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DISCRIPTION 

ELECTRONIC STETHOSCOPE SIGNAL PROCESSOR, ELECTRONIC 

STETHOSCOPE SYSTEM, ELECTRONIC STETHOSCOPE SIGNAL PROCESSING 

PROGRAM AND ELECTRONIC STETHOSCOPE SIGNAL PROCESSING 

METHOD 

BACKGROUND OF THE INVENTION 

Field of the Invention 

[0001] The present disclosure relates to an electronic stethoscope that reduces 

extracorporeal sounds and extracts intracorporeal sounds. 

Description of the Related Art 

[0002] An electronic stethoscope that reduces extracorporeal sounds and extracts 

intracorporeal sounds is disclosed in Non-patent Literature 1 etc.  Here, an extracorporeal 

sound collector of the electronic stethoscope collects extracorporeal sounds and outputs 

an extracorporeal sound signal.  Meanwhile, an intracorporeal sound collector of the 

electronic stethoscope collects intracorporeal sounds and outputs an intracorporeal sound 

signal.  However, the intracorporeal sound signal includes a diffracted element of the 

extracorporeal sounds from an outside of the electronic stethoscope to the intracorporeal 

sound collector. 

[0003] Then, an adaptive filter unit of a signal processor has an adaptive filter coefficient 

simulating a diffraction property of the extracorporeal sounds from the outside of the 

electronic stethoscope to the intracorporeal sound collector, receives the extracorporeal 

sound signal obtained from the extracorporeal sound collector, and outputs an adaptive 

filter signal.  Furthermore, a residual signal calculator of the signal processor subtracts 

the adaptive filter signal from the intracorporeal sound signal, obtained from the 

intracorporeal sound collector, to calculate a residual signal obtained by taking the 
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diffracted element of the extracorporeal sound signal from the intracorporeal sound signal. 

[0004] Non-patent Literature 1: Samir B. Patel, Thomas F. Callahan, Matthew G. 

Callahan, James T. Jones, George P. Graber, Kirk S. Foster, Kenneth Glifort, and George 

R. Wodicka, "An adaptive noise reduction stethoscope for auscultation in high noise 

environments", The Journal of the Acoustical Society of America, vol. 103, no. 5, pp. 

2483-2491, 1998. 

SUMMARY OF THE INVENTION 

[0005] Here, the adaptive filter unit and the residual signal calculator of the signal 

processor can reduce steady noise (such as low-range environmental sounds or noise) and 

extract intracorporeal sounds (such as low-range heartbeat sounds or breath sounds).  

However, the adaptive filter unit and the residual signal calculator of the signal processor 

cannot reduce unexpected noise (such as high-range cries or speaking voices) sufficiently 

or extract the intracorporeal sounds (such as low-range heartbeat sounds or breath sounds).  

Their reasons will be described later using FIG. 2 to FIG. 4. 

[0006] Therefore, in order to solve the problem, it is an object of the present disclosure 

to extract intracorporeal sounds (such as low-range heartbeat sounds or breath sounds) by 

not only reducing steady noise (such as low-range environmental sounds or noise) but 

also reducing unexpected noise (such as high-range cries or speaking voices). 

[0007] In order to solve the problem, in an adaptive filter, a tentative filter unit has a 

tentative filter coefficient chosen to be equal to an updater value of an adaptive filter 

coefficient, receives an extracorporeal sound signal, and outputs a tentative filter signal.  

Then, a correction gain calculator calculates a correction gain, relative to a frequency 

spectrum of the updater value of the adaptive filter coefficient, as a relatively large value 

with a band keeping a correlation in a frequency axis direction between a frequency 

spectrum of a residual signal and a frequency spectrum of the tentative filter signal high 

(such as high-range cries or speaking voices).  In contrast, the correction gain calculator 
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calculates the correction gain, relative to the frequency spectrum of the updater value of 

the adaptive filter coefficient, as a relatively small value with a band keeping the 

correlation in the frequency axis direction between the frequency spectrum of the residual 

signal and the frequency spectrum of the tentative filter signal low (such as low-range 

heartbeat sounds or breath sounds). 

[0008] Specifically, the present disclosure is an electronic stethoscope signal processor 

including: an adaptive filter unit that has an adaptive filter coefficient simulating a 

diffraction property of an extracorporeal sound from an outside of an electronic 

stethoscope to an intracorporeal sound collector, receives an extracorporeal sound signal 

obtained from an extracorporeal sound collector, and outputs an adaptive filter signal; a 

residual signal calculator that subtracts the adaptive filter signal from an intracorporeal 

sound signal, obtained from the intracorporeal sound collector, to calculate a residual 

signal obtained by taking a diffracted component of the extracorporeal sound signal from 

the intracorporeal sound signal; a filter coefficient updater that adds an updater value of 

the adaptive filter coefficient to a current value of the adaptive filter coefficient so as to 

lower a correlation in a time axis direction between the adaptive filter signal and the 

residual signal; a tentative filter unit that has a tentative filter coefficient chosen to be 

equal to the updater value of the adaptive filter coefficient, receives the extracorporeal 

sound signal, and outputs a tentative filter signal; a correction gain calculator that 

calculates a correction gain, relative to a frequency spectrum of the updater value of the 

adaptive filter coefficient, as a relatively large value with a band keeping a correlation in 

a frequency axis direction between a frequency spectrum of the residual signal and a 

frequency spectrum of the tentative filter signal high, and calculates the correction gain, 

relative to the frequency spectrum of the updater value of the adaptive filter coefficient, 

as a relatively small value with a band keeping the correlation in the frequency axis 

direction between the frequency spectrum of the residual signal and the frequency 

spectrum of the tentative filter signal low; and a filter coefficient correction unit that 
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calculates a correction value, relative to the updater value of the adaptive filter coefficient, 

based on the correction gain relative to the frequency spectrum of the updater value of 

the adaptive filter coefficient. 

