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Tone Processing Method and Device

The present invention relates generally to a tone

.processing method and device which generally belong to a

technical field of imparting effects to tone signals, and
more particularly to a technique which permits an efficient
distribution of microprocessor resoﬁrces when a same
microprocessor executes effect imparting processing and.othef
processing.

' The present invention further relates to an effect
imparting device which includes a domputer such as a peisonal
computer and imparts various tonal effects, such as
reverberation, chorﬁs and distortion, to audio 'signals
through arithmetic operations performed by the computerf

In many known electrbnic musical instruments, there is
employed é_nﬁcrgprocessor, such as a DSP (digital signal
processor), which executes effect imparting processing to

impart predetermined or desired effects (e.g., delay-based

- effects such as reverberation) to tone signals. U. S. Patent

No. 4,731,835 discloses an effect imparting technique using
a DSP.
If the microprocessor is designed to execute no other

processing than the effect imparting processing, then all the



»

10

15

20

25

-2 -

mic:oprocessor resources can be used exclusively for the
effect impartingfbrocessing. However,jin cases where the
microprocessor.is'designed to execute the effect imparting
processing in parallel with other processing (e.g., a tone .
geﬁerating processing) or to execute the effect imparting
processing time-divisionally with other processing within a
predetermined time period, the total amount of calculation

necessary for the effect imparting processing and other

'processing would exceed the limited computing capability of

the microprocessor, or the total amount of calculation would
fall far below the microprocessor's computing capability so
that.the comﬁuting capability could not be fully utilized,
due to the faet that the amount of calculationlnecessary for
the other processing significantly'increases or decreases
over time. U. S. Patent No. 5,319,151 dicloses a technique
for producing a tone signal by executing a'predetermiﬁed
computer program of tone generating proeessing.

Further,. owing - to the high-performance 'personal
computers available today, more sophisticated electronic
musical instruments have been developed, which ere capable
of executing tone synthesis or effect imparting processing
through arithmetic operations by a CPU of the computer. Many
of the instrumeets are equipped with a funetion to execute

effect imparting processing on audio signals and other

-application software in a parallel fashion.

Generally, the effect imparting processing to impart a
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reverberation effect of the like involves a relatively great
amount of caléulation using a considerable part of the
limited computing capability of the personal computer, which
would often prevent the other application software from being
executed  properly without interferencé from, thgl.effect
imparting processing. Further, although the effect imparting
processing for a reverberation effect or the like should be
continually executed as long as audio signals to be processed
are Supplied or input, it neéd not be executed when there is
no audio signal input. However, because the above-discussed
conventionally known electronic musical instruments are
designed to exequte the effect imparting processing
continually irrespective of presence/absence.of audio signal
inpﬁt, arithmetic operations are performed wastefully even
during'a period when there is no audio signal input, and such
wasteful arithmetic operations would undesirably preveht'
proper execution of other application software.

It is therefore an object of the present invention to
provide a tone processing method and device which permit an
efficient distribution of microprocessor resources in cases
where effectﬂimparfing processing to impart an effect to a
tone signal and other proceséing are executed by a same
microprocessor.

It is another object of the present invention to provide
an effect imparting device which is capable of efficiently

executing effect imparting processing on an audio signal
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without | wasfing "the computing capability of a
microprocessor.

In order to accomplish the above-mentioned objects, a
tone processing method according to a first aspect of the
present invention executes effect imparting processing to .
impart an éffect to a supplied tope signal and other
processing by shared use of a éame microprocessér, and is
charaqterized in that it _comprises a first step of
controlling contents of the effect imparting processing
débending on an amount of calculation necessary for the other
processing, and a second Step. of executing the effect
imparting processing on the supplied tone signal in
accbrdance.with the contents controlled in the first step.

A tone generéting device according to a first aspect of
the present invention comprises a processor section for

executing effect imparting processing to impart an effect to

~a supplied tone signal and othex processing by shared use of

a same microprocessor, and a control section for'controlling
contents of the effect imparting processing depending on an
amount of calculation necessary for the other prbcéssing.
According to the first éspect of the invention, as-the
amount of calculation necessary for the other processihg
varies over time, the contents of the efféct imparting
processing is controlled depending on the amount of
calculation necessary for the other processing, and the

effect imparting processing is executed in accordance with
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the thus-controlled contents. Namely, when the other
processing involves a relatively great amount of calculatipn,.
the effect imparting processing is set to a lower grade to
feduce the amount of calculation necéssary fof the effect
imparting processing, so that more compdting capability of
the microprocessor can be allocated to the other processing.
Conversely, when the other application processing involves
a relatively small amount of calculation, the effect
imparting processing is set to a higher grade to allow a
higher-quality effect to be imparted a tone signal. This
arrangement permits an effiqieht ~distribution of the
microprocessor resourcés in executing the effect imparting
processing an& other processing by shared use qf the same
microprocessor. |

A tone processing method accqrding to a second aspecf
of the present invention executes effect imparting processing
to impart an effect to a supplied tone signal and other
processing by shared use of a same microprocessor, and is
characterized in that it comprises a first step of
selectively 'designating a grade of the effect imparting

processing, and a second step of executing the effect

imparting processing. on the supplied tone signal in

accordance with contents corresponding to the . grade
designated in the first step. .
A tbne generating device according to a second aspect

of the present invention comprises a processor section for
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executing effect imparting processing to impart'an effect to
a supplied tone signal and other processing by shared use of
a same microprocessor, and an operator section for
sélectively designating a .grade' of the effect imparting
processing, the processor sectioﬁ executing the effect
imparting processing on the supplied tone signal in
accordance' with. contents corresponding to the grade
designated by the operator section.

According to the second éspect, when a player
selectively designaté a grade of the effect" imparting
processing, the processing is executed in éccbrdancelwith
contents corresponding to the designated grade. Thus, this
arrangement perﬁits an efficient distribution of the
microprocessor resources as in the first-aspect method and
device, by the player designating a grade depending on the
amount of calculation necessary for the other processing or
by the user adjusting ét desired timing while actually
listening to an effect-imparted generated tone.

A tone proceésing method according to a third aspect of
the present_invention executes effect imparting processing
to impart an effect to a supplied tone signal and other
processing by shared use of a same microprocessor, and is
characterized in that it comprises a first stepléf detecting
a tone volume level of the supplied tone signal, and a second
step of executing the effect imparting processing on the tone

signal when the tone volume level detected in the first step
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is equal to or higher than a predetermined value but omitting
execution of the effect imparting processing on the tone

signal when the tone volume level detected in the first step

is lower than the predetermined value.

A tone processing device according to a third aspect of
the present invention comprises a detecting section for
detecting a tone volume level of a supplied tone signal, a
processor section for executing effect imparting prodessing
to impart an effect to the supplied tone signal and other
prodgssing, and an instructing sectioﬁ.for instructing the
processor section to omit execution of the effect imparting
processing when the tone volume level detected by the
detecting section is lower than a predetermined value.

According to the third aspect, a tone volume level of
each supplied tdne signal is detected, and when the detected
tone volume level is lower than the predetermined wvalue,
execution of the effect imparting processing on the signal
is omitted. Thus, when the vdlume level is below the
predetermined value such as when no tone is being sounded,
the entire'computing capability of the microprocessor can be
allocated to- the other processing without wasting the
computing capability in the effect imparting processing.
Thus, this arrangement also achieves an efficient
distribution of the microprocessor resources.

Further, the. present invention provides an effect

imparting device wich comprises a calculating section for
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performing various arithmetic operations, said calculation

section performing an operatior_t for execution of effect
impaftiﬁg processing to impart a predetermined effect to an
audio éignal, and a control section for discontinuing the
execution of the effect imparting processing when supply of
the audio signél is stopped continuously for a predetermined
time period and resuming the- e#ecution of the effect
imparting processing when the supply of the audio signal is

restarted.

