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: MUSICAIL TONE GENERATING APPARATUS

This invention generally relates to musical tone
generating apparatuses for use in electronic musical
instruments, and more particularly to a musical tone
genefating apparatus in which a data compression method is
used to reduce the amount'of stored data from which tone
signals are generated.

The electronic musical instruments suffer a big problem
that it is hard to generate musical tones which are similar to
those of acoustic musical instruments. Various kinds of
musical tone signal generating methods are known as for the
electronic musical instruments. Among these methods, a PCM
(Pulse Code Modulation) method is superior to other methods
because the PCM method can generate musical tones which are
the most similar to those of the acoustic musical 1nstruments.
According to the PCM method, each of instantaneous values of
the musical tone waveforms of the acoustic musical instrument
are successively sampled apd are stored in a memory as sampled
digital data. The sampled digital data are read from the
memory and are used for generating musical tones. Such PCM
method is disclosed, for example, in U.S. Pat. No. 4,383,462
(the title of the invention thereof is "ELECTRONIC MUSICAL
INSTRUMENT") . |

The musical‘tone waveforms generated by an acoustic
musical instrument delicately depend on tone pitches, tone
ranges and the like. A piano generates musical tone waveforms
which differ by each tone ﬁiﬁgh (or each tone range), for
example. Of course, periods of such Qaveforms differ by each
tone pitch. Hence, such waveforms must be memorized in the
memory for each instrument and for each tone pitch (or each

‘tone range), if necessary in the case where the musical tones

truly similar to those of the acoustic musical instruments are
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amount of data, various kinds of methods, such as a DPCM
(Differential Pulse Code Modulation) method, an ADPCM
(Adaptive Differential Pulse Code Modulation) method, a DM
(Delta Modulation) method, and an ADM (Adaptive Delta
Modulation) method, have been proposed. And, the present
applicant has disclosed a musical tone generating apparatus in
‘Japanese Patent Application No.59-212382 for reducing the
amount of data. In this apparatus, the data are compressed by

use of the linear predictive coding and are written into the

memory.

On the other hand, the present applicant has disclosed
another musical tone génerating apparatus in U.S. Pat. No.
4,520,708 for further reducing the amount of data. In this
Iapparatus, the musical tone waveform is divided into an attack
portion in which the envelope amplitude of such waveform-
abruptly increases and a sustain portion in which the envelope
amplitude of such waveform is kept approximately constant.

And the memory memorizes the attack portion and the selected
part of the sustain portion (hereinafter, the selected part of
the sustain portion will be referred to as a repéat portion).
When the whole waveform must be generated, the attack portion
is first read from the memory, and thereafter, the repeat
portion is read from the memory repeatedly.

In the case where the compressed data are read from the
memory and are decoded into the original data, the value of
presently decoded data is obtained by use of the value of
precedingly decoded data and the value of present data read
from the memory. In this case, the data must be decoded so
that the decoded data is continuous and smooth between the
attack portion and the repeat portion and between the first
repeat portion and the next repeat portion as well. However,
there has been proposed no apparatus for realizing a decoding
process by which continuous data is reproduced. Hence, the
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It is another object of the present invention to provide
such a musical tone generating apparatus in which the amount
of stored data of a musical tone signal can be efficiently
reduced by storing the attack portion and the selected part of
the repeat portion only.

It is a further object of the present invention to
provide such a musical tone generating apparatus in which the
stored data can be read out and decoded into the original data
which is continuous and smooth between the attack portion and
the repeat portion and between any adjoining repeat portions
as well,

It is a still further object of the present inventlon to
prdv1de such a musical tone generating apparatus which can be
suitably applied to an eléctronic keyboard musical instrument
or the like and can obtain musical tones similar to those of
the acoustic musical instruments.

According td a first aspect of the present invention,
there is provided a musical tone generating apparatus for an
electronic musical instrument comprising (a) memory means for
storing a series of compressed waveform data therein, said
series of compressed waveform data being obtained by
compressing a series of waveform data representative of
instantaneous values of a waveform of a musical tone by use of
a linear predictive coding method and a differential
‘quantization method; (b) reading means for reading said series
of compressed waveform data from said memory means; and (c)
decoding means for decoding said read series of compressed
waveform data by methods corresponding to said linear

' predictive coding method and said differential guantization
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apparatus wave ormis
_ electronic musical instrument comprising (a) first memory

means for storing a group of compressed waveform data divided
into a plurality of frames which correspond respectively to a
plurality of frames of a waveform of a musical tone
represented by said group of compressed waveform data, said
group of compressed waveform data being obtained by
calculating a linear predictive coefficient with respect to
each frame of said compressed waveform data group and
effecting a linear predictive coding operation on
instantaneous values of each frame of said compressed waveform
data group using a corresponding one of the calculated linear
predictive coefficients; (b) second memory means for storing
said calculated linear predictive coefficients; (c¢) first
reading means for reading said group of compressed waveform
data from said first memory means; (d) second reading means
for reading said calculated linear predictive coefficients in
synchronization with said frames of said compressed waveform
data group; and (e) decoding means for decoding the read
compresséd waveform data group, by effecting a decoding
operation corresponding to said linear predictive coding
operation on each frame of said read compressed waveform data
group using a respective one of the read linear predictive
coefficients, to thereby obtain a group of decoded waveform
data, said musical tone being reproduced from said decoded
waveform data. | |

According to a third aspect of the present invention,
there is provided a musical tone generating apparatus for an
electronic musical instrument comprising (a) memory means for

- storing a series of compressed waveform data therein, said
series of compressed waveform data being obtained by
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' said data providing means and said read portion of said
comptessed waveform data for replacing the first compressed
waveform data of said read portion with said data provided by
said data providing means to ouEput a group of compressed
waveform data; and (e) decoding means for decoding said group
of compressed waveform data by a decoding method corresponding
to said one method to obtain a series of decoded waveform
data, said musical tone being reproduced based on said series
of decoded waveform data.

Further objects and advantages of the present invention
will be apparent from the flollowing description, reference
being had to the accompanying drawings wherein preferred
embodiments of the present invention are clearly shown.

In the drawings:

Fig. 1 is a system block diagram showing'a fundamental
constitution of the present invention;

Figs. 2A and 2B are system block diagrams of a first
embodiment of the invention;

Figs. 3A and 3B are system block diagrams of an
electronic musical instrument to which a second embodiment of
the invention is applied;

Fig. 4 is an illustration showing an example of a musical
tone waveform;

Fig. 5 is an illustration for explaining a principle of a
data compression in Fig. 1;

Fig. 6 is a graph showing a rélationship among.data e(n),
a quantization range data d(n) and a quantized difference code
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detailed constitution of a decoding circuit shown in Fig. 2;
Fig. 9 shows envelope waveforms of signals used in Fig.

2; .

Fig. 10 is a timing chart for explaining a connection
between an attack portion ATC and a repeat portion RPT;

Fig._11 is a time chart for explaining a connection
between an ending part of a first repeat portion RPT and a
starting part of a second repeat portion RPT;

Fig. 12 is a graph of experiment results obtained by use
of the first embodiment shown in Fig. 2;

Fig. 13 is a system block diagram showing a modified form
of the ADPCM decoding circuit shown in Fig. 8;

Fig. 14 is a system block diagram showing a modified form
of the lineaf prediction decoding circuit shown in Fig. 8;

Fig. 15 is a system block diagram of a third embodiment
of the invention; |

Fig. 16 is an illustration showing data appearing at
various portions of the third embodiment of Fig. 15; and

Fig. 17 is a system block diagram showing a modified form
of the linear prediction operating circuit shown in Fig. 15.

Referring now to the drawings, wherein like reference
characters designate like or corresponding parts throughout
the several views.

In this specification, a linear predictive operation is
employed as a predictive operation, however, the essential
character of the present invention will not be changed whether
either one of linear and non-linear predictive operations is
employed. The linear predictive operation is convenient
because of the simplicity thereof. Hence, the following
enbodiments will employ the linear predictive operation.
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The ADPCM data memory stores the data compressed in the data
compressing circuit 1. The data decoding circuit 3 decodes

the data read from the ADPCM data memory 2.

The data compressing circuit 1 comprises a microphone 4,
an analog-to-digital (A/D) converter 5, a subtractor 6, an
encoder 7, a quantization range control circuit 8, a decoder
9, an adder 10 and a delay flip-flop 11.

A musical tone generated from an acoustic musical
instrument (not shown) is collected by the microphone 4
wherein the musical tone is converted into a musical tone
signal. The musical tone signal is supplied to the A/D
converter 5 wherein the musical tone signal is sampled at a
predetermined constant period and is converted into a PCM code
S(n) of twelve bits. The subtractor 6 operates as a
difference (or a deviation) detecting point which detects a
difference between the present PCM code S(n) and a PCM
'reproduction code pS(n-1) (a generating process of the PCM
reproduction code pS(n-1) will be described later) which is
identical to a reproduced value of the preceding PCM code S(n-
1). The above-mentioned difference is called a difference PCM
code e(n) and is supplied to the encoder 7. The encoder 7
guantizes the difference PCM code e(n) based on the ADPCM
method to generate a quantized difference code C(n) of four
bits (the most significant bit. thereof is a sign bit). 1In
this éase, the contents of the quantized difference code C(n)
correspond to the sum of the difference PCM code e(n) and a
quantization error er(n). The quantization range control
circuit 8 sets an adaptive quantization range data d(m) (of
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eight bits through twelve bits) for the encoder 7 based on the
value of the quantized difference code C(n).

_8._

Now, description will be given with respect to a
processing operation performed in the quantization range
control circuit 8. First, the present quantization range data
d(n) is obtained from the preceding quantization range data
d(n-1), based on the following formula (1).

d(n) = d(n-1) * k eee (1)

Where k denotes a coefficient which is determined by the value:
of the quantized difference code C(n) as shown in' Table 1.

TABLE 1

C(n) k
1111 2.144
1110 1.772

1101 1.464
1100 | 1.210
1011 0.909
1010 0.909
1001 0.909

1000 0.909
0000 0.909
0001 0.909
0010 0.909
0011 0.909
0100 1.210
0101 1.464
0110 1.772
0111 2.114

In Table 1, the value of the coefficient k increases as
an absolute value of the quantized difference code C(n)
increases. And, the value of C(n)="1000" corresponds to a
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decimal value of "0". In the present embodiment, each of the
coefficients k of Table 1 is rounded to one decimal place and
memorized in a predetermined memory in the quantized range
control circuit 8. ' '

As shown in Fig. 5, the encoder 7 obtains a relative
value e(n)/d(n) of the difference PCM code e(n) where the
quantization range data d(n) is set to a value "1". The
encoder 7 outputs the value e(n)/d(n) as the quantized
difference code C(n). In this case, the value e(n)/d(n) can’
take any values between values "-1" and "+1". However, since
the quantized difference wvalue C(n) is a value of four bits,
it is impossible to obtain a linear conversion of e(n)/d(n).
Hence, in the present embodiment, an operated result of the
value e(n)/d(n) is divided into several sectional values as
shown in Fig. 6 and is converted into the quantized difference
code C(n) according to the sectional values. For example, |
when the value e(n)/d(n) is more than 1/2 or less than 5/8,
the quantized difference code C(n) is set to a value "0100" of
four bits. Similarly, when the value e(n)/d(n) lies between
values "0" and "1/8", the quantized difference code C(n) is

- set to a value "0000" of four bits.

Now, description will be given with respect to the
operation of the decoder 9. The decoder 9 reproduces the
difference PCM code e(n) and the quantization error e, based
on the quantized difference code C(n) and the adaptive
quantization range d(n). When the quantized difference code
C(n) is expressed as (B3,B,,Bq,By) (where characters B
through B3 denote respective bits of the code C(n) of four
bits), a value e(n)+e,(n) can be obtained by the following
formula (2). |

e(n) + e (n) = (1-2 Bg) e [ ( d(n)/2 )eB, + ( d(n)/4 )sB,

4+ ( d(n)/8 )eBg + d(n)/8 1 ... (2)
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obtain a group of decoded waveform data, said nusical tone_being,
The diffe:ence PCM code e(n) from the decoder 9 "is passed

through the adder (or an addition point) 10 and is supplied to
the delay flip-flop 11 where the code e(n) is delayed by one
clock period. The delayed code e(n) is fed back to the adder
10 and is élsO'supplied to the subtractor 6. As a result, the
adder 10 adds the present difference PCM code e(n) and the
previous difference PCM code e(n-1). An operational results

of the adder 10 depends on the differential modulation method
and corresponds to a peak value of a signal S(n) which is

gEressed mavéforn1data, sai d group of

presently supplied to the subtractor 6. In other words, the
above operation is identical to a reproducing operation.of the
present PCM code. Hence, the output signal of the adder 10
can be expressed as a present PCM reproduction code pS(n), and
the output signal of the delay flip-flop 11 can be expressed
as the previous PCM reproduction code pS(n-1) (where an
initial value pS(0) of the code pS(n) is set to a value "0").
As described heretofore, a circuit constituted by the
quantization range control circuit 8, the decoder 9, the adder
10 and the delay flip-flop 11 has a function by which the PCM
code S(n-1) at the preceding sampling point is decoded
(reproduced). As described before, the previous PCM
reproduction code pS{(n-1) is supplied to the subtractor 6
where the difference between the present code S(n) and the
pfevious code pS(n-1) is obtained. The subtractor 6 thus -
performs a difference detection which is a basic process of
the differential modulation method.

The above is the constitution and the operation of the
data compressing circuit 1, and the quantized difference data
C(n) are stored in the ADPCM data memory 2 sequentially.
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decoding circuit 3 decodes the quantized difference code C(n)
read from the ADPCM data memory 2 and reproduces the PCM codes
S(n) sequentially. The encoder 7 described before is

- classified into the error feedback tYpe where errors are not
accumulated at reproduction. Hence, it is possible to reduce
the error component by matching an input-output relationship
and an operational accuracy between the encoder 7 and a
decoder processing circuit constituted by the quantization
range control circuit 8, the decoder 9 and the delay flip-flop
1.

Next, description will be given with respect to a first
embodiment of the invention in conjunction with Figs. 2A and
2B. In Figs. 2A and 2B, a data compressing circuit 101, a
data memory 102 and a decoding circuit 103 correspond
respectively to the data compressing circuit 1, the ADPCM data
memory 2 and the data decoding circuit 3 in Fig. 1.

In the data compressing circuit 101, a microphone 104 and
an A/D converter 105 correspond respectively to the microphone
4 and the A/D converter 5 in Fig. 1. The digital data (or the
sampling data) from the A/D converter 105 are supplied to a
waveform processing circuit 106 where the digital data are
once stored in a memory provided therein and are standardized
by a predetermined standardization process. As shown in Fig.
4, the musical tone signal can be divided into an attack
portion (a rising portion) ATC and a repeat portion RPT which
is a selected part of the sustain portion. The amplitude of
the musical tone signal increases in the attack portion ATC.
By the above standardization process, the amplitude of the
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inverted manner of an amplitude envelope of the musical tone
signal in the attack portion ATC in the standardization
process. This standardization process is performed in order
to enhance a musical tone reproduction accuracy in a portion
in which the amplitude thereof is relatively small. The
sampling data outputted from the A/D converter 105 is
constituted hy twenty four bits, for example. Each
standardized sampling data is converted into data of minimum
bits (twelve bits, for example) and this data is written into

‘a waveform memory 107 as a waveform data S(n).

When the waveform data S(n) are stored in the waveform

memory 107, the waveform memory 107 is connected to a linear

‘predictive coefficient operating circuit 109. The waveform

data S(n) are sequentially read from the waveform memory 107
and are supplied to the linear predictive coefficient
operating circuit 109 via the switch 108. 1In the linear
predictive coefficient operating circuit 109, optimum linear
predictive coefficients aq and a, are calculated for each of
frames [0] through [N-1] shown in Fig. 4 based on the waveform
data S(n) and are written into a coefficient memory 110. As
calculation methods of the linear predictive coefficients aq
and a5 , various kinds of calculation methods are known
conventionally, however, some calculation methods, such as a
Durbin method and the like, which use an autocorrelation
function, are effective. 1In additibn, it is possible to
obtain the coefficients a; and a, from a whole waveform data
in a frame or from a partial waveform data in a frame.

A linear prediction operating circuit 111 performs a data
compression based on the linear predictive coding and is
constituted by a subtractor 112, an addihg circuit 113 and a
prediction value calculating circuit 114. - The prediction
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thereof. The output data of the adder 114e is supplied to the
subtractor 112 as the predictive value pS(n). An ADPCM
operating circuit 116 performs a data compression based on an
ADPCM quantization method and converts the data E(n) of twelve
bits from the subtractor 112 into the quantized difference
code C(n) of four bits. The quantized difference code C(n) is
stored in the data memory 102. The ADPCM operating circuit
116 also decodes the quantized difference code C(n) into the
original data E(n), and the decoded data is supplied to the
adder 113. In this case, the decoded data is not identical to
the data E(n) because the decoded data includes an error
e,.(n). 1In other words, the decoded data can be expressed as
"E(n)+e,(n)".

" Next, description will be given with respect to an
operation of the linear prediction operating circuit 111.
When the linear predictive coefficients a, and a,
cofresponding respectively to the frames [0] through [N-1] are
written into the coefficient memory 110, the waveform memory
107 is connected to the subtractor 112 via the switch 108.
Thereafter, the waveform data S(n) are read from the waveform
memory 107 in a Seduence of frames [0], [11, ... and are
supplied to the subtractor 112 sequentially. On the other
hand, when the waveform data S(n) in the frame [0] are read
from the waveform memory 107, the memory 110 reads out the
linear predictive coefficients a4 and a, corresponding to the
frame [0]. When the waveform data S(n) in the frame [1 1 are
read from the waveform memory 107, the memory 110 reads out
the next linear predictive coefficients a and a, '
.corresponding to the frame [1]. This is true of the other
frames. These linear predictive coefficients a4 and a, are
supplied respectively to the multipliers 114c and 1144 in a
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VI Ens. from the waveform data S(n), i. e., the subtractor 112
performs an operation according to the following fqrmula (3)
to obtain the data E(n).

S(n) - pS(n) = E(n) . eese  (3)

‘The data E(n) is supplied to the ADPCM operating circuit 116.
In this case, the prediction value pS{(n) lies in the '
neighborhood of the waveform data S(n) which is presently
supplied to the subtractor 112 (because of a reason which will
be described later). As a result, the value of the data E(n)
is further smaller than the value of the waveform data S(n).
The data E(n) are converted into the quantized difference code
C(n) of four bits in the ADPCM operating circuit 116. The
ADPCM operating circuit 116 outputs the quantized difference
code C(n) to the data memory 102 and also outputs the data
"E(n)+e,(n)" to the adder 113. The adder 113 adds the data
"E(n)+e,.(n)" to the prediction value pS(n) to obtain a sum
value. This sum value can be expressed by the following
formula (4).

B(n) + er(n) + pS(n) = S(n) + er(n) eess (4)

According to the formula (4), the value of the output data of
the adder 113 is approximately identical to the value of the
waveform data S(n). Hence, the D-FF 114a memorizes the data
in which the value thereof is approximately identical to the
value of the preceding waveform data S(n-1) of one clock pulse
before. Similarly, the D-FF 114b memorizes the data in which
the value thereof is approximately identical to the value of
the previous waveform data S(n-2) of two clock pulses before.
On the other hand, when the prediction value calculating
circuit 114 calculates the prediction value pS(n) by use of
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gener ati ng pwedictive i foefficient operating circuit 109 calculates the
coefficients aq and a; of such values that the prediction
value pS(n) takes the value nearest the present data S(n).
These coefficients a; and a, are written into the coefficient
memory 110. For this reason, the prediction value pS(n)

calculated by use of the above coefficients a; and a, becomes
extremely an approximate value of the waveform data S(n).

Thus, the linear prediction opefating circuit 111
converts the waveform data S(n) outputted from the waveform
memory 107 into the data E(n) where the value thereof is
relatively small. In other words, the circuit 111 compresses
the data S(n) and outputs the compressed data to the ADPCM
operating circuit 116. ' -

Next, description will be given with respect to the ADPCM
operating circuit 116. In the ADPCM operating circuit 116,
however, a subtractor 117, an encoder 118, a quantization
range control circuit 119, a decoder 120, an adder 121, a
delay flip-flop (D-FF) 122 correspond respectively to the
subtractor 6, the encoder 7, the quantization range control
circuit 8, the decoder 9, the adder 10 and the delay flip-flop
11 in Fig. 1, therefore, detailed description will be omitted.

The subtractor 117 subtracts the prediction data'pE(n-1)
from the output data E(n) of the subtractor 112. The
difference data between data pE(n-1) and E(n) are supplied to
the encoder 118 as data e(n) (of twelve bits). The encoder
118 quantizes the data e(n) based on the ADPCM method to

. obtain the quantized difference code C(n) of four bits (in
which the most significant bit thereof is a sign bit). In the
quanﬁization range control circuit 119, the adaptive '
quantization range.data d(n) (of eight bits through twelve
bits) are set based on the quantized difference code c(n).

The decoder 120 produces the data e(n)+er(n) by use of the
quantized difference code C(n) and the adaptive quantization
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range data d{(n) according to the pre-mentioned formula (2).
The output data "e(n)+e,(n)" of the decoder 120 is supplied to
the adder 121. The adder 121 adds the data "e(n)+e,(n)" and
the prediction data pE(n-1) together to obtain the output data
"E(n)+e,.(n)" as shown in the following formula (5).

-16-

e(n) + ex(n) + pE(n-1) = E(n) + e,(n) eese  (5)

‘The output data "E(n)+e,(n)" of the adder 121 is delayed by

one clock pulse in the D-FF 122 and supplied to the subtractor
117 as the prediction data pE(n-1).

- Thus, the value of the prediction data pE(n-1) is
approximately equal to the value of the data e(n-1). Hence,
the output data e(n) of the subtractor 117 becomes identical
to the difference data between the data E(n) and the data E(n-

1) (which is the data one clock pulse before the data E(n) ).

In result, the value of the data e(n) becomes further smaller
than the value of the data E(n). Therefore, a big
quantization error can not be generated even when the data
e(n) are converted into the code C(n) of four bits |
(substantially three bits) in the encoder 118.

Next; description will be given with respect to the
decoding circuit 103 shown in Fig. 2B. The decoding circuit
103 is roughly constituted by an ADPCM decoding circuit 124
and a linear prediction decoding circuit 129. In the result,
the quantized difference code C(n) is decoded into data
"S(n)+e,(n)=H(n)" in the decoding circuit 103. The ADPCM
decoding circuit 124 is constituted by a quantization range
control circuit 125, a decoder 126, an adder 127 and a D-FF
128. The quantization range control circuit 125 and the
decoder 126 respectively have the same coﬁstitutions as the
quantization range control circuit 119 and the decoder 120.
The output data “e(n)+er(n)".of the decoder 126 and the data
PE(n-1) are added together in the adder 127 and an addition

result data "E(n)+e,.(n)" is generated. This data "E(n)+er(n)"
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by an adder 130 and prediction value calculating circuit 131
where the constitution thereof is identical to that of the
pre-mentioned.prediction value calculating circuit 114. 1In
this case, the coefficients aq and a,y read from the
coefficient memory 110 are supplied respectively to
multipliers 131¢c and 1314 in the circuit 131. The D-FF 131a
and 131b are supplied with the clock pulse determining a read-
out timing of the data memory 102. An adder 131e adds the
output data of the multipliers 131c and 131d together and
generates the prediction value pS(n) as described before.
Tﬁerefore, the output data.(the decoded data H(n) ) of the
adder 130 can be expressed by the following formula (6).

E(n) + e,(n) + pS(n) = S(n) + er(n) = H(n) eces  (6)

The decoded data H(n) will be converted into the musical tone
signal by performing a D/A conversion (not shown).

The above is the description of the constitution of the
first embodiment of the present invention. In Figs. 2A and
2B, the quantization error er(n) is contained in the output
data of each of the adders 121 and 114e, and therefore, the
quantization error ef(n) is also contained in the feedback
data, such as the prediction data pE(n) and the prediction
value pS(n). In other words, the present embodiment can be
classified as the pre-mentioned error feedback type, hence,
the error is not accumulated in the decoded data H(n).
Generally, a certain error may occur in an operation of finite '
word length data. In this case, however, it is péssible to
prevent such errors from being generated by rendering the
number of bits of the input and output data equal to that of
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not necessarlly considered to be accumulated, it is possible
to use operating circuit 111A and 116A shown in Fig. 7 instead

- of the linear prediction operating circuit 111 and the ADPCM

operating circuit 116, respectively.

The data compressing circuit 101 shown in Figq. 2A is not
provided in ordinary musical tone generating apparatuses.
However, this data compressing circuit 101 is provided in a
musical tone generating apparatus which is applied for a
sampling electronic musical instrument (in which a player can
sample any sounds).