[0009] This structure allows for keeping up intracorporeal sounds (such as low-range 

heartbeat sounds or breath sounds), while reducing unexpected noise (such as high-range 

cries or speaking voices), using an adaptive filter. 

[0010] The present disclosure is the electronic stethoscope signal processor in which the 

correction gain calculator calculates the correction gain, relative to the frequency 

spectrum of the updater value of the adaptive filter coefficient, corresponding to each 

band such that, based on a correlation in the frequency axis direction between the 

frequency spectrum of the residual signal and the frequency spectrum of the tentative 

filter signal obtained by multiplication by the correction gain, relative to the frequency 

spectrum of the updater value of the adaptive filter coefficient, corresponding to each 

band, a form error corresponding to each band of both frequency spectra is minimized. 

[0011] This structure allows for quantitatively calculating a reduction level of the 

unexpected noise (such as high-range cries or speaking voices) and a level of keeping up 

the intracorporeal sounds (such as low-range heartbeat sounds or breath sounds). 

[0012] The present disclosure is the electronic stethoscope signal processor further 

including: a filter reduction amount calculator that calculates a reduction amount of the 

frequency spectrum of the residual signal, relative to a frequency spectrum of the 

intracorporeal sound signal, to calculate a reduction amount by the adaptive filter unit; 

and a residual signal reduction unit that largely reduces the frequency spectrum of the 

residual signal with a frequency relevant to largeness of the reduction amount by the 

adaptive filter unit, and retains or sparingly reduces the frequency spectrum of the residual 

signal with a frequency relevant to smallness of the reduction amount by the adaptive 

filter unit. 

[0013] This structure allows for keeping up the intracorporeal sounds (such as low-range 
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heartbeat sounds or breath sounds), while reducing the unexpected noise (such as high-

range cries or speaking voices), using a nonlinear filter. 

[0014] In order to solve the problem, in the nonlinear filter, the filter reduction amount 

calculator calculates a reduction amount of the frequency spectrum of the residual signal, 

relative to the frequency spectrum of the intracorporeal sound signal, to calculate a 

reduction amount by the adaptive filter unit.  Then, the residual signal reduction unit 

largely reduces the frequency spectrum of the residual signal with a frequency relevant to 

largeness of the reduction amount by the adaptive filter unit (such as high-range cries or 

speaking voices).  In contrast, the residual signal reduction unit retains the frequency 

spectrum of the residual signal with a frequency relevant to smallness of the reduction 

amount by the adaptive filter unit (such as low-range heartbeat sounds or breath sounds). 

[0015] Specifically, the present disclosure is an electronic stethoscope signal processor 

including: an adaptive filter unit that has an adaptive filter coefficient simulating a 

diffraction property of an extracorporeal sound from an outside of an electronic 

stethoscope to an intracorporeal sound collector, receives an extracorporeal sound signal 

obtained from an extracorporeal sound collector, and outputs an adaptive filter signal; a 

residual signal calculator that subtracts the adaptive filter signal from an intracorporeal 

sound signal, obtained from the intracorporeal sound collector, to calculate a residual 

signal obtained by taking a diffracted component of the extracorporeal sound signal from 

the intracorporeal sound signal; a filter coefficient updater that adds an updater value of 

the adaptive filter coefficient to a current value of the adaptive filter coefficient so as to 

lower a correlation in a time axis direction between the adaptive filter signal and the 

residual signal; a filter reduction amount calculator that calculates a reduction amount of 

a frequency spectrum of the residual signal, relative to a frequency spectrum of the 

intracorporeal sound signal, to calculate a reduction amount by the adaptive filter unit; 

and a residual signal reduction unit that largely reduces the frequency spectrum of the 

residual signal with a frequency relevant to largeness of the reduction amount by the 



- 6 -

adaptive filter unit, and retains or sparingly reduces the frequency spectrum of the residual 

signal with a frequency relevant to smallness of the reduction amount by the adaptive 

filter unit. 

[0016] This structure allows for keeping up the intracorporeal sounds (such as low-range 

heartbeat sounds or breath sounds), while reducing the unexpected noise (such as high-

range cries or speaking voices), using a nonlinear filter. 

[0017] The present disclosure is the electronic stethoscope signal processor further 

including a residual signal local minimum smoothing unit that calculates a local minimum 

smoothing spectrum of the residual signal so as to retain a local minimal value of the 

frequency spectrum of the residual signal.  The residual signal reduction unit largely 

reduces the frequency spectrum of the residual signal to a spectrum further approaching 

the local minimum smoothing spectrum of the residual signal, with a frequency relative 

to largeness of the reduction amount by the adaptive filter unit, and retains the frequency 

spectrum of the residual signal or sparingly reduces the frequency spectrum of the residual 

signal to a spectrum further approaching the local minimum smoothing spectrum of the 

residual signal with a frequency relevant to smallness of the reduction amount by the 

adaptive filter unit. 

