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MUSICAL 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
generating 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 mu31cal tones which are
the most similar to those of the acoustic mus1ca1 1nstruments.
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. 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 pitch (or each tone range), for
example. Of course, periods of such waveforms 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 rangei, if necessary in the case where the musical tones
truly similar to those of the acoustic musical ihstruments are
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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 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 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 portion and the selected
part of the sustain portion (hereinafter, the selected part of
the sustain portion will be referred to as a repeéat 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



Thi s |nvent|on general ly relates to musical tone generatlng appar at uses for

use This Sheet EpyRBeen Rep ical instrunents. and nore particularly ToaR 3

t one ratus in which a data conpression nethod|is us :ﬁhSBEE“
=iy Yk

stored data fromwhich tone signals are ‘gererate
The el'ectronic musical instruments sufferga big problemthat it is hard to
generate nusical tones which are simlar to those of acoustic nusical

instruments p¥a AU W@mm&a&é QitfoTé GRiNe BOFET Gf | dcmaioteadr
known as for he ectronlc nmusi cal |nst%unents Anbng FTb%gsggmathods a PCM

(Pul se Code BBGUP &he manexy | sterage BRFEmSEn IR TS tause the PCM
met hod can generate nusical tones which are the nost simlar to those of

the acoustic it is therefore a general object 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 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 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-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 gquantization
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According to a second aspect of the present invention,
there is provided a musical tone generating apparatus for an
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 conpressed 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
synchronizétion with said frames of said compressed waveform
data group; and (e) decoding means for decoding the read
compressed waveform data group, by effecting a decoding
operation corresponding to said linear predictive coding
operatidn 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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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 portion 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
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 following description, reference
being had to the accompanYing drawings wherein preferred
embodiments of the presgnt 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 compressioﬁ in Pig. 1;

Fig. 6 is a graph showing a relationship among.data e(n),
a quantization range data d(n) and a quantized difference code
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Figs. 8A and 8B are system block diagrams showing a
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 1ineaf 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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apparatus of the present invention can be roughly divided into
three parts, namely a data compressing circuit 1, an ADPCM
data memory (waveform memory) 2 and a data decoding circuit 3.
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 sigrial 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
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). 1In
this case, the contents of the quantized difference code C(n)
correspond to the sum of the difference PCM code e{n) and a
quantization error e (n). The quantization range control
circuit 8 sets an adaptive quantization range data d(n) (of
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processing operation performed in the quantization range
control circuit 8. First, the present quantization range data
d(n) is obtained from the preceding guantization 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

0109 .1 219 This Sheet Has Been Replaced
0101 1.464
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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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~ 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 value-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

- get 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,BZ,B1,BO) (where characters B
through B; denote respective bits of the code C(n) of four
bits), a value e(n)+er(n) can be obtained by the following
formula (2).

e(n) + e, (n) = (1-2 By)e [ ( d(n)/2 JeBy + ( d(n)/4 }+B4

+ ( d(n)/8 )eBy + d(n)/8 1 ... (2)
S
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In above formula (2), an underlined term (1-2 Bj) represents a
sign bit. This sign bit is negative where ‘B3="1" and is
positive where B3="0". The other terms parenthesized by ot O L
represent an absolute value of e(n)+e.(n) which is obtained by
adding the values d(n) weighed by the respective bits together
and further adding an offset value of d(n)/8.
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The difference 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
presently supplied to the subtractor 6. In other words, the
above operation is identical to a reproducing operationﬂof 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
previous 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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Next, description will be given with respect to the data
decoding 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
respectively to the decoder 9, the gquantization range control
circuit 8, the adder 10 and the delay flip-flop 11. The data
decoding circuit 3 decodes the quantizéd 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
11.

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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process. This standardization process is performed in order
to enhance a musical tone reproduction accuracy in a portion
in which the amplitude thereof 1is relativély small. The
sampling data outputted from the A/D converter 105 is '

constituted by 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
memorxy 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. In 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 a4
and as s 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 addition, it is possible to
obtain the coefficients a4 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 adding circuit 113 and a
prediction value calculating circuit 114. The prediction
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the multipliers 114c and 114d as multiplier coefficients
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. 1In this case, the decoded data is not identical to
the data E(n) because the decoded data includes an error
er(n). In other words, the decoded data can be expreséed 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 aq and a,
cofresponding respectively to the frames [0] through [N-1] are
written into the coefficieﬁt 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], [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 memory 110 reads out the
linear predictive coefficients é1 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 out
the next linear predictive coefficients aq and a,
corresponding to the frame {1]. This is true of the other
frames. These linear predictive coefficients aq and a2 are

"supplied respectively to the multipliers 114c and 114d in a
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correspondlng

decodi ng et 0 sald one to Obtaln a series
decoded waveirem theawaygferm data S(n),. i e., the subtractor 112

performs an operation according to the following formula (3)
to obtain the data E(n). '

S(n) - psS(n) = E(n) ceee (3)

The data E(n) is suppliéd 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 (becauée 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)+er(n)“ to the prediction value pS(n) to obtain a sum
value. This sum value can be expressed by the following
formula (4). '

E(n) + ep(n) + pS(n) = S(n) + ey(n) e (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'aﬁproximately 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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coefficients a4 and a, of such values that the prediction
value pS(n) takes the value nearest the present data S(n).
These coefficients aq and a, are written into the coefficient
memory 110. For this reason, the prediction value pS(n)
calculated by use of the above coefficients a4 and a, becomes
extremely an approximéte value of the waveform data S(n).

Thus, the linear prediction operating 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'smail. 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 guantization range control
circuit 8, the decoder 9, the adder 10 and. the delay flip-flop
11 in PFig. 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
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)+er(n) by use of the
quantized difference code C(n) and the adaptive quantization
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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).

e(n) + e.(n) + pE(n-1) = E(n) + e,(n) esee  (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 identica1
to the difference data between the data E(n) and the data E(n- -
1) (whiéh 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 predictioh 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 constitutions as the
quantization range control circuit 119 and the decoder 120.
The outbut_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)+e,(n)"
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i nventi on; 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, the coefficients aq; and a; read from the
coefficient memory 110 are supplied respectively to
multipliers 131c and 1314 in the circuit 131. The D-FF 131a
and 131b are supélied 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 1314 together and
generates the prediction value pS{n) as described before.
Therefore, 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) + e, (n) = H(n) eees (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 e, (n) is contained in the output
data of each of the adders 121 and 114e, and therefore, the
quantization error e, (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 possible to
prevent such errors from being generated by rendering the

number of bits of the input and output data equal to that of

il
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In the case where the operation is performed very
accurately, i. e., in the case where the quantization error is
not necessarily considered to be accumuiated, 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 Fig. 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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memory 135 are not whole waveforms of the musical tone signals
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
thereaffer 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 genérates 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 depréssed 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. 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 key-on signal KON 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 simultanéously 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-color 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 fepeat 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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accordance with the present invention. In Fig. 1, the apparatus of the
present invention can be roughly divided into three pants
conpressi'ng circuit 1, an ADPCM data nenory (waveform ne
decoding circuit 3. The ADPCM data nenory stores the data-ec M Dn t
data conpressing circuit 1. The data deggplng circuit 3 decodes the da

read fromthe AOPCM data nenory 2. e data conpressing circuit 1

conpri ses g dB&d O i eds @&t@rﬁiOﬂnas?cétghaathé%@bregavaltb%&né t?ae
subtractor 6, an encoder_7, gquanti zati on rangﬁocontro circylt

8,
decoder 9, %ﬁ?%ﬁﬁkﬁaQQ)Qﬁnﬁ@ﬁcﬂ#ﬁ&cﬁl foreopayeform corresponding to the
above supplied data. One of the start address data SA and the

repeat address data RA is selected by a selector 145 and is
supplieé to the adder 141. An R-S flip-flop (reset-set flip-
flop) 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 "1" 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 other, the comparator'1 48
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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met hod to gewemetry hS5dyanepeadt eindf edéms:d@d:aCREA 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 waveform 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 signal REND is
delayed by one clock of the note clock NCK and is outputted as
a signal RENDD. A repeat frame memory 156 shown 1n 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. In Fig. 4, the repeat data belongs to the frame
[2], and the frame number for the repeat data is determined in
correspondence with each 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 mémory 156, fhe 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 mémory 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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based on t hewdwéformng Whenuthe(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 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 one clock of the note clock NCK and is
outputted to a clock terminal CK of the frame counter 157.

In Fig. 3B, a linéai' predictive coefficient mémory 161
provides storing areas corresponding to the musical tone
waveform in the data memory 135 and memorizes N pairs of
linear predictive coefficients a4 and a; corresponding to the
-frames {0] through {N-1] into each of the storing areas. When
the key code KC, the tone 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 a; and
ay 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

This Sheet Has Been Replac

[T




d(n) —d(n 1) [err]

demotes a coeffcient which is deterrm ned by the value d
di fference code C(n) as shown in Table 1.
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ADPCM decoding circuit 124A, an ADPCM coefficient memory 200
memorizes conversion data as described in Table 1 and outputs
a coefficient k in correspondence with the value of the
quantized difference code C(n).

The coefficient k outputted from the ADPCM coefficient
memory 200 is supplied to one input terminal of a multiplier
201 where the-coefficient k is multiplied by the previous
guantization 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 ™" 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. 1In other
words, the selector 202 usually selects the input terminal B
but selects the input terminal A when the key-on pulse XKONP is
outputted. An initial value memory portion 203 memorizes an
initial value d(ng) of the quantization 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 the
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 pdrtion 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
outputted 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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respectively to input terminals A and B of a selector 207.
When the "1" signal is supplied to a terminal SA of the
selector 207, the selector 207 selects the input terminal A.
When the "“1" signal 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 selects 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)+e,.(n)". AaAn
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 terminal A of the selector 217. When the attack end
signal AEND is supplied to a latch circuit 218, the latch
circuit 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. 1In the
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case where the selector 217 selects the input terminal A
thereof, the data "E(n)+e,(n)" delayed by one clock in the D-
FF 215 is outputted from the output terminal of the selectdr
217. In the case where the selector 217 selects the input
terminal B, the selector 217 outputs the data supplied from
the latch circuit 218 (this operation will be described
later). '

Next, 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 suppliéd 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 "" signal. On the other hand, both of the selectors
168 and 169 select and output the data supplied to 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 a; and a, as multiplier coefficients thereof. An
adder 174 adds output data of the multipliers 172 and 173
together to obtain the predictién 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 multiplier 177.

The envelope data ED are determined in correspondence with the
key code KC, the tone code TC and the touch data TDh. 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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In Table 1, the value of the coefficient k increases as,an _absol ute val ue
of- the quantized difference code C(n) increases. And, | Tels/shERr Qhs BEEN
C(n)="1000" corresponds to a decimal value of "0". In the pre&BPDACED
enbodi ment each of the coefficients k of Table 1 is rounded t0 one decrmal
pl ace and menorized in a predeternmned mayyry in the quantized

respectively shown in Fig. 9(B) and Fig. 9(C), for example.
Concretely, Fig. 9(B) shows a tone of a percussive system and
Fig. 9(C) shows a tone of a continuous type. The multiplier
177 multiplies the decoded data H(n) outputted from the
decoding circuit 163 by the envelope data ED. An output data
of the multiplier 177 is supplied to a D/A converter (a
digital-to-analog converter) 178 where the ocutput. 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 operation of the second embodiment shown in Figs. 3A
and 3B. First, when a player manipulates the tone-color
selection operating elements to select a certain toneécolor,
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-depfessidn 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 a1 and aj 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,
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the initial value d(ng) outputted from the initial value

memory portion 203 is passed through the selector 202 and the

max/min contrél portion 204 in series, and the initial value

d(ng) is supplied to the decoder 210 where the initial value
- d{ng) is latched therein.

The envelope generator 176 sequentially outputs the
envelope data ED aftef a time when the key-depression
detecting circuit 138 outputs the key-on signal KON. 1In
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 is 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 quantized difference code C(n) of the

. attack portion 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(n)" to the data H(n). More specifically,
when the data memory 135 starts to successively output the
gquantized difference code C(n), a repeat end signal REND is
the "0" signal. In addition, the key-on pulse KONP is turned
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relative value e(n)/d(n) of the difference PCM code e(.

rangé‘control circuit 8. As shown in Fig. 5. the encEqﬁﬁkiggiiéugﬁEék

quanti zation range data d(n) is set to a value *1*. The

the value e(n)/d(n) as the quantized difference code C(n). In this case,
t he value e(n)/d(n) can take any val ues bgtween values [err]-1[err] and

[err]lLerr]

However, since the o
to the "1" signal only when the key is depressed, and

-Ehereafter, 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 is supplied 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)+ep.(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. In this case, both constitutions of
the linear prediction decoding circuit 129A shown in Fig. 8B
and ‘the linear prediction decoding circuit 129 shown in Fig.
2B become the same. . Therefore, the data "E(n)+er(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. 33, 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

This Sheet Has Been Replaced




quanitzed difference value C(n) is a value of four bits, it is inpossible
to obtain a linear conversion of e(n)/d(n). Hence. in th At
enbodi nent, an operated result of the value e(n/d(n) is {iNIYEFEEMHAS BEEN
several sectional values as shown in Fig. 6 and is convelied iRRPHACER
quanti zed difference code C(n) according3¢o the sectional values. For
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t he adaptive

Next, when the address data AD have reached to the frame
end address FLEA(0), the "i" 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 "i%. At this time, the frame end address FLEA(1) is
outputted from the frame end address memory 159. In addition,
the 1ihear predictive coefficients aq 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). o

Thereafter, the data memory 135 reads out the stored data
continuously and the musical tone of the-fréme {11 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 coefficiénts 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 Fig. 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)
correspondlng 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.
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quarti zation range d(n). Wien the quantized difference_code C(n) is
expressed as (B[err],B[err],Bl[err],Bl[err]) (where charlachgrsuderaif BééN ugh
‘Blerr] denote respective bits of the code C(n) of four{ bitskep@a
e(n)+e[err](n) can be obtained by the followi ng formula (2)"

e(n) + e[err](n) (2-2 Blerr]) [ ( d(n)xa-.B[err] + ( d(n)/4 ).B[err]
+ ( d(n)/8 )[err]B[err] + d(n)/B ] (2)

In addition, the signal AENDD 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.
Furthermore, the signal AENDD is supplied to a set terminal S
of the flip-flpp 146 so that the flip-fldp 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
Fiqg. SB)'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) reépectively 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 of 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",
"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 a, and a, are outputted
from the linear predictive coefficient memory 161 by each
frame and are supplied to the decoding circuit 163.

Next, when the address data AD becomes identical to the
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In above formula (2), an underlined term (1-2 Blerr]) represents a sign .
bist. This sign bit is negative where Blerr]=[err]1[err] andsmmﬁgpﬁA@BgENh'
where B[err]=[err]0[err]. The other terns parenthesized{by "[REPUAeBDESENt
an absolute value of e(n)+e[err](n) which is ob- tained by addrng the—

val ues d(n) weighed by the respective bi432-toget her and further adding an
of fset value of d(n)/B. The difference PCM code e(n) fromthe decoder 9
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results of er- ential, nodul at | 0;1 nmet hoi&and

corresponds 153 anfekhey selectors Jied ands(69 Ashayn iy Bidnt $5) s@BpFRed-t o
the subtrach@r this time, the selectors 168 and 169 select the input

terminals A thereof, and the output data of the latch circuits
166 and 167 are supplied respectively 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).
i The signal RENDD is supplied to a preset terminal PR of the
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 linear predictive coefficient
memory 161 outputs the linear predictive coefficients a; 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 values

" 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
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6. Iﬁ ‘ot her words, the above operation is identical to an_hsgggf%\ gBoEéEP 0

operation of the present PCM code. Hence, the output si
can be expressed an a present PCM reproduction code pSt)- wm ”.e out-pu
signal of the delay flip-flop 11, can be expressed as the previous PCM
reproducti on code pS(n-1) (where an initgglk value pS(0) of the code pS(n)
Is set to a value [err]O[err]). As described heretofore, a circuit

constit ut eddatat A® G,naat 'séajﬁie}mé adnge"mm'pl"R:A{-tmt“}BA+2He dacedetthqt t he

adder 10 an h e} code
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toth bt egpen bet t

the. previ olbr Saacebed EoRerELEhtL agnaRa aLIRATI B RIS Rindifiis B ledtid
di fference §B2®B@:ion which is a ba5| c process of the di fferentlal

nodul ati on

Next, description will be given with 'respect to the
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 REl. Fig. 11(B) and Fig. 11(C) respectively show
the repeati 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
fifst 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 pre_dictioh decoding circuit 129a
outputs the decoded data which is identical to that 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 6f 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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met had. The above is the constitution and the operation of the data
conpressing circuit 1, and the quantized difference data..ln) are stored in
the ADPCM data nenory 2 sequenti al | y. Next, descripliHonsagsn noepgtydn
with respect to the data decoding circuit 3 In t he dat & deco@EPpATHED cui t |3,
a decoder 15, a quantization range contr@. circuit 16, an adaer {or—am
addition point) 17 and a delay flip-flop 1B are simlar re- spectively to
the decodertﬁe efivelupe! Gatal ®D AR Yradid iy caﬂmﬁaaeedth@ toltigr add atite
the delay fi 8 fl % 11. The d;'ﬁa ecor di ngqctl__rcwt es ige guantized
di f ference ‘58 gr %? q SeRTaYs H}?) HutEdSSPne
PCM codes S(n) sNexept delsbripfliemnﬁdderbé gl wbEb:h hséspex:t staltdesi fied
into the eréﬂﬁei'fﬁgpﬁc ée%%'i% %‘Eained by practicing the above embodiments

'in conjunction with Fig. 12. PFig. 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 codt_a 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). Fig.
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 wvertical 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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errors.are not accumul ated at reproduction. Hence, it is possible to reduce

tthe error conponent nt by matching an input- output r
oper ati onal accuracy between the encoder 7 and a decod WHWWBHA@BEEN ui t
constituted by the quantization range control circuit}8, tREPHACERler 9 jand

the delay flip-flop 11. Next, descrgption will be given wth respect
to a first enbodi nent of the invention in conjunction with Figs. 2A and
2B. | n Fi gsADP@®M anpe?®tingdeiacadtpbecomes diowar.t Oflthe ddhemthand, bhe

d a decod ' he d
crrcuit 1. SOErElaEiby B9PuaRhr SRBCR el EIRTCLE Ebkial flel"Ea" BRSO
1. |r1themkuxncxh@rsesongacyrogeratmgn.aandctbpng oregsthed an A/D
converter %ﬁgééﬁgﬁn%{é&gagf@h S%dpéﬁ s{asr aﬁaoeheasié Bagomiag A/ D

converter 5 1n ta (or t e sanpling data) fromthe A/D
converter I

Next, description will be given 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. 1In Fig. 13, a memory 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. In Fig. 14, a data
memory 230 (ROM) for storing data necessary for calculating
the 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 169.

