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FEEDBACK CANCELLERAND HEARINGAID

CROSS-REFERENCE TO RELATEDAPPLICATION

This application claims priority from Japanese Patent Application No.

2017-139497 filed with the Japan Patent Office on July 18, 2017, the entire contents of

which are hereby incorporated by reference.

BACKGROUND

1. Technical Field

This disclosure relates to a feedback canceller and a hearing aid.

2. Related Art

A typical hearing aid includes a microphone configured to collect sound

transmitted from an external space, and a receiver configured to output sound to a user�s

external ear canal. Upon use of the hearing aid, the sound output from the receiver

might leak to the external space from the external ear canal, and might be fed back to

the microphone. In this condition, acoustic feedback might occur. A feedback

canceller with using an adaptive filter configured to adaptively estimate a feedback

transfer function has been broadly known as a device configured to reduce occurrence

of such acoustic feedback. The feedback canceller of this type is effective for reducing

occurrence of typical acoustic feedback. However, when a periodic signal is input,

there are possibilities that failure of adaptive operation is caused. That is, in a case

where the signal input to the adaptive filter exhibits periodicity close to a sine wave (an

autocorrelation is high), so-called entrainment occurs. For this reason, a phenomenon

has been known, in which noise occurs due to distortion of the input signal. For

example, a configuration in which a whitening filter (a frequency equalization unit) is
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inserted into an input side of the adaptive filter to whiten the input signal (lower the 

autocorrelation) has been proposed as measures against entrainment (see, e.g., 

JP-T-2007-525917). 

 

SUMMARY 

 The hearing aid of this disclosure includes a receiver configured to convert an electric 

signal into sound; a microphone configured to convert sound into an electric signal; an adaptive 

filter configured to adaptively estimate a feedback transfer function from the receiver to the 

microphone; a subtractor configured to subtract an output signal of the adaptive filter from an 

output signal of the microphone, thereby generating a first signal; a hearing aid processor 

configured to perform predetermined hearing aid processing for the first signal, thereby 

generating a second signal to be input to the receiver; a first whitening filter configured to whiten 

the first signal; a second whitening filter having a whitening filter coefficient identical to that of 

the first whitening filter and configured to whiten the second signal; a coefficient updater 

configured to update the coefficient of the adaptive filter based on each of output signals of the 

first and second whitening filters; and a controller configured to perform control of operation of 

the adaptive filter and the first and second whitening filters.  The controller updates and saves a 

stabilization coefficient which is the coefficient of the adaptive filter obtained at a point in time 

in which the autocorrelation of the first signal is low, obtains the coefficient of the adaptive filter, 

determines the presence or absence of a change in the feedback transfer function based a 

difference or a ratio between the obtained coefficient of the adaptive filter and the stabilization 

coefficient, and performs, when it is determined that the feedback transfer function has changed, 

the control in order that effectiveness of whitening by the first and second whitening filters is 

reduced as compared to that when it is determined that the feedback transfer function does not 

change. 
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BRIEF DESCRIPTION OF DRAWINGS

Fig. 1 is a block diagram of a specific configuration example relating to digital

signal processing in a hearing aid of this embodiment;

Fig. 2 is a diagram of a configuration example of a M-stage adaptive lattice

filter as a whitening filter of Fig. 1;

Fig. 3 is a flowchart of an example of operation control by a controller in the

hearing aid of this embodiment;

Fig. 4 is a graph of an example of a change in a reflection coefficient average

(n) and a threshold T1, the average change and the threshold T1 overlapping with each

other in the graph;

Figs. 5A and 5B are graphs of numerical value examples of a coefficient W(n)

and a stabilization coefficient Ws(n) for 32 taps;

Figs. 6A and 6B are graphs of frequency characteristics obtained in such a

manner that the coefficient W(n) and the stabilization coefficient Ws(n) of Figs. 5A and

5B are converted into frequencies;

Fig. 7 is a graph of an example of a change in a difference sum D(n) and a

threshold T2, the difference sum change and the threshold T2 overlapping with each

other in the graph;

Fig. 8 illustrates a variation in which processing of steps S6, S7 of the

flowchart of Fig. 3 is changed; and

Fig. 9 is a block diagram of one variation of the configuration example of Fig.

1 in the hearing aid of this embodiment.

DETAILED DESCRIPTION
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In the following detailed description, for purpose of explanation, numerous

specific details are set forth in order to provide a thorough understanding of the

disclosed embodiments. It will be apparent, however, that one or more embodiments

may be practiced without these specific details. In other instances, well-known

structures and devices are schematically shown in order to simplify the drawing.

By whitening the input signal with using the above-described whitening filter,

occurrence of entrainment (the noise) in the feedback canceller can be reduced.

However, an acoustic feedback signal is whitened by the whitening filter, assuming that

the acoustic feedback occurs in the feedback canceller. Thus, suppression of the

acoustic feedback in the feedback canceller is insufficient, leading to a problem that an

acoustic feedback suppression time is extended. Note that in the case of applying, as

the measures against entrainment, a frequency shift method without using the whitening

filter, lowering of sound quality is inevitable.

The hearing aid of this disclosure has been developed to solve these problems.

That is, this disclosure provides a hearing aid etc. configured in order that occurrence of

noise due to entrainment is reduced by a simple configuration with using whitening

filters while acoustic feedback is effectively suppressed within a short acoustic feedback

suppression time.