[0018] This structure allows for quantitatively calculating the reduction level of the 

unexpected noise (such as high-range cries or speaking voices) and the level of keeping 

up the intracorporeal sounds (such as low-range heartbeat sounds or breath sounds). 

[0019] The present disclosure is an electronic stethoscope system including: the above-

described electronic stethoscope signal processor; the extracorporeal sound collector that 

collects an extracorporeal sound and outputs the extracorporeal sound signal; and the 

intracorporeal sound collector that collects an intracorporeal sound and outputs the 

intracorporeal sound signal. 

[0020] This structure allows for extracting the intracorporeal sounds (such as low-range 

heartbeat sounds or breath sounds) by reducing the unexpected noise (such as high-range 
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cries or speaking voices). 

[0021] The present disclosure is an electronic stethoscope signal processing program for 

instructing a computer to execute each processing step by each component unit of the 

above-described electronic stethoscope signal processor. 

[0022] This structure allows for extracting the intracorporeal sounds (such as low-range 

heartbeat sounds or breath sounds) by reducing the unexpected noise (such as high-range 

cries or speaking voices). 

[0023] The present disclosure is an electronic stethoscope signal processing method 

including each processing step by each component unit of the electronic stethoscope 

signal processor described above. 

[0024] This structure allows for extracting the intracorporeal sounds (such as low-range 

heartbeat sounds or breath sounds) by reducing the unexpected noise (such as high-range 

cries or speaking voices). 

[0025] Thus, the present disclosure allows for extracting intracorporeal sounds (such as 

low-range heartbeat sounds or breath sounds) by not only reducing steady noise (such as 

low-range environmental sounds or noise) but also reducing unexpected noise (such as 

high-range cries or speaking voices). 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0026] FIG. 1 is a diagram illustrating components of an electronic stethoscope system 

of the present disclosure. 

FIG. 2 is a diagram illustrating a problem solved by the electronic stethoscope 

system of the present disclosure. 

FIG. 3 is a diagram illustrating a problem solved by the electronic stethoscope 

system of the present disclosure. 

FIG. 4 is a diagram illustrating a problem solved by the electronic stethoscope 

system of the present disclosure. 
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FIG. 5 is a diagram illustrating components of an improved adaptive filter unit of 

the present disclosure. 

FIG. 6 is a diagram illustrating a processing procedure of the improved adaptive 

filter unit of the present disclosure. 

FIG. 7 is a diagram illustrating a processing concept of the improved adaptive 

filter unit of the present disclosure. 

FIG. 8 is a diagram illustrating components of an improved nonlinear filter unit 

of the present disclosure. 

FIG. 9 is a diagram illustrating a processing procedure of the improved nonlinear 

filter unit of the present disclosure. 

FIG. 10 is a diagram illustrating a processing concept of the improved nonlinear 

filter unit of the present disclosure. 

FIG. 11 is a diagram illustrating a processing result of an electronic stethoscope 

signal processor of the present disclosure. 

FIG. 12 is a diagram illustrating processing results of electronic stethoscope signal 

processors of the related art and the present disclosure. 

DESCRIPTION OF THE EMBODIMENTS 

[0027] Embodiments of the present disclosure will be described by referring to the 

accompanying drawings.  The embodiments described below are examples of 

implementation of the present disclosure, and the present disclosure is not limited to the 

following embodiments. 

[0028] (Problem Solved by Electronic Stethoscope System of Present Disclosure) 

FIG. 1 illustrates components of an electronic stethoscope system of the present 

disclosure.  An electronic stethoscope system S includes an electronic stethoscope E and 

an electronic stethoscope signal processor P.  The electronic stethoscope E includes an 

extracorporeal sound collector 1 and an intracorporeal sound collector 2.  The electronic 
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stethoscope signal processor P includes an extracorporeal and intracorporeal sound 

signals reception unit 3, an improved adaptive filter unit 4, an improved nonlinear filter 

unit 5 and an intracorporeal sound signal output unit 6, and is achievable by installing an 

electronic stethoscope signal processing program illustrated in FIG. 6 and FIG. 9 on a 

computer. 

[0029] The electronic stethoscope E is a sensor device for collecting intracorporeal 

sounds via a body surface B and obtaining an intracorporeal sound signal.  The 

extracorporeal sound collector 1 collects extracorporeal sounds and outputs an 

extracorporeal sound signal.  The intracorporeal sound collector 2 collects intracorporeal 

sounds and outputs an intracorporeal sound signal.  Examples of the extracorporeal 

sounds include low-range environmental sounds or noise, high-range cries or speaking 

voices, and the like.  Examples of the intracorporeal sounds include low-range heartbeat 

sounds or breath sounds, and the like.  However, the intracorporeal sound signal includes 

a diffracted component of the extracorporeal sounds from an outside of the electronic 

stethoscope E to the intracorporeal sound collector 2. 