Next, description will be given with respect to the
second embodiment of the invention in conjunction with Figs.

- 3A and 3B. Figs. 3A and 3B show system block diagrams of an
electronic musical instrument to which the present invention
is applied, and description will be firstly given with respect
to a musical tone forming method of the electronic musical
instrument.

The data representative of musical tone waveforms are
standardized and compressed by the data compressing circuit
101 in Fig. 2A and are stored in a data memory. 135 in Fig. 3B.
The data memory 135 memorizes the musical tone waveform data
‘with respect to .each tone color, each touch intensity (each
key-depression’ intensity) and each tone pitch (or each key).
For example, when ten kinds of tone colors, forty keys and
five levels of the touch intensities are provided, the number
of the memorized musical tone waveforms becomes 10x40x5=2000.
In this case, the musical tone waveforms memorized in the data
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(1) Were k denotes a coefficient-
which is determned by the val ue of the-b®antized difference code C(n) as
shown in Table 1.

TABLE 1 . memory 135 are not whole waveforms of the mus:.ce(ln}:one gignals

but partial waveforms each including the attack portion ATC
and a part of the repeat portion RPT which follows the attack
portion ATC. Hence, when the musical tone is generated, the
waveform of the attack portion ATC is firstly'read out and
thereafter the waveform of the part of the repeat portion RPT
is read out repeatedly to reproduce the whole waveform of the
musical tone. This reproduced whole waveform of the musical
tone is given an envelope and is converted into a musical tone
signal by a D/A conversion.

Hereinafter, detailed description will be given with
respect to the second embodiment in conjunction with Figs. 3A
and 3B. In Fig. 3A, when any one of the keys of a keyboard
136 is depressed, a touch detecting circuit 137 detects a
touch intensity of the depressed key and generates touch data
TD corresponding to the detected touch intensity. For
detecting the touch intensity, any of the following first and
second methods can be employed. In the first method, two
kinds of contacts are provided for each key. The first _
contact is turned on when the key is slightly depressed, and
the second contact is turned on only when the key is depressed
down to a bottom point thereof. Then, the touch intensity of

' the depressed key is detected based on a period between on
times of the first and second contacts. On the other hand, in
the second method, a piezoelectric-crystal element or other
pressure sensitive elements are provided at a bottom portion
of each key in order to detect a key-depressing pressure, and
the touch intensity of a depressed key is detected based on
the output signal of such element. A key-depression detecting
circuit 138 detects whether any one of the key is depressed or
released based on output signals of key-switches which are
provided below the keys of the keyboard 136. When a key is
detected to be depressed, a key code KC of the depressed key
and a key-on signal KON having a high level "1" (hereinafter,
a signal having a high level "1" will be referred to as a "1"
signal,and a signal having a low level "0" will be referred to
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as a "0" signal) are outputted from the key-depression
detecting circuit 138. 1In addition, a key-on pulse KONP is
outputted at a leading edge of the key-on signal' KON from the
key-depression detecting circuit 138. When the key is
‘detected to be released, the level of the key-on signallKON is
returned to low level "0" (i. e., the key-on signal KON
becomes "0" signal). In the case where a plurality of keys
are simultaneously depressed, the above operation is performed
on one selected key in the depressed keys (such as a last
depressed key or a key having the highest-pitch tone in the
depressed keys, for example). A note clock NCK is generated
in a note clock generating circuit 139 and is supplied to
various portions of this instrument. This note clock NCK has
a frequency corresponding to the tone pitch of the key which
is indicated by the key code KC outputted from the key-
depression detecting circuit 138. An address counter 140
counts up the note clock NCK and outputs a counted value
thereof to an adder 141.

A tone-color selecting circuit 142 is constituted by a
plurality of tone-color selection operating elements and
attached circuits thereof, and the tone—coior selecting
circuit 142 outputs a tone code TC corresponding.to a

' presently selected tone color. A start address memory 143
memorizes address data which indicate addresses of head data
of the musical tone waveforms stored in the data memory 135
shown in Fig. 3B. When the key code KC, the tone code TC and
the touch data TD are supplied to the start address memory
143, the memory 143 reads out and outputs the start address
data SA indicating the head address of the musical tone
waveform corresponding to the above supplied data. A repeat
address memory 144 memorizes address data indicating addresses -
of repeat data of the musical tone waveforms stored in the
data memory 135. The repeat data is the head data of the
repeat portion RPT shown in Fig. 4. When the key code KC, the
tone code TC and the touch data TD are supplied to the repeat
address memory 144, the memory 144 reads out and outputs
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above supplied data. One of the start address data SA and the
repeat address data RA is selected by a selector 145 and is
supplied to the adder 141. An R-S flip-flop (reset-set flip-
flbp) 146 is provided for controlling the selector 145. When
the "0" signal is outpuﬁted from the. output terminal Q of the
flip-flop 146, an input terminal A of the selector 145 is
selected and the start address data SA is outputted to the
adder 141. When the ™" signal is outputted from the output
terminal Q of the £flip-flop 146, an input terminal B of the
selector 145 is selected and the repeat address data RA is
outputted to the adder 141. Two output data of the address
counter 140 and the selector 145 are added together in the

adder 141, and the sum data of the above two output data is
supplied to the data memory 135 shown in Fig. 3B as address
data_AD. ' '

An attack end address memory 147 memorizes address data
indicating addresses of attack portion end data of the musical
tone waveforms stored in the data memory 135. The attack
portion end data is the last data of the attack portion ATC
shown in Fig. 4. When the key code KC, the tone code TC and
the touch data TD are supplied to the attack end address
memory 147, the memory 147 reads out and outputs attack end
address data AEA to a comparator 148. This data AEA indicate
the address storing the attack portion end data of the musical
tone waveform corresponding to the above supplied data. The
comparator 148 compares the address data outputted from the
adder 141 with the attack end address data AEA. When the data
AD and AEA become equal to each bther, the comparator 148
outputs an attack end signal AEND ("1" signal). A D-FF (a
delay flip-flop) 149 is provided for adjusting the timing.

The attack end signal AEND is delayed by one clock of the note
clock NCK in the D-FF 149 and is outputted as a signal AENDD.
A repeat end address memory 151 memorizes address data
indicating addresses storing repeat portion end data of the
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musical tone waveforms in the data memory 135. The repeat
portion end data is the last data of the repeat portion RPT
shown in Fig. 4. When the key code KC, the tone code TC and
the touch data TD are supplied to the repeat end address
memory 151, repeat end address data REA is read £rom the
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memory 151 and is supplied to a comparator 152. This repeat
end address data REA indicates the address storing the repeat
portion end data of the musical tone waveform corresponding to
the abbve supplied data. The comparator 152 compares the
address data AD outputted from the adder 141 with the repeat
end address data REA. When both of the data AD and the data
REA become equal to each other, the comparator 152 outputs a .
repeat end signal REND (™" signal). A D-FF 153 is provided
for adjusting the timing. The repeat end signal REND is
delayed by one clock of the note clock NCK and _is outpqtted as
a signal RENDD. A repeat frame memory 156 shown in an upper
portion of Fig. 3A memorizes the number of the frame to which
the repeat data (i. e., the head data of the repeat portion
RPT) belongs, in correSpondence with each musical tone
waveform. 1In Fig. 4, the repeat data belongs to the frame
{21, and the frame number for the repeat data is determined in
correspondence with éach musical tone waveform. The repeat
frame memory 156 memorizes the frame number for the repeat
data in correspondence with each musical tone waveform. When
the key code Kc,' the tone code TC and the touch data TD are
supplied to the repeat frame memory 156, the frame number is
read out in correspondence with the above supplied data and is
outputted to a terminal PD for preset data in a frame counter
157. The frame counter 157 is provided for outputting the
‘frame number of the presently generating musical tones. The
frame memory 157 is reset by the key-on pulse KONP so that the
output data of the repeat frame memory 156 is preset by the
signal RENDD, and the frame memory 157 counts up the output
signal of a D-FF 158 to obtain a frame code FLC. The frame
code FLC is supplied to a frame end address memory 159 and a
linear predictive coefficient memory 161 shown in Fig. 3B as
well. The frame end address memory 159 memorizes address data
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[0] through [N-1] in correspondence with each musical tone
waveform. When the key code KC, the tone code TC and the
touch data TD are supplied to the memory 159, an area storing
N kinds of address data is appointed. The address data in the
area are read out based on the frame code FLC outputted from
the frame counter 157 and are outputted to a comparator 160 as
the frame end address data FLEA (FLC). The comparatdr 160
compares the address data AD outputted from the adder 141 with
the frame end address data FLEA(FLC). When both of the data
AD and the data FLEA(FLC) become equal to each other, the
comparator 160 outputs the "1" signal. A D-FF 158 is provided
for adjusting the timing. The output signal of the comparator
160 is delayed by one clock of the note clock NCK and is
outputted to a clock terminal CK of the frame counter 157.

In Fig. 3B, a linear predictive coefficient memory 161
provides storing areas corresponding to the musical tone
waveform in the data memory 135 and memorizes N pairs of
linear predictive coefficients aq and a, corresponding to the
frames [0] through [N-1] into each of the storing areas. When
the key code KC, the tbne code TC and the touch data TD are
supplied to the linear predictive coefficient memory 161, a
storing area is selected in correspondence with the above
supplied data. And the linear predictive coefficients ai and
a, stored in the selected storing area are read from the
memory 161 based on a frame code FLC outputted from the frame
counter 157.

A decoding circuit 163 decodes the quantized difference
code C(n) outputted from the data memory 135 into the decoded
data H(n) and a detailed constitution thereof is shown in
Figs. 8A and 8B. The constitution of the decoding circuit 163
"is basically similar to that of the decoding circuit 103 shown
in Fig. 2B, and the decoding circuit 163 is constituted by an
ADPCM decoding circuit 124A shown in Fig. 8A and a linear
prediction decoding circuit 129A shown in Fig. 8B. . In the
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into the quantiz ode C(n) according to the sectional val ues.
For exanpl e, whe n)/d(n) is nmore than 1/2 or |ess than 5/8,
t he quanti zed dlfference code C(n) is se24to a value "0100"of four bits.
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t he adapti vfuarntioddd zaifparensge cdde) .c(h)en the quanti zed di fference code
C(n) is expressed as (B[err],Blerr],Blerr],Blerr]) (where characters Bo
through B[err] denote respective bits of the code C(n) of four bits), a
val ue e(n) +e[ er r'ien)ca=ff beiemt ok nevtpyttéd fudomwihg APBEMutaefficient

memory 200 is supplied to one input terminal of a multiplier
201 where the coefficient k is multiplied by the previous
quantization range data d(n-1). In the multiplier 201, the
present quantization range data d(n) is calculated according
to the pre-mentioned formula (1) and is supplied to an input
terminal B of a selector 202. The selector 202 selects the
input terminal A when the "1" signal is supplied to the
terminal SA, and the selector 202 selects the input terminal B
when the "1" signal is supplied to the terminal SB. In other
words, the selector 202 usually selects the input terminal B
but selects the input terminal A when the key-on pulse KONP is
outputted. An initial value memory portion 203 memorlzes an
initial value d(no) of the gquantization range data d{(n) and
supplies the initial value d(ng) to the input terminal A of
the selector 202. The output signal ( d(n) or d(no) ) of i:he
selector 202 is supplied to a decoder 210, a delay flip-flop
205 and a latch circuit 206 via a max/min control portion 204.
The max/min control portion 204 regulates a maximum value and
a minimum value of the quantization range data d(n). For
example, the maximum value and the minimum value of the
quantization range data d(n) are set respectively to decimal
values 16 and 1552. And, when the value of the quantization
range data d(n) exceeds the maximum value or the minimum
value, the maximum value or the minimum value must be
oﬁtputted_from the max/min control portion 204. A delay flip- -
flop 205 delays the quantization range data d{(n) by one clock
of the note clock NCK. When the attack end signal AEND is
supplied to the latch circuit 206, the latch circuit 206
inputs and latches the quantization range data d(n) supplied
to an input terminal thereof. The output data of the delay
flip-flop 205 and the latch circuit 206 are supplied
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In above fornula (2), an underfined term(1-2 B[err])luﬁﬂ i gn
bit. This sign bit is negative where B[err]- "1" and ere
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Bl[err]="0". The other terns parenthe5|ze6 by "[]" represent an ab ute
val ue of e(n)+e[err](n) which is ob- tained by adding the val ues d
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flip-flop 1§e%ﬁ€F9rtﬁe7coG§e;%kﬁ2F§%h2} éiﬁ uppkﬁgg S t#ﬂ%fekay
del ayed cod@h@hnkhies *iBdshgakl is supplied to a terminal SB of the
selector 207, the selector 207 selects the input terminal B.
Thereafter, the selector 207 usually selects the input
terminal A thereof, however, the selector 207 selects the
input terminal B thereof when the signal RENDD is supplied to
the selector 207. In this case, when the selector 207 selects
the input terminal A thereof, the selector 207 outputs the
quantization range data d(n-1) delayed by one clock in the
delay flip-flop 205 from an output terminal S thereof. When
the selector 207 selecté the input terminal B thereof, the
selector 207 outputs the data from the latch circuit 206 (this
operation will be described later).

As same as the decoders 120 and 126 in Figs. 2A and 2B, a
decoder 210 carries out a calculation according to the pre-
mentioned formula (2) and outputs the data “e(n)+er(n)". An
adder 211 adds the data “e(n)+e¥(n)" from the decoder 210 to
the prediction data pE(n-1) from the selector 217 to obtain
sum data "E(n)+e,(n)". This sum data "E(n)+e,(n)" is
outputted to an adder 165 within the linear prediction
decoding circuit 129A. A D-FF 215 is similar to the D-FF 128
shown in Fig. 2. The data supplied to an input terminal of
the D-FF 215 is delayed by one clock of the note clock NCK and
is outputted to a gate 216. The gate 216 is opened under a
condition in which the key-on pulse KONP is not supplied. The
opened gate 216 supplies the output signal of the D-FF 215 to
an input termina} A of the selector 217. When the attack end
signal AEND is supplied to a latch circuit 218, the latch
éircuit 218 inputs and latches the data supplied to an input
terminal thereof. The output signal of the latch circuit 218
is supplied to an input terminal B of the selector 217. The
selector 217 usually selects the input terminal A thereof,
however, the selector 217 selects the input terminal B thereof
when the signal RENDD is supplied to the selector 217. In the
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where the d nce between the present code S(n) and the preV|ous code
pS(n-1)

Nexf, description will be given with respect to the
linear prediction decoding circuit 129A shown in Fig. 8B. The
adder 165 adds the data "E(n)+e.(n)" supplied to one input
terminal thereof to the prediction value pS(n) supplied to the.
other input terminal thereof to obtain the data H(n). Latch
circuit 166 and 167 respectively read in the data supplied to
input terminals thereof when the signal AENDD is supplied to
both of load terminals L of the latch circuits 166 and 167.
Both of selectors 168 and 169 select and output the data
supplied to the input terminals A when the repeat end signal
REND is "1" signal. On the other hand, both of the selectors
168 and 169 select and output the data supplied fo the input
terminals B when the repeat end signal REND is "0" signal.
Both of D-FF 170 and 171 read in input data thereof when the
note clock signal NCK is supplied to the D-FF 170 and 171, and
the D-FF 170 and 171 are reset by the key-on pulse KONP.
Multipliers 172 and 173 respectively use the linear predictive
coefficients aq and a; as multiplier coefficients thereof. 'An
adder 174 adds output data of the multipliers 172 and 173
together to obtain the predictibn data pS(n).

Now, description will be given with respect to the
constitution in Figs. 3A and 3B. After a time when the key-on
signal KON becomes "1" signal, an envelope generator 176
successively:outputs envelope data ED to a mﬁltiplier 177.

The envelope data ED are determined in correspondence with the
key code KC, the tone code TC and the touch data TD. A
waveform of the key-on signal KON is shown in Fig. 9(A), and
waveforms corresponding to two types of envelope data ED are
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digital-to-analog converter) 178 where the output.data are
converted into_an analog signal. This analog signal is
amplified in a sound system 179'and is thereafter outputted as
a sound by a speaker.

Next, description will be given with respect to the

- practical operafion of the second embodiment shown in Figs. 32a
and 3B. First, when a player manipulates the tone-color
selection operating elements to select a certain tone-color,
the tone code TC is outputted from the tone-color selecting
circuit 142 in correspondence with the selected tone-color and
is supplied to predetermined portions of the instrument. |
Next, when the player depresses a selected key of the keyboard
136, the touch detecting circuit 137 outputs the touch data
TD, and the key-depression detecting circuit 138 outputs the
key-on pulse KONP, the key-on signal KON ("1" signal) and the
key code KC. The flip-flop 146, the frame counter 157 and the
D-FF 170 and 171 (shown in Fig. 8) are simultaneously reset
when the key-depfession detecting circuit 138 outputs the'key-
on pulse KONP. When the frame counter 157 is reset, the value
of the frame code FLC outputted from the frame counter 157
becomes "0". This frame code FLC of "0" is supplied to the
frame end address memory 159 and the linear predictive
coefficient memory 161. Thus, the frame end address. FLEA(O)
is outputted from the frame end address memory 159, and the
linear predictive coefficients a4 and ar for the frame[0] are
outputted from the linear predictive coefficient memory 161.
In addition, the above-mentioned key-on pulse KONP is supplied
to the address counter 140 via an OR gate 184, so that the
address counter 140 is reset. Furthermore, the key-on pulse
KONP is supplied to the selector 202 shown in Fig. 8A. Hence,



out p’U't rel ati onship and an operational accuracy bet wdhi ShdecH=Be@dRRplackd and a
déecoder processing circuit constituted by the quantlz

: r ol
circuit B, the decoder 9 and the delay flip-flop 11. Immumlwﬂw ption
will be given with respect to a first enbodi nent of the'l

conjunction with Figs. 2A and 2B. In Fig&88-2A and 2B, a data conpressing
circuit 101, a data nenory 102 and a decoding circuit 103 correspond
respect i vel heolnhbiaht ﬁaiﬁﬁpﬁé%ol mptpukted frompthapbaitdad, vy y 2 and

tlgi data deﬁeﬁb o U{,‘ 12032/ i si>as1=-.edt thﬂdh e;wltsialcézﬂimealwum@:ﬂiI e t

: , a mcrophgné and _an cony er corre respective

t he i crophﬂﬁl??»‘-’i‘ igngonfEok B°€5598r 129 %0, ﬁeFf"Ss' 12 pg;nl& 3'1 aga ]%’t?r
the sanpling(sigy ais fé@mlr@dﬁw Enav@stodet 021 ar @heupepithed 1h<1td.asﬂa\xmf1mrem
processi ngé rcii)é1 1 ere he c}i‘gltal data are once stored in a nenory
provi ded th fid+g ?Fam’:& d by a predeternined standardization
process. As shown in Flg 4, the nusical tone signal can be divided into an

attack portion (fnsi shog:Ae6t h8ALrATGA1962sbqhRAk 1801Y SheBREMIRD 15 @

sel ected part of
envelope data ED after a time when the key-depression

detecting circuit 138 outputs the key-on signal KON. In
addition, the note clock generating circuit 139 outputs the
note clock NCK to the address counter 140 after a time when
the key-depression detecting circuit 138 outputs the key code
KC to the note clock generating circuit 139. This note clock
NCK has a frequency corresponding to a tone pitch of the.

depressed key.' The address counter 140 counts up this note
clock NCK. Thus, the count value outputted from the address
counter 140 will be changed as 0, 1, 2, .... The count value
from the address counter 140 i.s supplied to the adder 141
where the count value is added to the output value of the
selector 145. At this time, the flip-flop 146 has been reset,
therefore, the selector 145 outputs the start address data SA
outputted from the address memory 143. As a result, the
output data of the adder 141 become the sum data of the above
start__address data SA and the count data from the address
counter 140, and the sum data is outputted to the data memory
135 as the address data AD. More specifically, address data
AD such as "SA+0", "SA+1", "SA+2", ... are successively
supplied to the data memory 135. Thus, the data memory 135
successively outputs the gquantized difference code C(n) of the
attack poftion' ATC to- the decoding circuit 163.

The decoding circuit 163 first decodes the quantized
difference code C(n) to the data "E(n)+e,.(n)" and then decodes
the data "E(n)+er(ri)" to the data H(n). More specifically, |
when the data memory 135 starts to successively output the
quantized difference code C(n), a repeat end signal REND is
the "0" signal. 1In addition,l the key-on pulse KONP is turned



portTén. The anplitude of the nmusical tone signal increases in the attack

portion ATC. By t %‘Tﬁﬁ‘/ﬁiﬂmﬁﬁi“dﬁ‘ zation
- _29-

to fhe “{" gignal only when the key is depressed, and
thereafter, the key-on pulse KONP is immediately turned to the
"0" signal. Therefore, after a time when the key is
depressed, both of the selectors 207 an 217 (shown in Fig. 8A)
select input terminals A thereof and output the input data of
the input terminals A from the output terminals S thereof. At
this time, practical constitution of the ADPCM decoding
circuit 124A in Fig. 8A therefore become identical to that of
the ADPCM decoding circuit 124 in Fig. 2B. As a result, the
ADPCM decoding circuit 124A decodes the quantized difference
data C(n) outputted from the data memory 135 as same as the
case of Fig. 2B, and the ADPCM decoding circuit 124A outputs

- the decoded data "E(n)+e,.(n)" to the linear prediction
decoding circuit 129A.

Incidentally, when the key is depressed, the key-on pulse
KONP becomes the ™" signal, so that the output value of the
gate 216 becomes "0". This "0" data isjsupplied to the adder
211 via the selector 217. As a result, the adder 211 outputs
the data "e(n)+e,(n)" as the data "E(n)+e,.(n)".

The linear prediction decoding circuit 129A decodes the
data "E(n)+e,(n)" to the decoded data "H(n)=S(n)+e.(n)". When
the key-on signal KON rises, the repeat end signal REND is the
"0" signal, so that the selectors 168 and 169 (shown in Fig.
8B) output the input data of the input terminals B from the
output terminals thereof. 1In this case, both constitutions of
the linear prediction decoding circuit 129A shown in Fig. 8B
and the linear prediction decoding circuit 129'shown in Fiqg.
2B become the same. Therefore, the data "E(n)+e,(n)"
outputted from the adder 211 will be decoded in a manner
described above for the linear prediction decoding circuit
129, and the decoded data H(n) will be obtained.

Referring again to Fig. 3B, the envelope is added to the
decoded data H(n) in the multiplier 177, and the output data
of the multiplier 177 is converted into an analog signal in
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the D/A converter 178. Thereafter, the analog signal is
‘supplied to the sound system 179 where thée analog signal is
- outputted as a musical tone. Thus, the musical tone is
generated with respect to the frame ([0].

Next, when the address data AD have reached to the frame
end address FLEA(0), the "1" signal is outputted from the
comparator 160 and is supplied to the clock terminal CK of the
frame counter 157 via the D-FF 158. Hence, the frame counter
157 is subjected to an increment and the frame code FLC is_
turned to "1". At this time, the frame end address FLEA(1) is
outputted from the frame end address memory 159. 1In addition,
the linear predictive coefficients a; and a, of the frame [1]
are outputted from the linear predictive coefficient memory
161 and are supplied to the multipliers 172 and 173 (shown in
Fig. 8B). |

Thereafter, the data memory 135 reads out the stored data
continuously and the musical tone of the frame [1] is _
generated. As described before, when the address data AD have
reached to the frame end address FLEA(1), the frame end
address FLEA(2) is outputted from the frame end address memory
159, and the linear predictive coefficients aq and a, are
outputted from the linear predictive coefficient memory 161 as
well. Thus, the musical tone is generated with respect to the

frame [2].

For example, when the address data AD become identical to
the attack end address AEA '(shown in Fiq. 4) in the middle of.
an operation for generating the musical tone of the frame [2],
the attack end signal AEND is outputted from the comparator
148 and is supplied to load terminals L of the latch circuits
206 and 218 {(shown in Fig. 8A). As a result, the latch
circuit 206 memorizes the quantization range data d(n)
corresponding to the last data of the attack portion ATC, and
the latch circuit 218 memorizes the last data "E(n)+er(n)" of
the attack portion ATC.
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for exanple. Ea sanpl i ng~38&ta is convened into data of
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of the flip-flop 146 so that the flip-flop 146 is set. After
that, the repeat address RA is supplied to the adder 141 via
the selector 145. The signal AENDD is also supplied to the
load terminals L of the latch circuit 166 and 167 (shown in
Fig. 8B) so that output data of the D-FF 170 and 171 thereat
are read respectively into the latch circuit 166 and 167. _
Fig. 10(a) shows examples of the last data H(n) of the attack

portion ATC and the first data H(n) of the repeat portion RPT
both outputted from the adder 165 in Fig. 8B. Fig. 10(B) and
Fig. 10(C) respectively show the output data of the D-FF 170
and 171. And, the signals AEND and AENDD are respectively
outputted as shown in Fig. 10(D) and Fig. 10(E). As is
apparent from Fig. 10, when the signal AENDD is supplied to
the load terminals L qf the latch circuits 166 and 167, the
latch circuit 166 memorizes the last data (A1) of the attack
portion ATC and the latch circuit 167 memorizes the data (A2)
second to the last.

