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Tone generation apparatus

- The present invention relates to a tone waveform
generation apparatus capable of efficiently mixing a
plurality of tone generation processing modes .

Tones of acoustic instruments have complicated

harmonic structures.

orders.

For example, the frequencies
and amplitudes of harmonics always vary, and in some
instruments, harmonics include those of fractional

In addition, tones have noise components

unique to respective instruments (e.g., shock noise
upon attacking of a piano). Such harmonics and noise
components characterize tone colors of instruments.

In order to faithfully reproduce such tones by an
electronic musical instrument, or in order to create

. tones of an unprecedented feéling, various tone genera-
' tion processing methods are employed in the electronic
musical instrument. '

These processing methods include many methods, such
as a PCM method, a frequency modulation (FM) method, a
phase modulation method, a harmonic addition method,

and the like.

When these methods are appropriately

combined, the above-mentioned object can be accomplished

to some extent.

For example, since the harmonic struc-

ture is complicatedly'varied in an attack portion, the

PCM method is employed.

For the following sustain

portion (steady portion), the PCM method may be switched
to another method since a memory having a large storage




4

10

15

20

30

35

capacity is required if the PCM method is employed

For example, in Published Unexamined Japanese
Patent Application No. 58-102296, a tone waveform for
an attack portion is generated by the PCM method, and
a tone waveform for the following portion is generated
by the FM method, thus obtaining tones.

This method will be described below.

When the'depression of a given key is detected,
numerical value data corresponding to a pitch of the ON

-key is repetitively accumulated to obtain an accumulated

value whose value changes at a speed corresponding to
the pitch. Thereafter, waveform data of an attack por-
tion is read out from a PCM waveform memory using the
accumulated value as an address, and an envelope of the -
attack portion shown in Fig. 1A is given to the readout
waveform data. | '

On the other hand, the accumulated value, and
another constant are input to an FM tone generator, thus
obtaining a tone waveform. Thereafter, an envelope
shown in Fig. 1B is given to the tone waveform. The
tone waveform obtained by the PCM method and the tone
waveform obtained by the FM method are added to each
other to generate a total waveform signal of a tone
having an attack-portion, a sustain (steady) portion,
and a release (decay)'portion of a tone, as shown in
Fig. 1C. '

As the first prior art of an FM method which can be
utilized in the above-mentioned method using a combina--
tion of the PCM method and the FM method, an FM method
described in, e.g., USP No. 4,018,121, or the like is
known. This method basically defines a waveform output

~ e given by the following equation as a tone waveform:

= A sin{mct + I(t)sinopt} | eee (1)

with this method, a carrier frequency'mc and a modula-
tion frequency wy are selected at a proper ratio, a mod-
ulation index (modulation depth function) I(t) which can
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be changed over time is set, and an amplitude coeffi-
cient A which can be similarly changed over time is set,
thereby generating a tone which has complicated harmonic
characteristics, and whose harmonic characteristics can
be changed over time. Therefore, an electronic musical
instrument using this method. can synthesize a tone simi-
lar to that of an acoustic instrument, and can obtain a
very unique synthesized tone.

As the second prior art of the FM method, a method
described in Published Examined Japanese Patent
Application No. 61-12279 is known. This method adopts
a triangular wave arithmetic operation in place of the
sine arithmetic operation of equation (1), and defines a
waveform output e given by the fbllowing equation as a
tone waveform:

e = A-T{a + I(t)T(0)) _ ees (2)

where T(0) is the triangular wave function generated by
a modulation wave phase angle 6. With this method, a
carrier wave phase angle a and the modulation wave phase
angle 6 are appropriately advanced, and a modulation
index I(t) and an amplitude coefficient A are appropri-
ately set, thus generating a tone waveform.

A tone of an acoustic instrument such as a piano
includes a fundamental wave component based on a pitch
frequency, and harmonic components at frequencies as
integer multiples of the pitch frequency, and a harmonic
component of a considerably higher order may be present.
Furthermore, the tone often includes harmonic components
of fractional orders. Tones having good sound quality
are generated by these harmonic components. 1In a decay
process of a tone of an acoustic instrument, the ampli-
tudes of harmonic components are decreased in the order

of highér orders, and finally, a single sine wave compo-

nent corresponding to a pitch frequency remains.
Some tones include only single sine wave components.
Furthermore, when a key of, e.g., a piano is strongly
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depressed, a tone including many harmonic components of
high orders can be generated. Contrary to this, when

a key is very weakly depressed, a tone including only

a single sine wave component can be generated.

Since the first prior art of the FM method is based
on modulation using a sine wave, when a value of the
modulation index I(t) in equation (1) is changed to be
closer to 0O over time, a process for decaying a tone to
only a single sine wave'COmponent, or generation of a
tone consisting of only a single sine wave component can
be realized, as in a tone of an acoustic instrument.
However, frequency components of a tone generated by
equation (1) are concentrated on harmonic components of
low orders (having low freQuencies). Thus, even when
deep modulation is executed with a large modulation
index I(t), harmonic components of high orders (having
high frequencies) cannot satisfactorily appear.
Therefore, the first prior art cannot generate a tone
having good sound quality, and sound quality of a tone
which can be generated is limited. For example, even
when the modulation index I(t) can be controlled to have
a large value, the levels of harmonic components of high
orders which can be generated are limited, and a tone
including many harmonics of high orders cannot be
generated. As a result, if the first prior art of the
FM method is applied to the method of synthesizing a
tone while switching the PCM method and the FM method,

a desired tone cannot be obtained.

In contrast to this, since the second prior art of
the FM method is based on modulation using a triangular
wave which originally includes many harmonics, a tone in
which harmonic components of high orders are clearly
present as frequency components can be easily generated.
However, since equation (2) does not include a term of
a single sine wave component, a process for decaying a
tone to only a single sine wave component, or generation
of a tone consisting of only a single sine wave
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component like in, e.g., a decay portion after an ON
event of a high—ndté key of a piano cannot be realized.
Therefore, even when the modulation index I(t) can be
controlled to have a small value (e.g., 0), no control
for generating only a single sine wave component can be
performed, and hence, a soft tone cannot be generated.
As a result, even when the second prior art of the FM
method is applied to the method of synthesizing a tone
while switching the PCM method and the FM method, a
desired tone cannot be obtained.

on the other hand, a polyphonic type electronic
musical instrument which can use a plurality of tone
synthesis methods is known. In a conventional elec-
tronic musical instrument of this type, tone generation
channels are predetermined in units of tone synthesis
methods, and a plurality of tone generators perfdrm
time-divisional operations to generate tones of the
respective channels. For this reason, each tone genera-
tor éannot generate a tone from a channel other than
those assigned in advance. For example, in a 16-tone
polyphonic electronic musical instrument, assume that
the PCM method is assigned to the first to eighth
channels, and the FM method is assigned to the ninth to
16th channels. In this case, for example, the sixth
channel cannot produce a tone generated by the FM
method. Even when the FM method is not used at all,
the PCM method can oniy be used in eight channels,
resulting in poor efficiency.

When different tone generation methods are merely
mixed in an electronic musical instrument, a circuit
arrangement is complicated, thus inevitably increasing
cost. For example, in each of the above-mentioned prior
arts, a portion common to the two methods includes only
a circuit for obtaining numerical value data correspond-
ing to a pitch of an ON key, and a circuit for accumu-
lating the numerical value data. Thus, other circuits,
i.e., an FM tone generator, a PCM waveform memory, two
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ehvelope'generators for giving envelopes to the corre-
sponding tone waveforms, multipliers, and the like
constitute an uncommon circuit arrangement.

Furthermore, in an electronic musical instrument
in which a plurality of different tone synthesis methods
are mixed, the above-mentioned method as a combination
of the PCM method and the FM method of the first or
second prior art may be assigned to different tone gen-
eration channels. 1In this case, however, the FM method
of the first prior art cannot generate a tone including
many harmonics of high orders; and the FM method of the
second prior art cannot generate a soft tone. As
a result, a desired tone cannot be obtained.

The present invention has been made to solve the
above-mentioned problems, and has as its object to
provide a tone waveform generation apparatus which can
arbitrarily assign a plurality of different tone genera-
tion processing modes to tone generation channels, and
can generate a tone having good sound quality using
optimal tone generation processing in correspondence
with the characteristics of a tone to be generated.

More specifically, according to one aspect of the
present invention, there is provided a tone waveform
generation apparatus comprising:

tone generation processing means which has a plu-
rality of tone generation channels to each of which one
of a first tone generation processing mode for reading
out prestored waveform data at a speed corresponding to
a pitch to be assigned, and outputting the readout
waveform data as a tone waveform, and a second tone gen-
eration processing mode for synthesizing a pluraliiy,of
signals in accordance with a predetermined algorithm to
output waveform data at an assigned pitch as a tone wav-
eform is assigned as processing for generating a tone,

-and which are subjected to time-divisional processing;

pitch designation means for designating a pitch of
a tone; —_
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processing designation means for designating
desired tone generation processing from the first and
second tone generation processing modes in units of
tone generation channels, and outputting corresponding
processing designation data;

pitch assignment means for assigning a pitch desig-

‘nated by the pitch designation means to each of the tone

generation channels.of“the-tone'generation processing
means; and '
processing assignment means for assigning process-
ing designation data output from the processing designa-
tion means to each of the tone generation channels of
the tone generation prbcessing means.
with the above arrangement, two tone generation
processing modes can be arbitrarily assigned in units
of tone generation channels in correspondence with
the characteristics of tones to be generated. 1In

. particular, for a tone generation channel for generating

a tone having characteristics which are difficult to
reproduce by a synthesis method due to a complicated
variation in its harmonic structure, a waveform data

_read method can be assigned, thus allowing generatlon

of a tone having better sound quality.

It is another object of the present invention to
provide an apparatus which can arbitrarily assign a
plurality of tone generation processing modes to tone
generation channels, and can desirably generate a
tone which includes up to harmonic components of high
orders, a tone consisting of only a single cosine wave
component, and a tone which includes noise components
and harmonics which complicatedly vary.

More specifically, according to another aspect of
the present invention, there is provided a tone waveform
generation apparatus comprising:

tone generation processing means which has a plu-
rality of time-divisionally processed tone generation
channels to each of which one of a first tone generation
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HIIIIM |l !Hl !Il i~



10

15

20

25

30

35

processing mode and a second tone generation processing
mode is assigned, said first tone generation processing
mode reading out prestored waveform data at a speed cor-
responding to a pitch designated by input performance
data and outputting the readout waveform data as a tone
wavéform, and said second tone generation processing
mode mixing a modulation signal in a carrier signal at
an arbitrary mixing ratio based on the performance data
and converting the mixed output on the basis of a prede-
termined functional relationship to generate a modulated
tone signal, the predetermined functional relationship
being neither of sine and cosine functional relation-
ships, and the carrier signal setting the modulated tone
signal to have a sine or cosine wave when the mixing
ratio is controlled to be a predetermined mixing ratio,
and said tone generation processing means generating a
tone on the basis of a pifch assigned to each of the
tone generation channels, and the tone generation
processing mode selected by processing designation data
assigned to each of the tone generation channels;

pitch designation means for designating a pitch;

processing designation means for designating
desired processing from the first and second tone -
generation processing modes in units of channels, and
outputting corresponding processing designation data;

pitch assignment means for assigning a pitch desig-
nated by the pitch designation means to each of the
channels of the tone generation processing means; and

processing assignment means for assigning process-
ing designation data output from the processing'designa—
tion means to a corresponding one of the channels.

Wwith this arrangement, a modulated tone signal can
include harmonic components, and a tone similar to that
of an acoustic instrument can be generated. 1In

~addition, a unique'synthesized tone can also be

obtained. In particular, as the predetermined func-
tional relationship, when a functional relationship
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other than a sine function or a cosine function is set,
a modulated tone signal to be output can include more
harmonic components of high orders. On the other hand,
a modulated tone signal has a sine or cosine waveform
when a mixing ratioc of a carrier signal and a modulation
signal is set to be a predetermined value. Thus, when
the mixing ratio is changed between the predetermined
value and another value, a modulated tone signal can be
arbitrarily and continuously controlled between a state
including harmonic components of high orders, and a
state including only a sine or cosine wave component at
a single frequency.

A player can arbitrarily select in units of tone
generation channels whether tones are generated by the
second tone generation processing or tones are generated
by the first tone generation processing based on the
waveform readout method. The control means dynamically
selects and operates the different tone generation proc-
essing modes on the basis of the selection. Therefore,
the tone generation channels can be efficiently used.

In this case, in a tone generation channel to which
the second tone generation processing is assigned, a
modulated tone signal can be arbitrarily and continu-
ously changed between a state including harmonic compo-
nents of high orders and a state including only a sine
or cosine wave component at a singlé frequency unlike
the conventional frequency modulation (FM) method. For
this reason, a tone color which can change very
complicatedly and dramatically can be generated in the
tone generation channel. _

It is still another object of the present invention
to provide an apparatus which can desirably generate a
tone including up to harmonic components of high orders,
and a tone consisting of only a single sine or cosine
wave component, and can desirably synthesize a tone
including noise components and harmonic components which
vary complicatedly. | B e
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More specifically, according to still another
aspect of the present invention, there is provided a
tone waveform generation apparatus comprising:

tone generation means for executing first tone _
generation processing for reading out prestored waveform
data at a speed corresponding to a designated pitch, and
outputting the readout waveform data as a tone signal,
and second tone generation processing for mixing a modu-
lation signal in a carrier signal at an arbitrary mixing
ratio based on the performance data, and converting the
mixed output on the basis of a predetermined functional
relationship to generate a modulated tone signal, the
predetermined functional relationship being neither of
sine and cosine functional relationships, and the car-
rier signal setting the modulated tone signal to have a
sine or cosine wave when the mixing ratio is controlled
to be a predetermined mixing ratio; and

control means for causing, on the basis of a tone
generation start instruction, the tone generation means
to start generation of the tone signal by the first tone
generation processing or generation of the modulated
tone signal by the second tone generation processing,
mixing the tone signal and the modulated tone signal in
accordance with a predetermined mixing characteristic
which can change over time, and outputting the mixed
output as a mixed tone signal.

with this arrangement, a state of a modulated tone
signal generated by the second tone generation process-
ing can be arbitrarily and continuously controlled
between a state including harmonic components of high
orders and a state including only a sine or cosine wave
component at a single frequency unlike the conventional
FM method. According to the present invention, a mixed
tone signal obtained by mixing a PCM tone signal which

- can generate a tone color faithful to that of an acous-

tic instrument, and a modulated tone signal which can

generate a tone color which can change complicatedly and
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dramatically in accordance with arbitrary mixing charac-
teristics can be generated. As a result, a tone includ-
ing up to harmonic components of high orders, a tone
consisting of only a single sine or cosine wave
component, and a tone including noise components and
harmonic components which vary complicatedly can be
desirably synthesized. '

‘This invention can be more fully understood from
the following detailed'description when taken in con-
junction with the accompanying drawings, in which:

Other objects and features of the present invention
will be easily understood for those who are skilled in
the art from the descriptibns of the preferred embodi-
ments taken in conjunction with the accompanying
drawings, in which: |

Figs. 1A to 1C are envelope waveform charts of
conventional tones;

Fig. 2 is a block diagram showing the overall
arrangement of the first embodiment of the present
invention;

Figs. 3A and 3B are respectively a graph and a
diagram for explaining an interpolation unit 10;

Figs. 4A to 4D are charts showing the relationship
between tone synthesis methods assigned to respective
tone generation channels, and key codes in units of
performance modes;

- Fig. 5 is a block diagram of an address generator
6;

Figs. 6A to 6D are charts for explaining loop
reproduction; _

| Figs. 7A to 7G are charts showing a change in phase
angle data in a first arrangement of a modulation unit
7; 3 _

Fig. 8 is a block diagram of the modulation unit 7;

Figs. 9A to 9E are waveform charts showing various
waveforms generated by the modulation unit 7;

Figs. 10A to 10G are charts showing modulated
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waveform data;

Fig. 11 is a block diagram showing a second
arrangement of a modulation unit 7;

Fig. 12 is a block diagram showing a third arrange-
ment of a modulation unit 7;.