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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suppfiéd to a waveform processing circuit 106 where the digftal

data are

once stored in a nenory provided therein and are standardi zed by a

predet er mi ned standardi zati on process. As shown in F|g-ﬁhs§ﬁggﬁ@§$§£éNtone
signal can be divided into an attack portion (a risin pormE@gACﬁg

a

repeat portion RPT which is a sel ected pagg-of the sustarm—port+or—Fh

anplitude of the nusical tone signal increases in the attack portion ATC.
By the abovessbfedaatli dapower-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

possible

to apply the present invention to electronic musical

instruments of the polyphonic types. In this case,
- preferred to use the time division process.

it is

(3) It is possible to pérform the operation process 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 memory 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
present invention.

(6) It is possible to employ the interpolation
instead of memorizing the musical tone waveform for

the

operation
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
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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
No.60-55398.

(7) In the above embodiments, only one repeat portion RPT-
is provided, however, it is possible to provide a plurality of
'repeat 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 oonnecting method as disclosed in
U.S. Paf. 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 compressing 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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5 “ process, the anplitude of the musical tone signal in the attack
portion ATC is rendered identical to that in the repe Oft--R—~RR .
Concretely, each of the sanpling data of the attack porTﬁ’érﬁWH@s BEEN
mul tiplied by a corresponding one of envel ope data whilehchBEFeAGEP an

i nverted manner of an anplitude envel ope.gg—the nusical tone signal in the
attack

(11) It is possible to constitute the sampling electronic
musical instrument by assembling the data compressing circuit,
the data memory and the data decoding circuit into one
electronic musical instrument. '

(12) The application of the preseﬁt invention is not
limited to the keyboard musical instrument. And, it is
possible to apply the présent 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 embcdiments. Among the methods, there
are a method for accumulating a F number(a frequency number),
a method for generating the addréss 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 (micro) program, for example.

(i5) 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 aq; and a, are changed by each frame. However, it
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portison ATC in the standardization process. This standardization process is
performed in order to enhance a nusical tone reproduction frsuf-a6yin. g
portion in which the anpitude thereof is relatively small . H§§ﬁﬁﬁﬂﬂﬁﬂwEEN$
data outputted fromthe A/D converter 105 is constituted [ AGEY
bits, for exanple. Each standardi zed sam@39-ng data is converted into data —
of mnimumbits (twelve bits, for exanple) and this data is witten into a
wavef or m medsr pos8ibde &owasefl the dame Jinear prefictive ovetficihesitsaaq
S(n) are st d_.in or, r 07, V, m Y,
connect ed tghg Ia?nggqu.%ﬁl\@g‘?{& ia\?fél”?%n?’el%.l en]it{ cr}%ie%tﬁég'ciﬁt? % %%lggcériséary
wavef or m date 8iwjider thecnusicadl lbpnec staveforn hnt@vEramessenory 107 and
are supplied to the linear predictive coefficient operating circuit 109 via
the switch 108. In the |inear .
(17) The method for switching the frames is not limited
to that described in the above embodiments. For example, it
is possible to switch the frames by use of the upper bits of

the address data AD.

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

Next, description 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'ci'rcuit'301  a LPCdata 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 decoding 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 305, 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 combressed data L(n) of six bits, for example. 1In
the case where the upper four bits of the data E(n) include
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predittive coefficient operating circuit 109, optinmumlinear predictive
coefficients aj and a[err] are calculated for each of fHq
[N-1] shown in Fig. 4 based on the-waveformdata S(n) and T tHHASrBHEN
a coefficient nmenory 110. As cal cul ati on net hods of the-LLneéﬂ?ﬂf@EPctlve
coefficients a[err] and a[err], various k#@ds of cal cul ation iret hods are
known conventionally, however, sone cal cul ation nethods, such as a Durbin

met hod and t'ﬁé‘.| dada whase Usttsare-albcStT claiowkputibed as, thee
effective. @Pé%#’c?‘ ahtal §(RPSSI PhE EBmPREasRAl mtaoqr(hl)cwntaue[err]

and a[err] fr e waveformdata in a frame or tial vﬁorm
prad Arieh

data in a franEputtedafromiheidmiten s thand Lfyste enkPLodat
dat a corrpres&é@ari 364, onakhgektpeBedPbedbsll,Veheodialdied it ithe @utid tnme)d

B oS e e AR, el b i %ot A VLN R (n)
since the prediction value pS(n) is near the value of the
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.

. Herice, 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).

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) + ey(n) + pS(n) = S(n) + e,(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 sS(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 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 foilowing formula (9).
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caLcﬁféting circuit 114 is constituted by D-FF (delay flip-flops) 114a and
134b, multipliers 114c and 114d andan adder 114. The |inegt_predictive

'@?N
thereof. The output data of the adder 1144®#r] is supplied to

tractor 112 as the predictive value pS(n). An ADPCM operating circuit 116
perforns a data delmpy esspStnbaseB(n) aneADPOJVquDSI(m)z&t Sén )¢t Bed ndng H(n)
converts the data E(n) of twelve bits fromthe subtractor 112 into the
gquanti zed difference code C(n) of four bits. The quantized difference caode
C(n) is stored in the data nenory 102. The ADPCM operating circuit =196 4190
decodest he quantzed di fference code C(n) into the original data E(n), and

e eeoe L g Rt B e LS, b, o, i Lo “ER B
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. 1In this cése, 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 errdr accumulation, this circuit can
be employed. In this case, an I/0 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 114d, 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 IL(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, ahd other circuits
can be applied for compressing the data. The preferred.
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includes an error e, (n). In other words, the decoded data can be expressed
as [err]E(n)+e[err](n)[err]. Next , descrlptlon will b
respect «to an operation of the |inear prediction operatin I?éUFETHASBEEN
Wien the linear predictive coefficients aferr] and a[err] 6AGEDQ
respectively to the franes [0] through [N42} are witten into the
coefficient nepory 11Q-the waveform menory 107 is connected to the

subt ract or 19‘21’911&1“99@53@?[5&# ibed W&i@aﬁt’-’@r thegefgrec Adlms tFatd ve @ndir e
read frolm t h@ot\/ai:ﬁéefﬂdl:)ﬁﬂﬁ‘éWtﬁ%Zgbapé aeguaacenohnft&?me&f[ﬁ% inllicated by
are supplied_to the s seguenti a e. ot her hg

t he maegfor %%I%P@ﬁﬂ# é gfﬂgmﬁrﬁﬂg ? ¥ 3?El?£gﬂnﬁr8h+FHe°R&@e dgﬁpﬁgﬂg??
107. the nemmeanin§ ofatheoclatims lamedntEmlEd tio ba caibracedtishefein] and

a[ferr] corresponding to the frame [0]. Wen the waveform data S(n) in the
frame [1] are read fromthe waveform nmenory 107, the menory 110

ﬁ
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% outthenex coefficients a[err] and_.alerr]

pspondi ng thmm’ m@‘mﬂmhhl s is true of the of ohami$ BEBES HAS BeE
hr predictive coe |d1eWts*a[err] and a[err] are supalledxnﬂﬁnegﬁlveﬁy
e nultiplers 114c and 114d in a sef®mnce of franes [O], [I] T tmthis

a cl ock pul se for determ ni g a read-oyt, timnng of the waveform

y 107%F gent roar Ser RS ReR R EF S RSRTr1H EGGGESEREROY d 1140
Subt r agi pfeddits ubyr-aepsetshaow e.dltﬁnsirtyvalemel}ﬁ( rs)azf& areadiaGawedns m

ol 1w ng Po+aE 5ebpaBs¥e Y Rark TalRp e 1¥vel Wbl oo Spatict o the
series of compressed waveform data correspondimpG to the
depressed key and to read that group of comp% fessed waveform

data of said selected series of compressed waveform data which
corresponds to the detected intensity” level. |

8. A musical tone generatingApparatus according to claim 1
further comprising tone coler selection means for selecting a
desired one of a pluralify of tone colors to be given to said
musical tone to outpwt data representative of the selected
tone color, said afemory means storing said series of
compressed wavéform data with respect to each of said
plurality of tone colors, said reading means being responsive
to saig/data representative of the selected tone color to read
the deries of compressed waveform data corresponding to said

M - ~Ya -le¥- - - - b ala - - MAIROYTS e ¥ -T-

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

(2) first memory means for storing a group of compressed
waveform data divided into a plurality of frames which
correspond reepectively 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 predictive coefficient with respect
to each frame of said compressed waveform data group and
effecting a predictive coding operation on instantaneous
values of each frame of said compressed waveform data group
using a corresponding one of the calculated predictive
coefficients; | '

(b) second memory means for storing said calculated
predictive coefficients; .

(¢) first reading means for reading said group of
compressed waveform data from said first memory means;

(d) second reading means for reading said calculated
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¥ rs(n) (3)" Tegas I
supiied to t;ﬁ m’l!HH circuit 116. In this case,|t'hes §H§Eﬂ’ EI‘\SQ#EN
4 pS(n) borhood t he wavef or m dat &=S(nRERRACED | S

sgntly supplied to the subtractor {1 (because of a reason whic

ibed#é&% Lives c@»e"f?iﬁhﬁenttsh % :g'(ﬂ%&acsl;ﬁ ﬁeﬂ éi;(& Uffmés of

snmalfer than t e value o e wavetor
'*rtedsﬂh@ocPHPrﬁ§éﬁﬁ|ﬂ@?@ﬁqﬂmwiﬁkieiﬁﬂﬂpxxaﬂdcﬁ four bits |n the ADPCM

Ating circps) ldécoding ARBaNsOReadedddiingt HHe Jrlé%dat&&w@ﬁeébed
I zed difference code n) toqtgfe dat a rreg)%/qéi and al so out puts the
§ [ er r YRVRF I A3tan Inaun, Ry afEerhlatd A fecading RPeTa8i3Rds the data
E(n) terrespondliag) e shild gred ivtsithe idoding| dserdf 1on t 6n 0aehn
frame of said read compressed waveform data group using a
respective one of the read predictive coefficients, to theraby
obtain a group of decoded waveform data, said musical tone
being reproduced from said decoded waveform data.

2 149, A musical tone generating apparatus according to claim
1,9, wherein said predictive coding operation is a linear
predictive coding operation.

3 M. A musical tone generating apparatus according to claim

19, wherein said musical tone waveform is divided into an
attack portion in which an envelope amplitude thereqf becomes
increasing and a sustain portion in which an envelope _
amplitude thereof is generally constant, said first memory
means storing those compressed waveform data corresponding to

~ said attack portion and those compressed waveform data
corresponding to a selected part of said sustain portion, said
first reading means first reading said those compressed
waveform data corresponding to said attack portion and then
repeatedly reading said those compressed waveform data
corresponding to said selected part of said sustain portion so
that the whole waveform of said musical tone is reproduced
from said compressed waveform data stored in said first memory
means.

4 37 A musical tone generating apparatus according to claim 9;
further gomprising sampling means for sampling said musical
tone waveform to produce said instantaneous values, encoding
means for encoding said instantaneous values by said linear
predictive coding method to produce said group of compressed
waveform data.
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J _.."'valhue. Thi e expressed by the fol lowin THWS’%

W+ e[err] (n)lmﬂﬂymjmﬁmm)lﬁ e[err](n) Rgp?gg g‘fEN
‘ding to the Torfnulta ('4)° the val uggpf the output data o

bpr oxi mat el y |dent|cal to t he val ue of the

535. A musical tone generating apparatus accordzng to claim 97
further comprising a keyboard, said first memory means storing
said group of compressed waveform data with respect to each
key of said keyboard, said first reading means being
responsive to each depressed key of said keyboard to read the
group of compressed waveform data corresponding to said each
depressed kay from said first memory means.

_ 6]41 A musical tone generating apparatus according to claim.
5}a'further comprising 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 detectéd intensity
level, said group 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 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 that block of compressed waveform
data of said selected group of compressed waveform data which
corresponds to the detected intensity level.

'7)4£ A'musical tone generating apparatus according to claim .91
further comprising a tone color selection means for 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 color, said first memory means storing said
group of compressed waveform data with respect to each of said
plurality of tone colors, said first reading means being
responsive to said data representative of the selected tone
color to read the group of compressed waveform data
corresponding to said seledted tone color data from said first
memory means.

 gal—insbramant el cariged_try—bs . .
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data of said selected series of compressed waveform dakd which
corresponds to the detected intensity level.

23. A musical tone generating apparatugs-dccording to claim
16 further comprising a tone color saf¥ection means for
selecting a desired one of a plurality of tone colors to be
given to said musical tone 6 output data representative of
the selected tone colopy said memory means storing said series
of compressed wavefdrm data with respect to each of said

plurality of tefie colors, said reading means being responsive
to said dafa representative of the selected tone color to read
the sefies of compressed waveform data corresponding to said

8 24. A waveform data processing system for a musical tone
generating apparatus characterized by the provision of:

(1) dividing means for dividing a waveform of a musical
tone, represented by a series of sample values of an amplitude
of said musical tene, into a plurality of frames 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 for use in a predictive
operation to be effected on the sample values of a respective
one of said plurality of frames to calculate predicted values
‘of said sample values, said predicted values representing an
approximated waveform of said waveform.

9 25. 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) coefficient generating means for generating
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3? Whveforni the D-FF 114a nennrizfgﬁﬂhsﬂﬁgr@Ak
he val ue tlmﬂmmm“iummm mately identical to thg val uasqucbﬁtrahEEN
ng wavef or m dé&t atS(f-1} of one clogk pul se before. SIm

114b menori zes the -31-

predictive coefficient data representative of a predictive
coefficient of a first predictive operation to be used in said
predictive coding method, said predictive coefficient data
varying in accordance with a lapse of time; and

{3) waveform data reproducing means for reproducing said
series of waveform data from said compressed waveform data by
effecting a second predictive operation on said compressed
waveform data using said predictive coefficient data, said
second predictive operation being related with said first
predictive operation.

r Sege = = = = = e et iy = = =

musical instrument characterized by the provision of:

(1) memory means for storing a series of compressded
waveform data which have been obtained by compressjfig a series
of waveform data representative of instantaneous valﬁes of a
waveform of a musical tone by a predictive coding methodf
' (2) data providing means for providing feplacement data;

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

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

(5) decoding méans 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 dajpa, said musical tone being reproduced from said
series of Mecoded waveform data.

