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[57] ABSTRACT 
A frequency number corresponding to the frequency of 
a tone intended to be sounded is accumulated in an 
accumulator at every calculation timing of a constant 
interval to produce values progressing at a rate corre 
sponding to the tone frequency. At this rate, waveform 
amplitude value samples are sequentially produced one 
after another in a tone producing section using the out 
put of the accumulator as phase angle data. A reset 
circuit is provided in connection with the accumulator 
and this circuit functions to compulsorily reset the pro 
gressing values in the accumulator to its initial value in 
response to a carry out signal generated at the calcula 
tion timing when the phase angle data has reached its 
predetermined modulo value. Thus the period of 
progress of the phase angle data is harmonized with the 
calculation timing, i.e., the sampling timing. As a result. 
the frequency of a tone waveform signal, whatever it 
may be, can be harmonized with the sampling fre 
quency while the interval of the respective sampling 
timing is maintained constant. 

17 Claims, 6 Drawing Sheets 
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ELECTRONIC MUSICAL INSTRUMENT 
FORMING TONE WAVEFORMS 

Matter enclosed in heavy brackets [ ] appears in the 
original patent hut forms no part of this reissue speci?ca 
tlon; matter printed in italics indicates the additions made 
by reissue. 

This is a continuation of reissue application Ser. No. 
786, 640. ?led Oct. I I. I 985, now abandoned. 

BACKGROUND OF THE INVENTION 

This invention relates to an electronic musical instru 
ment constructing tone waveforms by sequentially 
aligning wave samples in which a sampling frequency is 
harmonized with the tone frequency. 

In an electronic musical instrument of a digital pro 
cessing type, a tone waveform is formed by sequentially 
aligning amplitude samples of a tone waveform at a 
constant sampling interval. The following two systems 
have heretofore been practiced as the musical tone 
forming system by sampling (aligning samples): One is 
to perform sampling with a constant sampling fre 
quency regardless of the frequency of a tone to be 
formed and the other is to have the sampling frequency 
synchronized with the frequency of the tone to be 
formed. In the former system the ratio between the tone 
frequency and the sampling frequency is generally no 
ninteger and therefor an aliasing noise which is not 
harmonized with the tone frequency is produced as will 
be apparent from the sampling theory. For this reason, 
this system requires a device for reducing the aliasing 
noise and the musical instrument as a whole becomes 
larger. On the other hand, this system has the advantage 
that a time sharing operation can be realized owing to 
the constant sampling frequency, Le, a single system of 
the apparatus can be used on a time shared basis for 
sampling a plurality of tone waveforms of different 
pitches and the device for forming tones thereby can be 
economized. In the latter system, the tone frequency is 
harmonized with the sampling frequency and, accord 
ingly, frequency-related components are also harmo 
nized with the tone frequency and no aliasing noise is 
produced. The latter system therefore has the advan 
tage that no particular device is necessary for reducing 
the aliasing noise. Since, however, different sampling 
frequencies must be used for tones of different pitches, 
the latter system is incapable of forming tones by the 
time sharing operation. The latter system therefore 
requires parallel provision of a plurality of tone forming 
system in the same number as a maximum number of 
tones to be produced simultaneously and this necessi 
tates an apparatus of a large scale. 

SUMMARY OF THE INVENTION 

It is, therefore, an object of the present invention to 
provide an electronic musical instrument in which the 
aliasing noise is removed by harmonizing the tone fre 
quency with the sampling frequency and simulta 
neously forming of a plurality of tones on a time shared 
basis can be realized. This object can be achieved by an 
electronical musical instrument which comprises a 
phase angle data generator for generating a phase angle 
data signal which exhibits a value timewisely progres 
sing, at every predetermined sampling timing of a con 
stant interval, from a first value to a second value, at a 
rate corresponding to the frequency of a tone intended 
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2 
to be sounded and a reset circuit for resetting the pro 
gressing value of the phase angle data signal to the first 
value at every sampling timing when the data reaches 
the second value, a tone waveform of the tone to be 
sounded being sampled by this phase angle data. The 
value of the phase angle data progresses at a constant 
rate excepting at a resetting sampling timing. Accord 
ingly, the value of the phase angle data repeatedly pro 
gresses from the ?rst value to the second value, one 
cycle being an interval of time from resetting to next 
resetting. Since the resetting is made in synchronization 
with a certain sampling timing, the repeating cycle of 
the phase angle data is synchronized with the sampling 
timing. In other words, ratio of the repeating frequency 
of the phase angle data and the sampling frequency is an 
integer ratio. As a result, the frequency of a tone formed 
by sampling corresponding to the phase angle data is 
harmonized with the sampling frequency and the alias 
ing noise thereby in removed. Besides, since the interval 
of the sampling timings is constant irrespective of the 
frequency of a tone to be formed. a plurality of tones 
can be formed simultaneously on a time shared basis. A 
condition for readily carrying out the simultaneous 
forming of a plurality of tones on a time shared basis is 
that a repeating frequency of each individual time divi 
sion channel timing is constant, i.e., the interval of sam 
pling timing of the time shared channels is constant. The 
present invention in which the interval of the sampling 
timing can be made constant irrespective of the fre 
quency of the tone to be formed can satisfy this condi 
tion. In the foregoing manner, both removal of the 
aliasing noise and simultaneous forming of plural tones 
on a time shared basis can be achieved with a relatively 
simple construction. thereby contributing to more com 
pact design of the instrument and saving of manufactur~ 
ing cost. 
At a sampling timing at which the phase angle data is 

compulsorily reset, the rate of progressing of the phase 
angle data is different from the rate at other sampling 
timings. This difference occurs because the phase angle 
data which would have reached a different phase value 
is compulsorily reset to a predetermined phase value 
corresponding to the ?rst value. For this reason, there is 
produced a difference in the progression rate of the 
phase at the particular sampling timing resulting in 
difference in the tone frequency and distortion of the 
tone waveform. This adverse effect, however, can be 
alleviated to such a degree as will not practically cause 
a problem by increasing the sampling frequency. 

It is another object of the invention to provide a 
device which can increase the sampling frequency even 
in a case where the electronic musical instrument em 
ploys a tone producing device in which a high speed 
operation is difficult. This object is achieved by con 
verting a phase angle data signal generated in synchro 
nism with a high speed sampling timing to a phase angle 
data signal of a low speed sampling timing, producing 
tone waveform amplitude data based on the low speed 
phase angle data signal and reconverting this tone 
waveform amplitude data to data of a high speed sam 
pling timing. The phase angle data signal generated at 
the high speed sampling timing is periodically reset in 
synchronism with the sampling timing as was previ 
ously described, the repeating frequency of the phase 
angle data being harmonized with the high speed sam 
pling frequency. The tone waveform amplitude data is 
resampled at every sampling timing at which the phase 
angle data signal harmonized with the high speed sam 
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pling frequency progresses to a predetermined phase 
state and the frequency of a tone established by this tone 
waveform amplitude data thereby is accurately harmo 
nized with the sampling frequency. 

BRIEF DESCRIPTION OF THE DRAWINGS 

In the accompanying drawings, 
FIG. 1 is a block diagram showing an entire construc 

tion of an embodiment of the electronic musical instru 
ment made according to the invention; 
FIG. 2 is a time chart showing time division channel 

timings and various control signals in FIG. 1; 
FIG. 3 is a block diagram showing an example of an 

accumulator for generating phase angle data in FIG. 1; 
FIG. 4 is a time chart for illustrating the operation of 

the accumulator shown in FIG. 3; 
FIG. 5 is a block diagram showing an entire construc 

tion of another embodiment of the electronic musical 
instrument made according to the invention; 
FIG. 6 is a time chart illustrating the operation of an 

accumulator for generating phase angle data in the 
embodiment shown in FIG. 5; 
FIG. 7 is a time chart for illustrating a low speed 

channel timing conversion performed in the same em 
bodiment; 
FIG. 8 is a block diagram showing an example of a 

tone producing section in the same embodiment; and 
FIG. 9 is a time chart for illustrating the operation of 

the tone producing section shown in FIG. 8. 