[0030] FIG. 2 to FIG. 4 illustrate problems solved by the electronic stethoscope system 

of the present disclosure.  In FIG. 2, a relative transfer gain of diffraction of the 

extracorporeal sounds from the outside of the electronic stethoscope E to the 

intracorporeal sound collector 2 is large in a low range and small in a high range (for 

example, a difference of approximately 40 dB).  Accordingly, a reduction effect by an 

adaptive filter of the related art is large in a low range and small in a high range.  On the 

other hand, an equal-loudness contour (a contour line of sounds that are perceived as 

equally loud by human ears) has a high-sensitivity band of the order of several hundreds 

of Hz to several thousands of Hz in addition to a high-sensitivity band of the order of 

several tens of Hz to 100 Hz.  Accordingly, as long as the reduction effect by the adaptive 

filter of the related art is small in a high range, in spite of a small relative transfer gain of 

diffraction of the extracorporeal sounds from the outside of the electronic stethoscope E 



- 10 -

to the intracorporeal sound collector 2 in the high range, the extracorporeal sounds in the 

high range are loudly heard by human ears and prevent the human ears from hearing low-

range intracorporeal sounds. 

[0031] FIG. 3 is a schematic diagram of an output signal of a conventional adaptive filter.  

In a low range where a transfer gain of diffraction of extracorporeal sounds is high, a 

coefficient of the adaptive filter is easy to update, and simulation accuracy of a diffracted 

component of extracorporeal sounds in an intracorporeal sound signal is high.  In a high 

range where the transfer gain of diffraction of extracorporeal sounds is low, the coefficient 

of the adaptive filter is difficult to update, and the simulation accuracy of the diffracted 

component of the extracorporeal sounds in the intracorporeal sound signal is low.  

Therefore, as illustrated in FIG. 5 to FIG. 7, processing of the improved adaptive filter 

unit 4 is executed. 

[0032] FIG. 4 is a schematic diagram of reduction effects by a conventional nonlinear 

filter.  In an upper row of FIG. 4, a reduction effect by the nonlinear filter that deepens 

troughs of a spectrum is illustrated.  Then, the reduction effect from a residual signal to a 

reduction signal by the nonlinear filter is noise removal, as desired, in a low range, but is 

unintentionally noise enhancement in a high range.  In a lower row of FIG. 4, a reduction 

effect by the nonlinear filter that crushes crests of a spectrum is illustrated.  Then, the 

reduction effect from the residual signal to the reduction signal by the nonlinear filter is 

noise removal, as desired, in the high range, but is unintentionally signal removal in the 

low range.  Therefore, as illustrated in FIG. 8 to FIG. 10, processing of the improved 

nonlinear filter unit 5 is executed. 

[0033] (Processing Concept of Improved Adaptive Filter Unit of Present Disclosure) 

FIG. 5 illustrates components of an improved adaptive filter unit of the present 

disclosure.  FIG. 6 illustrates a processing procedure of the improved adaptive filter unit 

of the present disclosure.  FIG. 7 illustrates a processing concept of the improved adaptive 

filter unit of the present disclosure.  The extracorporeal and intracorporeal sound signals 
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reception unit 3 includes an extracorporeal sound signal AD converter 31, an 

intracorporeal sound signal AD converter 32, and an intracorporeal sound signal delay 

unit 33.  The improved adaptive filter unit 4 includes an adaptive filter unit 41, a residual 

signal calculator 42, a filter coefficient updater 43, a tentative filter unit 44, a correction 

gain calculator 45, and a filter coefficient correction unit 46.  The extracorporeal and 

intracorporeal sound signals reception unit 3 and the improved adaptive filter unit 4 can 

be achieved by installing an improved adaptive filter program, illustrated in FIG. 6, on a 

computer. 

[0034] The extracorporeal sound signal AD converter 31 outputs an extracorporeal sound 

signal x(n) after AD conversion (Step S1).  The intracorporeal sound signal AD converter 

32 outputs an intracorporeal sound signal y(n) after AD conversion (Step S2).  The 

intracorporeal sound signal delay unit 33 outputs an intracorporeal sound signal yD(n) = 

y(n − D) after a delay D of a constant time(Step S3). 

[0035] The adaptive filter unit 41 has an adaptive filter coefficient, a current value of 

which is defined as w(m), simulating diffraction from the extracorporeal sound collector 

1 to the intracorporeal sound collector 2, receives the extracorporeal sound signal x(n), 

and outputs an adaptive filter signal d(n) = Σw(m) × (n − m) (the sum is calculated with 

m = 0 to M) (Step S4).  Here, M is an order of the adaptive filter unit 41.  The adaptive 

filter unit 41 may execute processing in a frequency domain corresponding to processing 

in a time domain. 

[0036] The residual signal calculator 42 subtracts the adaptive filter signal d(n) (a 

simulation signal of a diffracted component of the extracorporeal sound signal x(n)) from 

the intracorporeal sound signal yD(n) to calculate a residual signal r(n) = yD(n) − d(n) 

obtained by taking the diffracted component of the extracorporeal sound signal x(n) from 

the intracorporeal sound signal yD(n) (Step S5). 

[0037] The filter coefficient updater 43 adds an updater value Δw(m) of the adaptive filter 

coefficient to the current value w(m) of the adaptive filter coefficient so as to lower a 
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correlation in a time axis direction between the adaptive filter signal d(n) and the residual 

signal r(n) (Step S6, Math. 1).  Here, μ and λ are fixed or time-variant control parameters 

and determine a magnitude of the updater value Δw(m) of the adaptive filter coefficient.

[Math. 1]

[0038] The tentative filter unit 44 has a tentative filter coefficient Δw(m) chosen to be 

equal to the updater value Δw(m) of the adaptive filter coefficient, receives the 

extracorporeal sound signal x(n), and outputs a tentative filter signal e(n) = ΣΔw(m) × (n 

− m) (the sum is calculated with m = 0 to M) (Step S7).  Here, M is an order of the 

tentative filter unit 44.  The tentative filter unit 44 may execute processing in a frequency 

domain corresponding to processing in a time domain.

