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In a coefficient measurement apparatus, a line input terminal recelves a pickup signal that is generated based on a string vibration
of a musical instrument. A microphone input terminal recelves a microphone signal acquired by a microphone that collects sounds
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(57) Abrege(suite)/Abstract(continued):
of the musical instrument. An adaptive filter estimates a transfer function associated to resonance of the musical instrument and a

transfer function of an acoustic space formed from the musical instrument to the microphone, generates an output signal by
processing the pickup signal using the estimated transfer function, and updates the transfer function using a difference between

the output signal and the microphone signal as a reference signal.
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ABSTRACT OF THE DISCLOSURE

In a coefficient measurement apparatus, a line input
terminal receives a pickup signal that is generated based on a
string vibration of a musical instrument. A microphone input
terminal receives a microphone signal acquired by a microphone
that collects sounds of the musical instrument. An adaptive
filter estimates a transfer function associated to resonance
of the musical instrument and a transfer function of an
acoustic space formed from the musical instrument to the
microphone, generates an output signal by processing the
pickup signal using the estimated transfer function, and
updates the transfer function using a difference between the

output signal and the microphone signal as a reference signal.
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COEFFICIENT MEASUREMENT APPARATUS, EFFECT IMPARTMENT APPARATUS,

AND MUSICAL SOUND GENERATING APPARATUS

BACKGROUND OF THE INVETNION
[ Technical Field of the Invention]

[0001]

The present invention relates to a coefficient
measurement apparatus, an effect impartment apparatus, and a

musical sound generating apparatus using the effect impartment

apparatus which can fully and reliably reproduce resonance of

an acoustic musical instrument.
[Description of the Related Art]

[0002]

When a musical sound of an acoustic musical instrument
is amplified for the sake of live play or the like, the sound
of the musical instrument is generally collected by a
microphone. However, when the musical sound of the acoustic
musical instrument is received by the microphone, there is a
problem in that howling easily occurs. Accordingly, in many
cases, a pilezoelectric pickup is used to pick up string

vibrations and to output them as an audio signal.

[0003]
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an acoustic guitar). Thus, it has been suggested that acoustic
effects such as delay or reverb be imparted to reproduce the
resonance sound (for example, see Patent Reference 1). It has
also been suggested that an FIR filter be used to perform
signal processing to reproduce an echo feeling (for example,
see Patent Reference 2).

[Patent Reference 1] Japanese Patent Application
Publication No. 2003-15644

[Patent Reference 2] Japanese Patent Application
Publication No. 2005-24997

[0004]

However, simply imparting acoustic effects such as delay
or reverb as in Patent Reference 1 cannot reproduce a
resonance feeling such as a box resonance of an acoustic
musical instrument (specifically, emphasis or attenuation of a
specific frequency).

{0005}

When the FIR filter is used as in Patent Reference 2,
there is a need to previously measure an impulse response. To
measure an impulse response, an impulse hammer or vibrator is
generally used to apply a vibration. However, measurement
using the impulse hammer has a problem in that measurement
variation is high, failing to achieve reliable measurement .

Measurement using the vibrator also has a problem in that the

measured resonance characteristics are different from those of
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actual play since the vibrator is brought into contact with

the musical instrument.

SUMMARY OF THE INVENTION

[0006]

Therefore, it is an object of the invention to provide a
coefficient measurement apparatus, an effect impartment
apparatus, and a musical sound generating apparatus using the
effect impartment apparatus which can fully and reliably
reproduce resonance of an acoustic musical instrument without
the need to measure impulse responses.

[0007]

A coefficient measurement apparatus according to the
invention includes a line input terminal that receives a
pickup signal that is generated based on a vibration of a
musical instrument, a microphone input terminal that receives
a microphone signal acquired by a microphone, and an adaptive
filter that processes the pickup signal.

An effect impartment apparatus according to the
invention includes a line input unit that receives a pickup
signal that is generated based on a vibration of a musical
instrument, a filter in which a transfer function previously
estimated by the coefficient measurement apparatus 1is set, the
filter generating an output signal by processing the pickup

signal using the set transfer function, and an output unit
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that outputs the output signal.

The adaptive filter estimates a transfer function
associated to resonance of the musical instrument and a
transfer function of an acoustic space formed from the musical
instrument to the microphone. The adaptive filter generates an
output signal by processing the pickup signal using the
estimated transfer function. The adaptive filter also updates
the transfer function using a difference between the output
signal and the microphone signal acquired by the microphone as
a reference signal. The output signal approaches the
microphone signal acquired by the microphone as the adaptive
filter updates the transfer function each time. Therefore, the
output signal includes a resonant sound or a reverberant sound.