27. X musical tone generating apparatus according to claim
26,/ wherein said predictive coding method uses a linear
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@i n which the val ue t hereof is approximately identig val ue of
¢®revi ous waveformdata S(n-2) of two clock pul ses b,fTélﬂ%SHEETthggg _
@ when the prediction value cal cul<f+g circuit 114J_c:al C RERL SGED he '

&% ction val ue S(n) by use of thé previous waveform data S(n-1I) armd
P), t A8S r* predictive coefficient operating circuit 109 cal cul at
oefficients a[err] and a[err] of such values that the prediction valfie

7§ -takes the value nearest the present data S 3 These coefficients °

erf] and a[err] are mm_m."? YM 110. For this

reaspn, the prediction value pS(n) calcul ated by use of the above
ve or m adt Fugigal Lo laenERaRind dafiiaif GELR R Fake T

onvercompressiae imatthodt 3s Sihschosedt t cAl mushcahetoreciorsampled -
and is converted into waveform data (S{(n)). These waveform
data (S(n)) are compressed into compressed data (C(n)) by a
linear predictive cbding 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) 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 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 comprassed data are sequentially decoded into the
original digital data. Thus, the whole waveform of the
musical tone is reproduced.
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nenBry 107 into the data E(n) where the value thereof is relatively snall
In, other words, the circuit 111 conpresses the data S(n) a dT@p
conpressed data to the ADPCM operating circuit 116. Next, deggli ASOBEEN
will be given with respect to the ADPCM operating circuit 5 ERDPCM
operating circuit 116, however, a subtractor 117, an encoder 118, a

quanti zation range control gi CUIt 119, adecoder 120, an adder 121, a del ay
flip-flop (D-FF) 122 corres$ d respectively to the subtractor 6, the
encoder 7, the quantizati oneY ntrol circuit 8, the decoder 9, the
adder 10 and the delay fliptf]o Fig. 1, therefore, detailed

description wll be on1tted§ T btractor 117 subtracts the
prediction data pE(n-1) fremm | hefo Wa E(n) of the subtactor 112. The
di fference data between pdat a Exgg and E(n) are supplied to the encoder
118 as data e(n) (of tweTve e
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encqder 118 quantizes the data e(n) based on the ADPCM net hod to obtain the
quanti zed difference code C(n) of four bits (in which the ~caln
bit thereof is a sign bit). In the quantization range cont
t he adaptive quantization range data d(n) (of eight bits t
bits) are set based on the quantized difference code C(n). The decoder
produces the-data e(n)+e[err](n) by use of the quantized difference code
C(n) and the adaptive quanti- zation range data d(n) according to the
pre-mentioned fornmula (2). The output data "e(n)+e[err](n) of the decoder
120 is supplied to the adder 121. The adder 121 adds the data

e(n)+e[err](n)[err]§%g the pr ction data pE(n-1) together to obtain the
[

out put data [err] E( err](n s shovviloi4n_thefollovvingforrmla-(5).

WAVEFORM | {24) é
PROCESSING A/D

CKT ADPCM 102
‘(12)/@_7: 2 54"/ opeRATING cKT 116 ) cm
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e(n)s +e[err](n) [err]pE(n-1)= E(n) + e[err](n)

(5) The output data "E(n)+e[err](n)" of the adder 121 is
clock pulse in the DFF 122 and supplied to the subtracto '
the-prediction data pE(n-1). Thus, the valued of the pred
pE(n-1) is approximtely equal to the value of the data e(n-1). Hence —t*t
out put data e(n) of the subtractor 117 becones identical to the difference
data between the data E(n) and the data E (n-1) (which is the data one

cl ock pul se before the data E(n)). In result, the value of the data e(n)
becones further
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smalrer than the value of the data E(n). Therefore, a big-guaalization
error can not be generated even when the data e(n) are c¢ni & ‘

e C(n) of four biThis 1@%%*3 lémth@Ilalcsdthree bits) in the
Next description wll respet to the decoding circui
shown in Fig. 2B, The |t 103 is roughly constituted by an
DPCM decoding circuit 124 an a I I near prediction decoding circuit 129. In
the result the quantized difference code C(n) is decoded into data
"S(n)+e[err](n)=H(n)" in the decoding circuit 103. The ADPCM de- codi

circuit 124 is constituted by a quantizatio an rol p= It a
decoder 126, an adder 127 and a D FF uant i @atijon rangeIcont
circuit 125 and the decoder 126 resp i @onstli t faYohs as
the quantization range control circuif 119 arn ﬁ ﬁﬁ); The™opt put
data "e(n)+e[err](n) of the decoder 1p6 and t g =0 O
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dat a PE(n-1) are added together in the adder 127 and an gd§
data E(n)+e[err](n) is generated. This data E (n)+e[err](n)
the D-FF 128 and the |inear predi ction decoding circuit 128
decodi ng process is identical to that of the ADPCNIoperatlng circurt 1
where the data E(n)+e[err](n)" is produced fromthe quantized differ- ence
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-nentioned prediction
value calculating circuit 114. In this case, the coefficients a[err] and
alerr] read fromthe coefficient nenory 110 are supplied respectively to
multipliers 131c and 1 31d in the circuit 131. The D-FF 131 a and 131b are
supplied with the clock pul se determning a read-out timng -
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of tHe data nenory 102. An adder 13le adds the output ddtEHISfs ,
mul'tipliers 131c and 131d together and generates the pr¢di ctimL\Aéj eaﬁ’ﬁg( )
as described before. Therefore, the output data (the decod€ f

t he adder 130 can be expressed by the followi ng fornmula (6).

E(n) + e[err](n) + pS(n) = S(n) + e[err](n) = H(n) - (6)
i
S = Gl ) 2
] = h h b
™ T ™ ™ T
] : | —. g
[ol{ [1] [2] [3] [N-1]
SA |
' REA
AEA | RA
\ ~ AN\ ~ J
ATTACK PORTION REPEAT PORTION RPT
ATC

FIG.4

d(n ——[e(n)/dn}]
. e(n) +
. N o

| =t g

- = = =

FIG.5
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The, decoded data H(n) will be converted into the nusi cal Il‘gs'ﬂgﬁ'li‘@ihsliBEEN
perform ng a D) A conversion (not shown). ‘ Hl L'PLACED

+
S(n) > : ()
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114e
114¢
LINEAR PREDICTION I4d
OPERATING CKT \111A R 4 N 4
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. o s 1 O
] _-' 14b |
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ADPCM
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The, above is the description of the constitution of the first enbodlnent of
the present invention. In Figs. 2A and 2B, the quantizati op 181§ Qf

is contained in the output data of each of the adders 121 hnd 1%;%
therefore, the quantization error e[err](n) is also containe
f eedback data, such as the prediction data pE(n) and the prediction val ue
pS(n). In other words, the present enbodi nent can be classified as the
pre-mentioned error f eedback type, hence, the error is not accunulated in
t he decoded data H(n). Generally, a certain error may occur in an operation
of finite word length data. In this case, however, it is possible to-
prevent such errors from bei ng generated by rendering the nunber of bits of
t he input an utput data equal to that of the operation data between the

| i near predicYyion operating circuit [err] 11 and the linear predicyion
decoding circyit 129 and between the ADPCM operating circuit 116 amnd the
ADPCM T* '
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decadi‘ng circuit 124 as well .-

performed very accurately, i

. e.,

In the case where the operation is
I n the case where the quapitization error

operating circuit 111A and 116A shown in Fig. 7 instead off the IREPE&CED

is not necessarily considered to be accunulated it is poss HHESSHEEﬁﬁAsBE%—J

predi ction operating circuit 111 and the ADPCM operating circurt

respectively
provi ded in ordinary nusica

data conpressing circuit 101 is provided in a nusica
apparatus which is applied for a sanpling el ectronic nusical
description w |

163

The data conpressing circuit 101 shown in Fig. 2A is- not
t one generating apparatuses.

whi ch a player can sanple any sounds).
with respect to the second enbodi nent of the invention in conjunction with

Fi gs.

Next ,

However,
t one generating
instrument (in
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3A and 3B Figs. 3A and 3B shom1systen1b|ock di agrams of an electronlc

musi cal instrument to which the present invention is app I1%fs 3
description will ‘be firstly given with respect to a nusi cal rEf?Hﬂ%
met hod of the el ectronic nusical instrunent The data‘representatlve of )

nusi cal tone waveforns are standardi zed and conpressed by the data
conpressing circuit 101 in Fig. -2A and are stored in a data nmenory 135 in
Fig. 3B. The data nenory 135 nenorizes the nusical tone waveformdata with
respect to each tone color, each touch intensity (each key-depression

I ntensity) and each tone pitch (or each key). For exanple, when ten kinds"
of tone colors, forty keys and five levels of the touch intensities are

"provided, the nunberAPf gﬂ@ menori z al _tone Javefornms becones
10x40x5=2000. In th| , the nusijcal
|

(B) ED :

-

{C) ED

FIG.9
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I. i B
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tone,waveforns nenorized in the data nenory 135 are not whol e waveforns of
thet nmusi cal tone signals but partial waveforns each incl ufiinfig
portion ATC and a part of the repeat portion RPT which follo
portion ATC. Hence, when the nusical tone is generated, ttre—we
attack portion ATCis firstly read out and thereafter the waveformo
part of the repeat portion RPT is read out repeatedly to reproduce the
whol e waveform of the nusical tone. This reproduced whol e wavef orm of the
muscal tone is given an envel ope and is converted into a nusical tone
signal by a D/ A conversi on. Hereinafter, detailed description wll be
given with respect to the second enbodi nent 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

(A) S (n)

(c) v - Ir— " RN “ e

(D) ﬂLhAhM“44wM~nn~4“hunwwM‘HunvhW#”'-v*N~——r‘*~vnvwﬂhwﬂ-*~m~—_

FIG.12
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“touch’intensity of the depressed key and generates touch data TD
co;respondlng to the detected touch intensity. For detect) mgg?
intensity, any of the following first and second nethods jcan bﬁ
In the first nethod, two kinds of contacts are provi ded forEaciKE
first contact is turned on when the key is slightly depressed, and t he™
second contact is turned on only when the key is depressed down to a bottom
poi nt thereof. Then, the touch intensity of the depressed key is detected
based on a period between on tines of the first and second contacts. On the
ot her .hand, in the second nethod, a piezoelectric-cristal elenment or other
pressure sensjtive elenents are provided at a bottom portion of each key in
order to deteft a key-depressing pressure, and the touch intensity of a
depressed key}Ts 0%} ected based on the output signal of such elenent. A

key-depressﬁp1‘gp ety ng CIFCQ& Fetects whet her any
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one .of the key is dépressed_or rel eased based on output sigpals of

Whenakeyi sdet ect edt obedepr essed, a keycodeKCof t hedepr essed eyandg
key-onsi gnal KON having a high level "1" (hereinafter, a sigma
high level "1" will be referred to as a "1" signal, and a signal havi
low | evel "0" will be referred to as a "0" signal) are outputted fromthe
key- depression detecting circuit 138. I.n addition, a key-on pulse KONP is
outputted at a | eading edge of the key-on signal KON fromthe -
key-depression detecting circuit 138. Wen the key is detected to be

rel eased, the |level of the key-on signal KON is returned to |ow | evel "0"
(i.e., the key-on signal KON beconmes "0" signal). In the case where a
plurality of keys are simltaneously depressed, the.above operation is
performed on one selected key in the depressed keys (such as a | ast

depr essed
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key or" a key having the highest-pitch tone in the depressed K
exanple). A note clock NCK is generated in a note clock genefa ' 1
139 and is supplied to various portions of this instrunment. Feis nRER e
NCK has a frequency corresponding to the tone pitch of the key whic
I ndi cated by the key code KC outputted fromthe key- depression detecting
circuit 138. An address counter 140 counts up the note clock NCK and _
outputs a counted val ue thereof to an adder 141. A tone-col or selecting
circuit 142 is constituted by -a plurality of tone-color selection operating
el ements and at- tached circuits thereof, and the tone-col or selecting
circuit 142 outputs a tone coq é’C corresvmdi ng jpga present ly sel ected

tone color. A gtart_address nmeiory_143 ri zes gddress data which
i ndi cat e addr epses| wAVEFSRM jzé’f [ E(
PROCESSING A/D :
mIL‘z) o7 ~305 Lin (=B +e i)
. £ . -
o P [ cm |
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TC angFthe touch data TD are supplied to the start address nenory 143, the

meng#y 143 -r eads—out—and—output—the start address data -
heal address of thg UsheHced BBk MaVelf orm correspondin W%Emwsk&g ve

supplied data. Ar nory 144 nenorizes addrless data '
i ndi cati ng address Hﬂﬂ“ﬂ%’ﬂm a of the nusical ton vehoFEB 1886r ¢d (i n
the data menory 13 at a | the head data df |t he repeat pontijon
RPT shown in Fig. 4. Wen the key code RC, the tone code an
data TD are supplied to the repeat address nenory 144. §the nenpry
out and outputs repeat address data RA indicating the adﬂ??ﬁgrs | e.
repeat data of the nusi MHEICALe TOME: CENBRATING ARRARATU e s

data. One of the start address data SA and the repeat add+ess SRLAGER | s
selected by a selector 145 and is supplied to the adder 141. An R S
flip-flop (reset-set flip-flop)

This invention generally relates to musical tone

generating apparatuses for use in electronic musical
instruments, and more particularly to a musical tone
generating 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 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. Pat. No. 4,383,462
(the title of the invention thereof is "ELECTRONIC MUSICAL
INSTRUMENT").

The musical tone waveforms generated by an acoustic
musical irstrument delicately depend on tone pitches, tone
ranges and the like. A piano generates musical tone waveforms
which differ by each tone pitch (or each tone range), for
éxample. Of course, periods of such waveforms 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 sxmilarﬂto those of the acoustic musical instruments are

% g A g s‘f 3oem
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146 is \provi ded—for—eont+otting—the sel ector

outputted from the &, b BiBel i phiial Q of the flip- flop 14 SHEET
terffinal A of the | S selected and the start {agldress data S 5
outputted to theﬁﬂﬁﬂmﬂ}“ n the "1" sig £dof§ FER K }
out put term nal [ | op 146, an the sel'ect o
145 is sel ected and the repeat addres&Zj-ata 0 arehete

141. Two output data of the address count er

145. \VWhen th

140 and the

BEPLACENERT

select or 145 are

added togtohee ganenatgddbasedl omrkhe RCYunethed. of FornethbsvEeR

data is s edet
. i's sypphipedete

addr essesadgPunt &

Fi dal
acgttack : en{gaﬁxggﬁg PR Eldg et de ga%EB:aaueﬂageezse ata

ress data indicating

dadva (Yr?'z'e’rﬂi‘lﬂdi-'anéﬁ ehcnehbpds, BuFE aRRIIFFY stored

in the dagsifrEapentisd. phh8ealthaek Myadioieny wlétRods dMeabsay data of the

attack

‘Process by which continuous data is reproduced.

(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 generating apparatus in U.S. Pat. No..
4,520,708 for further raducing the amount of data. In this
apraratus, 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 repeat 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.
there has been proposed no apparatus for realizing a decoding
the

However,

Hence,
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the DFF 149 and is outputted as a signal AENDD. A repeat ens

menory 151 nenorizes adderess data indicating angesses storigg:fe egt
portion end dafLf &8 therefore a general object 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 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 rzad out and decoded into the original data
which is continuocus 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 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 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 comprassed 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_uﬂ
decoding means for decoding said read series of compressed
waveform data by methods corresponding to said linear
predictive coding method and said differential quantization
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P cord%ng o a second aspect of the present invention,

there is provided a musical tone generating apparatus for an
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
repraesented 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 comprassed 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
compressed waveform data group, by effecting a decoding
operation corresponding to said linear predictive coding
ocperation 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
electzronic 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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reading means for repeatedly reading at least one portion of

sald series of compressad waveform data from said memory

means; (d) circuit means responsive to said data provided by

said data providing means and said read portion 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
waveform data; and (e) decoding means for decoding said group
of compressed waveform data by a decoding method corrasponding
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 following description, reference
being had to the accompanying drawings wherein preferred
embodiments of the present invention are cléarly 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 ares system block diagrams of an
electronic musical instrument to which a second embodiment: of

' the invention is applied;

Fig. 4 is an z.llustration 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 relationship among data e(n),
2 quantization range data d(n) and a quantized difference code
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conpar at @mpertion 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. 9 shows envelope waveforms of signals used in Fig.:

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

Fig. 11 is a time chart for explaining a connection
petween 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 linear 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 shdwing 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.

dd fegmshased

The
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apparatus of the present invention can be roughly divided into
three parts, namely a data compressing circuit 1, an ADPCM
data memory (waveform memory) 2 and a data decoding circuit 3.
The ADPCM data memory stores the'data compressad 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
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). 1In
this case, 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(n) (of
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eight bits through twelve bits) for the encode
value of the quantized difference code C(n).

Now, description will be given with respect toc 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 ees (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 This Sheet Has Been Replaced

LT
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". 1In the present embodiment;
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.? 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 value C(n) is a value of four bits, '
it is impossible to obtain a linear conversion of e{n)/d(n).
dence, 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,BZ,B1,BO) (where characters B
through By denote respective bits of the code C(n) of four

bits), a value e(n)+er(n) can be obtained by the following
formula (2).

e(n) + en(n) = (1-2 B3) e [ ( d(n)/2 )eBy + ( d(n)/4 )<By

+ ( d(n)/8 )+By + d{(n)/8 1 ... (2)
This Sheet Has Been Replaced

QLT
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represent an absolute value of e(n)+e.(n) which is obtained by
adding the values d(n) weighed by the respective bits together
and further adding an offset value of d(n)/S8.