Fig. 13 is a diagram showing a tone waveform gener-
ation apparatus by a hodulation method as a fundamental
arrangement of the second embodiment of the present
invention; | '

Fig. 14 is a graph showing a Storage content of
a carrier wave ROM; -

Fig. 15 is a chart for explaining an operation in
a non-modulation mode of the tone waveform generation
apparatus by the modulation method; |

Figs. 16A to 16D are charts showing other waveforms
stored in the carrier wave ROM and a triangular wave
decoder; '

Fig. 17 is a block diagram of the second embodiment
of the present invention; |

Fig. 18 is a circuit diagram of the triangular wave
decoder; _

Fig. 19 shows a data architecture of a waveform
ROM; _
Figs. 20A to 20C are charts showing the relation-
ship among phase data, PCM addresses, and a PCM signal;

Figs. 21A to 21C are charts showing the relation-
ship among phase data, c¢arrier addresses, and a carrier
signal;

Figs. 22A to 22H are operation timing charts of
a first operation mode of the second embodiment of the
present invention;

Figs. 23A to 23I are operation timing charts of
a second operation mode of the second embodiment of
the present invention;

Figs. 24A to 24E show the relationships among
control states Sg, S3, and S, and tone synthesis
methods; ' '
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Figs. 25A and 25B are diagrams of an accumulator
516; '

Figs. 26A to 26K are operation timing charts of the
accumulator 516;

Fig. 27 is a diagram showing a tone waveform gener-
ation apparatus by a modulation method as a fundamental
arrangement of the third embodiment of the present
invention,

"Fig. 28 is a block diagram of the third embodiment
of the present invention; :

- Fig. 29 is a circuit diagram of a carrier signal
generator; '

Figs. 30A to 30F are charts for explaining an
operation of the carrier signal generator;

Fig. 31 is a graph showing output characteristics
of an envelope generator;

Fig. 32 shows address data and setup data,

Fig. 33 is a graph showing characteristics of a
modulation index Ej;

Figs. 34A and 34B are graphs showing characteris-
tics of amplitude coefficients Eg and E3, respectively;
and

Fig. 35 is a block diagram Showing the fourth
embodiment of the present invention.

- The first embodiment in which the present invention
is applied to an electronic keyboard instrument will be
described below with reference to the accompanying
drawings.

Fig. 2 is a block diagram showing the overall
arrangement of the first embodiment of the present
invention.

A performance mode selection/input unit 3 has a
performance mode selection switch (not shown). The
switch is used by a player to select a desired perform-
ance mode from some performance modes in each of which
one or a plurality of tone synthesis methods are
assigned to tone generation channels.
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A CPU (central processing unit) in a control unit 2
controls this instrument system in accordance with a
program written in a ROM (read-only memory; not shown).

The control unit 2 scans a keyboard unit 1 at pre-
determined time intervals to fetch ON or OFF key data of
the keyboard unit 1. Upon detection of the depression
of a key, the control unit 2 assigns the depressed key
to one of a plurality of tone generation channels, and
sends operation data of the key to a key code register
unit 5. The key code register unit 5 temporarily stores
a key code on the basis. of the operation data of the key
sent from the control unit 2, and outputs pitch data
corresponding to the key code, i.e., incremental width
data for reading a memory unit 9 to an address genera-
tion unit 6. _ '

A PCM/modulation method section unit 4 designates
one of a PCM method and a modulation method on the basis
of selection data of a tone synthesis method sent from
the control unit 2, and outputs a flag for operating a
constant multiplier (to be described later).

The address generation unit 6 outputs an address
signal X corresponding to an accumulated value of
incremental widths corresponding to pitch data sent
from the key code register unit 5 (for this reason, an
incremental speed for reading the memory is chénged in
accordance with a pitch of a depressed key). The
address signal X is used for reading out data from a
waveform memory in the memory unit 9, and is also input
to a modulation unit 7 as non-modulated original phase
angle data. '

The memory unit 9 prestores waveform data such as
tone waveform data used in the PCM method, and sine wave
data used in the modulation method. The PCM tone wavef-
orm data and the sine wave data are read out from dif-
ferent addresses.

The modulation unit 7 is a circuit for modulating
an address signal for reading a sine wave memory of the
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memory unit 9 when tone synthesis is performed by the
modulation method. '

A selection circuit 8 is a gate circuit. Wwhen the
flag output from the PCM/modulation method selection
unit 4 is "1" (PCM method), the circuit 8 selects the
address signal X output from the address generation unit
6; when the flag is "0" (modulation method), it selects
an address signal X' modulated by the modulation unit 7.
Of the output from the selection circuit 8, an upper
address corresponding to an integral part of an address
is. input to the memory unit 9. On the other hand, a
lower address corresponding to a decimal part of the
address is input to an interpolation unit 10. The
interpolation unit 10 obtains waveform data at an .
address corresponding to the integral part + the decimal
part. '

The interpolation unit 10 will be described below.

When waveform data is read out from the memory unit
9, an amplitude value Xy (an interpolated value of X3
and X2, and is located on a line connecting Xi and X2)
corresponding to an intermediate portion n+a (for 0 < a
< 1) of two adjacent addresses n and n+l of the memory
unit 9 is often required depending on a pitch of an ON
key, as shown in Fig. 3A. a is the decimal part of the
address, and corresponds to the lower address.

Xm is obtained as follows. _ |

Fig. 3B is a diagram showing the principle of
the interpolation unit 10. In Fig. 3B, a difference
(X2 - X3) of outputs from registers 10a and 10b for

. temporarily storing amplitude values X3 and X3

corresponding to addresses n and n+l is obtained by a
subtractor 10c. The difference (X1 - X2) is multiplied
with the lower address value a by a multiplier 104 to
obtain a(X2 - Xj). Thereafter, an adder 10e adds the
product a(X2 - X3) and the amplitude value X; at the
address n to obtain the amplitude value Xp. That is,
we have: -
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In this manner, the amplitude value Xpm of the
address (n+a) can be obtained from amplitude values X;
and X2 of addresses nj and nz by the interpolation
unit 10. When the lower address a is 0, no interpola-
tion is performed, and the waveform data from the memory
unit 9 is directly output to a multiplier unit 12 via
the register 10b and the adder 10e shown in Fig. 3B.

'~ The waveform data for one channel obtained as
described above is multiplied with an envelope signal
from an envelope generation unit 11 by the multiplier
unit 12. Thereafter, waveform data for eight channels
are added by an accumulation unit 13 in units of sam-
pling periods, and the sum signal is converted to an
analog tone signal by a D/A converter 14. The analog
signal is sent to an audio system.

The relationship between tone synthesis methods
assigned to the tone generation channels and key codes
will be described below with reference to Figs. 4A to
4D. Figs. 4A to 4D exemplify an 8-tone polyphonic
system.

In a performance mode 1 shown in Fig. 4B, only a
PCM method is used as the tone synthesis method, and
the flag of the PCM/modulation method selection unit 4
shown in Fig. 2 is alwayé "1", As shown in Fig. 44,
tone waveform data by the PCM method are assigned to all
the eight channels for eight depressed keys (key codes
K1, K2, K3, ... K8). |

In a performance mode 2 shown in Fig. 4C, a modula-
tion method, e.g., a phase modulation method or a fre-
quency modulation (FM) method is solely used. The flag
of the PCM/modulation method selection unit 4 is always
"o", and tone waveform data by the modulation method are
assigned to all the eight channels for eight depressed
keys (key codes K1, K2, K3, ... K8), as shown in
Fig. 4C.
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A performance mode 3 shown in Fig. 4D is a charac-
teristic mode of this embodiment. 1In this embodiment,
the flag output from the PCM/modulation method selection
unit 4 is changed in units of tone generation channels
in accordance with a control signal output from the con-
trol unit 2, so that the PCM method and the modulation

" method are switched in units of four tone generation

channels. Tone generation is performed by the two tone
synthesis methods for key codes (K1, K2, K3, K4) of tone
generation channels 1 to 4 and tone generation channels
5 to 8, so that each'of these methods can'produce four
polyphonic tones. 1In this case, different envelopes E1,
E2, E3, and E4, or E1', E2', E3', and E4' are given to
tones corresponding to the four key codes (K1, K2, K3,
K4) of each of the two methods in units of tone genera-
tion channel timings. In the performance mode 3, tones
synthesizéd by the two methods, i.e., the PCM method and
the modulation method, are simultaneously produced in
the auditory sense, thus obtaining non-monotonous,
"deep" tones.

The address generation unit 6 commonly used for
both the PCM and modulation methods will be described
below. .

In this embodiment, when addresses are designated
to sequentially read out waveform data from the memory
unit 9 (Fig. 2), the incremental width of the address
must be changed in accordance with a key code of a
depressed key, i.e., a pitch. The address generation
unit 6 changes this incremental width, and Fig. 5 shows
the circuit arrangement of the unit 6.

In Fig. 5, an adder 20 and a current address regis-.
ter 22 for storing an address which sequentially changes
serve as an accumulator. A pitch register 19 temporar-
ily stores incremental width data sent from the key code
register unit 5. The incremental width data is input to
the above-mentioned accumulator via a constant multi-
plier 23 (to be described later), and is accumulated at
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an incremental width according to a pitch of a depressed
key. As a result, if an incremental width of a given
tone is assumed to be 1, a series of accumulated values
such as 1, 2, 3,... or 2, 4, 6,... for a tone higher by
one octave are sequentially output from the current
address register 22. These values are address signals X
for reading the memory unit 9. The address signal X
corresponds to address data for reading out waveform
data from the memory unit 9 when the PCM method is
selected. However, when the modulation method is -
selected, the address signal X corresponds to non-
modulated original phaée angle data.

- As described above, the memory unit 9 stores tone
waveform data for the PCM method, and sine wave data
used in the modulation method. The tone waveform data
for the PCM method is obtained by sampling a tone
waveform of an acoustic instrument having a given pitch
frequency at a predetermined sampling period. On the
other hand, sampling data for the modulation method
is obtained by sampling a sine wave at a given pitch
frequency (normally, a lowest frequency of a tone) at
a frequency higher than a sampling frequency of the PCM
method.

In this embodiment, in order to mix the PCM method
and the modulation method, and to parallelly produce
tones, the constant multiplier 23 is operated to
equalize a pitch of a tone waveform produced by the
phase or frequency modulation method to that by the PCM
method. '

In order to operate the constant multiplier 23, a

- constant multiple flag is output from the PCM/modulation

method selection unit 4. The constant multiple flag is
set to be "1" for the PCM method and to be "0" for the
modulation method like in the flag for designating the
tone synthesis method. When the flag is "1" (PCM
method), the constant multiplier 23 sets a constant
multiplication factor to be "1", and when the flag is
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"0" (modulation method), it sets the constant multipli-
cation factor to be the predetermined value.

In order to synthesize a tone on the basis of
waveform data from the memory unit 9, the memory must
be repetitively read access in such a manner that once
read access starts from a start address and ends at an
end address, the address is returned to the start
address again. This operation is called loop
reproduction. For this purpose, address width (to be
referred to as loop width hereinafter) data from the
start address to the end address is prestored in a loop
width register 15. ' -

The loop reproduction operation will be described
below. : '

A comparator 18 checks if a current address C
output from the adder 20 becomes equal to or exceeds an
end address R set in an end address register 17. If the
current address C becomes equal to or exceeds the end
address R, the above-mentioned loop width is subtracted
from the current address C by a subtractor 21 to return
the current address to the start address.

Read access of the memory unit 9 (Fig. 2) may not
be precisely ended at the end address depending on an
incremental width. For example, assume that a tone
waveform shown in Fig. 6A (in this embodiment, a
waveform for one period is subjected to loop
reproduction) stored in the memory unit 9 is read out
therefrom using addresses shown in Fig. 6A. When an
incremental width output from the pitch register 19
shown in Fig. 5 is 1 or 2, a value "8" of the current
address C coincides with a value "8" of the end address
R, as shown in Fig. 6B or 6C. As a result, a loop width
"g" is subtracted from an output "8" from the adder 20
by the subtractor 21, and an output from the current
address register 22 becomes zero. Thus, the current
address C is returned to a start address "0", and is
incremented like 1, 2, 3;... or 2, 4, 6,.4..
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On the other hand, in the case of an incremental
width = 3 in Fig. 6D, the current address is incremented
like 0, 3, 6, 9, and exceeds "8" as the end address.
Thus, the loop width "8" is subtracted from the output

5 "gv from the adder 20, and the output from the current
address register 22 becomes "1". Therefore, loop repro-
duction starts from nqt'the address "0" but from an
address "1", and the address is incremented like 4,

7, ..., by the incremental width = 3. .

10 In this manner, the address of the memory unit 9

is updated by the loop width predetermined in the loop

-) width register 15, and a tone waveform stored in the
memory unit 9 is repetitively reproduced, thus obtaining
a tone waveform free from a discontinuous point.

15 The way of modulating the address signal X in the
modulation unit 7 will be described in turn using first
and second arrangements by the phase modulation method,
and a third arrangement by the frequency modulation
method. ' ' |

20 The first arrangement of the modulation unit 7 will
be described below. In the first arrangement, the
address signal X for reading the memory unit 9 (Fig. 2)
for storing sine wave data is changed to change a phase

') _ angle of a read position of a sine wave, thus obtaining

25 various waveforms. The address signal X will be
referred to as original phase angle data X hereinafter.

The operation principle of the first arrangement
will be explained below.

Fig. 7G shows the relationship between original

30 phase angle data X, and changed phase angle data X'
obtained by .a circuit shown in Fig. 8 (to be described
later). As can be seen from Fig. 7G, in this
embodiment, X and X' are related by an inclination of
a polygonal function. From Fig. 7G, if an inclination

35 of a polygonal line in Fig. 7G is represented by a when
0 < X<Mand N - M < X <N, and is represented by B
when M < X < N - M, we have:

e

Fg

KON
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a = (N/4)/M cee (4)

B

(N/4)/(N/2 - M) eee (5)
Form these equations, we have:
1/a + 1/ =2 cee (6)

where N represents 2m radians (one period) of a phase
angle, and M represents the switching point of inclina-
tions of polygonsal line. When X = M, X' = N/4 = n/2,
and a maximum value of a sine wave stored in the memory
unit 9 (Fig. 2) can be accessed.

The circuit shown in Fig. 8 equivalently performs
an arithmetic operation for multiplying the original
phase angle data X with a when 0 < X < M and
N-MLKX<KN, or g when M XN -M, thereby
obtaining changed phase angle data X'.

Furthermore, in the circuit shown in Fig. 8 (to be
described later), a and B are determined to yield:

B = as2k e (T)
(for k =0, 1, 2, ... 7) |
Form equation (6) and (7), we have:

a.= (1 + 2k)/2 Ceee (8)

B = (1 + 2°ky/2 ' cee (9)

After k is determined, the circuit shown in Fig. 8

equivalently performs arithmetic operations given by the

following equations from equations (8)'and (9):
When 0 <K X < Mand N - M < X <N,

X' = oX
= {(1 + 2k)/2}x
= 2-1x + 2k-1x | eee (10)

When M < X < N - M,

xl

BX
{(1 + 2-kys2)x
2-1x + 2-k-1x ee. (11)
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Note that the arithmetic operations given by equations
(10) and (11) can be executed by a binary bit-shift
operation.

In order to equivalently perform the arithmetic
operations given by equations (10) and (11), the circuit
shown in Fig. 8 sequentially executes the following
arithmetic operations.