For better underétanding of the above and other features
of the present invention, the preferred embodiments of the
invéntion will be described in greater detail below with
reference to the accompanying drawings, in which:

Fig. 1 is a block diagram illustrating a general
structure of an electronic musical inétrument employing a
software tone generator in accordance with the present
;nvention; |

Fig. 2 is a diagram illustrating a basic functional
principle of the software tone generator, of Fig.'l;

Fig. 3 is a flowchart of a main routine executed by a
CPU of Fig. 1;

._Fig. 4 is a flowchart of an interrupt process executed
by the CPU; |

Fig. 5 is a diagram illustrating an example storage

format of an input buffer;
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‘Fig. 6 is a flowchart of a note-on event process
executed by the CPU;
Fig. 7 is a diagram showing exemplary contents of tone

color data stored in a tone color storing region of a RAM of

Fig. 1;:

Fig. 8 is a diagram showing a manner in which tone color
data are stored in a tone generator register;

Fig. 9 is a flowchart illustrating an example of tdhe

generator processing executed by the CPU;

Fig. 10 is a diagram showing a relationship among
various amounts of calculation neceésary for various
prodessing executed by the CPU;

Fig. 11 is a diagram illustrating a reverberation
imparting algorifhm;

Fig. 12 is a block diagram outlining an algorithm for
tone generating processing; |

Figs. 13A to 13C are diagrams illustrating examples of
storage formats of output buffers;

Fig. 14 is a flowchart illustrating another example of
the tone generator proceésing executed by the CPU; -

Fig. 15 is a block diagram illustrating another
embodiment. of the present invention; .

Figs.'16A to 16C are block diagrams showing_several

' examples of effect imparting processing executed in the

embodiment of Fig. 15;

Figs. 17A to 17D'are block diagrams showing examples of
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control over the effect imparting pfocessing executed in the
embodiment of Fig. 15;

| Fig. 18 is a block diagram showing a reverberation
imparting process executed in the embodiment of Fig. 15 in
terms of functional interrelations among various hardware
components;

Fig. 19 is a block diagram illustrating details of the
reverberation imparting process executed in the embodiment
of Fig. 15; and

Fig. 20 is a flowchart illustrating exemplary behavior

of the embodiment of Fig. 15.

The present invention will be described hereinbelow in
relation to a case where hardware tone generating LSI and DSP
are replaced by computer programs describing tone generating
processing and effect imparting processing which are both run
by a single CPU (central processing unit). In the following
description, systems for such tone generating processing and
effect imparting proceséing ~will be collectively called
hereinafter a CPU tone generator or sOftware tone generator.

Fig. 1 is a block diagram illustrating a general
structure of an electronic musical instrument 18 including
the software tone generator to which is applied'the principle
of the present invention. The electronic musical instrument
18 is a music system based for example oﬁ a personal

computer. On the basis of MIDI (Musical Instrument Digital
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Interface) performance information.supplied from another MIDI
musical instrument (not shown) in response to a player's
performance operation, the electronic musical instrument 18
causes é- CPU 1 of the personal computer to execute tone
generating processing (i.e.,. processing to 'generate tone
waveform data having tonal characteristics, sudh as pitch énd
color, as indicated by the MIDI performance information), as

well as effect processing (i.e., processing to impart an

- effect to a tone as indicated by MIDI performance information

or player's selection on an operation panel).

To the_CfU-l are connected, via a data and address bus
10, é MIDI interface 2 for coﬁpling to another MIDI musical
instruﬁent, a ROM (read-only memory) 3, a RAM (random-access
memory) 4, a timer 5, a keyboard 6, a display 7, a hard disk
device 8 and a DMA (direct memory access) circuit'9.

The hard disk device 8 has prestored thereon tone color
data (e.g., waveform data recorded using the PCM technique)
that are read out in response tq performance information for
necessary processing. The RAM 4 has storage areas for
temporarily storing tone signals having been generated and
imparted effects. |

. The DMA circuit 9 executes a reproduction process based
on the known direct memorf access method, in which it
sequentially reads out from the RAM 4 tone signals, one by
one, in accordance with a reproduction sampling frequency

(e.g., 48 kHz) of a D/A (digital-to-analog) converter 11 and
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transfers the read-out data to the D/A converter 11. As an
example, the DMA circuit 9 exedutes this reproduction process
on 128 samples of the tone signals as a single processed
unit, and the DMA circuit 9 sets a predetermined time-shift
flag each time it initiates the reproduction process on a
single unit of the tone signals. Each tone signal converted
via fhe D/A converter 11 into analog representation is
audibly 'reproduced via a sound system 12 comprised 6f
amplifiers and speakers. |

In the hard disk 8, there may be stored various other
data'than the waveform data, such as automatic performance
data and éhord pfogression data and the above-mentioned
operating program. By prestoring the operating program in
the hard disk 8 rather than in the ROM 3 and loading the
operating program into the RAM 4, the CPU 1 can operate in
exactly fhe same way as where the operating program is stored
in the ROM 3. This greatly facilitates version-up of the
operation program, addition of an operating program, etc.
A CD-ROM (compact disk) 13 may be used as a removably-
attachable external recbrding~medium for recording wvarious
daté such as automatic performance data, chora progression
data and tone waveform data and an optional operating
program. Such an operating program and data stored in the
CD-ROM 13 can be read out by a CD-ROM drive 14 to be
transferred for stbrage into. the hard disk 8. This

facilitates installation and versidn-up of the operating
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program. The removably-attachable exterﬁal recording medium
may be other. than the CD-ROM, such és a floppy disk and
magneto optical disk.(MO).

A communication interface 15 may be connected to a bus
10 so. that the electronic musical instrument 18 ‘can be
connected via the interface 15 to a communication network 16

such as a LAN (local area'network), internet and teiephone

.line network and can also be connected to an appropriate

sever computer 17 via the communication network 16. Thus,
where the operating prograﬁ and various data are not
contained in the hard disk 8, these operating program and
data can be received from the server computer 17 and
downloaded into the hard disk 8. In such a case, the
electrdnic musical instrument 18, a "client", sends a command
requesting the server computer 17 to download the operating
prograﬁ and various data by way of the communication
interface 15 and communication network 16. In response to
the command, the server computer 17 delivers the requested
operating program and data to the electronic musical
instfument 18 via the communication network 16. The

eleci:ronic musical instrument 18 completes the necessary

downloading by receiving the_operating program and data via

the communication network 15 and storing these into the hard
disk 8.
It should be understbod here that thé electronic musical

instrument 18 may be implemented by installing the Operating
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program and various data correspondiﬁg to the present
invention in a commercially available persdnal computer. In
such a case, the operatiné, program and various data
corresponding to the present invention may be provided to
users in a recorded form on & recording medium, such as a CD-

ROM or floppy disk, which is readable by the personal

_computer. Where the personal computer is connected to a

communication network such as a LAN, the operating program
and various data may be supplied to the personal computer via
the communication network similarly to the above-mentioned.

Fig. 2 is a diagram illustrating a basic functional
pfinciple _of the software tone generator. The tone
generating processing and effect imparting processing are
executed by .the CPU 1 in each time section having a
predetermined time length; more specifically, on the basis

of performance information input via the MIDI interface 2 in

‘each time section, the CPU 1 executes the tone generating

processing in 'a plurality of tone generating channels
corresponding to the number of fbnes to be simultaneously
generatéd and the effect imparting processing on the
generated tone signals in the next time section (immediately
following the current time section).- The tone sighals thus
generated and imparted effect in each time section are
reproducéd by the DMA circuit 9 in the next time section; in
the example of Fig. 2, the tone generating processing is

first executed by the CPU 1ziﬁ a time section from time T2
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to time T3 on the basis of performance information input in
a time section from time Tl to time T2, and the reprodﬁction
process is executed on the generated tone signals by the DMA
circuit 9 in the next time section from time T3 to time T4.
Thus, the length of each of the time sections is equal to the
product between the number of samples reproduced at one time
by the DMA circuit 9 and the reproductiqn sampling period,
which in the example of Fig. 2 is about 0.0027 sec (128 —+
48,000). |

Because the reprbduction process has to be conducted
successively throughout the time sections in order to
generate a tone without a break, 128 samples of tone signals
to be reproduced in each of the time sections by the DMA
circuit 9 must'have already been processed completely by the
tone Qenerating and effect imparting processing in the
preceding time section. However, the amount of calculation
necéssary for the tone generating processing will greatly
differ among the time sections, for example, due to the fact
that the number of tone generating-channels to be used varies

over time depending on input performance information. In

contrast, the amount of calculafion necessary for the effect

imparting processing will not differ among the time sections-
due to the number of tone generating channels to be ﬁsed,
because the effect imparting processing is performed on
signals obtaineé by accuﬁulating the signals generated in the

individual tone generating channels.
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Also, the CPU 1 has to execute these brocessing in the
software tone generator in parallel with processing of other
application software on a multitask basis. .