The above is a description with respect to an operation
based on the signal AENDD. Thereafter, the adder 141 outputs
the address data AD in a sequence of "RA+0", "RA+1", "RA+2"Y,
"RA+3“,..., and the musical tone of the repeat portion RPT
will be generated thereby. As is the same to the operation
for generating the musical tone of the attack portion ATC, the
new linear predictive coefficients aq and a, are outputted
from the linear predictive coefficient memory 161 by each
frame and are supplied to the decoding circui£ 163.

Next, when the address data AD becomes identical to the
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166 and 167 are supplied respectlvely to the input terminals
of the D-FF 170 and 171 via the selectors 168 and 169. Next,
when the note clock NCK is outputted, the D-FF 170 and 171
read in the output data of the latch circuits 166 and 167, and
the D-FF 153 (Fig. 3A) outputs the signal RENDD ("1" signal).

The signal RENDD is supplied to a preset terminal PR of the

110.*Ascalculat'oqmn§m Is f t e linear predictive coefficients aferr]

frame counter 157, whereby the frame counter 157 presets the
output value ( "2", for example) of the repeat frame memory
156. As a result, the frame code FLC becomes "2" and the
frame end address memory 159 outputs the frame end address
FLEA(2). In addition, the 1ine£;\predictive coefficient
memory 161 outputs the linear predictive coefficients a4 and
ap of the frame [2]. The signal RENDD is supplied to the
selectors 207 and 217 shown in Fig. 8A so that the selectors
207 and 217 select the input terminals B thereof. At this
time, the output data of the latch circuits 206 and 218 are
outputted via the selectors 207 and 217. Therefore, when the
first quantized difference code C(n) is read out in the second
cycle for generating the musical tone by use of the repeat
portion RPT, the quantization range data d(n-1) and the PCM
reproduction code pE(n-1) referred to as the preceding wvalues

" are those which correspond to the last quantization range code
C(n) of the attack portion ATC. Therefore, the data is
processed as if the repeat portion RPT for this second cycle
follows the attack portion ATC in the continuous manner, so
that the smooth musical tone will be obtained.

The signal RENDD is supplied to the address counter 140
via the OR gates 186 and 184 so that the address counter 140
is reset. Hence, the adder 141 repeats to output the address



ADPCM quanti zation nmethod and converts the data E(n) @f; 08 gom
the subtractor 112 into the quantized difference code T

The quantized difference code C(n) is stored in the dammﬂz .'{ The
ADPCM operating circuit 116 al so decodes the quantized id e C(n)
into the original data E(n), and the deceddd data is supplied to the adder
113. In this case, the decoded data i s not |dent|cal to the data E(n
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t he _ decoded data H(n) of the head portion of the second repeat :
portion RPT. As shown in Fig. 11(A), the decoded data H(n) of
the last portion of the repeat portion RPT are represented by
RE3, RE2 and RE1. Fig. 11(B) and Fig. 11(C) respectively show
the repeat end signal REND and the signal RENDD. The latch
circuits 166 and 167 memorize the data A1 and A2 (the decoded
data of the last portion of the attack portion ATC) as
described in Fig. 10. As shown in Fig. 11(D) and Fig. 11(E),
the D-FF 170 and 171 respectively read in the data A1 and A2
at a leading edge of the signal RENDD. At the same time, the
first quantized difference code C(n) of the repeat portion RPT
is read from the data memory 135. More specifically, when the
first quahtized difference code C(n) of the repeat portion RPT
is read from the data memory in the second cycle, the data in
the D-FF 170 and 171 become identical to those in the first
cycle. Hence, the linear prediction decoding circuit 129aA
outputs the decoded data which is identical to tha_t in the
first reproduction cycle. Similarly, the second decoded data
H(n), the third decoded data H(n) and other decoded data H(n)
will be obtained in the second reproduction cycle of the
repeat portion RPT as well.

Thus, the second repeat portion of the musical tone is
generated by use of the repeat portion RPT, thereafter, the
third, fourth, ... last portion of the musical tones will be
generated by use of the repeat portion RPT under the same
process described above.

When the player takes his finger off the key, the key-on
signal KON is returned to the "0" signal. Hence, the value of
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to the following formula (3) to obtain the data E(n).
"in conjunction with Fig. 12, Fig. 12(A) shows a waveform of
the original data S(n) obtained by sampling a piano tone.
Each data S(n) shown in Fig. 12(A) is converted into the
quantized difference codg C(n) in the data compressing circuit
101 shown in Fig. 2, and the code C(n) is stored in a memory.
The stored code C(n) is read from the memory and is decoded
into the data H(n) in the circuit shown in Figs. 8A and 8B.
Fig. 12(B) shows the waveform of this decoded data H(n). Figq.
12(C) shows the subtraction result obtained by subtracting the
data H(n) shown in Fig. 12(B) from the data S(n) shown in Fig.
12(A), in other words, Fig. 12(C) shows the reproduction
error. In Fig. 12(C), the scale of the vertical line is four
times that in the Fig. 12(A) and Fig. 12(B).

As shown in Fig. 12(C), although the data are greatly
compressed and are stored in the memory in the above
embodiments, it is possible to reproduce the stored data with
extremely small error.

In the above ‘embodiments, the degree of the linear
prediction operation, i. e., the number of D-FF 114a and 114b
-is secondary, however, it is not limited to that. Due to the
experiment results, the reproduction error become the smallest
when employing the secondary linear prediction operation. For
example, Fig. 12(D) shows the reproduction error when the
fourth linear prediction operation is employed wherein the
other experimental conditions are the same as those in Fig.
12(A) through Fig. 12(C). In Fig. 12(D), the reproduction
error is larger than that in Fig. 12(C) because a correlation
between the data E(n) becomes less as the accuracy of the
linear prediction operation becomes better. As a result,
because a compression rate (or a compression accuracy) of the
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' : ( 3y data E(n) is
sapplied to the ADPCM operating circuit 116. In this_caslss;LEQ i B ‘%6n
value pS(n) lies in the neigh- borhood of the waveform dEMH ” S
presently supplied to the subtractor 112 (because of ar Il be
described later). As a result, the val ue38f the data E(n) is further
smal l er than_the value of the wayeformdata _S(n). The ta n re
convert ed i%‘?%cvhepﬁﬁﬁﬁ?'f‘geﬂlﬁwgr gﬁEé’m&f‘dé‘(&%ﬁ' o?’nf g%ﬂ tﬂ%’s‘gq ﬁ‘ﬁ”r?e’ ABscm
operati ng g&:?ﬁb'éla&ién BEtwARHCihepdathi EYn}i isurémalfeduttpuias cerdain
quanti ze i fferegnce gcode n) .to the dafa nenyr | s ut puts the
data » & n) sertent (F5- €8S satohanty’ 9beratiol; (abt Hio-ER0 A, 1l 0
"E(n) +e[ er r¢dmpressibherptedoft the ADPOM pPématingobiacuil beeowslsue. This
sum val ue cgp. pg.expressed by the followi ng fornula (4). '

Next, description will be givén with respect to modified
forms of the first and second embodiments in following
paragraphs (1) through (18).

(1) Fig. 13 shows a modified form of the ADPCM decoding
circuit 124A shown in Fig. 8A. In Fig. 13, a memofy 206A for
storing data necessary for calculating the initial value of
the repeat portion RPT and a memory 218A for storing the value
of the last data in the attack portion ATC are provided
instead of the latch circuits 206 and 218 shown in Fig. 8A.
Therefore, the data are not stored in the latch circuit 206
and 218 by use of the signal AEND, but alternatively, the data
for storing are pre-provided in the memories 206A and 218A.

Of course, the data must be provided in correspondence with
each musical tone waveform stored in the data memory 135.

Fig. 14 shows a modified form of the linear prediction
decoding circuit 129A shown in Fig. 8B. 1In Fig. 14, a data
memory 230 (ROM) for storing data necessary for calculating
Ehe initial value of the repeat portion RPT is provided
instead of the latch circuits 166 and 167 shown in Fig. 8B.
The data memory 230 memorizes the last compressed data A1 and
A2 of the attack portion ATC described before in
correspondence with each musical tone waveform stored in the
data memory 135. When the key code KC, the tone code TC and
the touch data TD are supplied to the data memory 230, the
data corresponding to the supplied data are read out and are
supplied to the selectors 168 and 1609.

In Figs. 13 and 14, the memories 206A, 218A and 230 can
be constituted by RAM and the data can be calculated and
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- stored at a power-on time, a tone color selecting time, etc.

In addition, the decoding circuit 163 shown in Fig. 2B
can be obtained by properly combining the circuits 124A and
129A shown in Fig. 8, the circuit shown in Fig. 13 and the
circuit shown in Fig. 14.

(2) The above embodiments disclose the electronic musical
instruments of the monophonic types, however, it is pos51b1e
to apply the present invention to electronic musical
instruments of the polyphonic types. In this case, it is
preferred to use the time division process.,

(3) It is possible to perform the operatidn pfbcess in
the comparators 148, 152 and 160 (Fig. 3A), in the multipliers
172 and 173 (Fig. 8B), etc. based on the time division
process.

(4) In the above embodiments, the data memory 135
memorizes the standardized musical tone waveforms, however, it
is possible to memorize unstandardized waveforms having
envelopes thereof in the mémory 135.

(5) Each musical tone waveform is memorized in
correspondence with the tone code TC, the key code KC and the
touch data TD in the above embodiments, however, it is
possible to memorize each waveform in correspondence with the
tone code TC only. In addition, the musical tone waveform can
be memorized in correspondence with the operating condition of
the operating elements manipulated by the player. Any
combination of the above methods can be employed in the
present invention.

(6) It is possible to employ the interpolation operation
instead of memorizing the musical tone waveform for each key
code KC and for each touch data TD. 1In this case, a first
waveform corresponding to touch data TD of the strongest touch
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intensity and a second waveform corresponding to touch data TD

of the weakest touch intensity are memorized, for example.

And, a certain waveform corresponding to touch data TD having
a medium touch intensity can be obtained from the first and
second waveforms by performing the interpolation operation.
The circuit for performing the interpolation operation has
been disclosed in the Japanese Patent Application Laid-Open

.N°.60‘55398.

(7) In the above embodiments, only one repeat portion RPT-
is provided, however, it is possible to provide a plurality of
:epeat portions RPT.' In this case, an interpolation
interconnection (as disclosed in U.S. Pat. No. 4,633,749) can
be employed for smoothing each interconnection between the

' ~ repeat portions. Instead of the interpolation

interconnection, a waveform connecting method as disclosed in
U.S. Pat. No. 4,520,708 can be employed. '

(8) In the above embodiments, the digital data outputted
from the waveform processing circuit 106 (shown in Fig. 2A)
are once stored in the waveform memory 107 and are then
compressed. However, it is possible to compress the digital
data based on a real time system.

(9) In the above embodiments, the output data of the A/D
converter 105 are standardized, and thereafter the output data
are compressed. However, it is possible to properly edit the
waveform of the output data before cdmpressing the output
data. For example, a certain portion is extracted from the
waveform, or a certain operation is performed for smoothing
the interconnection between the repeat portions. -

(10) In the above embodiments, the musical tone is
collected by the microphone 104 and is converted into the
original musical tone data in the A/D converter 105. However,
it is possible to obtain the original musical tone data by use
of a computer simulation.
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(12) The application of the present invention is not
limited to the keyboard musical instrument. And, it is
possible to apply the present invention to other electronic
musical instruments having no keyboard, such as a sound source
module or a rhythm sound source.

(13) It is possible to provide a (digital) filter
connected after the decoding circuit and to control a musical
tone by passing the decoded data through the filter. The
filter characteristics of the filter are changed according to
the touch data TD, the key code KC, etc. to thereby control a
tone color of the musical tone.

(14) It is possible to employ methods for generating the
address data AD of the data memory 135 other than that
described in the above embodiments. Among the methods, there .
are a method for accumulating a F number(a frequency number),
a method for generating the address data by successively
subtracting a value from ALL ™", a method for presétting the
start address by use of an address counter 140 of the
presettable type and a method for calculating the address by
use of a (mlcro) program, for example.

(15) In the above embodiments, the waveform data of the
repeat portion RPT is repeatedly read from the memory and the
musical tone is generated. However, it is possible to
memorize the whole musical tone waveform in the memory and
read out the whole waveform to obtain the musical tone.

(16) In the above embodiments, the linear predictive
coefficients a4 and a, are changed by each frame. However, it
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pS(n) calculated by use of the above coefficients g etH%ﬂ%e becones
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E(n) of thel§‘53é§£i>@b £d2swikten the frames by use of the upper bits of
the address data AD.

(18) In the above embodiments, the frame switching
positions and thé repeat portion are set independently.
However, it is possible to synchrohize the frame switching
positions with the repeat portion by switching the frames at a
head position of the repeat portion, for example.

Next, deécription will be given with respect to the third
embodiment of the present invention in conjunction with Fig.
15. In Fig. 15, same numerals designate the corresponding
parts shown in Figs. 2A and 2B, and description thereof will
be omitted. The present embodiment is roughly constituted by
a data compressing circuit 301, a LPC data memory 302 and a
decoding circuit 303. When the circuit shown in Fig. 15 is
compared to the circuit shown in Figs. 2A and 2B, a limiter
304 and the LPC data memory 302 are used respectively instead
of the ADPCM operating circuit 116 and the data memory 102
shown in Fig. 2A, and the ADPCM decéding circuit 124 shown in
Fig. 2B is omitted. 1In addition, a linear prediction
operating circuit 305 is constituted by the subtractor 112,
the adder 113, the prediction value calculating circuit 114
and the limiter 304.

In the linear prediction operating circuit 365, the
output data E(n) (of twelve bits) of the subtractor 112 is
supplied to the limiter 304. The limiter 304 cuts upper four
bits and lower two bits of the output data E(n) of twelve bits
to obtain compressed data L(n) of six bits, for example. In
the case where the upper four bits of the data E(n) include
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defé}ehce dat a : 1) and E(n) are supplied to the encoder
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based on the ADP um ﬂ)lﬂ ain the quantized difference code C(n) of
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formula (5).
since the prediction value pS(n) is near the value of ;he

present waveform data S(n). In this case, the upper four bits
of the data E(n) are usually "0" except for the initial data.
Hence, the data L(n) are approximately-identical to the data
E(n), and the data L(n) includes only a small error caused by
cutting the lower two bits of the data E(n). This data L(n)
can be expressed by the following formula (7).

L(n) = B(n) + e, (n) cece (7)

The adder 113 adds the data L{(n) to the prediction value pS(n)
to obtain the addition result as expressed in the following
formula (8).

L(n) + pS(n) = E(n) + e,(n) + pS(n) = S(n) + ep(n) ....(8)

Hence, the addition result becomes approximately equal to the
waveform data S(n), and the prediction value pS(n) is rendered

" nearly equél to the value of the waveform data S(n) by the
prediction value calculating circuit 114, as described before.
Fig. 16(A) through Fig. 16(G) show the data S(n), the data
E(n), the data L(n), the output data of the adder 113, the
output data of the D-FF 114a, the output data of the D-FF 114b
and the prediction value pS(n) in correspondence with the
waveform data S(1) through S(4). 1In Fig. 16, the initial
values of the D-FF 114a and 114b are set to "0". The data
L(n) of six bits is once stored in the LPC memory 302 and is
read out to be supplied to the adder 130. As described '
before, the adder 130 adds the data L(n) of six bits to the
data pS(n) of twelve bits to obtain the decoded data H(n) as
expressed by the following formula (9).
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out-put data "E(n)+e[err](n) of the adder 121 is del ck pul se
in the D-FF 122 and supplied to the subtractor 117 QMHHMMHEIHIWW dat a
pE(n-1). Thus, thée value of the prediction data L

approximately equal to the val ue of t he=dra e(n-1). Hence, .the output data

e(n) of the subtpactor 117 hecongs . dentical to di fference data b en
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before the data E(n)). In result, the value of the data e(n) becones furher
smal | er than the value of the data E(n). Therefore, a big quantization 9)

error can not be generated even when the data e(n) are converted Fﬁ'fhé
code C(n) of four bits (substantially three bits) in the encoder 118.

Fig. 16(H) through Fig. 16(L) show the output data of the LPC
data memory 302, the output data of the adder 130, the output
data of the D-FF 131a and 131b, and the output data (the
prediction value pS(n) ) of the adder 131e. In this case, the
initial values of the D-FF 131a and 131b are both set to "0".

Fig. 17 shows a modified form of the linear prediction
operating circuit 305 shown in Fig. 15. When it is not
necessary to consider the error accumulation, this circuit can
be employed. In this case, an_I/O characteristics of the
limiter 306 can be arbitrarily set to optional values, and it

- is possible to omit the limiter 306 according to the need. 1In
the case where the limiter 306 cuts only the upper bits of the
data E(n), the limiter 306 is not required practically.

In Fig. 17, D-FF 307 and 308 and multipliers 309 and 310
are respectively corresponding to the D-FF 114a and 114b and
the multipliers 114c and 1T4d, and description thereof will be
omitted. The data S(n) is supplied to the D-FF 307 and a
subtractor 311. A subtractor 312 subtracts an output data of
the multiplier 309 from the output data of the multiplier 310
to obtain a prediction value pS{(n). The subtractor 311
subtracts the above prediction value pS(n) from the data S(n)
to obtain the data E(n) of twelve bits. The data E(n) are
limited into the data L(n) of six bits in the limiter 306 as
well as in the limiter 304.

This invention may be practiced or embodied in still
other ways without departing from the spirit or essential
character thereof. For instance, in the illustrated preferred
embodiments, the main part of the data compression circuit is
not limited to the encoders or limiters, and other circuits
can be applied for compressing the data. The preferred
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shown in Fig. circuit 103 is roughly constituted by an
ADPCM decodi ng l“ a linear prediction decoding circuit 129. In

the result, t'he erence cod C(n) | s decoded into data
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| i near prediction decoding circuit 129. The above decodi ng process is
identical to that of the ADPCM operating circuit 116 where the data
"E(n)+e[err](n) is produced fromthe quantized difference code C(n).



The -| i near predlﬂhd&&tﬁmmlamdrCU|t 129 is constituted by an adder 130
and predlctlon val ' circuit 131 where the constitution thereof
is identical to tdﬂ@“& menti oned prediction value cal cul ating
circuit 114. Int oeffici endd-a, and a2 read fromthe
coefficient nenory 110 are supplled respectlvelyto nuttlpllers 13lc and

131d i n t he 1@ni-cubi-nixgd-callhdane st PR e U TPRreL SO STad e
“pul se deter %ﬁgtoﬁé £3 "E{Pd n

adds the ou?&tljytﬂ%é:?go it}w%n% qe%ﬁge?ésfqﬁlc and 1311yd t 0 or? m%g%éiy g
gener at es t Isaigk gnonp @f mwweﬁ wvaveferm gagap¥ithe eaGhie

out put datak@yh ﬂ%%l@%é%?&é’aé‘&n)éam tiwsedesdaing ﬁeanbebezmi;esse by

te[]gr];fl( L;J\_/FVI[ 2_9 ormJ_ es(‘?ﬂ ea%l'[. 64??](?55@5'*%? of said keyboard to( aFa( rl:)he

group of compressed waveform data corresponding to s#Zid each
depressed key from said first memory means.

14. A musical tone generating apparatus accopding to claim -
13 further comprising key-depression intensi{y¥ level detecting
means responsive to each depression of key Of said keyboard
for detecting a level of intensity of said each depression of
key to output data representative of g detected 1nten51ty
level, said group of compressed wavefgrm data correspondlng to
each key comprising a plurality of Hlocks of compressed
waveform data corresponding respegtively to predetermined
different key;depression intensjfy levels, said first reading
means being responsive to said/intensity level data to select
the group of compressed waveform data corresponding to the
depressed key and to read jghat block of compfessed waveform
data of said selected groQip of compressed waveform data which
corresponds to the detgcted intensity level.

15. A musical tond generating apparatus according to claim 9
further cohprisi 4 a tone color selection means for selecting
a desired one of a plurality of tone colors to be given to
said musical Xone to output data representative of the
selected tope color, said first memory means storing said
group of gbmpressed waveform data with respect to each of said
plurali of tone colors, said first reading means being
responéive to said data representative of the selected tone
colg¥ to read the group of compressed waveform data
cofresponding to said selected tone color data from Sald first

1)L A musical tone generating apparatus for an electronic
musical instrument characterized by the provision of:

!
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(2) memory means for storing a series of compressed

waveform data therein, said series of compressed waveform data
' being obtained by compressing a series of waveform data

representative of instantaheous values of a waveform of a
musical tone by use of either one of a predictive coding
method and a modulation method;;

(b) data providing means for providing replacement data;

(c) reading means for repeatedly reading at least one
portion of said series of compressed waveform data from said
memory means, said replacement data corresponding to data

preceding said at least one portion in time among said series
of compressed waveform data;

(d) circuit means responsive to said replacement data
and said at least one portion of said compressed waveform data
for replacing the first compressed waveform data of said at
least one portion with said replacement data to output a group
of compressed waveform data; and '

(e) decoding means for decoding said group of compressed
waveform data by a decoding method corresponding to said one
method to obtain a series of decoded waveform data, said
musical tone being reproduced based on said series of decoded
waveform data. |

2)2( A musical tone generating apparatus according to claim

1 18, wherein said modulation method is one of the delta
modulation method, the adaptive delta modulation method, the
differential modulation method and the adaptive differential
modulation method. ' '

3 181 A musical tone generating apparatus according to claim

1 }8, wherein said musical tone waveform is divided into an -
attack portion in which an envelope amplitude thereof becomes
increasing and a sustain portion in which an envelope
amplitude thereof is generally constant, said memory means

_ storing, as said series of compressed waveform data, those
compressed waveform data corresponding to said attack portion
and those compressed waveform data corresponding to a selected
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iOHeféignaI by per b conversion (not shown). The above is
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ion of the first enbodi ment of the present
_ _ he quant<44sation error e[err](n) is
contained in the output data of each of the adders 121 and 114e, and
therefore, pastqofinsaidt ismstadnopcxiion, sadids readiing means fhestevebding
data, such gg, she,BLeTLahi¥ AU NP0 hits E6£HLELORRING to said |
attack portion and then repeatedly reading, as said at least
one portion, said those compressed waveform data corresponding

to said selected part of said sustain portion.

419, A musical tone generating apparatus according to claim

3189, wherein said data éroviding means comprises second memory
means for storing, as said data, the last compressed waveform
data of said those compressed waveform daté corresponding to
said attack portion. '

524, A musical tone generatin§ apparatus according to claim

1318 further comprising sampling means for sampling said musical
tone waveform to produce said instantaneous values, and
encoding means for encoding said instantaneous values by said
one method to produce said series of compressed waveform data.

6 2%, A musical tone generating apparatus according to claim

.1}6 further comprising a keyboard, said memory means storing
said series of compressed waveform data with respect to each
key of said.keyboard, said reading means bein§ responsive to
each depressed key'of said keyboard to read the sekies of
compressed waveform data corresponding to said each-depressed
key from said memory means.