(:) when lower bits obtained by excluding the most.
significant bit (MSB) XMgp from the original phase angle
data X are extracted, data Xo' which is repeated to have
N/2 as a boundary, as shown in Fig. 7A, with respect to
a change in original phase angle data X is obtained.

(:) Xp' is apprbpriately inverted to obtain data X;'
and X1" which have characteristics, as shown in Figs. 7B
and 7C, with respect to a change 'in original phase angle
data X. : |

(3 X1' is multiplied with B, and X;" is multiplied
with a, thus obtaining data X3' and X2" having
characteristics, as shown in Figs. 7D and 7E, with
respect to a change in original phase angle data X.

(:) When X2' > N/4, X2" is selected, and when X2' <
N/4, X3' is selected, thereby obtaining data X3' having
characteristics, as shown in Fig. 7F, with respect to a
change in original phase angle data X.

(5) When 0 < X < M, X3' is selected; when M < X <
N/2, an arithmetic operation (N/2 - X3') is executed;
when N/2 < X < N - M, an arithmetic operation (X3'+ N/2)
is executed; and when N - M < X < N, an arithmetic oper-
ation (N/2 - X3') + N/2 is executed.

Wwith the arithmetic operations (1) to (5) the cir-
cuit shown in Fig. 8 executes the arithmetic operations
equivalent to equations (10) and (11) described above,
and modulated phase angle data X' having polygonal char-
acteristics shown in Fig. 7G with respect to a change in
original phase angle data X can be obtained.

As the arrangement of the modulation unit 7 shown
in Fig. 2, the circuit shown in Fig. 8 for realizing the
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arithmetic operations (:) to (:) described above will be
described below.

Lower bits obtained by excluding the MSB Xmusp from
the original phase angle data X output from the address
generation unit 6 are extracted to obtain Xp'. This
corresponds to the above-mentioned arithmetic operation
(:> "Xp' is input to inverters 31 and 34. In this case,
a control terminal R of the inverter 31 receives a sig-
nal Xwsp obtained by inverting the MSB Xmsp of the
original phase angle data X by an inverter 30. On the
other hand, a control terminal R of the inverter 34
directly receives the MSB Xmsp. Thus, when the MSB XmsB
is "o", the inverter 31 inverts the input Xg', and out-
puts it as X;', and when the MSB is "1", it directly
outputs the input Xg' as X1'. On the other hand, when
the MSB Xmsp is "0", the inverter 34 directly outputs
the input Xgp' as Xi', and when the MSB is "1", it
inverts the input Xgp', and outputs it as X;". As a
result, phase angle data X;' and X" shown in Figs. 7B
and 7C are obtained. The above-mentioned operations
correspond to the arithmetic operation (:).

Thereafter, a right shift circuit 32 shifts the
phase data X;' to the right by k bits to calculate
2-kX;'. An adder 33 respectively shifts the output
2-kx;' from the right shift circuit 32, and the phase
angle data X3' by one bit to the right, and adds the
shifted data to each other to obtain:

X2' = BXy!
= {(1 + 27k)/2}x3"
= 2-1x;' + 2-k-1x; ee. (12)

on the other hand, a left shift circuit 35 shifts the
phase angle data X3" to the left by k bits to calculate
2kxi". An adder 36 respectively shifts the output 2kx;"
from the left shift circuit 35, and the phase angle data
X1" by one bit to the right, and adds the shifted data
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to each other to obtain:

xzu = uxl n
= {(1 + 2ky/2}x;"
= 2-1x;v" + 2k-1x3" ce. (13)

A coefficient k for determining a shift amount in the
right and left shift circuits 32 and 35 is given by
3-bit control data Sg to Sz input from the control
unitlz shown in Fig. 2 to the modulation unit 7.

A selector 37 selects X2" only when the adder 33
outputs a carry-out signal CO, i.e., only when
X2' > N/4; otherwise, it selects Xz' thereby outputting
phase angle data X3' having characteristics shown in
Fig. 7F with respect to the original phase angle data X.
The above-mentioned operations correspond to the arith-
metic operation (:) described above.

An inverter 38 selectively inverts the output X3!
from the selector 37. The inverter 38 inverts X3' when
an output from an exclusive OR gate 39 which receives
the signal iﬁgﬁ obtained by inverting Xmsp by the inver-
ter 30, and the carry-out signal CO from the adder 33,
is "1". Since one of iﬁgﬁ and the carry-out signal CO
goes to "1" and the other one goes to "0" within a range
of M < X < N/2 and N - M < X < N, the output from the
exclusive OR gate 39 goes to "1" within this range,'and
X3' is inverted. Within a range of 0 < X < M and
N/2 < X < N - M, the output from the exclusive OR gate
39 goes to "0", and X3' is directly output.

The output from the exclusive OR gate 39 is added
to the output from the inverter 38 as upper bits.
Furthermore, the MSB XmMsp is added to the above sum as
the MSB, thus obtaining the final modulated phase angle
data X'. The values of the output from the exclusive OR
gate 39 and the XMsp are (0, 0) when 0 < X < M; (1, 0O)
when M < X < N/2; (0, 1) when N/2 < X < N - M; and
(1, 1) when N - M < X < N. For this reason, the value
of the modulated phase angle data X' becomes equal to
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a value output from the inverter 38 when 0 < X < M; is
equal to a sum of a value output from the inverter 38
and N/4 when M < X < N/2; is equal to a sum of a '
value output from the inverter 38 and N/2 when

N/2 < X < N - M; and is equal to a sum of a value output
from the inverter 38 and 3N/4 when N - M < X < N.
Consequently, the modulated phase angle data X' having
characteristics shown in'Fig. 7G with respect to the
original phase angle data X can be obtained.

Figs. 9A to 9E show various waveform data obtained
by accessing sine wave data of the memory unit 9 using
modulated phase angle data X' obtained from the modula-
tion unit 7 (Fig. 2) comprising the circuit shown in
Fig. 8. As can be seen from Figs. 9A to 9E, as the
value of the coefficient k is increased, a waveform
is gradually changed from a sine wave to a sawtooth
wave. _

In the above description, the polygonal
characteristics shown in Fig. 7G are used. When
circuits for generating%modulated phase angle data X!
having polygonal characteristics shown in the lower
columns of Figs. 10A to 10G are provided, waveform data
modulated shown in the upper columns of Figs. 10A to 10G
can be obtained. _

A second arrangement of the modulation unit 7 will
be described below.

Fig. 11 is a block diagram showing the second
arrangement of the modulation unit 7 based on a phase
modulation method different from that in the first
arrangement.

In Fig. 11, a waveform ROM 40 for storing a sine
wave or a waveform different from the sine wave is sub-
jected to read access based on the address signal X out-
put from the address generation unit 6 (Fig. 2). The
readout waveform is multiplied with an envelopé output
from an envelope generator 41 by a multiplier 42. The
waveform is then input to a selector 43. The selector
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43 directly receives the address signal X, and selects
one of the two ihpﬁts in accordance with a control
signal output from a CPU (not shown). Thereafter, the
output from the selector 43 is multiplied with a prede-
termined multiplication factor by a constant multiplier
44, thereby increasing a read incremental width of the
memory unit 9 (Fig. 2) to several times to 10 to 20
times the incremental width for the PCM method. The
output from the constant multiplier 44 serves as the
output X' from the modulation unit 7 shown in Fig. 2.
Since the constant multiplier 44 is used, the constant
multiplier 23 (Fig. 5) of the address generation unit 6
shown in Fig. 2 is omitted.

In the circuit shown in Fig. 11, when the selector
43 selects the address signal, a sine wave is read out
from a sine table of the memory unit 9. When the selec-
tor 43 selects the output from the multiplier 42, a more
qomplicated waveform can be obtained. In particular,
when the waveform ROM 40 stores various waveforms, the
output X' can become a further complicated signal as
compared to the first arrangement -described above, and
waveform data read out from the memory unit 9 can have
further complicated characteristics.

_ A third arrangement of the modulation unit 7 will
be described below.

Fig. 12 is a block diagram showing the third
arrangement of the modulation unit 7 on the basis of the
FM method.

An input signal wct to an adder 54 and a multiplier
50 corresponds to the address signal X from the address
generation unit 6 (Fig. 2), and is an accumulated value
whose value changes by an incremental width correspond-
ing to a pitch of a depressed key. This accumulated
value repetitively changes within a range of 0 and 2w
radians. The wct is multiplied with a constant value
om/®c by the multiplier 50, and a sine table 51 is
accessed using the obtained wpt as an address signal.
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A signal sinept output from the sine table 51 is multi-
plied with a modulation index I(t) generated by a modu-
lation index generator 53 on the basis of a control
signal, thus obtaining I(t)sinwmpt. The adder 54 then
adds wct and I(t)sinwmt to obtain wct + I(t)sinep(t).
Thereafter, the output from the adder 54 is multiplied
with'a.predetermined multiplication factor by a constant

- multiplier 55, thus increasing an incremental width for

reading out data from the memory unit 9. The output
from the constant multiplier 55 obtained in this manner
serves as the output X' from the modulation unit 7 shown
in Fig. 2. Since the constant multiplier 55 is used,
the constant multiplier 23 (Fig. 5) of the address gen-
eration unit 6 shown in Fig. 2 is omitted.

The operation of the overall circuit shown in
Fig. 2 as described above can be summarized as follows.

When a player selects one of the performance modes
shown in Figs. 4B to 4D, and depresses a key, the
PCM/modulation method selection/input unit 4 outputs
the flag "1" (PCM method) or the flag "0" (modulation
method) in accordance with a tone synthesis method
selection control signal output from the control unit 2.
The output flag serves as the MSB of an address signal

to be supplied to the memory unit 9. Therefore, when

the above-mentioned flag is "1", tone waveform data for
the PCM method is read out from an area where the MSB of
its address . is "1"; when the flég is "0", sine wave data
used in the modulation method is read out from an area
where the MSB of its address is "0". The address gener-
ation unit 6 outputs an address signal X having an
incremental width corresponding to a pitch of the
depressed key on the basis of key data of the depressed
key. When the PCM method is selected, tone waveform
data in the memory unit 9 is directly read out via the
selection circuit 8 in accordance with the address sig-
nal X. On the other hand, when the modulation method is
selected, the address signal X is input to the
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modulation unit 7, and sine wave data in the memory unit
9 is read out therefrom via the selection circuit 8 in
accordance with an output X' from the unit 7.

The above-mentioned tone synthesis method selection
operation is performed at each selection timing of a
tone generation‘channel corresponding to a depressed on
the basis of performance mode selection data. Of the

. output from the selection circuit 8, upper bits corre-

sponding to an integral part of the address signal are
supplied to the memory unit 9, and lower bits corre-
sponding to a decimal part of the address signal are
supplied to the interpolation unit 10. The interpola-
tion unit 10 performs the above-mentioned interpolation
operation, thus producing a tone from the audio system
via the multiplier unit 12, the accumulation unit 13,
and the D/A converter 14.

In the first to third arrangements, a combination
of tone synthesis methods, i.e., the PCM method and the
modulation method has been exemplified. Various other
tone synthesis methods may be combined, and tones may be
produced in units of tone generation channels.

The second embodiment of the present invention will
be described below.

This embodiment exemplifies-a tone waveform genera-
tion apparatus which combines tone waveform generation
methods, e.g., the PCM method and the modulation method.
In particular, as the modulation method, a method dif-
ferent from the conventional FM method is employed.
Prior to a description of the detailed arrangement of
this embodiment, a tone waveform generation method by
the modulation method employed in this embodiment will
be described below. | :

Fig. 13 shows an arrangement of a tone waveform
generation apparatus of this embodiment.

A carrier wave phase angle wct whose value changes
linearly between 0 to 2m [rad] is used as an address for
a carrier wave ROM 101 to read out a carrier signal Wc.
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The carrier wave phase angle wct is obtained by multi-
plying an angular velocity wc [rad/sec] with a time t
[sec]. '

The carrier signal Wce is added to an externally
supplied modulation signal Wy by an adder (to be
referred to as an "ADD" hereinafter) 102, and the sum
signal is supplied to a decoder 103. The decoder 103
decodes the sum waveform We + Wy [rad] on the basis of
a triangular waveform to obtain a decode output D. '

The decode output D is multiplied with an amplitude
coefficient A by a multiplier (MUL) 104, thus obtaining
a final waveform output e.

In the tone waveform generation appératus with the
above arrangement, the carrier wave ROM 101 stores a
waveform shown in Fig. 14. If the circle ratio is given

. by n, the relationships between the carrier wave phase

angle wct [rad] and the carrier signal We ([rad] in
regions I, II, and III in Fig. 14 are respectively
expressed by:

We = (n/2)-sinmct”
(region I : 0 < oct < m/2)
We = T - (n/2) sinwct
- (region II. : n/2 £ wct < 31/2)
We = 21 + (n/2) sinwect

region III : 3n/2 < ® < 2
(reg /2 £ act £ 2m) (14)

The carrier signal Wc¢ calculated by one of equa-
tions (14) and the external modulation signal Wy are
added to each other, and the sum signal is input to the
decoder 103. Thus, the decoder 103 outputs the decode
output D. The decode output D is multiplied with the
amplitude coefficient A by the MUL 104 to obtain the
waveform output e given by:
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e = A-TRI{(n/2) sinegt + WM)
(0 < oct £ 1/2)
e = A-TRI{n - (n/2) sinoct + Wy}
(/2 < 6ct £ 31/2)
e = A-TRI{2n + (n/2) sinect + Wm}

(3n/2 < oct £ 27) ves (15)

where TRI(x) is defined as a triangular wave function
set in the decoder 103. _ : |

when the modulation signal Wy is 0, an input wave-
form to the decoder 103 is the carrier signal Wc itself
defined by one of equations (14). That is,

e = A-TRI(Wc) | ... (16)

Note that'the'relationship between the carrier signal W¢ -
and the carrier wave phase angle wct is represented by
symbol FA in Fig. 15 on the basié of equations (14) or
Fig. 14. '

The triangular wave function D = TRI(x) (where x is
the input) calculated by the decoder 103 is defined by
the following equations, and corresponds to a function
represented by FB in Fig. 15:

D = TRI(X) = (2/7)X

(region I : 0 < X £ n/2)
D = TRI(X) = -1 + (2/m) (3n/2 - X)

(region II : w/2 < X £ 3n/2)
D = TRI(X) = -1 + (2/7) (x - 3n/2)

(region III : 3mw/2 £ X £ 2m)
| eee (17)

~As can be seen from Fig. 15, the carrier signal W¢
as an input signal to the decoder 103, and the triangu-
lar wave function D = TRI(x) calculated by the decoder
103 are monotonous functions in the regions I, II, and
III defined by equations (14) or (17), and the carrier
wave phase angle act and an input x have values in the
same ranges in the regions I, II, and III. Equations
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(14), (16), and (17) can be synthesized in identical
ranges. More specifically, when 9quations (14) and (17)
are substituted in equations (16), we have:

e = A-TRI{(n/2) sinwect)}
= A-(2/m) (n/2) sinect
= A-sinect :
(region I : 0 £ oct < /2

o
"

. A-TRI{m - (w/2) sinoct}

= A-{-1 + (2/m) (3n/2 - W + (n/2) sinoct)}
= A-sinoct

(region II : n/2 £ wct £ 3n/2)

e = A-TRI{2% + (n/2) sinect}

A-{-1 + (2/m) (21 + (n/2) sinwct - 3n/2)}
(region III : 3n/2 £ wct £ 2m)

(18)

‘More specifically, when Wy, = 0, a single sine wave

A-sinwct including no harmonic components of high orders
at all in any region of the carrier wave phase angle wct
is output. For example, when the amplitude coefficient
A = 1, the relationship between the carrier wave phase
angle oct and the waveform output e when Wy = 0 is
expressed by a sine wave, as indicated by symbol FC in
Fig. 15.