The foregoing is the basic functional principle of the

software tone generator, but it should be appreciated that

. the operation timing of the software, tone generator need not

be strictly as illustrated in Fig. 2. For instance, the tone
generating and effect . imparting processing based on
performance information input within a predetermined number
of successive time sections may be executed collectively in
a single time section. Further, the value of the
"predetermined number" may be varied with the passage of
time.

The electronic musical instrument 18 employing the
software fone generator controls contents of the effect
imparting processing depending on the amounts of calculation
necessary for the other application software processing ahd
the tone generating processing, so as to efficiently execute

the tone generating and effect imparting processing in the

- software tone generator while achieving an efficient

distribution of the CPU resources.

A description will now be made about an example of the
tone geherating brocessing with reference to Fig. 3 and other
figures following Fig.'3.

: Fig. 3 is a flowchart of e main routine executed by the

CPU 1. In +this main routine, after a predetermined
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initialiéing process at step Sl1, a determination is made at
step S2 as to whéther received data are stored in an input
buffer within the RAM 4. With an affirmative determination
at step S2, the CPU 1 executes a received data process at
step 83, which.includes, for example, note-bn and note-off
event processes based 6n note-on and note-off event signals
supplied via the MIDI interface 2.

Thén, a determination.is made at step S4 as to whether
there is an operation event of any of various switches
provided on the keyboard 6. If there is such an operation
event as determined at step S4, the CPU 1 executes a switch
event process at step S5, which includes, for exampie, a tone
color selecting operation based on activation of a'tone.color
selecting switch and an effect type selecting operation based
on activation of an effect selecting switch. Then, the CPU
1 executes tone generator processing at step S6 and other
processing at step S7. Thereafter, the CPU l'repetitively
executes the operations of steps S2 to S7 in a steady loop.

The received data process of step S3 is triggeréd in
response to an affirmative determination of step S2 made by
detecting that received data from the MIDI interface 2 is
writteh in the input buffer. The received data writing into
the input buffer is effected by performing a top-prio:ity:
interrupt process of Fig. 4 every time data are received via
the MIDI interface 2. In the top-priority interrupt process

of Fig. 4, the data received via the MIDI interface.2_are
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input to the.musical instrument at-step S11, and the input
received data are written into the input buffer within the
RAM 4 along with data indicative of a cﬁrrent_time (time
data). Although received data are immediately written into
the input buffer whenever they are received, the thus-written
received data are not immediately proceslsed in the main
routine, and hence the time data is written into the input
buffer to identify a time when the received data were
receivea. Fig. 5 shows examples of storing regions in the
input buffer, where the number of received data is written
in a storing region labelled "number of events" and the
received data and corresponding time daté are written in
storing regions labelled "data 1?, "data 2", "data 3" ....

Now, the note-on event process of the received data
process will be described below with reference to Fig. 6,
where at first step S21, data indicative of a note number,
velocity and tone éolor paft and time data are read 6ut from
the input buffer and stored into réspective registers. Af
next step S22, one of the tone geherating channels is
assigned for generating a tone signal corresponding to the

note number corresponding to the note-on event. Then, at

step S23, data of a tone color preselected for the tone color

part by a tone color selecting operation in the switch event
process (step S5 in Fig. 3) are read out from a tone color
storing region of the RAM 4, and the read-out tone color data

are processed in accordance with the note number and
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velocity. Fig. 7 shows exemplary contents of thé tone color
data stored in the tone color storing region of the RAM 4
after having been read out from the hard disk.device 8. 1In
the example of Fig. 7, each set of tone color data includes
waveform data for plural cycles of each predetermined range,
envelope controlling data, touch controlling data and other
data.

At next step S24 of the note-on eveﬁt-process, the
processed.tone color data (including déta indicative of a
tone signal generating algorithm and pitch controlling data)
are written, into a tone generator register for the assigned
tone generating channel, along with the corresponding time
data. Léstly, data indicative of a note-on event is written
into the tone genefator register at step S25, and the CPU 1
returns to the main routine. Fig. 8 shbws a manner in which
the tone color data are stofed in the tone Qenerator
registers. In the example of Fig. .8, tone generator
registers are brovided for 32 tone generating chahnels, eaéh
of which has a region for storing:the note number, envelope
controlling data, note-on data, fime data and other data and
a working area. The other data includes data indicative of
an algorithm relating fo an effect sélected through <the
switch event process. |

Fig. 9 is a-flowchart illustrating an example of the

tone generator processing (step S6 in Fig. 3), where at first

step S31, the CPU 1 checks the stored contents of the tone



10

15

20

25

- 20 -

generator register for each tone generating channel (see Fig.
8). At next step S32, a determination is made as to whether
any new data has been written into any of the tone generator
registers. If new data has been written into any of the tone
generator registefs via the note-on event process of Fig. 6
or the like, an affirmative determination results at step
S32, so that the CPU 1 goes to step S33, where the data
stored in the tone generator register is reserved for the
tone generating and effect imparfing processing in the next
time section. After this, the CPU 1 proceeds to step S34.
If, on the other hand, no new data has been written into any
of the tone generator registers, the CPU 1 proceeds to step
S34 directly from step S32.

At step S34, the CPU 1 checks the .time-shift flag which
is set each time thé DMA 9 circuit initiates the reproduction
process on 128 samples of tone signals (i.e., each time there
has been a shift frgm one time section to énother), so as to
determine whether the flag is currently set (i.e., whether
there has been a shift frém one time section to a new time
section).

If +the tiﬁe—shift flag is not currently set as
determined at.step SSS,Ithe CPU 1 returns to the main routine
to repeat the operations of step S7 and steps S2 to SS'(Fig;
3) and the operations of steps S31 to S35 of the tone
generator processing until the flag is set. Once the time-

shift flag is set, the CPU 1 goes from step S35 to step S36,
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where it computes ‘a maximum amount of calculation actually

necessary for processing of the software tone generator
(i;e., a sum of an amount of calculation necéssary for the
tone generating processing and -an amount of calculation
necessary for the effect imparting processing) in the new
time section. Typically, the maximum amount of calculation
may be computed as an amount proportional to the nuﬁber of
the tone generating channels reserved at step S33. Then,
depending on the computed amount - of calculation and a
calculation amount allowable for the software tone generator
processing, the CPU 1 performs control over either or both
of tone generation in some of the tone generafing channels
(i.e., deadening or muffling tones that are being generated

in some of the tone generating channels) and contents of the

.effect imparting processing.

It is more preferable to control the contents of the

effect imparting processing, because as compared with the

~tone generating processing, the effect imparting processing

advantageously has less effect on a listener's auditory sense
even when the contents are set to a relatively low grade.
Thus, +the following description will be made on - the
assumption that only the contents of the effect imparting
processing are controlled by the CPU 1. Nevertheless, the
control over the tone generating channels has an advantage

that it can immediately complete necessary tone deadening

~operations, while the control over the contents of the effect
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imparting processing takes a consiaerable time to cause the
processing .amount to be increased of decreased to a desired
level. For this reason, whenlit is necessary to effect the
control urgently, it is pfeferable that the control over the
tone generating channels be performed with priority over the
control of the contents of the effect imparting processing.

In the following description, it is also assumed that
the calculation amount allowable for the software tone
generator processing in a single time section depends on the
computing capability of the CPU 1 and an amount of
calculation necessary for proceésing by other application
software that is executed by the séme CPU 1 iﬂ parallel with
the processing of the software tone generafor. . Accordingly,
the allowable calculatioh amount depends on the application
software. Also, because the allowable calculation amount may
vary over time even if the application software is the same,
it is desirable to set the allowable calculatibn amount to
be slightly.lower than its upper limit.