The effect impartment apparatus, which includes the
filter in which the transfer function estimated in the above
manner has been set, can output an audio signal reproducing a
resonant sound or a reverberant sound of the acoustic musical
instrument and can also reproduce a fesonance feeling such as
a so-called box sound. In addition, since the pickup signal
does not include noise of the acoustic space and feedback
sound (i.e., an output signal generated after being amplified
outside the coefficient measurement apparatus), the risk that

the output signal is looped, causing howling, is low.

[0008]

In the coefficient measurement apparatus according to
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the invention, the adaptive filter preferably includes a

number of taps corresponding to a resonance time of the

musical instrument. If the number of taps 1is large, the number

of calculations of the adaptive filter is increased. In
addition, a large number of taps compared to the actual body
sounding time contributes to noise. If the number of taps is
small, it is not possible to reproduce the body resonance.
Therefore, it is preferable that the resonance time of an
actual acoustic musical instrument be measured through
experiments or the like or be set to an average body sounding

time of a general acoustic guitar.

[0009]

generates a pickup signal, and an output unit that outputs the
pickup signal, wherein the output unit is connected to the
line input terminal of the effect impartment apparatus.
According to the invention, there is no need Lo measure
lmpulse responses and it is possible to fully and reliably

reproduce resonance of an acoustic musical instrument.

BRIEF DESCRIPTION OF THE DRAWINGS

[0010]
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FIG. 1 i1llustrates the configurations of a gquitar and a

coefficient measurement apparatus.
F1G. 2 1s a block diagram illustrating a signal

processing system of the coefficient measurement apparatus.

FIG. 3 illustrates the configqurations of a gulitar and a

resonance simulator.

DETAILED DESCRIPTION OF THE INVETNION

[0011]

A guitar, a coefficient measurement apparatus, and a
resonance simulator (effect impartment apparatus) according to
an embodiment of the invention will now be described. FIG. 1
1llustrates configurations of the guitar and the coefficient

measurement apparatus.

[0012]

The guitar 1 is an electric acoustic guitar having a
pickup 11. The pickup 11 is mounted on a bridge part of the
guitar 1 to detect vibrations of the box and strings of the
guitar 1 as an audio signal. The audio signal detected by the
pickup 11 is amplified by an amplifier provided at a front end
and is output through an output terminal (not shown). A
magnetic pickup that detects vibrations through

electromagnetic induction or a piezoelectric device that

detects vibrations through piezoelectric effects 1s used as

the pickup 11.
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[0013]

The coefficient measurement apparatus 2 includes an FIR
fillter 21, an adder 22, a line input terminal 23, a microphone
input terminal 24, and an output terminal 25. The audio signal
output through the output terminal of the guitar 1 is input to
the line input terminal 23. The input audio signal is
converted into a digital audio signal through A/D conversion
and the digital audio signal is then-input to the FIR filter
21.

[0014]

A microphone 3 is connected to the microphone input
terminal 24. A microphone signal (analog audio signal)
collected by the microphone 3 is input to the microphone input
terminal 24. The microphone signal input to the microphone
input terminal 24 is converted into a digital audio signal
through A/D conversion and the digital audio signal is then
input to the adder 22. 1In this embodiment, the microphone 3
receives a musical sound generated by the guitar 1.

[0015]

The FIR filter 21 is a finite-length adaptive filter
that simulates a transfer function of an acoustic path that is
formed from the guitar 1 to the microphone 3 and simulates a

transfer function associated to resonance of the musical

instrument 1 and also filters the audio signal detected by the

pickup 11.
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[0016]

FIG. 2 is a block diagram illustrating a signal
processing system of the coefficient measurement apparatus 2.
All audio signals shown in FIG. 2 are digital. As shown in FIG.
2, an audio signal detected by the pickup 11 is input as an
input signal x(k) to the FIR filter 21. The FIR filter 21
filters the input signal x(k) and generates an output signal
y(k). The output signal y(k) is a signal simulating a sound
that reaches the microphone 3 from the guitar 1, since filter
coefficients of the FIR filter 21 simulate the transfer
function of the acoustic path as desc;ribed above. The output
signal y(k) is output from the coefficient measurement
apparatus 2 through the output terminal 25. The output signal
y(k) output from the coefficient measurement apparatus 2 is
provided, for example, to a sound system including an
amplifier and a speaker, which generates a sound corresponding
to the output signal y(k). When the coefficient measurement
apparatus 2 is used only to estimate filter coefficients, the
output terminal 25 is unnecessary and the configurations for
outputting the output signal y(k) from the coefficient
measurement apparatus 2 is also unnecessary.