As can be understood from the above-mentioned
relationships, in order to realize a process for
decaying a tone to only a single sine wave component, or
generation of a tone consisting of only a single sine
wave component, the externally input modulation signal
WM can be controlled to approach 0 with an elapse of
time. '

A change in waveform output e when the magnitude of
the modulation signal Wy mixed in the carrier signal W¢
by the adder 102 is increased will be examined below.
When a mixing ratio of the modulation signal Wy (a ratio
of Wy to the carrier signal) is gradually increased,
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a modulation sighal component Wy included in the wavef-
orm output from the adder 102 is increased. For this
reason, the waveform output e is gradually distorted
from a sine wave on the time base, and is changed to
include many harmonic components of high orders on the
frequency axis. In this case, a conversion function in
the decoder 103 is expressed by a triangular wave func-
tion FB given by equations (17) or shown in Fig. 15,
which originally includes many harmonic components of
high orders. For this reason, a tone including many
harmonic components of high orders at frequencies ten
times the pitch frequency can be obtained in accordance
with the modulation signal WM. In the FM method based
on equation (1) described in the prior art, it is diffi-
cult to express harmonic components of high orders at
frequencies 11 times the pitch frequency or more.
However, in this embodiment, it is possible to express
up to harmonic components of high orders at frequencies
about 30 times the pitch frequency. In addition, it is
also possible to complicatedly change power of harmonic
components of low orders in accordance with a change in
modulation signal Wy in place of a linear increase/
decrease in power. o

According to the above-mentioned fact, when the
value of the modulation signal Wy is changed, a process
for decaying a tone to only a single side wave component

" or generation of a tone consisting of only a single sine

wave component can be realized in the same manner as
tones of acoustic instruments. In addition, a tone
clearly including up to harmonic components of high
orders can be generated. In particular, when a tone
having a low pitch is to be synthesized, i.e., when a
tone which has a low fundamental frequency (pitch
frequency) and includes many harmonic components of. high
orders within an audio frequency range is to be |
synthesized, the tone waveform generation apparatus
shown in Fig. 13 is very effective. As a typical
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example, a decay tone for several tens of seconds
obtained when a bass key of a piano is strongly
depressed includes harmonic components of high orders
exceeding that of the 30th order. When such a tone
is synthesized, the apparatus shown in Fig. 13 is
effective. ' _

The tone waveform generation apparatus of this
embodiment is not limited to the above-mentioned
arrangement. For exaﬁple, the decoder 103 may perform
decoding on the basis of a function including harmonic
components, and a function for causing the decoder 103
to output a sine wave output D may be stored in the
carrier wave ROM 101, thus obtaining the same effect as
described above. Figs. 16A to 16D show combinations of
functions calculated by the decoder 103, and functions
stored in the carrier wave ROM 10l1. In Figs. 16A to
16D, a function for defining the relationship between
the carrier wave phase angle wct and the carrier signal
Wc is stored in the carrier wave ROM 101, and the
decoder 103 converts an input x in accordance with a
function for defining the relationship between the input
x and the -decode output D. Assuming that the value of
the modulation signal Wy is 0, the carrier signal Wc¢
output from the carrier wave ROM 101 is input as the
input x to the decoder 103, and causes the decoder 103
to output a single sine wave as a waveform output gf
According to the functions of the decoder 103 shown in
Figs. 16A to 16D, when the value of the modulation sig-
nal Wy is set to be other than 0, a waveform output e
including many harmonic éomponents of high orders can be
obtained.

An electronic musical instrument of the present
invention based on the principle of the tone waveform
generation apparatus described above will be described
in detail below. '

Fig. 17 is a block diagram showing the overall

arrangement of an electronic keyboard instrument
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according to this embodiment. In this embodiment, since
a PCM tone signal generation circuit is additionally
used to have the arrangement of the tone waveform gener-
ation apparatus shown in Fig. 13 as a fundamental
arrangement, the following description will be made
with reference to Fig. 13, and the like.

This embodiment exemplifies a 32-polyphonic tone
generation apparatus, and the respective internal cir-
cuilts are operated 32~ time—divisionally in each sampllng
period.

A controller 501 generates and outputs data CF cor-
responding to a pitch, envelope data ED and FA, PCM
start address data Agp' and carrier start address data
AgM in accordance with a setup state of a switch unit
518 and data such as key code data KC and velocity data
VL input from a keyboard unit 517. The controller 501
outputs selector control signals Sg, Si, and Sp for
ON/OFF~-controlling selectors 505 and 510, and selectors
508 and 512, and also outputs clocks ¢3, $2, ¢s1, ¢s2.
¢r,, 9r, CT, and pan control data PAN for controlling a
phase data generation unit 502, an envelope generator
513, an accumulator 516, and the like.

The phase data generation unit 502 generates phase
data PH, which is sequentially increased by a step width
defined by the data CF, on the basis of the data CF
corresponding to a scale from the controller 501, and
supplies it to a carrier address generation unit 503 and
a PCM address generation unit 504.

The carrier address generation unit 503 generates,
based on the phase data PH, carrier address data wcr(M)

‘for accessing a carrier signal area of a waveform ROM

506. A start address is designated by the carrier start
address data Agym from the controller 501. :

The PCM address generation unit 504 generates,
based on the phase data PH, PCM address data woT(P)
accessing a PCM signal area of the waveform ROM 506. 1In
this case, a start address is designated by the PCM
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start address data Agp from the controller 501.

The selector 505 selects one of the PCM address
data wer(P) input to a terminal A and the carrier
address data wcp(M) input to a terminal B on the basis
of the selector control signal Sp.

When the carrier signal area of the waveform ROM
506 is accessed by the carrier address data wporp(M) the
ROM 506 outputs a corresponding carrier signal W¢ to an
adder (to be referred to a8 an "ADD" hereinafter) 507.
When the PCM signal area is accessed by the PCM address
wcr(P) the waveform ROM 506 supplies a corresponding. PCM
signal Op to a terminal A of the selector 510.

The ADD 507 adds the carrier signal We from the ROM
506 to a delay output D or D-1 input from the selector
508 as the modulation signal Wy and outputs a sum wavef-
orm We + WM and supplies it to a triangular wave decoder
509. The selector 508 selects one of the delay output D
input to a terminal A and the delay output D-1l input to
a terminal B in accordance with the selector control
signal S; from the controller 501.

The triangular wave decoder 509 converts the sum
waveform We + Wy in accordance with a triangular wave
function to output a decode outpuf OMm, and supplies it
to the terminal B of the selector 510. The circuit con-
figuration of the decoder 509 will be described later.

The selector 510 selects the PCM signal Op input
to the terminal A or the decode output Oy input to the
terminal B on the basis of the selector control signal
Sp, and supplies a selected signal to a multiplier (to
be referred to as an "MUL" hereinafter) 511.

The MUL 511 is a multiplier for adding an envelope
to the PCM signal Op or the decode output Oy, and multi-
plies one of these signals with an énvelope signal E
from the envelope generator 513 or a modulation signal
D-1 from a latch 515 input via the selector 512, thereby
outputting a PCM waveform output ep corresponding to the
PCM signal Op or a modulated waveform output ey
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corresponding to the decode output Ou. The selector 512
selects the envelope signal E input to a terminal A or
the delay output D-1 input to a terminal B in accordance
with the selector control signal S from the controller
501. In response to this, the envelope generator 513
outputs the envelope signal E on the basis of the
address data FA and the setup data ED output from the
controller 501 upon detection of the depression of a
key.' The envelope signal E has the following
characteristics. That is, the envelope signal E reaches
an initial level IL in an attack time AT from the
depression of a givén key, and reaches a sustain level
SL in a decay time DT from the initial level. The enve-
lope signal E maintains the sustain level until the
release of the key is detected. After the release of
the key is detected, the envelope signal E becomes 0
level in a release time RT to mute a tone. Data values
of the attack time AT, the initial level IL, the decay
time DT, the sustain level SL, and the release time RT
are set in the envelope generator 513 as the setup data
ED from the controller 501 at the beginning of the
depression of a given key. These data are identified by
the address data FA.

Fig. 18 shows an arrangement of the triangular wave
decoder 509 shown in Fig. 17. In Fig. 18, inputs A0 to
Al10 (11 bits) correspond to the sum waveform Wc + WM in
Fig. 17, and outputs BO to B9 (10 bits) correspond to
the decode output Oy in Fig. 17. '

The two input terminals of a ninth EOR 601 receive
the upper two bits A9 and A10 of the sum waveform from

" the ADD 507 in Fig. 17, and its output is input to the

first input terminals of Oth to eighth EORs 601. The
second input terminals of the 0th to eighth EORs 601
receive the 0th to eighth bits of the sum waveform from
the ADD 507, respectively. _

The outputs from the 0th to eighth EORs 601 are
output to the multiplier 511 (Fig. 17) as Oth to eighth
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bits BO to B8 of the decode output, and the MSB Al0 of
the sum waveform is output to the multiplier 511 as an
MSB B9 of the decode output, which represents a sign
bit.

The operation of the decoder 509 will be described
below.

Assume that a value Z determined by the sum
waveform bits A0 to Al0 is sequentially increased in
proportion to an elapse of time, and a phase angle for
one period, i.e., 0 to 2m [rad] can be designated within
a full range of the sum waveform bits A0 to Al0. When a
combination (A10, A9) of the logic levels of the MSB AlO
and the ninth bit A9 of the sum waveform becomes (0, 0),
a value indicated by the sum waveform bits A0 to AlQ is
changed from 0 to 1/4 the full range, i.e., w/2 [rad].
within this range, since the output from the ninth EOR
601 goes to logic "0", as the sum waveform bits A0 to A8
input to the 0th to eighth EORs 601 are sequentially
increased, the same waveform appears as the lower bits
BO to B8 of the decode output. The MSB B9 as a sign bit
of the decode output is equal to the sum waveform MSB
Al0, i.e., is at logic "0". Therefore, in this range, a
positive decode output is generated. If a value deter-
mined by the decode output bits BO to B9 is represented
by W, the above operation can be expressed by:

W=2 for 0< %< n/2 ce. (19)

As a second case, when (Al0, A9) = (0, 1), a value
represented by the sum waveform bits A0 to Al0 falls

" within a range of n/2 to w [rad]. Within this range,

since the output from the ninth EOR 601 goes to logic
ni1n, a waveform which decreases with an increase in sum
waveform bits A0 to A8 input to the Oth to eighth EORs
601 is output as lower 9 bits BO to B8 of the decode
output. . Furthermore, the MSB B9 as a sign bit of the
decode output is equal to the sum waveform MSB AlOQ,
i.e., is at logic "0". Therefore, a positive decode
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output is generated within the above range. This can be
expressed by:

As a third case, when (Al0, A9) = (1, 0), a value
represented by the sum waveform bits A0 to Al0 is
changed within a range of m to 3w/2 [rad]. Wwithin this
range, since the output from the ninth EOR 601 goes to
logic "1" like in the second case, a waveform which
decreases with an increase in sum waveform bits A0 to A8
input to the Oth to eighth EORs 601 is output as lower 9

bits BO to B8 of the decode output like in the second

case. On the other hand, the MSB B9 as a sign bit of
the decode output is equal to the sum waveform MSB Ald,
i.e., is at logic "1". For this reason, the decode
output becomes negative. This can be expressed by:

W=-2+1nm - form<2Z< 3n/2 eee (21)

As a fourth case, when (Al0, A9) = (1, 1), a value
determined by the sum waveform bits A0 to Al10 is changed

-within a range of 3n/2 to 2m [rad]. Within this range,

since the output from the ninth EOR 601 goes to logic
"o", the outputs from the 0th to eighth EOR 601 are the
same as those in the first case, and the same waveform
is output as lower nine bits B0 to B9 of the decode out-
put as the input sum waveform bits A0 to A8 are
increased. On the other hand, the sign bit B9 goes to
logic "1" since the sum waveform MSB Al0 is at logic

"1", and a decode output becomes negative. This can be
expressed by:

W=2-2n for 3m/2 < % < 2m cee (22)

Equations (19) to (22) corresponding to the first
to fourth cases described above can be summarized as
follows:
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W=2 for 0 < Z < n/2
W=-Z+w  for /2 £ 2 £ 3n/2
W=2 -21 for 3n/2 £ Z £ 2m eee (23)

Equations (18) which have already been described as

the characteristics of the decoder 103 shown in Fig. 13
are modified as follows:

D= (2/n)x (0 £ x £ 1/2)
D= (2/n) (-x + m) (n/2 £ x £ 31/2) _
D = (2/7) (x - 21) (31W/2 < X < 2W) ... (24)

Upon comparison between equations (24) and (23), their
input/output relationships are substantially the same as
each other ekcept that a gain is different'by 2/wx. ASs
can be seen from the above description, the triangular
wave decoder 509 shown in Figs. 17 and 19 is operated in
the same manner as in the decoder 103 shown in Fig. 13
and having characteristics given by equations (18).

Referring back to Fig. 17, when the terminals A of
the selectors 505 and 510 are selected in accordance
with the selector control signal Sg, tone synthesis
based on the PCM method is performed. More specifi-
cally, the phase data generation unit 502 repetitively
generates phase data PH which is increased by a step
width corresponding to the data CF corresponding to a
pitch from the controller 501, as shown in Fig. 20A.
PCM address data wpop(P) is generated on the basis of the
phase data PH and the PCM start address data Agp from
the controller 501, as shown ianig. 20B. - In this
embodiment, the PCM start address data Agp is 1500H (H
represents hexadecimal notation). Thus, a #1 PCM signal
Op is read out from the address 1500H of the waveform
ROM 506 (Fig. 19), as shown in Fig. 20C. The PCM signal
Op is multiplied with an envelope by the MUL 511, thus
attaining tone synthesis based on the PCM method.

On the other hand, when the terminals B of the
selectors 505 and 510 are selected in accordance with
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the selector control signal Sg, tone synthesis based on
the modulation method shown in Fig. 13 is executed.

More specifically, the phase data generation unit 502
generates phase data PH at a repetition period corre-
sponding to the data CF from the controller 501, as
shown in Fig. 21A. Carrier address data wcr(M) is
generated based on the phase data PH and the carrier
start address data AgMm from the controller 501, as
shown.in Fig. 21B. In this case, the carrier start
address data AgM is 0000H. Thus, a carrier signal Wg¢
having characteristics shown in Fig. 14 is repetitively
read out from the address 0000H of the waveform ROM 506
(Fig. 19), as shown in Fig. 21C. The waveform ROM 506
corresponds to the carrier wave ROM 101 (Fig. 13), the
ADD 507 corresponds to the ADD 102 (Fig. 13), the trian-
gular wave decoder 509 corresponds to the decoder 103
(Fig. 13), and the MUL 511 corresponds to the MUL 104
(Fig. 13). Thus, tone synthesis based on the modulation
method described above with reference to Fig. 13 is
executed.

The musical instrument shown in Fig. 17 can
parallelly prdduce 32 tones on the basis of key
depression operations on the keyboard unit 517. For
this purpose, the respective circuits are 32-time-
divisionally operated for each sampling period as one
tone generation period. More specifically, although not
shown, the phase data generation unit 502 includes a
register for holding the data CF for 32 tone generation
channels, and a 32-stage shift register for holding
accumulated values of the respective tone generation
channels on the basis of the data CF. The unit 502 per-
forms independent accumulation operations'in units of
tone generation channels in accordance with the clocks
¢1 and ¢2 output from the controller 501, and outputs
phase data PH shown in Fig. 20A or 21A corresponding to
a given tone generation channel at a time-divisional
timing corresponding to the given tone generation
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channel. Similarly, the envelope generator 513 includes
a register for holding address data FA and setup data ED
for 32 tone generation channels, and a 32-stage shift
register for holding envelope values for the respective
tone generation timings (sampling periods) based on the
above data. The envelope generator 513 outputs an inde-
pendent envelope signai'E,for each tone generation chan-
nel in accordance with the clocks ¢3; and ¢2 output from
the controller 501. The PCM address generation unit 504
includes a register for holding PCM start address data
Agp for 32 tone generation channels, and a 32-stage
shift register for holding accumulated values (see

Fig. 20B) of PCM address data ocT(P) in units of tone

- generation timings based on the PCM start address data,

and generates independent PCM address data wcT(P) in
units of tone generation channels.. Furthermore, the
carrier address generation unit 503 divides phase data
PH for each tone generation channel with a predetermined
coefficient, adds the quotient to the start address Agy'
and repetitively reads out the carrier address wcp(M)
shown in Fig. 21B using the sum as an address.