For solving the above-described problems, the hearing aid of this disclosure

includes a receiver (11) configured to convert an electric signal into sound; a

microphone (12) configured to convert sound into an electric signal; an adaptive filter

(13) configured to adaptively estimate a feedback transfer function (F(z)) from the

receiver to the microphone; a subtractor (17) configured to subtract an output signal of

the adaptive filter from an output signal of the microphone, thereby generating a first

signal (e(n)); a hearing aid processor (10) configured to perform predetermined hearing
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aid processing for the first signal, thereby generating a second signal (s(n)) to be input

to the receiver; a first whitening filter (15) configured to whiten the first signal; a

second whitening filter (16) having a whitening filter coefficient ( (n)) identical to that

of the first whitening filter and configured to whiten the second signal; a coefficient

updater (14) configured to update the coefficient (W(n)) of the adaptive filter based on

each of output signals of the first and second whitening filters; and a controller (18)

configured to perform control of operation of the adaptive filter and the first and second

whitening filters. The controller updates and saves, as a stabilization coefficient

(Ws(n)), the coefficient of the adaptive filter in a condition in which the autocorrelation

of the first signal is low, determines the presence or absence of a change in the feedback

transfer function based on the coefficient of the adaptive filter and the stabilization

coefficient, and performs, when it is determined that the feedback transfer function has

changed, the control in order that effectiveness of whitening by the first and second

whitening filters is reduced as compared to that when it is determined that the feedback

transfer function does not change.

According to the hearing aid of this disclosure, the controller configured to

control operation of the first and second whitening filters updates and saves, as the

stabilization coefficient, the coefficient of the adaptive filter when the input first signal

is in a stable condition. Thereafter, based on the obtained coefficient of the adaptive

filter and the saved stabilization coefficient, the controller determines a change in the

feedback transfer function, and according to such a determination result, can properly

control the effectiveness of whitening by each whitening filter. Thus, in a situation

where no acoustic feedback occurs, occurrence of entrainment can be reduced by

operation of the whitening filters. In addition, in a situation where the acoustic

feedback occurs, the effectiveness of whitening can be controlled in order that operation
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of the whitening filters do not provide an adverse effect to adaptive operation of the

adaptive filter. At this point, a change in the feedback transfer function is determined

with using the stabilization coefficient updated in a low autocorrelation condition.

Thus, erroneous determination in a condition in which a signal with a high

autocorrelation has been input can be avoided. With the above-described

configuration, both of reduction in entrainment causing the problems in the hearing aid

and prompt and reliable acoustic feedback suppression can be realized.

The controller of this embodiment, for example, calculates the average ( (n))

of the whitening filter coefficients, and compares a preset first threshold (T1) and the

average. When it is determined that the average is smaller, the controller can perform

the control to update the stabilization coefficient. At this point, in a condition in which

the signal with the high autocorrelation is input to the whitening filters, the average of

the whitening filter coefficient inevitably increases, and therefore, the above-described

determination conditions are not satisfied. For this reason, the stabilization coefficient

in the low autocorrelation condition can be obtained by the above-described control.

For example, an adaptive lattice filter with a predetermined number of stages

can be used as the whitening filter of this embodiment. The whitening filter

coefficient in this case is the reflection coefficient of the adaptive lattice filter. The

adaptive lattice filter is effective in terms of increasing a convergence velocity as

compared to other whitening filters.

One example of the control by the controller of this embodiment includes the

control performed in order that the effectiveness of whitening is at a predetermined

level when it is determined that the feedback transfer function does not change and

performed in order that the effectiveness of whitening is lower than the predetermined

level when it is determined that the feedback transfer function has changed. In this
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case, various levels of the effectiveness of whitening and various numbers of stages can

be set according to actual environment. Other examples of the control by the

controller used in this embodiment include the control to actuate (ON) the whitening

filters when it is determined that the feedback transfer function does not change and to

stop operation (OFF) of the whitening filters when it is determined that the feedback

transfer function has changed.

For example, the controller of this embodiment calculates the sum (D(n)) of a

difference between the coefficient of the adaptive filter and the stabilization coefficient,

and compares a preset second threshold (T2) with the difference sum D(n). According

to a comparison result, the controller can perform the control to determine the presence

or absence of a change in the feedback transfer function. When the coefficient of the

adaptive filter temporarily changes due to occurrence of the acoustic feedback, the

stabilization coefficient difference increases. Thus, the above-described control can

easily determine that the feedback transfer function has changed.

When determining that the feedback transfer function has changed, the

controller of this embodiment can perform the control to increase the convergence

velocity of the adaptive filter in addition to the control to reduce the effectiveness of

whitening by the whitening filters. This allows convergence of the adaptive filter

within a short period of time in a situation where the acoustic feedback occurs. Note

that for increasing the convergence velocity of the adaptive filter, the step size of the

adaptive filter may be increased, for example.

Moreover, for solving the above-described problems, a feedback canceller of

this disclosure includes a first conversion device configured to convert an electric signal

into sound; a second conversion device configured to convert sound into an electric

signal; an adaptive filter configured to adaptively estimate a feedback transfer function
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from the first conversion device to the second conversion device; a subtractor

configured to subtract an output signal of the adaptive filter from an output signal of the

second conversion device, thereby generating a first signal; a signal processor

configured to perform predetermined signal processing for the first signal, thereby

generating a second signal to be input to the first conversion device; a coefficient

updater configured to update the coefficient of the adaptive filter; and a controller

configured to perform at least control of operation of the adaptive filter. The controller

updates and saves, as a stabilization coefficient, the coefficient of the adaptive filter in a

condition in which the autocorrelation of the first signal is low, and determines the

presence or absence of a change in the feedback transfer function based on the

coefficient of the adaptive filter and the stabilization coefficient.