PREFERRED EMBODIMENTS OF THE 
INVENTION 

Referring ?rst to FIG. 1, a depressed key detector 12 
detects a key or keys being depressed in keyboard 11 
and supplies for each of the keys being depressed data 
representing the depressed key to a key assigner 13. The 
tey assigner 13 assigns sounding of tone of the de 
Jressed key to one of tone generation channels and 
Jutputs, responsive to the timing of the particular chan 
iel and on a time shared basis, a key code KC of plural 
iits representing the key having been assigned to the 
articular channel and a key-on signal KON of one bit 
'epresenting whether the key is still being depressed or 
las been released. The time division timings of the re 
pective channels are formed in synchronism with a 
ystem clock pulse 410. Relationship between the system 
:lock pulse on and time division order or timings of 
espective channels is shown in FIG. 2. In this example, 
he eight channels are employed. 
The key code KC outputted from the key assigner 13 

I applied to a frequency number table 14. The fre 
uency number table 14 prestores constants proportion 
te to tone frequencies of respective keys, i.e., constants 
orresponding to phase progress per unit time (hereinaf 
rr referred to as “frequency number"). The frequency 
umber table 14 provides a frequency number F corre 
aonding to the key code KC which is applied thereto 
I an address signal. Accordingly, frequency numbers F 
ir the depressed keys having been assigned to the re 
iective channels are read from the table 14 on a time 
tared basis. These frequency numbers F are applied to 
1 accumulator 15. 
The accumulator l5 repeatedly calculates the fre 
iency number F of the same channel at a regular time 
terval (either addition or subtraction, assuming that 
ldition is made in the example to be described below) 
id outputs, for each of the channels, phase angle data 
F‘ as a result of the calculation. The reference charac 
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4 
ter q denotes an integer representing the number of the 
repetition which changes like I, 2, 3 . . . with lapse of the 
regular calculation time. The accumulator 15 is of a 
certain modulo (e.g. M) corresponding to a phase angle 
21:‘ so that the phase angle data qF' repeats the change 
up to this modulo number M which constitute a maxi 
mum value. 

When, generally speaking, an accumulated value (qF) 
of an accumulator of modulo M has exceeded the mod 
ulo number M, i.e., the result of calculation has over 
?own, the value left in the accumulator is a valve ob 
tained by subtracting the modulo number M from the 
accumulated value (qF), i.e., a value qF which is of a 
less signi?cant digit than the modulo number M. In a 
next calculation timing, the frequency number F is 
added to this left-ov‘er value (qF) which is fractional 
value short of F. As a result, the repeating frequency of 
the accumulated value (qF) becomes equal to the fre 
quency represented by the frequency number F. 0n the 
other hand, the repeating frequency of the accumulated 
value (qF) becomes irrelevant (unharmonic) to the re 
peating frequency of the regular calculation timing (i.e., 
sampling frequency). Accordingly, the repeating fre 
quency of the phase angle data qF' obtained by the 
accumulator 15 in FIG. 1 is generally equal to the fre 
quency represented by the frequency number F and is 
not harmonized with the sampling frequency. Accord 
ing to the present invention, however, the repeating 
frequency of the phase angle data qF‘ actually obtained 
is harmonized with the sampling frequency by employ 
ing an arrangement according to which a value left over 
when the result of the calculation has overflown is 
compulsorily reset. To this end, an arrangement is made 
so as to apply a carry out signal CA of the accumulator 
15 to a reset input (RST) of the accumulator 15 through 
a line 60. The carry out signal CA is a signal generated 
when the result of the calculation of the accumulator 15 
has over?own. 
An example of the accumulator 15 is shown in FIG. 

3. The accumulator shown in FIG. 3 includes a shift 
register 16 and an adder 17 and cumulatively adds. for 
each channel. the frequency number F on a time shared 
basis. The shift register 16 has eight stages correspond 
ing to the number of channels and is shift controlled by 
the system clock pulse (1)0. This shift register 16 memo 
rizes the accumulated result, i.e., the phase angle data 
qF‘, for each channel. The data qF" for the respective 
channels is outputted from the final stage on a time 
shared basis. The output qF' of the shift register 16 is 
fed back to one input of the adder 17. The adder 17 
receives at another input thereof the frequency number 
F read from the frequency number table 14 on a time 
shared basis. The channel timing of a preceding result of 
accumulation of the phase angle data qF" and that of 
the frequency number F applied to the adder 17 are in 
synchronism with each other so that the frequency 
number F of the same channel is repeatedly added. 
Time interval of this repeated addition is one cycle of 
the time division channel timings, i.e., eight cycles of 
the system clock pulse (130. 
The output of the adder 17 is applied to the shift 

register 16 through a gate 18. To an enable input (EN) 
of the gate 18 is applied a signal obtained by inverting 
the carry out signal CA of the adder by an inverter 19. 
The carry out signal CA is normally “0" so that the gate 
18 is enabled by the output signal “1" of the inverter 19 
and the output of the adder 17 is applied to the shift 
register 16 through the gate 18. Upon over?owing of 
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the result of addition in the adder 17 at a certain channel 
timing, the carry out signal CA is turned to "l" and the 
gate 18 is disabled by the output signal "0” of the in 
verter 19. At this time, fractions left by the over?owing 
are outputted from the adder 17 but this output is inhib 
ited by the gate 18 and not applied to the shift register 
16. In this manner, the result of the accumulated value, 
i.e., the phase angle data qF‘I is cleared in the carry out 
signal CA (i.e., reset to phase 0). 
By this arrangement, a timing at which the phase 

angle data qF‘ returns to the phase 0 is accurately syn 
chronized with the timing of the system clock pulse (in). 
Since the repeating period of the phase angle data qF' 
(a period from the phase 0 to a next phase 0) is an inte 
ger multiple of the system clock pulse (in, the frequen 
cies of the phase angle data qF' and the system clock 
pulses tbo are harmonized with each other. 
The phase angle data qF" of each channel outputted 

from the accumulator 15 on a time shared basis is ap 
plied to the tone producing section 20. The tone pro 
ducing section 20 produces tone waveform sample 
point amplitude data MW on a time shared basis in re 
sponse to the phase angle data qF". The tone producing 
section 20 is composed, e.g., of a tone waveform mem 
ory prestoring a tone waveform and tone waveform 
sample point amplitude data corresponding to a phase 
angle represented by the phase angle data qF“l is read 
from the tone waveform memory. The tone producing 
section 20 is not limited to a tone waveform memory 
but may be any construction so long as it is capable of 
producing a tone signal whose frequency is determined 
by the progressing phase angle data qF“. It will be appre 
ciated that the tone generation system generates tones in a 
time shared manner with respect to other tones including 
non-harmonically related tones. 
The tone waveform sample point amplitude data MW 

for each channel outputted from the tone producing 
section 20 is applied to a multiplier 21 where it is multi 
plied with envelope shape data EV provided by an 
envelope generator 22. The envelope generator 22 pro 
duces, on a time shared basis, the envelope ‘shape data 
EV for each channel which realizes tone sounding char 
acteristics such as attack,‘ sustain and decay in response 
to the key-on signal ICON of each channel. In the multi 
plier 21, the tone waveform sample point amplitude 
data MW and the envelope shape data EV of the same 
channel are multiplied with each other. The tone wave 
form sample point amplitude data (MW.EV) having 
been controlled in envelope and outputted from the 
multiplier 21 is applied to an accumulator 23. The accu 
mulator 23 is a circuit for summing the tone waveform 
sample point amplitude data for ‘the respective channels 
in one sample period (eight channel times) into one 
combined sample, and is entirely different from the 
previously described accumulator 15. This accumulator 
23 receives an addition timing signal ACC and a clear 
signal CLR which are generated in the manner shown 
in FIG. 2. The addition timing signal ACC is repeatedly 
generated at a second half of the time division time slots 
for the respective channels. The tone waveform sample 
point amplitude data for the respective channels pro 
vided from the multiplier 21 are successively accumu 
lated at the timing of this signal ACC. 
The output of the accumulator 23 is applied to a 