As another example, the allowable calculation amount may
be set optioﬁally by a player or user within the limit of the
computing capability of the CPU 1. Further, variation
characteristics of the allowable calculation amount may be

set optionally by the user in such a manner that the

- calculation amount varies over time in accordance with

progression of a performance.

Fig. 10 is a diagram showing a relationship among the
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allowable -calculation amount, the amount of calculation
necessary for the-processing of the software tone generator,
the amount of calculation necessary for the tone generating
procéssing and the amount of calculation necessary for the
effect imparting processing, in order to conceptually explain
the above-mentioned control over the contents of the effect
imparting processing. As shown, in the range from Xd fo X1
where a maximum amount of calculation necessary for the
processing of the software tone generator Z (i.e., a sum of
the amount of calculétion necessary for the tone generating
processing Y and thé amount of calculation necessary for the
effect imparting procéssing-when the_céntents of the process
are set to a highest grade Bl) does not exceed the allowable
célculation émount A, the effect imparting processing is set
to the highest grade. |

| In the range from X1 to X2 where the amount of
caiculation necessary for the tone generating processing Y
is so great that the maximum amount of calculation Z exceeds
the allowable calculation amount A but a difference between
the amounts Z and A is less than the'amount Bl and an amount
of calculation necessary for the effect imparting processing
when the contents of the process are set to a second highest
grade B2), the effect imparting processing is set to the
second highest grade. As a result, the amount of calculation
necessary for the proceésing of the software tone generator

becomes



10

15

20

25

- 24 -

z—(Bl—BZ)éz-(.z—A);A
, which falis within the limit of the allowable calculation
amount A. In this manner, the amount of calculation
necessary for the processing of the software tone generator
is allowed to fall within the 1imit of the allowable
calculation amount A in any ranges.

Now, details of the control over the contents of the

effect imparting processing will be explained in relation to

a reverberation effect which is a delaj—based tonal éffect.

Fig. 11 illqurates an overall algorithm to achieve a
reverberatioh effect. Tone signals generated via the toné
generating processing are stored in buffers XL, XR and XX
(the buffer XL is for storing tone signals to be sent to the:
left channel of the stereophonic sound system without being
subjected to the'effect imparting processing, the buffer XR
for storing tone signals to be sent to the right channel of
the stereophonic sound éystem without being subjected to the
effect imparting processing, and the buffer XX for storing
tone signals to be sent to the effect imparting processing).
Each tone signal SX read out from the buffer XX is first
subjected to a process for early reflection ERl; as denoted.
at block (101) in Fig. 11, to obtain an initial réflected
tone delayed by a predetermined time, and the initial

reflected tone is added to tone signals SL and SR read out

from the left- and right—channel buffers, respectively, as

denoted at blocks (102) and (103). After this, the tone
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signal SX is further subjected to a process for early
reflection ER2, as denotéd at'biock (104), to again obtain
an initial reflected tone, and the initial.reflected tone is
added to tone signals SL and SR read out from the left- and
right-dhannel buffers, respectively, as denoted at blocks
(105) and (106).

The thus-delayed tone signal SX is passed thrbugh all-
pass filters APl and AP2 aé denoted at blocks (107) and (108)
and then passed in parallel through six comb filters CFl to
CF6, as deﬁoted at blocks (109) to (114), providing different
delay times. The reason why the tone signal SX is passed
through a plurality of the comb filters CFl to CF6 providing
different delay' times 1is to smooth +the frequency
characteristics of the signal as a whole, because wave-like
frequency characteristics will result if the signal SX is
bassed through only one comb filter.' The greater the number
of the comb filters, the smoother become the frequency
characteristics.

Then, the tone signals passéd through the comb filters
CFl to CF6 are sent to two mixers MixL and MixR to be mixed
togefher in each of the mixe;s MixL and MixR as denotéd at
blocks (115) and (116), so as to generate reverberated tone
data having.relatively coarse delay time intervals.

After this, each reverberated tone data generated by the
mixer MixL is passed through all-pass filters AP3 and AP5,

as denoted at blocks (117) and (119); providing delay times
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shorter than those provided by the comb filters CFl to CF6,
so as to form reverberated tone data having iélatively fine
delay time intervals. Each of the reverberated tone data
from the all-pass filters AP3 and AP5 is added to the tone
signal SL as denoted at block (121). On the other'hand, each
reverberated tone data generated by the mixer MixR is passed
through all-pass filters AP4 and.AP6, as denoted at blocks
(118) and (120), broviding delay times shorter than those
provided by the comb filters CFl1 to CFG, so as to form
reverberated tone dafa haviné relatiﬁely fine delay time

intervals. Each of the reverberated tohe data from_the all-

pass filters AP4 and AP6 is added to the tone signal SR as

denoted at block (122).

Tone signals SL' and SR' derived by adding the tone
signals SL and SR with the respective initial reflected tones
and reverberated tones are then written into left- and right-
channel output buffers XL' and XR', respectively.

When the maximum amount of calculation necessary for the
processing of the software tone generator processing (i.e.,
a sum df an amount of calculation necessary for the tone
generating processing and an amount of calculation necessary
for executing the whole of the above-mentioned algorithm)
does not exceed the allowable calculation amount for the
processing of the software tone generator proceséing,
settings are made at step S36 to execute the whole algorithm

(namely, the reverberation effect is set to a highest grade).
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When, on the other hand, the maximum amount of calculation
is greater than the allowable calculation amount, the
reverberétion effect is set to a.lower grade step by step by
progressively removing some of the blocks of the algorithm
in the following order.

More specifically, as the first step, block (114) of the
comb filter CF6 'is removed. If the maximum amount of

calculation necessary for the software tone generator

'processing is still greater than the allowable calculation

amount even after the removallof block (114), block (113) of
the comb filter CF5 is further removed as the second step.

If the maximum amount of calculation is still greater than

~ the allowable calculation amount even after the removal of

block (113), then blocks (117) and (118) of the all-pass
filters AP3 and AP4 aré removed as the third step. In a
similar manner, block (108) of the all-pass filter AP2Z2 is
further removed as the fourth step, and block (104) of the
early reflection ER2 is further removed as the fifth step.
In the embodiment, the order of the block remmval i§
determined on.the basis of two viewpoints: the one viewpoint
being that the removal should be effected block by block in
ascending order of effect on the listener's auditory sense,
i.e., in such a mamner that one of the blocks which will have
the least effect on the listener's auditory sense when
removed ié removed prior to the other blocks (even when the

number of the comb filters is decreased from "6" to "5" or
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"4", there will be no significant problem with the frequency
éharacteristics smoothing and hence no significant effect on
the listener's auditory sense); and the other.viewpoint being
that the removal should be effected block by block in
descending order of effects attained by reduction of - the
calculation amount, i.e., in such a manner that one of the
blocks which will contribute most to reduction of the
calculation amount ﬁhen removed is removed prior to the other
blocks (reducing the blocks of the all-pass filters AP3 and

AP4 préi.or to the block of the all-pass filter AP2 will

contribute more to reduction of the calculation amount since

the two blocks are removed at the same  time).

When the amount of calculation necessary for the
software tone generator processing has become no longer
greater than the allowable calculation amount although the
reverberation now has an improved grade as a result of the
amount of calculation for the tone generating pfocessing
having been reduced by the block rémoval, the reverberation
is set, at step S36, to a higher grade step by step by
reviving the removed blocks-from the'fifth step to the first
Step; i.e., oppositely to the above-mentioned order.

As described above; the "control over.the contents of
the efféct imparting processing" comprises controlling the
amouht of calculation for the effect imparting processing by
progressively femoving some of the blocks in the associated

algorithm or progressively reviving the removed blocks. A
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greafer amount of calculation for the effect imparting
processing results in a higher grade of the processing, while
a smaller amount of calculation for the effect imparting
processing results in a lower grade of the‘ processing.
Aithough the foregoing description has been made in relation
to the case where a reverberation effect is imparted by thé
effect imparting processing, the principle of the preéent
invention may df course be applied to a case where another
effect, such as chorﬁs, flaﬁger or feather, is imparted by
the effect imparting process; that is, the amount of
calculation for fhe other effect can be controlled to.
increase or decrease by remoﬁing some blocks in an algofithm
for the effect or progressively reviving fhe removea blocks
similarly to the above-mentioned.