The difference 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 alsoc supplied to the subtractor 6. As a result, the
adder 10 adds the presént 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
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 prasent 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 £lip-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
Previous 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 oéeration 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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respectively to the decoder 9, the quantization range control
circuit 8, the adder 10 and the delay flip-flop 11. The'dat;
decoding circuit 3 decodes the quantized difference code C(n)
read frcm 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 toa
waveform processing circuit 106 where the digital data are
once stored in a memory provided therein and are st;ndardized'
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
1s a selected part of the susﬁain 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 by 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 cocefficient operating circuit 109. The waveform
data S(n) ars sequentially read from the waveform memory 107
and are supplied to the linear predictive coefficient
operating circuit 109 via the switch 108. In 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 waveforn
data S(n) and are written into a coefficient memory 110. As
calculation methods of the linear predictive coefficients a4
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. In addition, it is possible to
obtain the coefficients a; and a, from a whole waveform data
ina 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 adding circuit 113 and a
Prediction value calculating circuit 114. The prediction
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the multipliers 114c and 114d as multiplier coefficients
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. 1In 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, 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 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 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] are
read from the waveform memory 107, the memory 110 reads out
the next linear predictive coefficients aq and a,
Corresponding to the frame [1]. This is true of the other
frames. These linear predictive coefficients a; and a5 are
Supplied respectively to the multipliers 114c and 1144 in a
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s(n) - pS(n) = E(n) eeee  (3) -

rThe data E(n) is supplied to the ADPCM operating circuit 116.
1n 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
pe described later). As a result, the value of the data E(n)
is further smaller than the value of the waveform data S(m).
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).

E(n) + ep(m) + pS(n) = S(n) + e (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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Thus, the linear prediction operating 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
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)+e.(n) by use of the
Quantized difference code C(n) and the adaptive quantization
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the pred:.ction data pE(n-1) together to obtain the output data
vg(n)+e.(n)" as shown in the following formula (5).

e(n) + e.(n) + pE(n-1) = E(n) + ep(n) eese (5)

The dutput data "E(n)+e,(n)" of the adder 121 is dela.yed. by
one ¢lock 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). EHence,
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)+er(n)=B(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 constitutions as the
quantization range control circuit 119 and the deccder 120.
The output data "e(n)+ep.(n)" of the decoder 126 and the data
PE(n-1) are added together in the adder 127 and an addition
Tesult data "E(n)+e.(n)" is generated. This data "E(n)+e,(n)"
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is subplied to the D-FF 128 and the linear predictIon—decoding—
circuit 129. The above decoding process is identical to that

of the ADPCM operating circuit 116 whera the data "E(n)+e(n)"

is produced from the quantized difference code C(n).

The linear prediction decoding circuit 129 is constituted
py an adder 130 and prediction value calcﬁlating circuit 131
where the constitution thereof is identical to that of the
pre-mentioned prediction value calculating circuit 114. 1In
this case, the coefficients a4y and a, read from the
coefficient memory 110 are supplied respectively to
gultipliers 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.
Therefore, the output data (the decoded data H(n) ) of the
adder 130 can be expressed by the following formula (6).

E(n) + en(n) + pS(n) = S(n) + e,(n) = H(n) eees  (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 e.(n) is contained in the output
data of each of the adders 121 and 114e, and therefore, the
'quantization error e.(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 typé, 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 possible to
Prevent such errors from being generated by rendering the
lumber of bits of the input and output data equal to that of
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ghe operation data between the linear prediction operating
circuit 111 and the linear prediction decoding circuit 129 and
petween the ADPCM operating circuit 116 and the ADPCM decoding
circuit 124 as well. '

In the case where the operation is performed very
accurately, i. e., in the case where the quantization error is
not necessarily 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 Fig. 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 enmbodiment of the invention in conjunction with Figs.
32 and 3B. PFigs. 3A and 3B show system block diagrams of an
electronic musical iﬁstrument to which the present invention
is applied, and description will be firstly given with respect
to a musical tone forming method of the electronic musiéal
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 i‘ig. 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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put 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
music_:al 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
raspect 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 piezocelectric-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 ocutput signals of key-switches which are
provided below the keys of the keybocard 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 ™" will be referred to as a "1"
Signal,and a signal having a low level "0" will be referred to
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getected to be released, the level of the key-on signal KON is
returned to low level "0" (i. e., the key-on signal KON
pecomes "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 NCX is generated
in a note clock generating circuit 139 and is supplied to
various portions of this instrument. This note clock NCX has
a frequency corresponding to the tone pitch of the key which
is indicated by the key code RC outputted from the key-~
depression detecting circuit 138. An address counter 140
counts up the note clock NCX 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-color selecting
circuit 142 outputs a tone code TC corresponding to a
presently selected tone color. A start addre_ss 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 ocoutputs the start address
data sA indicating the head address of the musical tone
Waveform corresponding to the above supplied data. A repeat
dddress 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
Tepeat 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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supplied to the adder 141. An R-S flip-flop (reset-set flip-

flop) 146 is provided for controlling the selector 145. . When

the "0" signal is outputted from the ocutput 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 "1" signal is outputted from the output

terminal Q of the £1ip-flop 146, an input terminal B of the

selector 145 is selectad 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
nemory 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
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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the touch data TD are supplied to the rapeat 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 waveform 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 signal REND is
delayed by one clock of the note clock NCX 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 repeat data (i. e., the head data of the repeat portion -
RPT) belongs, in correspondence with each musical tone
waveform. In Fig. 4, the repeat data belongs to the frame
(2], and the frame number for the repeat data is determined in
correspondence with each 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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pouch data TD are supplied to the memory 159, an area storing
y kinds of address data is appointed. The address data .in. the
. grea 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 comparator 160
compéres the address data AD outputted from the adder 141 with
the frame end address data FLEA(FLC). When both of the data
ap 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 a; and a, corresponding to the
frames [0] through [N-1] into each of the storing areas. When
the key code KC, the tone code TC and the touch data TD are
supplied to the linear predictive coefficient memory 181, a
storing area is selected in correspondence with the above
supplied data. And the linear predictive coefficients aq and
a; stored in the selected storing area are read from the
memory 161 based on a frame code FLC ocutputted from the frame
counter 157. |

A decoding circuit 163 decodes the quaritized 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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The coefficient k outputted from the ADPCM coefficient
gpemory 200 is supplied to one input terminal of a multiplier -
201 where the cocefficient 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
'tarm.nal SA, and the selector 202 selects the input term:.nal 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 memorizes an
‘initial value d(ny;) of the quantization 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(ngy) ) of the
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
outputted 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 NCR. 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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decoded when the "1" signal is supplied to a tarminal 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 therzof. When
the selector 207 selects the input terminal B thereof, the
selector 207 outputs the data from the latch circuit 206 (this
operation will be described latar). :

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)+e,.(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 terminal A of the selector 217. When the attack end
signal AEND is supplied to a latch circuit 218,. the latch
circuit 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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casel where the selector 217 selects the input terminal A
rnereof, the data "E(n)+e.(n)" delayed by one clock in the D-
£F 215 is outputted from the output terminal of the selector
217. In the case where the selector 217 selects the input
terminal B, the selector 217 outputs the data supplied from
the latch circuit 218 (this operation will be described

later).

Next, description will be given with respect to the
1inear prediction decocding circuit 129A shown in Fig. 8B. The
adder 165 adds the data "E(n)+en(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 therecf when the signal AENDD is supplied to
both of load terminals L of the latch circuits 166 and 167.
Both of selectors 158 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 to 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 a; and a, as multiplier coefficients therecf. Aan
adder 174 adds output data of the multipliers 172 and 173

- together to obtain the prediction data psS(m).

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 multiplier 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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cespectively shown in Fig. 9(B) and Fig. 9(C), for—ekample.
concretely, Fig. 9(3) shows a tone of a percussive system and
gig. 9(C) shows a tone of a continuous type. The multiplier
177 multiplies the decoded data H(n) outputted from the
decoding circuit 163 by the envelope data ED. An output data
of the multiplier 177 is supplied to a D/A converter (a
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 operation of the second embodiment shown in Figs. 33
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-depression detectihg 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 mémory 161. Thus, the frame end address FLEA(O)
is outputted from the frame end address memory 159, and the
linear predictive coefficients a; and a, 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,
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ghe initial value d(ng) outputted from the initial value
memory portion 203 is passed through the selector 202 and the -
max/min control portion 204 in series, and the initial value
d<no) is supplied to the decoder 210 where the initial value
d(ng) is latched therein.

' The envelope generator 176 sequentially outputs the
gnvelope data ED after..' a time when the key-depression
detecting circuit 138 outputs the key-on signal XON. 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
NCX 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 is 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 memorxry 135
‘successively outputs the quantized difference code C(n) of the
attack portion ATC to the decoding circuit 163.

The decoding circuit 163 first decodes the quantized
difference code C(n) to the data "E(n)+er(n)" and then decodes
the data "E(n)-l-er(n)" 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. In addition, the key-on pulse KONP is turned
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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)+er(n)“ to the linear prediction
decoding circuit 129aA.

Incidentally, when the key is depressed, the key-on pulse
KONP becomes the "1" signal, so that the output value of the
gate 216 becomes "0". This "0" data is supplied.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. In this case, both constitutions of
the linear prediction decoding circuit 129A shown in Fig. 8B
and the linear prediction decoding circuit 129 shown in Fig.
2B become'ehe 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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Next, when the address data AD have reached to the frame
end address FLEA(Q0), the "1" signal is outputted from the
comparator 160 and is supplied to the clock terminal CX 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 ™", At this time, the frame end address FLEA(1) is
outputted from the frame end address memory 159. In addition,
the linear predictive coefficients a4 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 a; 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 Fig. 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)-l-er(n)" of
the attack portion ATC.

;
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signal AENDD is supplied to 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 to a set terminal §
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 ocutput data 6f 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 of 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+0Q", "RA+1", "RA+2",
"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 a; and a, are outputted
from the linear predictive coefficient memory 161 by each
frame and are supplied to the decoding circuit 163.

Next, when the address data AD becomes identical to the
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end si gndirRENDiel," thgnedépeat end signal REND (™" sxgnal) is
outputted from the comparator 152 and is supplied to the D-FF
153 and the selectors 168 and 169 (shown in Fig. 8B) as well.
At this time, the selectors 188 and 169 select the input
terminals A thereof, and the output data of the latch circuits
166 and 187 are supplied respectively 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 ocutput 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
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 linear predictive coefficient
memory 181 outputs the linear predictive coefficients aq and
a; 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
. Eirst 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 4(n-1) and the PCM
reproduction code pE(n-1) referred to as the preceding values
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 continuocus 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
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Next, description will be given with respect to the
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 REl. 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 quantized difference code C(n) of the repeat portion RPT
is read £rom the aata memory in the second cycle, the data in
the D-FF 170 and 171 become idéntical to those in the first
cycle. Hence, the linear prediction decoding circuit 129A
outputs the decoded data which is identical to that in the
first reproduction cycle. Similarly, the second decoded data
E(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 t;.me is
generated by use of the repeat portion RPT, thereafter, the
third, fourth, ... last portion of the musical tones will be
génerated by use of the repeat portion RPT under the same
p’rocess described above.

When the player takes his finger off the key, the key-on
signal KON is returned to the "g" signal. BHence, the value of
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experiment result obtained by practicing the above embodiments

in conjunction with Fig. 12. Fig. 12(A) shows a waveform of
the original data S(n) obtained by sampling a piano tone.

gach data S(n) shown in Fig. 12(A) is converted into the
quantized difference code 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
jnto 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). Figqg.
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(3).

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 Figq.
1'2(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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compression rate of the ADPCM operating circuit becomes
petter.

Next, description will be given 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 memory 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 13S.

Fig. 14 shows a modified form of the linear prediction

 decoding circuit 129A shown in Fig. 8B. In Fig. 14, a data
memory 230 (ROM) for storing data necessary for calculating
the 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 dﬁt 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 calculated and
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In addition, the decoding circuit 153 shown in Fig. 23
can be obtained by properly combining the circuits 124A ang
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 possible
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 operation process 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 memory 13S5.

(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 :or 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
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jntensity and a second waveform corresponding tS\EBEéh 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
No.60-55398.
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(7) In the above embodiments, only one repeat portion RPT
is provided, however, it is possible to provide a plurality of

 repeat 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. 23)
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 compressing 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.



ATC) as described in Fig. 10. As shown in Fig. 11(0) ahkd-Eg—11l(E) _fhe
D-FF 170 and lli_LespeeLp¥eLy—Lead in the data Al and ' '
of the signal e S tlne the first quantji

C(n) of the rep read fromthe data e

specifically, l ntlzed dlfference code

portion RPT is re I n the g

the D-FF 170 and 171 becone |dent|cal o t hose
the |inear prediction decoding circuit 129A out prts 'm*tr-;r;=f“ wRH Ch

is identical to that in the first reproduction cycle. Si he second
decoded data Kih).Ithdst Possiddeoded comsstifube amtpcﬁwl%lesoee gEeBif( n)

will be oRAd sl iR WY 4 SRERHNERS OnEYEh€a CbohBoesaRag! castiie) RPT
" the data memory and the data decoding circuit into one

electronic musical instrument.

(12) The application of the present invention is not
iimited 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 "1h, a method for presetting 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 (micro) 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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to divide the musical tone waveform into frames.

(17) The method for switching the frames is not limited
to that described in the above embodiments. For example, it
is possible to switch the frames by use of the upper bits of
the address data AD.

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

Next, description 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. 232 and 2B, and description thereof will
be omitted. The present embodiment is roughly constituted by
a data cémpressihg 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 Pig. 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 wvalue calculating circuit 114
and the limiter 304.

In the linear prediction operating circuit 305, 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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is further smaller than the value of the waveform data S(n)

since the pradiction value pS(n) is near the value of the
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.
gence, 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) = BE(n) + e,(n) cese (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) + ep(n) + pS(n) = S(n) + er(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). 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 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 EH(n) as
expressed by the following formula (9).
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because a conpression rate (or a conpression accuracy) of the ADPCM (g)
operating circuit beconmes |ower On the oher hand, the correlation between
the data E(n) is remained to a certain extent in the secondary operation,
and therpigiel6(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. 1In 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. 1In this case, an I/0 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 1144, 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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CLAIMS

4., A musical tone generating apparatus for an electronic
musvcal iastrument characterized by the provxszon of:

(2) £first memory means for storing a group of compressad
waveZorm data divided into a plurality of frames which
correspond respectively to a plurality of frames of a waveform
of a2 musical tone represented by said group of compressed
waveform data, said group of compressed waveform data being
obtained by calculating a predictive coefficient with respect
to each frame of said compressed waveform data group and
effecting a predictive coding operation on instantaneous
values of each frame of said compressed waveform data group
using a corresponding one of the caiculated predictive
coefficients;

. (b) second memory means for storin§ said calculated
predictive coefficients;

(c) £irst reading means for reading saild group of
Compressed waveform data from said first memorY means;

(d}) seacond reading means for reading said calculated

* c L M S *



the sel ectors 168 and 169. In Figs. 13 and 14. the_nenories 206A.

218A and 230 caifhiyheeidiss M and the data can b I |
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addition, the de 163 shown in e jobt ai ned by
properly conblnlng circuits 124A and
circuit shown in Fig. 13 and the ciscadt-s

moNOPNONi ¢ EHREELyAOUSY B scddnis 1 fs%%ﬁkehg oF e
to el ectr®iic nusical 1RAStTUumen yphoni c types I this case,
it is sald comprassed waveform data group, and

(e) decoding means for decoding the read compressed,

waveform data group, by effecting a decoding operation
corresponding to said predictive coding operation on each
frame of said read compressed waveform data group using a
respective one of the read predictive coefficients, to theraby
obtain a group of decoded waveform data, said musical tone .
beigq reproduced from said decoded waveform data.

2,. A musical tone generating apvaratus according to claim
.4, wherein said predictive coding operation is a linear
predictive coding operation.

3. A musical tone generating apparatus according to claim
.1, 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 first memory
means storing those compressed waveform data corresponding to
said attack portion and those compressed waveform data
corresponding'to a selected part of said sustain portion, said
first reading means first reading said those compressed
waveform data corresponding to said attack portion and then
_repeatedly reading said those compressed waveform data
corresponding to said selected part of said sustain portion so
that the whole waveform of said musical tone is reproduced
from said compressed waveform data stored in said first memory
nmeans.

4. A musical tone generating apparatus according to claim 1
further comprising sampling means for sampling said musical
tone waveform to produce said instantaneous values, encoding
‘means for encoding said instantaneous values by said linear
predictive coding method to produce said group of compressed
waveform data.

TS




preferred to use the tinme division process.
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. 3
5. A musical tone generating apparatus according-to-claim 3 °
further comprising a keyboard, said first memory means storing '
said group of compressed waveform data with respect to each

key of said keyboard, said first reading means being
responsive to each depressed key of said keyboard to read the
group of compressed waveform data corresponding to said each
depressed key from said first memory means. '

o. . A musical tone generating apparatus according to claim
S’ further comprising 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 group of compressed waveform data corresponding to
each key comprising a plurality of blocks of compreassed
waveform data corresponding respectively to pradetermined
different key-depression intensity 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 that block of compressed waveform:
data of said selected group of compressed waveform data which
corresponds to the detected intensity level.