register 24. The register 24 receives also a load signal 
LOAD which rises, as shown in FIG. 2, after rising of 
the signal ACC at the second half of the time slot of the 
channel 8. Accordingly, upon accumulation of the tone 
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6 
waveform sample point amplitude data for all of the 
channels 1-8 by the accumulator 23, the register 24 is 
charged to a load mode by the load signal LOAD and 
the output of the accumulator 23, i.e., the sum of the 
tone waveform sample point amplitude data for all of 
the channels 1-8 during one sample period, is loaded to 
the register 24. At the beginning of the time slot for the 
channel 1 following immediately thereafter, the clear 
signal CLR builds up to clear the constants of the accu 
mulator 23. 
The sum of the tone waveform sample point ampli 

tude data for all the channels held in the register 24 is 
converted to an analog signal by a digital-to-analog 
converter 25 and thereafter supplied to a sound system 
26. 
An example of the phase angle data qF‘ outputted 

from the accumulator 15 is shown in FIG. 4 with re‘ 
spect to a single channel. Although the waves appear 
intermittently they are depicted continuous for sake of 
simplicity. In FIG. 4, 8 (be denotes a calculation timing 
of the frequency number F for a single channel and has 
a period of eight times as long as that of the system 
clock pulse dig. CA in FIG. 4 denotes a timing at which 
the carry out signal CA is produced from the accumula 
tor 15. As the frequency number F is cumulatively 
added one after another at each calculation timing 8 (b0, 
the phase angle data qF‘ increases at a rate correspond 
ing to the value of F. When the added value of the phase 
angle data qF" in the adder 17 has exceeded the maxi 
mum value MAX of the adder 17, the carry out signal 
CA is generated. Since the data qF“ of the correspond 
ing channel of the accumulator 15 (i.e. in the shift regis 
ter 16 is immediately reset by this carry out signal CA, 
the data qF‘l is reduced to the minimum value MIN 
(corresponding to the predetermined phase, e.g., phase 
0). This MIN may preferably be set as zero. Alterna 
tively stated, the fractions (the residue value as is minus 
F) which were to be left as the phase angle data qF“ in 
the accumulator 15 when the phase angle data qF' 
overflow are discarded and this data qF“ is reset com 
pulsorily to the minimum value MIN (i.e., 0). Accord 
ingly, the phase angle data qF' starts increasing always 
from the same value (e.g., the minimum value MIN). As 
a result, the value of the phase angle data qF“ (i.e., 
phase angle) successively obtained in synchronism with 
the calculation timing 84:0 in one cycle of the repeating 
cycle of the phase angle data qF' remains the same in 
any cycle. The synchronization of the repeating timing 
of the same phase value with the calculation timing 8 
dag means that ratio of the repeating frequency of the 
phase angle data qF‘, i.e., frequency of a tone signal 
generated in response to this data qF‘, to the frequency 
of the calculation timing 8 dig, i.e., the sampling fre 
quency, is an integer, i.e. . . . , the two frequencies are 

harmonized with each other. 
In the space of the phase angle data qF' of FIG. 4, 

phase angle data (qF) which is not reset by the carry out 
signal CA is indicated by a broken line in contrast with 
the phase angle data qF' indicated by a solid line. As 
will be apparent from comparison of the two data, the 
phase angle data qF" which is reset by the carry out 
signal CA has a slightly longer repeating period than 
the phase angle data (qF) which is not reset. This is 
because the phase angle data (qF) which is not reset 
always changes progresses at a constant rate corre 
sponding to the frequency number F whereas the phase 
angle data qF‘ which is reset changes at a constant rate 
corresponding to the frequency number F‘ at calculation 
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timings at which the carry out signal CA is not pro 
duced but not at a constant rate at a calculation timing 
at which the carry out signal CA is produced, for, at 
this calculation timing, a smaller value than the fre 
quency number F is actually added due to discarding of 
fractions. 
The repeating frequency of the phase angle data (qF) 

which is not reset corresponds to a regular (normal) 
tone frequency designated by the frequency number F, 
whereas the repeating frequency of the phase angle data 
qF‘ provided according to the present invention is 
slightly deviated from the regular tone frequency. The 
phase angle data qF“ increases at a constant regular rate 
at calculation timings at which the carry out signal CA 
is not produced and at a smaller rate at the calculation 
timing at which the carry out signal CA is produced 
(Le, a smaller value than F is added). Accordingly, the 
phase progress rate becomes slower at the sampling 
timing at which the carry out signal CA is produced 
:han at other sampling timings and the waveform there 
t‘ore is distorted to that extent. For illustrating this 
Joint, an example of the tone signal (tone waveform 
iample point amplitude data) MW produced by the tone 
iroducing section 20 in response to the phase angle data 
1F‘ is shown by a solid line in FIG. 4. This is a tone 
waveform which is read out when the tone producing 
ection 20 is composed of a sinusoid memory. The tone 
ignal MW actually is a stepped amplitude variation 
Ivith the sampling timing being taken as a unit, but FIG. 
I illustrates a smoothed amplitude variation for ready 
mderstanding of the distortion in the waveform. 
As will be apparent from FIG. 4, delay in the phase 

irogress takes place in the tone signal MW at the sam 
lling timing at which the phase angle data qF“ is com 
iulsorily reset to the phase 0 by the carry out signal CA 
nd this causes the slight distortion in the waveform. 
"or the sake of comparison, a distortionless sine wave 
ignal obtained in accordance with the phase angle data 
1F) of a constant rate is shown by a broken line in the 
pace designated as MW in FIG. 4. 
It should be noted that FIG. 4 depicts the distortion 

| the waveform in a somewhat exaggerated from for 
My understahding of the features of the phase angle 
ata qF' and the tone waveform MW provided by the 
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resent invention and that the difference in frequency 45 
ad the distortion in the waveform can be held at a 
:gree which has practically no adverse effect. The 
'equency difference and the waveform distortion in the 
-aveform are produced by discarding fractions (i.e. 
alue short of the frequency number F left in the calcu 
tor 15 at the timing of generation of the carry out 
gnal CA) and, accordingly, magnitudes of the fre 
iency difference and the waveform distortion become 
reater as this discarded value increases. Accordingly, 
|e discarded value at the timing of generation of the 
try out signal CA should be as small as possible. For 
.is purpose, the frequency of the system clock pulse ¢0 
lOllld be set at the highest possible value to shorten the 
mpling period (i.e., calculation timing 8 dig) and, in 

50 
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cordance therewith, the frequency number F should 60 
2 held at the minimum possible value. 
In the above described embodiment, the contents of 
e accumulator 15 are reset to the minimum value MIN 
hen the contents have overflown (i.e., have exceeded 
e maximum value MAX). The construction of the 65 
cumulator 15, however, is not limited to this but an 
rangement may be made so that the fact that the con 
its of the accumulator 15 have exceeded a predeter 

mined value is detected, and, responsive to this detec 
tion. the accumulator 15 is reset to a value correspond 
ing to a predetermined phase. Alternatively, the accu 
mulator 15 may be reset to a preset value which is 
slightly larger than the minimum value MIN (but not 
greater than the frequency number F) when the con 
tents of the accumulator 15 have overflown. 
As has been previously described, the frequency of 

the system clock pulse (be is required to be as high as 
possible for holding the frequency difference and wave 
form distortion at a minimum. This requires a higher 
rate of time division channel timings and the tone pro 
ducing section must be of a high speed operation type. 
A high speed operation is feasible in a construction by 
which the tone wavefonn amplitude data is simply read 
from a tone waveform memory but such high speed 
operation is difficult depending upon a tone producing 
system employed in the time producing section 20. For 
example, such high speed operation will be difficult in 
case a tone is to be produced by frequency modulation 
calculation. If a tone producing system is employed in 
which a high speed operation is not possible, channel 
timing speed high/low converters 28 and 29 which 
convert the rate of the time division channel timings to 
a low rate are provided at the input side of a tone pro- ‘ 
ducing section 27 and a channel timing speed low/high 
converter 30 which converts the rate to a high one is 
provided at the output signal of the tone producing 
section 27. 