.7 2. A musical tone generating apparatus according to claim

6 2 further comprising key-depression intensiti level detecting
means responsive to each depression of key of said keyboard
for detecting é level of intensity of said each depression of
key to output data representative of the detected intensity
level, said series of compressed waveform data corresponding
to each key comprising a plurality of blocks of compressed
waveform data corresponding respectively to predetermined
different key-depression intensity levels, said reading means
being responsive to said intensity level data to select the
series of compressed waveform data cdrresponding to the
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. v - \
val\-ﬁg pS(n). In other words, the present enbodi rreni’hit%lnethesgegﬁs'fied as
thé pre-nentioned error feedback type hence, the er : Y | at ed
in the decoded data H(n). Generally, a certain erro Mﬂ”ﬂ an
operation of finite word |l ength data. |n-¢#f+s case, ho S possible

to prevent such errors from being generated by rendering the nunber of bits
01;] tlhga i npudepmbsuad ey and dipiatead that hifock of RoBPrefsad: WayeRrmh

t he |inear | Clg tdd [ ' éﬁﬁb AN | &da i
decodi ng ci f&rcangyt gﬁ%a%%%ém%&ti%%ﬁgﬁ oper a%iéﬁg]%?rgﬁ?te Eﬁl)%gi gﬁﬁ] tyehJ'Ch
ADPCM decodiaerrssrands 1ba theydetected iptengdtyrd@Vflere the operation is
performed very accurately, i e.. in the case where the quantization error
IS not nec Eéaril consj dered to be accugglated

operati ng. Bl 1 BHRLGRL Gons, SeRerat e, gopsrahuscabtRaiag 1R, Rt

predicti onllgmrﬁﬁ@r%éﬁgﬁé@iiéiﬂgaadtme_mw sptectiog gieans tfci6,

e e Lt mota A AGaf A0 55508, &' PRYadh B Yanl e bd 24

: given to said musical tone to output data representative of

the selected tone color, said memory means storing said series
of compressed waveform data with respect to each of said
plurality of tone colors, said reading means being responsive
to said data representative of the selected tone color to read
the series of compressed waveform data corresponding to said

selected tone color data from said memory ‘means.

generating apparatus characterized by the provision o

(1) dividing means for dividing a waveform of a/musical
tone, represented by a series of sample values of Aan dmplitude
of said musical tone, into a plurality of frameé arranged in
terms of time; and

(2) predictive coefficient calculating means for
calculating, with respect to each frame/a predictive
coefficient from the sample values of/said each frame, each of
the predictive coefficients being fO6r use in a predictive
operation to be effected on the gample values of a respective
one of said plurality of frameé to calculate predicted values
of said sample values, said/predicted values representing an
approximated waveform of /Said waveform.

25. A musical tone -enerating apparatus for an electronic
musical instrumen¥ characterized by the provision of:

(1) memory/means for storing a series of compressed
waveform datz which have been obtained by compressing a series
of wavefor#ffi data representative of instantaneous values of a
waveforyw of a musical tone by a predictive coding method;

- = - A LOaAno — ala e - ad=-%al¥~ = ala
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waeuer this danamsmnnhe§sm I@ﬁicU|t 101 is provided in a nusical tone
géheratlng apparat plled for a sanpling electronic nusica

i nstrrunment (in mhl n sanpl e any sounds). Next, description
will -be given mﬁth spec e second egpedi nent of the invention in
conj unction mnth Flgs 3A and SB Flgs 3A and SB shom1systen1b|ock

di agrams of predistiveicoats BePEeeLavnYe | on

is applied, \ Qf ical
tone forni ng%ﬁ%&% he e¥me Jfﬁ%ﬁléférr%%#gl éVSEe%{:kﬂoﬁeEBeEE da rﬂ,Sls(‘aq
repr esent at i \peredi.ahiste goding mathods nsaid cpredhabive; caefRdcdent @?é‘@d by

{he data oyl g o iiaksrddhdd\viith a?fagat srcus @;esnan a data nemory

135 in Fig ta nenory_ 135 nenor]zes the”nusi t one veform

data with respect (33 ¥waymefosn dﬁ%rrem LA hmPﬁ’E‘éngPFyrF@é' icing said

key- depr essi ardisLb¥ Wavefvk i adati OfLoR E&hd( Qbm@&éhsledy)va\fefomamﬂ&,by

when ten kinds of tone colors,_for f IVf | evel s_of, the touch

intensiti es effecting a second p edictive operat on on Said compressed
waveform data-Gsing said predictive coefficient data, said

second pfedictive operation being related with said first

926. A musical tone generating apparatus for an electronic -
musical instrument characterized by the provision of:

(1) memofy means for'storinq a series of compressed
waveform data which have been obtained by compressing a series

 of waveform data representative of instantaneous values of a
waveform of a musical tone by a predictive coding method;

(2) data providing means for providing replacement data;

(3) reading means for repeatedly reading at least one
portion of said series of compressed waveform data from said
memory means, said'replacement data corresponding to data
preceding said at least one portion in time among said- series
of compressed waveform data;

(4) circuit means responsive to said replacement data and
said at least one portion for replacing the first compressed
waveform data of said at least one portion with said
replacement data to output a group of compressed waveform
data; and

(5) decoding means for decoding said group of compressed
waveform data by a decoding method corresponding to said
predictive coding method to obtain a series of decoded
waveform data, said musical tone being reproduced from said
series of decoded waveform data.

10 27. A musical tone generating apparatus aécording to claim
9 28, wherein said predictive coding method uses a linear
predictive operation which is effected on said series of
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are.provided, the nunber of the menorized nusical TR ShesEIA B BpIREs O TES

10X4@x5:2000. In this case, the nusical tone wavefor I t he
data.nmenory 135 are not whol e wavefornms of the nusic "HI Eul
parti.al waveforns each including the atlﬁgk portion

s but
repeat portion RPT which follows the attack portion ATC. Hence, when the

of the
][T!Jsi ﬁ'ﬂ' t O%Je‘-ft&qmgiﬁf% ;é&%@faré@ges hsa]; aprediched t Gfravﬁﬁaﬁu' data,
irstly read qut an ereafter e eformo e,pant c0of the.,re
portion RPPaid Fgﬂ?qﬁﬁquxﬂéﬁ%ﬁﬁﬁmtag¥§pgﬁghgeogﬁﬁi&ﬁ8Igrﬁgngéphgggﬁfﬁ%
nusi cal t oRE. whkieEord'dyits ethdea tdeset bes) of phedivtedawavetform datan an
envel ope and is converted into a nusical tone signal by a D/A conversion.
Herei nafter, detailed description will be given with respect to the second
enbodi meril 28t canmm=idadn tond gensratingnapparatusrfgr an, eleskramicone of
the keys Olnfhdt0aHdrifent CRREESEEH1ZR4! ByC geg%vi@aoﬁ gyt 137
etects a touch I'ntensity of the depressed key and generates touch data TO
correspondi ng t d1)hmemans ikeansufari stasing argeries of compressed

waveform data which have been obtained by compressing a series
of waveform data representative of instantaneous values of a
waveform of a musical tone by a differential quantization
method;
' (2) data providing means for providing replacement data;

(3) reading means for repeatédly reading at least one
portion of said series of compressed waveform data from said
memory means, said replacement data corresponding to data
preceding said at least one portion in time among said series
.of compressed waveform data; ’

(4) circuit means responsive to said replacement data and
said at least one portion for replacing the first compressed
,waveform data of said at least one portion with said
replacément data to output a group of compressed waveform

data; and _ _

(5) decoding means for decoding said group of compressed
waveform data by a decoding method corresponding to said
differential quantization method to obtain a series of decoded
waveform data, said musical tone being reproduced from said
series of decoded waveform data. :

12 24. A musical tone generating apparatus according to claim

11 28, wherein said differential quantization method uses at
least one of the delta modulation operation, the adaptive
delta modulation operation, the differential pulse code
modulation and the adaptive differential pulse code modulation
which is effected on said series of waveform data to produce

said compressed waveform data.




detec{rng the touch intensity, any of the following first and second
nethods can be enployed. In the first nethod, two klnds of contacts are
prOV|ded for each key. The first contact is turned ‘on

slightly'depressed, and the second contact is turned on mhen t he ke
i s depressed down to a bottom point thereof, Then, the Hémﬁeﬁ B?'FBRF
c

t he depressed key is detected based.on a péfiod betmeen

first and se acts On the other hand, in the se

pi ezoel ectric-csytar el nent or other pressure sensitive eIenents are
provi ded at .a bottom portion of each key in order to detect a

key- depressi ng pressure, a%g%égﬁlﬁﬁmgxugfmmegsed key is
detect ed based on the outp €y- depr essi on
detecting circuit 138 detects whether any one of the key is depressed or
rel eased based on mtﬁwicﬁi ene gén&rat it apparabushutitipiagi dedatal ow

code KC of ¢ IPRREFERCER Babharl ity dioBlnssay . RERLFRY RoH 48 RoRRIBA Y
"1" (herei nafamd is ®tgmttérhv1ni;o awavefiormvdata' 1S(n))d UEhesd ewavdfomrmas
a "1" signal W &I are compressed into compressed data (C(n)) by a
- linear predictive coding method and further by a differential
quantization method. The number of bits of each of the
compressed data (C(n)) is thus significantly smaller than that
of the waveform data (S(n)). Thereafter,_a memory (2) sﬁores
SN the thus compressed data corresponding to an attack portioh of -
‘the tone and a selected part of a sustain portion of the tone.
Hence, it is possible to remarkably reduce the memory storage.
When generating a musical tone, the memory (2) reads out the
compressed data (C(n)) of the attack portion and thereafter
repeatedly reads out the compreSsed.data of the selected part.
The read-out compressed data are sequentially decoded into the
original digital data. Thus, the whole waveform of the
- musical tone is reproduced.



having a low level "0" will be reterred to as a "0" signal) are outputted
fromthe key-depression detecting circuit 138. In addition, a key-on pulse
KONP is outputted at a | eading edge of the key-on signal Tﬂi&ﬂeétmméelhﬁeplaced
- key-depression detecting circuit 138. Wen the key is det

rel eased the | evel of the key-on signal KON is returned iE!‘! m;mu "
(i.e., the key-on signal KON pecones "0" signal). In the

plurality of keys are si mJI-Ea eously depressed, the above operation is
perfornmed on one sel ected key in the depressed keys (such as a | ast
depressed key or a key haw.ﬁg t he- pighest -pitch tone in the depressed keys,
for exanple). A note clock fCK i §ne*ated in a note clock generating
circuit 139 and is supplied® ¢ véd [MsIPor®ions of this instrument. This
note clock NCK has a fre cfﬁres_gondl ng to the tone pitch-of the key

which is indicated by the ke (Eoutputted fromthe key- depression
detecting circuit 138, An add s cougter 140 counts up the note clock NCK

and outputs a counted val ue poT—t b an adder 141.
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A tone col or sel ecting circuit 142 is constituted by a pluratty—ef— =

t ome-col or sel ection operating elenents and at- tached circui. S%hereof
and the tone-color selecting circuit 142 outputs a tone code eetHaSBeenReplaced
corresponding to a presently selected tone color. A start addr
143 nenorizes address data which indicate addresses of head da

musi cal tone wavelorns stored in the data nenory 135 shown in Flg 38
the key code KC, the | one code
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j 104 -
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- 8- TC and the touch data TD are supplied to the start address rrermry
the nmenory 143 reads out and outputs the

1483,

P et
: ' 127
B Cim | becoper n
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start address data SA indicating the head address of the nusical tone

wavef orm corresponding to the above supplied -data. A repeal address menory
144 menorizes addrasShed HascBeeREPIEE| ng addresses of repeal data of the

nmusi cal tone wave 1 the data nenory 135. The repeat data is
the head data of tl| on RPT shown in Fig. 4. Wen the key code
KC, ‘the tone code the touch data TD are supplied to the repeat
address nenory 144, the menory 144 reads out and outputs repeat address
data RA indicating the address storing the repeat data of the nmusic one
. art ress
edEby Ja del ect 1 nd

data SA and the repeat address dat
is supplied to the adder 141. An R- esgt - g i p-1! op) [L46
is provided for controlling the seleqtor . 345 lghenghe' $ I 3
outputted fromthe output term nal lidd- |fl qp= ar-HAput
termnal A of the selector 145 is sel ; gt e dGE et datld ISA is
outputted to the adder 141. Wen thg "1" |q30u p<t£§ om tihe
output termnal Qof the flip-flop 146,-ar'z teérri afe |#&e of fhe 44l lector
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145 is selected and the repeat address data RA is outputtéd to the—adder—

141. Two output data of the address counter 140 and the sepgGjor, 145 are
added together in the adder 141, and the sumdata of the abo NGplaced
data is supplied to the data nenory 135 shown in Fig. 3B as I

AD. An attack end address nenory 147 nenorizes address g
addresses of attack portion end data of the nusical tone waveforns stored
in the data nmenory 135. The attack portion end data is the |ast data of the
attack portion ATC shown in Fig. 4, Wien the key code KC, the tone code TC
and the touch data TD are supplied to the attack end address nenory 147,
the nmenory 147 reads out and outputs attack end address data AEA to a
conparator 148. This data AEA indicate theaddress storing the attack
portion end data of the nusical tone waveform corresponding to the above
suppl i ed data The conparator 148 conpares the address data outputted from

the adder 141 with the attack end address data AEA. \Wen the data AD and
AEA becone equal to each other, the conparator 148 outputs
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an attack end srgral—AEND ("1" signal).
provi ded for adj tlng the timng. The attack

by one cl ock of t
si gnal AENDD.
irndicatig addresse

MwﬂonmlnthedMarmmny

A D-FF (a delay flip-flop) 149 is
end signal AEND is del ayed

“ék@dkﬂN@K in the D-FF 149 and is outputted as a

ess menory 151 menorizes address data

at portion end data of the nusical tone
The repeat portion end data is the | ast

data of the repeat portion
tone code TC and the touch data TD are supplied to the repeat end address
menory 151, repeat end address data REA is read fromthe nenory 151 and is

supplied to a conparator

RPT shown in Fig. 4. Wien the key code KC. the

152. This repeat end address data REA indicates

the address storing the repeat portion end data of the nusical tone

wavef orm correspondi ng to the above supplied date.
conpares-the address data AD..out putﬁed

Es

end address data REA.
equal to each other,

The conparat 68 152
frgmthe adder 141 with é he repeat

en beth of ¥he date AD and t he data REA“becone

he cqﬁparat 152 %%tputs a repeat end sﬂﬁnal REND

("1"-signal). ADFF Ib3 is EFOVI for | usting &
GINGENT ‘[31 [N-1]
sA ;
' REA
AEA | RA
" ~ | I\ ~ /.
ATTACK PORTION REPEAT PORTION RPT
' ATC

FIG.4
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thetimng. The repeat end signal REND is del ayed by one clock of the note
. cltock NCK and is eutputted—as a signal RENDD. A repeat frame nmenory 156

shown in an upper p%igE'l%g}ﬂ;Béghﬁeplagﬁnenori zes the nunber of the frane to

whi ch the repeat dat ad data of the repeat portion RPT)
_ a mmm H h nusical tone waveform In Fig. 4, the
repeat data bel ongs t ]. and the frane nunber for the repeat

bel ongs, in correspo
data is deter- mned in correspondence with each nusical tone waveform The
repeat frame menory 156 nmenorizes the frame nunber for the repeat data in
correspondence wi th each nusical tone waveform Wen the key code KC, the
tone code TC and the touch data TD are supplied to the repeat frane nenory
156, the frame nunber is read out in corre- spondence with the above
supplied data and is outputted to a termnal PD for preset data in a frane
counter 157. The frame counter 157 is provided for outputting the franme
nunber of the presently generating nusical tones. The frane nenory 157 is
reset by the key-on pulse KONP so that the output data of the repeat frane
menory 156 is preset by cn)

’ n
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t he signal RENOD, and the frame nenory 157 counts up the output signal of a

D-FF 158 to obtain a frane code FLC. The frame code FLC is supplied to a
frame end address nmenory 159 and a linear predictive coef f rkis shieét HaeBaas Replaodd
shown in Fig. 3B as well. The frane end address nenory 159

address data indicating addresses of the | ast waveform data

[0] through [N-1] in correspondence with each nusical tone en
the key code KC, the tone code TC and the touch data TD are supplied to the
menory 159, an area storing N kinds of address data is appointed. The
address data in the area are read out based on the franme cods FLC outputted
fromthe frame counter 157 and are outputted to a conparator 160 as the

frame end address data FLEA (FLC) The conparator 160 conpares the address
data AD outputted fromthe adder HAtT—wtirthefTame gn ress data

FLEA(FLC). Wen bot s @) s+he—dat-aiAbyrand—the—data —fbeecqnme equal to
each other, the conparator 160 outplits the "1" sj F 198 is
provi ded for adjusting the tininaf he out put sig corpar at or 160
is del ayed by one clock of the .
114¢
LINEAR PREDICTION _
OPERATING CKT \111A a1 XX 82
~—yq |ll4a
—
' . z-1 i
' \Il4bi
1"z — 118 |
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. '
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T 19
QUANTIZATION
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ADPCM
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DECODER
\ 1
120
122 121
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note clock NCK and is outputted to a clock termnal CK of the frame counter

157. In Fig. 3B, a linear predictive coefficient menory I6T provides
storing areas corresponding to the nusical tone waveformin tHgs Shed BadBBPRplaced
135 and nenorizes N pairs of linear predictive coefficients af

alerr] corresponding to the frames [0] through [N-1] into each Hmuﬂmm! l”ll
staring areas. Wien the key code KC, the tone code TC and the t

are supplied to the linear predictive coefficient nmenory 161. a storing

area is selected in correspondence with the above supplied data. And the
linear predictive coefficients a[err] and a[err] stored in the selected.

storing area are read fromthe nenory 161 based on a frane code FLC
outputted frdrg) he frame counter 157.
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A decading circuit (6J decodes the quanlized differenc
outoutted fromthe data nenory 135 into the decoded data ;i sBeenReplaced

detani ed consitution thereof is showm in Figs, 8A and 8B
constitution of the decoding circuit 163 is basically sim|l g‘“\w!
the decoding circuit 103 shown in Fig, 2B, and the decoding

constituted by an ADPCM decodi ng circut 124A shown in Fig. 8A and a |i near
predi ction decoding circuit 129A shown in Fig. 8B in thr ADPCM decodi ng

circuit 124A, an ADPCM coefficient .nenory 200 nenonzes conversion data as

described in Table 1 and outputs a coefficient Kin correspondence in the
val ue of the quariatized difference code C(n).

(A) KON

l
(B) ED o

R2 | . R2

|
R1 : _ R1
| |
- Al b RE1
(A) Hn | [ : I (A) Hn |
A2 . | - RE2 I
| | |
| Lo ' i
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: I | | S R
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() 17 A3| A2 | A1 (C) RENDD ]
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Thes~coefficient K out put t ed fron1the ADPCM coefficient menory 200 is
supplied to oneTnput—termmnat—of—a nultiplier 20t where the coefficient k

is multiplied by. %mQh%%hQ%ﬁmﬁHa“t'zat'on range data c(n-1). In the

mul tiplier 201, t T i zation range data d(n) is calculated to
t he pre-nentionedf llel
sel ector 202. The elects the input termnal A when the "t"

is supplied to an input termnal 8 of a
signal is supplied to the term nal 5A, and the selector 202 selects the
input termnal B when the "t" signal is supplied to the termnal 5B, in
ot her words, the selector 202 usually the input termnal B but selects the
i nput termnal A when the way-on pulse KCNP is outputted. An initial value
menory portion 203 nmenories an initial value d(n[rr]) of the quantization
range data d(n) and supplies the initial value d(n[err]) to the input
termnal A of the selector 202. The output signal [err] c(n) or d(n[err])
of the selector 202 is supplied to a decoder 210, a del flip-flop 205
and a fatch circuit 205 via a max/m ‘. (r w

control 204 regula €S, MaXi
guanti zat %h§?'§ 4 '

A A

(c) . e, P : AN v i e .‘.‘




d(n). For exanple, the maxi num val ue and the mi ni mum val u%ﬁ_\ :
guanti zation range data c(n) are set respectively. to decinmal values

and 1552. And, when th value of the quantization range dat aThi BhectdleSBREReplaceq

t he maxi num val ue of the mninmum val ue, the maxi mum val ue or

val ue nust be output fromthe maxi nrum control portion 204. iﬁﬁﬁgﬂ‘”ﬂ[ﬂﬂ"l
flip-flop 205 delays the quantization range data d(n) by one cloc

note clock NCK when the attack end signal AEND is supplied to the fatch
circuit 206, the fatch circuit 206 inputs and factes the quantization range
data d(n) supplied to an input term nal thereof. The output data of the

delay flip-flppo 205 and the latch circuit 206 are supplied respectively to
inpuy termingl A and B of a selector 207. Wen the "t" signal is supplied

to a term nal A t hereof, however, the selector 207 selects the
i nput term B4 trerjeof when he"?l"gn. al FENCO is supplied to the
o| s g ——CL
ht - NN 8 -0y
=l s e =91
QN ¥
. | 8
) _ <
= < < & ‘&
' N | & | Horo3as g.°<}_l « ©
—- w 7)) @)
£ -I—\ 2 | \|\ AN
+ _ o i \ 1))
= > - A
@ a (@] - -
=il 8] ¥ 3ok O
al=lllseEl . & = £ W
o <8 ‘—_—IN o <z':l:::s :
2 22 | Huosoras ] 3 3
ol = | N uoLoaas oz 8
/ A < o ] ~
</ . <
o O W S £
N Bl EE o
-
\E'EE S & ¥ g o
S I|E=B] /Y \ ~ |°T28 & |-ar
N\ £ " O _
= N B Q
'£>_ =l & - & mMm 2
suw - L] w
So% < | 4010313 <:]'—<m
~ <hy | '
< =
~ o
o

C (n) -



sel ector 207. ln this case,—whenthe selector 207 selects the input
term nal A thereof, the seleﬁF) 07 out puts the quantization range data

d(n-1) delayed b delay flip-flop 205 an output termnal S
t hereof . When h I sel ects the input termnal 5 thereof, the
sel ector 207 outp mthe latch circuit 205 (this operation

wi |l be described later). As sanme as the decoders 120 and 125 in Figs.
2A and 2B, a decoder 210 carries out a calculation according to the
pre-nmentioned fornmula (2) and output the data "s(n)-e[err](n)". An adder

211 adds the data "e(n)-e[err](n)" fromthe decoder 210 to the prediction
data pE(n-1) fromthe selector 217 to obtain sum"E(n)-e[err](n)". This sum
data "E(n) -e[err](n)is outputted to an adder 105 within the |inear
prediction decoding circuit 129A, A D-FF 215 is similar to the D FF 125
shown in Fig. 2. The data supplied to an input termnal of the D-FF 215 is
del eyed by one clock of the note clock NCK and is outputted to a data 216.
The data 216 opened under condition in which the key-on pul se KCNP
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~

i s not supplied. The opened data 215 supplies the output .signal of the DFF—
215 to an input terninal A of the selector 217. \Wen the atThisSkeetHdd Bsénddhceq
ASND is applied to a latch circuit 218, the latch circuit 21 :

| atches the data supplied to an input termnal thereof. The ﬁmmm&m%m’
of the latch circuit 218 is supplied ro an input termnal B o r
217. The selector 217 usually selects the input term nal A thereof,

however, the selector 217 selects the input termnal B thereof when the
dsignal RENDD is supplied to the selector 217. In the case where the

sel ector 217 selects the input terminal A thereof, the data

"E(n)+e[err](n)" del ayed by on g ock in 408 D-FFi@% is outputted fromthe
output termnalfof the 217 1n Ahe re selegtor 217 selects the

i nput terninal B, t|lwAVEFERW 3l out pufs the d supplied fromthe |atch
circuit 218 (this JPROCESSING e Al clH Next, description
will be given withlresfT tojthe |inear

production d

éﬁgi E_g()n?i(r_cuiﬁ) _éeziQQ).
shown in Fi.g.- §H The aEIE ;%i d e data "E(n)=*e | su i
-one input termjnal there ?rzt 0/ .’;el iC"i'O'n"va'r‘U'e‘p'S('rU‘wp'p‘rTe
| WAVEFORM [(12) _ { +~\ Eln _
"MEMORY [S(m o =% i % (12) LIMITER (6) '1|
‘ )
_ 05 | 112 304 3 :
' : -+
. 30) < N na . 1nab 4 !
; = " LINEAR \ - - '
| prebicTIVE | ;| N B » :
COEFFICIENT z z |
OPERATING CKT bS (n) ; . : :
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t he,sot her i nput t erThigshbet HBeaOReplacedobt @i N the data H(n). Latch circuit 166

and 167 respectively ta supplied to input terminals thereof
when t he signal AENDHIM'EIII@MIE]HHO both of load termnal [err] of the
llatch circuit 166 an : sel ector 168 and 169 select and circuit
the data supplied to the input termnals A when the repeat end signal REND

Is "1" sigmpal. |On the otther pand] botjh of [t he sgl ecjors {168 el ect
and out put et sugntredr e TTTpur_ T ef-al at and
signal REND is |70 sH0Tgl . Bpth ¢f D-FF-470 and|@7% 2]
thereof wh¢n tHE e §ljock pigngl & | si ppl | gd+go_th & anp 171,
and the D fF 170 ahfl+ 171 & e @s¢t Doy| he| key- o+ pgl|sE I +iefrs 172
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alerr] as NWuptilg i®feacedt i c| ent s 3 An - afflef 12_4 & [pta of
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si gnal KON becones "t" signal, an envel 'ope generator 176 successively

out put envel ope data 60 to a nultiplier 177. The envel ope
data Ed are determined in correspondence with key code KC, trhieSkeeyHas BéflRepldced .
e (e IHIII

306
Y,

(6)

{12) LIMITER 22— L (n)

S (n) >

307 : 308

FIG.17
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are respectively sh
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10 APR 1997

musical tone generating adparatus for an electronic musical instrument

characterized by the prowsaon of:

(a)

(b)
(c)

- (d)

2.)