77 A musical tone generating apparatus according to claim 1
further comprising a tone color selection means for selecting
a desired one of a plurality of tone colors to be given to
said musical tone to ocutput data representative of the
selected tone color, said first memory means storing said
group of compressed waveform data with respect to each of said
plurality of tone colors, said first reading means being
responsive to said data representative of the selected tone
color to read the group of compressed waveform data
corresponding to said selected tone color data from said first
memory means.

I
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8. a waveform data processing system for a musical tone
generating apparatus characterized by the provision of:

(1) dividing means for dividing a waveform of a musical
tone, represented by a series of sample values of an amglitude
of said musical tone, into a plurality of frames arranged in
terms of time; and

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

9. 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) coefficient generating means for generating

predxctive coefficient data representatlve of a predictive
"coerflczent of a first predlctlve operation to be used in said
predictive codlnq method, said predictive coefficient data
varying in accordance with a lapse of time; and
(3) waveform data reproducing means for reproducing said
series of waveform data from said compressed waveform data by
effecting a second predictive operation on said compressed
waveform data using said predictive coefficient data, said
second predictive operation being related with said first

predictive operation.

* [ L n H *



(3) It is possible to performthe operation in the 148, 152 and (Fig. 3A),
in the multipliers 172 and 173 (Fig. 8B). etc. bases thg T
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code Tc. the key code KC and the touch cata TD in the
however, it is possible to nmenonzs each waveformin cor

ABSTRACT:

MUSICAL TONE GENERATING APPARATUS

A musical tone generating apparatus utilizing a data
compression method is disclosed. A musical tone is samﬁled .
and is converted into waveform data (S(n)). These waveform -
data (S(n)) 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) 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 is possible to remarkably reduce the memory storage.
When generating a musical tone, the memory (2) reads out'the
comprassed data (C(n)) bf the attack portion and thereafter
repeatedly reads out the compressed data of the selected part.
The read-out comprassed data are sequentially decoded into the
original digital data. Thus, the whole waveform of the
musical tone is reproduced. '
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(12) The application of the present invention ic not limt
keyboard nusical instrunment. And, it is possible to appl ‘¢’¢?“SH T
i nvertion to other electronic musical instrunents having
as a sound source nodul e or a rhythm sound sour ce.
to provide a (digital) filter connected after the deco
control a musical tone by passi ng the decoded data t
The filter characteristics of the filtebd are charged aé
touch data TD, the key code KC,etc to thereby control
musi ca tone.’
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(14) It is possi ble to enpl oy nethods for generating the adf
thes data nenory 135 other than that described in the abo
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Anong the nethods, there are a nmethod for accunulating a F

frequency nunber, a nethod for generating the AGETE Qe ' y
subtracting a value fromALL "1". a nmet hod fjor p @ﬁmm;,, ne ar% ﬁ@?
address by use d an address counter 140 of the™ SER Phere-famd—a

met hod for calculating the address by use &f a (m ¢ro X for
exanpl e. (15) In the above enbodi nents, the wavwf orm data the Tepeat

portion RPT is repeatly read fromthe nmenory
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and the nusical tone is gener ated. However, it is possib} ' '
whol e nusi cal tone waveformin the menory and read out [?F %\QWT @f

to obatin the nusical tone.
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(16) In the above enbodi nents, the |inear predictive coeffie
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(18)

portion are set

switching the franmes at

exanpl e

Next ,

description wll

enbodi nent of the present
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H (n)
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I nvention in conjunction with ™
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302 and a decoding circuit 303. Wen the circuit show REPQA RIS
to the circut shown in Figs. 2Aand 2B, a limter 304{a e

marmry 302 are used respectively instead of the ADPCM o Mg Cl rcuf t] 116
and the —data-emory 102 shown in Fig. 2A, and the ADPQV éctd @G '
124 shown Qsﬁéngﬂas@eﬂl&pﬁ&utted In addition, a |inejprpied Cirigg] Rt ng

circuit 30 by the subtractor 112, th adder ] -
prediction B‘\MMEMI“ circuit 114 and the Iink t-ef—304--
| i near predi g CII‘CUI'[ 305, the output data E(n) (of tvvelv

bits) of the subtractor 112-is supplied to the limter 304. The limter 304
cuts upper four bits and lower two bits of the output data E(n) of twelve
bits to obtain conpressed data L(n) of six bits, for exanple. In the case
where the upper four bits of the data E(n) include "1", data
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whose ‘bits are all "1" is outputted as the conpressed data [
conpressed data L(n) is thus outputted fromthe limter 304 B LAQE@EMESHEET

in the LPC data nmenory 302. As described before, the value ¢f |[the data E(n)
is further smaller than the value of the waveform data S(n)|s{n@e}tFER é
predi ction value pS(n) is near the value of the present wavef rm data ?gn)
In this case, the upper four bits of the data E(n) are usually 0O~ ExCept
for theintial—data—Hence, the data L1n) are approxi mat identical to

the data FidBneet HRBNRpHAla L(N) includes only a small err rTmalss@‘T

cutting th s of the data E(n). This data L(n)_can o
expressed ﬂmm(mﬂu I]wg formula (7). _
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L(n)
adder

L(n) + pS(n) =

=E(n) + e[err](n)
113 adds the data L(n) to the prediction value pS(n) o} obtal n the

addition resuit as expressed in the follomnng formula (8).

E(n) + e[err](n) + pS(n)

S(n) + e[err](n).
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Hence, the addition result becones approxi mately equal to _EEP&@ﬁﬁﬁ f-dat-a_
S(ny, and the prediction value pS(n) is rendered nearly eqp E

of the waveformdata S(n) by the prediction value calculat}n
as described before. Fig 16(A) through Fig. 16(G show thel d tgt,sq:rE)B ggz
data E(n), the data L(n), the output data of the adder 113, fthe outpu!
of the D-FF 114a, the output data of the D-FF 114 band th et
pS(n) incorrespondence with the waveforbddata S(1) throupl=St4-—Itn_FEig.
16. the initial values of the D-FF 114a and 114b are set|t .
L(n) of six bits is once stored in the LPC nenory 302 ane— AGER to He
supplied to the adder 130. As described before, the adder 130 adds the dara
L(n) of six bits to the data pS(n) of twelve bits to obtain the decoded
data H(n) as expressed by the followng fornula (9).
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L(n) +‘_|05(n) = E(n) + e[err](n) + pS(n) = S(n) + e[err](n) =

menory 302, t—he_oui_pw._daLaO\ft he adder 130. the output dat @
131a and 131b ﬁ he out put data (the prediction value pS(p) )2df
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MUSICAL TONE GENERATING APPARATUS | THIS SHEET HAs 'BEEN
REPLACED

ABSTRACT OF THE DISCI.OSURE

A musical tone generating apparatus utilizing a data compression method is
disclosed. A musical tone is sampled and is converted into waveform data (S(n)). These
waveform data (S(n)) are 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) 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 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.

FIGURE 1.
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In Fig. 17, D-FF 307 and 308 and nmultipliers 309 and 310
corresponding to the D-FF 114a and 114b and the nmultipli - :
and description thereof will be omtted. The data S(n) i up‘pzi ﬂ toth
D-FF 307 and a subtractor 311. A subtractor 312 subtract n ‘o tg 6 1998 2} o
the multiplier 309 fromthe output data of the nuttiplie gbt ai n
predi ction value pS(n). The subtractor 8Lt subtracts the] above predi ct1
value pS(n) fromthe data S(n) to obtain the data E(n) of T ' Th
data E(n) are limted into the data L(n) of six bits in the |[imter 306 as
well as inthe limter e ' cticed or enbodi ed
MUSICAL TGNE?GEﬂEﬂe IWUS%AQSAWQ

in still other ways. For instance. int preferred enbod-
Description

r

This invention genarally relatas to musical lone generating apparatuses far usa in electronic musical instruments,
and mare particularly to a musical tone generating apparatus in which a data compression method is used to reduce
the amount of stored data from which tena signais are generated.

The electronic musical instruments sutfar 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 generaling methodis are known as for
the elactronic musical instruments. Among these methods, a PCM (Pulse Code Modulation) method is superiortoother
methods because the PCM method can generate musical tones which are the mast similar o those of the acoustic
musical instruments. Accarding to the PCM mathed, each of instantanecus values of the musical tone wavetoms of
the acoustic musical instrument are successively sampled and are stored in a memory as sampled digtal data. The
sampled digital data are read from the memory and are used for generating musical tones. Such PCM maethod is
disciosed, for example, in U.S. Pat. No. 4,383,462 (tha title of the inventicn therec! is *ELECTRONIC MUSICAL IN-
STRUMENT"). |

The musical idne wavelorms generated by an acoustic musical instrument delicately depend on tone pitches, tone
ranges and the like. A pianc genaerates musical tone waveioms which differ by each tone pitch (or each tone range),
for example. Of course, periods of such waveforms differ by each tone pitch. Hencas, such vavefomrns must be mem-
orized in the memory for each instrument and (or each tone pitch (or each tone range), if necessary in the case where
the rnusicat tones truly, simifar to those of the accustic musical instruments are to be generated based on the PCM
method. For this reasan, a scale of a memory storage becomes large. For reducing the amount of cata, various kinds
of methods, such as a DPCM (Differential Pulse Code Modutation) method, an ADPCM (Adaptive Difterential Puise
Code Modulation) methed, a DM (Delta Modulation) method, and an ADM (Adaptive Deita Modulation) metheod, have
been proposed. And, the present applicant has discicsed a musical tone generating appasatus in Japaness Patent
Appiication 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 cther hand, the present applicant has disclosed ancther musical tone generating apparatus inUS. Pat.
No. 4,520,708 for further reducing the amount of cata. in this apparatus, the musical tone wavelorm is divided into an
attack pertion in which the envelope amplituda of such waveform abruptly increases and a sustain pertion in which the

. envelope amplitude of such waveform is kept approximately constant. And the memory memorizes the attack porticn
and the selected part of the sustain portion (hereinafter, the selected part of the sustain portion will be referred 1o as
& repeat porticn). When.the whole waveform must be generated, the attack portion is firat read from the memory, and
thereaftar, the repe is read from the memory repeatedly.

"~ Inthe m’ommmp;ln'r:unprmmm read from the memory and are decoded into the original data, the
value of prasently deccded data is cbtained by use of the vaiue of precedingly decoded data and the vaiue of present
data read from the memory. In this case, the data must be decoded 3o that the decoded data Is continucus and smoath
between the attack portion and the repeat portion and between the first repeat portion and the next repeat portion as
well. Howaver, there has been propcsed no apparatus for realizing a decoding procsss by which continuous data is
reproduced, Hence, the apparatus must memoxize the whole wavefomm of each musical tore and the memory storage
becomes large theraby.

it is therefore a general cbject of the prasent invention to provide & musical tone generating apparatus in which
sampied digital data can be compressad by use of the linear predictive coding and can be stored in the memory.

It is ancther cbject of the prasent invention to provide such a musical tone generating apparatus in which the
amount of stored data of a musical tone signal can be efficiently raduced 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 th
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 adcining repeat portions as well,

it is a still further object of the present inventicn:1 provide such a musical tone generating apparatus which can
be suitably applied to an slectronic 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 present invention, there is provided a musical tone genarating apparatus for an
electronic musical instrument comprising (a) memory means for storing a series of compressed waveform data therein,
said series of comprassed waveform data being obtained by comprassing a series of wavelomm data representative
of instantanaous valuas of a wavelorm ol a musical lone by use of a linear predictive coding method and a differental
quantization method; (b) reading means for reading said series of compressed wavelorm data from said memary
means; and (c) deceding means for decoding said read series of compressed wavelom data by methods corresponding
lo said linear pradictive coding method and said differential quantization method to obtain a series of decoded wavalomm
dala, said musical tone being reprocucad based on said saries of decoded waveform dala. '



iments. the main part of the data compression circuit is DREPLAGEMENT SHED

encoders or limters, and other circuits can be applied f¢r

data. The

reg <l t [
and not restrictive, the scope of the invention being indjc tgd?béﬂﬁfgﬁﬁ
appended clains and all variations which cone within the
clains are intended to be enbraced there?n.

.
preferred enbodi nents descri bed herein are ther ¢f

~

e
e

According to a second aspect of the present invention, there is provided a musical tone generating apparatus for
an electronic musical instrument comprising (a) first memory means for storing a group of comprassed wavetorm data
divided into a plurality of frames which corraspond respectively to a plurality of frames of a wavetorm of a musical tone
represented by said group of compressed wavetorm data, said group of compressed waveform data being obtained
by caiculating a linear predictive coefficient with respect to each frame of said compressed waveform data group and

* effecting a linear predictive coding operation on instantanecus values of each frame of saikd comprassed waveform

data group using a coresponding one of the calculated linear predictive coafficients; (b) second memory means for
storing said calculated linear predictive coefficients; (c) first reading means for reading said group ot compressed
waveform data from said first memory means; (d) second reading means for reading said caiculated linear predictive
coefficients in synchronization with said frames of said compressed waveform data group; and (e) decoding means
for decoding the read compressed waveform data group, by effecting a decoding operation corresponding to §aid linear
predictive coding operation on each frame of said read compressed waveform data group using a raspective one of
the read linear predictive coefficients, to thareby obtain a group of decoded waveform data, said musical tone being
reproduced irom 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 compressing a series of waveform data representative
of instantaneous values of a waveform of a musical tone by use of one of a linear predictive coding method and a
modulation method;.{b) data providing means for providing data; (c) reading means for repsatedily reading at ieast 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 portion of said compressed waveform data for replacing
the first compressed wavelorm data of said read portion with said data provided by said data providing means 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 decodad waveform data.

Further objects and advantages of the present invention will be apparent from the following description, referance
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 28-are systemn block diagrams of a first embodiment of the invention;

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

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

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

Fig. 6 isa graph showing a relationship among data e(n), aquantization range datad(n)and a quantized ditference
code Cin);

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 88 are system block diagrams showing a detailed constitution of a decoding circuit shown in Fig. 2,
Fig. 9 shows envelope waveforms of signais 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 cbtained 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 linear 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 flustration 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 en-
bodiments will employ the linear predictive operation.

Fig. 1 shows a system block diagram of a fundamental constitution of a musical tone generaling apparatus in
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accorgance with the prasant invention. In Fig. 1, the apparatus of the prasent invention can be roughly dvided inta
thrae parts, namaely a data compressing crrcun 1, an AOPCM cata memoary (wavetorm mamary) 2 and a data decading
circunt 3. The ADPCM data memory stores he data compressad in the data compressing crcutt 1. The data decoding
circuit 3 deccdas the data read troem the ADPCM data memory 2.

The data compressing circuil 1 comprises a microphone 4, an analog-to-digital (A/D) converter S, a subtractor 6§,
an encodar 7, a quantizaticn range contrai cirguil 8, a decedar 9, an acder 10 and a delay fipdiep 11. )

A musicaltane genaratedtrom an acoustic musical instrument {not shown) is collected by the microphene 4 wherain
the musical tene is converted intc a musical tone signal. The musical tone signal is supplied 10 the AD convarter §
wharein the musical lane signal is sampled at a predetarmined constant period and is converted inte 3 PCM code S
(n) of tweive bits. The subtracior § cperates as a difference (or a deviation) detecting paint which detects a diflerence
batween the present PCM code S(n) and a PCM reproduction code pS(n-1) (a generating pracess of the PCM repro-
duction ceda pS(n-1) will be descnibed latar) which is identical 1o a reproduced value of the pracading PCM code S(n-
1). The above-menticned differenca is called a differance PCM code e(n) and is supplied tothe ancoder 7. The enceder
7 quantizes the difference PCM ccde e(n) based on the ADPCM methodt to generate a quantized difference code C
(n) of four bits (the moat significant bit therect is a sign bit). in this case, the contents of the quantized differenca code
C(n) correspend to the sum of the diflerence PCM coda e(n) and a quantizaticn error e4n). The quantization range
control circuit 8 sets an acaptive quantization range data ¢{n) (of eight bits through twelve bits) for the encodar 7 based
on the vaiue of the quantized difference code Cin).

Now, description will,be given with respect 1o a processing operation performed in the quantization range control

circuit 8. First, the present quantization range data d(n) is cbtained from the preceding quantization range data d(n-
1), based on the following formuia (1),

d(n) =d(n-1) - X 4}

Whera k denctes a coefficient which is determined by the value of the quantized dilference code Cin) as shown in
Table 1.