In FIG. 5, keyboard 11, depressed key detector 12, 
key assigner 13, envelope generator 22, accumulator 23, 
register 24, digital-to-analog converter 25 and sound 
system 26 perform the same functions as those desig 
nated by the same reference numerals in FIG. 1. Con 
structions of a frequency number table 31 and an accu 
mulator 32 for generating the phase angle data qF‘ are 
somewhat different from those (14, 15) in FIG. 1. It is 
however possible to use the frequency number table 14 
and the accumulator 15 shown in FIG. 1 in the circuit of 
FIG. 5 and, conversely, to use the frequency number 
table 31 and the accumulator 32 shown in FIG. 5 in the 
circuit of FIG. 1. 
The frequency number table 31 is composed of a note 

table 31A and an octave table 213. The note table 31A 
prestores note frequency numbers F corresponding to 
twelve note names C, C#, . . . A#, B within one octave. 
A note code which is a portion representing a note in 
the key code KC is applied to the note table 31A as an 
address input and a note frequency number F4 corre 
sponding to the note code NC is read from the note 
table 31A. The octave table 31B prestores octave fre 
quency numbers F3 representing ratios of frequencies 
between respective octaves. An octave code OC which 
is a portion representing an octave in the key code KC 
is applied to the octave table 318 as an address input 
and an octave frequency number F3 corresponding to 
the octave is read from the octave table 31B. By divid 
ing the frequency number table 31 into the note table 
31A and the octave table 31B, a required capacity of the 
memory can be reduced. The memory capacity of the 
note table 31A is 12 addresses and that of the octave 
table 318 is addresses corresponding to the number of 
octaves (i.e. about 4 to 8) totally about 20 addresses. In 
contrast thereto, the frequency number table 14 in FIG. 
1 must store frequency numbers F for all of the keys in 
the keyboard 11 and therefore requires address of the 
same number as the number of the keys. 
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The accumulator 32 includes a note accumulator 32A 
for accumulating the note frequency numbers F ,4 and an 
octave accumulator 328 for accumulating the octave 
frequency number F3. The note accumulator 32A has 8 
stages corresponding to the number of channels and 
includes a shift register 33 which is shift controlled in 
synchronism with channel timings by the system clock 
pulse $0, an adder 34 for adding the output of this shift 
register 33 and the note frequency number FA together, 
and a gate 35 for applying the output of the adder 34 to 
the shift register 33. The note accumulator 32A accu 
mulates the note frequency numbers FA of the respec 
tive channels by the same channel on a time shared 
basis. Each time the result of addition in the adder 34 
has overflown, a carry out signal CA1 is produced. 
The carry out signal CA1 of the note accumulator 

32A is applied to an enable input (EN) of a gate 36 for 
the octave accumulator 323. To the gate 36 is applied 
the octave frequency number F3. The octave frequency 
numbers F3 read from the table 318 on a time shared 
basis at the respective channel timings are gated out of 
the gate 36 and applied to an adder 37 only when the 
carry out signal CA1 has been produced by the note 
accumulator 32A at their channel timings. The octave 
accumulator 328 includes, besides the gate 36 and the 
adder 37, a shift register 38 which has 8 stages corre 
sponding to the number of channels and is shift con 
trolled by the system clock pulse (in). The output of the 
adder 37 is applied to the shift register 38 and the output 
of the shift register 38, in turn, is applied to the other 
input of the adder 37. Accordingly, the octave fre 
quency number F3 of a certain channel which has been 
gated out of the gate 36 is added with a preceding result 
of addition of the same channel. 

In the note accumulator 32A, the note frequency 
number F3 are repeatedly added each time their chan 
nel timings have completed one cycle (i.e., every calcu 
lation timing 8 on having an interval of 8 periods of the 
system clock pulse duo). As a result, the carry out signal 
CA1 is repeatedly generated at a rate corresponding to 
the magnitude of the note frequency number P3. In the 
other accumulator 328, the octave frequency numbers 
F3 corresponding to the channel at which the carry out 
signal CA1 has been produced are accumulated each 
time the carry out signal CA1 has been produced by the 
note accumulator 32A. Since the octave frequency 
numbers F3are values representing the ratio of frequen 
cies between the respective octaves and the carry out 
signal CA1 is repeatedly generated at a rate correspond 
ing to the note frequency, the contents of the octave 
accumulator 32B obtained by accumulator the octave 
frequency numbers F3 each time the carry out signal 
CA1 has been produced correspond to the tone fre~ 
quency of the key represented by the key code KC. 
When the result of the accumulation in the octave 

accumulator 3213 has exceeded a predetermined mod 
ulo, i.e., when the adder 37 has overflown, a carry out 
signal CA2 is produced. This carry out signal CA2 is 
equivalent to the carry out signal CA in FIG. I, repre 
senting completion of one cycle of the tone waveform. 
Both the note accumulator 32A and the octave accumu 
lator 32B are reset by this carry out signal CA2 through 
a line 61. The resetting of the note accumulator 32A is 
effected by disabling the gate 35 by a signal "0” ob 
tained by inverting the carry out signal “CA2" by an 
inverter 39. The resetting of the octave accumulator 
32B is generally effected by inhibiting the output of the 
adder 37 (i.e., by providing a gate similar to the gate 35) 
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10 
but no resetting operation is required in a case where 
the ratio of modulo of the octave frequency number F3 
and that of the adder 37 is made an integer ratio. Since 
the octave frequency numbers F3 express frequency 
ratios between the octaves (l, 2. 4, 8, 16), they can all be 
expressed in integer ratios. Accordingly, the ratios be 
tween all of the octave frequency numbers F3 and the 
modulo of the adder 37 can be made integer ratios. If 
such integer ratios are realized, an integer multiple of 
the octave frequency number F3 becomes equal to the 
modulo of the adder 37 so that the output of the adder 
37 becomes “0" when the carry out signal CA2 has been 
produced. For this reason, resetting of the octave accu 
mulator 32B by the carry out signal CA2 is unnecessary. 
It is, however, actually not possible to turn the ratios of 
all of the tone frequency numbers FA and the modulo of 
the accumulator 32A into integer ratios and, accord 
ingly, the resetting of the note accumulator 32A by the 
carry out signal CA2 is necessary. 

In the above described manner, the accumulator 32 
consisting of the note accumulator 32A and the octave 
accumulator 328 performs substantially the same opera 
tion as the accumulator 15 shown in FIG. 1 outputting 
phase angle data qF“. In other words, the output of the 
accumulator 32B is phase angle data qF‘ which is 
equivalent to the output of the accumulator 15 in FIG. 
1. By the resetting control of the accumulators 32A and 
323 by the carry out signal CA2, the repeating fre 
quency of this phase angle data qF‘ is harmonized with 
the time division calculation timings, i.e., the sampling 
frequency. 
An example of a state of the note accumulator 32A 

with respect to one channel is shown in the space desig 
nated qFA in FIG. 6. In FIG. 6, 8 4m designates, as in 
FIG. 4, the calculation timing (a period of eight times of 
the period of system clock pulse the). An example of a 
state of the octave accumulator 32B is shown in the 
space designated qF3 (qF‘) in FIG. 6. For the conve 
nience of illustration. a part of the time scale is shown in 
a diminished scale. ‘As will be apparent from the ?gure, 
each time the state qFA of the note accumulator 32A has 
over?own and the carry out signal CA1 has been pro 
duced, the octave frequency number F3 is accumulated 
in the octave accumulator 32B. Upon generation of the 
carry out signal CA2 from the accumulator 3213. the 
accumulators 32A and 32B are reset. In the spaced 
designated MW in FIG. 6, a sine wave amplitude sam‘ 
pled in accordance with the state of the octave accumu 
lator 32B, i.e., the phase angle data qF', is illustrated. 
Chain-and-dot lines in the spaced of qF3 and MW in 
FIG. 6 show states one octave higher. The value of the 
octave frequency number F3 one octave higher is dou 
ble that of the frequency number F3 of the lower oc 
tave. Accordingly, the state qF3 of the accumulator 
32B shown by the chain-and-dot line increases at a 
double rate of the state qF 3 shown by the solid line. As 
a result, the sine wave sampled in the manner shown by 
the chain-and-dot line in the space MW in FIG. 6 is of 
a frequency which is double that of the sine wave sam 
pled in the manner shown by the solid line, i.e., one 
octave higher. 