[0039] The correction gain calculator 45 calculates a correction gain g(b) relative to a 

frequency spectrum ΔW(k) of the updater value Δw(m) of the adaptive filter coefficient, 

as a relatively large value with a band b keeping a correlation in a frequency axis direction 

between a frequency spectrum R(k) of the residual signal r(n) and a frequency spectrum 

E(k) of the tentative filter signal e(n) high (Steps S8 to S10, high ranges in an upper row 

and a middle row of FIG. 7).

[0040] In contrast, the correction gain calculator 45 calculates the correction gain g(b) 

relative to the frequency spectrum ΔW(k) of the updater value Δw(m) of the adaptive 

filter coefficient, as a relatively small value with the band b keeping the correlation in the 

frequency axis direction between the frequency spectrum R(k) of the residual signal r(n) 

and the frequency spectrum E(k) of the tentative filter signal e(n) low (Steps S8 to S10, 

low ranges in the upper row and the middle row of FIG. 7).

[0041] Specifically, the correction gain calculator 45 calculates the correction gain g(b), 

relative to the frequency spectrum ΔW(k) of the updater value Δw(m) of the adaptive 

filter coefficient, corresponding to each band b such that, based on the correlation in the 
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frequency axis direction between the frequency spectrum R(k) of the residual signal r(n) 

and the frequency spectrum E(k) of the tentative filter signal e(n) obtained by 

multiplication by the correction gain g(b), relative to the frequency spectrum ΔW(k) of 

the updater value Δw(m) of the adaptive filter coefficient, corresponding to each band b, 

a form error corresponding to each band b of both frequency spectra R(k) and E(k) is 

minimized (Steps S8 to S10, the upper row and the middle row of FIG. 7: the correction 

gain g(b) in a b-th band of divided bands).

[0042] First, the spectrum R(k) for amplitude or power of the residual signal r(n) for a 

short time is calculated, and the spectra R(k) within the b-th band are vectorized together 

into R(b) (Step S8).  Next, the spectrum E(k) for amplitude or power of the tentative filter 

signal e(n) for a short time is calculated, and the spectra E(k) within the b-th band are 

vectorized together into E(b) (Step S9).  Next, the correction gain g(b) relative to the 

frequency spectrum ΔW(k) of the updater value Δw(m) of the adaptive filter coefficient 

is calculated (Step S10, Math. 2).  Here, < > is an inner product.

[Math. 2]

[0043] The filter coefficient correction unit 46 calculates a correction value Δwnew(m) 

relative to the updater value Δw(m) of the adaptive filter coefficient based on the 

correction gain g(b) relative to the frequency spectrum ΔW(k) of the updater value Δw(m) 

of the adaptive filter coefficient (Steps S11 to S14, a plurality of bands b in the upper row 

and the middle row of FIG. 7: high ranges and low ranges).  Without applying the updater 

value Δw(m) of the adaptive filter coefficient (Step S6), the filter coefficient updater 43 

applies the correction value Δwnew(m) relative to the updater value Δw(m) of the adaptive 

filter coefficient (Step S14).

[0044] First, the frequency spectrum ΔW(k) of the updater value Δw(m) of the adaptive 

filter coefficient is calculated (Step S11).  Next, the frequency spectrum ΔW(k) of the 

updater value Δw(m) of the adaptive filter coefficient is corrected to ΔWnew(k) = 
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g(b)ΔW(k) within the b-th band (Step S12).  Next, a frequency spectrum ΔWnew(k) of the 

correction value Δwnew(m) of the adaptive filter coefficient is transformed to Δwnew(m) in 

a time domain (Step S13).  Next, the updater value Δw(m) of the adaptive filter coefficient 

is corrected to Δwnew(m) (Step S14). 

[0045] Although, in a high range in a lower row of FIG. 7, the frequency spectrum R(k) 

of the residual signal r(n) includes many diffracted components of extracorporeal sounds 

before the correction of the updater value Δw(m) of the adaptive filter coefficient, the 

diffracted components of extracorporeal sounds are not always eliminated by the 

correction of the updater value Δw(m) of the adaptive filter coefficient and reduced 

diffracted components of extracorporeal sounds are capable of being left after the 

correction (a first row of FIG. 11).  In a low range in the lower row of FIG. 7, the 

frequency spectrum R(k) of the residual signal r(n) mainly includes components of 

intracorporeal sounds before the correction of the updater value Δw(m) of the adaptive 

filter coefficient, and the components of intracorporeal sounds are nearly kept up before 

and after the correction of the updater value Δw(m) of the adaptive filter coefficient. 

[0046] Accordingly, intracorporeal sounds (such as low-range heartbeat sounds or breath 

sounds) can be extracted by not only reducing steady noise (such as low-range 

environmental sounds or noise), as has been achievable by the related art, but also 

reducing unexpected noise (such as high-range cries or speaking voices), as becomes 

achievable by the present disclosure.  Then, a reduction level of the unexpected noise 

(such as high-range cries or speaking voices) and a level of keeping up the intracorporeal 

sounds (such as low-range heartbeat sounds or breath sounds) can be quantitatively 

calculated. 