According to the feedback canceller of this disclosure, the presence or absence

of a change in the feedback transfer function due to, e.g., occurrence of the acoustic

feedback can be determined based on the coefficient of the adaptive filter and the

updated and saved stabilization coefficient. Thus, various types of control can be

executed according to a determination result.

The feedback canceller of this disclosure may further include a first whitening

filter configured to whiten the first signal, and a second whitening filter having a

whitening filter coefficient identical to that of the first whitening filter and configured to

whiten the second signal. The coefficient updater may update the coefficient of the

adaptive filter based on each of output signals of the first and second whitening filters.

When the feedback transfer function has changed, the controller may perform the

control in order that effectiveness of whitening by the first and second whitening filters

is reduced as compared to that when the feedback transfer function does not change.

With this configuration, the feedback canceller providing advantageous effects similar
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to those of the above-described hearing aid is, for example, applicable to a variety of

equipment and systems such as an echo canceller (a conferencing system).

As described above, the hearing aid is configured to include the feedback

canceller of this disclosure can reduce occurrence of noise due to entrainment with

using the whitening filters, and can properly control operation of the whitening filters

according to the presence or absence of a change in the feedback transfer function.

With this configuration, influence of the whitening filters on the adaptive operation of

the adaptive filter can be reduced, and the acoustic feedback can be reliably suppressed

within a short acoustic feedback suppression time. Moreover, the feedback canceller

of this disclosure can realize, with better sound quality, both of measures against

entrainment and acoustic feedback suppression as compared to the case of applying a

frequency shift method as the measures against entrainment, for example.

Hereinafter, this embodiment will be described with reference to the attached

drawings. In this embodiment, an example of a hearing aid of a feedback canceller of

this disclosure will be described.

Fig. 1 is a block diagram of a specific configuration example relating to digital

signal processing in the hearing aid of this embodiment. The configuration example of

Fig. 1 illustrates a hearing aid processor 10, a receiver 11, a microphone 12, an adaptive

filter 13, a coefficient updater 14, two whitening filters 15, 16, a subtractor 17, and a

controller 18. Of these components, other components than the receiver 11 and the

microphone 12 can be, for example, implemented by signal processing by a digital

signal processor (DSP) configured to execute digital signal processing. Each

component of Fig. 1 is operated by power supplied from a battery (not shown) set to the

inside of the hearing aid. Note that although not shown in the figure, a DA converter

configured to convert a digital signal into an analog signal is provided on an input side
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of the receiver 11. Further, an AD converter configured to convert an analog signal

into a digital signal is provided on an output side of the microphone 12.

In the above-described configuration, the hearing aid processor 10 is

configured to amplify an error signal e(n) output from the subtractor 17. In addition,

the hearing aid processor 10 is configured to perform predetermined hearing aid

processing set separately to fit each user, thereby outputting a signal s(n) subjected to

the hearing aid processing. The hearing aid processing by the hearing aid processor 10

is represented by a transfer function G(z) illustrated in Fig. 1. Examples of the hearing

aid processing applicable by the hearing aid processor 10 include a variety of processing

according to hearing characteristics of the hearing aid user and use environment, such as

addition of a predetermined gain to the error signal e(n) and multiband compression,

noise reduction, tone control, and output limiting process for the error signal e(n).

Note that the error signal e(n) input to the hearing aid processor 10 corresponds

to a first signal of this embodiment, and the signal s(n) output from the hearing aid

processor 10 corresponds to a second signal of this embodiment.

The receiver 11 is, for example, located in the external ear canal of the user,

and is configured to convert the signal s(n) output from the hearing aid processor 10

into sound to output the sound to a space in the external ear canal. For example, an

electromagnetic receiver can be used as the receiver 11. Moreover, the microphone 12

is configured to collect sound transmitted from an external space of the hearing aid,

thereby converting the sound into an electric signal. This electric signal is, as a desired

signal d(n), output from the microphone 12. Micro Electro Mechanical Systems

(MEMS) or a condenser microphone can be used as the microphone 12.

In Fig. 1, only external environmental sound is ideally input to the microphone

12. Note that the sound output from the receiver 11 is, in fact, picked up from the
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external ear canal by the microphone 12 via the external space, and turns to feedback

sound. At this point, a feedback transfer function F(z) in a feedback path from the

input of the receiver 11 to the output of the microphone 12 can be assumed. Note that

the receiver 11 and the microphone 12 each have unique transfer functions. It can be

considered that any of these transfer functions is included in the feedback transfer

function F(z). The feedback transfer function F(z) changes, for example, according to

a hearing aid structure, behavior of the user (e.g., a case where the hand of the user

approaches the hearing aid), or surrounding environment (e.g., in an automobile). A

change in the feedback transfer function F(z) is a cause for acoustic feedback of the

hearing aid. As will be described later, the hearing aid of this embodiment has, for

reducing occurrence of such acoustic feedback, such a configuration that the feedback

transfer function F(z) is estimated to cancel a feedback component. Details of such a

configuration will be described later.