In FIG. 5, the phase angle data qF" outputted by the 
accumulator 32 is applied to a channel timing speed 
high/low converter 28. This converter 28 is a circuit for 
converting the time division timings of the phase angle 
data qF‘ of the respective channels from a high speed 
channel timing synchronized with the system clock 
pulse 410 to a low speed channel timing. In this channel 
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timing speed high/low converter 28, a processing is 
made for converting 8 cycles of the high speed channel 
timing to 1 cycle of the low speed channel timing. Re 
spective cycles CY1-CY8 of the high speed channel 
timing corresponding to l cycle of the low speed chan 
nel timing converting process are illustrated in FIG. 7. 
The phase angle data qF' of the respective channels 

outputted from the accumulator 32 in synchronism with 
the high speed channel timings 1-8 (FIG. 7) are applied 
to input (A) of a register 40 and a selector 4]. To a load 
control input of the register 40 is applied a load pulse 
L1. The load pulse L1 is a signal which, as shown in 
FIG. 7, rise to "1" respectively at the end of the high 
speed channel timing 1 in the high speed cycle CY], at 
the end of the channel timing 2 in the cycle CYZ, at the 
end of the channel timing 3 in the cycle CY3, at the end 
of the channel timing 4 in the cycle CY4, at the end of 
the channel timing 5 in the cycle CYS, at the end of the 
channel timing 7 in the cycle CY6, and at the end of the 
channel timing 8 in the cycle CY7. Interval of rising of 
the load pulse L1 is 10 time slots between the cycles cy5 
and CY6 and is 9 time slots in other cycles. The register 
40 has the phase angle data qF' loaded therein upon 
rising of the load pulse L1 to “l". Accordingly, the 
channel of the phase angle data (qF') outputted from 
the register 40 is as shown in the space of (R1) in FIG. 
1. This output (R1) of the register 40 is applied to the 
other input (B) of the selector 4!. 
The selector 41 receives, at its selection control input, 

a select pulse S1 which, as shown in FIG. 7, rises to "1” 
at the high speed channel timing 6 of the high speed 
cycle CY6. The selector 41 selects the phase angle data 
qF' applied to the input (A) when the select pulse S1 is 
"l" and selects the output (R1) of the register 40 applied 
to the input (B) when the select pulse S1 is “0". Accord 
ingly, the channel of the phase angle data (qF‘) output 
ted from the selector 41 becomes as shown in the space 
designated SEL 1 in FIG. 7. The output (SEL 1) of the 
selector 41 is applied to a register 42. The register 42 
receives, at its load control input, a load pulse L2. As 
shown in FIG. 7, the load pulse L2 is a pulse which rises 
to "1” at the end of the high speed channel timing 6 in 
mob of the cycles CYl-CY8. The register 42 has the 
)utput (SE1. 1) of the selector 41 loaded therein when 
:he load pulse L2 has risen to "1”. Accordingly, the 
:hannel timing 6 in the cycles CY1, CY2, CY3, CY4 
ind CYS whereas at the channel timing 6 in the cycle 
3Y6, the phase angle data (qF') of the channel 6 out 
mtted from the accumulator 32 is loaded in the register 
l2. At the channel timing 6 in the cycles CY7 and C8, 
he phase angle data (qF') of the channel 7 and 8 stored 
n the register 40 are loaded in the register 42. Accord 
ngly, the channel of the phase angle data (qF‘) output 
ed from the register 42 becomes as shown in the space 
R2) in FIG. 7. 
The output (R2) of the register 42 is applied to a tone 

Iroducing section 27 as phase angle data mt which has 
een changed to a low speed channel timing. Time 
vidth of one channel of this low speed channel timing is 
qua] to time width of one cycle of the high speed chan 
el timing as shown in (R2) in FIG. 7. 
Another channel timing speed high/low converter 29 

l a circuit for converting envelope shape data EV for 
ie respective channels produced on a time shared basis 
‘om the envelope generator 22 from a high speed chan 
el timing to a low speed channel timing. The converter 
9 includes a register 43, a selector 44 and a register 45 
Ihich perform the same functions as the register 40, the 
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selector 41 and the register 42 of the channel timing 
speed high/low converter 28. The envelope shape data 
EV of the respective channels applied to this channel 
timing speed high/low converter 29 are outputted from 
the register 45 after being changed to a low speed chan 
nel timing as shown in (R2) in FIG. 7. The output ofthe 
register 45 is supplied to the tone producing section 27 
as the envelope shape data E which has been time 
shared in accordance with the low speed channel tim 
ing. 
The tone producing section 27 performs frequency 

modulation calculation on the basis of the phase angle 
data wt which has been converted to low speed data and 
thereby generates tones waveform amplitude. 1'.e., wave 
shape samples data. An example of the tone producing 
section 27 capable of performing the frequency modula 
tion is shown in detail in FIG. 8. In FIG. 8, the follow 
ing frequency modulation calculation is conducted on a 
time shared basis by employing a single system of com 
putation circuit: 

e(t)=E sin (wH-l sin kmt) (I) 

where e(t) is a tone waveform amplitude obtained by 
the frequency modulation calculation, E an amplitude 
coefficient. i.e., envelope shape data, wt the phase angle 
of a carrier, l modulation index and knit the phase angle 
of a modulating wave. The phase angle data wt of the 
carrier corresponds to the phase angle data qF' output 
ted from the accumulator 32 (FIG. 5) and represents the 
fundamental frequency of the tone to be produced. k is 
a selected constant and kmt corresponds to a harmonic 
frequency of the tone to be produced. According to the 
above equation (1), many sidebands are produced on 
both sides of the harmonic frequency (kw) at interval of 
the fundamental frequency (w) and levels of these side 
bands are controlled by the modulation index I to pro 
duced a tone waveform having desired spectrum char 
acteristics. In FIG. 8, calculation of the term of the 
modulating wave (I sin kwt) is ?rst performed and then 
a solution of the entire equation is calculated by the 
computation circuit by utilizing the partial solution with 
respect to the term of the modulating wave (1 sin kmt). 