If some of the blocks in the algorithm for the effect

imparting processing are removed at step S36 (i.e., if the

- effect imparting processing is set to a lower grade than

before), a later step to actually execute the effect
imparting processing (step S41), rather than suddenly
stopping the operation in each removed block, progressively
weakens the operation in the block by changing parameters for
the effect, so that the operation is stopped ohly after it
is weakened to a degree that its stoppage does not result in
any significant effect on the listener's auditory_éense.
Even-dﬁring the time when the operation in a specific one of

the blocks is progressively weakened, operational
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characteristics of the other block(s) than the specific one

are varied- to cancel out the effect on the listener's

auditory sense (such as unnatural variation in tone volume

level that can be sensed by the listener's ears) caused by

variation in the operational characteristics in the specific
block.

Similarly, if the removed blocks are revived at step S36
(i.e., if the effect imparting processing is set to a higher
grade than befqre), the step to actually execute the effect
imparting processing (step S41) initializes each of the so-
far-detectéd blocks and then progressively strengthens the
operation of the initialized blocks by changing parameters
for the effect.

Once the operation of step S36 is completed in the
above-mentiqned manner, the CPU S37 moves to step S37, where

tone.signals'for a single time section (128 samples of tone

'signals) are generated by performing the tone generating

process on the data having been reserved as an object for
calculation at step S33.

Fig. 12 is a_biock diagram outlining an algorithm for
the tone generating processing. In this tone generating

processing, for each of the tone generating channels, a

-process for reading out the reserved data from the

corresponding tone generator register so as to generate an
original waveform therefrom (block (210)), a'process for

performing a filter operation on the basis of information
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indicative of a filter coefficient so as to control tone
color (block (202)) and a process for multiplying thé
waveform having undergone +the filter operation by an
amplitudé (tone.volﬁme) value so as to control amplitude
(block (203)) are executed, on a time-divisional basis, for
a total of three output channels: the first one for tone
signals to be sent to the left channel of the stereophonic
sound system without being subjectgd to the effect imparting
processing; the second one for tone signals to be sent to the
right channel of the stereophonic sound system without being
subjected to the effect imparting processing; and the third
one for tone signals to be subjeéted to the effect imparting
processing (see Fig. 11).

The above-mentioned process for generating the original
waveform may be conducted usiﬁg a known waveform generation.
method such as the waveform memory method, frequency
modulation method or harmonic synthesis method. In the
above-mentioned filter operation, the filter coefficient is
vafied over time or in accordance with touch or other
performance information in order to control tone color.
Furthef, in the above-mentioned amplitude control, a tone
volume envelope for controlling timefvarying.tone.volume from
the start to end of tone generation in each of the tone
generating channelé is weighted with a ratio corresponding
to the output channel in question in order to obtain three

different pieces of tone volume information for the output
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channels, and the three pieces of tone volume information are
sequentially multiplied to an input waveform on a time-
divisional basis. By adjusting anf of the weighting ratios,
it is possible to, for example, provide a stereophonic or
tone image localizing effect and increase the volume of the
effect-imparted tone.

- Thereafter, the tone signals generated in the tone
generating channels through.fhe above-mentioned processes are
accumulated for each of the output channels and stored into
the respective suffers XL, XR and_XX (block 204). Figs. 13A

to 13C shown by way of example how the tone signals are

- stored in the buffers XL, XR and XX, each of which includes

a region storing 128 samples of the tone signals generated
within a single time section.

Returning now to Fig. 9, step S38, immediately afte£
step 837, determines a grade of the effect imparting
processing.which can .be completed within a remaining time of
the current time section, depending on the remaining time.
At next step S$39, a determination is made as to whether or
not the gradé determined at step S38 is lower than that

previously set at step $36. If answered in the affirmative

at step S39, the CPU 1 goes to step S40 in order to replace

the grade of the effect imparting processing with the grade
newly determined at step'838, and then proceeds to step S41.
If, on the other hand, the newly determined grade is not

lower than the grade previously set at step S36, the CPU 1
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proceeds to step S41 with'the.previously set grade left
unchanged.

The reason why the effect imparting processing grade is
reconsidered hére is that if thé grade set at step S36 is
continued to be used, the effect imparting processing may
sometimes ﬁot be completed within the remaining time of the
section due to some new conditions arising after-step S36
(e.g., in a situation where a time more than expected was
taken for interrupt processes of the application software
being executed by the CPU 1 in parallel with the software
tone generator processing).

St step S41, the tone signals are read out from the
buffers XL, XR and XX (Figs. 13A to 13C) and the effect
imparting processing to impart an effect selected by the

switch event process (step S5 of Fig. 3) is performed on the

" read-out tone signals on the basis of the amount of

calculation corresponding to the grade set at step S36 or
S540. Thén, the tone signals having undergone the effect
imparting processing are written into the left- and right-

channel output buffers XL' and XR', respectively. Details

of the effect imparting processing are as described above in

relation to step S36 with reference to Fig. 11. By executing
the effect imparting processing in the _thué-controlled
manner, the software +tone generator processing and
application software executed in parallel with the tone

generator processing as well_dan be appropriately completed
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‘within each of the time sections without causing any adverse

.effects.

Lastly, at step S42, the tone signals written in the
respective output buffers XL' and XR' (such as tone signals
SL' and SR' shown in Fig. 11) are reserved as signals to be
reproduced by the DMA circuit 9 in the next time section
(immediately following the current time section), after which
the CPU 1 returns to the main routine. In the next time
section, the above-described reproduction process will be
performed on the reserved tone signals by means of the DMA
circuit 9. |

As described above, in some of the time sections when
the other application software and tone generatiné processing

involve great amounts of calculation, the embodiment of the

‘present invention sets the effect imparting processing to a

lower grade so as to reduce the calculation amount therefor
as compared-with 6ther cases where the two processing involve
smaller amounts of calculation, so that more of the computing
capability of the CPU 1 can be allbdated to the other
processing. On the other hand, in another time section Whén'
the other processing involves a relatively small amount of
calculation, the embodiment sets the effect imparting
processing to a higher grade so as to increase the
calculation amount therefor and'thereby impart a better or
higher-quality effect to +the tone -signals. Such an

arrangement permits a more efficient distribution of the CPU
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resources. Particularly, when the number of simultaneously
generated tones is small, the effect imparting processing of
higher grade allows effect-imparted tones to be heard more
clearly, thus providing an even better effect .on the
listener's auditory sense.

Fig. 14 is a flowchart illustrating another example of
thé tone generator processin§ éxecuted by the CPU 1. This
tone generator processing is somewhat similar to that of Fig.
9 exept that operations of steps S51 to S56 are not present
in the Fig. 9 processing. Operations of steps in Fig. 14
correspond to steps S in Fig. 9, respectively. At step S57
following step S56, a detection is made of a tone volume
level of each of the tone signals stored in the buffer XX at

step S56 (i.e., tone signals to be subjected to the effect

imparting processing). At next step S58, it is determined

whether the detected tone voiume level is lower than a
predétermined threshold value which, for example, is set to
correspond to a level when no tone is being sounded (i.e.,
Zero or veiy small vaiﬁe that can not be sensed by listner's
ears).

If the detected tone volume level is equal to or higher
than the predetermined threshold value, the CPU.l goes to
step S60 in order to execute the effect imparting processing
for an effect Selected by the effect selecting switch. At
last step S61, the.tone signais having the effect imparted

thereto at step S60 are written into the left- and right-
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chanﬁel output buffers XL' and XR' and reserved in the DMA
circuit 9 for reproduétion in the next time section. Then,
the CPU 1 returns to the main routiﬁe.

If, on the other hand, the detected tone volume level
is lower than the predetermined thresholdivalue as determined
at step S58, the CPU 1 at step S59 instructs omission of thé
éxeCution of the effect imparting processing and then goes
to step S60, where the execution of the effect imparting
processing is omitted in accordance with the instruction.
Then, at step S61, the tone signals stored in the buffers XL
and XR and having no effect imparted thereto (such as tone
signals SL and SR in Fig. 11) are written into the output

buffers XL' and XR' and thus reserved in the DMA circuit 9

for subsequent reproduction.

