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VOICING FOR A COMPUTOR ORGAN 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention relates to improvements in 

voicing of an electronic musical instrument, and partic 
ularly to systems for introducing chiff and other tran 
sient voice effects, for modulating the harmonic con 
tent of the generated tones as a function of time during 
attack and decay, and for providing additional voices 
for a computor organ. 

2. Related Applications 
The present invention is related to the applicant‘s co 

pending U.S. patent application entitled COMPUTOR 
ORGAN, No. 225,883, ?led Feb. 14, 1972, now U.S. 
Pat. No. 3,809,786. 

3. Description of the Prior Art 
In a COMPUTOR ORGAN of the type described in 

the above mentioned related application, musical tones 
are generated by computing the amplitudes at succes 
sive sample points of a musical waveshape and convert 
ing these to tones as the computations are carried out 
in real time. Each sample point amplitude is obtained 
by summing a set of individually evaluated constituent 
Fourier components. The tonal quality or “voice” of 
the produced sound is determined by the relative am 
plitudes of the constituent Fourier components, as es 
tablished by a set of harmonic coefficients used in the 
calculations. The present invention concerns alter 
ations in voicing of the produced tones. 
A desirable feature in electronic entertainment or 

gans is a so called “percussive voice." This is a compos 
ite voice including a ?rst tone having a piano~like at» 
tack/decay envelope played in combination with an or 
gan-like substained tone. The effect is that of a percus 
sive sound at the onset of tonal production. 
One object of the present invention is to implement 

the production of such percussive tones in a computor 
organ. More generally, an objective is to implement a 
wide variety of percussive-like “transient voices" in an 
electronic musical instrument. ' 

One particular transient effect is called “chiff." In a 
pipe organ, chiff occurs during the attack, as the pipe 
produces a predominant sound at the third or fifth har 
monic. This predominant harmonic quickly diminishes 
in relative intensity as the nominal pitch for that pipe 
begins to speak distinctly. 

Electronic organs imitate chiff by playing a short 
grace note at the onset of tone production. The grace 
note is generated by actuating a 2 %-f001 coupler for 
the duration of the nominal attack time for the 8-foot 
tone which is to be chiffed. Customarily, chiff is used 
only on diapason and flute tones. 
The inventor’s U.S. Pat. No. 3,740,450 discloses ap 

paratus for producing chiff tones in a digital organ of 
the type wherein a musical waveshape is repetitively 
read out from storage at a rate related to the selected 
note. A chif?ng waveshape is stored in a separate mem 
ory that is accessed during the attack portion of the pri 
mary tone. The separate waveshape memory outputs 
are combined to produce the chiffed musical tone. 
Another object of the present invention is to imple 

ment chiff in a computor organ by emphasizing certain 
constituent Fourier components included in the real 
time waveshape synthesis. Another desirable voicing 
effect concerns modulation of the harmonic content 
during attack and decay. In many natural musical in 
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2 
struments the harmonic content changes as a function 
of time. Thus during the attack, at the beginning of 
note production, the high frequency harmonics may 
predominate. Gradually the lower order harmonics in 
crease their contribution to the total sound energy, 
until ?nally the characteristic voice is achieved. Simi< 
larly, during decay, the lower order components die out 
faster than the harmonics of higher frequency. Another 
object of the present invention is to implement such 
time dependent frequency modulation during attack 
and decay of tones produced by a computor organ. 
The number of different voices available in a com 

mercial electronic organ typically is very limited. This 
is particularly true in instruments of the type wherein 
tones are generated by sets of oscillators together with 
filters for emphasizing or eliminating certain higher 
harmonics. In a computor organ of the type described 
in the above mentioned U.S. Pat. No. 3,809,786 each 
voice is established by a set of harmonic coefficients 
that specify the relative contribution of each Fourier 
component. Different voices can be achieved merely 
by utilizing different sets of harmonic coefficients in 
the waveshape computation. To this end, another ob 
ject of the present invention is to provide means for 
changing or introducing new sets of harmonic coeffici 
ents into the computor organ, so as to give the musician 
an extremely wide selection of available voices. 

SUMMARY OF THE INVENTION 

These and other objectives are achieved in a COM 
PUTOR ORGAN Of the type described in the above 
mentioned U.S. Pat. No. 3,809,786. In such an instru 
ment, musical notes are produced by computing in real 
time the amplitudes X,,(qR) at successive sample points 
gR of a musical waveshape, and converting these am 
plitudes to tones as the computations are carried out. 
Each sample point amplitude is computed during a reg 
ular time interval t, according to the relationship: 

W 

2 

where q is an integer incremented each time interval :1, 
the value n=l,2,3 . . . W represents the order of the 

Fourier component being evaluated, and R is a fre 
quency number that establishes the fundamental fre 
quency of the generated note. Attack and decay are 
governed by a time dependent scale factor 8(1) that de 
fines the amplitude envelope of the produced tone. 
The tonal quality or voice of the generated note is es 

tablished by a set of harmonic coefficients C,I that de 
?ne the relative amplitudes of the constituent Fourier 
components. For example, a diapason voice is obtained 
by using the set “A" of harmonic coefficients listed in 
table I below. A flute voice results when the coeffici» 
ents of set “B“ are used. 

