way, an output signal sample
value y(k) (160) is obtained as

y(k) = gns [ 1 x(k). (6)

block

[0064] In equation (6), the operator M denotes the next integer number greater or equal to its argument. In this way,
the attenuation factor may be applied to the samples of the input signal using the original rate of samples, even if the
attenuation factor is derived from blocks of samples of the size Nyjpk -

[0065] In Figure 3e, the output signal corresponding to the input signal of Figure 3a and generated by the exemplary
embodiment discussed above is presented. It can be seen that the noise has been removed from the speech pauses
in the periods where the signal level has been low, i.e. in the first 14 seconds and at times later than 24 seconds.
[0066] The effect of the attenuation factor gyg on the input signal x(k) is similar to a scalar version of a Wiener filter.

So, in another embodiment, squared values may be used in the attenuation factor, such that gyg(n) comprises the

2
2
lxgate (n)‘ xg“e (n)
2 Tk
[x, ()| xt(n)
[0067] However, the attenuation factor according to equation (6) provides a more gentle suppression characteristic.
[0068] It is to be understood that different parts and components of the method and apparatus described above can

also be implemented so as to be independent of each other and be combined in different form. Furthermore, the above-
described embodiments are to be construed as exemplary embodiments only.

quotient

Claims
1. A method for attenuating noise in an input signal, comprising the steps of:

(a) receiving the input signal (110);

(b) estimating the power of the input signal to obtain an input power estimate (120);

(c) determining a noise power value based on the input power estimate, the noise power value corresponding
to an estimate of the noise power within the input signal (130);

(d) determining an attenuation factor based on the noise power value (140); and

(e) attenuating the input signal using the attenuation factor (150).

2. The method according to claim 1, wherein determining the noise power value comprises determining whether the
input power estimate at a given time is larger than the noise power value at a previous time.

3. The method according to one of the preceding claims, wherein determining the noise power value comprises in-
creasing the noise power value at a given time if the input power estimate at the given time is larger than the noise
power value at a previous time.

4. The method according to one of the preceding claims, wherein determining the noise power value comprises de-
termining the noise power value at a given time based on the noise power value determined at a previous time and

multiplied by an adjustment factor.

5. The method according to one of the preceding claims, wherein in the step of determining the noise power value,
the noise power value is bounded below by a predetermined lower noise limit.

6. The method according to one of the preceding claims, wherein, over a predetermined period, the step of determining
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the noise power value is performed based on the input power estimate smoothed by a filter.

The method according to one of the preceding claims, wherein determining the attenuation factor is additionally
based on the input power estimate.

The method according to one of the preceding claims, wherein determining the attenuation factor comprises deter-
mining an indicator value indicating the presence of a wanted signal component in the input signal at a given time,
in particular, where the indicator value is increased if the input power estimate at the given time is larger than the
product of the noise power value at the given time and a predetermined sensitivity factor.

The method according to one of the preceding claims, wherein determining the attenuation factor comprises deter-
mining an indicator value indicating the presence of a wanted signal component in the input signal at a given time,
in particular, where the indicator value is decreased if the input power estimate at the given time is smaller than the
product of the noise power value at the given time and a predetermined sensitivity factor.

The method according to claims 8 or 9, wherein the indicator value is bounded above by a predetermined indicator
maximum value and/or bounded below by a predetermined indicator minimum value.

The method according to one of claims 8 - 10, wherein the attenuation factor is based on the quotient of the indicator
value and the input signal estimate and/or the attenuation factor is time dependent.

The method according to one of the preceding claims, wherein the steps (b) to (e) are repeated at successive points
in time.

The method according to one of the preceding claims, wherein the input signal comprises an acoustic wanted signal
component.

The method according to one of the preceding claims, wherein the attenuation factor is bounded below by a prede-
termined attenuation minimum value and/or bounded above by a predetermined attenuation maximum value and/or
the attenuation factor is time dependent.

Computer program product comprising one or more computer-readable media having computer-executable instruc-
tions thereon for performing the steps of the method of one of the preceding claims when run on a computer.