Every time a key of the keyboard unit 517 is
depressed, the controller 501 assigns the depressed
key to one of the 32 tone generation channels, outputs
the data CF corresponding to the depressed key to the
register in the phase data generation unit 502, and
outputs the corresponding address data FA and setup
data ED to the register in the envelope generator 513.
Furthermore, the controller 501 outputs the correspond-
ing PCM start address data Agp to the register of the
PCM address generation unit 504. Note that the carrier
start address AgyM output to the Carrier address genera-
tion unit 503 is a fixed value. Thus, the phase data
generation unit 502 and the envelope generator 513 start
generation of the phase data PH and the envelope signal
E at a timing corresponding to the assigned channel.
The carrier address generation unit 503 and the PCM



10

15

20

25

30

35

- 42 -

address generation unit 504 start generation of

the carrier address wpop(M) and the PCM address wcor(P) on
the basis of the above-mentioned data, thus starting
tone synthesis in the tone generation channel.

At the same time, the controller 501 controls the
selector control signal Sg in units of tone generation
channels. Thus, the connection states of the selectors
505 and 510 are changed in units of tone generation
channels, so that it can be selected whether tone syn-
thesis is performed by the PCM method or the modulation
method based on the principle arrangement shown in
Fig. 13. _ . .

In addition to the above arrangement, the arrange-
ment shown in Fig. 17 comprises-a sh.*'t register 514 for
holding the PCM waveform output ep'or the modulated
waveform output ey for one sampling period (one data)
for each tone generation channel. The shift register
514 shifts data in accordance with the clocks ¢3 and ¢3
from the controller 501. A delay output D from the
shift register 514 is input to the ADD 507 as the modu-
lation signal Wy via the terminal B of the selector 508.
Thus, when tone synthesis based on the modulation method

~is performed in a given tone generation channel, modula-

tion can be performed using the modulated waveform out-
put eym of the immediatély preceding sampling period of
its own tone generation channel as the modulation signal
WM, and a very deeply modulated waveform output ey can
be obtained. |

Figs. 22A to 22H show detailed timing charts of the
above-mentioned operations. Figs. 22A to 22H exemplify
a case wherein tone synthesis by the PCM method is per-
formed in even-numbered tone generation channels, and
tone synthesis by the modulation method is performed in
odd-numbered tone generation channels.

At one of Oth to 31st time-divisional timings shown
in Fig. 22A, data, i.e., phase data PH, PCM address data
wcT(P) carrier address data ocT(P), a carrier wave
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signal We, a PCM signal Op, a sum waveform We + WM, a
decode output Oy, a PCM waveform output ep, a modulated
waveform output ey, and an envelope output signal E,
corresponding to a tone generation channel at that
time-divisional timiné'are output. The shift register
514 outputs a PCM waveform output ep (for the even-
numbered tone generation channel) or a modulated wav-
eform output ey (for the odd-numbered tone generation
channel) of the immediately preceding sampling period

as a delay'output D at one of the same time-divisional
timings as the Oth to 31st timings in 22A, as shown in
Fig. 22D. A delay output p-1 from the latch 515 shown
in Fig. 22E will be described later. The selector con-
trol signal Sg causes the selectors 505 and 510 to
select their terminals A at timings of the even-numbered
tone generation channels shown in Fig. 22A, and causes
the selectors 505 and 510 to select their terminals B at
timings of the odd-numbered tone generation channels,

as shown in Fig. 22F. The selector control signal §;
causes the selector 508 to always select the delay out-
put D input from the terminal B, as shown in Fig. 22G.
The selector control signal Sy causes the selector 512
to always select the envelope signal E input from the
terminal A, as shown in Fig. 22H. The phase data gener-
ation unit 502, the envelope generator 513, and the
shift register 514 are operated in synchronism with each
time-divisional timing shown in Fig. 22A in accordance
with the clocks ¢1 and ¢2 shown in Figs. 22B and 22C.

_ with the operations at the operation timings
described above, in each even-numbered tone generation
channel in Fig. 22A, PCM address data wcr(P) from the
PCM address generation unit 504 is input to the waveform
ROM 506 via the selector 505. A PCM signal Op output
from the ROM 506 is input to the MUL 511 via the selec-
tor 510, and is multiplied with an envelope defined by
an envelope signal E, thus obtaining a PCM waveform out-
put ep. Thus, tone synthesis by the PCM method is
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executed. In each odd-numbered tone generation channel
in Fig. 22A, carrier address data wcr(M) from the car-
rier address generation unit 503 is input to the wavef-
orm ROM 506 via the selector 505. The waveform ROM 506
outputs a carrier signal We. The ADD 507 adds the car-
rier signal W¢ and the delay output D (modulated wavef-
orm output ey) of the immediately preceding sampling

‘period of the corresponding tone generation channel.

The sum waveform Wce + WM obtained from the ADD 507 is
input to the triangular wave decoder 509. The decode
output Oy from the triangular wave decoder 509 is input
to the MUL 511 via the selector 510, and is multiplied
with an envelope defined by the envelope signal E,
thereby obtaining a modulated waveform output eyq. 1In
this manner, tone synthesis by the modulation method is
executed.

The PCM waveform output ep or the modulated wavef-
orm output ey obtained in this manner is output to the
accumulator 516 as the delay output D from the shift
register 514, and is distributed to right and left
channel outputs R and L by a predetermined operation
(to be described later). These channel outputs are con-
verted into analog tone signals by D/A converters 519
(L, R) and low-pass filters (LPFs) 520 (L, R), and the
analog signals are then amplified by amplifiers 521
(L, R). Thereafter, the amplified signals are repro-
duced as tones from loudspeakers 522 (L, R).

The circuit shown in Fig. 17 has the latch 515 for
holding the delay output D from the shift register 514
by only one time-divisional timihg interval. The latch
515 delays the delay output D by one time-divisional
timing interval in accordance with the clocks ¢3 and ¢3
from the controller 501. The delay output D-1 from the
latch 515 is input to the ADD 507 as the modulation
signal Wy via the terminal A of the selector 508. Thus,
when tone synthesis based on the modulation method is
performed in a given tone generation channel, modulation
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can be performed using the modulated waveform output ey
or the PCM waveform output ep of the immediately preced-
ing sampling period of the tone generation channel as
the modulation signal Wy. Thus, an effectively modu-
lated waveform output ey can be obtained. 1In
particular, waveforms defining various functions, such
as a sine wave, a sawtooth wave, a rectangular wave, and
the like may be stored in the PCM signal area of the
waveform ROM 506, so that these waveforms are read out
as PCM Waveform outputs ep'so as not to be directly out-
put from the accumulator 516. Thus, modulation signals
WM having various waveforms can be obtained. In this

~case, the level of the modulation signal Wy can be con-

trolled by the envelope signal E multiplied with the PCM
signal Op by the MUL 511.

In this embodiment, the controller 501 fetches an
envelope control state signal ADSR indicating an enve-
lope control state after an ON event of a given key is
started so as to change the selector control signal Sg
in accordance with the envelope control state in units
of tone generation channels. Thus, different tone
synthesis methods may be used in, e.g., an attack
interval, a decay interval, a sustain interval, a
release interval, and the like.

Figs. 23A to 23I show detailed operation timing
charts of the above-mentioned operations. Figs. 23A to
23I exemplify a case wherein tone synthesis by the PCM
method is performed in even-numbered tone generation
channels, and tone synthesis by the modulation method is
performed in odd-numbered tone generation channels like
in Figs. 22A to 22H.

~ Figs. 23A to 23F and Fig. 23H are the same as
Figs. 22A to 22F and Fig. 22H. In this operation, the
controller 501 shown in Fig. 17 fetches the envelope
control state signal ADSR from the envelope generator
513 for the 31st tone generation channel shown in
Fig. 23A. The controller 501 discriminates whether the
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current enVelopé corréSponds to the attack, decay,
sustain, or release state. 1In accordance with the
discrimination result, the'controller 501 controls the
selector control signal S3 so as to cause the selector
508 to select the delay output D-1 input to the terminal
A during an attack interval A and a release interval R,
and controls the selector control signal S; so as to
cause the selector 508 to select the delay output D
input to the terminal B during a decay-interval D and a

. sustain interval S, as shown in Fig. 23G.

'With the operation at the above-mentioned operation
timing, in the 31st tone generation channel shown in
Fig. 23A, tone synthesis'by the modulation method is
performed using, as the modulation signal Wy, the PCM
waveform output ep of the 30th tone generation channel
of the immediately preceding sampling period during the
attack interval A and the release interval R, and tone
synthesis by the modulation method is performed using,
as the modulation signal Wy, the modulated waveform
output ey of its own tone generation channel of the
immediately preceding sampling period during the decay
interval D and the sustain interval S. |

In addition to the above case, in a given tone
generation channel, it is easy to set so that tone
synthesis by the PCM method is performed during the
attack interval and the release interval, and tone
synthesis by the modulation method is performed during
the decay interval and the sustain interval.:

Figs. 24A to 24E show the relationships between
control states of the selector control signals Sg, Si,
and Sz, and tone synthesis methods realized by the
circuit shown in Fig. 17 in accordance with the control
states.

As shown in Fig. 244, when the signal Sg is set to
cause the selectors 505 and 510 to always select their
terminals A, the signal S; is indefinite, and the signal
So is set to cause the selector 512 to always select the
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~envelope signal E input to its terminal A, fone synthe-

sis by the PCM method is performed.

As shown in Fig. 24B, when the signal Sgp is set to
cause the selectors 505 and 510 to select their termi-
nals A in even-numbered tone generation channels and to
select their terminals B in odd-numbered tone generation
channels, the signal S; is set to cause the selector 508
to always select the delay output D input to its termi-
nal A, and the signal Sz is set to cause the selector
512 to always select the envelope signal E input to the
terminal A, tone synthesis by the modulation method
using the PCM waveform output ep (delay output D-1) of
the immediately preceding sampling period of an adjacent
tone generation channel as the modulation signal Wy is
performed. In this case, the PCM waveform ep is a func-
tional waveform such as a sine wave, a sawtooth wave,

a rectangular wave, or the like. The PCM waveform out-
put ep is controlled not to be output from the accumula-
tor 516 shown in Fig. 17 (this operation will be
described later). _

As shown in Fig. 24C, when the signal Sg is set to
cause the selectors 505 and 510 to always select their
terminals B, the signal S; is set to cause the selector
508 to always select the delay output D input to its
terminal B, and the signal Sy is set to cause the selec-
tor 512 to always select the envelope signal E input to
its terminal A, tone synthesis by the modulation method
using the modulated waveform output ey (delay output D)
of the immediately preceding sampling period of its own
tone generation channel as the modulation signal Wy is
performed.

As shown in Fig. 24D, when the signal Sgp is set to
cause the selectors 505 and 510 to select their termi-
nals A in even-numbered tone generation channels and to
select their terminals B in odd-numbered tone generation
channels, the signal S; is fixed to select the terminal
A, and the signal S2 is set to cause the selector 512 to
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always select the delay output D-1 -input to its terminal
B, tone synthesis by a ring modulation method using the
PCM waveform output ep (delay output D-1) of the immedi-
ately preceding sampling period of an adjacent tone
generation channel as an envelope is performed. In this
case, the PCM waveform output ep is controlled not to be
output from the accumulator 516 shown in Fig. 17 like in
Fig. 24B.

As shown in Fig. 24E, when the signal Sp is set to
cause the selectors 505 and 510 to select their termi-
nals A in even-numbered tone generation channels and to
select their terminals B in odd-numbered tone generation
channels, the signal S; is set ‘to cause the selectdr 508
to always'select the delay output D input to its termi-
nal B, and the signal S5 is set to cause the selector
512 to always select the delay output D-1 input to its
terminal B, tone synthesis by a ring modulation method
using the PCM waveform output ep (delay output D-1) of
the immediately preceding sampling period of an adjacent
tone generation channel as an envelope, and using the
modulated waveform output ey (delay output D) of the
immediately preceding sampling period of its own tone
generation channel as the modulation signal Wy is
performed. 1In this case, the PCM waveform output ep is
controlled not to be output from the accumulator 516
shown in Fig. 17.

As described above, in this embodiment, various
tone synthesis methods can be desirably mixed in units
of tone generation channels.

. Figs. 25A and 25B show the arrangement of the accu-
mulator 516 shown in Fig. 17. Fig. 25A shows a circuit
portion for distributing a tone waveform obtained as the
delay output D in Fig; 17 to the left and right channels
L and R. Fig. 25B shows a decoder circuit for generat-
ing a selector control signal SW0 for ON/OFF—Controlling
a selector 1301 shown in Fig. 25A.

In an operation of the accumulator 516 shown in
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' Fig. 257, each time-divisional interval (tone generation

timing interval of each tone generation channel) is
divided into a left-channel pfocessing interval in the
first half, and a right-channel processing interval in
the second half, as will be described later, and an
accumulation operation is performed by an ADD 1302, and
two series latches 1303 and 1304 for each of the left
and right channels. |

More specifically, the delay output D for each tone
generation channel supplied during each time-divisional
interval is accumulated on a left-channel accumulated
value output from the latch 1303 by the ADD 1302 when
the selector 1301 is turned on during the left channel
processing interval in the time-divisional interval.
On the other hand, when the selector 1301 is turned on
during a right-channel processing interval in the time-
divisional interval, the output D is accumulated on a
right-channel accumulated value output from the latch
1303 by the ADD 1302. When the selector 1301 is turned
on during the entire time-divisional interval, the out-
put D is accumulated on the left- and right-channel
accumulated values successively output from the latch
1303 by the ADD 1302, respectively. Furthermore, when
the selector 1301 is not turned on;during the time- -
divisional interval, the delay output D of the corre-
sponding tone generation channel is not input to the
accumulator 516 shown in Fig. 17, and is used as only
the modulation signal Wy via the terminal B of the
selector 508, as described above.

The left-channel accumulated value is added to
the delay output D of the 31st tone generation channel
during the left-channel processing interval in the time-
divisional interval for the last 32nd tone generation
channel during each sampling period, and the sum is
latched by a left-channel output latch 1305. The
latched value is then output as the left-channel output

L. The right-channel accumulated value is added to the
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delay output D of the 31st tone generation channel
during the right-channel processing interval in the
time-divisional interval for the last 32nd tone genera-
tion channel, and the sum is latched by a right-channel
output latch 1306. The latched value is then output as
the right-channel output R.

The latches 1303 and 1304 shown in Fig. 25A are
operated in response to clocks ¢g1 and ¢g2 from the
controller 501 shown in Fig. 17, and the left- and
right-channel output latches 1305 and 1306 are operated
in response to clocks ¢5, and ¢r from the controller
501. '

The selector 1301 shown in Fig. 25A is
ON/OFF-controlled in accordance with the selector -
control signal SWO from the decoder unit shown in
Fig. 25B.