(e)

A musical tone generating apparatus according to claim 1, wherein said modulation
method is one of the delta modulation method, the adaptive delta modutation method, the

memory means for stonng a series of compressed waveform data therein,
said series of compressed waveform data being obtained by compressing a
series of wave-form data representative of instantaneous values of a
waveform of a musical tone by use of either one of a predictive coding
method and a modulatlon method;

data providing means for providing replacement data;

readmg means for repeatedly reading at least one portion of said series of
compressed waveform data from said memory means, said replacement data:
corresponding to data preceding said at least one portion in time among said '
series of compressed waveform data; - '

circuit means responsive to said replacement data and said at least one
portion of said compreséed ‘waveform data for replacing the first
cofnpressed waveform data of said at least one portion with said replacement
data to output a group of combressed waveform data; and "
decoding means for decoding said group of compressed waveform dafa by a
decoding method conjrespoqdin'g to said one method to obtain a series of
decoded waveform da;a. said musical tone being reproduced based on said
series of decoded waveform data.

differential modulation method and the adaptive differential modulation method.

3.)

A musical tone generating apparatus according to claim 1, wherein said musical tone




converted into ogn ssignal is h'f-T- ad

sound systm 179 m !EL fter outputted as a sound by a
Next, description w

t he second enbodi nent shown in Figs. 3A and 3B. First,
mani pul ates the tone-col or selection operation elenents tofsel
t one-col or, the tone code TC is outputtegfromthe tone-
circuit 142 in correspondance with the sel ected tone-col or
supplied to predeterm ned portions of the instrunent. Next,
depresses a sel ected key of the keyboard 136, the touch detectlng circuit
137 out puwaveéthen isdigideddta drDattaakdpdctien keyhdbpanesmempedaﬁp?midengemof bmqmqsas

out puts t [ .

keypcode E{é éﬁn ?Pg ﬁﬂéé%{’e?'&‘?ﬁéﬁ%éﬁg ah ggfér'\?mfgpﬁ lr%ﬂé’:lf) >

and 171 ( SPRAMENY wqtlr@emgy meanssHRng. a?ﬁeﬁlgI5?"?%§ét¢°mé?$3€¢1é'aké'9“ﬂ<ﬂ§ﬁ§§§‘?§9n
det ect i ngcamﬁ(fe'isﬁéﬂ Wai@%rxﬁuéﬂﬂté‘orié%ﬁoﬂf&b{ Q8 g2 &&amﬁertxéﬁh@rﬁu sl Edtigressed

count er 1§vgvé 3m aSu%t éor;eggon tlxél;J ?o gfseﬁec?ej par{T%f 599 sus{im portion, said reading means
first reading said those compressed waveform data corresponding to said attack portion and
then repeatedly reading, as said at least one partion, said those campressed waveform data

corresponding to said selected part of said sustain portion.

D/ A Tonverter 'J(hassmﬁﬂatsaleentmpmal OTh ‘!I{!l* ““&l““ﬂﬂlslmllere t he out put data are
: na

ch §¥ §e189zu

4.} A musical tone generating apparatus according to claim 3, wherein said data
providing means comprises second memory means for storing, as said data, the last
compressed- waveform data of said those compressed waveform data corresponding to said
attack portion,

§.) A musical tone generating apparatus according . to claim 1 further comprising
sampling means for samplmg said musical tone waveform to produce said instantaneous
values, and encoding means for encoding said instantaneous values by said one method to
produce said series of compressed waveform data.

6.) A musical tone generating apparatus according to claim ! further comprising a
keyboard, said memory means storing said series of compressed waveform data with respect
t0. each key of said keyboard, said reading means being responsive to each depressed key of
said kéyboard to read the series of compressed waveform data co';responding to said each
depressed key from said memory means.

7.) A musical tone generating apparatus according to claim 6 further ch_np'rising key-
depression intensity level detecting means responsive to each depression of key of said
keyboard for detecting a level of intensity of said each depression of key to output data
representative of the detected intensity level, said s_eries of compressed wa\)eform data
corresponding to each key comprising a plurality of blocks of compressed wavetorm data
corresponding respectively to predetermined different key-depression Intensity levels, said
reading means being responsive to said intensity level data lo select the series_of compressed
wavelarm dala corresponding to thie depressed key and to read that block of compressed
wavelorm data of sald selected serles of compressed waveform data which corraspands to the

detecled intensity level.



ouputted fromthe frane counter 15 llmﬂﬂmwtﬂu 's frane code FLC of "O"
is suppli em—address d the linear predictive
coef ficient ThivBhéey Hk®Blen gl ; the frame and address :FLEA(O) is outputted
from the fr S nenory 159, and the kinear predictive
coefficients ﬁmm ﬂrr] for the franme[0] are outputted from the

|l i near predic nt- menory 161. _In addition, the above-nentioned
key-om pul se KONP is supplied to the addf ess counter 140 via an CR gate
184, so that the address counter 140 is reset. Furthernore, the key-on

pul se KONP is supplied to the selector 202 shown in Fig. 6A. Hence, the
initial value d(n[err]) outputted fromthe initial value menory portion

203 i s passed through the selector 202 and the max/mn control portion 204
in series8.andAt mesicaiitonmlgeneratirhgxepma(ra[uerac]cyrdirw touglgint ddfurthen ¢cnmptisingda tor@1 0

where the 61 Qél@&loﬁ% s%PEQE&]r%gS él?etocohelt B?&E‘dllﬂ'ahtylgét Pﬁor‘%%%e%ig%n t0

gener at or seq uent 'y out e enve ter a tine

key- depr e§331‘1'-1 GWS'Caﬂ@E‘EéQ P%@U’c‘ﬂa*% eRr e%@"&ﬁ@bmesset'%q(aﬂﬂ(ﬁ?'%i $pichmemoNy, megns

addi tion, shhfy 58 SefitP6KcdhFResRY | WiihefdrinCdditd whti FespEcbtd 6adhl 6t sart Slurality of tone
calors, said reading means being responsive to said data representative of the selected tone
color to read the series-of compressed waveform data corresponding to said selected tone

color data from said memory means.

8.) A musical tone generating apparatus for an electronic musical instrument
characterized by the provision of:

( 1) memory means for storing a series of compressed waveform data which have
been obtained by compressing a series of waveform data representative of
instantaneous values of a waveform of a musical tone by a predictive coding
method; )

(2) data'providing means for providing replacement data;

{3} reading means for repeatedly reading at least one portion of said series of
compressed waveform data from said memory means, said replacement data
oorrésponding to data preceding said at least one portion in time among said
series of compressed waveform data;

(4) circuit meéns responsive to said replacement data and said at least one
portion for replacing the first compressed waveform data of said at least one
portion with said replacement data to output a group of compressed
waveform data; and

(5) decoding means for decading said group of compressed waveform data by a
decoding method corresponding to said predictive coding method to obtain a
series of decoded waveform data, said musical tone bemg reproduced from
said series of decoded waveform data.

10.) A musical tone generating apparatus according to claim 9 wherein said predictive
coding method uses a linear predictive operation which is effected on said series of waveform
data to produce a series of predicted waveform data, said compressed wavefqrm data being
obtained from said series of waveform data and said series of predicted waveform data.

11.) A musical tone generating apparatus for an electronic musical instrument



clock NCK to the address couné)er lﬂllmkm"m, Ilﬁﬂl depr essi on detecti ng
Gircuit 138 Ois hftesHatSIBeen acebde ock ener atWFW
i |

139. This note frequency correspondl ng to Lo AELS

capressed key ount er 140 counts up this note cI ock NCF(' S
t he count val ue out putte romthe address counter 140 jwijl gfd as
0,1,2,... The count value fromthe address counter 140 i uppl | ed to

adder 141 where the count value is added to the out put val ue=of—the
selector 145. At this tinme, the flip-fl ops6kd6 has been]reset, therefore
the selector 145 outputs the start address data 5A outputted from the
address 143. As a result, the output data of the adder 141 becone the sum
data of the above start address data 5A and the count data fromthe

addr ess CenHpicérizbd Gy @,@dp,ghgoﬁtgp data is outputted to the data nenory 135

SN Ee O SN A REE R T e T e

data nenory 135 deen ebsdive hy oormpiessing lresariesndfi waelaint HatacrpeseatdiveGéh) of

the attack porti %tébh-ggnéoqrst J)ﬁues of a waveform of a musical tone by a differential
quantization method;

(2) data providing means for providing replacement data;

(3) reading means for repeatedly reading at least one portion of said series of
compressed waveform data from said memory means, said replacement data
corresponding to data preceding said at least one portion in time among said
series of compressed waveform data; '

{(4) circuit means responsive to said replacernent data and said at least one
portion for replacing the first compressed waveform data of said at least one’
portion with said replacement data to output a group of compressed

waveform data; and

(5) decoding means for decoding said group of compressed waveform data by a
decoding method corresponding to said differential quantization method to
obtain a series of decoded waveform data, said musrcal tone bemg reproduced
from said series of decoded waveform data.

12.) A musical tone generating apparatus according to claim 11 wherein said differential
quantization method uses at least one of the delta modulation operation, the adaptive delta
mod_ulation operation, the differential pulse code modulation and the adaptive differential
pulse code modulation which Is effected on said series of waveform data to produce said
compressed waveform data. )



decodi ng circui ty.: ‘Has Been RéMRacsiecodi ng. circuit 163 first dere-ed-es—.t_he._,‘_
quant 20d i {1 oSt e R R O e Gala *E(m) el err] ()" EHGPUAGBMENT SHEET
decodes the dat %mﬂi‘m Bu B n) to the dta H(n). Mre spedif n i
the data 135 star vely output the quantized diff fierggc 0

o[ TR e 87

C(n), a repeat and signal REND is the & signal. In additig

pul se KONP is turned to the "t" signal™“only when the key i s pressed, and
thereafter, the key-on pul se KONP | s | mredi atel y turned tojthe "0" siganl.
Therefore, after a ti rMUSICAL BONE GENFRATING ARPPARALUS: {te—seteeters

207 an 217 (shown in Fig. 8A) select input termnals A thereof and out put
the input data of the input termnal Afromthe output termnals S -
thereof. At this tinme, pradBSERACTQF THE DISCROSURE ADPCM decoding circuit
124A in Fig. 8A therefore becone identical to:'that of the ADPCM decodi ng
circuit 124.in Fig 2B. As a result, the ADPCM decoding circuit 124A decodes

the - quant | zeq glBLALAegdAln Sl ORI S i OB S7 RET R kcibid. 2

sane as the case

A musical tone is sampled and is converted waveform data (S(n)). These waveform data
data (S(n)) are compressed into compressed data (C(ﬁ)) by a linear predictive coding
method and further coding method and further by differential quantization method. The
number of bits of each of the compressed data (C(n)) is thus significantly smaller than that
of the waveform data (S(n)). Thereafter, a memory (2) stores the thus compressed data
corresponding to an attack portion of the tone and a selected part of a sustain portion of
the tone. Hence , it isl possible to remarkably reduce the memory storage. When
generating a musical tene, the memory (2) reads out the compressed data (C(n)) of the
attack portion and thereafter repeatedly reads out the eempressed data of the selected part.
The read-out compressed data are sequentially decoded into the original digital data. Thus,

the whole waveform of the musical tone is reproduced.

FIGURE 1.




decodirng circuit 124A outputs the decoded data "E(n)+e[err](n)" to the
I'i near prediction decoding circuit 129A I nci dent al'ly, Whigpheetiila

depressed, the key-on pul se KONP becones the "t" signal, so t
val ue of the gate 215 becones "0". This "0" data S suppl i ed t
[ t a -

"e(n)+e[err](n)" as the

n

211 via, the selector 217. As a result, the}adder 211 outputs

decoding circuit 129A decodg

termnals thereof. Int

descri bed above for the

da@j" E(n) +e[err](n

The |inear pred| ct | on

—h

;
| i

>
D
RER
_.n

e ta "E(n)+e[err](n)" to 1 he decoded data
"H(n)=S(n)+e[err](n) wher tlhe Jgey on signal KON rises,

signal REND is the "Q' sig@l|, se|tma “the selectors 168 a ﬁ%@ﬂ@?ﬁ%”
Fig. 8B) output the input datla Q& |t
s cgse,
predi cti on decoding circui
decoding circuit 129 shown i
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Qb conStitutions of theflifndaB APR 1897
W in Fig. 8B and the ljipear predictio
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Ref fering again t
in the nultiplier
converted into an -
anal og signal is su

HABREL

he ggyelope I s added to the decog H(n)

ﬂ tput data of the nultiplier

n the D)A converter 178. Thege
sound system 179 where the a

i

fed—dat a
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IS outputted as a nusical tone. Thus, the nusical tone is genpr
respect to the franme [O].
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Next ,: when the—adﬁ;ess—cfat—a—vﬂ@—have reached to the fra eREPkA@EMEN’FSSHEET

0 APy,

FLEA(O) the "t" SI B% SRt ted from the conparato
supplied to the K of the frame counter |1
158. Hence, the ‘ |157 IS subjected to an ijngre

frame code FLC| this time, the fra address

FLEA(l) is out putted from the frame endg.address nenror 159. In addition

the linear predictive coefficients aferr] and a[err] of Tihefrare—f{ll-alie
outputted fromthe linear predictive coefficient nmenory 161 and are
supplied to the multipliers 172 and 173 (s in Fig. 8B).
Thereafter, the data nmenory 135 reads.put stdreg. dafa pontifuou and
the nusical tone of the frame [1] isé:)e tled. |AsglesELi Féd bqgf or hvhen
t he address data AD have reached to the frhng ﬁ@ agr ep® %&1)
frame end address FLEA(2) is outputted frpmit frge n Hdaxdss npry
159, and the linear predictive coeffigientp g[err] nd a[ Ergs
outputted fromthe |inear predictive goeffycrent mag)r",? jé’ H—4Thus,
the nusical tone is generated a 9‘4“
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Wi th tespect to the frame [2]. . For exanple, when the
becone identical TusShéseHastReenRBeplassd addr ess AEA (shown in BI A@EMEN

m ddl e of an opera&umﬂﬁ’wm mrtl ng the nusical tone of {he tTame-
the attack end sig putted fromthe conparafo
supplied to | oad t nal’s he latch circuits 206 ahd 21?(@@3\1@ n

Fig.8A). As a result, the latch citcuit 206 nmenorizes the |
range data d(n) corresponding to the 1dSt data of the atfack portion ATC,
and the latch circuit 218 menorizes the |last data "E(n)+e[err]{m*“—of—t-hed
attack portion ATC. In addition, the signal AENOD is outputted from
the D-FF 149 shown in Fig. 3A after a time when the one clock period is
‘passed after the attack end signal AEND is generated. The signal AENDD is
supplied to the address counter 140 via the OR gates 186 and 184 so that
the address counter 140 is reset. Furthernore. the signal AENDD is supplied
to a set termnal S of the flip-flop 146 so that the flip-flop 146 is set.
After that the repeat address RA is supplied to
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t he adder 141 via the selector 145. The signal AENDD is

| so supplied to

the |l oad terminals 'thxﬁhedtH@BeamE@Iacedrcuit 166 and 167 (sm
t hat output data of lj wm Ed 171 thereat are redd AQEME,\E §WEElu-t
I on a

the latch circuit 16 10(A) shows exanpl eq ¢
H(n) of the attack pol nd the first data H(n) Qqf
portion RPT both outputted fromthe adder 165 in Fig. 8B.
Fig. 10(C) respectively show the output data of the D-FK
the signals AEND and AENDD are respectivef-y outputted a

qf the | ast:- data
t Helr ABRA1997
Fig. 10(B) an
170 and 171. And

shown in Fiqg

10(D) and Fig. 10(E). As is apparent fromFig. 10, when t

| atch circuit 167 nenorizes the data (A2) second to the

(0]
(0]

. he signal AENDD is
suppled to the load termnals L of the latch circuits 166 and 167,the | atch
circuit 166 nenorizes the |last data (Al)of the attack portion ATC and the

ast . The

above is a description with respect to an operation based on theTS|gnaI

AENDD. Thereafter, thegadder #41 ouBputs t#® address data AD in & sequence

of "RA+0", "RA+1", RAE%" "RQ?S" < and %?e musi cal tone of t@g r epeat
_l

AEA | RA REA
ATTACK PORTION REPEAT PORTION RPT
ATC
.._"1_l
d(n) —-Pehﬁld(n)]
e(n) é;
! 0
{
i



portion RPT mnll enerated thereby As is the same to the operation for

generating the attack portion ATC, the 1

predictive coefflc d'a[err] are outputted frorﬁ&%&Acgﬁkﬁﬁ-SHEET
predictive coeffic by each frane and are supplijed to tThe
decoding circuit 163 hbxt when the address data AD beC)nqsglﬂpRtﬁgj
to the repeat end address REA, that is to say, when the nus'c1 t one
generated with respect to the repeat portion/RPT at the fir>t'TTﬂfr*+*E%--
repeat end signal REND ("1" signal) is outputted fromthe cpnparator 152
and is supplied to the D-FF 153 and the sel ectors 168 and 169 (shown 1M

Fig. 8B) as welt. At this tinme the. selectors 168 and 169 sel ect the input
termnals A thereof, and the output data of the latch circuits 166 and 167
are supplied respectively to the input termnals of the DDFF 170 and 171
via the selectors 168 and 169. Next, when the note clock NCK is outputted,
the D-FF 170 and 171 read in the output data of the latch circuits 166 and
167, and the D-FF 153 (Fig. 3A outputs the signal RENDD ("1" signal). The
S|gnal FENDD i s supplied to a
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preset term na
presets the output value ( "2",
As a resul tThistSheet HasHeen

Terory 159 outputtkln!lﬁ!mmg

predictive toeffi
coefficients aferr

PR of the frame counter

n 2"

alerr] of the franme [2].
suppl ed to the selectors 207 and 217 showg-i

207 and 217 select the input termnals B thereof.
data of the latch circuits 206 and 218 are outputted via the sel ectors 207

and 217. Therefore,
out

157, whereby the fra
for exanple) of the repeat ffa
FLC becomes
address FLEA(2).
1 outputs the |inear predictfive
ENCD i s

and the fr

I n additiogn,

The signa

menory

the |inear

end app 199?\}

when the first quantized difference code C(n)
in the second cycle for generating the nusical

Fig. 8A so that the selectors
At this tine,

t he out put

is read

tone by use of

t heorepeat porion RPT the quan- tization range data d(n-1) and the PCM
reproducti on code pEQﬂ }L‘referrec to as the precedi nival ug¢s are those
whi ch correspond to t g'last quantji zhti on range code off the attack
portion ATC. Therefore, the data ils processed as ll2The repeat pbortion RPT
for this second cycle follows thelat}ack portion Atf{#e he jcon{i nuous
manner, so that the " : '
' li4c
LINEAR PREDICTION
OPERATING CKT \111A a1 xk az
—y |ll4a
~Z"'1 z—1
H4bi
T —
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snmoot'h nusi cal t%ﬁsﬁ\éelﬂ{as%@en%h%e@ed The signal RENOD_is supplied to
t'he address counte OR gates 186 and 184 so t q:{Eu ﬁheﬁ
counter 140 is resHI ml ﬂll adder 141 repeats to out uty- e 'IEET
data AD in a seque "RA+1", RA+2". so that {the second

cycle of generation of the nusical:tone of the repeat port{i¢n IRPTAPR 1997
performed. OF course. the linear predictive coefficients @[ ¢rr] and aferr
wi |l be al so changed by each frane. 9Next, descriptionjw Il be grver—
with respect to the decoded data H(n) of the head portionkef_the second
repeat portion RPT. As shown in Fig. 11 (A), the decoded data H(n) of the
| ast portion of the repeat portion RPT are represented by RE3, RE2 and REl

C (n) )-

Fig. 11(B) Fig. 11 (C) respectively show the repeat end signal REND
and t he si gnatNRENDD. ' N
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‘clj'he I-at ch ci r cuik Shelfafis RO efEMOIri ze the data Al and A2 (t - oded
ata of the | ast e attack portion Arc) as descr

10. As shown |nJm Hmmﬂl Fig. 11(E), the D-FF 170 and AGEMEHT SHEET
respectively re Al and A2 at a |eadi ng edge of| tlhe B anal 7
RENDD. At the sane tinme, the first quantized difference code 1 f PRn18g7
repeal portion RPT is read fromthe data nory 135. More spgci LT“;J
when the first quantized difference code~ n) of the repeat|portion RP

read fromthe data nenory in the second cycle, the data in the b 0_and

171 becone identical to those in the first cycle. Hence, the |inear
prediction decoding circuit 129A outputs the decoded

(A) KON
— —
| |
(8) ED , |
|
l
' . .
, |
o | |
(C) ED :/ \ 'k
Az R2
R1 . R1
O
Al by RE1
- {A) Hn ] | | (A) Hn 1
| S : : RE2| |
A3 T :
I I | ! | | |
ATC ! mer | |
O R R ,
A :
(B) 170 A2 | A1 R1 {B) REND 1.
© 171 A3| A2 | A1 (c) __RENbD [
{D) AEND (D) 170 RE2| A1} R1
(E) AENDD | (E) 17 RE3| A2 | A1

FIG.10 FIG. 11



data ‘which is idgntd cobdmedRBlacin the first reproduction cycle. Simlarly,
the second decode ) e third decoded data H(n) Fother
decoded data H(n) NM“MIIH‘FM in the second reproductif MENF SHEET
repeat portion RP 1], Thus, the second repeat jpartron of The
musi cal tone is generated by use of the repeat portion RPT, thEge?fﬂ?e@g t he
third, fourth, ... last portion of the nusical tones wll |bg gene e gy
use of the repeat portion RPT under the sd@e process descr|i bet—eabove-

When the player takes his finger off the key, the key-on dignal KON i's
returned to the "D' signal. Hence, the value of the envel opé data ED are
gradual ly attenuated-to "0", and the generated nusical tone becones
attenuated and finally ceases. Next, description will be given with

respect to the experinent result obtained by practicing the above
“enbodi nent s :

(A) S (n)

.(C) P e A — " L

(D) M‘“‘*W""‘_“WW

FIG.12




in conjunction wth Fig— IZ. Fig. 12(A) shows a waveform of the ori gi'nal

data S(n) obtai necrpR¥h& AR IBeRReAlade aN0 tone. Each data S(n) GEM&WSHEET

12(A) is convened I {1k zed difference code C(n) i
conpressing circui tumﬂﬂ HF“MH
menory. The stored el

Fig. 2, and the code C(n)

ead fromthe nmenory and is}|decddrdapmy
the data H(n) in the circuit shown in Figs. 8A and 8B. Fig.] 12(B) %%mg%
wavef orm of this decoded data H(n) Fig. (C shows the subtracti

obtai ned by subtracting the data H(n) shown in Fig. 12(8) flomthe data
S(n) shown in Fig. 12(A), in other words, Fig. 12(C) shows the reproductiu

error. In Fig. 12(C), the scale of the vertical line is four tinmes that in
the Fig. 12(%) and Fig. 12(B). As shown in Fig. 12(C), although the
npressed and are stored in the nenory i.n the above

ety

data are gre _
embodi ment g |it iuslpossible to reg uce the stored data with extrenely
smal | errorw. ‘Q_\ l&y {he above&ienpodi frents, the degree of the |inear
prediction ppetutianl i, e., tHe NEdP LD FF 11 4a and 114b
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IS secondary howev'er |t is not limted to that. Due to the experirrent

resul ts, r e pFhaschhest HepBeen R conme the snmal |l est when qenpto )
secondary I | near ti.on. For exanple, Fig. 5 égﬂﬁ@g SHEETl
reproduction erro th l.inear prediction opdrgtron 1s enplo
wher ei n the other experinental condltlons are the same gs |t hogeapp 899.
12(A) through Fig. 12(C. In Fig. 12(0), .t he reproductidn lertor |s ar ger
than that in Fig. 12(C) because a correrd®ion bet ween t He ldata E-m—beT s
| ess as the accuracy of the linear prediction operation |pbecones better.

a result. because a conpression rate (or ‘a conpression accttaracy)of the
ADPCM operating circuit becones |ower. On the other hand, the correlation
between the data E(n) is renained to a certain extent in the secondary
operation, and therefore, the conpression gate of the ADPCM operating
circuit becones better. Next, description will be given with respect to
nodi fied forns of the first and second enbodi nents in foll ow ng paragraphs
(1) through (18).
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I'n Fig 8A. In Flg 206A for storing data é}mw MET

(1) Fig 13 shows a rmd asB% mqof the ADPCM decoding cirgeuit 124A shown
cal cul ating the i nll ﬁ % t he repeat portion RPT an

for storing th last data in the attack pgrtfi on ATCare
provi ded instead of the latch circuits 206 and 218 sho il &lé
Therefore, the data are not stored in the_lLatch circuit 20 d.218 by use
of the signal AEND, but alternativel y’lsf he data for st@ring are
pre-provided in the nenories 206A and 218A. O course, thedata—Aust be
provi ded in correspondence with each nusical tone waveform stored in the
data nmenory 135. Fig. ,J4.shows a {&glflegd rmof the |linear
predi ction decogding circuit 14 shown in n Figs 14, a dat a
menory 230 ( fa{N oy g& _’j,afneces y for cdl culating the initial
val ue of the r¢peat J@; égila d of the latch
circuits 166 apd 1 %an I'n] Fig.] 8B. The data nenory 230 nenorizes the
| ast 305 L{n) (=E(n)+e,(n
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possibl e to apply the present invention to electronic musical instrunents
it is

of the pol yphommstsn&masnk&

di vi si on process.
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MUSICAL TONE GENERATING APPAkATUS

Description

This invention generally relates o musical tone genaerating apparatuses for use in elactronic musical instruments,
and mora particularly to a musical tona generaling apparatus in which a data campresston method is used to feduce
the amount of stored data from which-tone-signals are generated. <

Tha elecironic musical instruments sulfer a big problem that it is hard to generate musical tones whlch are samllar
to those of acoustic musical instruments. Various kinds of musical tone signal generating methods are known as for
the electronic musical instruments. Among these methods, a PCM (Pulse Code Moduiation) method is superior to other

"methods because the PCM method can generate musical tones which are the most similar o those of the acoustic
musical instruments. According to the PCM method, each of instantaneous values of the musical tone waveforms of
the acoustic musical instrument are successively sampled and are stored in a memory as sampled digital data. The
sampled digital data are read from the memory and are uSed for generating musical tones. Such PCM method is
disclosed, for example, in U.S. Pal. No. 4,383,462 (the title of the invention theraof is "ELECTRONIC MUSICAL IN-
STRUMENT").