TABLE 1
Cn) k
1M1 | 2144
M0 | 1.772
1101 | 1.484 -
1100 | 1.210
1011 | 0.809
1010 | 0.909
1001 | 0.508
1000 | 0.909
ccoo | 0.s09
0001 | 0.809
0010 | 0.908
0011 | 0.909
0100 | 1.210
0101 | 1.484
0110 | 1.772
o111 | 2.114

) In Table 1, the vaiue of the coefficient k increases as an absoiute value of the quantized differance code C(n)
increases. And, the value of C{n)="1000" corresponds to a decimai value of *0°. In the present embodiment, each of
the coetficients k of Table 1 is founded to one decimal place and memorized in a predaetermined memory in the quantized



range control circuit 8.
As shown in Fig. 5. the encoder 7 cblains a relative value e(n)/d(n) of the differance PCM code e(n Bra-tiv
quantization range data d(n) is setto a vaiue *1°. The encoder 7 outputs the value a(n)/d(n) as the quantized diffarance
code C(n). In this case, the value a(n)/d(n) can take any vaiues between values °-1° and *+1°. However, since the
quantized diffarence value C(n) is a value of four bits, it is impossible to abtain a linear conversion of e(n)/d(n). Hence,
in the present embadiment, an operated result of the value a(n)/d{n) is divided into several secticnal vaiues as shown
.in Fig. 6 and is converted into the quantized ditference coda C(n) according to the sectional values. For example, when
the value a(n)/d(n) is mora than 1/2 or less than 5/8, the quantized diffarence code C(n) is set to a value "0100° of four
bits. Similarly, when the value e(n)/d(n) lies between vaiues 0" and “1/8°, the quantized difterence code C(n) is sat to
a value "0000° of four bits.

Now, description will be given with raspect to the operation of the decoder 9. The decoder S reproducas the dif-
{erence PCM code e{n) and the quantization error e, based on the quantized difference ctda C(n) and the adaptive
quantization range d(n). When the quantized difference code C(n) is expressed as (B4,82,8,.8¢) (where characters
By through B, dencte respective bits of the code C(n) of four bits), a value e(n)+a,(n) can be obtained by the following
formula (2).

e(n) + e (n) = (1-2B,) - [ ( d(n)2)-B, + ( diny4 )-8,
+ (d{n}8 }-B, +din}B ] @

In above formula (2), an undedined temn {1-2 B.) represents a sign bit. This sign bit is negative where B,="1"and is
positive where B,="0". The cther terms parenthesized by T |* reprasent an absoiute value of e(n)+e,(n) which is ob-
tained by adding the values d(n) weighed by the respective bits together and further adging an cifset vaiue of d(n)/B.

The differenca 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 delayad by one clock period. The delayed code e(n) is fed back
to the adder 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 previcus difference PCM code e{n-1). An cperational results of the adder 10 depencis on the differ-
ential modulation method and corresponds to a peak value of a signal S(n) which is 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 raproduction code pS(n), and the output signal of
the delay flip-flop 11 can be expressad as the previcus PCM reproduction code pS(n-1) (where an initial vaiue pS(0)
of the code pS(n) is set to a value °0°). As described heretofore, a circuit constituted by the quantization range control
cireuit 8, the decoder 9, the adder 10 and the delay flip-fiop 11 has a function by which the PCM code S(n-1) at the
prececing sampling paint is decodad (reproduced). As described before, the previous PCM reproduction code pS(n-
1) is supplied to the subtractor § where the differencs between the present code S(n) and the previous code pS(n-1)
is cbtained. The subtractor § thus performs a difference detection which is a basic process of the differential modulation
method.

The above is the constitution and the cperation of the data comprassing circuit 1, and the quantized diflerence
data C(n) are stored in the ADPCM data memory 2 sequentially.

Next, description will be given with respect to the data decoding circuit 3. in the data decoiing circuit 3, a decoder
1S, 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 decoder 9, the quantization range control circuit 8, the adder 10 and the delay flip-flop 11. The data
decoding circuit 3 decodes the quantized difference code C(n) read from the ADPCM data memory 2 and reproduces
the PCM codes S(n) sequentiaily. The encoder 7 described before is classified into the error feedback type where
errors are not accurnulated at reproduction. Hence, itis possible to reduce the error component by matching an input-
output relationship and an operational accuracy between the encoder 7 and a decoder procassing circuit constituted
by the quantization range control circuit 8, the decoder § and the delay flip-fiop 11.

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 § in Fig. 1. The digital data (or the sampling data) from the A/D converter 105 are
supplied to a waveform processing cizcuit 106 whars the digilal data are once stored in a memory provided therein
and are standardized by a pradetermined standardization process. As shown in Fig. 4, the musical tone signal can be
divided into an attack portion (a rising portion) ATC and a repeal portion APT which is a selécted part of the sustain
portion. The amplitude of the musical tone signal increases in the attack portion ATC. By the above standardization
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procass, the amplitude of the musical tone signal in the attack p'cnion ATC is renderad identical to that in the repeat
portion RPT. Cencretely, each of the sampling dala of the attack portion ATC is multiplied by a corresponding one of
envelope data which change in an inverted manner of an amplitude enveicpe of the musical lone signal in the attack
portion ATC in the standardization process. This standardization process is perfommed in order to enhance a musical
tona reproduction accuracy in a portion in which the amplitude thereof is relatively small. The sampling data outputted
trom the A/D converter 105 is constituted by 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 §(n). -

When the waveform data $(n) are stored in the wavelorin. memory 107, the waveform memory 107 is connected
to a linear predictive coefficient cparating circuit 109. The waveform data S(n) are sequentially read fromthe wavetform
memory 107 and are supplied to the linear predictive coeflicient cperating circuit 109 via the switch 108. In the lingar
predictive coelficient operating circuit 103, optimum linear predictive coefficients a, and a, are calculated for each of
frames [0] through [N-1] shown in Fig. 4 based cn the waveform data S(n) and are written into a coefficient memory
110. As calculation methods of the linear pradictive coefficients a, and a, , various kinds of calculation methods are
known conventionally, however, some calkculation methods, such as a Durbin method and the like, which use an au-
tocerrelation function, are eflective. In addition, 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.

Alinear prediction operating circuit 111 performs a data compression based on the linear predictive coding and is
constituted by a subtractor 112, anadding circuit 113 and a prediction value calculating circuit 114. The prediction value
caiculating circuit 114 is constituted by D-FF (delay flip-flops) 114a and 114b, multipliers 114c and 114d and an adder
114a. The linear predictive coefficients a, and a, from the coefficient memory 110 are inputted respectively into the
multipliers 114c and 114d as multiplier coefficients thereotf. The output data of the adder 114e is supplied to the sub-
tractor 112 as the pradictive value pS{n). An ADPCM operating circuit 116 perfonms a data compression based on an
ADPCM quantization method and converts the data E(n) of tweive 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 decodled data
includes an arror e,{n). In other words, the decoded data can be expressed as "E(n)+e(n)".

Next, description will be given with respect 10 an operation of the linear prediction operating circui 111. When the
linear predictive coefficients a, and a, corresponding respectively to the frames [0] through [N-1) are written into the
coefficient memory 11Q.the wavelorm memory 107 is connected to the subtractor 112 via the switch 108. Thereater,
the wavetorm 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 fromthe
waveform memory 107, the memory 110 reads out the linear predictive coefficients a, and a, corresponding 1o the
frame [0]. When the waveform data S(n) in the frame [1] are read from the wavefonn memory 107, the memory 110
reads out the next linear predictive coetficients a, and a, corresponding to the frame [1]. This is true of the other frames.
These linear predictive coefficients a, and a, are supplied respectively to the multipliers 114¢c and 114d in a sequence
of frames [0], [1], .... In this case, a clock pulse for determining a read-out timing of the waveform memery 107 is
identical to a clock puise suppilied to the D-FF 114a and 114b. The subtractor 112 subtracts the prediction value pS(n)
from the waveform data S{n), i. e., the subtractor 112 performs an operation according to the following formuta (3) to
obtain the data E(n).

S(n) - pS(n) = E(n) €)]

The data E(n) is supplied to the ADPCM operating circuit 116. In this case, the prediction value pS(n) lies in the neigh-
borhood 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 resul, the value of the data E(n) is further smailer than the value of the waveform data S(n).
The data E(n) are converted into the quantized differsrice 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 outpuls
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 vaiue can ba expressed by the following formula (4).

E(n) + 8,(n) + pS(n) = S(n) + e,(n) 4

According to the formula (4), the value of the output data of the adder 113 is approximately identical lo the valus of the
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daia in which the value thereo! is approximately identical to the value of the pravious wavelonn data S(n-2) of two
clock pulses batcra. On the othar hand, when the prediction value calculating circuit 114 calculates the prediction value
pS(n) by use of the pravicus waveform data S(n-1) and $(n-2), the linear predictive coefficient operating circuit 109
calculates tha coefficients a, and a, of such vaiues that the pradiction vaiue pS(n) takas the vaiua nearast the present
data S(n). These coefficients a, and a, ara written intc the coefficiant memary 110. For this reason, the prediction value
pS(n) calculated by use of the above coefficients a, and a, becomes extramaly an approximate value of the waveferm
data S(n).

Thus, the linear pradiction operating circuit 111 converts the waveform data S(n) outputted from the waveform
memory 107 into the data E{n) whera the value thersol 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 cparating 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 raspectively to the subtractor 6, the encoder 7, the quantization range control
circuit B, the decoder 9, the adder 10 and the dalay flip-ficp 11 In Fig. 1, therefore, detailed description will ba omitted.

The subtractor 117 subtracts the prediction data pE(n-1) from the output data E{n) of the subtractor 112. The
difference ciata between data pE(n-1) and E(n) are suppiied 1o the encoder 118 as data e(n) (of twelve .bits). The
ancoder 118 quantizes the data e(n) based on the ADFCM method to obtain the quantized difference code C{n) of four
bits (in which the mast significant bit therect 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 basad on the quantized difference code C(n).
The decoder 120 produces the data e{n)+e,{n) by use of the quantized difference codle C(n) and the adaptive quanti-
2ation range data d{n) aceording to the pre-mentioned formuta (2). The output data *e{n)+a,{n)" of the decoder 120 is
supplied to the adder 121, The adider 121 ackis the data *a{n)+8,{n)" and the prediction data pE(n-1) together to obtain
the output cata “E(n)+a,{n)* as shown in the following formula (S). -

o(n) +8,(n) + pE(n-1) = E(n) + &,(n) &)

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 tim-pradiction cata pE{n-1). ’ '

Thus, the value.cf the prediction data pE(n-1) is approximately equal 1o the value of the data e(n-1). Hencs, 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 bafore the data E(n) ). In result, the value of the data e(n) becomes further
smailer than the value of the cata E(n). Thersfore, a big quantization error can nct 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. 28. 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 circult 103. The ADPCM de-
coding circuit 124 is conatituted by a quantization range control circuit 125, a decoder 126, an adder 127 and a D-FF
128. The quantization rangs contro! circuit 125 and the decoder 126 respectively have the same constitutions as the
quantization range control circuit 119 and the decoder 120. The output data "e(n)+e,{n)* of the deccder 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 supplied to the D-FF 128 and the linear prediction decoding circuit 129. The above decoding process is
identical to that of the ADPCM operating circuit 116 whera the data *E(n)+e,{n)* is produced trom the quantized differ-
ence code C(n).

The linear prediction decoding circult 129 is constituted by an adder 130 and pradiction value caiculating circuit
131 where the constitution theraot is identical to that’ef the pre-mentioned prediction value calcutating circult 114, in
this case, the coalficients a, and a, read from the coefficient memory 110 are suppliad respectively to muttipliers 131¢
and 131d 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 1310 adds the output data of the multipliars 131¢ and 131d together and generates
the pradiction value pS(n) as described befors. Therafora, the output data (the decoded data H(n) ) of the adder 130
can be exprassed by the fallowing formula (6).

E(n) + ¢,(n) + pS{(n) = S(n) + 8,(n) = H(n) (6)
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The decoded data H(n) will be convertad into the musical tone signal by perfoarming a D/A convarsion (not shown),

The abovae is the dascription of the constitution of the first embodiment of the present invention. in Figs. 2A and
2B, the quantization error e{n) is contained in the output data of each of the adders 121 and 1144, and therefore, the
quantization error e,(n) is also contained in the feedback data, such as the prediction data pE(n) and the pradiction
value pS(n). In other words, the presant ambodiment can be classified as the pre-mentioned error feedback type,
hence, the arror is not accumulated in the decoded data H{n). Generally, a certain arror may occur in an operaticn of
finite word length data. In this case, howevar, it is possible to prevent such errors from being generated by rendering
the number of bits of the input and output data aqual to that of the operation data between tha linear prediction operating
circuit 111 and the linear prediction decoding circuit 129 and between the ADPCM cperating circuit 116 and the ADPCM
decoding circuit 124 as well.

In the case where the operation is performed very accurately, i. @., in the case where the quantization error is not
necassarily considered to be accumulated, it is possibie to use cperating circuit 111A and 116A shown in Fig. 7 instead
of the linear prediction operating circuit 111 and the ADPCM opsrating circuit 116, respectively.

The data compressing circuit 101 shown in Fig. 2A is nat provided in ordinary musical tone generating apparatuses.
However, this data compressing circuit 101 is provided in a musical tone generating apparatus which is appiied fora
sampling electronic musical instrument (in which a player can sample any sounds).

Next, description will be given with respect 1o 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
invantion 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 cata with respect to each tonae color, each touch intensity (each key-dapression intensity) and each
tone pitch (or each key). For exampie, 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, th® musical
tone waveforms memorized in the data memory 135 are not whole waveforms of the musical tone signals but partial
waveiorms 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 cut repeatedly to reproduce the whole waveform of the
musicail tone. This tepmdueedwholewavafomcimemushaltmengmnanmobpaandhmmd into a musical
tone signal by a D/A convarsion.

Hereinatter, detailed description will be given with respect to the second embodiment in conjunction with Figs.
and 3B. In Fig. 3A, when any one of the keys of a keyboard 136 is depressed, a touch detecting circuit 137 cletects a
touch intensity of the-depressed key and generates touch data TD corresponding to the detected touch intenaity. For
detecting the touch intensity, any of the following first and second methods can be empioyed. In the first method, two
kinds of contacts are provided for each key. The first contact is tumed on when the key is slightly deprassed, and the
sacond contact is turned on only when the key is depressad down to a bottom peint therect. Then, the touch intensity
of the depressed koy is detected based on a pericd between on times of the first and second contacts. On the other
hand, in the second method, a piezoslectric-crystal element or cther pressure sensitive elements are proviced 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 signai 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 depressad 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 as a "0° signal) are outputted from the key-depression detecting circuit 138.
In addition, a key-on puise KONP is cutputted at a leading edge of the key-on signal KON from the key-depression
detecting circuit 138. When the key is detected to be raleased, the level of the key-on signal KON is retumed 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 cperation is performed on one salected 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
trequency 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 counier 140 counts up the nota clock NCK and oulputs a counted value
theraof 1o an adder 141,

A tone-color selecting circuit 142 is constltutad by a plurality of tone-color selection operating elements and at-
tached circuits thereot, and the tone-color selecting circuit 142 outputs a tone code TC corresponding to a presently
selected tone color. A start address mamoary 143 memorizes address data which indicate addresses of head data of
the musical tone waveforms stored in the data memory 135 shown in Fig. 38. When the key code KC, the tone code
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in said firdata Arepest apdmssanemory 144 memcrizes address data indicating addresses of repeat data of the musical lone
waveforms storad 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 lone code TC and the touch data TD are supplied to the repeat address memory 144,
the memory 144 reads out and outputs repeat acdrass data RA indicating the address storing the rapeat data of the
musical tone waveform correspending to the above supplied data. One of the start address data SA and the repeal
address data RA is selected by a salector 145 and is supplied to the adder 141. An R-S flip-flop (reset-sat flip-flop)
146 is provided for controlling the selector 145, When the “0° signal is outputted from the output terminai Q of the flip-
flop 146, an input terminal A of the selector 145 is selected and the start acdrass data SA is outputted to the adder
141. When the "1° signal is outputted from the output terminal Q of the flip-flop 148, an input terminal B of the selector
145 is seiected and the repeat address data RA is outputted o the adder 141. Two output data of the address counter
140 and the selector 145 are added tegether 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 acdress data AD.

An attack end address memory 147 memorizes address data indicating addressas 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 cata AEA to a comparator
148. This dlata 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 addrass data cutputted from the adder 141 with the
attack end address data AEA. When the cata AD and AEA become equal to each other, the comparator 148 cutputs
an attack end signal AEND (*1° signal). A D-FF (a delay flip-flop) 148 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 memcorizes address cata indicating addresses storing repeat portion end data of
the musical tone wavaforms in the data memory 135. The repeat portion end data is the last data of the repeat portion
APT shown in Fig. 4. When the key code KC, the tone code TC and the touch data TD are supplied to the repeat end
-ackdress mamory 151, repaat end adciress 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
wavetorm 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
o each cther, the comparator 152 outputs a repeat end signal REND (*1° signal). A D-FF 153 is provided for adjusting
the timing. The repeat end signal REND Is delayed by one clock of the note ciock NCK and is cutputtad 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 wavefom. In Fig. 4, the repeat data belongs to the frame [2], and the frame number for the repeat data is deter-
mined in correspondence with sach musical tone waveform. The repeat frame memory 156 memorizes the frame
number for the repeat data in corespondence with each musicat tone waveform. When the key code KC, the tone
code TC and the touch data TD are supplied to the repeat frame memory 158, the frame number is read out in corre-
spondence with the above supplied data and is outputted 10 a terminal PD for preset data in a frame counter 157. The
frame counter 157 is provided for cutputting the frame number of the presently generating musical tones. The frame
memory 157 is reset by the key-on puise KONP so that the cutput 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 10 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 addrass memory 159 memorizes address data indicating addressas 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 158, an area storing N kinds of address
data is appoinied. The address data in the area are read out based on the frame code FLC outputted from the frame
counter 157 and are cutputted to a comparator 160 as the trame end address data FLEA (FLC). The comparator 160
compares the addrass data AD cutputied from the adder 141 with the frame end address data FLEA(FLC). When both
of the data AD and the data FLEA(FL.C) 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 cutputted to a clock terminal CK of the frame counter 157.