In Fig. 25B, control data PAN from the controller
501 shown in Fig. 17 consists of 1-bit pan control
data PANO and 1-bit pan control data PAN1l, and a
predetermined pair of data are set for each of 32
time-divisional intervals corresponding to the 32 tone
generation channels. An AND gate 1310 receives signals
obtained by respectively inverting the pan control data
PANO and PAN1l, and a clock CT by inverters 1307, 1308,
and 1309. An AND gate 1311 receives the pan control
data PANO and the clock CT, and a signal obtained by
inverting the pan control data PAN1 by the inverter
1308. Furthermore, an AND gate 1312 receives a signal
obtained by inverting the pan control data PANO by the
inverter 1307, and the pan control data PAN1. The
outputs from the AND gates 1310, 1311, and 1312 are
input to an OR gate 1313, and the selector control
signal SWO can be obtained as the output from the OR
gate 1313.

Assuming that the ﬁelay output D of a given tone
generation channel is to be output as the left-channel
output L, PANO = 0 and PAN1 = 0 are set in the
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time-divisional interval corresponding to the given tone
generation channel. Thus, during the first-half
left-channel processing interval in which the clock CT
in the time-divisional interval goes to Low level, the
output from the AND gate 1310 goes to High level, and
the selector control signal SW0 as the output from the
OR gate 1313 goes to High level. Thus, during the
left-channel processing interval in the time-divisional
interval, the selector 1301 shown in Fig. 25A is turned
on. |
Assuming that the delay output D of a given tone
generation channel is to be output as the right-channel
output R, PANO = 1 and PANl = 0 are set in the time-
divisional interval'corresponding to the given tone

. generation channel. Thus, during the second-half

right-channel processing interval in which the clock CT
in the time-divisional interval goes to High level, the
output from the AND gate 1311 goes to High level, and
the selector control signal SW0 as the output from the
OR gate 1313 goes to High level. Thus, during the
right-channel processing interval in the time-divisional
interval, the selector 1301 shown in Fig. 25A is turned
on. -

Assuming that the delay output D of a given tone
generation channel is to be output as both the left- and

'right-channel outputs L. and R, PANO = 0 and PANl = 1 are

set during the time-divisional interval corresponding to
the given tone generation channel. Thus, the output
from the AND gate 1312 goes to High level during the
entire time-divisional interval regardless of the state
of the clock CT, and the selector control signal SW0 as
the output from the OR gate 1313 goes to High level.
Thus, the selector 1301:shown in Fig. 25A is turned on
during the entire time-~divisional interval.

Assuming that the delay output D of a given tone
generation channel is used as only the modulation signal
WM via the terminal B of the selector 508 without being
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input to the accumulator 516 shown in Fig. 17, PANO = 1

and PANl1 = 1 are set during the time-divisional interval

corresponding to the given tone generation channel.
Thus, during this time-divisional interval, none of the
AND gates 1310, 1311, and 1312 are enabled, and the
selector control signal SWO0 is kept at Low level.
Therefore, the selector 1301 shown in Fig. 25A is not

‘turned on during this time-divisional interval.

The operation of the accumulator 516 having the
arrangement shown in Figs. 25A and 25B will be described
below with reference to the operation timing chart shown
in Figs. 26A to 26K.

In Figs. 26A to 26K, during time-divisional inter-
vals corresponding to the 30th and 31st tone generation
channels (Fig. 26F), PANO = 0 and PAN1l = 0 (Figs. 26G
and 26H). For this reason, during the left-channel
processing interval in which the clock CT (Fig. 26A)
goes to Low level, the selector control signal SWO
(Fig. 26I) goes to High level, and the selector 1301 is
turned on. At a timing of the ieading edge of the
clock ¢s1 (Fig. 26B) in this interval, the ADD 1302 adds
the delay output D to the left-channel accumulated value
output from the latch 1303. The sum is latched by the
latch 1304 at a timing of the leading edge of the clock
¢s2 (Fig. 26C). '

On the other hand, since PANO = 1 and PANl = 0 dur-
ing the time-divisional interval corresponding to the
0th tone generation channel, the selector control signal
SW0 goes to High level during the right-channel process-
ing interval in which the clock CT goes to High level,
and the selector 1301 is enabled. At a timing of the
leading edge of the clock ¢g1 in this interval, the ADD
1302 adds the delay output D to the right-channel accu-
mulated value output from the latch 1303, and the sum is
latched by the latch 1304 at a timing of the leading
edge of the clock ¢g32. |

During the time-divisional interval corresponding
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to the 1st tone generation channel, since PANO = 0 and
PAN1 = 1, the selector control signal SWO goes to High
level during both the left- and right-channel processing
intervals regardless of the state of the clock CT, and
the selector 1301 is turned on. The ADD 1302 adds the
delay output D to the left-channel accumulated value
output from the latch 1303 at a timing of the leading
edge of the clock ¢g1 during the left-channel processing °
interval, and the sum is latched by the latch 1304 at

a timing of the leading edge of the clock ¢s2. '
Subsequently, the ADD 1302 adds the delay output D to
the fight—channel accumulated value output from the
latch 1303 at a timing of the leading edge of the clock
¢s1 during the right-channel processing interval, and
the sum is latched by the latch 1304 at a timing of the
leading edge of the clock ¢g2.

_ Furthermore, during the time-divisional interval
corresponding to the 2nd tone generation channel,

since PANO = 1 and PAN1 = 1, the selector control

signal SWO0 goes to Low level during the entire interval,
and the selector 1301 is kept OFF. Thus, the delay
output D is used as only the modulation signal Wy

(Fig. 17).

During the left-channel processing interval in
which the clock CT goes to Low level during the time-
divisional interval corresponding to the 31st tone
generation channel during a sampling period Tp-1, the
ADD 1302 adds the delay output D input from the selec-
tor 1301 to the left-channel accumulated value output
from the latch 1303 at a timing of the leading edge of
the clock és1 during this interval, and the sum is
latched by the left-channel output latch 1305 at a
timing of the leading edge of the clock ¢r, (Fig. 26D).
The latched sum is then output as the left-channel
output L(Tn-1). This output value is held in the left-
channel output latch 1305 during one sampling period,
and is converted into an analog tone signal by the D/A
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converter 519 (L) and the LPF 520 (L) shown in Fig. 17.
The analog tone signal is amplified by the amplifier 521
(L), and the amplified signal 1s then produced as a tone
from the loudspeaker 522 (L).

Similarly, during the right-channel processing
interval in which the clock CT goes to High level in the
time-divisional interval corresponding to the 31st
tone generation channel during the sampling period Tp-3,
the ‘latch 1303 outputs the right-channel accumulated
value at a timing of the leading edge of the clock ¢g3
during this interval. The accumulated value passes ,
through the ADD 1302 at a timing of the leading edge of
the clock ¢r (Fig. 26E; no addition is performed at this
timing in this case), and is latched by the right-
channel output latch 1306. The latched value is then
output as the right-channel output R (Tp-31). This out-
put value is held in the right-channel output latch 1306
during one sampling period, and is converted into
an analog tone signal by the D/A converter 519 (R) and
the LPF 520 (R) shown in Fig. 17. Thereafter, the ana-
log tone signal is amplified by the amplifier 521 (R),
and the amplified signal is then produced as a tone from
the loudspeaker 522 (R).

The above-mentioned output operations are similarly
performed in other sampling periods Tp and Tp+i.

In the second embodiment described above, the wave-
form ROM 506 shown in Fig. 17 stores oniy one carrier
signal We having characteristics shown in Fig. 14, as
shown in Fig. 19, and the triangular wave decoder 509
shown in Fig. 17 comprises a hardware arrangement shown
in Fig. 18. However, the present invention is not lim-
ited to these. For example, the waveform ROM 506 may
store waveforms in the right columns in Figs. 16A to 16D
as carrier signals Wc, and ROMs for storing waveforms in
the left columns in Figs. 16A to 16D may be arranged in
place of the triangular wave decoder 509 to be selec-
tively operated.
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The third embodiment of the present invention will
be described below.

This embodiment exemplifies a tone waveform genera-
tion apparatus using a combination of tone waveform
géneration methods, i.e., a PCM method and a modulation
method, and in particular, a method different from the
conventional FM method is used as the modulation method.
Prior to a description of the detailed arrangement of
this embodiment, a tone waveform generation method based
on the modulation method used in this embodiment will be
described below.

Fig. 27 shows an arrangement of a tone waveform
generation apparatus based on the modulation method as
the ﬁrinciple of this embodiment.

In FPig. 27, a carrier wave ROM 601, an ADD 602, a
decoder 603, and an MUL 604 are the same as the carrier
wave ROM 101, the ADD 102, the decoder 103, and the
MUL 104 in Fig. 13, and a detailed description thereof
will be omitted.

In Fig. 27, a modulation wave ROM 605 and a multi-
plier (MUL) 606 are arranged. A modulation wave phase
angle omt whose value changes within a range of 0 to 2n
[rad] is used as an address for the modulation wave ROM
605. A modulation signal read out from the ROM 605
using the address is multiplied with a modulation index
I(t) [rad] which can be changed over time by the MUL
606, thus obtaining a modulation signal Wym. The modula-
tion wave phase angle wmt is obtained by multiplying an
angular velocity oy with a time to [sec].

The modulation wave ROM 605 stores a normal sine
function waveform. Therefore, the relationship between
the modulation wave phase angle wopt and the modulation

signal Wy [rad] is given by:

Wy = I(t) sinopt ... (25)

A carrier signal Wg and the modulation signal Wy
calculated by equations (14) and (25) are added to each
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other, and the sum signal is input to the decoder 603.
The decoder 603 outputs a decode output DD. A waveform
output e obtained by multiplying the decode output DD
with an amplitude coefficient A by the MUL 604 is given
by: ' '

e = A-TRI{(n/2) sinect + I(t) sinwpt}
(0 £ act £ n/2)
e = A-TRI{m - (n/2) sinwct + I(t) sinept}
(/2 < act < 3n/2)
e = A-TRI{2m + (n/2) sinect + I(t) sinopt)}

(3n/2 < act £ 2m) .o (26)

where TRI(x) is defined as a triangular wave function.

When the modulation index I(t) is 0, i.e., when no
modulation is performed, an input waveform to the
decoder 603 is the carrier signal W¢ itself defined by
one of equations (14), and is expressed by equation
(16). :

Note that the relationship between the carrier Wc
and the carrier wave phase angle wct is represented by
equations (14) and Fig. 14, and a function FA in
Fig. 15. .

The characteristics of the decoder 603 (D = TRI(x)
where x is the input) are also expressed by equations
(17) and a function FB in Fig. 15.

As can be understood from equations (14), (16), and
(17), when no modulation is performed, a single sine
wave A-sinwct including no harmonic components of high
orders at all in any region of the carrier wave phase
angle wct is output. More specifically, when the ampli-
tude coefficient A = 1, the relationship between the
carrier wave phase angle wct and the waveform output e
in a non-modulation mode is expressed by a single sine
wave.

As can be understood from the above-mentioned
relationships, in order to realize a process for
decaying a tone to only a single sine wave component, or
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generatidn of a tone consisting of only a'single sine
wave component, the value of the modulation index I(t)
in equations (26) can be made to approach 0 with an
elapse of time. _

a change in waveform output e when the value of the
modulation index I(t) is increased will be described
below. When the value of the modulation index I(t) is
gradually increased from 0, a ratio of the modulation
signal Wy included in the sum waveform We + Wy output
from the ADD 602 in Fig. 27 is increased. Therefore,
the waveform output e is gradually distorted on the time '
base, and is changed to include mahy harmonic components
of high orders on the frequency axis. Thus, harmonic
components of high orders at frequencies 10 times the
pitch frequency appear. In addition, power of harmonic
components of low orders can be complicatedly changed in
accordance with a change in I(t). In the first prior
art of the FM method based on equation (1) described in
the prior art, it is difficult to generate a harmonic
component of a high order at a frequency 11 times the
pitch frequency or more. However, in this embodiment, a
harmonic component of a high order about at a frequency
about 30 times the pitch frequency can be generated.

According to the above-mentioned fact, in the tone
waveform generation apparatus shown in Fig. 27, when the
value of the modulation index I(t) is changed ‘between
about 0 to 2w [rad], a process for decaying a tone to
only a single sine wave component or generation of a
tone consisting of only a single sine wave component can
be realized. In addition, a tone clearly including up
to harmonic components of high orders as frequency com-
ponents can be easily. generated. 1In particular, when a
tone having a low pitch is to be synthesized, i.e., when
a tone which has a low fundamental frequency (pitch
frequency) and includes many harmonic components of high
orders within an audio frequency range is to be
synthesized, the tone waveform generation apparatus of
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this embodiment is effective. As a typical example, a
decay tone for several tens of seconds obtained when a
bass key of a piano is strongly depressed includes har-
monic components of high orders exceeding that of the
30th order. Wwhen such a tone is synthesized, the tone
waveform generation apparatus of this embodiment is very
effective. -

The present invention is not limited to this
embodiment. For example, when the characteristics of
the decoder 603 and functions stored in the carrier wave
ROM 601 are selected so that the decode output DD of the
decoder 603 becomes a sine wave, the same effect as
described above can be obtained. Combinations of the
characteristics of the decoder 603 and the functions
stored in the carrier wave ROM 601 are the same as those
shown in Figs. 16A to 16D. In Figs. 16A to 16D, a func-
tion for defining the relationship between the carrier
wave phase angle wct and the carrier signal We is stored
in the carrier wave ROM 601, and the decoder 603 con-
verts the input x in accordance with a function for
defining the relationship between the input x and the
decode output DD. Thus, when the.value of the modula-
tion index I(t) in the MUL 606 in Fig. 27 is set to be
0, the carrier signal Wc output from the carrier wave
ROM 601 is input to the decoder 603, so that a single
sine wave can be output as the output e. When the value
of the modulation index I(t) is set to be other than 0,

the waveform output e including many harmonic components

of high orders can be obtained.

For example, PCM tone waveforms or waveforms
including harmonic components of high orders such as
sawtooth waves, rectangular waves, and the like are
stored in the modulation wave ROM 605, and are input to
the decoder 603, so that tone waveforms including more
harmonic components of high orders can be synthesized.
An embodiment associated with these techniques will be
described later.
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Fig. 28 is a block diagram showing the overall
arrangement of an electronic keyboard instrument
according to the third embodiment. In this embodiment,
since a PCM tone signal generation circuit is addition-
ally used to have the arrangement of the tone waveform
generation apparatus slown in Fig. 27 as a fundamental
arrangement, the following description will be made with
reference to Fig. 27, and the like.

A controller 701 generates and outputs carrier
data CF, modulator data MF, pitch data (to be referred
to as PCM pitch data hereinafter) PD for determining an
incremental width corresponding to a pitch of a
depressed key when an address of a PCM signal generation
circuit 712 is read out, and envelope data ED and FA (to
be described in detail later) in accordance with setup
states of a parameter setup unit (not shown), and key
code data KC and velocity data VL input from a keyboard
unit 717. '

Adders 702, 704, and 711 receive their outputs at
their augend terminals B, and respectively receive the
carrier data CF, the modulator data MF, and the PCM
pitch data PD at their addend terminals A. Thus, the
adder 702 outputs carrier phase angle data wct0 to wctlO
(11 bits) which are sequentially increased by the value
of the input data. The adder 704 outpufs mocdulation
phase angle data omt0 to eoqtl0 (11 bits). The adder 711

- generates an address signal for reading the PCM signal

generation circuit 712. The carrier data CF and the

PCM pitch data PD are determined to have values
corresponding to, e.g., key code data KC from the key-
board unit 717. The modulator data MF is determined to
have a ratio set by a player in correspondence with,
e.g., the carrier data CF. Thus, a tone waveform having
a pitch corresponding to a key operated on the keyboard
unit 717 is.generated. Note that the carrier phase
angle data wct0 to wctl0, and the modulation phase angle
data omt0 to wmtl0 respectively correspond to the
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carrier phase angle wct and the modulation phase angle
omt Shown in Fig. 27. The carrier data CF corresponds
to the angular velocity wc of the carrier phase angle
wct., and the modulator data MF corresponds to the angu-
lar velocity om of the modulation phase angle wpt.