The adaptive filter 13 is configured to adaptively estimate a transfer function

W(z) corresponding to the feedback transfer function F(z) for the signal s(n) subjected

to the hearing aid processing, with using a coefficient W(n) supplied from the

coefficient updater 14, thereby generating an output signal y(n). Note that the

subtractor 17 is configured to subtract the output signal y(n) of the adaptive filter 13

from the desired signal d(n). A signal obtained by subtraction is, by the subtractor 17,

output as the error signal e(n). Moreover, the coefficient updater 14 is configured to

sequentially update the coefficient W(n) used for data processing in the adaptive filter

13. For example, a finite impulse response (FIR) with a predetermined number of taps

(e.g., 32 taps) can be used as the adaptive filter 13. The coefficient updater 14 can

employ a variety of adaptive algorithms such as a least mean square (LMS) algorithm,

for example.
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The error signal e(n) is input to one whitening filter 15. The whitening filter

15 is configured to whiten (decorrelate) the input error signal e(n), thereby generating

an output signal. The signal s(n) is input to the other whitening filter 16. The

whitening filter 16 is configured to whiten (decorrelate) the input signal s(n), thereby

generating an output signal. Each of the output signals of two whitening filters 15, 16

is supplied to the coefficient updater 14. Amain function of the whitening filters 15,

16 is to reduce occurrence of noise by operating the coefficient updater 14 based on the

decorrelated signal. Operation of the whitening filters 15, 16 is controlled by the

later-described controller 18. The contents of such control will be described later. As

illustrated in Fig. 1, a whitening filter coefficient identical to that set for one whitening

filter 15 is also set for the other whitening filter 16. Thus, two whitening filters 15, 16

exhibit the same characteristics.

Specifically, an adaptive lattice filter can be, for example, employed as the

whitening filter 15, 16. Fig. 2 illustrates a configuration example of a M-stage

adaptive lattice filter. The adaptive lattice filter illustrated in the configuration

example of Fig. 2 is configured to sequentially calculate, for each of M stages, forward

and backward prediction errors fm(n), bm(n) according to the following formulae (1) and

(2), with using a reflection coefficient m(n), based on an input observation signal x(n):

where forward and backward reflection coefficients m
(f)
(n), m

(b)
of Fig. 2 are simply

represented as the reflection coefficient m(n) in the formulae (1) and (2).

Moreover, for the sake of simplicity in description, the reflection coefficient

m(n) will be hereinafter sometimes simply referred to as a reflection coefficient (n).
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By such calculation using the formulae (1) and (2), a decorrelated signal from

which a correlation component contained in the observation signal x(n) has been

removed is output from a final stage of the adaptive lattice filter. Note that the

whitening filters 15, 16 are not limited to the configuration example of Fig. 2, and a

variety of configurations can be employed. Note that in the case of increasing a

convergence velocity, the adaptive lattice filter is an effective configuration.

In this embodiment, when the whitening filters 15, 16 are provided only as

measures against entrainment, the acoustic feedback component is also whitened at the

same time. This leads to insufficient adaptation, and therefore, there are possibilities

that an acoustic feedback suppression time is extended. For this reason, in this

embodiment, the controller 18 can reliably suppress the acoustic feedback while taking

the measures against entrainment by the whitening filters 15, 16. Hereinafter, an

example of operation control by the controller 18 will be specifically described with

reference to a flowchart of Fig. 3.

The flowchart of Fig. 3 shows, for example, the flow of processing executed by

the controller 18 in every frame (e.g., 1 ms) as a predetermined time interval. When

the processing illustrated in Fig. 3 begins, the controller 18 obtains the M-stage

reflection coefficients (n) of the whitening filter 15 at this point, thereby obtaining the

sum of these coefficients. Thereafter, the controller 18 calculates the average (n) of

the reflection coefficient (a step S1). A case where the whitening filters 15, 16 have

the configuration of the adaptive lattice filter illustrated in Fig. 2 will be described

herein. In this case, at the step S1, M reflection coefficients 0(n) to M-1(n) for a target

frame in the configuration of the M-stage adaptive lattice filter of Fig. 2 are obtained.

At the step S1, the average (n) of the reflection coefficient can be calculated

according to the following formula (3):
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Next, the value of the average (n) of the reflection coefficient calculated at

the step S1 and the value of a preset threshold T1 (a first threshold of this embodiment)

(a step S2) are compared to determine which is larger or smaller. Fig. 4 is a graph of

an example of a change in the average (n) of the reflection coefficient and the

threshold T1, the average (n) and the threshold T1 overlapping with each other along a

time axis in the graph. In the example of Fig. 4, a so-called Buddhist bell (a Buddhist

instrument for ringing a bell with a rod) is ringed three times within a range of 25

seconds. Moreover, the M-stage (= 16 stages) reflection coefficients (n) upon input to

the whitening filter 15 are extracted. With using the extracted reflection coefficients,

the average (n) calculated based on the formula (3) is plotted. That is, Fig. 4 shows a

sharp increase and a gradual decrease in the average (n) due to a pure-tone component

in three periods of time in which Buddhist bell sound is generated. In this example,

Threshold T1 = 0.2 is set. Amagnitude relationship between this value and the

average (n) is determined. Note that in Fig. 4, the average (n) temporarily

increases even in a period of time in which no Buddhist bell sound is generated. This

is because the pure-tone component increases due to, e.g., influence of the acoustic

feedback, for example.

[0032]

As a result of comparison of the step S2, when it is determined that the average

(n) is less than the threshold T1 (S2: NO), the coefficient W(n) of the adaptive filter 13

at this point is obtained. Then, a stabilization coefficient Ws(n) saved in a

predetermined storage is updated with using the obtained coefficient W(n) of the

adaptive filter 13 (a step S3). For example, in Fig. 4, the average (n) falls below the
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threshold T1 (= 0.2) in most of the period of time in which the Buddhist bell sound with

a high autocorrelation is not generated. Thus, the step S3 is executed. On the other

hand, as a result of comparison of the step S2, when it is determined that the average

(n) exceeds the threshold T1 (S2: YES), the step S3 is not executed. For example, in

Fig. 4, the average (n) exceeds T1 (= 0.2) in three periods of time in which the

Buddhist bell sound is generated. Thus, the step S3 is not executed. That is, the

stabilization coefficient Ws(n) is the coefficient W(n) of the adaptive filter 13 updated

and saved in a stable condition in which a signal with a high autocorrelation, such as the

pure-tone component, is not input. Note that in the processing of the steps S1, S2, the

average (n) of the reflection coefficient is used. However, the processing of the steps

S1, S2 may be performed with using the sum m(n) of the reflection coefficients on

the right side of the formula (3) and a threshold adapted thereto.