_In the above-mentioned manner, for fhe time sections
when thé tone volume of each tone signals to be sent to the
effect imparting processing is below the threshold value as
when no tone is being sounded, the execution of the effect
imparting processing is omitted, so that the entire computing
capability of the CPU 1 can be allocated to the tone
generating processing and other application software
processing without wasting the computing capability in the
effect imparting processing. This permits an efficient
distribution of the CPU resources.

In the above-described embodimept, either +tone

generation in some of the tone generating channels or effect
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"imparting processing is controlled at step S36, depending on

both of the maximum necéssary calculation - amount ahd
allowabls calculation amount for the software tone generator
processing. Alternatively, at step S36, the tone generating
processing in some of the tone generating channels may be
controlled depending on bofh the maximum necessary

calculation amount and the.allowable calculation amount:;

-that is, when the maximum necessary calculation amount is

greater than the allowable calculation amouht, the tone

generating processing may be set to a lower grade step by

- step by removing some of the blocks of the tone generating

processing algorithm with respect to some of the channels,
in such a manner as illustrated in Figs. 10 and 11 in
connection with the control over.the contents of the effect
imparting processing.

Further, the present invention has been described above
as -being' applied to the case where the tone generating
processing and effect imparting processing on fone signals
generated through the tone generating processing are executed
alpng with other application software by shared use of the
same CPU. Alternatively, thé present invention may be
applied to a case where the CPU executes, in parallel with
other application soffware, the effect imparting processing
on tone signals supplied from another source than via the CPU
(e.g., tone signals reproduced by an audio device sudh as a

compact disk player, tone signals input through a microphone
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and converted into digital form, tone signals synthesized via
tone synthesizing software, or tone signals genefated via
execution of the tone genérating processing by another CPU).
In such é case, the CPU of the personal computer controls the
effect impafting processing, at step S36, on the basis of a

comparison between the allowable calculation amount and the

" amount of calculation necessary for the effect imparting

processing, since the CPU itself does not execute the tone
generating processing. In another alternative, the present
invention may be applied to a case where the CPU does not
execute other application software and executes only the tone
generating processing and effect impérting processing; in
this case, the allowable_calculation amount is determined
only on the basis of the CPU's computing capability at stép
S36 of the tone generator processing.

Moreover, the present invention has been described ébove
as being applied to the software tone generator where the CPU
of the personal computer controls the tone generating
processing and effect imparting processing on the basis of
da?a-received via the MIDI interface. Alternatively, the
present_invention may'of'course be applied to another-type
software tone generator where the CPU provided within the
electronic musical instrument executes the tope generating
processing and effect imparting processing. In such a case,
the CPU has to execute the software genefator processing in

parallel with processing by a tone color editor or sequencer,
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SO that the allowable calculation amount is determined at
step S36 of the tone generator processing depending on the
CPU's computing capability and amount of calculation
necessary for the processing in the tone color editor or
sequencer.

Furthermore, while the present invention has been
described above as being applied to the softWafe tone
generator, it may of 'course be applied to a more
sophisticated general-purpose DSP which is capable of
executing the effect imparting processing in parallel with
ofher processing. |

As has been described so far, the present invention is
advantageously applied to cases Whére tﬁe effect imparting
processing to impart a desired efféct to a tone signal and
other processing are executed by shared use;of the same
microprocessor. When thé other application processing
involves a relatively great amount of calculation, the
present invention-operates to allocate.more of the computing
capability of the microprocessbr to the otﬁer-processing;
conversely, when the other application. processing involvesl
a relatively small amount of calculation, the present
invention operates to execute thé effect imparting processing
with - a higher-grade content. The present invention thus
arrangéd, by permitting an efficienf distribution of the
microprocessor resources, achieves a superior benefit that

it can give an tone an effect of highest possible quality
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that is obtainable through a limited amount of arithmetic
operations. '

Also, according to the present invention, fhe player or
user is allowed to adjust the grade of the effect imparting
proqessing at ény desired time while actually listening to
performed tones.

Further, in applications where the same microprocessor
executes the effect imparting processing and other prodessing
as in a software tone generator and general-purpose DSP, when
a volume level of a tone signal is below a predetermined
value such as when no tone is being sounded at all, the
entire computing capability can be allocafed to the other
prodessing without wasting the computing capability in the
effect imparting processing; Thus, the present invention
achieves ‘an efficient distribution of the microprocessor
resources.

A description will now be given on another embodiment
of the effect imparting device in accordance with the present
invention, with reference to Figs. 15 to 20.

Fig. 15 is a block diagram of a personal computer which
implements this embodiment of the effect imparting device.
The personal computer is designed to execute effect imparting
arithmetic operations and other application software under
the so-called "multitask control". The multitask control is
a well-known control technique and its description will not

be made here. In the personal computer of Fig. 15, reference
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numeral 21 denotes a CPU which controls the overall operation

" of the personal computer. The CPU 21 also functions as a

calculating means for executing the effect imparting
arithmetic operations and other application software. A hard
disk device 22 stores various application software, data
files and varioﬁs other files. A ROM 23 has control programs
prestored therein, and a RAM 24 is used primarily as a
working memory means oOr bufférs. The personal computer
further indludes an input device 25 such as a keyboard or
mouse, é display 26 such as a CRT display, and a CODEC (coder
and decoder) 27 for performing coding/decoding of audio
signals exchanged between the personal computer and an
external device such as a speaker. A CD-ROM drive 28 and
communication interface 29 perform geperally the same
functions as the counterparts described in relation to Fig.
1.

Figs. 16A to 16C are block diagrams showing several

exemplary manners in which effect imparting processing, the

‘subject matter of the present invention, is executed by the

personal compﬁter.

In the example of Fig. 16A, the CPU 21 executeé tone
synthesizing processing and effect imparting processing on
digital audio signals generated via the synthesizing
processing using the RAM 24 as buffers. Final effect-
imparted digital audio signals from the effect imparting

processing are accumulated into the buffer RAM 24 and are



10

15

20

25

- 42 -

then converted into analog repreéentation by the CODEC 27 to
be ultimately output to the speaker or the like.

| In the exampie of Fig. 16B, analog audio signals picked
up by a microphone or the like are converted wvia the CODEC
27 into digital representation and accumuléted into the
buffer RAM 24. The CPU 21 sequentially reads out the
accumulated digital audio signals from the RAM 24 to-perform
the effect imparting processing on the signéls. Then, final
effect-imparted digital audio signals from the effect
impafting processing are written into the hard diskldevice_
22 by way of the buffer RAM 24.

Further, in the example of Fig. 16C, digital éudio
signals are reproduced from the hard disk device 22 and
accumulated into the buffer RAM 24. The CPU 21 sequentially
reads out the accumulated digitél audio signals from the RAM
24 to perform the effect imparting processing on the signals.
Then, final effect-imparted digital audio signals from the
effect iﬁparting processing are transferred to the CODEC 27
by way of the buffer RAM 24, and the CODEC 27 converts the
digital audio signals into analog representation, which are
ultimately output to the speaker or the like.

~The CPU 21, which executes the effect imparting
processing in one of the above-described manners,'is capable
of executing other application software in parallel with the
effect imparting processing under the multifask control.

However, the effect imparting processing involving a heavy
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load on the CPU 21 will often lead to a significant obstacle
to the CPU 21 in executing the other application software.
To avoid such a problem, this embodiment pérforms control to

lessen the load of the CPU 21 by minimizing wasteful

.operations in the execution of the effect imparting

processing.

The load lessening control in this embodiment will be
described.in detail below with reférence to Figs. 17A to 17D.
As mentioned earlier, digital audio signals to be sent to the
effect-imparting processing are sequentially accumulated into
the RAM 24, and the CPU 21 constantly monitors the
éccumulated digital audio signals. For each period when one
or more digital audio.signals above a prédetermined amplitude
level are supplied, the effect imparting processing is
exequfed on the digital audio signals having been accumulated
in the RAM 24 within a latest one of predetermined time
sectioné preceding the current time point, so as to output
the resultant effect-imparted signals (see Fig. 17A).