In FIG. 8, the phase angle data wt provided by the 
register 42 is supplied to a multiplier 46 and an input (B) 
of a selector 47. This phase angle data out maintains the 
same value during a period of time from the high speed 
channel timing 7 in a certain high speed cycle to the 
high speed channel timing 6 in a next high speed cycle. 
i.e., one low speed channel timing. One low speed chan 
nel timing is shown in an enlarged scale in FIG. 9. In the 
multiplier 46, the numerical value k which represents 
the order of a harmonic frequency to be used as the 
modulating wave is multiplied with the phase angle data 
wt to produce the phase angle data kmt of the modulat 
ing wave. This phase angle data ltmt is applied to an 
other input (A) of the selector 47. The selector 47 re 
ceives, at its selection control input, a select signal Sa 
which is turned to “1" in response to the high speed 
channel timing 1 as shown in FIG. 9. The selector 47 
selects the phase angle data ltmt of the modulating wave 
being applied to the input (A) when the select signal Sa 
is “l" and selects the phase angle data out of the carrier 
being applied to the input (B) when the select signal Sa 
is “0". 
The output of the selector 47 is applied to one input of 

an adder 48. To another input of the selector 47 is ap 
plied the output of a gate 49. A gate signal G1 which is 
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turned to "I" at the high speed channel timing 3 is 
applied to a control input of the gate 49 and the output 
of a register 50 is applied to the adder 48 when the gate 
signal G1 is "I". The output of the adder 48 is applied 
to a sinusoid table 51. The sinusoid table 51 prestores a 
sinusoidal function value in a logarithmic form and 
produces the sinusoidal function value with the output 
of the adder 48 being used as a phase angle address 
signal. The output of the sinusoidal table 51 is applied to 
a register 52. The register 52 receives, at its load control 
input, a load pulse La which, as shown in FIG. 9, rises 
to "1" respectively at the end of the high speed channel 
timing 1 and at the end of the high speed channel timing 
3. The register 52 has the output of the sinusoid table 51 
loaded therein when the load pulse La has risen to “l". 

Accordingly, it is at the end of the high speed channel 
timing 1 that the register 52 ?rst performs the loading of 
the output of the sinusoid table 51. Since at this time the 
selector 47 selects the phase angle data knit at the input 
(A) in response to the select signal Sa “1" and the gate 
signal G1 is "0", data supplied to the adder 48 is 0. 
Accordingly, the phase angle data kwt is outputted 
from the adder 48 and the sinusoidal function value log 
sin knit of the modulating wave is read from the sinusoid 
table 51 in a logarithmic form. This output of sinusoid 
table 51 is applied to a register 52. 
The output of the register 52 is applied to an adder 53. 

The adder 53 receives, at its another input, an output of 
a selector 54. The selector 54 receives, at its input (A), 
data representing the modulating index I and, at its 
input (B), envelope shape data E provided by the chan 
nel timing speed high/low converter 29 (FIG. 5). It is 
assumed that both data I and E are expressed in loga 
rithm, i.e., log I and log E. The selector 54 also receives, 
at its control input, a select signal Sb which, as shon in 
FIG. 9, rises to “1” at the high speed channel timing 2. 
The selector 54 selects the modulation index I (i.e., log 
I) at the input (A) when this select signal Sb is “1", and 
the envelope data E (i.e., log B) when the select signal 
Sb is "0”. The adder 53 substantially carries out linear 
multiplication by addition of the logarithmic values and 
provides its output to a logarithm/linear converter 55. 
The output of the logarithm/linear converter 55 is ap 
plied to the register 50. The register 50 receives, at its 
load control input, a load pulse Lb which, as shown in 
FIG. 9, 'rises to “1" respectively at the end of the high 
speed channel timings 2 and 4. The register 50 performs 
the loading of the output of the logarithm/linear con 
verter 55 when this load pulse Lb has risen to "I". 
When the load pulse Lb has risen to "l" at the end of 

the high speed channel timing 2, the sinusoidal function 
value (log sin knit) of the modulating wave having been 
loaded in the register 52 at the end of the high speed 
channel timing 1 is being outputted from the register 52 
and the modulation index I is being selected in the input 
(A) of the selector 54in response to the select signal Sb. 
Accordingly, the adder 53 carries out the calculation 

bog I+log sin kmt=log (.n'n knit) (2) 

and the logarithm/linear converter 55 outputs data (I 
sin knit) which is data obtained by converting the output 
log (1 sin knit) of the adder 53. Accordingly, product (I 
sin knit) of the modulating wave and the modulation 
index is loaded in the register 50 at the end of the high 
speed channel timing 2 as shown in (Rb) in FIG. 9. 
Upon turning of the gate signal G1 at the high speed 

channel timing 3, the modulating data (I sin knit) stored 
in the register 50 is applied to the adder 48 through the 
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gate 49. The select signal in the selector 47 at this time 
is "0" so that the phase angle data t in the input (B) is 
selected. Accordingly, the adder 48 carries out calcula 
tion 

nit+l sin knit (3) 

A sinusoidal function value is read from the sinusoid 
table 51 with the sum expected by the equation (3) being 
taken as the phase angle data. The sinusoidal function 
value is a frequency modulating signal log sin (nit+l sin 
knit) in a logarithmic form. This signal is loaded in the 
register 52 when the load pulse La has risen to "1” at 
the end of the high speed channel timing 3. 
At the high speed channel timing 4, the select signal 

Sb in the selector 54 has already been turned to "0” and 
the envelope waveform data (log E) in the input (8) has 
therefore been selected so that this data (log E) and the 
frequency modulating signal log sin (wt-i-I sin knit) are 
added together by the adder 53. As a result, the adder 
53 outputs a logarithmic expression log E sin (nit+l sin 
knit) of the product of the frequency modulating signal 
and the envelope shape data. This product is converted 
to a linear expression by the logarithm/linear converter 
55 and thereafter is loaded in the register 50 when the 
load pulse Lb has risen to “l" at the end of the high 
speed channel timing 4. As shown in (Rb) in FIG. 9, the 
register 50 outputs the tone waveform amplitude data 
e(t)+E sin (nit-H sin knit) of one channel during a 
period of time from the high speed channel timing 5 to 
the high speed channel timing 2 in a next high speed 
cycle. This output of the register 50 is applied to a regis 
ter 56 of a channel timing speed low/high converter 30 
(FIG. 5) as the output of the tone producing section 27. 
The channel timing speed low/high converter 30 is a 

circuit for converting the channel timing of the tone 
waveform amplitude data (waveshape samples) for the 
respective channels outputted on a time shared basis on 
a timeshared basis from the tone producing section 27. 
The register 56 receives, at its load control input, a load 
pulse L3 which, as shown in FIG. 7, rises to "l“ at the 
end of the high speed channel timing 8. The register 56 
receives the tone waveform amplitude data outputted 
from the tone producing section 27 (register 50 in FIG. 
8) when the load pulse L3 has risen to “1". There is a 
delay of about 6 time slots of the high speed channel 
timing between the low speed channel timing on the 
input side of the tone producing section 27 (refer to (R2) 
in FIG. 7 and (nit) in FIG. 9) and the channel timing on 
the output side thereof (refer to (Rb) in FIG. 9). Ac 
cordingly, by loading the tone waveform amplitude 
data of the respective channels in the register 56 at the 
end of the high speed channel timing 8 in response to 
the load pulse L3, the channel of the data outputted 
from this register 56 becomes (R3) shown in FIG. 7. In 
(R3) in FIG. 7, interval of one low speed channel timing 
corresponds to one cycle of the high speed channel 
timing. 
The output of the register 56 is applied to an input (A) 

of a selector 57. The output of the selector 57 is applied 
to an 8-stage shift register 58 which is shift controlled in 
synchronism with the high speed channel timing in 
response to the system clock pulse din. The output of the 
shift register 58 is fed back to another input (B) of the 
selector 57. The select signal S2 of the selector 57 is a 
signal which, as shown in FIG. 7, rises to “1" in the 
respective low speed channel timings shown in (R3) in 
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accordance with one high speed channel timing which 
is of the same number as the low speed channel timing. 
For example, when the tone waveform amplitude data 
of the low speed channel timing 8 is outputted from the 
register 56, the select signal S2 is turned to "l" in accor 
dance with the high speed channel timing 8 whereas 
when the tone waveform amplitude data of the low 
speed channel timing 1 is outputted, the select signal S2 
is turned to “1" in accordance with the high speed 
channel timing 1. The selector 57 selects the output of 
the register 56 applied to the input (A) when the select 
signal 52 is “1" and selects the output of the shift regis 
ter 58 applied to the input (B) when the select signal 52 
is "0". 