With using actual environmental sound input to the hearing aid, a desired value

is, as the threshold T1 used at the step S2, set in advance based on a condition in which

no acoustic feedback occurs and no sound with a high autocorrelation is input.

Moreover, in the case where, e.g., a 64-tap adaptive filter 13 is used, all taps are not

necessarily saved as the stabilization coefficient Ws(n) updated at the step S3. For

example, a coefficient group corresponding to 32 taps, i.e., the first half of 64 taps, can

be saved.

In the controller 18, the coefficient W(n) of the adaptive filter at a current point

is obtained subsequently after the steps S2, S3. The sum D(n) (hereinafter simply

referred to as a �difference D(n)�) of a difference for each tap between the coefficient

W(n) and the stabilization coefficient Ws(n) updated and saved at the step S3 is

calculated (a step S4). In a case where the stabilization coefficient Ws(n) corresponds

to 32 taps as described above, the coefficient W(n) obtained at the step S4 may be a
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coefficient group corresponding to the first half, i.e., 32 taps. At the step S4, the

difference for each tap between the corresponding coefficient W(n) at the current point

and the stabilization coefficient Ws(n) is added up according to the following formula

(4), and in this manner, the difference D(n) is calculated:

Specific examples of the coefficient W(n) of the adaptive filter 13 and the

stabilization coefficient Ws(n) as used at the step S4 will be described herein with

reference to Figs. 5A, 5B, 6A, 6B. Fig. 5A illustrates a numerical value example of

the coefficient W(n) for 32 taps. Fig. 5B illustrates a numerical value example of the

stabilization coefficient Ws(n) for 32 taps in association with the coefficient W(n) of Fig.

5A. Moreover, Fig. 6A illustrates frequency characteristics obtained in such a manner

that the coefficient W(n) of Fig. 5A is converted into a frequency. Fig. 6B illustrates

frequency characteristics obtained in such a manner that the stabilization coefficient

Ws(n) of Fig. 5B is converted into a frequency. In this example, the coefficient W(n)

of Fig. 5A and the stabilization coefficient Ws(n) of Fig. 5B have different values for

each tap. This shows a change in the feedback transfer function F(z). According to

the degree of change, the difference D(n) becomes a greater value. If the coefficient

W(n) and the stabilization coefficient Ws(n) are coincident with each other, Difference

D(n) = 0 is satisfied. Note that Fig. 3 illustrates an example where the difference D(n)

is calculated at S4. Instead of the difference D(n), a desired formula based on a ratio

between the coefficient W(n) and the stabilization coefficient Ws(n) can be used for

calculation. In this case, similar processing can be applied.

Next, the value of the difference D(n) calculated at the step S4 and the value of

a preset threshold T2 (a second threshold of this embodiment) (a step S5) are compared
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to determine which is larger or smaller. As a result of comparison of the step S5, when

it is determined that the value of the difference D(n) is less than the threshold T2 (S5:

NO), effectiveness of whitening by the whitening filters 15, 16 is controlled to a normal

level (a step S6). On the other hand, as a result of comparison of the step S5, when it

is determined that the value of the difference D(n) exceeds the threshold T2 (S5: YES),

the effectiveness of whitening by the whitening filters 15, 16 is controlled to a lower

level than the normal level (a step S7). Note that as described above, it is assumed that

when the effectiveness of whitening by one whitening filter 15 is controlled, the

effectiveness of the other whitening filter 16 is also similarly controlled in a moment.

As described above, the presence or absence of a change in the feedback

transfer function F(z) is determined at the step S5. That is, in a condition in which the

feedback transfer function F(z) does not temporally change, the coefficient W(n) of the

adaptive filter 13 shows little change from the stabilization coefficient Ws(n) in the

stable condition. Thus, the difference D(n) is a value close to zero. On the other

hand, in a condition in which the feedback transfer function F(z) temporally changes

due to some kind of factor (e.g., a case where the hand approaches the hearing aid), the

coefficient W(n) of the adaptive filter 13 also follows such a change. Thus, the

coefficient W(n) of the adaptive filter 13 deviates from the stabilization coefficient

Ws(n). As a result, the difference D(n) becomes a greater value. In this embodiment,

e.g., Threshold T2 = 0.002 is set, and a magnitude relationship between this value and

the value of the difference D(n) is determined. Note that as in the threshold T1, a

desired value is, as the threshold T2, set in advance with using the actual environmental

sound input to the hearing aid.

Fig. 7 illustrates an example of a change in the value of the difference D(n) and

the threshold T2, the difference D(n) and the threshold T2 overlapping with each other
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along a time axis in the graph. In the example of Fig. 7, the value of the difference

D(n) calculated according to the formula (4) fluctuates according to environmental

sound input within a predetermined time. In a period of time in which the value of the

difference D(n) falls below the threshold T2 (= 0.002), the feedback transfer function

F(z) can be regarded as unchanged. In other periods of time, the feedback transfer

function F(z) can be regarded as changed. Note that for the sake of illustration in Fig.

7, the difference D(n) is illustrated within a range up to the upper limit (0.004) of the

vertical axis. Note that in fact, there is a period of time in which the difference D(n)

greatly exceeds the upper limit.