The musical tone waveforms generaled by an acoustic musical instrument delicetaly depend on tone pitches, tone
ranges and the like. A piano generates musical tone wavefarms which differ by each tone pitch (or each tone range),
for example. Of course, pericds of such waveforms diifer by each tone pitch. Hence, such waveforms must be mem-
orized in the memeory for each instrument and for each tone pitch (or each tone range), if necessary in the case where
the musical tones truly similar to those of the acoustic musical instruments are to be generated based on the PCM
method. For this reason, a scale of a memory storage becomes large. For reducing the amount of data, various kinds
of methods, such as a DPCM (Differential Puise Code Modulation] method, an ADPCM (Adaptive Differential Pulse
Code Modulation) method, a DM (Deita Modulation) method, and an ADM {Adaptive Delta Modulation) method, have
been proposed. And, the present applicant has disclosed a musical tone generating apparatus in Japanese Patent
Application No.59-212382 for reducing the amount of data. in thls apparatus, the data are compressed by use of the
linear predictive coding and are written into the memory. .-

On the cther hand, the present applicant has disciosed ancther musical tone generating apparatus in U.S. Pat.
No. 4,520,708 for further reducing the amount of data. In this apparatus, the musical tone waveform is divided into an
attack portion in which the envelope amplitude of such waveform abruptly increases and a sustain portion in which the
envelope amplitude of such waveform is kept approximately constant. And the memory memorizes the attack portien
and the selected part of the sustain portion (hersinafier, the selected part of the sustain portion will be referred to as
a repeat portion). When the whole waveform must be generated, the attack ponton is first read from the memory, and
thereafter, the repeat portion is read from the memory repeatedly.

In the case where the compressed data are read from the memory and are decoded into the original data, the
value of presently deccded data is obtained by usa of the value of precedingly decoded data and the value of present
data read from the memory. In this case, the data must be dacoded so that the decoded data is continuous and smeoth
between the aftack portion and the repeat portion and between the first repeat portion and the next repeat portion as
well. However, there has been proposed no apparatys for realizing a decoding process by which continuous data is
reproduced. Hencs, the apparatus must memorize the whole waveform of each muslca! tona and the memovy storage
becomaes large thereby.

It is therefore a general chject of the present invention to provide a musical tone generating apparatus in which
sampled digital data can be compressed by use of the linear predictive coding and can be stored in the memory.

It is ancther object of the present invention to provide such a musical tone generating apparatus in which the
amount of stored data of a2 musical tone signal can be efficiantly reduced by storing the attack portion and the selected
part of the repeat portion only.

It is a further object of the present invention to provide such a musical tone generating apparatus’ in which the
stored data can be read out and decoded into the original data which is continuous and smooth between the attack -
portion and the repeat portion and between any adjoining repeat portions as well, .

It is a still lurther object of the present invention to provide such a musical tone generating apparatus which can
be suitably applied to an electronic keyboard musical instrument or the like and can obtain musical tones similar to
those of the acoustic musical instruments.

According to a first aspect of the prasent invention, thera is previded a musical tane generating apparatus for an
electronic musical instrument comprising (a) memory means for storing a serles of comprassed waveform data therein,
said series of comprassad wavaform data being obtained by compressing a series of waveform data rapresentative
of instantanacus values of a wavaform of a musical tone by use of a finear pradictive coding method and a diffarential
quantization method; (b} reading means lor reading said saries of compressed waveform data from said memory
means; and () dacoding means lor decoding said read serles ol compressed wavelorm data by methods corrasponding
to said linear predictive coding method and said differantial quantization method to obtain a series ol decoded wavalorm
data, said musical tone being reproduced based on said series of decoded waveform data.
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an electronic musical instrument comprising (a) first memary means lor storing a group of compressed wavelorm data
dividad into a plurality of frames which corraspond raspectively to a plurality of framaes of a wavelorm of a musical tone
represented by said group of comprassad waveform data, said group of compressed wavelorm data being obtained
by calcuiating a linear predictive coefficient with respect to each trame of said compressed waveform data group and
effecting a linear predictive coding oparation on instantaneous values of each frame of said compressed waveform
data group using a carresponding one of the calculated linear predictive coafficients; (b} second memory means for
storing said calculated linear predictive coefficients; (¢) first reading means for reading said group of compressed
wavelorm data from said first memory means; (d) second reading means for reading said calculated linear predictive
coefficients in synchronization with said frames of said comprassed waveform data group; and (e) dacoding means
fordecoding the read compressed waveformm data group, by effecting a decoding operation corresponding to said linear
predictive coding operation on each frame of said read compressed waveform data group using a respective one of
the read linear predictive coefficients, to thereby obtain a group of decoded waveform data, said musical tone being
reproduced from said decoded waveform data.

According to a third aspect of the prasent invention, there is provided a musical tone generating apparatus for an
electronic musical instrument comprising (a) memory means for storing a series of compressad waveform data therein,
said series of compressed waveform data being obtained by compressing a series of waveform data representative
of instantanecus values of a waveform of a musical tone by use of one of a linear predictive coding method and a
modhilation methed; (b} data providing means for providing data; (c) reading means for repeatedly reading at least one
portion of said series of compressed waveform data from said memory means; (d) circuit means responsive to said
data provided by said data providing means and said read pértion of said compressed waveform data for replacing
the first compressed waveform data of said read portion with said data provided by said data providing means to output
a group of compressed wavefom data; and (e) decoding means for decoding said group of compressed waveform
data by a decoding methed corresponding to said cne method to cbtain a series of decoded wavefoim data, said
musical tone being reproduced based on said series of decoded waveform data,

. Further objects and advantages of the present invention will be apparent from the following descnpﬁon reference
being had to the accompanying drawings wherein preferred embodiments of me present invention are clearly shown.

In the drawings:

Fig. 1 is a system block diagram showing a fundamental constitution of the present invention;
Figs. 2A and 2B are system block diagrams of a first embodiment of the invention;
Figs. 3A and 38 are system block diagrams of an electronic musical instrument to which a second embodiment
of the invention is applied;
Fig. 4 is an lllustration showing an example of a musical tone waveform;
Fig. 5 is an illustration for expiaining a principle of a data compression in Fig. 1;
Fig. 6 isagraph showing a relationship among data e(n), a qQuantization range data d(n) and a quantized difference
code C(n);
Fig. 7 is a system block diagram showing modified forms of the linear predictive operation circuit and the ADPCM
operation circuit shown in Fig. 1;
Figs. 8A and 8B are system block diagrams showing a detailed constitution of a decoding circuit shown in Fig. 2;
Fig. 8 shows envelope waveforms of signals used in Fig. 2;
Fig. 10 is a timing chart for explaining a connection betwaen an attack portion ATC and a repeat portion APT; -

- Fig. 11 Is a time chart for explaining a connection between an ending part of a first repeat portion RAPT and a starting
part of a second repeat portion RPT: o
Fig. 12 is a graph of axperiment results obtained by use of the first embodiment shown in Fig'2;
Fig. 13 is a system block diagram showing a modified form of the ADFCM decoding circuit shown in Fig. 8;

. Fig. 14 is a system block diagram showing a modified form of the linear prediction decoding circuit shown in F’g 8;
Fig. 15 is a system block diagram of a third embediment of the invention;
Fig. 16 is an illustration showing data appearing at various portions of the third embodiment of Fig. 15; and
Fig. 17 is a system black dlagram showing a modified form of tha linear prediction oparating circuit shown in Fig. 18.

Referring now to the drawings. wherein like referance characters dasignata like or corrasponding parts throughoul
the several views. _

In this specification, a linear predictive operation is employed as a predictive operation, howevar, the essential
character of the prasent invention will not be changad whather either one of linear and non-linear pradictive oparations
is employed. The linear prediclive operation is convenient because ol the-simplicity thereof. Henca, the following an-
bodiments will amploy tha linear predictive operation.

Fig. 1 shows a system block diagram of a fundamental constitution of a musical tone generating apparatus in
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an encoder 7, a quantization range control circuit 8, a decoder 9, an adder 10 and a dslay flip-iop 11.
Amusical lone generated from an acoustic musical instrument (not shown) is coliectedby tha microphone 4 wherain
the musical tone is converted into a musical tone signal. The musical tone signal is supplied to the A/D converter §
 wherein the musical tone signal is sampled at a predetermined ccnstant period and is converted into a PCM code S
(n) of twelve bits.. The subtractor 6 operates as a difference (or 2 deviation) detecting point which detects a difference
between the presant PCM code S(n) and a PCM reproduction code pS(n-1) (a generating process of the PCM repro-
duction code pS(n-1) will be described later) which is identical to a reproduced value of the preceding PCM code S(n-
1). The above-mentioned difference is called a difference PCM code e(n) and is supplied 10 the encoder 7. The encoder
7 quantizes the difference PCM code e(n) based on the ADPCM method to generate a quantized difference code C
(n) of four bits (the most significant bit thereof is a sign bit). In this case, the contents of the quantized difference code -
- C(n) comaspond to the sum of the difference PCM code e(n) and a quantization erro_'r e,{n). The quantization range
control circuit 8 sats an adaptive quantization range data d(n) (of eight bits through twelve bits) for the encoder 7 based
on the value of the quantized difference code C(n).
Now, description will be given with respect to a procsssing operation performed in the quantization range control
cifeult 8. First, the present quantization range data d(n) is obtained from the preceding quantization range data d(n-
1), based on the following formuta (1). :

n
a

dn) =dfn-1) - k _ (1)

Where k denctes a coefficient which is determined by the valué of the quantized diffarence code C(n) as shown in
- Table 1.

TABLE 1
C{n) k
111 | 2144
110 § 1.772
1101 | 1.464
1100 | 1.210
1011 | 0.909

1010 | 0.809
1001 § 0.509
1000 } 0.908
0000 | 0.509
€001 | 0.908
0010 | 0.908
0011 | 0.808
0100 | 1.210
0101 | 1.464
0110 | 1.772
o111 | 2.114

In Table 1, the value of the coelficient k increases as an absolute value of the quantized diffarenca code C(n)
increases. And, the value of C(n)="1000" corresponds to a decimal value of *0". In the prasent embodiment, each of
-the coefficients k of Table 1 is rounded to one dacimal place and memorized in a predaterminadmemory in the quantized
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oper ati on i odaas(d)On mictase, the value a(n)/d(n) can take any values baetween values °-1* and “+1*. However, since the
quantized ditferance value C(n) is a value of four bits, it is impossible to cbtain a linear conversion of a(n)/d(n). Hence,
~ in the present embcediment, an operated rasult of the value e(n)/d{n) is divided into severai sactionai values as shown
in Fig. 6 and is converted into the quantized dilference code C(n) according (o the sectional values. Far example, when
the valus e(n)/d(n) is more than 1/2 or less than 5/8, the quantized dillerence code C(n) is set 1o a value “0100° of four
‘bits. Similarly, when the value e(n)/d(n) lies betwaen values "0* and *1/8°, the quantized diffarence code C(n) is set to
a value *0000° of four bits. o
Now, description will be given with raspect to the operation of the decoder 9. The decoder 9 reproduces the dif-
ference PCM code e(n) and the quantization eror e, based on the quantized difference code C(n) and the adaptive
quantization range d(n). When the quantized differance code C(n}) is expressed as (B,,8,.8,,8¢) (where characters
B, through B, denote respective bits of the code C(n) of four bits), a value e(n)+e,{n) can be cbtained by the tollowing
formula (2). . .

' rtions.
%r

e(n) + e (n) = (1-2 B,) - [ (dn)/2 )-8, +( d(ny4 )-8,
" +(d(n)8 B, +dnya ] ' (2

In above formula (2), an underined term (3-2 B.) represents a sign bit. This sign bit is negative where By="1"and is
positive where B;="0". The cther terms parenthesized by T ]" represent an absolute value of e(n)+e{n) which is cb-
tained by adding the values d(n) weighed by the respective bits together and further adding an offset value of d(n)/8.
The difference PCM code e{n) from the decoder 9 is passed through the adder (or an acidition point) 10 and is
supplied to the delay fiip-flop 11 where the code e(n) is dalayed by one clock period. The delayed code e(n) is fed-back
to the acder 10 and is also supplied to the subtractor 6. As a result, the adder 10 adds the present difference PCM
code e(n) and the previous difference PCM cods e(n-1). An operational results of the adder 10 depends on the differ-
entlal modulation method and corresponds to a peak value of a signal S(n) which is presently suppfied to the subtractor
€. In other words, the above cperation is identical to a reproducing operation of the present PCM code. Hence, the
output signal of the adder 10 can be expressed as a present PCM raproduction code PS(n). and the output signal of
the delay flip-fiop 11 can be exprassed as the previous PCM reproduction code pS(n-1) (whers an initial vaiue pS(0)
of the code pS(n) is set to a value "0%). As described haretofore, a circuit constituted by the quantization range control
cireuit 8, the decoder 9, the adder 10 and the detay fiip-flop 11 has a function by which the PCM code S(n-1) at the
preceding sampling point is decodad (reproduced). As described before, the pravious PCM reproduction code pS(n-
* 1) is supplied to the subtractor 6 where the differenca between the present code S{n) and the previous code pS(n-1)
is obtained. The subtractor 6 thus performs a difference detection which is a basic process of the differential modutation
method. ) : :
The above s the constitution and the operation of the data compressing circuit 1, and the quantized difference
data C(n) are stored in the ADPCM data memory 2 sequentially.
Next, description will be given with respect to the data dacoding circuit 3. In the data decoding circuit 3, a decoder
15, a quantization range control circuit 16, an adder (or an addition point) 17 and a delay flip-flop 18 are similar re-
spectively to the deccder 9, the quantization range control circuit 8, the adder 10 and the delay flip-fiop 11. The data
deceding circuit 3 decodes the quantized difference code C(n) read from the ADPCM data memory 2 and reproduces
the PCM codes S(n) sequentially. The encoder 7 described before is classified into the error feddback type where
errors are not accumulated at reproduction. Hence, it is possible to reduce the error component by matching an input-
cutput refationship and an operational accuracy betwaen.the encoder 7 and a deceder processing circuit constituted
by the quantization range control circuit 8, the decoder 9 and the delay flip-flop 11. '
Next, description will be given with respact to a first embodiment of the invention in conjunction with Figs. 2A and
28. In Figs. 2A and 28, a data compressing circuit 101, a data memory 102 and a decoding circuit 103 comrespond .
raspectively to the data comprassing circuit 1, the ADPCM data memory 2 and the data decoding circuit 3 in Fig. 1.
in the data comprassing circuit 101, a microphone 104 and an A/D converter 105 correspond respectively to the
microphone 4 and the A/D converter § in Fig. 1. The digital data (or the sampling data) from the A/D converter 105 are
supplied to a waveform procaessing circuit 106 whare the digital data are once stored in a memory provided therein
and are standardized by a predatermined standardization process. As shown in Fig. 4, the musical tone signal can be
divided into an attack portion (a rising portion) ATC and a repaeat portion RPT which is a selected part of the sustain
portion. Tha amplitude of the musical tone signal increases in tha attack portion ATC. By the above standardization
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process, the. amplitude of. the musical tone signal. in the-attack portion-ATC is rendered identical to lhat in the repeat
portion APT. Concretaly, each of the sampling data of the allack portion ATC is mulliplied by a corresponding cne of
envelopa data which change in an inverted manner of an amplituds envelope of the musical lone signal in the attack
portion ATC in the standardization process. This standardization process is performed in order to enhance a musical
tone reproduction accuracy in a pertion in which the amplitude thareo! is relatively small. The sampling data outputted
from the A/D converter 105 is constituted by twenty lour bits, for example. Each standardized sampling data is converied

" into data of minimum bits (tweiVe bits, for example) and this data is written into a wavelorm memory 107 as a waveform

data S(n).

When the wavetorm data S(n) ara stored in the waveform memory 107, the waveform memory 107 is connected
to a finear predictive coefficient operating circuit 109. The waveform data S(n) are sequentially read from the waveform
memory 107 and are supplied to the linear predictive coefficient cperating circuit 108 via the switch 108. In the linear
predictive coefficient operating circuit 109, optimum linear predictive coefficients a; and a, are calculated for each of
frames [0] through [N-1] shown in Fig. 4 based on the waveform data S(n) and are written into a coefficient memory
110. As caicuiation methods of the linear predictive coefficients a, and a, , various kinds of caiculation methods are
known conventionally, however, some calculation methods, such as a Durbin methed and the like, which use an au-
tocorrelation function, are effective. In addition, it is passibla to obtain the coefficients a, and a, from a whole waveform
data in a frame or from a partial wavaform data in a frame.

A linear prediction oparating circuit 111 perfarms a data compression based on the linear predictive coding and is
constituted by a subtractor 112, an adding circuit 113 and a prediction value calculating circuit 114, The prediction value
calculating circuit 114 is constituted by D-FF (delay flip-flops) 114a and 114b, multipliers 114c and 114d.and an adder
114e. The linear predictive coefficients a, and a, from the coefficiént memory 110 are inputted raspectively into the
mutktipliers 114c and 114d as multiplier coefficients thereof. The output data of the adder 114e is supplied to the sub-
tractor 112 as the predictive value pS{n). An ADPCM operating circuit 116 parforms a data compression based on an
ADPCM quantization method and converts the data E(n) of twelve bits from the subtractor 112 into the quantized
difference code C(n) of four bits. The quantized diffarence code C(n) is stored in the data memory 102. The ADPCM
operating circuit 116 also decodes the quantized difference code C(n) into the original data E(n), and the decoded data
is supplied to the adder 113. In this case, the decoded data is not identical to the data E(n) because the decoded data ’
includes an error e{n). In other words, the decoded data can be expressed as "E{n)+e,(n)".

Next, description will be given with respect to an operation of the linear prediction operating circuit 111. When the
linear predictive coefficients a, and a, corresponding respectively to the frames {0] through [N-1] are written into the
coefficient memory 110, thé waveform memory 107 is connected to the subtractor 112 via tha switch 108, Thereatter,
the waveform data S(n) are read from the waveform memory 107 in a sequence of frames [0], [1]. ... and are supplied
to the subtractor 112 sequentially. On the other hand, when the waveform data S(n) in the frame {0] are read from the

-waveform memory 107, the memary 110 reads out the linear predictive coefficients a, and a, corresponding to the

frame [0]. When the waveform data S(n) in the frame (1] are read from the waveform memory 107, the memory 110

" reads outthe next linear predictiva coefficients a, and a, corresponding to the frame [1). This is true of the other frames.

Thesae finear predictive coefficients a, and a, are supplied respectively to the multipliers 114c and 114d in a sequence
of frames [0], {1}, .... In this cass, a clock pulse for determining a read-out timing of the waveform memory 107 is
identical to a clock puise supplied tothe D-FF 114a and 114b. The subtractor 112 subtracts the prediction value pS(n})

‘trom the waveform data S(n), i e., the subtractor 112 performs an operation according to the following formula (3) to

cbtain the data E(n).
S(n) - pS(n) = E(n) . (3

The data E(n) is supplied to the ADPCM coperating circuit 116, In this case, the prediction value pS(n) lies in the neigh-
borhoad of the waveform data S(n) which is presently supplied to the subtractor 112 (because of a reason which will
be described later). As a result, the value of the data E(n) is further smaller than the value of the wavelorm data S(n).
The data E(n) are converted into the quantized differance code C(n) of four bits in the ADPCM operating circuit 116.
The ADPCM operating circuit 116 outputs the quantized difference code C(n) to the data memory 102 and also outputs
the data *E(n)+e,{n)* to the adder 113, The adder 113 adds the data *E(n)+e,{n)" to the pradiction valua pS(n) to cblain
asum value. This sum value can be exprassed by the fallowing farmula (4).

E(n) + 6,(n) + pS(n) = S(n) + &,(n) (4)

Accarding to the lormula {4), the value of the cutputl data of the adder 113 is approximataly identical to the value df the
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to tha vaiuae of the preceding waveform data S(n-1) of one clock pulse belora. Similarly, the D-FF 114b memorizes the
data in which the value thereof is approximately identical to the value of the previous wavelom data S{n-2) of two

. clock pulses bafora. On tha other hand, when the pradiction value calculating circuit 114 calculates the prediction value
pS(n) by use of tha previous waveform data S(n-1) and S(n-2), the linear predictive coefflicient operating circuit 109
calculates the coefficients a, and a, of such values that the prediction.value pS(n) takes the value nearest the present
data S(n). These coelficients a; and a, are wrilten into the coefficient memory 1 1Q. For this reason, the pradiction value
pS(n) calculated by use of the abave coefficients a, and a, becomes extremely an approximate value of the waveform
data S(n). - .

Thus, the linear prediction operating circuit 111 converts the wavelorm data S(n) outputted from the wavelomm
memory 107 into the data E{n) where the value therecf is relatively small. in other words, the circuit 111 compresses
the data S(n) and outpuls the compressed cata to the ADPCM cperating circuit 118.

Next, description will be given with respect to the ADPCM operating circuit 116. in the ADPCM operating circuit
116, however, a subtractor 117, an encoder 118, a quantization range controi circuit 119, adecoder 120, an adder 121,
a delay flip-flop (D-FF) 122 correspond respectively to the subtractor 8, the encoder 7, the quantization range control
circuit 8, the decoder 9, the adder 10 and the delay flip-ficp 11 in Fig. 1, therefore, detailed description will be omitted,

The sublractor 117 subtracts the prediction data pE{n-1) from the output data E(n) of the subtractor 112. The
difference data between data pE{n-1) and E(n) are supplied to the encoder 118 as data e(n) (of twelve bits). The
encoder 118 quantizes the data e(n) based on the ADPCM method to obtain the quantized difference code C(n) of four
bits (in which the most significant bit thereof is a sign bit). In the quantization range control circuit 119, the adaptive
quantization range data d(n) (of eight bits through twelve bits) are set based on the quantized difference code C(n).
The decoder 120 produces the data e(n)+s,(n) by use of the quantized difference coda C(n) and the adaptive quant.l-
zation range data d{n) according to the pre-mentioned formula (2). The output data “e(n}+e,{n)* of the decoder 120 is
supplied to the adder 121. The adder 121 adds the data "e(n}+8,{n)" and the pradiction data pE(n-1)together to obtain
the output data "E(n)+e,{(n)" as shown in the following formula (5).

e(n) + e (n) + pE(n-1) = E(n) + e,(n) {5)

The output data "E{n)}+8,{n)* of the adder 121 is delayed by one clock pulse in the D-FF 122 and supplied to'the
subtractor 117 as the prediction data pE(n-1). ) '

Thus, the value of the pradiction data pE{n-1) is approximately equal to the value of the data e(n-1). Hence, the
output data e(n) of the subtractor 117 becomes identical to the difference data between the data E(n) and the data E

. {n-1) {which is the data one clock pulse before the data E(n) ). In result, the value of the ddta e(n) becomes further
smaller than the value of the data E{n). Therefore, a big quantization error can not be generated even when the data
e(n) are converted into the code C{n) of four bits (substantially three bits) in the encoder 118. -

Next, description will be given with respect to the decodirig circuit 103 shown in Fig. 28. The decoding circuit 108
is roughly constituted by an ADPCM deceding circuit 124 and a linear prediction decoding circuit 129. In the resuit, the
quantized difference code C{n) is decoded into data * S(n)+e(n)=H(n) * in the dectding circuit 103. The ADPCM
decoding circuit 124 is constituted by a quantization range control circuit 125, a decoder 126, an adder 127 and a D-
FF 128. The quantization range controf circuit 125 and the decoder 126 respectively have the same constitutions as

- the quantization rangs control circuit 119 and the decoder 120. The output data *e(n)+e {n)* of the decoder 126 and
the data pE(n-1) are added together in the adder 127 and an addition result data “E(n)+e,(n)" is generated. This data
*E(n)+e,(n)° is suppliad to the D-FF 128 and the linear prediction decading circuit 129. The above decading process
is identical to that of the ADPCM cperating circuit 116 where the data *E(n)+e,(n)" is produced from the quantized
difference code C(n).