Accordingly, the tone waveform amplitude data of 
respective channels outputted on a time shared basis 
from the register 56 in response to the low speed chan 
nel timing ((R3) in FIG. 7) are loaded in the shift regis 
ter 58 through the input (A) of the selector 57 at corre 
sponding high speed channel timings. The tone wave 
form amplitude data (tie, "amplitude samples”) of the 
respective channels loaded in the shift register 58 are 
circulatingly held through the input (B) of the selector 
57. In the above described manner, the tone wavefonn 
data of the respective channels are outputted on a time 
shared basis from the register 58 in accordance with the 
high speed channel timings. Le. at a time division rate 
which is not synchronous with the pitches of tones to be 
generated. The output of the shift register 58 is applied 
to an input (A) of a selector 59. 
The output of the selector $9 is applied to an 8-stage 

shift register 60 which is shift controlled by the system 
clock pulse on and the output of this shift register 60 in 
turn is applied to another input (B) of the selector 59, 
The selector receives, at its control input, the carry out 
signal CA1 from the tone accumulator 32A. When this 
carry out signal CA1 is "l", the output of the shift 
register 58 applied to the input (A) of the selector 59 is 
selected and loaded in the shift register 60, whereas 
when the carry out signal CA] is “0", the output of the 
shi? register 60 is circulatingly held through the input 
(B) of the selector 59. 
The selector 59 and the shift register 60 are provided 

for synchronising timing of the change of the tone 
waveform amplitude data provided by the tone produc 
ing section 27 by the low speed processing with the 
timing of the carry out signal CA1. The channel timing 
low/high converter 30 only converts the time division 
channel timing from a low speed one to a high speed 
one and does not control the timing of change of the 
waveform amplitude data. On the other hand, timing of 
change of the tone waveform amplitude data by the low 
speed converting process from the channel timing speed 
high/low converter 28 to the tone producing section 27 
is shifted from the timing of change of the phase angle 
data qF'. For compensating for this shifting, the tone 
waveform amplitude data outputted from the shift reg 
ister 58 is sampled by the carry out signal CA1 and 
stored in the shift register 60. The carry out signal CA1 
is produced in synchronism with the timing of change 
of the phase ange data qF" of the respective channels 
(See FIG. 6). That is, the signal CA I is synchronous with 
the pitch of the tone to be generated in the respective chan 
nel. By resampling the tone waveform amplitude data in 
accordance with the carry out signal CA1 harmonized 
with the sampling frequency in the above described 
manner, the tone frequencies of the tone waveform 
amplitude data of the respective channels outputted on 
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a time shared basis from the shift register 60 can be 
accurately harmonized with the sampling frequency. In 
this manner, pitch synchronous tone generation is achieved. 
The output of the shift register 60 is applied to an accu 
mulator 23 where the tone waveform amplitude data of 
all channels for one sample period are summed up. The 
sum is stored in a register 24 during one sample period, 
and thereafter is converted to an analog signal by a 
digital-to-analog converter 25 and supplied to a sound 
system for sounding of the tone. 
The channel timing speed high/low converters 28 

and 29 may be composed of only the registers 42 and 45. 
In that case the timing of generation of the load pulse 
L2 is made different from the one shown in FIG. 7, 
more speci?cally, an arrangement is made so that the 
load pulse L2 which rises at the end of the high speed 
channel timing 6 in the respective high speed cycles 
CY], CY2, . . . (i.e., generated with a period of 8 times 
slots) in FIG. 7 will be generated with a period of 9 time 
slots. By so doing, the phase angle data qF" can be 
sampled with the channel being shifted one by one, like 
1, 2, 3, 4, . . . every 9 time slots so that data ofthe respec 
tive channels can be time divided at a low speed channel 
timing having an interval of 9 time slots. In that case, 
however, the interval of the low speed channel timing is 
not in agreement with one cycle (8 time slots) of the 
high speed channel timing and, accordingly, the inter 
val structure of the tone producing section 27 or the 
construction of the channel timing speed low/ high con 
verter 30 is made more complicated. 

I claim: 
I. An electronic musical instrument comprising: 
a phase angle data generator for generating a phase 

angle data signal which exhibits a value timewisely 
progressing, at every predetermined sampling tim 
ing of a constant interval, from a first value to a 
second value at an incremental step value per tim 
ing interval corresponding to the frequency of a 
tone intended to be sounded; 

a reset circuit connected to said phase angle data 
generator for resetting the progressing value of 
said phase angle data signal to said first value at 
each sampling timing that said data reaches said 
second value; and 

a tone generator connected to said phase angle data 
generator for generating a tone signal based on the 
progressing value of said phase angle data signal, 

2. An electronic musical instrument ‘as de?ned in 
claim 1 wherein: 

said phase angle data generator comprises an accumu 
lator having a modulo of a value equal to said sec 
ond value which repeatedly adds or subtracts, at a 

' calculation timing of a constant interval, a constant 
corresponding to the frequency of the tone in 
tended to be sounded; and 

said reset circuit resets to said first value, at each 
timing at which a carry out signal is produced by 
said accumulator. a progressing value which has 
caused said accumulator to produce the carry out 
signal. 

3. An electronic musical instrument as defined in 
claim 2 wherein 

said constant includes a first constant representing a 
note within one octave and a second constant rep 
resenting an octave among plural octaves; 

said accumulator includes a first accumulator having 
a modulo of a third value which repeatedly adds or 
subtracts said first constant at a predetermined 
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calculation timing and a second accumulator hav 
ing a modulo of a value equal to said second value 
which repeatedly adds or subtracts said second 
constant each time a ?rst carry out signal is pro 
duced by said ?rst accumulator; and 

said reset circuit resets, upon production of a second 
carry out signal by said second accumulator, re 
spective progressing values which have caused said 
?rst and second accumulators to produce said ?rst 
and second carryt out signals. 

4. An electronic musical instrument as de?ned in 
claim 1 which further comprises note selection means 
for selecting a note from among a plurality of notes and 
a key assigner for assigning the note selected by said 
note selection means to one of a plurality of tone gener 
tion channels; and wherein 

said phase angle data generator generates, on a time 
shared basis, the phase angle data signal progres 
sing at a rate corresponding to the frequency of 
said note having been assigned to said channel at 
every sampling timing of a constant interval arriv 
ing on a time shared basis for each of the tone 
generation channels; 

said reset circuit resets, upon reaching of the phase 
angle data signal to said second value at a sampling 
timing of a certain channel, only the progressing 
value of the phase angle data signal corresponding 
to this channel in said phase angle data generator; 
and 

said tone generator produces tone signals in a plural~ 
ity of channels in response to the phase angle data 
signal provided on a time shared basis by said phase 
angle data generator. 

5. An electronic musical instrument comprising: 
a phase angle data generator for generating a phase 

angle data signal which exhibits a value timewisely 
progressing, at every predetermined sampling tim 
ing of a constant interval, from a ?rst value to a 
second value at a rate corresponding to the fre 
quency of a tone intended to be sounded; 

a reset circuit connected to said phase angle data 
generator for resetting the progressing value of 
said phase angle data signal to said ?rst value at 
every sampling timing when said data reaches said 
second value; 

?rst memory means for temporarily storing the phase 
angle data signal produced by said phase angle data 
generator after sampling it at a low speed timing; 

a tone generator for generating tone waveform ampli 
tude data based on the progressing value of said 
phase angle data signal stored in said ?rst memory 
means; 

second memory means for temporarily storing the 
tone waveform amplitude data generated by said 
tone generator after sampling it at a high speed 
timing; and 

third memory means for storing said tone waveform 
amplitude data of said second memory means at 
every sampling timing at which the phase angle 
data in said phase angle data generator exhibits a 
predetermined third value; 

the output of said third memory means being used as 
a tone signal. 