A variety of methods is applicable to the control of the effectiveness of

whitening by the whitening filter 15 at the steps S6, S7. However, for example, in the

case of updating the reflection coefficient m(n) based on the following formulae (5), (6),

and (7), 0 < 1 < 2 < 1 is set, and in this manner, the effectiveness of whitening can be

reduced. Moreover, 1 = 2 is set, and in this manner, the maximum effectiveness of

whitening can be obtained. In this case, when the determination is NO at the step S5

and the processing proceeds to the step S6, in that situation, no acoustic feedback occurs.

Thus, there is no problem even when the effectiveness of whitening by the whitening

filter 15 remains high. For occurrence of entrainment, the effect is fulfilled. On the

other hand, when the determination is YES at the step S5 and the processing proceeds to

the step S7, there are high possibilities that the acoustic feedback occurs. At this point,

whitening by the whitening filter 15 influences adaptive operation of the adaptive filter

13. For this reason, the control to temporarily reduce the effectiveness of whitening by

the whitening filter 15 is necessary. For the steps S6, S7, a case where there are two

levels of the effectiveness of whitening has been described. Note that the number of

the stages may be increased. In this case, the effectiveness level can be set as
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necessary.

Note that although not shown in the flowchart of Fig. 3, control of the

convergence velocity of the adaptive filter 13 may be added as processing subsequent to

the steps S6, S7. Specifically, when it is, at the step S5, determined that the feedback

transfer function F(z) does not change (S5: YES), the control to increase a step size as a

parameter regarding the convergence velocity of the adaptive filter 13 than that in a

normal mode is performed subsequent to the step S7. This allows convergence of the

adaptive filter 13 within a short period of time in a situation where the acoustic

feedback has occurred. Note that after this processing, when it is, at the step S5,

determined that the feedback transfer function F(z) has changed (the step S5: NO), the

control to return the adaptive filter 13 to the normal step size is necessary subsequent to

the step S6.

The flowchart of Fig. 3 is one example of this embodiment. For this

embodiment, a variety of change is available. Fig. 8 illustrates a variation in which the

processing of the steps S6, S7 of the flowchart of Fig. 3 is changed. That is, in the

variation of Fig. 8, the processing of controlling operation conditions of the whitening

filters 15, 16 is performed as steps S6a, S6b instead of the processing of controlling the

effectiveness of whitening at the steps S6, S7 of Fig. 3. Specifically, when it is

determined that the feedback transfer function F(z) does not change, the whitening



20

filters 15, 16 are actuated at the step S6a. When it is determined that the feedback

transfer function F(z) has changed, operation of the whitening filters 15, 16 is stopped at

the step S7a.

Even when the control according to the variation illustrated in Fig. 8 is applied,

if the acoustic feedback occurs, an adverse effect on the adaptive operation of the

adaptive filter 13 can be avoided through the steps S5, S7a as illustrated in Fig. 3. As

compared to the control illustrated in Fig. 3, the operation condition is, in the control

illustrated in Fig. 8, instantly switched in association with switching of ON/OFF of the

whitening filters 15, 16. Thus, it is to be desired that the control of Fig. 3 is applied for

avoiding malfunction. Note that, in the case of stopping operation of the whitening

filters 15, 16 at the step S7a of Fig. 8, this case can be handled in such a manner that a

signal path is changed in order that the error signal e(n) and the signal s(n) are directly

input to the coefficient updater 14 in Fig. 1, for example.

In the case of forming the hearing aid of this embodiment, this disclosure is not

limited to the configuration example of Fig. 1, and a variety of modifications can be

made. Fig. 9 is a block diagram of one variation of the configuration example of Fig.

1 in the hearing aid of this embodiment. The variation of Fig. 9 is different from Fig. 1

in a connection form. The hearing aid processor 10, the receiver 11, the microphone

12, two of the adaptive filters 13a, 13b, the coefficient updater 14, the whitening filters

15a, 16, two of the subtractors 17a, 17b, and the controller 18 are illustrated. Unlike

Fig. 1, the output-side configuration of the microphone 12 is branched into two systems

in this variation.

That is, the desired signal d(n) is converted into a desired signal d�(n) via a

whitening filter 15a. The subtractor 17b subtracts an output signal y�(n) of the

adaptive filter 13b from the desired signal d�(n). A signal obtained by subtraction is,
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as an error signal e�(n), output from the subtractor 17b. The coefficient updater 14

updates, based on the error signal e�(n) and a signal s�(n) output from the whitening

filter 16, the coefficient W(n) used for data processing in the adaptive filter 13b. In

Fig. 9, a whitening filter coefficient identical to that set for one whitening filter 15a is

also set for the other whitening filter 16. In addition, a coefficient W(n) identical to

that set for one adaptive filter 13b is also set for the other adaptive filter 13a.

Moreover, the controller 18 illustrated in Fig. 9 controls, according to

processing similar to that of Fig. 3, operation of the whitening filter 15a and the

adaptive filter 13b. As described above, even in the case of employing the variation of

Fig. 9 instead of the configuration of Fig. 1, the features and the advantageous effects

described in this embodiment can be obtained.