[0017]

A microphone signal (target signal) d(k) is input to the
adder 22. The adder 22 subtracts the output signal y(k) from

the target signal d(k) and outputs an error signal e(k). The
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error signal e(k) is input to the FIR filter 21. The error
signal e(k) is used as a reference signal for updating the
filter coefficients of the FIR filter 21. That is, the FIR
filter 21 gradually updates the filter coefficients based on
the target signal d(k) and the error.signal e(k) so that the
filter coefficients match the transfer function of the
acoustic path formed from the guitar 1 to the microphone 3.
The FIR filter 21 may stop updating the filter coefficients
when the filter coefficients converge to a certain extent.
Stopping the updating removes the risk that the filter
coefficients will be changed to filter coefficients which
easily cause howling. In addition, it is possible to implement
a resonance simulator including a filter unit in which the
filter coefficients that have converged to a certain extent
are set (see FIG. 3).

[0018]

A predetermined adaptive algorithm is used to update the
filter coefficients. For example, a Least Mean Square (LMS)
algorithm is used. Through calculation, the LMS algorithm
estimates filter coefficients that minimize a square mean

value J of the error signal e(k) (J=E[e(k)"2]) where E [-])
represents an expected value. Of course, a different adaptive
algorithm may also be used or the algorithm may be changed
depending on the musical instrument that reproduces resonance.

[0019]
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The number of taps is set in the FIR filter 21 based on
a body sounding time of the acoustic guitar. The body sounding
time of the acoustic guitar may be measured through
experiments or the like or may be set to a body sounding time
O0f a general acoustic guitar (for example, about tens of
milliseconds). If the number of taps is large, the number of
Calculations of the FIR filter 21 is increased. In addition, a
large number of taps compared to the actual body sounding time
may contribute to noise. If the number of taps 1s small, it is

not possible to reproduce the body resonance of the guitar 1.
Therefore, it is preferable that the body sounding time of the
gultar 1 be previously measured and the number of taps be set
Lo suit the measured time. The user may also be allowed to
manually change the number of taps. In this case, a user

interface for changing the setting may be provided on the
coefficient measurement apparatus 2.

[0020]

Here, since the input signal x(k) is an audio signal

detected by the pickup 11, it mainly detects string vibrations

rather than the body resonance of the gultar 1. On the other

hand, the target signal d(k) detects an actual musical sound

of the guitar 1 (i.e., a sound actually generated by the

guitar 1) and also includes a resonant sound or a reverberant

sound since it is a signal received by the microphone 3. The

output signal y(k) reproduces the resonant sound or

10
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reverberant sound since it simulates the target signal d(k)

and approaches the target signal each time the FIR filter 21

1s updated.

10021]

Therefore, the coefficient measurement apparatus 2 can
estimate the transfer function of the acoustic path and the

transfer function based on the resonance of the musical

instrument and can output a signal reproducing the resonant
sound or reverberant sound of the gultar 1 and also can
reproduce a resonance feeling such as a so-called box sound.
In addition, since the actual musical sound received on the
Spot 1s used as the target signal, the coefficient measurement
apparatus 2 can also reproduce changes of sound of the musical
instrument with age. Further, since the pickup 11 does not
receive noise of the acoustic space and feedback sound (i.e.,
an output signal generated after being amplified outside the
coefficient measurement apparatus 2), there is no risk that
the output signal y(k) is looped, causing howling.

[0022]

A resonance simulator using a transfer function
estimated by the coefficient measurement apparatus 2 will now
be described. FIG. 3 is a block diagram illustrating the
configuration of the resonance simulafor'4w Elements similar
to those of FIG. 1 are denoted by like reference numerals and

a description thereof will be omitted.

11
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[0023]

The resonance simulator 4 includes an FIR filter 41, a
line input terminal 43, and an output terminal 45. The audio
signal output through the output terminal of the guitar 1 is
input to the line input terminal.43.“The input audio signal is
converted into a digital audio signal through A/D conversion
and the digital audio signal is then input to the output
terminal 45. A transfer function estimated by the coefficient
measurement apparatus 2 is preset in the FIR filter 41.
Accordingly, the FIR filter 41 can generate an output signal
reproducing a resonant sound or a reverberant sound of the
guitar 1 by filtering the audio signal input from the line
input terminal 43..'The output signal generated by the FIR
filter 41 is output from the resonance simulator 4 through the
output terminal 45. The output signal is then provided, for
example, to a sound system including an amplifier and a
speaker, which generates a sound corresponding to the output
signal.

[0024]

Since the resonance simulator 4 includes the FIR filter

in which the transfer function estimated by the coefficient

measurement apparatus 2 has been set, it is possible to output

an audio signal reproducing the resonant sound or reverberant

sound simply by inputting a pickup signal of the electric

acoustic guitar to the resonance simulator 4. The resonance

12
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simulator 4 is an effect impartment apparatus for imparting
acoustic effects to pickup signal of the guitar 1. The guitar
with the effect impartment apparatus constitutes an music
sound generating apparatus for generating music sounds based

on vibration picked up from the guitar.