The carrier phase angle data wct0 to wctl0, and the
modulation phase angle data opt0 to omtl0 are respec-
tively input, as address signals, to a carrier signal
generation circuit 703 and a modulation signal generation
circuit 705. Note that the carrier signal generation
circuit 703 and the modulation signal generation
circuit 705 correspond to the carrier wave ROM 601
and the modulation wave ROM. 605 shown in Fig. 27,
respectively.

on the other hand, an envelope generator 706 out-
puts 11-bit modulation index data Ej, 10-bit amplitude
coefficient data E3, and amplitude coefficient data Ej3
(for 0 < E3 < 1) for providing an amplitude envelope
to a PCM tone signal read out from the PCM signal
generation circuit 712 on the basis of address data FA

“and setup data ED from the controller 701. Note that E;

and E2 respectively correspond to the modulation index
I(t) and the amplitude coefficient A shown in Fig. 27,
and can change over time on the basis of key code data
KC and velocity data VL from the keyboard unit 717.

The modulation index data E; has a value equal to
or smaller than 1. A multiplier 707 multiplies the out-
puts from the modulation signal generation circuit 705
input to its terminal A with the modulation index data
Ej input at its terminal B, and outputs modulation sig-
nal data WMO0 to WM10 (11 bits). The multiplier 707 and
the modulation signal data Wm0 to Wml0 correspond to the
MUL 606 and the modulation signal Wy shown in Fig. 27,
respectively. :

Carrier signal data Wc0 to Wel0 and the modulation
signal data wy0 to Wm10 output from the carrier signal
generation circuit 703 and the multiplier 707 are
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respectively input to terminals A and B of an adder 708.
The adder 708 adds input data, and outputs data 00 to
010 (11 bits). Note that the adder 708 and the data 00
to 010 correspond to the ADD 602 and the sum waveform
Wc + WM in Fig. 27, respectively..

The data 00 to 010 are input to a triangular wave
decoder 709. The triangular wave decoder 709 outputs
decode output data MAO to MA9 (10 bits). The triangular
wave decoder 709 and decode output data MAO to MAS
correspond to the decoder 603 and the decode output DD
shown in Fig. 27, respectively. The detailed arrange-
ment of the triangular wave decoder 709 is the same as
that shown in Fig. 18.

The decode output data MAO to MA9 are input to a
terminal A of a multiplier 710, and are multiplied with
the 10-bit amplitude coefficient data E2 input to a
terminal B. Thus, an amplitude-modulated tone signal
(to be referred to as a modulated tone signal
hereinafter) ey is output from the multiplier 710. Note
that the amplitude coefficient data Ez has a value equal
to or smaller than 1.

The output ey from the multiplier 710 is input to
a terminal A of an adder 714.

A PCM tone signal read out from the PCM signal
generation circuit 712 is input to a terminal A of
a multiplier 713, and is multiplied with the above-
mentioned amplitude coefficient data E3 input to
a terminal B. Thus, the PCM tone signal is
amplitude-modulated. Thereafter, a PCM tone signal
ep as an output from the multiplier 713 is input to a
terminal B of the adder 714, and is added to the modu-
lated tone signal ey' as an output from the multiplier'
710, input to a terminal A.

A digital tone signal generated in this manner is
converted into an analog tone signal via a D/A converter
715 and a low-pass filter 716, and the analog tone
signal is then produced as a sound from a sound system
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(not shown).

with the above arrangement, when carrier data
CF, modulator data MF, PCM pitch data PD, and envelope
data ED output from the controller 701 in correspondence

- with a performance operation by a player are controlled,

the player can cause the apparatus to output a tone:
whose pitch, tone volume, tone color, and the like are
controlled on the basis of his or her performance
operation, and to produce it as a sound.

Fig. 29 shows an arrangement of the carrier signal
generation circuit 703 shown in Fig. 28.

" The first input terminals of Oth to 9th exclusive
OR gates (to be referred to as EORs hereinafter) 802
receive the carrier phase angle MSB wctl0 from the adder
702 (Fig. 28), and their second terminals receive oth to
9th carrier phase angle bits wct0 to wctS.

Outputs A0 to A9 from the 0th to 9th EORs 802 are
input to a carrier wave ROM 801 as an address signal.
Outputs DO to D9 from the carrier wave ROM 801 are input
to the first input terminals of 0th to 9th EORs 803.

The second input terminals of the 0th to 9th EORs 803
receive the carrier phase angle MSB &ctlO0.

The outputs from the Oth to 9th EORs 803 and
the carrier phase angle MSB wctl0 are output to the
adder 708 (Fig. 28) as the carrier signal data W0 to
Welo. _

The operation of the circuit shown in Fig. 29 will
be described below with reference to the charts shown in
Figs. 30A to 30F. _

The carrier wave ROM 801 shown in Fig. 29 stores a
waveform corresponding to a 1/2 period (0 to w [rad]) of
the carrier signal Wc described above with reference to
Fig. 14 or equation (14). More specifically, from equa-
tion (14), if a value determined by the outputs DO to D9
from the carrier wave ROM 801 (Fig. 29) is represented
by Y1, the ROM 801 stores:
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Yl
Yl

(n/2) sinact (0 < wct £ M/2)
T - (n/2) sinact (n/2 < wct £ 1)

cee (27)
Note that the carrier phase angle wct is the value
determined by wct0 to wctS.

On the other hand, lower 10 bits wct0 to wct9 the
carrier phase angle data wct0 to wctlO output from the
adder 702 shown in Fig. 28 can designate a phase angle
within a range of 0 to n [rad] while the MSB wctl0 is at
logic "0o". Furthermore, the lower 10 bits wct0 to wct9
can designate a phase angle within a range of 7w to 2w
[rad] while the MSB «ctl0 is at logic "1". |

Therefore, if a time requifed for changing a value
designated by the carrier phase angle data act0 to wctl0
in the adder 702 (Fig. 28) from 0 to 2m is represented
by T, the carrier phase angle MSB wctl0O goes to logic
0" during a time interval between 0 and T/2, as shown
in Fig. 30B, and a value indicated by the lower 10 car-
rier phase angle bits wct0 to @ct9 is changed from 0 to
1, as shown in Fig. 30A. Since the first input termi-
nals of the Oth to 9th EORs 802 receive the carrier
phase angle MSB wctl0 at logic "0", when the value indi-
cated by the lower 10 carrier phase angle bits wct0 to

- wct9 is sequentially increased during the time interval

between 0 and T/2, address signal data A0 to A9 which
are sequentially increased in the same relationship as
described above can be obtained, as shown in Fig. 30C.
Thus, a waveform within a ' range of 0 to n [rad] on the
basis of equations (27) is sequentially read out from
the carrier wave ROM 801 (Fig. 29), as shown in

Fig. 30D. The readout waveform is input to the first
terminals of the Oth to 9th EORs 803. The second input
terminals of the EORs 803 receive the carrier phase
angle MSB wctl0 at logic "0". For this reason, the
lower 10 carrier signal bits Wc0 to W9 of the outputs
from the EORs become the same as the outputs DO to D9
(Fig. 30D), as shown in Fig. 30E. Since the carrier
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signal MSB wcl0 is equal to the carrier phase angle MSB
wctl0, and is at logic "0", the same waveform as the
outputs DO to DS shown in Fig. 30D is output as the car-
rier signal data We0 to Wcl0, as in the time interval
between 0 and T/2 shown in Fig. 30F.

During a time interval between T/2 and T, the
carrier phase angle MSB wctl0 is at logic "1", as shown
in Fig. 30B, and a value indicated by the lower 10 car-
rier phase angle bits wct0 to m¢t9 is changed from 0 to
n, as shown in Fig. 30A. At this time, since the first
input terminals of the 0th to 9th EORs 802 receive the

,carrier'phase angle MSB wctl0 at logic "1%, when a value

indicated by the lower 10 carrier phase angle bits wct0
to wct9 is sequentially increased during the time inter-
val between T/2 and T, address signal data A0 to A9
which are sequentially decreased in an opposite rela-
tionship thereto are obtained, as shown in Fig. 30C.
Thus, a waveform within a range of 0 to n [rad] on the
basis of equations (27) is read out from the carrier
wave ROM 801 (Fig. 29) in a reverse direction, as shown
in Fig. 30D. This waveform is input to the first input
terminals of the Oth to 9th EORs 803. Since the carrier
phase angle MSB Wcl0 at logic "1" is input to the second
input terminals of the EORs 803, lower 10 carrier signal
bits Wc0 to Wc9 as the outputs from the EORs definé a
waveform having an inverted increase/decrease relation-
ship with respect to that of the outputs DO to D9
(Fig. 30D), as shown in Fig. 30E. Since the carrier
signal MSB Wcl0 is equal to the carrier phase angle MSB
wctl0, and is at logic "1" an offset value of a value =
[rad] which can be designated by the lower 10 carrier
phase angle bits @ct0 to wct9 is superposed on the out-
puts DO to D9. As a result, carrier signal data Wc0 to
Wel0 representing a waveform in the time interval
between T/2 to T shown in Fig. 30F is output.

As can be seen from the above-mentioned operations,
the same waveform as the carrier signal Wc described
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above with reference to Fig. 14 or equation (14) can be
output within a range of time 0 to time T. 1In this
case, since the carrier wave ROM 801 (Fig. 29) need only
store data corresponding to a 1/2 period of a waveform
for one period shown in Fig. 14, a memory capacity can

"be halved as compared to a case wherein a waveform for

one period is simply stored.

A géneral operation of the envelope generator 706
shown in Fig. 28 will be described below. The arrange-
ment of the envelope generator 706 is substantially the
same as an envelope generator circuit used in a conven-
tional electronic musical instrument, except that it can
output envelope waveform data for three channels. When
parameters from the controller 701 are set in the enve-
lope génerator 706, the following operations are
performed.

Fig. 31 shows examples of the modulation index data

- By, or the amplitude coefficient data E2 and E3 output

from the envelope generator 706. Note that the data E;,
E2, and E3 are independently controlled. 1In Fig. 31, ON
designates a timing at the beginning of an ON event of a-
given key on the keyboard unit 717 (Fig. 28), and OFF

designates a timing of an OFF event. A level value

indicates the modulation index data Ej or the amplitude
coefficient data E; and E3, and is changed over time.
The level value reaches an initial level IL in an attack
time AT from the ON event, and is then decreased to a
sustain level SL in a decay time DT from the initial
level IL. The level value maintains the sustain level
SL until the OFF event. After the OFF event, the level
value is decreased to 0 in a release time RT. _
When the controller 701 (Fig. 28) sets address data
FA at an address input terminal A of the envelope gener-
ator 706, and supplies setup data ED to a data input
terminal D of the envelope generator 706, characteris-
tics of the modulation index data Ej; and the amplitude
coefficient data Ez and E3 can be set in the envelope
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generator 706 shown in Fig. 28. Fig. 32 shows the rela-
tionship between an address value supplied to the
address input terminal A and types of data supplied to
the data input terminal D. In this manner, the values
shown in Fig. 32 are supplied to the address input ter-
minal A for each of the data Ej, E2, and E3, and at the
same time, and the data of types shown in Fig. 32 are
supplied to the data input terminal D as the setup data
D, thus setting the envelope generator.

An operation executed when a player actually
dperates the keyboard unit 717 to make a performance
in the embodiment shown in Fig. 28 will be described

. below.

The controller 701 monitors the depression and’
release of a key on the keyboard unit 717. When the
depression of a given key is detected, key code data KC
indicating a pitch of the key output from the keyboard
unit 717 is added to a bender value, a transpose value,
and the like (not shown) to calculate carrier data CF.
The "bender" value is a controller for allowing a player
to arbitrary change a pitch of a tone in generation dur-
ing a performance. The "transpose" value is setup data
for performing transposition or changing a pitch in
units of octaves on the keyboard unit 717.

The controller 701@outputs the above-mentioned car-
rier data CF to the adder 702. :The adder 702 outputs
the carrier phase angle data wct0 to wctl0 according to
the depressed key to the carrier signal generation cir-
cuit 703. The circuit 703 outputs the carrier signal
data Wc0 to WeloO.

At the same time with the above-mentioned
operations, the controller 701 adds the carrier data CF
to data set by the player in advance (e.g., attack time
data AT, initial level data IL, and the like shown in
Fig. 32) to calculate modulator data MF. The controller
701 then outputs the modulator data MF determined as
described above to the adder 704.
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The modulation phase angle data omt0 to omtl0 hav-
ing a predetermined relationship with the carrier phase
angle data wct0 to wctlo'output from the adder 702 are
output to the modulation signal generation circuit 705.
The circuit 705 outputs modulation signal data Wm0 to
WM10. '

The controller 701 then calculates PCM pitch data
PD for the PCM signal generation circuit 712 on the
basis of the key code data KC of the depressed key in
the same manner as.the carrier data CF, and outputs it
to the adder 711. -

Thus, the adder 711 outputs an address signal for
reading out a PCM tone signal from the PCM signal gener-
ation circuit 712 in accordance with the depressed key.

Simultaneously with the above-mentioned operations,
the controller 701 executes processing for determining
characteristics of modulation index data E; output from
the envelope generator 706 (Fig. 28). The controller
701 obtains velocity data VL of the depressed key from
the keyboard unit 717. Note that this data has a value
between 0 to 1. The controller 701 sets an attack.
time AT, a decay time DT, and a release time RT of the
modulation index data Ej (see Fig. 31) in the envelope
generator 706 (Fig. 28) as tone color data. This set-
ting operation is attained in such a manner that the
controller 701 supplies the address data to the address
input terminal A of the envelope generator 706, and out-
puts setup values to the data input terminal D, as shown
in Fig. 32. The controller 701 then multiplies the ini-
tial level value IL of the modulation index data E; with
the value of the velocity data VL to correct the initial
level data IL, and sets the corrected data in the enve-
lope generator 706. Furthermore, the controller 701
multiplies the sustain level value of the modulation
index data Ej; with the value of the velocity data VL to
correct the sustain level data SL, and sets the cor- |
rected data in the envelope generator 706. ‘With the
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above-mentioned processing, the output characteristics

- of the modulation index data E; are determined.

Furthermore, the controller 701 executes processing
for determining characteristics of the amplitude coeffi-
cient data Ez output from the envelope generator 706.
More specifically, the controller 701 sets an attack
time, an initial level IL, a decay time DT, a sustain
level SL, and a release time RT (see Fig. 31) for the
amplitude coefficient data Ez in the envelope generator
706 (Fig. 28) as tone vqlume data. This setting opera-

"tion can be performed in the same manner as the modula-

tion index data Ej. _

The controller 701 executes processing for
determining characteristics of the amplitude coefficient
data E3 output from the envelope generator 706. This |
setting operation can be performed in the same manner as
the modulation index data E; or the amplitude coeffi-
cient data Ej. :

ON processing for generating a tone is then
performed. More specifically, the controller 701 issues

‘commands for enabling the modulation index data E; and

the amplitude coefficient data Ez and E3 to the envelope
generator 706. This processing is executed in such a
manner that the controller 701 sequentially outputs
values 0 and 7, and E (hexadecimal notation) as address
data FA, and also outputs proper command data as setup
data ED every time the address data is output, as shown
in Fig. 31.

With the above-mentioned processing, the envelope
generator 706 (Fig. 28) begins to output the modulation
index data Ej, and the amplitude coefficient data E5 and
E3, and the circuits shown in Fig. 28 are operated to
generate a tone waveform, as has already been described
above.