6. An electronic musical instrument as de?ned in 
claim 5 wherein 

said phase angle data generator comprises a ?rst- ac 
cumulator having a modulo of a third value which 
repeatedly adds or subtracts a ?rst constant corre 
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18 
sponding to a note of the tone to be sounded within 
one octave and a second accumulator which adds 
or subtracts a second constant corresponding to the 
octave of the tone to be sounded each time a ?rst 
carry out signal is produced by said ?rst accumula 
tor; 

said reset circuit resets. upon production of a second 
carry out signal by said second accumulator. re 
spective progressing values which have caused said 
?rst and second accumulators to produce said ?rst 
and second carry out signals; and 

said third memory means having said tone waveform 
amplitude data of said second memory means 
loaded therein each time said ?rst carry out signal 
is produced by said ?rst accumulator. 

7. An electronic musical instrument comprising: 
a keyboard; 
a depressed key detector; 
key assigner means for generating, in time division 

order, codes identifying depressed keys; 
frequency number table means for generating, in like 

time division order, frequency numbers corre 
sponding to depressed key identi?ed by said codes; 

operating means for generating, in like time division 
order, phase data of waveshapes on the basis of said 
frequency numbers; 

channel timing speed high/low converter means for . 
sampling said phase data at a timing which is 
slower than the timing of said time division order. 
thereby converting said phase data to a relatively 
lower sampling speed; 

tone production means for generating a waveshape in 
response to said phase data sampled at said lower 
speed; 

?rst and second shift registers each having a number 
of stages equal to the maximum number of tones to 
be sounded simultaneously and shifted at a rela 
tively higher speed corresponding to said time 
division order; 

channel timing speed low/high converter means for 
loading the generated waveshape into a corre 
sponding channel of said ?rst shift register; 

selector means for selectively inputting to said second 
shift register either the output of said low/high 
converter means or the output of said second shift 
register respectively in accordance with a select 
signal provided by said operating means and repre 
senting a change of waveshape phase data in a 
corresponding time division channel; and 

a sound system for producing a sound in response to 
the output of said second shift register. 

8. An electronic musical instrument in which wave 
shape sample point amplitudes of a tone to be sounded 
are produced at certain regular time intervals. aliasing 
noise being eliminated in said instrument by harmoniz 
ing the frequency of said tone with the waveshape sam 
pling frequency, comprising: 

phase angle data means for providing a repetitive 
phase angle data signal which exhibits a timewisely 
progressing value increasing stepwise at a certain 
relatively high speed timing clock rate, with an 
incremental step value corresponding to the fre 
quency of said tone to be sounded, said signal being 
repetitively reset to a ?xed value when a second 
value is reached, said resetting being synchronized 
with said high speed timing clock, 

a tone production section for producing said sample 
point amplitudes but operating at a sampling fre 
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quency which is submultiple of said high speed 
timing clock rate, 

a ?rst channel timing speed converter at the input of 
said tone production section for sampling said 
phase angle data signal at said sampling frequency, 
the sampled values being input to said tone produc 
tion section and utilized therein for the production 
of said sample point amplitudes. and 

a second channel timing speed converter at the out 
put of said tone production section for repetitively 
supplying the produced sample point amplitudes 
from said tone production section at said high 
speed timing clock rate, and 

means for producing said sounded tone from the 
sample point amplitudes supplied from said second 
converter. 

9. An electronic musical instrument according to 
claim 8 further comprising: 

synchronizing means, cooperating with said second 
converter, for causing a newly changed value of 
sample point amplitude from said tone production 
section to be supplied to said means for producing. 

I0. In a time division multiplex polyphonic musical tone 
generation system for generating tones wherein waveshape 
samples corresponding to a tone are produced in time divi 
sion order with respect to waveshape samples of other tones 
including non-harrnonically related tones and each tone to 
be generated is assigned to a different time division multi 
plex time slot, the improvement ?vr pitch synchronous tone 
generation comprising: 

storage means for storing and outputting. in time divi 
sion order, waveshape samples corresponding to said 
tones assigned to the respective time slots; and 

sampling means ?tr sampling, at respective rates which 
are synchronous with the respective pitches of said 
selected tones assigned to the respective time slots, said 
wamhape samples outputted from said storage means 
at the respective time slots in said time division order. 

II. The improvement as defined in claim 10 wherein 
said system has tone generation means for generating, in 
time division order according to a first rate. said waveshape 
samples corresponding to said tones assigned to the respec 
tive time slots. and wherein said storage means comprises: 

selection means for selecting said waveshape samples 
generated from said tone generation means in re 
sponse to a predetermined timing clock signal: and 

shift register means for circulatingly storing the selected 
waveshape samples in time division order according to 
a second rate. 

12. The improvement as de?ned in claim 10 which fur 
ther comprises: 

second storage means for storing, in time division order, 
said waveshape samples sampled by said sampling 
means 

13. An electronic musical instrument comprising: 
tone generating means for generating waveshape samples 

corresponding to tones in time division order with 
respect to waveshape samples of other tones including 
non-harmonically related tones and according to a 
first time division rate which is not synchronous with 
pitcher of various tones to be generated. wherein each 
tone is assigned to a different tone generation channel,‘ 

pitch synchronous signal generation means for generat 
ing, in time division order according to a second time 
division rate and for each of the channels, a pitch 
synchronous signal which is synchronous with the 
pitch of the tone assigned to a corresponding one of the 
channels; 

time division rate conversion means for converting the 
time division rate of the waveshape samples generated 
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from said tone generation means from said first rate to 
said second rate: and 

pitch synchronizing means for sampling, in time division 
order. the waveshape samples for each of the channels 
which have been converted to said second time division 
rate in accordance with the pitch synchronous signal 
corresponding to the channel thereby to provide, in 
time division order and jhr each of the channel, wave 
shape samples changing in synchronism with the pitch. 

[4. In a time division multiplex polyphonic musical tone 
generation system. wherein selected tones to be generated 
are assigned to different time division multiplex tone gener 
ation channels and tone waveform amplitude data for a 
tone is generated in time division order with respect to other 
tones including non-harmonically related tones. the im 
provement for harmonizing each change in tone waveform 
amplitude data with the phase of the corresponding gener 
ated tone. comprising: 

storage means for storing and outputting, in time divi 
sion order. tone waveform amplitude data correspond 
ing to said tones assigned to the respective tone genera 
tion channels, and 

sampling means for separately sampling, at respective 
rates which are synchronous with the phases of the 
respective pitches of said tones assigned to the respec 
tive tone generation channels. said tone waveform 
amplitude data outputted from said storage means at 
the respective tone generation channels in said time 
division order. ' 

I5. In an electronic musical instrument for generating 
tones and having plural time division multiplex tone gener 
ation channels and in which the tone waveform amplitude 
data of the respective plural tones are assigned to respective 
tone generation channels which are time division multi 
plexed with respect to each other, the improvement for 
synchronizing the change in the tone waveform amplitude 
data with the pitch of each respective tone while maintain 
ing said data in the time division multiplex state. compris 
tng: 

first means for providing said tone waveform amplitude 
data including data for non-harmonically related 
tones respectively in the respective time division multi 
plexed tone generation channels, 

second means for storing said tone waveform ampli 
tude data in respective time division multiplexed 
channels and for providing said stored data in time 
division multiplex order for subsequent conversion 
to sound, and 

sampling means for transferring individual tone wave 
form amplitude data from said first means to said 
second means in synchronism with the pitch of the 
respective tone assigned to the associated time division 
multiplex tone generation channel. 

I6. A tone signal generation device comprising: 
note clock generation means for generating note clock 

pulses corresponding to note name of a tone signal to 
be generated: 

tone range data generation means jbr generating tone 
range data having a value representing a tone range to 
which said tone signal belongs; 

phase angle data signal generation means for generating 
a phase angle data signal jbrmed by performing pro 
cessing of said tone range data at the timing of genera 
tion of said note clock pulse: and 

waveshape generation means for generating a tone wave 
shape in the form of amplitude sample values in re 
sponse to said phase angle data signal 

17. A tone signal generation device as de?ned in claim 
I 6, wherein said tone range data corresponds to the differ 
ence between a tone pitch of said tone signal and a prede 
termined reference tone pitch. 

U ‘ i Q ‘ 