[0047] (Processing Concept of Improved Nonlinear Filter Unit of Present Disclosure) 

FIG. 8 illustrates components of an improved nonlinear filter unit of the present 

disclosure.  FIG. 9 illustrates a processing procedure of the improved nonlinear filter unit 

of the present disclosure.  FIG. 10 illustrates a processing concept of the improved 
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nonlinear filter unit of the present disclosure.  The improved nonlinear filter unit 5 

includes a filter reduction amount calculator 51, a residual signal local minimum 

smoothing unit 52, and a residual signal reduction unit 53.  The improved nonlinear filter 

unit 5 and the intracorporeal sound signal output unit 6 can be achieved by installing an 

improved nonlinear filter program, illustrated in FIG. 9, on a computer. 

[0048] The filter reduction amount calculator 51 calculates a reduction amount of the 

frequency spectrum R(k) of the residual signal r(n), relative to a frequency spectrum 

YD(k) of the intracorporeal sound signal yD(n), to calculate a reduction amount Att(k) by 

the improved adaptive filter unit 4 (including the filter coefficient correction unit 46) 

(Steps S15 to S17, a plurality of bands b at an upper row and a middle row of FIG. 10: 

high ranges and low ranges). 

[0049] First, the spectrum YD(k) for amplitude or power of the intracorporeal sound 

signal yD(n) for a short time is calculated (Step S15).  Next, the spectrum R(k) for 

amplitude or power of the residual signal r(n) for a short time is calculated (Step S16).  

Next, the reduction amount Att(k) = YD(k) − R(k), YD(k)/R(k), or lоg(YD(k)/R(k)) by the 

improved adaptive filter unit 4 is calculated (Step S17).  Here, the reduction amount Att(k) 

by the improved adaptive filter unit 4 may be an average value in a predetermined 

bandwidth related to any of the reduction amounts in Step S17. 

[0050] The residual signal local minimum smoothing unit 52 calculates a local minimum 

smoothing spectrum R―(k) of the residual signal r(n) so as to retain a local minimal value 

of the frequency spectrum R(k) of the residual signal r(n) (Step S18, a plurality of bands 

b at the upper row and a lower row of FIG. 10: high ranges and low ranges). 

[0051] As one method, for the frequency spectrum R(k) of the residual signal r(n), a 

square root of an inverse of a mean square of an inverse in a predetermined bandwidth 

may be calculated as the local minimum smoothing spectrum R―(k) of the residual signal 

r(n) (Step S18, Math. 3).  Here, wi is a weighting factor given for a frequency i within a 

predetermined band to weaken/strengthen smoothing in a low range/high range.  As 
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another method, for the frequency spectrum R(k) of the residual signal r(n), a search result 

of a minimum value in a predetermined bandwidth may be calculated as the local 

minimum smoothing spectrum R―(k) of the residual signal r(n) (Step S18).

[Math. 3]

[0052] The residual signal reduction unit 53 largely reduces a complex frequency 

spectrum RC(k) of the residual signal r(n) to a spectrum further approaching the local 

minimum smoothing spectrum R―(k) of the residual signal r(n) with a frequency relevant 

to largeness of the reduction amount Att(k) by the improved adaptive filter unit 4 to 

calculate a reduction frequency spectrum Rоut(k) of the residual signal r(n) (Step S19, 

high ranges in a middle row and the lower row of FIG. 10).

[0053] The residual signal reduction unit 53 sparingly reduces the complex frequency 

spectrum RC(k) of the residual signal r(n) to a spectrum further approaching the local 

minimum smoothing spectrum R―(k) of the residual signal r(n) with a frequency relevant 

to smallness of the reduction amount Att(k) by the improved adaptive filter unit 4 to 

calculate the reduction frequency spectrum Rоut(k) of the residual signal r(n) (Step S19, 

low ranges in the middle row and the lower row of FIG. 10).

[0054] The residual signal reduction unit 53 may retain the complex frequency spectrum 

RC(k) of the residual signal r(n) as the reduced frequency spectrum Rоut(k) of the residual 

signal r(n), without reducing it to a spectrum further approaching the local minimum 

smoothing spectrum R―(k) of the residual signal r(n), with a frequency relevant to 

smallness of the reduction amount Att(k) by the improved adaptive filter unit 4 (Step S19, 

the low ranges in the middle row and the lower row of FIG. 10).

[0055] Specifically, the reduction frequency spectrum Rоut(k) of the residual signal r(n) 

is calculated based on Math. 4.  Here, G(k) is a correction gain from the complex 

frequency spectrum RC(k) of the residual signal r(n) to the reduction frequency spectrum 
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Rоut(k) of the residual signal r(n).  Then, S(Att(k)) approaches 0 as Att(k) becomes larger 

and approaches 1 as Att(k) becomes smaller.  Furthermore, max(a, b) is a maximum value 

of the set of a and b.

[Math. 4]

[0056] Accordingly, a frequency relevant to largeness of the reduction amount Att(k) by 

the improved adaptive filter unit 4 results in, S(Att(k)) → 0, 0 < R―(k)/|RC(k)| < 1, G(k) 

= R―(k)/|RC(k)|, and Rоut(k) = RC(k)*R―(k)/|RC(k)|.  On the other hand, a frequency 

relevant to smallness of the reduction amount Att(k) by the improved adaptive filter unit 

4 results in, S(Att(k)) → 1, 0 < R―(k)/|RC(k)| < 1, G(k) → 1, and Rоut(k) → RC(k).