The linear prediction decoding circuit 129 is constituted by an adder 130 and ‘prediction value calculating circuit
131 where the constitution thereof is identical to that of the pre-mentioned prediction value calculating circuit 114. In
this case, tha coefficiants a, and a, read from the coefficient memory 110 are supplied respectively to multipliers 1 :?16
and 131d in the circult 131. The D-FF 131a and 131b are supplied with the clock puise determining a readout iming
of the data memory 102. An adder 131a adds the output data of the multiplisrs 131¢ and 131d together and generates
the pradiction value pS(n) as described before. Therefora, the output data (the dacoded data Hin) ) of the adder 130
can be exprassad by the fallowing formula (8).

. E(a) + a,{n) +pS(n).= S(n] + e,(n) = H(n) 6
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The above is the dascription of the constitution of the first ambodiment of tha present inventlion. In Figs. 2A and
" 2B, the quantization error a,{n) is containad in the output data of each of the addars 121 and 114e, and tharalore, the
quanlization arror e,{n) is also containad in the laedback data, such as the pradiction dala pE(n) and the pradiclion
value pS(n). In othar words, the prasent embodiment can be classified as the pra-mentioned error leedback type,
henca, the arror is not accumulaled in the decoded data H(n). Generally, a certain error may occur in an operation of
finite word langth data. In this case, howevey, it is possible 1o prevent such errors from being generated by rendering
the number of bits of the input and cutput data equal to that of the opsration data between the linear predicticn operating
circuit 111 and the linear prediction deceding circuit 129 and between the ADPCM operatmg circuit 116 and the ADPCM
decoding circuit 124 as well.

In the case where the operation is pedormed very accurataly, i, e., in the case where the quantization error is not
nacessarily considered to be accumulated, it is possible o use operating circuit 111A and 116A shown in Fig. 7 instead
of the linear prediction operating circuit 111 and the ADPCM operating circuit 115, respectively.
~ The data compraessing circuit 101 shown in Fig. 2A is not provided in ordinary musical tone generating apparatuses.
However, this data compressing circuit 101 is provided in a musical lone generating apparatus which is applied 1ora
sampling electronic musical instrument {in which a player can sample any sounds).

Next, description will be given with respect to the second embodiment of the invention in conjunction with Figs.
3A and 3B. Figs. 3A and 3B show system block diagrams of an electronic musical instrument to which the present
invention is applied, and description will be firstly given with respect to a musical tone forming method of the electronic
musical instrument. )

The data representative of musical tone waveforms are standdrdized and compressed by the data comprassing
circuit 101 in Fig. 2A and are stored in a data memory 135 in Fig. 3B. The data memory 135 memcrizes the musical
tone waveform data with respect to each tone color, each touch intensity {(each key-depression intensity) and each
tone pitch (or each key). For example, when ten kinds of tone colors, forty keys and five levels of the touch intensities
are provided, the number of the memorized musical tong waveforms becomes 10x40x5=2000, In this case, the musical
tone waveforms memorized in the data memory 135 are not whole waveforms of the musical tone signals but partial
wavelorms each including the attack portion ATC and a part of the repeat portion RPT which foliows the attack portion
ATC. Hence, whenthe musicaltone is generated, the waveform of the attack portion ATC is ﬂrstly sead oyt andthereafter
the waveform of the part of the repeat portion RPT is read out repeatedly to reproduce the whole waveform of the
musical tone. This reproduced whole waveform of the musical tone is given an envelope and is convertedintoa musbal
tone signal by a D/A conversion.

Hereinafter, detailed description will be given with respectto the second embodiment in conjunction with Figs. 3A
and 3B. In Fig. SA, when any one of the keys of a keyboard 136 is depressed, a touch detecting circuit 137 detects a
touch intensity of the depressed key and generates touch data TD corresponding to the detected touch intensity. For
detacting the touch intensity, any of the following first and second methods can be employed. In the first methed, two
‘kinds of contacts are provided for each key. The first contact is tumed on whén the kaey is slightly depressed, and the
second contact is lumed on only when the key is depressed down o a bottom point thereof. Then, the touch intensity
of the depressed key is detected based on a period between on times of the first and second contacts.-On the other
~ hand, in the second method, a piezoelectric-crystal element or other pressure sensitive elements are provided at a

bottom portion of each key in order to detect a key-deprassing prassure, and the touch intensity of a depressed key
is detected based on the output signal of such elemant. A key-depression detecting circuit 138 detects whether any
one of the key is depressed or released based on cutput signals of key-switches which are provided below the keys
of the keyboard 136. When a key is detected to be depressed, a key code KC of the depressed key and a key-on signal
KON having a high lavel *1* (hereinafter, a signal having a high tevel *1" will be referred to as a *1° signal.and a signal
having a low level "0° will be referred to as a *0° signal) are outputted from the key-depression detacting circuit 138,
in addition, a key-on pulse KONP is outputted at a leading edge of the key-on signal KON from the key-depression
detecting circuit 138. When the key is detected to be released, the level of the kay-on signal KON is retumned to low
levet *0" (i. a., the key-on signal KON becomas "0* signal). in the case where a plurality of keys are simultaneously
depressed, the above operation is parformed on one selected key in the depressed keys (such as a last depressed
key or a key having the highest-pitch tone in the deprassed keys. for exampla). A note clock NCK is ganerated in a
note clock generating circuit 139 and is supplied to various portions of this instrument. This note clock NCK has a
fraquency corresponding to the tone pitch of the key which is indicated by the kay code KC outputted lrom the key-
deprassion detacting circuit 138, An address cauntar 140 counts up the note clock NCK and outputs a counted value

- thereof to an adder 141,

A tone-color selecting circuit 142 is consmuted by a plurality of tone-color selaction operaling slements and at-
tached circuils thareol, and the tone-color selacling circuit 142 oulputs a lone code TC comrasponding lo a presantly
salactad tone color. A start address memory 143 memorizes address data which indicate addresses of head data of
the musical tone wavelorms stored in the data memory 135 shown in Fig. 38. When the key code KC, the tone code
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TC and the touch dala TD are supplied 10 ths start address mamory 143, the memory 143 reads out and oulputs the
slart addrass data SA indicating the head addrass of the musical tone wavetorm corrasponding to the above supplied
data. A repeal addrass merary 144 memorizes address data indicating addresses of repeal data of the musical tone
wavalorms stored in the data memory 135. The rapeat data is the head data of the repeal portion APT shown in Fig.
4, When tha key code KC, the lone coda TC and the tauch data TD are supplied to tha repeat address memory 144,
the memory 144 reads out and outputs repeat address data RA indicating the address staring the repeat data of the
musical tone wavelorm corresponding to the above supplied data. One of the start address data SA and the repeat
address data RA is selacted by a selector 145 and is supplied to the adder 141. An R-S flip-flop (reset-set flip-flop)

* 148 is provided for controlling the salector 145. When the "0° signal is outputted from the output terminal Q of the fiip-
~ flop 146, an input terminal A of the selector 145 is selected and the start address data SA is oulputted to the adder

141. When the *1° signal is outputted from the output tarminal Q of the flip-flop 146, an input terminai 8 of the selector
145 is selected and the repeat address data RA is outputted to the adder 141. Two output data of the address counter
140 and the selector 145 are added together in the adder 141, and the sum cata of. the above two output data is
supplied to the data memory 135 shown in Fig. 3B as address data AD.

An attack end address memory 147 memorizes address data indicating addresses of attack portion end data of
the musical tone waveforms stored in the data memory 135. The attack portion end data is the last data of the attack
portion ATC shown in Fig. 4. When the key code KC, the tone code TC and the touch data TD are supplied to the
attack end address memory 147, the memory 147 reads out and outputs attack end address data AEA to a comparator
148. This data AEA indicate the address storing the attack portion end data of the musical tone waveform corresponding
to the above supplied data. The comparator 148 compares the address data outputted from the adder 141 with the

. attack end address data AEA. When the data AD and AEA become equal to each other. the comparator 148 cutputs

an attack end signal AEND (“1° signal). A D-FF (a delay fiip-fiop) 149 is provided for adjusting the timing. The attack

- énd signal AEND is delayed by ene clock of the note clock NCK in the D-FF 149 and is outputted as a signai AENDO.

A repeat end address memory 151 memorizes address data indicatirig addresses storing repeat portion end data of
the musical tone waveforms in the data memory 135. The repeat portion end data is the last data of the repeat pomon
RPT shown in Fig. 4. When the key code KC, the tone code TC-and the touch data TD are supplied to the repeat end
address memory 151, repeat end address data REA is read from the memory 151 and is supplied to a comparator
152. This repeat end address data REA indicates the address storing the repeat portion end data of the musical tone
wavelorm corresponding to the above supplied data. The comparator 152 compares the address data AD outputted
from the adder 141 with the repeat end address data REA. When both of the data AD and the data REA become equal
to each other, the comparator 152 outputs a repeat end signal REND (*1* signal). A D-FF 153 is provided for adjusting
the timing. The repeat end sigrial REND is delayed by one clock of the note clock NCK and is outputted'as a signal
RENDD. A repeat frame memory 156 shown in an upper portion of Fig. 3A memorizes the number of the frame to
which the regeat data (i. e., the head data of the repeat portion RPT) belongs, in correspondence with each musical
tone wavefomm. In Fig. 4, the repeat data belongs to the frame [2], and the frame number for the repeat data is deter-
mined in correspondenee with each musical tone wavelorm. The repeat frame memary 156 memorizes the frame
number for the repeat data in correspondence with each musical tone waveform. When the key code KC, the tone
code TC and the touch data TD are suppiied to the repeat frame memory 158, the frame number is read out in corre-
spondence with the above supplied data and is cutputted to a terminal PD for preset data in a frame counter 157. The
frama counter 157 is provided for outputting the frame number of the presently generating musical tones. The frame
memory 157 is reset by the key-on pulse KONP so that the output data of the repeat frame memory 156 is preset by
the signal RENDD, and the frame memory 157 counts up the output signal of a D-FF 158 to obtain a frame code FLC.
The frame code FLC is supplied to a frame end addrass memory 159 and a linear predictive coefficient memory 161
shown in Fig. 3B as well. The frame end address memory 159 memorizes address data indicating addresses of the
last waveform data of the frames [0] through [N-1] in correspondence with each musical tone waveform. When the key
code KC, the tone code TC and the touch data TD are supplied to the memory 159, an area storing N kinds of address
data is appointed. The addrass data in the area are read out based on the frame cods FLC outputted from the frame
counter 157 and are outputted to a comparator 160 as the frame end address data FLEA (FLC). The comparator 160
compares the address data AD outputted from the adder 141 with the frame end address data FLEA(FLC). When both
of the data AD and the data FLEA(FLC) become equal to each other, the comparator 160 outputs the *1° signal. A D-
FF 158 is provided for adjusting the timing. The output signal of the comparator 160 is delayed by cne clock of the
note clock NCK and is outputted to a clock terminal CK of the frama counter 157.

In Fig. 38, a linear pradictive coelficient memory 161 provides storing areas corresponding to the musical tone
wavaform in the data memory 135 and memorizes N pairs of linear pradictiva coefficients a, and a, corrasponding to
the frames (0] through [N-1] into @ach of the storing areas. When the key cade KC, the tone code TC and the touch
data TO are supplied lo tha linear predichve coelficient memory 161, a storing area is selected in correspondance with
the above supplied data. And tha linear pradiclive coefficients a, and a, stored in the selected storing area are read
from the mamory 161 based on a frame code FLC outputted from the frame counter 157.
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Next, dascrplicn w-uongmn willh resgact (o the gractical cperation al (e s6cana embadiment Shown m F‘ng:,u
and 38, First. when'a player manigulates Me tone-color selection operating elemants o selact 3 canain tone-color,
the lcne code TC is cutputted (rom the tone-csiar selecting circuit 142 in carrespondence with the selected tone-calor
and is supglied ta precietarmined gorticns of the instrument. Next. whan the player depresses a seiectad key of the
kaysoara 136, e auch detacting circuit 137 outputs the toucn data TO, and the key-deprassion detecting cireuit 128
cutputs the key-an puise KONP. e key-on signal KON (*1° signal) and the key ccde KC. The flip-iop 146, te frame .-
courner 157 and the 0-FF 170 ana 171 (shown in Fig. 8) are simuitanecusty reset whes he key-deprassion detecting
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clock NCK 1o the accress counter 140 after a time witent T1e kay-Cenression datecting circuit 138 outputs the key cods
KC o e acte ok generating cireud 139, This noteciocic NCK has a fraquency crespencing (0 a fene gich f e
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0 Se T° signal. Thersfors, after & tite whert the key is depressect, both of the selectars 207 an 217 (shown in Fig,
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Mereol, AL this time, practical consttution of the ADPCM decading circuit 124A in Fig, SA therelore became identical
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Incidentally, when the key is depressect, the key-on pulse KONP becomaes the *1° signal, 50 hat the cutput vaiue
of he gata 218 becomas ‘0°, This 0° data [s supplied (o the adder 211 via the selectsr 217, As 3 result, the addec 211
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constitutions of e Snear prediction decading cireuit 129A shown in Fig. 88 and Ne linear prediction decading circult
lzsmwnmﬁq. 28 hecome he same, Therelare, he data *E{njee,(n)° outputtad from the adder 211 will bs decocted
in a mannaerdescrided aiove lor the linear gradictian dacoding circuit 129, and the decoded data H{n) will be cbtained.

Raterring again ta Fig. 38, he envelope is added ta the decoded data H(n) in the muiglier 177, and the autput
a3 o die miltiplér 177 is converted ita an analog signal in tve O/A converter 17, Therasiter, the analog signel is
supglied tq fe saund system 179 whare the anaiag signal is oulpulted as a musical tone, Thus, the musical lone is

generated with respect (a the frama (O]




In the linear prediction operating circuit 305, the out BEPHACEMEN"D HEE

twelve bits) of the subtactor 112 is supplied to the | _
limter 304 cuts upper four bits and | ower two bits of fh 8;&%&;}2@
B

of twelve bits to obtain conpressed data L(n) of six bjt

the case where the upper four bits of the data E(n) inc um, 1" _data se
bits are all "1" is outputted as the complessed data L(jn). The conpr esse
data L(n) is thus outputted fromthe limter 304 and i S storec—a-the LPC

data nmenory 302. As described before, the value of the data E(n) is further
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the | ower mulliplids 178 aasf 173 (showddntfig- 88)n) . This data L(n) can be expressed by
the foll ow ng'l’lfe(ﬂa%mg deql)nemcry 135 reads out the stored data cantinuously and the musical tone of the irama (1] is
genarated, As descrited befare, when the addrass dala AD have reached to the frame end address FLEA(1), the frame
end address FLEA(2) is outpulted from the lrame end address memory 159, and the linear predictive coafficients a,
and a, are outputted from the linear predictive coefficient memory 161 as well. Thus, the musical tone is generated
with respect lo the frame (2]

For example, when the address data AD becoma identical to the attack end address AEA (shown in Fig. 4) in the
middle of an operation for generating the musical tone of the frames (2], the attack end signal AEND is cutputted from
the comparator 148 and is supplied to lcad tarminals L of the latch circuits 206 and 218 (showniin Fig. SA). As a result,
the latch circuit 206 memorizes the quantization range data d{n) corresponding to the last data of the attack portion
ATC, and the latch circuit 218 memorizes the last data "E{n)+e,{n)* of the attack portion ATC.

In addition, the signal AENDD is cutputted from the D-FF 148 shown in Fig. 3A after a time when the one clock
pericd is passed after the attack end signal AEND is generated. The signal AENDD is suppliedto the address counter
140 via the OR gates 186 and 184 so that the address counter 140 is reset. Furthermore, the signal AENDD is supplied
10 a set terminal S of the flip-flop 148 so that the flip-flop 148 is set. After that, the repeat address RA is supplied to

~ the adder 141 via the selector 145. The signal AENDD is aiso supgiied to the icad tarminals L of the latch circuit 166
and 167 (shown in Fig. 88) so that output data of the D-FF 170 and 171 thereat are read respectively into the latch
circuit 166 and 167. Fig. 10(A) shows examples of the last data H{n) of the attack portion ATC and the first data H(n)
of the rapeat portion RPT both outputted from the adder 163 in Fig. 88. Fig. 10(B) and Fig. 10(C} respectively show
the cutput data of the D-FF 170 and 171. And, the signals AEND and AENDD are respectively cutputted as shown in
Fig. 10(D) and Fig. 10(E). As is apparent from Fig. 10, when the signal AENDD is supglied to the lcad terminals L of
the latch circuits 165 and 167, the latch circuit 166 memorizes the last data (A1) of the attack portion ATC and the latch
circult 167 memorizes the data (A2) second to the last. .

The above is a description with respect to an operation based on the signal AENDD. Thereafter, the adder 141
outputs the address data AD in a sequence of *RA+0", ‘RA+1°, "RA+2", *RA+3", ..., and the musical tone of the repeat
portion RPT will be generated thereby. As is the samae to the operation for generating the musical tone of the attack
portion ATC, the new linear predictive coefficients a, and a, are outputted lnom the linear predictm coefficient memary
161 by each frame and are supplied to the decoding circuit 183, X

Next, when the address data AD becomes identicalto the repeatendaddressHEA.matismsay.whenmemusbel
tone is genarated with respect to the repeat portion RPT at the first time, the repeat end signal REND (*1° signal) is
outputted from the comparator 152 and is supplied to the D-FF 153 and the selectors 168 and 169 (shown in Fig. 88)
as wall. At this time, the selectors 168 and 169 select the input tarminals A thereat, and the output data of the latch
circuits 166 and 167 are supplied respectively to the input tarminals of the D-FF 170 and 171 via the salectors 168
and 169. Next, when the note clock NCK is outputted, the D-FF 170 and 171 read in the cutput data of the latch circuits

~ 1686 and 167, and the D-FF 153 (Fig. 3A) cutputs the signal RENDD (*1° signal). The signal RENDO is supplied to a
praset terminal PR of the frame countar 157, wheraby the framse counter 157 prasets the output value { *2°, for exampie)
of the repeat frame memory 156. As a resutt, the frame code FLC becomes °2° and the frame end address memory
159 outputs the frame end address FLEA(2). In addition, the linear predictive coefficient memory 161 outputs the linear
predictive coefficients a; and a, of the frame {2]. The signal RENDD is supplied to the selectars 207 and 217 shown
in Fig. BA so that the selectors 207 and 217 select the input tarminals B thereof. At this time, the outpit data of the
latch circuits 206 and 218 are outputted via the selectors 207 and 217. Therefare, when the first quantized difference
code C{n) is read out in the second cycle for generating the musical tone by use of the repeat portion RFPT, the quan-
tization range data d{(n-1) and the PCM reproduction code pE{n-1) refarred to as the preceding values are those which
correspond to the iast quantization range code C{n) of the attack portion ATC. Therafore, the data is processed as
thia rapeat portion RPT for this second cycla follows the attack portion ATC in the continucus manner, so that the
smooth musical tone will be obtained.

The signal RENDD is supplied to the address counter 140 via the OR gates 188 and 184 so (hat the address
counter 140 is resel. Hence, the adder 141 rapeats to output the address data AD in a sequenca of "RA+0", "RA+1°,
“RA+2", ... so that tha sacond cycle of generation of the musical tona of the repeat portion FlPT is performed. Of course.
the linear predictiva coafficients a, and a, will be also changed by each frame.

Naxt, description will be given with respecl 1o lhe-decoded data H(n) of the head pomon of the second repeal
portion RPT. As shown in Fig. 11(A), the decoded data H(n) of the last portion of the rapeat partion APT ara rapresented
by RE3J, RE2and RE1. Fig. 11(B) and Fig. 11(C) raspectivaly show the repeat and signal REND and the signal RENDD.



L(n)= E(n) +e[err](n)
adder 113 adds the data L(n)to the prediction value pS(n)
addition result as expressed in the follow ng formula (B).
L(n) + pS(n) = E(n) + e[err](n) + pS(n) = S(n) + e[err](n)
(8) Hence, the addion result becones approxi mately equal
data S(n), and the prediction value pS( n')lzs
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Tha latch circuils 166 and 167 memoarize the data A1 and A2 (the decoded dafa of the iast portion of the attack portion
ATC) as dascribed in Fig. 10. As shown in Fig. 11(D) and Fig. 11(E), the D-FF 170 and 171 raspactively read in the
data A1 and A2 at a leading adge of the signal RENDO. At the sama time, the lirst quantzed dillarance coda C{n) ol
the repeal portion RPT is read from the data memory 135. Mora spacifically, when the first quantized difterance code
C(n) of tha rapeal portion APT is read lrom the data memary in the second cycle, tha data in the D-FF 170 and 171
becomae identical to thosa in the first cycle. Hence, the linear prediction decoding circuit 129A outpuls the decaded
data which is identical to that in the first reproduction cycle. Similarly, the second decadad data H(n), the third dacoded
data H(n) and other decoded data H{n) will be cbtained in the second reproduction cycle of the repeat portion RPT as
wall.

Thus, the second repeat pcmon of the musuca( tone is generated by use of the repeat portion RPT, thereafter, the
third, fourth, ... last portion of the musical tones will be generated by use of the repeat gortion APT under the same
procass descnbed above.

When the player takes his finger off the key, the key-on signal KON is retumed ta the “0° signal. Henca, the value
of the envelope data ED ars gradually attenuated to "0°, and the generated musical tone becomes attenuated and
finally ceases.

Next, description will be given with respect to the experiment result cbtained by practicing the above embodunenm
in conjunction with Fig. 12. Fig. 12(A) shows a waveform of the original data S(n) obtained by sampling a piano tone.
Each data S{n) shown in Fig. 12(A) is converted into the quantized dilference coda C{n) in the data compressing circuit
101 shown in Fig. 2, and the coda C{n} is stored in a memory. The stored code C(n) is read from the memory and is
decoded into the data H(n) in the circuit shown in Figs. BA and 8B. Fig. 12(B) shows the waveform of this decoded
data H{ri). Fig. 12(C) shows the subtraction result cbtained by subtracting the data H(n) shown in Fig. 12(B) from the
data S(n) shown in Fig. 12(A), in other words, Fig. 12(C) shows the reproduction eror. In Fig. 12(0). the scale of the
vertical ling is four times that in the Fig. 12(A) and Fig. 12(B). ’

As shown in Fig. 12(C), aithough the data are greatly compressed and are stored in the memory in the above
embodirments, it is possibie to raproducs the stored data with extremely small error.

in the above embodiments, the degrea of the linear prediction cperation, i e., the number of D-FF 114a and 114b
is secondary, howevey, it is not limited 1o that. Due to the axperiment results, the reproduction error become the smallest

- when employing the secondary linear prediction cperation. For example, Fig. 12(D) shows the reproduction error when

. the fourth finear prediction operation is employed wherein the other expaerimental conditions are the same as thosas in

Fig. 12(A) through Fig. 12(C). In Fig. 12(D), the reproduction aror is larger than that in Fig. 12(C) because a correlation

between the data E(n) becomes less as the accuracy of the linear prediction cperation becomes better, As-a result,

because a compressicn rate (or a compression accuracy) of the ADPCM operating circuit becores lower. On the other

hand, the correlation batwsen the data E(n} is remained to a certain extent in the secandary cperation, and therefore,
the compression rate of the ADPCM cperating circuit becomes better.

Next, description will be given with respect to modified forms of the first and sacond embodiments in following

paragraphs (1) through (18).