As described above, according to the hearing aid of this embodiment, the

presence or absence of a temporal change in the feedback transfer function F(z) is

determined at the steps S4, S5. According to such a determination result, operation of

the whitening filters 15, 16 can be properly controlled. When the control illustrated in

Fig. 3 is not performed, if the feedback transfer function F(z) rapidly changes due to the

acoustic feedback, operation of the whitening filters 15, 16 provides an adverse effect to

the adaptive operation of the adaptive filter 13. However, in this embodiment, the

effectiveness of whitening by the whitening filters 15, 16 is temporarily reduced in such

a situation. With this configuration, the adaptive operation of the adaptive filter 13 can

be stabilized, and the acoustic feedback can be reliablysuppressed. Moreover, the

presence or absence of a change in the feedback transfer function F(z) is determined

with using the stabilization coefficient Ws(n) updated and saved in the stable condition

at the steps S2, S3. Thus, erroneous determination upon input of a signal with a high

autocorrelation can be effectively prevented. Moreover, in this embodiment, the
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whitening filters 15, 16 are provided as the measures against entrainment. Thus, this

embodiment has an advantage in terms of obtaining favorable sound quality as

compared to, e.g., a frequency shift method.

In the above-described embodiment, the case where the technique of this

disclosure is applied to the hearing aid has been described. Note that the technique of

this disclosure is not limited to above, and is applicable to feedback cancellers in a

variety of equipment. For example, the technique of this disclosure is applicable to an

echo canceller (a conferencing system). As long as the feedback canceller according

to this disclosure at least has the function of determining the presence or absence of a

change in the feedback transfer function F(z) as in the steps S4, S5 illustrated in Fig. 3,

the feedback canceller is applicable to the equipment and system for performing a

variety of control according to the determination result.

The hearing aid of this disclosure may be the following first to seventh hearing

aids.

The first hearing aid includes a receiver configured to convert an electric signal

into sound; a microphone configured to convert sound into an electric signal; an

adaptive filter configured to adaptively estimate a feedback transfer function from the

receiver to the microphone; a subtractor configured to subtract an output signal of the

adaptive filter from an output signal of the microphone, thereby generating a first

signal; a hearing aid processor configured to perform predetermined hearing aid

processing for the first signal, thereby generating a second signal to be input to the

receiver; a first whitening filter configured to whiten the first signal; a second whitening

filter configured to whiten the second signal with using a whitening filter coefficient

identical to that of the first whitening filter; a coefficient updater configured to update

the coefficient of the adaptive filter based on each of output signals of the first and
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second whitening filters; and a controller configured to control operation of the adaptive

filter and the first and second whitening filters. The controller updates and saves, as a

stabilization coefficient, the coefficient of the adaptive filter in a condition in which the

autocorrelation of the first signal is low, determines the presence or absence of a change

in the feedback transfer function based on the coefficient of the adaptive filter and the

stabilization coefficient, and when it is determined that the feedback transfer function

has changed, controls the effectiveness of whitening by the first and second whitening

filters to be reduced as compared to that when it is determined that the feedback transfer

function does not change.

The second hearing aid is the first hearing aid in which the controller calculates

the average of the whitening filter coefficients and updates the stabilization coefficient

when it is, as a result of comparison between a preset first threshold and the average,

determined that the average is smaller.

The third hearing aid is the first hearing aid in which, when it is determined

that the feedback transfer function does not change, the controller controls the

effectiveness of whitening to be at a predetermined level, and when it is determined that

the feedback transfer function has changed, the controller performs the control in order

that the effectiveness of whitening is lower than the predetermined level.

The fourth hearing aid is the first hearing aid in which when it is determined

that the feedback transfer function does not change, the controller actuates the

whitening filters, and when it is determined that the feedback transfer function has

changed, the controller stops operation of the whitening filters.

The fifth hearing aid is the first or second hearing aid in which each of the

whitening filters is an adaptive lattice filter with a predetermined number of stages, and

each of the whitening filter coefficients is the reflection coefficient of the adaptive
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lattice filter.

The sixth hearing aid is the fourth or fifth hearing aid in which the controller

calculates the sum of a difference between the coefficient of the adaptive filter and the

stabilization coefficient and compares a preset second threshold with the difference sum

to determine, according to a comparison result, the presence or absence of a change in

the feedback transfer function.

The seventh hearing aid is the first hearing aid in which when it is determined

that the feedback transfer function has changed, the controller performs the control to

increase the convergence velocity of the adaptive filter in addition to the control to

reduce the effectiveness of whitening by the whitening filters.

The feedback canceller of this disclosure may be the following first to second

feedback cancellers.

The first feedback canceller includes a first conversion device configured to

convert an electric signal into sound; a second conversion device configured to convert

sound into an electric signal; an adaptive filter configured to adaptively estimate a

feedback transfer function from the first conversion device to the second conversion

device; a subtractor configured to subtract an output signal of the adaptive filter from an

output signal of the second conversion device, thereby generating a first signal; a signal

processor configured to perform predetermined signal processing for the first signal,

thereby generating a second signal to be input to the first conversion device; a

coefficient updater configured to update the coefficient of the adaptive filter; and a

controller configured to at least control operation of the adaptive filter. The controller

updates and saves, as a stabilization coefficient, the coefficient of the adaptive filter in a

condition in which the autocorrelation of the first signal is low, and determines the

presence or absence of a change in the feedback transfer function based on the
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coefficient of the adaptive filter and the stabilization coefficient.

The second feedback canceller is the first feedback canceller further including

a first whitening filter configured to whiten the first signal and a second whitening filter

configured to whiten the second signal with using having a whitening filter coefficient

identical to that of the first whitening filter. The coefficient updater updates the

coefficient of the adaptive filter based on each of output signals of the first and second

whitening filters. When it is determined that the feedback transfer function has

changed, the controller controls the effectiveness of whitening by the first and second

whitening filters to be reduced as compared to that when it is determined that the

feedback transfer function does not change.