In Fig. 38, a linear prediclive coefficiant memory 161 provides storing areas corresponding to the musical tone
waveform in the data memory 135 and memorizes N pairs of linear pradiclive coeflicients a, and a, corrasponding to
the frames [0] through [N-1] into each of the storing areas. When the key cods KC, the tone code TC and the touch
data TD are supplied to the linear pradictive coefficient memory 161, a sloring area is selected in corraspondence with
the above supplied data. And the linear predictive coefficients a, and a, storad in the selected storing area are read
trom the memory 161 based on a frame code FLC outputted from the frame counter 157.
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sai d fi r steirgu 167 iy basically similar to that of the decading circuit 103 shown in Fig. 28, 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. B8. In the ADPCM decoding circuit 124A, an ADPCM coefficient memory 200 memorizes conversion data as
described in Table 1 and outputs a coefficient k in correspondence with the value of the quantized difference code C(n).

The coefficient k outputted from the ADPCM coefficient 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 muttiplier 201, the present
-quantization range data d{n) is calculated according to the pre-mentioned formuila (1) and is suppliedto 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 temninat 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 memorizes an initial vaiue d(ng) of the quantization range data d(n) and
suppiies the initial value d(ny) 10 the input terminal A of the selector 202. The output signal ( d(n) or d({ng) ) of the
selector 202 is supplied to a decoder 210, a delay flip-flop 205 and a latch circuit 206 via a max/min control partion
204. The max/min control portion 204 regulates a maximum vaiue and a minimum value of the quantization range data
d(n). For example, the maximum value and the minimum vaiue ot the quantization range data d(n) are set respectively
to decimal values 16 and 1552. And, when the vaiue of the quantization range data d{n) exceeds the maximum value
or the minimum value, the maximum vaiue or the minimum valus must be outputted trom 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 suppiied to the latch circuit 2086, the latch circuit 206 inputs and latches the quantization range
data d(n) supplied to an input terminal therecf. The output data of the delay flip-flop 205 and the latch circuit 206 are
supplied respectively to input terminals A and B of a selector 207. When the "1 signal is supplied to a terminal SA of
the selector 207, the selector 207 selects the input terminal A. When the *1° signal is supplied 10 a terminal SB of the
selactor 207, the selecior 207 selecls the input terminail B. Thereatter, the selector 207 usually selacts the input terminal
A thereo!, however, the selector 207 selects the input terminal B therec! when the signal RENDD is supplied to the
selector 207. in this case, when the selector 207 selects the input terminal A theraot, the selector 207 outputs the
quantization range data d(n-1) delayed by one clock in the delay flip-fiop 205 from an output terminal S thersof. When
the selector 207 selects the input terminal B thereof, the selector 207 outputs the data from the latch circuit 206 (this
operation will be described later). i

As same as the decoders 120 and 126 in Figs. 2A and 2B, a decoder 210 carries out a calkulation according to
the prementioned forrnula (2) and outputs the data “s(n)+e,(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 cata "E(n)
+8,(n)" is cutputted 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 gats 216. The gate 216 is opened under a condition in which the key-on puise KONP
is not supplied. The opened gate 216 supplies the output signal of the D-FF 215 to an input terminal A of the selector
217. When the attack end signal AEND is supplied to a latch circuit 218, the latch circult 218 inputs and latches the
data supplied to an input terminal therect. 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 therect, however, the selector 217 selects
the input terminal B thereof when the signal RENDD is supplied to the selector 217. in the case whers the selector
217 selects the input terminal A thereot, the data "E(n)+e,(n)° delayed by one clock in the D-FF 215 is outputted from
the output terminal of the selector 217. in the case where the selector 217 selects the input terminal B, the selector
217 outputs the data supplied from the latch circuit 218 (this operation will be described later).

Next, description will be given with respect to the linear prediction decading circuit 129A shown in Fig. 8B. The
adder 165 adds the data *E(n)+e,{n)" supplisd to one input terminal thereof to the prediction value pS(n) supplied to
the other input terminal thereof to obtain the data H(n). Lateh circuit 166 and 167 respectively readin the data supplied
to input terminals thereof when the sigrial AENDD is supplied to both of load terminals L of the latch circuits 168 and
167. Both of solectors 168 and 169 salect and output the data supplied to the input terminais A when the repeat end
signal REND is *1* signal. On the cther hand, both of the selectors 168 and 160 select and output the data supplied
to the input teminals 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 a, and a, as muttiplier
:::aﬂlcise(m)s thereof. An adder 174 adds output data of the muttipliers 172 and 173 together to obtain the prediction

pPS(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 multiplier 177.
The envelope data ED are deteqnined in correspondence with the key code KC, the tona code TC and the touch data
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D. A waveform of the key-on signal KON is shown in Fig. 9(A), and wavetorms corresponding to two types of envelope

data ED are respectively shown in Fig. 9(B) and Fig. 9(C). for axample. Concrately, Fig. 9(B) shows a tone of a par-
cussive system and Fig, 9(C) shows a tone of a continuous typa. The multiplier 177 muitiplies the decoded data H(n)
outputted from the decoding circuit 163 by the anveiope data ED. An output data of the multiplier 177 is supplied ta a
D/A converter (a digital-to-analog converter) 178 where the cutput data are converted into an analeg signal. Thisanalog
signal is amplified in a sound systam 179 and is thereatter cutputted as a sound by a speaker.

Naxt, description will be given with respect to the practical aperation of the second ambodimant shown in Figs. 3A
and 3B. First, when a player manipulates tha tone-color selection operating elements to select a centain tone-color,
the tone code TC is outputted from the tone-color selecting circuit 142 in comespondence with the selected tone-color
and is suppiied to predetermined portions of the instrument. Next, when the player depresses a selected key of the
keyboard 136, the touch detacting circuit 137 outputs the touch data TD, and the key-daprassion detecting circuit 138
cutputs 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. B) are simultanacusly reset when the key-depressiocn detecting
circuit 138 outputs the key-on puiss KONP. When the frame counter 157 is reset, the valuae of the frame code FLC
outputted from the frame countar 157 bacomes “0°. This frame code FLC of *0° is supplied 1o the frame snd address
memory 159 and the linear predictive coefficient memory 161. Thus, the frame end addrass FLEA(O) is outputted from
the frame end address memory 158, and the linear predictive coefficients a, and a, for the frame[0] are outputtad from
the linear predictive cosfficiant memory 161. In addition. the above-mentioned key-on pulse KONP is supplied to the
address counte! 140 via an OR gate 184, so that the address counter 140 is reset. Furthermore, the key-on pulse
KONP is supplied 1o the selactor 202 shown in Fig. BA. Hence, the initial value d(n,) outputted from the initial vaiue
memory portion 203 is passed through the selector 202 and the max/min control portion 204 in saries, and the initial
value d{n,) is supplied to the decoder 210 whers the initial vaiue d{ng) is latched therein.

The envelope generater 176 saquentially outputs the snvelope data ED after a time when the key-depression
detecting circuit 138 outputs the key-on signal KON. In acklition, the note clock generating circuit 139 outputs the note
clock NCK to the address counter 140 after a time when the key-deprassion 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 ackiress counter 140 counts up this ncte clock NCK. Thus, the count value cutputted from the
address counter 140 will be changed as 0, 1, 2, .... The count value from the address counter 140 is supplied to the
adder 141 whare the count value is added to the cutput vaiue of the selector 145. At this time, the flip-flop 146 has -
baen reset, thersfore, the selector 145 cutputs the start acidress data SA outputted from the addrass memory 143. As
aresult, the cutput-data of the acider 141 become the sum data of the above start ackiress 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 cutputs the quantized difference code C(n) of the attack ponbn ATCto the
decoding circuit 163,

The decoding circuit 163first decodes the quantized difference code C(n) to the data “E(n)+6,(n)" and then decodes
the data “E(n)+e,(n)" to the data H(n). More specifically, when the data memory 135 starts to successively output the
quantized difference code C(n), a repsat end signal REND is the "0° signal. in addition, the key-on pulse KONP is
tumed to the *1° signal 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 deprassed, both of the selectors 207 an 217 (shown in Fig.
8A) select input terminals A thereof and cutput 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. BA theretore become identical -
to that of the ADPCM decoding circuit 124 in Fig. 2B. As a result, the ADPCM decoding circuit 124A decodes the
quantized diffarence 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)" 1o the linear prediction decoding circuit 120A.

incidentaily, when the key is deprassead, the key-on puise KONP becomes the *1° signal, sc that the cutput value
of the gate 216 becomes *0°. This '0*data is supplied to the adder 211 via the selector 217. As a result, the adder 211
Qutputs the data “e(n)+a,{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)+a,{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 therect. in this case, both
constitutions of the linear prediction decoding circuit 129A shown in Fig. 88 and the linear prediction decoding circuit
129 shownin Fig. 2B become the same. Therefars, the data *E(n)+e,(n)* outputted from the adder 211 will be decoded
in a manner described above for the linear prediction decading circuit 129, and the decoded data H(n) will be obtainad.

Roelerring again to Fig. 3B, the envalope is added to the decoded data H(n) in the muhiplier 177, and the output
cata of the multiplier 177 is converted into an analog signal in the D/A converter 178. Thereaftar, the analogsugnd is
supplied to the sound system 179 where the analog signal is cutputted as a musical tone. Thus, the musical tone is
generated with respact to the frame {0},
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Next. when the address data AD have reached ta the Irame end address FLEA(O), the *1° signal is outputted from
the comparator 160 and is supplied 1o the ctock tamminal CK of the Irama counter 157 via the O-FF 158. Hence, the
Iramae counter 157 1s subjectad tc an increment and the Irame code FLC is lumaed to *1° At this time, the rame end
address FLEA(1) is outputted frcm the frame end ackiress memory 159. In addition, the linear predictive coefficients
a, ang a, of the lrame (1] are outputted trom the linear predictive caefficient memory 161 and are supplied to the
multigliers 172 and 173 {shown i Fig. 88). \

Therealter, the data memery 135 reads out the stored data continuously and the musical tone of the frame [1]is
ganerated. As dascribed belore, when the acdress cata AD have raached tc the Irame end acdress FLEA(1), tha frame
end address FLEA(2) is outputted frcm the frame end addrass memory 159, and the linear predictive cceflicients a,
and a, are outpulted from the linear pradictive coefficient memcry 161 as well. Thus, the musical tene is generated
with respect to the frame [2].

For axample, when the addrass data AD becoma identical to the attack end address AEA (shown in Fig. 4)in the
micidie of an cperaticn for generating the musical tone of the frame (2], the attack end signal AEND is cutputted trem
the ccmparator 148 and is supplied to load terminals L of the latch circuits 206 and 218 (shown in Fig. A). As a result,
the laich 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 aftack portion ATC.

in acdition, the signal AENDD is cutputted from the D-FF 149 shown in Fig. 3A after a time when the cne clock
pericd is passed after the attack end signal AEND is generated. The signal AENDD is supplied to the addresi counter
140 via the OR gates 186 and 184 so that the address counter 140 is reset. Furthermare, the signal AENDD is supplied
10 a sat terminal S of the flip-flop 146 so that the flip-ficp 146 is set. Aftar that, the repeat address RA is supplied to
the adder 141 via the selector 145. The signal AENDD is alsc supplied to the lcad terminals L of the latch circuit 166
and 167 (shown in Fig. 88) so that cutput 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 firstciata H(n)
of the repeat portion RFT both outputted from the acdar 165 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 suppiied 0 the lcad temninais L of
the latch circuits 168 and 167, the latch circuit 166 memorizes the last data (A1) of tha attack portion ATC and the latch
circuit 167 memocrizes the cata (A2) second to the last.

The above is a descripticn with respect to an cperation based on the signal AENDO. Thereattes the acider 141
outputs the adcrass data AD in a sequence of "RA+Q", A+1°, "FA+2", "RA+3", ... + and the musicaltone of the rapeat
mmmummmnhmmummwmmmumodmm
portion ATC, the new linear pradiciive cosflicients &, and a, are cutputted from the Enear pracictive coefficient memory
161 by each frame and dre suppiied to the decoding circult 163,

Next, when the address ciata AD becomes identicaltothe repeat encladdress REA, that is 1o say, when the musical
umummmnmmmmammm.mm«ummﬁ-dm is
outputted from the comparator 152 and is suppiied to the D-FF 153 and the selectors 168 and 169 {shown in Fig. 88)
88 wel. At this time, the selectors 168 and 169 select the Input terminals A therect, and tha cutput data of the latch
circuits 168 and 167 are supplied respectively to the input terminals of the D-FF 170 and 171 via the selectors 168
and 169. Naxt, when the note élock NCK is cutputted, the D-FF 170 and 171 read in the output cata of the latch circuits
168 and 167, and the D-FF 183 (Fig. 3A) cutputs the signal RENDD (*1° signal). The signal AENDD is supplied 0 a
Presatterminal PR of the frame counter 157, whersby the frame counter 157 presets the outputvalue {"2°,ferexample)
of the repeat frame memoary 156. As a rasult, the frame code FLC becornes "2° and the frame end address memoxy
1S9 cutputs the frame end address FLEA(2). in addition, the linear predictive coefficient memory 161 outputsthe finear
Predictive coefficients a, and a, of the frame {2]. The signal RENDO is supplied to the selectors 207 and 217 shown
in Fig. 8A so that the selectors 207 and 217 select the input tarminals B therecf. At this time, the cutput data of the
latch circuits 206 and 218 are outputted via the selectors 207 and 217. Therefare, when the first quantized diflerence
code C(n) is read out in the second cycle for generating the musical tone by use of the repeat portion RPT, the quan-
tization range data d{n-1) and the PCM raproduction gfn'dc pE(n-1) referred to as the praceding valuas are those which
correspond to the last quantization range code C(n) of the attack portion ATC. Therefors, the cata is processaed as
the repeat portion APT for this second cycle follows the attack portion ATC in the continucus manner, so that the
smooth musical tone will be cbtained. EH : .

The signal RENDO is supplied to the address counter 140 via the OR gates 186 and 184 so that the address
counter 140 is raset. Hancae, the adder 141 repeats to Qutput the address data AD in a sequence of *“RA+0°, "RA+1°,
*RA+2", ... so that the second cycla of generation of the musical tone of the repeat portion RPT is performed. Of course,
the linear predictive coefficiants a, and a, will be also changed by each trame.

Next, description will be given with respect lo the decoded data Hin) of the head pertion of the second repeat
partion APT, As shown in Fig. 11(A), the decoded dala H(n) of the last portion of the repeat partion RPT ace represented
by REJ, RE2and RE1. Fig. 11(8) and Fig. 11(C) respectively showthe repeat end signal AEND and the signal RENDD.
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The latch circuits 166 and 167 memcrize the data A1 and A2 (the decaded 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 respectivaly read in the
data A1 and A2 at a leading edge of the signal RENDO. At the sama timse, the first quantized diflarencs cede C(n) of
the repeat portion RPT is read from the data memory 135. More specifically, when the first quantized differance code
C(n) of the repeat portion RPT is read trom the data memory in the second cycle, the data in the D-FF 170 and 171
become idantical to those in the first cycle, Henca, the linear pradiction decoding circuit 129A cutputs the decoded
data which is identical to that in the first reproduction cycle. Similarly, the second dacoded data H(n), the third decodad
data H{n) and other decoded data H(n) will be cbtained in the second raproduction cycle of the repeat portion RPT as
well, )

Thus, the second repeat portion of the musical tone is generatad by use of the repeat portion RPT, thereaftar, the
third, fourth, ... last portion of the musical tones will be generated by use of the rapeat pcmon RPT under the same
procass described abova.