An apparatus for attenuating noise in an input signal, comprising:

means adapted to receive the input signal;

means adapted to estimate the power of the input signal to obtain an input power estimate;

means adapted to determine a noise power value based on the input power estimate, the noise power value
corresponding to an estimate of the noise power within the input signal;

means adapted to determine an attenuation factor based on the noise power value;

means adapted to attenuate the input signal by using the attenuation factor.

Amended claims in accordance with Rule 137(2) EPC.

1. A method for attenuating noise in an input signal, comprising the steps of:

(a) receiving the input signal (110);

(b) estimating the power of the input signal to obtain an input power estimate (120);

(c) determining a noise power value based on the input power estimate, the noise power value corresponding
to an estimate of the noise power within the input signal (130);

(d) determining an attenuation factor based on the noise power value (140); and

(e) attenuating the input signal using the attenuation factor (150),

wherein the input signal is an analog signal or a digital signal, and if the input signal is an analog signal, step (a)
comprises digitizing the input signal.

10
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2. The method according to claim 1, wherein determining the noise power value comprises determining whether
the input power estimate at a given time is larger than the noise power value at a previous time.

3. The method according to one of the preceding claims, wherein determining the noise power value comprises
increasing the noise power value at a given time if the input power estimate at the given time is larger than the noise
power value at a previous time.

4. The method according to one of the preceding claims, wherein determining the noise power value comprises
determining the noise power value at a given time based on the noise power value determined at a previous time
and multiplied by an adjustment factor.

5. The method according to one of the preceding claims, wherein in the step of determining the noise power value,
the noise power value is bounded below by a predetermined lower noise limit.

6. The method according to one of the preceding claims, wherein, over a predetermined period, the step of determining
the noise power value is performed based on the input power estimate smoothed by a filter.

7. The method according to one of the preceding claims, wherein determining the attenuation factor is additionally
based on the input power estimate.

8. The method according to one of the preceding claims, wherein determining the attenuation factor comprises
determining an indicator value indicating the presence of a wanted signal component in the input signal at a given
time, in particular, where the indicator value is increased if the input power estimate at the given time is larger than
the product of the noise power value at the given time and a predetermined sensitivity factor.

9. The method according to one of the preceding claims, wherein determining the attenuation factor comprises
determining an indicator value indicating the presence of a wanted signal component in the input signal at a given
time, in particular, where the indicator value is decreased if the input power estimate at the given time is smaller
than the product of the noise power value at the given time and a predetermined sensitivity factor.

10. The method according to claims 8 or 9, wherein the indicator value is bounded above by a predetermined
indicator maximum value and/or bounded below by a predetermined indicator minimum value.

11. The method according to one of claims 8 - 10, wherein the attenuation factor is based on the quotient of the
indicator value and the input signal estimate and/or the attenuation factor is time dependent.

12. The method according to one of the preceding claims, wherein the steps (b) to (e) are repeated at successive
points in time.

13. The method according to one of the preceding claims, wherein the input signal comprises an acoustic wanted
signal component.

14. The method according to one of the preceding claims, wherein the attenuation factor is bounded below by a
predetermined attenuation minimum value and/or bounded above by a predetermined attenuation maximum value
and/or the attenuation factor is time dependent.

15. Computer program product comprising one or more computer-readable media having computer-executable
instructions thereon for performing the steps of the method of one of the preceding claims when run on a computer.

16. An apparatus for attenuating noise in an input signal, comprising:

means adapted to receive the input signal;

means adapted to estimate the power of the input signal to obtain an input power estimate;

means adapted to determine a noise power value based on the input power estimate, the noise power value
corresponding to an estimate of the noise power within the input signal;

means adapted to determine an attenuation factor based on the noise power value;

means adapted to attenuate the input signal by using the attenuation factor,

11
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wherein the input signal is an analog signal or a digital signal, and the means adapted to receive the input signal
are also adapted to digitize the input signal if the input signal is an analog signal.

12
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