The foregoing detailed description has been presented for the purposes of

illustration and description. Many modifications and variations are possible in light of

the above teaching. It is not intended to be exhaustive or to limit the subject matter

described herein to the precise form disclosed. Although the subject matter has been

described in language specific to structural features and/or methodological acts, it is to

be understood that the subject matter defined in the appended claims is not necessarily

limited to the specific features or acts described above. Rather, the specific features

and acts described above are disclosed as example forms of implementing the claims

appended hereto.
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CLAIMS 

1. A hearing aid comprising:  

a receiver configured to convert an electric signal into sound;  

a microphone configured to convert sound into an electric signal;  

an adaptive filter configured to adaptively estimate a feedback transfer function from 

the receiver to the microphone;  

a subtractor configured to subtract an output signal of the adaptive filter from an output 

signal of the microphone, thereby generating a first signal;  

a hearing aid processor configured to perform predetermined hearing aid processing for 

the first signal, thereby generating a second signal to be input to the receiver;  

a first whitening filter configured to whiten the first signal;  

a second whitening filter having a whitening filter coefficient identical to that of the first 

whitening filter and configured to whiten the second signal;  

a coefficient updater configured to update a coefficient of the adaptive filter based on 

each of output signals of the first and second whitening filters; and  

a controller configured to perform control of operation of the adaptive filter and the first 

and second whitening filters,  

wherein the controller  

updates and saves a stabilization coefficient which is the coefficient of the adaptive 

filter obtained at a point of time in which an autocorrelation of the first signal is low,  

obtains the coefficient of the adaptive filter,  

determines a presence or absence of a change in the feedback transfer function based on 

a difference or a ratio between the obtained coefficient of the adaptive filter and the stabilization 

coefficient, and  

performs, when it is determined that the feedback transfer function has changed, the 

control in order that effectiveness of whitening by the first and second whitening filters is 
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reduced as compared to that when it is determined that the feedback transfer function does not 

change. 

 

2. The hearing aid according to claim 1, wherein each of the first and second whitening filters is 

an adaptive lattice filter with M number of stages, the adaptive lattice filter of each of the first 

and second whitening filters has M stage reflection coefficients, and the controller calculates an 

average of the M-stage reflection coefficients of either one of the first whitening filter or the 

second whitening filter, and updates the stabilization coefficient when it is, as a result of 

comparison between a preset first threshold and the average, determined that the average is 

smaller. 

 

3. The hearing aid according to claim 1, wherein when it is determined that the feedback transfer 

function does not change, the controller performs the control in order that the effectiveness of 

whitening is at a predetermined level, and when it is determined that the feedback transfer 

function has changed, the controller performs the control in order that the effectiveness of 

whitening is lower than the predetermined level. 

 

4. The hearing aid according to claim 1, wherein when it is determined that the feedback transfer 

function does not change, the controller actuates the whitening filters, and when it is determined 

that the feedback transfer function has changed, the controller stops operation of the whitening 

filters. 

 

5. The hearing aid according to claim 1, wherein each of the whitening filters is an adaptive 

lattice filter with a predetermined number of stages, and each of the whitening filter coefficients 

is a reflection coefficient of the adaptive lattice filter. 

 



28 

6. The hearing aid according to claim 4, wherein the controller calculates a sum of differences, 

each of the differences being a difference between the obtained coefficient of the adaptive filter 

and the stabilization coefficient, and compares a preset second threshold with the sum of the 

differences to determine, according to a comparison result, the presence or absence of the change 

in the feedback transfer function. 

 

7. The hearing aid according to claim 5, wherein the controller calculates a sum of differences, 

each of the differences being a difference between the obtained coefficient of the adaptive filter 

and the stabilization coefficient, and compares a preset second threshold with the sum of the 

differences to determine, according to a comparison result, the presence or absence of the change 

in the feedback transfer function. 

 

8. The hearing aid according to claim 1, wherein when it is determined that the feedback transfer 

function has changed, the controller performs control to increase a convergence velocity of the 

adaptive filter in addition to the control to reduce the effectiveness of whitening by the whitening 

filters. 

 

9. A feedback canceller comprising:  

a first conversion device configured to convert an electric signal into sound;  

a second conversion device configured to convert sound into an electric signal;  

an adaptive filter configured to adaptively estimate a feedback transfer function from 

the first conversion device to the second conversion device;  

a subtractor configured to subtract an output signal of the adaptive filter from an output 

signal of the second conversion device, thereby generating a first signal;  

a signal processor configured to perform predetermined signal processing for the first 

signal, thereby generating a second signal to be input to the first conversion device;  

a coefficient updater configured to update a coefficient of the adaptive filter; and  
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a controller configured to perform at least control of operation of the adaptive filter,  

wherein the controller  

updates and saves a stabilization coefficient which is the coefficient of the adaptive 

filter obtained at a point of time in which an autocorrelation of the first signal is low,  

obtains the coefficient of the adaptive filter, and  

determines a presence or absence of a change in the feedback transfer function based on 

a difference or a ratio between the obtained coefficient of the adaptive filter and the stabilization 

coefficient. 

 

10. The feedback canceller according to claim 9, further comprising: a first whitening filter 

configured to whiten the first signal; and a second whitening filter having a whitening filter 

coefficient identical to that of the first whitening filter and configured to whiten the second 

signal, wherein the coefficient updater updates the coefficient of the adaptive filter based on each 

of output signals of the first and second whitening filters, and when it is determined that the 

feedback transfer function has changed, the controller performs the control in order that 

effectiveness of whitening by the first and second whitening filters is reduced as compared to 

that when it is determined that the feedback transfer function does not change. 