[0057] The intracorporeal sound signal output unit 6 transforms the reduction frequency 

spectrum Rоut(k) of the residual signal r(n) to a reduction signal rоut(n) of the residual 

signal r(n) in the time domain (Step S20).

[0058] Accordingly, intracorporeal sounds (such as low-range heartbeat sounds or breath 

sounds) can be extracted by not only reducing steady noise (such as low-range 

environmental sounds or noise), as has been achievable by the related art, but also 

reducing unexpected noise (such as high-range cries or speaking voices), as becomes 

achievable by the present disclosure.  Then, the reduction level of the unexpected noise 

(such as high-range cries or speaking voices) and the level of keeping up the 

intracorporeal sounds (such as low-range heartbeat sounds or breath sounds) can be 

quantitatively calculated.

[0059] (Processing Result of Electronic Stethoscope Signal Processor of Present 

Disclosure)

FIG. 11 illustrates a processing result of an electronic stethoscope signal processor 

of the present disclosure.  In a first row of FIG. 11, the frequency spectrum R(k) of the 

residual signal r(n) is kept up in a low range and reduced in a high range, compared with 



- 18 -

the frequency spectrum YD(k) of the intracorporeal sound signal yD(n).  In a second row 

of FIG. 11, the reduction amount Att(k) by the improved adaptive filter unit 4 is small 

(attenuation rate = after attenuation/before attenuation → 1) in a low range and large 

(attenuation rate = after attenuation/before attenuation → 0) in a high range. 

[0060] In a third row of FIG. 11, the local minimum smoothing spectrum R―(k) of the 

residual signal r(n) is retained to have a local minimal value in a low range and also 

retained to have a local minimal value in a high range, compared with the frequency 

spectrum R(k) of the residual signal r(n).  In a fourth row of FIG. 11, the correction gain 

G(k) to the complex frequency spectrum RC(k) of the residual signal r(n) approaches 1 

(attenuation rate = after attenuation/before attenuation → 1) in troughs in a low range and 

a high range, and approaches 0 (attenuation rate = after attenuation/before attenuation → 

0) in crests in the high range. 

[0061] In a fifth row of FIG. 11, the reduction frequency spectrum Rоut(k) of the residual 

signal r(n) is not reduced in a low range and is reduced to a spectrum further approaching 

the local minimum smoothing spectrum R―(k) of the residual signal r(n) in a high range, 

compared with the frequency spectrum R(k) of the residual signal r(n). 

[0062] FIG. 12 illustrates processing results of electronic stethoscope signal processors 

of the related art and the present disclosure.  In a first row of FIG. 12, a spectrum of an 

intracorporeal sound signal before the processing of the present disclosure is illustrated, 

and a spectrum of a cry, which is a diffracted component of unexpected extracorporeal 

sounds in a band of 1 kHz or higher, is clearly illustrated.  In a second row of FIG. 12, a 

spectrum of an intracorporeal sound signal after the processing of the present disclosure 

is illustrated, and a spectrum of a cry, which is a diffracted component of unexpected 

extracorporeal sounds in a band of 1 kHz or higher, is almost reduced. 

[0063] In the embodiment, after the processing by the improved adaptive filter unit 4 

(including the filter coefficient correction unit 46) is executed, the processing by the 

improved nonlinear filter unit 5 is executed.  As a first modification, only the processing 
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by the improved adaptive filter unit 4 (including the filter coefficient correction unit 46) 

may be executed.  As a second modification, after the processing by the adaptive filter 

unit 41 (not including the filter coefficient correction unit 46) is executed, the processing 

by the improved nonlinear filter unit 5 may be executed. 

INDUSTRIAL APPLICABILITY 

[0064] The electronic stethoscope signal processor, the electronic stethoscope system, the 

electronic stethoscope signal processing program, and the electronic stethoscope signal 

processing method of the present disclosure (1) allow for medical examination, without 

depending on empirical knowledge, by converting intracorporeal sound signals into data, 

(2) allow for a response out of medical examination hours by recording the intracorporeal 

sound signals, and (3) allow for remote medical examination by communicating the 

intracorporeal sound signals. 

DESCRIPTION OF REFERENCE NUMERALS 

[0065] S: Electronic stethoscope system 

E: Electronic stethoscope 

P: Electronic stethoscope signal processor 

B: Body surface 

1: Extracorporeal sound collector 

2: Intracorporeal sound collector 

3: Extracorporeal and intracorporeal sound signals reception unit 

4: Improved adaptive filter unit 

5: Improved nonlinear filter unit 

6: Intracorporeal sound signal output unit 

31: Extracorporeal sound signal AD converter 

32: Intracorporeal sound signal AD converter 
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33: Intracorporeal sound signal delay unit 

41: Adaptive filter unit 

42: Residual signal calculator 

43: Filter coefficient updater 

44: Tentative filter unit 

45: Correction gain calculator  

46: Filter coefficient correction unit 

51: Filter reduction amount calculator 

52: Residual signal local minimum smoothing unit 

53: Residual signal reduction unit 
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WHAT IS CLAIMED IS: 