(1) Fig. 13 shows a madified form of the ADPCM decoding circuit 124A shown In Fig. 8A. In Fig. 13, a memory
205A for storing data necassary for caleulating the initial value of the repeat portion APT and a memory 218A for
storing the vaiue of the last data in the attack portion ATC are provided instead of the latch circuits 206 and 218
shown in Fig. 8A. Therefora, the data are not stared in the' latch circuit 206 and 218 by use of the signal AEND,
but altematively, the data for storing are pre-provided in the memories 206A and 218A. Of coursa, the data must
be provided in correspondence with each musical tone waveform stored in the data memory 135,

Fig. 14 shows a modified form of the linear prediction decoding circuit 129A shown in Fig. 88, In Fig. 14, a
data memory 230 (ROM) for storing data necessary for calculating the initial value of the regieat portion RPT is
provided instead of the latch circuits 165 and 167 shown in Fig. 88. The data memory 230 memorizes the last
compressed data A1 and A2 of the attack portion ATC described before in correspondence with each musical tone
waveform stored in the data memory 135. When the key code KC, the tone code TC and the touch data TO are
supplied to the data memory 230, the data corresponding to the supplied data are read out and are supplied to
the selectors 168 and 169,

In Figs. 13 and 14, the memories 206A, 218A and 230 can be constituted by RAM and the data can be cal-
cutated and stared at a power-on tima, a tone color selecting time, atc.

In addition. the decoding circuit 163 shown in Fig. 2B can be obtained by proparly combining the cirouits 124A
and 129A shown in Fig, 8, the circuit shown in Fig. 13 and the circuit shown in Fig. 14.

(2) The above embodiments disclose tha electranic musical instrumants of the monaphonic types, howaver, it is
possibla to apply the present invention to electronic musical instrumants of the polyphonic typas. In this casa, it is
preferred to use the tima division procass.
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{S) Each musncal tona waveform is memorized in correspondance with the tone code TC, tha key ccde KC and
the touch data TO in the above embodiments, howaever, it is passible to memorize each wavelorm in correspond-
ence with the tone cade TC only. In addition, the musical tone waveform can be memarized in correspondence
with the operating condition of the operaling elements manipulated by the playet. Any combination of the abave
methods can be employed in the present invention.

(6) it is possible to employ the interpolation operation instead of memarizing the musica tone wavelorm for each -
key code KC and for each touch data TD. In this case, a first waveform corresponding to touch data TD of the
strongest touch intensity and a second waveform corresponding to touch data TD of the weakest touch intensity
ars memorized, for example. And, a certain waveform corresponding to touch data TD having a medium touch
intensity can be cbtained from the first and second waveforms by performing the interpotation operation. The circuit
for performing the interpotation operation has been disciosed in the Japanese Patent Applmuon Lald-Open No.

60-55388.

(7) in the above embodiments, oniy one repeat portion RPT is provided, howavey, itis possibla to provide a plurality
of repeat portions RPT. In this case, an interpolation interconnection (as disclosed in U.S. Pat. No. 4,633,748) can
be employed for smoothing each interconnection betwaen the repeat portions. instead of the interpolation inter-
connection, a waveform connecting method as disclosed in U.S. Pat. No. 4,520,708 can be employed.

(8} in the above embodiments, the digital data outputted from the waveform processing circuit 106 (shown in Fig.
2A) are once stored in the waveform memory 107 and are then eompressed However, it is possible to comprass

the digital data based on a real time system.

{9) In the above embodiments, the cutput data of the A/D convertar 105 are standardized, and thereatftarthe output
data are compressed. Howevaey, it is possibie to progerly adit the waveform of the output data beforg comprassing
the output data. For example, a certain portion is extracted from the wavefonm, or a certain operation is performed
for smocthing the intarconnection between the repeat portions.

{10} In the above embodiments, the musical tone is collected by the microphone 104 and is converted into the
coriginal musical tone data in the A/D converter 105. Howavar, tis possible to obtain the original musical tone data
by use of a computer simulation.

(1) 1t is possible to constitute the sampling electronic musical instrument by assembling the data compressing
* eireuit, the data memory and the data decoding circuit into one slectronic musical instrument.

{12) The application of the presant invention is nat limited to the kayboard musical instrument. And, it is possible
to apply the present invention to other electronic musical instruments having no keyboard, such as a sound source -
module ora mythm sound saurce. .

{13) it is possible to provide a (digital) filter connacted after the decoding circuit and to control 2 musical lane by
passing the decoded data through the filter. The filter characteristics of the filtar are changed according to the
louch data TD, the key code KC, etc. to theraby contral a tone color of the musical tone.

(14) 1t s possible to employ methods for generaling the address data AD of the data memory 135 other than that
described in the above embodiments. Among the methods, there are a mathod for accumulating a F number(a
frequency number), a method for generating the address data by succassively subtracting a value from ALL *1°,
a mathod for presatting the start address by use of an address counter 140 of tha prasattable lype and a method
lor calculating the addrass by use of a {(micro) pragram, for axampie. '

{18) In the above ambadiments, the wavelarm data of the repeat partion RPT is repeatedily raad rom the memory
and the musical tone is ganaratad. Howavar, it is possible lo memorize the whola musical tone wavatorm in the
mamory and raad out the whole wavalorm to cbtain the musical tane.
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(17) Tha method for switching the frames is nol limited to that dascribed in the above emhodiments. For exampla,
it i1s possible to switch the framas by use of the upper bits of the addrass data AD.

(18} in the above embodiments, the frame switching positions and the repeat portion are set independently. How-
aver, it is possible to synchranize the frame swilching positions with tha repeat portion by switching the frames at
& head position of the repeat portion, for sxample.

Next, description will be given with respect 1o the third embodiment of the present invention in conjunction with
Fig. 15. in Fig. 15, same numerals designats the corrasponding parts shown in Figs. 2A and 28, and descriptionthareof
will be omitted. The present embodiment is roughly constituted by a data compressing circuit 301, a LPC data memory
302 and a decoding circuit 303. When the circuit shown in Fig. 15 is compared to the circuit shown in Figs. 2Aand 28,
a fimiter 304 and the LPC data memory 302 are used respectively instead of the ADPCM cperaling circuit 116 and the
data memory 102 shown in Fig. 2A, and the ADPCM decoding circuit 124 shown in Fig. 2B is omitted. In addition, a
linear prediction operating circuit 305 is constituted by the subtractor 112, the adder 113, the prediction value ealculaﬁng
circuit 114 and the limiter 304,

in the linear prediction operating circuit 30S, the output data E(n) (of tweive bits) of the subtractor 112 is supplied
to the limiter 304. Tha limiter 304 cuts upper four bits and lower two bits of the output data E{n) of twelve bits to obtain
compressed data L{n) of six bits, for example. In the case where the upper four bits of the data E(n) include *1*, data
whese bits ars all *1° is outputtad as the compressed data L{n). The compressed data L(n) is thus outputted from the
limiter 304 and is stored in the LPC data memory 302. As described befcre, the value of the data E(n) is further smaller
than the value of the wavetorm data S{n) since the prediction value pS(n) is near the value of the prasent waveform
data S(n). In this case, the upper four bits of the data E(n) are usually “0° except for the initial data. Hence, thedata L
(n) are approximately identical to the data Efn), and the data L{n) includes only a small error caused by cutting the
lower two bits of the data E(n). This data L(n) can be m:pressed by the following farmuia (7).

WUn)= E(n) + a,(n) _ . B ()

The adder 113 adds the data L{n)to the prediction value pS(n) to cbtain the addition result as expressed in the following
formula (8).

L(n) +pS(n) = E(n} + e, (n) + pS(n) = S(n) + e(n) . 8

Henca, the addition result becomes approximately equal to the waveform data S(n), and the prediction value pS(n) is
rendered nearly equal to the valus of the wavaform data S(n) by the prediction value calculating circuit 114, as described
before. Fig. 16(A) through Fig. 16(G) show the data S(n), the cata E{n), the data L(n), the output data of the adder
113, the cutput data of the D-FF 114a, the output data of the D-FF 114b and the prediction value pS(n) in correspendence
with the waveform data S(1) through S(4). In Fig. 16, the initial values of the D-FF 114a and 114b are set to 0", The
data L(n) of six bits is once stored in the LPC memory 302 and is read outto be suppfied to the adder, 130. As described
before, the adder 130 adds the data L{n) of six bits to the data pS(n) of tweive bits to cbtain the decoded data H{n) as
expressed by the following formula (9).

L{n) + pS(n) = E(n) +'a,(ﬁ) +PpS(n) = S(n) + e {n) = H(n) . ©)

Fig. 16(H) through Fig. 16(L) show the oulput data of the LPC data memory 302, the output data of the adder 130, the
output data of the O-FF 131a and 131b, and the output data (the prediction value pS(n) ) of the adder 131e. in this
case, tha initial values of the D-FF 131a and 131b are both set to “0°.

Fig. 17 shows amodified form of the linear pradiction operating circuit 30§ shownin Fig. 15, Whenitisnatnecessary
to considar the error accumulation, this circuit can be employad. In this casa, an 1/O characteristics of the limiter 306
can be arbitrarily set lo optional values, and it is posslble 10 omil the limiter 306 according to the need. In the casa
whaere the limiter 306 cuts only the upper bits of the data E(n), the limiter J06 is not required practically.
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In Fig. 17, D-FF 307 and 308 and multipliers 309 and 310 ars raspectively corresponding lo the D-FF 114a ang
114b and the multipliers 114c and 114d, and description thargol will be omitted. The dala S{n) is supplied to the D-FF
307 and a sublractor 311. A subtractor 312 subtracts an output data of the multiplier 308 trom the output data of the
muttiplier 310 1o ablain a prediction value pS(n). Tha subtractor 311 subtracts the above prediction value pS(n) from
the data S(n) tc obtain the data E(n) of twelve bils. The dala E(n) are limited into the daia L{n) of six bits in the limiter
306 as well as in the limiler 304. ' ) _

This invenlion may be practiced or embodied in still other ways. Far instance, in the illustrated prelerred embod-
iments, the main part of the data compression circuit is not limited to the encoders or limitars, and other circuits can
te applied for cornpressing the data. The prelerred embediments described herein are therelore illustrative and not
rastrictive, the scope of the invention béing indicated by the appended claims and all variations which come within the
meaning of the claims are intended 1o be embraced therein. '
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Claims

1. A musical tone generating apparatus for an electronic musical instrument characterized by the provision of:

{a) memory means lor storing'a series of compressed waveform data therein, said series of compressed
waveform data being obtained by compressing a series of wave-form data representative of instantaneous
values of a waveform of a musical tone by use of either one of a pradictive coding methed and a modulation
methed;

(b) data providing means for providing replacement data;

(¢) reading means for repeatedly reading at least one portion of said sesies of compressed waveform data
from said memory means, said replacement data corresponding to data preced'mg said at least one portion
in time among said series of compressed waveform data;

(d) circuit means responsive to said replacement data and said at least one portion of said compressed wava-
form data for repfacing the first compressed waveform data of said at least one partion with said replacement
data to output a group of compressed waveform data; and

(e) decoding means for deceding said group of compressed waveform data by a decading method cerrespond-
ing to said cne methed to obtain a series of decoded waveform data. said musical tone being reproduced
based on said series of decoded waveform data.

2. A musical tone generating apparatus according to claim 1, wherein said modulation method is one of the delta

mddutation method, the adaptive delta mcdulatwn methad. the differentiai modulation methaod and the adaptive
differential modulation method. o

3. Amusical tone generating apparatus according to claim 1, wherein said musical tone waveform is divHsd intoan

attack portion in which an snvelope ampfitude thereof becomes increasing and a sustain portion in which an an-
veiope amplitude theredf is generalily constant, said memory means storing, as said series of compressed wave-
formdata, those compressed wavefonm data corresponding to said attack portion and those compressed waveform
data corresponding to a selected part of said sustain portion, said reading means first reading said. those com-

'pressed waveform data comresponding to said attack portion and then repeatedly reading, as said at least one

portion, said those compressed waveform data corresponding lo said selected part of said sustain portion.

4. Amusical tone generating apparatus according to claim 3, wherein said data providiﬁg means comgirises second

memory means for storing, as said data, the last compressed wawfcrm data of said those compressed wavefarm
data carresponding to said attack portion.

5. A musical tone generating apparatus according to claim 1 further comprising sampling means for sampling said

" musical tone waveform to produce said instantaneous values, and encoding means for encoding said tnstamane-
ous values by said one method to produce said series of compressed wavetorm data,

6. A musical tone generating apparatus according to claim 1 funher compmmg a keyboard, said memory means

storing said series of compressed waveform data with respect (o each key of said keyboard, said reading means
being rasponsive to each'depressed key of said keyboard to read the series of compressed wavelonm data cor-
responding to said each depressed kay from said memory means.

7. A musical tone génera(ing apparatus according to claim 6 further comprising key-depraeasion intensity level da-
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iments, the main part of ThHé data conpression circuit is not linmted to the
encoders or limters, and ot her CI rcwts can be ap Iled for conBresm ng the

data. The pr J"’é gpagn

and not restrg, &%:Ln&%ou%&aé o§£‘ r%%e ;@g ﬁlm‘mm ’s d&ﬁ&“mil m:B w::: ;:%

ﬂ

appended cl ai e R iyt ovit AEndiy P«Jﬂ%ﬂhmeﬂé redpdfisiva to

clains are i nhawa ty liael BRa RN 3 Gerlad) & cBhdtessed waveiorm data corrasponding to the depressed key
and to read that black of comprassed wavafonm data of said selectad saries of comprassed wavelorm data which
correspands to the datectad intensity level.

8. A musical tone generating apparatus according to claim 1 further comprising a tona color selaction means lor
selecting a desired one of a plurality of tone colors to be given to said musical tone to output data representative
of the selected tone colar, said memory means storing said saries of comprassed waveform data with respect to
each of said plurality of tone colors, said reading means being responsive o said data represaentative of the selected
tone color to read the series-of compressed waveform data corresponding to said selected tone color data from
said memory means.

9. A musical tone generating apparatus for an electronic musical instrument characterized by the provision of:

(1) memary means for storing a series of compressed waveform data which have been cbtained by compress-
ing a series cf wavafcrm data reprasentative oi instantaneous values of a waveform of a musical tone by a
predictive coding maethod;

(2) data providing means for providing replacement data,

(3) reading means for rapeatedly reading at least ene portion of said series of compressed waveform data
from said memory means, saki replacement data corresponding to data preceding said at least one pomon
in time ameng said saries of compressed waveform data;

(4) circuit.means responsive to said replacement data and said at least one portion for replacing the first
compressed waveform data of said at least one portion with said replacemerit data to output a group of com-
pressed waveform data; and

{5) decoding means for decoding said group of comprassed waveform data by adecoding method oorrespond-
ing to said predictive coding method to obtain a saries of decoded wavefonn data, said musical tone beung ,
reproduced from said series of decoded waveform data.

10. A musical tone generating apparatus according to claim 9 wherein said predictive coding method uses a linear
predictive cperation which is effected on said saries of waveform data to produce a series of predicted waveform
data, said comprassed wavetorm data being cbtained from said series of waveform data and said series of pre-
dicted waveform data,

* 11, Amusical tone generating apparatus for an electronic musical instrument charactarized by the provision of:

(1) memory means for storing a series of comprassed waveform data which have been obtained by comprass-
ing a saries of waveform data reprmntatm of instantanecus values of a waveform of a musical tone by a
differential quantization method;

{2) data providing means for providing replacament data;

(3) reading meaans for repeatedly reading at least cne portion of said series of compressed waveform data
from said memory means, said replacement data corrasponding to data preceding said at least one portion
in time among said series of compressed waveform data;

(4) circuit means responsive to said replacsment data and said at least.one portion for replacing the first
compressed wavelorm data of said at laast one portion with said raplacement data to output a group of com-
preased wavetorm data; and

(S) decoding means for decoding said group of compressed waveform data by a decoding method correspond-
ing lo said diffarential quantization mathod to obtain a series of dacoded waveform data, said musical tone
being reproduced from said sarias of decoded waveform data,

12. A musical tone genarating apparatus according to claim 11 wharein said diffarential quantization method uses at .
lsast one of the dalta medulation operation, the adaptive dalla modulation operation, the differential pulse code -
modulation and the adaplive differential pulse code modulation which is affacted on said series of wavelorm data
to produce said compressad wavaform data.
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ABSTRACT OF THE DISCLOSURE

A musical tone generation apparatus utilizing a data compression method is disclosed.
A musical tone is sampled .and is converted waveform data (S(n)). These waveform data
data (S(n)) are compressed into compressed data (C(n)) by a linear predictive coding
method and further coding method and further by differential quantization method. The
numbei' of bits of each of the compressed data (C(n)) is thus significantly smaller than that
of the waveform data (S(n)). Thereafter, a memory (2) stores the thllxs compressed data
corresponding to an attack portion offhetoneandeselected part of a sustain portion of
the tone. Hence , itispossibletoremarkablyreducethememorystorage. When
generating a musical tone, the memory (2) reads out ‘the compressed data (C(n)) of the
attack portion and thereafter repeatedly reads out the eompressed data of the selected part.
The read-out compressed data are sequentially decoded into the original digital data. Thus,
the whole waveform of the musical tone is reproduced.

FIGURE 1.
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conpressed
wave-form data representative of instantaneous
wavef orm of a nusical tone by use of eitRer one of a pre
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FIG.2 A
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(c) reading neans for repeatedly reading at | east one portion of said
series of conpressed waveform dat a fromsaid ne sr~saﬁg—~
repl acenent data corresponding to data preceding said at BWEAﬁO%H&Eﬁ

in time anong said series of conpressed waveform dat a; ra)y—erroui
means responsive to said replacenent data and said at |epst 0% AR 4an [of
sai d conpressed wave- ' f or m dat=3for replacing thef first co esise
wavef orm data of said at |east one portion with said rep} acerent

data to output a group of conpressed waveform data; and
decodi ng neans for decoding said group of .conpressed waveform data by =
decodi ng net hod correspond- ing to said one nethod to obtain a
series of decoded waveform data, said nusical tone being reproduced
based on said series of decoded waveform dat a.
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2. A nusical tone generating apparatus according to clainj P) au d
nmodul ati on net hod ?s one ofgthgpdelta nndulgtion met h EPQA&EB t HﬁET
del ta nodul ati on nethod, the differential nodul ati on nethppd} and the
adaptive differential nodul ation nethod 3. A nusical gqﬂﬂggﬁhn
apparatus according to claim1l, wherein said nusical ton orm
divided into an attack portion in whfch an envel ope :

beconmes increasing and a sustain portion in which an en- vel ope
anplitude thereof is generally constant, said nenory means storing, as™s
series of conpreised wave- formdata, those conpressed waveform

dat acorrespondi ngto said attack portion and those conpressed waveform

data corresponding to a selected part of said sustain portion, said reading
means first reading said those con- pressegimaveforn1data correspo ng
to said attack portion and then repeate r | agesajd pt | egst
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portion, said those conpressed waveform data corresponding to said sel ected
part of said sustain portion. 4. A nusical tone generating apparatus
according to claim 3, wherein said data providing nmeans co |ﬂ CiﬁﬁﬁﬂdSHEFT
menory neans for storing, as said data, the |ast conpressed |Wav-eterr-tat-ar
of said those conpressed waveform data corresponding to jsai d attack, -
portion. S. A nggical tone generating afparat us gccord?ng tjo C|%§nﬁﬁ%‘EQS
further conprising sanpling nmeans for sanpling said nusijcgl__t one
waveformto produce said instantaneous val ues, and encodi ng {means for

encodi ng sai d instantane- ous val ues by said one net hod 4o—produce—said—-I

series of conpressed wavef orm dat a.
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6. A nusical tone generating apparatus according to clai

sai d nenory neans

conpressed waveformdata with respect to each key of said

bei ng responsive to each depressed key |of dﬁld
p

conprising a keyboard,

readi ng neans

to read the series of conpressed waveform data cor-
each depressed key from said nmenory nmeam®-

storing said

7. A nusical

1 fIII‘T-heI’

REPIIAGE)

aay

<l

AENT SHEET

res

C)’ voaTrTery

t ane qeneratrng

keyboarc

5t 1998aii d

apparatus according to cIa|n16 further conpri si ng key defgression intensity
| evel de-
1
s £ 8§ & 2
<
5 3§ 3 3 2
m o z e T
] 1 .
[2] [31 (nN—1]
L
-
REA
AEA | RA
[N v, - __J
ATTACKX PORTION REPEAT PORTION RPT

ATC

d(n)
| efnl

FIG.4

--N
d

-+

i
FIG.

P TG

5

~=(e{n}/d(n}]




-17-

REPLACEMENT SHEET

08 AUG 1998

|

I} D 1| Sp—— ——————
0110} : —
0101} —
1100} . —

020 | T '

6010

00g1p o
0000

]

e(n)/d{n)

D e T T G ———

r

' 1/8 1/4 3/8 1/2 5/8 3/4 7/8
=2 —$1000 _

-—a {1001
— 11010

b 11100

. —a {1
—a {1110

————————————— 1111

FIG.6

1




Iectlng means responsive to each depression of key of said keyboard for

detecting a level of intensity of said each
out put data rapresentative of the detected intensity |eVv
data correspondi ng to each key |c
plurality of blocks of conpressed waveform data correspdndi fh§ AUG {998

conpressed waveform

respectively to predeterm ned different
sai d readi ng means bei ng responsive to

sel ect the series of conpressed waveform data correspon
and to read that bl ock of conpressed waveform data of

depressed key

sai d sel ected series of conpressed maveforn1data whi ch

the detected intensity |evel.

depresd|i
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8. A nusi cal
conprising a tone col or selection neans for

tone generating apparatus according to claim1 further
sel ecting_a desired. one of

C {n) )

a plurality of tone colors to be given to said nusical t)REpLRCQ“ENQtSHEEE
representative of the selected tone col or, sai d nenoly (EaRS—storr1g
said series of conpressed waveformdata with respect to eacE éf §@ij
plurality of tone colors. said reading n®ans bei ng resporsivgao Y i1§ ata
representative of the sel ected tone color. to read thejseries-of
conpressed waveform data corresponding to said sel ected tone col or data
from said nmenory neans. 9. A nusical tone gener at ilhg—apparatds—+or—
an el ectronic nusical instrunent characterized by the provision at
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(1) nenory neans for storing a series of conpressed waveform data which
have been obtai ned by conpress- ing a series of waveform data

Fepresentative_of i nstant aneous val ues of a waveform of a Tﬁzb[ﬂ E&EN&'QEEET
) o |

“‘predactive codi ng nethod; (2) data providing mean

repl acenent dat a; (3) reading _‘Ens for repeatedly
| east one portion of said series of coﬁgf ¥sed wavef orm dat]

said nenory neans, said replacenent data corresponding to (¢

gadi ng at

a gpm

atia preceglng

said at | east one portion in time anong said serigs ltef—econpresset

wavef or m dat a; (4) circuit nmeans responsive to sai
data and said at | east one portion for replacing the first
conpressed waveform data of said at | east one portion with

d repl acenent

sai d repl acenent

data to output a group of com pressed wavef orm data; and
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»

(5) decoding neans fordecoding said group of conpressed waveform data by a

decodi ng net hod correspond- ing to said predlct|V” .

to obtain a series of decoded waveform data, said nu5|cal Tﬂgfwﬁﬁf?gﬁFET
reproduced from said series of decoded waveor m dat a. S|cé1 tone
generating apparatus according to claim9 wherein sald pre iqti

nmet hod uses a |inear predictive opeﬂérlon which is.eff cte on sald
series of waveformdata to produce a series of predicted At dats;
sai d conpressed wavef orm data being obtained fromsaid seri s of wavef orm
data and said series of pre- di cted waveformdata. 11.° A musi cal tone

generating apparatus for an el ectroni c nusical instrunment characterized by
t he provision of:
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(1) nenory neans for stofing a series of conpressed waveform data_ which

have been obtai ned by conpress- ing a series of R acuUE
represent ative of instantaneous val ues of a waveform of EP[R E%?ﬁéngH ETa
differential quantization nethod; (2) data providing _neans for
provi di ng repl acenent dat a; (3) reading means fol {ePdhtRAdE 1998

reading at |east one portion of said sedi2es of conpressedl waveform data
fromsaid nenory neans, said replacenent data corresponding to data.
precedi ng said at | east one portion in time anon id series. of
conpressed wavef orm dat a: (4) circuit neans responsive to said
repl acenent data and said at | east one portion for replacing the first
conpressed waveform data of said at | east one portion with said repl acenent
data to output a group of com
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L

préssed wavef or m dat a; . and

-group of conpressed wavef or m dat a by a decodi ng net hod correcnnnd-
guanti zation method to obtain a serj
bei ng reproduced frdg
one generating apgar
nti al

ing to said differential
wavef orm data sai d nusical tone

of decoded waveform data. 12. A nusica
according to claim 1l wherein said diff®e

| east one of the delta nodul ati on operati on,

operatiaon, the differential pulse code-
differenti al

wavef or m dat a
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