Once the supply of digital audio signals has been
discontinued, O0's are accumulated into the RAM 24 in

succession; however, the CPU. 21 continues to execute the

. effect imparting processing on the digital audio signals

having been accumulated in the RAM 24 within the latest
predetermined time section (see Fig. 17B). - Then, upon lapse
of a predetermined time since the discontinuation of the

supply of digital audio signals, the CPU 21 stops the
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execution of the effect imparting processing (see Fig. 17C),
because stored data having been accumulated within the latest
predetermined time period are all of value "O" and it is now

meanihgless to continue the effect imparting processing.

‘Then, once the supply of digital audio signals has been

restarted, the CPU 21 resumes the effect imparting processing
(Fig. 17C). | | |

Because this embodiment does not execute the effect
imparfing processing at any time sections. when its execution
is meaningless, the load of the CPU 21 is lessened
accordingly, and the part of the computing capability of the
CPU 21 saved in this way can be allocated to the other
application software.

_The embodiment of the present invention will__ be
described further in relation to é case where the effect
imparting processing is executed to impart a reverberation
effect to a digital audio signal. Fig. 18 is a block diagram
showing -1.:he effect imparting process executed in the
embodiment in terms of functional interre;ations among
various hardware componeﬁts._ The principal components
include a reverberated tbne_ generator 30 for creating a
digital audio signal of a reverberated tone, and an input

monitoring section 20 for monitoring the level of each

digital audio signal supply -to the reverberated tone

generator 30. Fig. 19 is a block diagram showing details of

operations 'éxecuted by the reverberated tone generator 30 in
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terms of functional interrelations among various hardware
components, in which the geherator 30 comprises a low-pass
filter (LPF) 31, a high-pass filter-32, an initial reflected

tone generating section 33 composed of a FIR (finite impulse

response) filter, and a reverberated tone generating section

34 composed of all-pass filters (APFs) and comb filters.

In the embodiment thug arrénged, the efféct imparting_
processing for a reverbération effect'is carried out in the
following manner. Firét, left- and righf-channel digital
audio signals are sequentially accumulated into the buffef
RAM 24. The accumulated left- and right-channel digital
audio signals are read. out from the buffer RAM 24 one by one
in an alternate manner (i.e.; in such a manner that one left-
or right-channel digital audio signal is -read. out affer
readout of one right- or left-channel digital audio signal,
and so on), and the.read—out signals are supplied to the
reverberated tone generator 30 wvia the input monitoring
sectioﬁ 20.

In the reverberated tone generator 30, reverberated tone
generating operations are performed alternately for the left-
and right-channels under the time-divisionél control, so as
to generate digital audio signals of reverberated tones for
the left- and right-channels. Namely, in the arrangement of
Fig. 19, for example, the digital audio signals of the.
individual channels are passed through the low-pass filter

31 and high-pass filter 32 for removal of unnecessary
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spectral compbnents outside the audio frequency band, and are
then sequentially sent to a delay section of the initial

reflected tone generating section 33. For each of the

- channels, the reverberated tone generating section 33

performs arithmetic operations to convolute a train of
predetermined coefficients into the digital audio signals
sﬁpplied to the delay section, so.as fo generate digital
audio signals of an initial reflected tone for the channel.
In the meantime, the digital audio signals used in the
convoluting arithmetic operations are sent from the délay
section of the iﬁitial reverberated tone generating section
33 to the reverberated tone generating section 34, which
generates digital audio signals of a reverberated tone for
each of the channels. After this, the digital audio signals
of initial reflected and reverberated tones are added

together, for each of the channels, so as to provide final

digital audio signals of a reverberated tone.

The input monitoring section 20 constantly monitors the
level of each digitai audio signal to be reverberated. When
digital audio signals each of which may be regarded as having
a value "0O" are supply for more than.a preﬁetermined time
periéd, the input monitoring section 20 causes fhe
reverberated tone generator 30 to stop the process (i.e., the
CPU 21 discontinues a process‘ corresponding to the
reverberated tone generator 30). Then, once the supply of

digital audio signals above the predetermined level has been
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restarted, the input monitoring section 20 causes the

reverberated tone generator 30 to resume the process.

Fig. 20 is a flowchart illustrating a subroutine
relating to the input monitoring section 20. Upon start of
the subroutine, predetermined initialization is effected at
step S71, where initial values "O" and."l" are written into
an input time'register INCNT and réverberétion impaftment
flag REVCHK, respectively. The progran thén goes to step S72
in order to determine whether the level IN of a digital audio
signal to be currently sent to the reverberated tone
generator 30 is low enough to be éafely regarded as "O",
i.e., whether the level IN satisfies a condition of -50 < IN
< 50. If answered in the negativelat step S72, "O" is

written into the input time register INCNT at step S73 and

""1" is written into the reverberation impartment flag REVCHK

at step S74, after which the program proceeds to step S75.
At step 875, a determination is made as to whether the
reverberation impartment flag REVCHK is currently at "1".
If the reverberation impartment flag REVCHK is currently-at
" (YES) as determined at step S75, the reverberation
imparting process 1is executed by the reverberated tone
generator 30 at step S76, and the program loops back to step
S72. Thereafter, whenever the lével IN of a digital audio
signal to be sent to the reverberated tone generator 30 is
greater than the predetermined 1evel; the piocess by tﬁe

reverberated tone generator 30 is conducted. The condition
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"-50 < IN < 50" used for the signal level determination may
be changed to any optional value as long as it provides a
suitable means for detecting that the signal is at a
sufficiently low level (-50 té -60 dB).

Once the level IN of the digital audio signal has become
low enough, an affirmative (YES) determination results at
step S72, the program proceeds to step S78 to increment the
stored content of the ipput fegister INCNT by one. Then, at
next step S79, a determination is made as to whéther the'
input register INCNT is currently at a wvalue smaller than
"100000". With an affirmative aﬁswer, the program moves to
step 875 to further .determine whether the reverberation
impartment flag REVCHK is currently at "1". If the flag
REVCHK is currentlj at "1" as detérmined at step S75, the.
reverberation imparting process 1is executed by the
reverberated tone generator 36 at step S36, aftef which the
program loops back to step S72. Thereafter, as long as the |
supplied digital audio signal maintains the extremely low
level 1IN, the'reverberation imparting process is performed
on the signal at step 8§76, although the stored content of the
input register INCNT is incremented as the time passés.

With the above-mentioned operations, the input register
INCNT Kkeeps recofding each -elapsed - time éince the
sufficiently low level of the digital audio signal is first
detected. As long as step 879 determines that the‘input.time

register INCNT is at a value smaller than'"lOOOOO", it is

-
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possible that a reverberated tone corresponding to previously
supplied digital audio signals still remains in the
re'vlerberated i:one generator 30 although they are of low
level, and hence the reverberation imparting pfocéss
continues to be executed at step S37.

The staﬁdard value to be compared with_the stored value
of the input time register INCNT need not necessarily be
"100000" and may be optionally set within a range where a
reverberated tone that should be output can be generated in
appropriate manner; besides, this-standard value need.not be
a.fixed value. Specifically, the standard wvalue may be
chosen such that the reverberation imparting 'process
continues to be executed by the reverberated tone generator
30 at step S36 until about 5 - 10 seconds has passed since
the level-of the input digital audio signal fell below the
predetefmined low level. The standard wvalue may be set
optionally by the usér, or may be automatically set depending
on a given reverberating time in the reverberated tone
generator 30.

As mentioned ébbve, the reverberation imparting process
continues to be executed at step S36 as lopg as the input
time register INCNT is at a value smaller than "100000".
But, once the input time register'INCNT has reached a value
not smaller than "100000", a negatiﬁe (NO)_determination
results at step 879, and "0" 'is ‘written into the

reverberation impartment flag REVCHK at step S80, after which
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the program moves to stepl S75. This time, a negative
determination results at step S75 and then the program
branches to step S77 in order to write "0" into the buffer,
aftér which the program loops back to step S72.