1. An electronic stethoscope signal processor comprising: 

an adaptive filter unit that has an adaptive filter coefficient simulating a 

diffraction property of an extracorporeal sound from an outside of an electronic 

stethoscope to an intracorporeal sound collector, receives an extracorporeal sound signal 

obtained from an extracorporeal sound collector, and outputs an adaptive filter signal;

a residual signal calculator that subtracts the adaptive filter signal from an 

intracorporeal sound signal, obtained from the intracorporeal sound collector, to calculate 

a residual signal obtained by taking a diffracted component of the extracorporeal sound 

signal from the intracorporeal sound signal;

a filter coefficient updater that adds an updater value of the adaptive filter 

coefficient to a current value of the adaptive filter coefficient so as to lower a correlation 

in a time axis direction between the adaptive filter signal and the residual signal;

a tentative filter unit that has a tentative filter coefficient chosen to be equal to 

the updater value of the adaptive filter coefficient, receives the extracorporeal sound 

signal, and outputs a tentative filter signal;

a correction gain calculator that calculates a correction gain, relative to a 

frequency spectrum of the updater value of the adaptive filter coefficient, as a relatively 

large value with a band keeping a correlation in a frequency axis direction between a 

frequency spectrum of the residual signal and a frequency spectrum of the tentative filter 

signal high, and calculates the correction gain, relative to the frequency spectrum of the 

updater value of the adaptive filter coefficient, as a relatively small value with a band 

keeping the correlation in the frequency axis direction between the frequency spectrum 

of the residual signal and the frequency spectrum of the tentative filter signal low; and

a filter coefficient correction unit that calculates a correction value, relative to 

the updater value of the adaptive filter coefficient based on the correction gain relative to 
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the frequency spectrum of the updater value of the adaptive filter coefficient. 

2. The electronic stethoscope signal processor according to claim 1, wherein 

the correction gain calculator calculates the correction gain, relative to the 

frequency spectrum of the updater value of the adaptive filter coefficient, corresponding 

to each band such that, based on a correlation in the frequency axis direction between the 

frequency spectrum of the residual signal and the frequency spectrum of the tentative 

filter signal obtained by multiplication by the correction gain, relative to the frequency 

spectrum of the updater value of the adaptive filter coefficient, corresponding to each 

band, a form error corresponding to each band of both frequency spectra is minimized. 

3. The electronic stethoscope signal processor according to claim 1 or 2, further 

comprising: 

a filter reduction amount calculator that calculates a reduction amount of the 

frequency spectrum of the residual signal, relative to a frequency spectrum of the 

intracorporeal sound signal, to calculate a reduction amount by the adaptive filter unit; 

and 

a residual signal reduction unit that largely reduces the frequency spectrum of 

the residual signal with a frequency relevant to largeness of the reduction amount by the 

adaptive filter unit, and retains or sparingly reduces the frequency spectrum of the residual 

signal with a frequency relevant to smallness of the reduction amount by the adaptive 

filter unit. 

4. An electronic stethoscope signal processor comprising: 

an adaptive filter unit that has an adaptive filter coefficient simulating a 

diffraction property of an extracorporeal sound from an outside of an electronic 

stethoscope to an intracorporeal sound collector, receives an extracorporeal sound signal 
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obtained from an extracorporeal sound collector, and outputs an adaptive filter signal;

a residual signal calculator that subtracts the adaptive filter signal from an 

intracorporeal sound signal, obtained from the intracorporeal sound collector, to calculate 

a residual signal obtained by taking a diffracted component of the extracorporeal sound 

signal from the intracorporeal sound signal;

a filter coefficient updater that adds an updater value of the adaptive filter 

coefficient to a current value of the adaptive filter coefficient so as to lower a correlation 

in a time axis direction between the adaptive filter signal and the residual signal;

a filter reduction amount calculator that calculates a reduction amount of a 

frequency spectrum of the residual signal, relative to a frequency spectrum of the 

intracorporeal sound signal, to calculate a reduction amount by the adaptive filter unit; 

and 

a residual signal reduction unit that largely reduces the frequency spectrum of 

the residual signal with a frequency relevant to largeness of the reduction amount by the 

adaptive filter unit, and retains or sparingly reduces the frequency spectrum of the residual 

signal with a frequency relevant to smallness of the reduction amount by the adaptive 

filter unit. 

5. The electronic stethoscope signal processor according to claim 3 or 4, further 

comprising 

a residual signal local minimum smoothing unit that calculates a local minimum 

smoothing spectrum of the residual signal so as to retain a local minimal value of the 

frequency spectrum of the residual signal, wherein 

the residual signal reduction unit largely reduces the frequency spectrum of the 

residual signal to a spectrum further approaching the local minimum smoothing spectrum 

of the residual signal, with a frequency relevant to largeness of the reduction amount by 

the adaptive filter unit, and retains the frequency spectrum of the residual signal or 
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sparingly reduces the frequency spectrum of the residual signal to a spectrum further 

approaching the local minimum smoothing spectrum of the residual signal with a 

frequency relevant to smallness of the reduction amount by the adaptive filter unit. 

6. An electronic stethoscope system comprising: 

the electronic stethoscope signal processor according to any of claims 1 to 5;

the extracorporeal sound collector that collects an extracorporeal sound and 

outputs the extracorporeal sound signal; and

the intracorporeal sound collector that collects an intracorporeal sound and 

outputs the intracorporeal sound signal. 

7. An electronic stethoscope signal processing program for instructing a 

computer to execute each processing step by each component unit of the electronic 

stethoscope signal processor according to any of claims 1 to 5. 

8. An electronic stethoscope signal processing method comprising each 

processing step by each component unit of the electronic stethoscope signal processor 

according to any of claims 1 to 5. 