In this case, the characteristics of the modulation
index data E; are changed, as shown in Fig. 33, in
accordance with the value of the velocity data VL from
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the keyboard unit 717. Thus, a mixing ratio of the
modulation signal data Wm0 to WMl0 as outputs from the
multiplier 707 in the carrier signal data Wc0 to Welo0
from the carrier signal generation circuit 703 by the
adder 708 is changed over time in accordance with the
value of the velocity data VL. In this manner, a tone
color, or the like of a tone can be changed in accor-
dance with a performance state on the keyboard unit 717.
A tone characterized by a breath tone in an attack
time like in, e.g., brass instruments (trumpets,
sakophones, horns, and the'like) is reproduced as
follows. 1In a brass. instrument, the"amplitude of a
harmonic component tends to be slowly decreased from a
harmonic component of a low order to a harmonic compo-
nent of a high order, and a harmonic string is almost
linear. For this reason, the modulation signal genera-
tion circuit 705 (Fig. 28) is caused to generate a
waveform such as a sawtooth wave which equally includes
harmonic components of respective orders. Thus, when
the modulation index data E; is 0, the modulated tone
signal ey becomes a sine wave, and when the value of the
data Ej} is increased, the number of harmonic components
included in the modulated tone signal ey can be
increased. 1In addition, this effect can be controlled
according to velocity data which is output in accordance
with a depressed key speed at the keyboard unit 717.
Meanwhile, the PCM signal generation circuit 712
(Fig. 28) samples only a tone in an attack time unique
to a brass instrument. In addition to the above-
mentioned setting operations, data are set in the
envelope generator 706 so that the amplitude coefficient
data E2 and E3 can have characteristics shown in, e.g.,
Fig. 34A. The adder 714 can mix the modulated tone
signal eyM and the PCM tone signal ep in accordance with
the characteristics shown in Fig. 34A, so that the PCM
tone signal ep is output for an attack portion of a
tone, and the modulated tone signal ey is output for
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a sustain portion and the subsequent portions. 1In this
manner, a real tone which has an attack tone unique to
a brass instrument and whose tone color is changed in
a sustain portion according to a performance strength
can be reproduced. '

In, e.g., a harpsichord, since a mechanism presses
a string of the harpsichord, which string is vibrated
by a performance operation, not only at the depression
of the key but also at the release of the key, a charac-
teristic tone is generated. 1In -this case, control can
be made as follows. That is, the PCM signal generation
circuit 712 stores sample'tones at the depression and
release of the harpsichord, so that the adder 714 can
output the PCM tone signal ep in an attack time and in a
release time, as shown in Fig. 34B.

After the above-mentioned tone generation
operation, when the release of the depressed key is
detected by the keyboard unit 717 (¥Fig. 28), OFF proc-
essing for muting a tone in generation is performed.
More specifically, the controller 701 issues commands
for disabling the modulation index data Ej, and the
amplitude coefficient data Ez and E3 to the envelope
generator 706. This processing is attained in such a
manner that the controller 701 sequentially outputs val-
ues 1 and 8, and F (hexadecimal notétion) as address
data FA, and also outputs proper command data as setup
data ED every time the address data is output, as shown
in Fig. 32. |

The fourth embodiment of the present invention will
be described below.

Fig. 35 is a block diagram showing the overall
arrangement of the fourth embodiment of the present
invention. A difference from the third embodiment shown
in Fig. 28 mainly lies in the role of the PCM signal
generation circuit 712. A PCM tone signal ep as an out-
put from the PCM signal generation circuit 712 is added
to a tone signal ey in Fig. 28. However, in this
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embodiment, as shown in Fig. 35, the PCM tone signal ep
is added to another signal, and the sum signal is input
to a triangﬁlar wave decoder.

More specifically, a PCM tone signal read out from
the PCM signal generation circuit 712 is multiplied with
amplitude coefficient data E3 output from an envelope
generator 706 by a multiplier 713 to calculate a PCM
tone signal ep, and the signal ep is input to a terminal
B of an adder 1301. The adder 1301 adds an output from
a multiplier 707 input at its terminal A, and an output
from the multiplier 713 to calculate new modulation
signal data Wy0 to Wyl0 (11 bits). These data are input
to a terminal B of an adder 708. Thereafter, the adder
708 adds the modulation signal data to carrier signal
data Wc0 to Wcl0 input from a carrier signal generation
circuit 703 at its terminal A to calculate sum waveform
data 00 to 010 (11 bits), The following operation is
the same as that in the third embodiment, and a descrip-
tion thereof will be omitted.

As described above, a PCM waveform signal which is
obtained by sampling a tone of an acoustic instrument as
a sound source is used as a modulation signal, and as
amplitude coefficient data E3 of the modulation signal
is increased, a tone signal ey having a complicated
waveform can be obtained. ,

As described above, when a key on the keyboard unit
717 shown in Fig. 28 or 35 is depressed fast (strongly),

. the value of velocity data VL is increased, and the

value of modulation index data E; is increased
accordingly. As a result, a mixing ratio of modulation
signal data Wm0 to WM1l0 to carrier signal datad Wg0 to
Wcl0 in the adder 708 (Fig. 28 or 35) is increased, and
a tone to be generated can include many harmonic compo-
nents of high orders. Contrary to this, when a key is

-depressed slowly (weakly), the value of velocity data VL

is decreased, and the value of modulation index data E;
is decreased accordingly. As a result, the mixing ratio
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of modulation signal data Wm0 to wMio to carrier signal
data Wc0 to WelO in the adder 708 (Fig. 28 or 35) is
decreased, and a tone to be generated can be approximate
to a single sine wave. '

Since amplitude coefficient data E3 is changed in
accordance with the speed (strength) of the depressed
key, the magnitude of a PCM tone signal ep is also
changed. For this reason, a unique tone in an attack
time, e.g., a breath tone of a brass instrument or a
mechanical impact tone of a piano can be desirably
emphasized by a key depression, or a tone having a com-
plicated waveform (i.e., harmonics) in an attack time
can be generated.

In this manner, according to the present invention,

control can be widely made between a state wherein a

tone to be generated includes many harmonic components
of high orders to a state wherein a tone includes only a
single sine wave in accordance with a strength of the
key depression. In addition, a tone color in, e.g., a
attack time can be desirably controlled.

In Fig. 28 or 35, the characteristics of modulation
index data Ej and amplitude coefficient data E3 are
allowed to be varied in accordance with velocity data
VL. For example, the characteristics of amplitﬁde coef-
ficient data Ez may be controlled in accordance with
velocity data VL, so that a tone volume of a tone is
varied in accordance with a strength of the key '
depression.

If modulation index data E1 1is controlled in
accordance with a key area of the keyboard unit 717
(Fig. 28 or 35) to which a depressed key belongs, when a

‘key in a bass area is depressed; the value of modulation

index data Ej may be increased, and when a key in a
treble area is depressed, it may be decreased. Thus,
an operation suitable for simulating a tone color
including many harmonic components of high orders in a
bass area like a piano tone may be executed.
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In the embodiment shown in Fig. 28 or 35, a circuit
for outputting a single tone waveform has been
exemplified. For example, the adder 702, the carrier
signal generation circuit 703, the adder 704, the modu-
lation signal generation circuit 705, the envelope gen-
erator 706, the multiplier 707, the adder 708, the
triangular wave decoder 709, the multiplier 710, the
adder 711, the PCM signal generation circuit 712, the
multiplier 713, the adder 714, and the adder 1301 may be
arranged to allow time—diVisional'operations, and tones
in respective time-divisional channels may be accumu-
lated in units of sampling periods at an input stage
of the D/A converter 715, so that a plurality of tone
waveforms may be parallelly generated.
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Claiﬁs:

l. A tone waveform generation apparatus which
has a plurality of time-divisional processing timings
corresponding to tone generation channels, executes tone
generation processing by time-divisional processing in
units of tone generation channels on the basis of input
performance data, and generates a tone signal corre-
sponding to each of the tone generation channels, char—
acterized by comprising:

tone generation processing means (6, 7, 9; 502,
503, 504, 506, 507, 508, 509, 511, 514, 515) which has a
plurality of tone generation channels to each of which
one of a first tone generation processing mode for read-
ing out prestored waveform data at a speed corresponding
to a pitch to be assigned, and outputting the readout
waveform data as a tone waveform, and a second tone gen-
eration processing mode for synthesizing a plurality of
signals in accordance with a prédetermined algorithm to
output waveform data at an assigned pitch as a tone wav-
eform is assigned as processing for generating a tone,
and Which are subjected to time-divisional processing;

pitch designation means (1} 517) for designating a
pitch of a tone;

processing designation means (3; 518) for designat-
ing desired tone generation proceséing from the first
and second tone generation ptocessing modes in units
of channels, and outputting corresponding processing
designation data;

pitch assignment means (2, 5; 501) for assigning a
pitch designated by said pitch designation means (1;
517) to each of the tone generation channels of said
tone generation processing means (6, 7, 9; 502, 503,
504, 506, 507, 508, 509, 511, 514, 515); and

processing assignment means (2, 4, 8; 501, 505,
510) for assigning processing designation data output
from said process1ng designation means to each of the
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tone generation channels of said tone generation proc-
essing means (6, 7, 9; 502, 503, 504, 506, 507, 508,
509, 511, 514, 515).

2. An apparatus according to claim 1, character-
ized in that said processing designation means (3; 518)
sets a tone dgeneration processing mode in units of tone
generation channels in response to an instruction.

3. An apparatus according to claim 1, character-
ized in that said tone generation processing means (6,
7, 9; 502, 503, 504, 506, 507, 508, 509, 511, 514, 515)
comprises first waveform data storage means (9; 506) for
storing PCM waveform data, second waveform data storage
means (9; 506) for storing modulation waveform data, and
modulation means (7; 507, 511, 514, 515) for modulating
a carrier signal to be generated on the basis of input
performance data;

the first tone generation processing mode executes
processing for reading out PCM waveform data from said
first waveform data storage means (9; 506) using the
carrier signal generated based on the performance data
as address data, and outputting the readout waveform
data as a tone waveform; and

the second tone generation processing mode exe-
cutes processing for causing said modulation means to
modulate the carrier signal generated based on the
performance data, reading out modulation waveform data
from said second Waveform data storage means (9; 506)
in accordance with the modulated carrier signal, and
outputting the readout waveform data as a tone
waveform. '

4. An apparatus. according to claim 3, character-
ized in that said modulation means (7) modulates a phase
of the carrier signal.

5. An apparatus according to claim 3, character-
ized in that said modulation means (7) modulates a
frequency of the carrier signal.

6. An apparatus according to claim 3,
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.characterized in that said first waveform data storage

means (9) and said second waveform data storage means
(9) are constituted by common waveform memory means (9)
which stores the PCM waveform data and the modulation
waveform data in different address areas, and said tone
generation processing means (2, 4) selectively inputs
the carrier signal or the modulated carrier signal as a
lower address to said waveform memory means in units of
tone generation channels, and inputs a selection signal
for selecting an address area storing the PCM waveform
data or the modulation waveform data to said waveform
memory means as an upper address. '

7. A tone waveform generation apparatus which
has a plurality of time-divisional processing timings
corresponding to tone generation channels, executes tone
generation processing by time-divisional processing in
units of tone generation channels on the basis of input
performance data, and generates a tone signal corre-
sponding to each of the tone generation channels,
comprising:

' tone generation processing means (502, 503, 504,
506, 507, 508, 509, 511, 514, 515) which has a plurality
of time-divisionally processed tone generation channels
in each of which one of a first tone generation process-
ing mode and a second tone generation processing mode is
assigned, said first tone generation mode reading out
prestored waveform data at a speed_corresponding to a
pitch designated by input performance data, and 6utpu—
tting the readout waveform data as a tone waveform, and
said second tone generation processing mode mixing a
modulation signal in a carrier signal at an arbitrary
mixing ratio based on the performance data, and convert-
ing the mixed output on the basis of a predetermined
functional relationship to generate a modulated tone
signal, the.predeterminéd.functional relationship being
neither of sine and cosine functional relationships, and
the carrier signal setting the modulated tone signal to
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have a sine or cosine wave when the fiixing ratio is con-
trolled to be a predetermined mixing ratio, and said
tone generation processing means generating a tone on
the basis of a pitch assigned to each of the tone gener-
ation channels, and the tone generation processing mode
selected by processing designation data assigned to each
of the tone generation channels;

pitch designation means (517) for designating a
pitch of a tone;

processing designation means (518) for designating
desired tone designation processing from the different
first and second tone generation processing modes in
units of channels, and outputting corresponding process-
ing designation data;

pitch assignment means (501) for assigning a pitch

| designated by said pitch designation means (517) to each

of the tone generation channels of said tone generation
processing means (502, 503, 504, 506, 507, 508, 509,
511, 514, 515); and’ |

processing assignment means (2, 4, 8; 501, 505,
510) for assigning processing designation data output
from said processing designation means (518) to a corre-
sponding one of the tone generation channels of said '
tone generation processing means (502, 503, 504, 506,
507, 508, 508, 511, 514, 515).

8. An apparatus according to claim 7, character-
ized in that said tone generation processing means (502,
503, 504, 506, 507, 508, 509, 511, 514, 515) comprises
first modulation signal input means (508, 512, 515) for,
when the first tone generation processing mode is exe-

cuted in a given one of the tone generation channels,

inputting the modulated tone signal generated in the
immediately preceding tone generation period in the
given tone generation channel as a modulation signal in
a current tone generation period.

9. An apparatus according to claim 7, character-
ized in that said tone generation processing means (502,
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503, 504, 506, 507, 508, 509, 511, 514, 515) comprises
first waveform data storage means (506) for storing PCM
waveform data, and the first tone generation processing
mode executes processing for reading out PCM waveform
data from said first waveform data storage means as a
PCM tone signal at a speed corresponding to a pitch
designated by the performance data.

10. An apparatus according to claim 7, character-
ized in that said tone generation processing means (502,
503, 504, 506, 507, 508, 509, 511, 514, 515) comprises

- second modulation signal input means (508, 512, 514)

for, when the second tone generation processing mode is
executed in a given one of the tone generation channels,
inputting one of the modulated tone signal generated in
the immediately preceding tone generation period in
another tone generation channel different from the given
tone generation channel or a PCM tone signal as the mod-
ulation signal in a current tone generation period.

11. A tone waveform generation apparatus for per-
forming tone generation processing on the basis of a
tone generation start instruction to generate a tone
signal, comprising:

tone generation means (702, 703, 704, 705, 707,
708, 709, 711, 712) for executing first tone generation
processing for reading out pfestored waveform data at a
speed corresponding to a designated pitch, and outputt-
ing the readout waveform data as a tone signal, and sec-
ond tone generation processing for mixing a modulation
signal in a carrier signal at an arbitrary mixing ratio
based on the performance data, and converting the mixed
output on the basis of a predetermined functional rela-
tionship to generate a modulated tone signal, the prede-
termined functional relationship being neither of sine
and cosine functional relationships, and the carrier
signal setting the modulated tone signal to have a sine
or cosine wave when the mixing ratio is controlled to be
a predetermined mixing ratio; and R
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control means (706, 710, 713) for causing, on the
basis of the toné generation start instruction, said
tone generation means (702, 703, 704, 705, 707, 708,
709, 711, 712) to start generation of the tone signal by
the first tone generation processing or generation of
the modulated tone signal by the second tone generation
processing, mixing the tone signal and the modulated
tone signal in accordance with a predetermined mixing
characteristic which can change over time, and outpu-
tting the mixed output as a mixed tone signal.

12. An apparatus according to claim 11, character-
ized in that said tone generation means (702, 703, 704,
705, 707, 708 709, 711, 712) comprises first waveform
data storage means (712) for storing PCM waveform data,
and the first tone generation processing executes proc-
essing for reading out PCM waveform data from said first
waveform data storage means (712) as a PCM tone signal
at a speed corresponding to a designated pitch.
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