When the player takes his finger off the kay the key-on signal KON is retumed to the *0° signal. Hence, the valua
of the envelops data ED are gradually attenuated to *0°, and the generated musical tone bacomes attenuated and
finally ceases. . :

Naext, description will be given with respect to the experiment result cbtained bypractbﬁ'lg the above embodiments
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 differance code C{n) in the data comprassing circult
101 shown in Fig. 2, and the code C(n) is stored in a memory. The stored code C(n) is read trom the memory and is
decoded into the data H(n) in the circuit shown in Figs. BA and 8B, Fig. 12(B) shows the wavefom of this decoded
data H(n). Fig. 12(C) shows the subtraction rasult 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 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 dlata are greatly compressed and ara stored in the mmcyhmaabove
embodiments, itis possible o reproduce the stored data with extremnely small efroc

in the above embodiments, the degree of the linear prediction operation, i. e., the number of D-FF 134a and 114b
is secondary, howevey, it is not limited to that. Dus to the experiment results, the reproduction error become the smallest
when amploying the secondary linear pradiction operation. For example, Fig. 12(D) shows the reproduction error when
the fourth linear pradiction operation is employed wherein the other experimental conditions are the same as these in
Fig. 12(A) through Fig. 12(C). In Fig. 12(D), the reproduction arror is larger than that in Fig. 12(C) becausea correlation
betwesn the data E{(n) becomes less as the accuracy of the linear pradiction operation becomes befter. As a result,
because a compression rate (or a compression accuracy) of the ADPCM operating circuit bacomes lower. Onthe other
hand, the correlation between the data E(n} is remained to a certain extent in the secondary operation, and therefore,
the compression rate of the ADPCM operating circuit becomes better.

Next, descnpuonMﬂboglvenwihrapectbnndﬁedtcmofheﬁntandmndmbodﬁnenﬂhfoﬂowhg

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 mernoty
206A for storing data necessary for calcutating the initial value of the repeat portion RPT and a memory 218A for
storing the vaiue of the last ciata in the attack portion AT'C are provided instead of the latch circuits 206 and 218
shown in Fig. BA. Therefore, the data are nct stored 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 course, the data must
be providad 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. 8. In Fig. 14, a
data memory 230 (ROM) for storing data necessary for calculating the initial value of the repeat postion RPT is
provided instead of the latch circuits 166 and 167 shown in Fig. 8B. The data memory 230 memaorizes the last
compressad data A1 and A2 of the attack portion ATC described befdre in corraspondence 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 salectors 168 and 169.

In Figs. 13 and 14, the memories 206A. 218A and 230 can be conslituted by RAM and the data can be cal-
culated and stored at a power-on time, a tona color selacting time, etc.

in addition, the decoding circuit 163 shown in Fig. 28 can be cblained 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, itis
possible to apply the prasent invention to electronic musical instruments of the polyphonic typas. in this case, itis
prefarred to usa the time division process.
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generating apparatus according to claim1 further conpri ji ng a n

sel ecti on neans for sel ecting a desil3ed one of a plju '
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of the selected tone color, said first nenory neans storin

sal d IBLY) mmeal
conpr essed3Hyess ?wg%l"a"\ﬂrmwmwm- cotenraigm 8yt S2aag 190 rﬁﬂ‘étl'\%mg'ﬁ"f’one
col ors, sal’@2r% F3{F's &Rulh F ML s Srigor 8SFBHsi ve to said data

represent a(t.ti M @xqqzcve emucciments, tha daa memary 135 memanzaes the stancarcized musical icne wavelcms, how-
aver, it is pessisle 1o memanze unstancarcized wavalcrms havng snvelcges harect in e memary 13S.

{S) Each musical tcne wavalcrm is memanzad in cerrespencencs with the tene coce TC. the key cace KC and
tha tcuch cata TO i the atave amaccimaents, howevar, it is gcssible to memcnzs eact wavelcrm in correspond-
anca with the tcne cocs TC cnly. In acciticn, the musical tone wavelcmm can e memanzac in cerresponcence
with the cgarating cancition of the cgerating slements manigulatec By (Na playar. Any IEnaticn ¢t the atove
maemiccs can Ba emgEicyed in the prasent nventicn,

(8) It is pessible 1o empicy the intargelaticn cparaticn instaad ot memarizng the musical tene wavelean lor sach
kay cece KC and for each tcuch cata TU. In this case, aﬂstmvammamchgnmaufpduu
strongest iouch intansity and a secang wavefem carrespanding to touch cata TO of the weakest touch ntensity
ars memcrizad, for axample. Anc, a cantain wavelanm cSrresgonding 1o touch ca TO having a mecium teuch
intensity canbe citained fram the first and secend wavelams By perfeaming e intercclatien cperaticn. The circuit

tar pertarming the interpaiation cperaticn has been ciscicsed in the Jaganese Patent Acglication Laid-Cpen Ne.
60.-53398. T

(7) int the atove embodiments, onty cne repeat partion RPT is pravided, hawevet Rispcssitle W3 provice a plurality
cf repeat porticns RPT, In s case, an inmerpolation interssnection (amhu.s.l’u.h!c.‘.m?ts.)an
Be empicyed [ar smoSting each intercanmection Betwean Mo rageat poriens, Instead of Tie interpalaticn iter-
connecticn, 3 wavelGnT: cannecing method as discicsect it ULS. Pat. Na, 4,520.7C8 can Be empioyed. .

(s)mmanwcmuanmumdgumemummmmmmqemhﬁg
2A) a-mmainmnmmm107md-mmmmnsu¢.chthpewhhnm
the digital cata Basecd on & real time system.

{9) In the abave embodiments, the cutput cata of the A/O converter 105 are siancardized, and thersafter e cuthut
mﬂ'WMRthbpm‘ﬂymmmdaom:ﬂumm
the cutpwt data. For example, & certain portion is axtracted fram the wavelanm, of 2 cartain Gperation is pedarmed
fer smocthing he intéreonnection between e repeat pastions.

{1Q) in the abave embodiments, the musical tane is colected bymomiaepm? 10-tmd.ilm?mdimmo
criginal musical tone cata in the AD conventar 105, Howeves R is possiie to cbtin the criginal musical tone data
By use ot a computer simulation,

(11) It is pessible umm-mcmbwmmwmmmmg
circuit, the data memary and the data decoding circuit ints one electronic musical instrument,

t2) mwam-pmmhmm«mmwmmmuhw
wm&mmqum«thWmﬂmMMaanm
meciule or a hyhim scund soures, PN

(13) It is possiale ta pravics a (digital) ke connected after he decoding circult and 10 cantrol & musical tone by
passing the decoded daza through the fitec. The fter chacacteristics of the fiter are changed according 1o Te
touch data TO, the key code KC, etc. i thersby contrSi a tone color of the musical tone.
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WthMMmMmmmmmscamerMame:(?
'fmmmammmmmmqmmammm s
a method for presetting the start address By use of an address countar 140 of the presetable type and & method
for calculating the adkiress by use of & (micro) program, for example. . )

(ﬂmmmmmmmdmmmmuwmmmm
and the musical tone s genarated. However, it Ia possible 1o Memarize the whale musical 1one wavelo®
memory and read aut the whole wavelonm (o obtain the musical tone,



the selected tone color.to read the group of conpressed waveform data
correspondi ng to-said selected tone col or data fro
nmeans. 8 A waveform data processing systemfor a nusi
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for diding a waveform of a mnusical tone, represented by,
val ues of an anplitude of said sldi-cal tone, i
frames arranged in ternms of tine; and (2) predijcth
cal cul ating neans for calculating, with respect to eac

frame, a predicti

coeffici ent

ve

(16) In the above embadimaenis, the linear pradictive coefficients a, and a, are changed by each lrame. Howavar,
it is possibie to usa the samae linear pradictive coafficients a, and a, throughout all framas. In this case, it is un-
necessary lo divida the musical tone wavefarm into framaes.

{17) The methed for switching the framas is not limited to that described in the above embadimants. For axampis,
it is possible to switch the frames by use of the upper bits of the address data AD.

(18) In the above embodiments, the frame switching positicns and the repeat partion are set independently. How-
ever, it is possible to synchronize the frame switching positions with the repeat portion by switching the frames at
a head position of the repeat portion, for example.

Next, description will be given with respect to the third embodiment of the prasent invention in conjuncticn with
Fig. 15. in Fig. 15, same numaerals designate the corresponding parts shown in Figs. 2A and 2B, and dascription thereot
will be omitted. The present embodiment is roughly constituted by a data comprassing circuit 301, a LPC data memory
802 and a decoding circuit 303. When the circuit shown in Fig. 15 is compared 10 the circuit shown in Figs. 2Aand 28,
a fimiter 304 and the LPC clata memory 302 are used respectively instead of the ADPCM cperating circuit 116 and the
data memory 102 shown in Fig. 2A, and the ADPCM decoding circuit 124 shown in Fig. 28 is omitted. in addition, a
linearpredicticreperating circuit 305 is constituted by the subtractor 112, the adder 113, the prediction valueealculating
circuit 114 and the limiter 304.

In the linear predicticn operating circult 305, the cutput 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 cutput data E{(n) of tweive 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
whase bits are all *1* is outputted as the compressed data L(n). The comprassed data L(n) is thus outputted from the
fimiter 304 and is stored in the LPC data memory 302. As described before, the value of the data E(n) is further smaller
than the value of the waveform data S{n) since the prediction value pS(n) is near the value of the 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)= E(n) + e (n) . T om

Theacider 113 adds the data L(n) to the pradiction value pS(n) to cbtain the addition result as expressed in the following
formula (8).

u ﬂ) " ps(n) = E(n) + 9.,(") + ps‘n) = S(n) + Qr(ﬂ) - . - (a)

Hence, the addition result becomas approximately equal to the waveform data S(n), and the pradiction value pS(n) is
rendered nearly equal to the value of the wavetorm data S(n) by the prediction value calculating circuit 114, as described
befora. 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 cutput 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). In Fig. 18, the initial vaiues 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 dlata L(n) of six bits to the data pS(n) of twelve bits to obtain the decoded data H(n) as
exprassed by the following formula (9).

—

ﬁ_
Lin) +pS(n) = E(n) + e {n) + pS(n) = S(n) + e (n) = H(n) 9

Fig. 16(H) through Fig. 16(L) show the output data of the LPC data memory 302, the output data of the addar 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 moditiec form of the linear pradiction operating circuit 305 shown In Fig. 15. Whan itis not necessary
to considar the error accumulation, this circuil can be empioyed. In this case, an /O characteristics of tha limiter 306
can be arbitrarily set lo optional values, and it is possible to omit the limitar 306 according to the need. in the case
where the limiter 306 cuts only tha upper bits of the data E(n), the limiter 306 is not required practically.
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A musi cal tone generating apparatus for ¥n-el ectronicf{nfsical 1nstru
characterized by the provision of: (1) menor ans—for—ste+i g a

series of conpressed waveform data which have been obkajned by conpresg-

In Fig. 17, D-FF 307 and 308 and multiphers 309 and 310 are respectively corresponaing to the C-FF 114a and
114b and the multipliers 114c and 114d. anc cescrniption thereo! will be ormitted. The daia S(n) is supplied to the D-FF
307 and a subtractor 311. A subtracter 312 subtracts an output data of the multiplier 309 from the output data ot the
muttiplier 310 to sbtain a predicticn value pS(n). The subtractor 311 subtracts the above prediction value pS(n) from

the dala S(n) to cbtain the cata E(n) of tweive bits. The data £(n) are limited mto the data L(n) of six bats in the limiter
30€ as well as i the limiter 304.

_ This invention may be practiced or embadied in still other ways. For instance, in the illustrated prelarred embod-
iments, _lhe main part of the data compression circult is not limited to the encoders or limiters, and other circunts can
be applied tor compressing the data. The preferred emboaiments described heran are therefors illustrative and not

restnctive, the scope of the nvention beng indicated by the appended claims and all vanations which come within the
meaning of the claims are intended o be ambraced theren.



ing a series of waveform data representative of instantaneous values of a

waveform of a musical tone by a predi ctive coding

(2) coefficient generating neans for generating predictiv .
representative of a predictive coef- ficient of ajfi Y
operation to be used in said predictive ﬁgding met hod, saijd |predictive
coefficient data varying in acortfahce with a | aps &?nﬂUGaWQB

(3) waveform data reproduci ng nmeans for reproducing said 'es of wavef of m
data from said conpressed wavef orm data by effect|ng a second —

predictive operation on said conpressed waveform data usi rg—said

predictive coefficient data, said second predictive operation being relate
with said first predictive operation.

Claims

1. A musical lcne generaung acparatus lcr an aelecremc musical instrument characterzsc by the grovisien af.

(a} first memcry means for stommg a group of comprassed wavelam cata divided Nt a pluratity of frames
which corraspend respecuvely (9 a plurality of frames of a waveicrm of a muscal tene represanted by said
group cf comgpressed wavelom cata, said group of cempressed wavelorm cata beng cttained dy caicutating
a pracicuve coefficient with respect to each frame of saxt cempressed wavefann Cata group and etfecting a
pracictive coding cperaticn on instantanecus vaiues of each {rame of said compressed waveionn cata group
using a correspencing cne of the calculated precictive coefficients:

(B) secene memary means for stermg saic calculated precictive caslficients;

(<) first reaciing means for reading said group ¢f cempressed waveicmm cata fram said first morncvy ineans;
{c) secend reacing means for reacing said calcutatad gracictive coefficiants in synchronization with sad framaes
of sa1a comprassed wavelonn data group: and

{e) deceding means ior cecoding the read campressed wavelonm data group. by sffecting a decodling operation
carrespencing to said pradictive coding cperaticn on esch frame ¢f said read compressed waveform cata
group uaIng a respective cne < the react precictive coeflicients. to thersby cbiain 2 group of decoded wavelcrm
cata. said muaical tone being reproduced trom said Gecaded waveionm cata,

A musical icne genérating apparatus sceording to claim 1, whmmadpmeadngepombnnam
prodicanemgepcmbn.

A musical tone generating apparatus according to claim 1, wherein said musical tone waveform is divided into an
attack porticn in.which an enveicpe ampiitude therse! becomes incrsasing and a sustain pertion in which an en-
Vveiope ampiitude thersc! is generally constant, said first mermory means storing hicse compressed wavsform data
corresponding 1o said attack portion and those compressed waveiom data comssponding 10 a selected part of
said sustain portion, said first reading means first reading sai! thcse compressed wavelonm data comssponding
to said atack portion and then repeatedly reacing seid those compressecd waveform data cormesponcing o said
selected part of mwmummmWdemmmbmmm
compressed wavefonn cata stored in saicd first memary means.

A musical tone generating apparatus according to claim 1 further comprising sampling means for sampling sazd
musical tone wavelorm 1o preduce said instantanecus values, sncoding means lor encoding said instantanecus
valuabyaandlhoarpndicﬂvoeedingmomwpmducasadgmup cf cempressed waveform data.

A musical tem generating apparatus according to claim 3 further camprising a keyboard, said first memery means
stonng said group of compressed waveform data with respect to each key of said kayboard, said first reading

means baing respensive to each depressed kay of said keyboard to read the group of ecmprmod wavelonm data
. carrasponding to said each depressed key from said first memory means.

A musical tone generating apparatus aecercﬁngjo claim 5 turther cemprising kay-Gepressicn intansity level de-
tacting means responsivs to each depressicn crkoy of said keybcard for detecting a level of intensity ol said each
deprassion of key 10 cutput data representative ol the detected intensity level, said group of comprassed wavetom
data carraspending to each key comprising a plurality of blacks of compressed wavelorm data correspanding
respectively to predetarmined diflarent key-depressicn intansily levels, said first reading means being "890"3"‘

* [ L L s *
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to said intensity leve! data to select the group of compressed waveform data corresponding to the depressed key
and to read that block of comprassed waveiorm data of said selected group of oompressed wavsiorm data which
corresponds to the detected intensity level. .

A musical tone generating apparatus according to claim 1 further comprising a tone color selection means for
selecting a desired one of a plurality of tone colors to be given to said musical tone to output data ropresseniative
of the selected tone coler, said first memory means storing said group of compressed waveform data with respect
to each of said plurality of tone colors, said first reading means being responsive to said data representative of
the selected tone color to read the group of comprassed waveform data corresponding 10-said selected tone color
data from said first memory means.

8. A waveform data processing system for a musical 1one generating apparatus characterized by the provision of:

(1) dividing means for dividing a waveform of a musical tone, represented by a series of sample values of an
amplitude of said musical tone, into a plurality of frames arranged in terms of time; and

(2) predictive coefficient calculating means for caiculating, with respect to each frame, a predictive coefficient
from the sample values of said each frame, each of the pradictive coefficients being for use in a predictive
operation to be sffscted on the sample valuss of a respective one of said piurality of frames to cakulate
predicted values of said samplie values, said predicted vaiues representing an approximated waveform of said
waveform.

9. 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 cbtained by compress-
ing a series of waveform data representative of instantanecus values of a waveform of a musical tone by a
predictive coding method;

- (2) coefficiont generating means for generating predictive coefficient data representative of a predictive coef-

ficient of a first predictive operation to be used in said predictive coding method, said predictive coefficient
data varying in accordance with a lapse of time; and

(3) wavetorm data reproducing means for reproducing said series of waveform data from said compressed
waveform data by effecting a second predictive operation on said compressed waveform data using said
predictive coefficient data, said second predictive operation being related with said first predictive operation.

* [ L M s *
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MUSICAL TONE GENERATING APPARATUS
ABSTRACT OF THE DISCLOSURE

A musical tone generating apparatus utilizing a data compression method is
disclosed. A musical tone is sampled and is converted into waveform data (S(n)). These
waveform data (S(n)) are compressed data (C(n) by a linear predicﬁve_goding 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, 2 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 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
mpeatediy 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.

FIGURE 1.
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