Thereafter, as long as thé supplied digital audio signal
maintains the extremely low level IN, the reverberation
imparting process is not executed at step S36 and "O"s are
sequentially written into the buffer, during which-fime the
input time register INCNT keeps incremeﬁting its stored value
one by one. | |

Then, once the level IN of the digital audio signal has
increased to cause a negative determination result at stép

872, "0" is written into the input time register INCNT at

step S73 and "1" is written into the reverberation impartment

flag REVCHK at step S74. After this, the program goes via-
step S75 to step S76, in ordei to execﬁte the reverberation'
imparting process'by means of the reverberated tone generator
30. It is to be understood that only when the program takes
step S76 for the first time after resumption of the
subroutine, the stored contents in the delay section and
individual filters are initialized.

As described above, the level of each digital audio
signal to be reverberated is checked by the input monitoring
section ‘20, and the reverberation imparting process is
exeéuted by the reverberated tone generator 30 only as long

as the arithmetic operations provide meaningful results.
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While the above embodiment of the present invention has
beén described in relation fo the reverberation imparfing
process,'the present invention may of course be applied to
impartment of another effect such as chorus or distortion.

The invention described so far with reference to Figs.
15 to 20 is characterized in that the execution of the effect
imparting processing is discontinued when the supply of audio
signal is stopped continuously for a predetermined time
period end is.resumed when the supply of audio signal is
restarted. With such an arrangement, the present invention
achieves the benefit that it can efficiently execute the
effect imparting processing on audio signals without
involving wasteful arithmetic eperations of the

microprocessor or other computing means.
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1. A tone proceséing method for executing effect imparting

processing to impart an effect to a supplied tone signal and
other processing by shared use of a same microprocessor, said
method comprising:
a'first"step of controlling contents of said effect
imparting processing, depending on an amount of calculation
necessary for said other processing; and
" a second step of executing said effect imparting
processing on the supplied tone signal in accordance with the

contents controlled in said first step.

2. A tone processing method as defined in claim 1 wherein

said first step of controlling contents of said effect

imparting processing includes removing one or more blocks

forming an algorithm of said effect imparting processing and

reviving the removed blocks.

3. A tone processing method as defined in claim 2 wherein

removal of the one or more blocks in said first step is

. executed block by block in such order thét one of the blocks

whose removal has a smallest effect on a listener's auditory

sense is rémoved prior to the other block.

4. A tone processing method as defined in claim 2 wherein
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removal of the blocks in said first step is executed block
by block in such order that one of the blocks whose removal
contributes most to reduction of an amount of necessary

calculation is removed prior to the other block.

5. A tone processing method as defined in claim 2 wherein

operation of each of the blocks removed in said first step

is weakened progressively in said second. step.

6. A tone processing method as defined in claim 5 wherein

‘an effect on a listener's auditory sense CauSed by a change

in operational characteristics of each said removéd block is
cancelled out by varying operational characteristics of the

other block left unremoved.

7. A tdne processing method as defined in claim 1 wherein
for each timé section having a predetermined length, said
method executes tone generatihg processing to generate tone
signals in a specific number of tone generating channels
corresponding to a specific number of +tones +to be
simultaneously'generated and said effect imparting processing
on _the tone signals genefated by said tone generatiné
processing, and wherein said first and second steps are

performed for each said time section.:

8. A tone processing device comprising:
. ___________________
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processor means for executing effect imparting
processing to impart an effect to a supplied tone signal and
other processing by shared use of a same ﬁicroprocessor; and
' control means for controlling contents of said effect
imparting processing, depending on an amount of calculation

necessary for said other processing.

9. A tone processing method for execufing effect imparting
processing to impart an effect to a supplied tone signal and
other processing by shared use of a same microprocessor, said
method comprising:

a first step of selectively designating a grade of said
effect imparting processing; and

a second step of executing said effect impartihg
processing on the supplied tone signél in accordance with
contents corrésponding to the grade désignated in said first

step.

10. A tone processing device comprising:
processor means for executing effect imparting
processing to impart an effect to a supplied tone signal and
other processing by shared use of a same microprocessor; and
operator means for selectively designating a grade of
said effect imparting processing, said pfocessor means
executing said effect imparting proceésing on the supplied

tone signal in accordance with contents corresponding to the
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grade designated by said operator means.

11. A tone processing method for executing effect imparting
prpcessing to impart an effect to a supplied tone signal and
other processing by shared use of a same microprocessor, said
method comprising:

a first step of detecting a tone wvolume lével of the
supplied tone signal; and

a second step of executing'.said effect imparting
processing on the tone signal when the tone volume level
detected in said first step is equal to or higher than a
predetermined value, but omitting execution of said effect
imparting processing on the tone signal Whén-the tone volume
level detected in said first step is lower than ‘the

prédetermined value.

12. A tone processing method as defined in claim 11. wherein
for each time section having a predetermined length, said
method executes tone generating proceésing to generate tone
signals in a specific number of tone generating channels
corresponding to a specific number of tones to be

simultaneously generated and said effect imparting processing

on the tone signals generated by said tone generating

processing, and wherein said first and second steps are

performed for each said time section.

This Sheet Has Been :Replaced-"




10

15

20

* ¢ L M-S *

13: A tone processing device comprising:
detecting means for detecting a tone volume level of a
supplied tone signal;

. processor means for executing - effect - imparting
processing to impart an effect to the supplied tone signél
and other processing; and

instructing means for instructing said processor means
to omit execution of said effect imparting processing.when
the tone volume level detected by said detécting means is

lower than a predetermined value.

14. An effect imparting device comprising:

calculating means‘ for performing various arithmetic
o;;eratioﬁs, said calculaton means performing an operation for
execution of effect imparting processing to impart a
predetermined effect to an audio signal; and

control means for discoﬁtinuing the execution of.thé
effect imparting processing when supply of the audio signal
is stopped continuously for a predetermined time period and
resuming the execution of the effect imparting processing

when the supply of the audio signal is restarted.

15. A method for executing effect imparting processing to

impart an effect to a supplied tone signal and other
processing by shared use of a same microprocessor, said

method comprising the steps of:
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discontinuing the execution of the effect imparting

processing when supply of the tone signal is stopped
continuqusly for a predetermined time period; and |

resuming the ekecution of the effect imparting

processing when the supply of the tone signal is restarted.

16. A machine readable recording medium containing a group
of instructions to cause said machine to implemént a method
for executing effect imparting processing to impart an effgct
to a supplied tone signal and other processing by shared use
of a same microprocessor, said method comprising.the steps
of: |

controlling contents - of said effect imparting.
processing, depending on an amount of calculation necessary
for said other processing; and

executing said effect imparting processing on the

supplied +tone signal in accordance with the contents

controlled in said step of controlling.

17. . A machine readable recording medium containing a group

of instructions to cause said machine to implement a method
for executing effect imparting processing to impart an effect
to a supplied tone signal and other processing'by shared use
of a same microprocessor, said method comprising the steps
of:

selectively designating a grade of said effect imparting
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executing said effect imparting processing on the

processing; and

supplied tone signal in accordance with contents
corresponding to the grade designated in said step of

designating.

18. A machine readable recording medium containing a group
of instructions to cause said machine to implement a method
for e#ecuting effect imparting processing to impart an effect
to a supplied tone signal and othé; processing by shared use _
of a same microprocessor, said method comprising the steps
of:

detecting a tone vblume level of the supplied tone
signal; and |

exeduting said effect imparting processing on the toﬁe
signal when the tone volume level deteéted in said step of
detecting is edual to or higher than a predetermined value,
but omitting execution of said effect imparting processihg
on the tone signal when the toﬁe volume level detected in

said step of detecting is lower than the'predeterminéd value.

19. A machine readable recording medium containing a group
of instructions to cause said machine to implement a method

for executing effect imparting procesSing to impart an effect
to a supplied tone signal and other processing by shared use

of a same microprocessor, said method comprising the steps
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discontinuing the execution of the effect imparting
processing when supply of the tone signal is - stopped
continuously for a predetermined time period; and

resumihg the executién of the effect imparting

processing when the supply of the tone signal is restarted.
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