[0025]

Although the guitar 1 is exemplified by the electric
acoustic guitar in this embodiment, the resonance simulator
may also be used when the guitar 1 is a normal acoustic guitar.
In this case, a pickup may be attached to the acoustic guitar
and a signal received by the pickup may be input to the line
input terminal 23 (or the line input terminal 43) .

[0026]

Although the musical instrument for body resonance
simulation is exemplified by the guitar in this embodiment,
body resonance of another acoustic musical instrument may also
be simulated. In such a case, the musical instrument includes

a pickup that detects a vibration of a vibrating part of the

musical instrument and generates a pickup signal.

[0027]

A different effector such as delay or reverb may be

provided downstream of the adder 22 in the coefficient
measurement apparatus 2 to perform additional signal

processing on the output signal. For example, this is suitable

- for use when the user wishes to emphasize a reverberant sound.

13
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CLAIMS:

"
p—-

1. A coefficient measurement apparatus comprising:

a line input terminal that receives a pickup signal

that 1s generated based on a vibration of a musical

1nstrument;

a microphone input terminal that receives a microphone
signal acquired by a microphone that collects sounds of the
musical instrument: and

an adaptive filter that estimates a transfer function

associated to resonance of the musical i1nstrument and a

transfer function of an acoustic space formed from the
muslical instrument to the microphone, generates an output
signal by processing the pickup signal using the estimated
transfer function, and updates the transfer function using a

difference between the output signal and the microphone

signal as a reference signal.

2 . The coefficient measurement apparatus according to

Il

claim 1, wherein the adaptive filter includes a number of

taps corresponding to a resonance time of the musical

instrument.

3. Method of setting filter coefficients of an effect

1mpartment apparatus, said method comprising the following

steps:

providing the effect i1mpartment apparatus that

comprises

- a line input unit that receives a pickup signal

i

that 1s generated based on a vibration of a

musical lnstrument,

— a filter that generates a first output signal by

processing the pickup signal using a set transfer

14
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function, and

— an output unit that outputs the first output

signal ;

providing a coefficient measurement apparatus that

comprises

- a line input terminal that receives the pickup
signal that is generated on the vibration of the

musilical 1nstrument,

— a microphone input terminal that recelves a
microphone signal acquired by a microphone that

collects sounds of the musical instrument, and

— an adaptive filter
determining an estimated transfer function, whereln the

adaptive filter of the coefficient measurement apparatus

estimates a transfer function associated to resonance of the

musical i1nstrument and a transfer function of an acoustic

space formed from the musical instrument to the microphone,
generates a second output signal by processing the pickup

signal using the estimated transfer function, and updates

the transfer function using a difference between the second
output signal and the microphone signal as a reference
signal; and

setting the filter coefficients of the filter of the

effect 1mpartment apparatus with the transfer function

estimated by the coefficient measurement apparatus.

4 Method of producing a musical sound generating
apparatus, sald method comprising the following steps:

providing a musical instrument including a pickup that

detects a vibration of a vibrating part of the musical
instrument and generates a pickup signal, and an output

terminal that outputs the pickup signal;

providing an effect impartment apparatus that comprises

15
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— a line input unit that receives the pickup signal,

— a filter that generates a first output signal by

processing the pickup signal using a set transfer

function, and

— an output unit that outputs the first output

signal ;

providing a coefficient measurement apparatus that

comprises

— a line 1nput terminal that receives the pickup

signal that 1s generated on the vibration of the musical

instrument,

— a microphone input terminal that receives a
microphone signal acquired by a microphone that collects

sounds of the musical instrument, and

- an adaptive filter

determining an estimated transfer function, wherein the

adaptive filter of the coefficient measurement apparatus

estimates a transfer function associated to resonance of the

musical 1nstrument and a transfer function of an acoustic

space formed from the musical instrument to the microphone,
generates a second output signal by processing the pickup
signal using the estimated transfer function, and updates

ﬁ
e

the transfer function using a difference between the second

output signal and the microphone signal as a reference

signal; and

o~
p—r

setting filter coef

r—
=

ficients of the filter of the ef

fect

1impartment apparatus with the transfer function estimated by

the coefficient measurement apparatus.

16



CA 02648419 2009-01-06

23
o dk)

_I_
I XK "FIR Filter L8, — e e (K) -

OUTPUT




CA 02648419 2009-01-06

2,2

F1G.3

41

FIR Filter — 45

— OUTPUT




FIR Filter

OUTPUT




	Page 1 - abstract
	Page 2 - abstract
	Page 3 - abstract
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - description
	Page 17 - claims
	Page 18 - claims
	Page 19 - claims
	Page 20 - drawings
	Page 21 - drawings
	Page 22 - abstract drawing