TABLE I 

Set “A" (Diapason) Set“B“( Flute) 
Coef?- (Relative (Decibel (Relative (Decibel 
cient Amplitude) Equivalent) Amplitude) Equivalent) 

C‘ l27 0 db 127 0 db 
C, "ll —5 3 —32 
C, 90 —3 I3 —20 

Ca 23 —l5 1 —42 
C, 25 —l4 1 —42 
C1 8 ~24 l —42 
C. 8 —24 0 —S0 



3,913,442 
3 

TABLE I~continued 

Set "A" (Diapason) Set“B"(FlutcJ 
Coefl'r (Relative (Decibel [Relative (Decibel 
cient Amplitude) Equivalent) Amplitude) Fquivalent) 

Cu 2 —38 I) *50 

C", l —42 [l *50 

A very economical scheme for generating transient 
voices in a computor organ is based on the observation 
that the transient is usually a ?ute tone. Reference to 
Table I shows that a ?ute voice has single predominant 
Fourier component. In other words, the ?ute wave 
shape is substantially sinusoidal. In set “B” of Table I 
the predominant coefficient is Cl, so that the produced 
?ute voice will be at the nominal fundamental fre 
quency of the selected note. On the other hand, if the 
second order (n=2) harmonic coefficient C2 were of 
relatively large value, and all other coef?cients Cl and 
C3 through C“; were zero—valued, a 4-foot ?ute tone 
would be produced at a frequency twice that of the se 
lected note. 
From the foregoing, it is apparent that a ?ute-like 

tone can be produced using only a single harmonic co» 
efficient D“, where the order n’ establishes the foot 
age of the generated tone. In accordance with the pres 
ent invention, a ?ute-like transient voice is produced 
by adding the single coefficient D", to the like 
ordered coefficient C" = C," in the set used to pro 
duee the desired voice. For example, if the set “A” of 
coefficients from Table I is used to produce a diapason 
voice, a 2-foot ?ute-like transient can be introduced by 
simply adding a single coefficient Du ' = D4 to the cor 
responding coefficient C4. Usually this is done only dur 
ing the attack portion of tone generation. The desired 
transient voice is achieved. 
FIG. 3 shows appropriate circuitry for producing 

transient voices in the manner just described. The tran 
sient voice may be introduced and terminated abruptly, 
as described below in connection with FIG. IA, ID and 
1C. Alternatively, the magnitude of the coefficient 
D,’ may be varied in time to produce gradual intro 
duction and termination of the transient voice. This is 
illustrated in FIGS. 1E and IF, described below. 
More complex transient voice effects are achieved by 

providing separate sets of transient harmonic coeffici 
ents D,l and adding these to the corresponding har 
monic coef?cients C, associated with the selected 
voice. Such an implementation is shown in FIG. 4, 
which implements the following equation 2. 

w 

XatqRl = 2 

Note that the production of a ?ute-like transient 
tone, discussed above, is a special case of equation 2 
wherein D,,=D,,, is of substantial value and D,.=0 for 
all other values of n. 
Another aspect of the present invention involves har 

monic modulation as a function of time during attack 
and decay. This is economically achieved by limiting 
which Fourier components are included in the present 
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4 
waveshape amplitude computation. At the start of the 
attack, only higher order components are included. 
This is achieved cg, by setting all harmonic coeffici 
ents C, to C,,l initially to 0. As time passes during the 
attack, the value m that specifies the lowest order Fou 
rier component included in the amplitude computa 
tion, is reduced. As a result, Fourier components of 
lower order gradually are introduced into the produced 
tone. Conversely, during decay the value m gradually is 
increased. Thus at the beginning of dacay all Fourier 
components are included in the computation whereas 
later only the Fourier components of higher order are 
included. The circuitry of FIG. 6 implements such har 
monic modulation. 
More complex harmonic modulation is achieved by 

using separate attack and decay scale factor memories 
for each harmonic coefficient. In other words, the 
waveshape amplitude is computed in accordance with 
the following relationship: 

1r 

StrlnCnsin w—nqR (Eq. 3) 

where separate scale factors 8(1),l are provided for 
each Fourier component. FIG. 7 shows an illustrative 
mechanization of such harmonic modulation. 
As illustrated by Table I above, different voices can 

be obtained merely by utilizing different sets of har 
monic coefficients C". Another aspect of the present 
invention relates to means for providing additional or 
optional sets of such coefficients for use by the compu 
tor organ. In the typical embodiment of FIG. 8, extra 
voices are obtained via an external data insertion de 
vice such as a card reader, or from storage of additional 
sets of harmonic coef?cients in an auxiliary memory. 

BRIEF DESCRIPTION OF THE DRAWINGS 

A detailed description of the invention will be made 
with reference to the accompanying drawings, wherein 
like numerals designate corresponding parts in the sev 
eral ?gures. 

FIGS. 1A through 1F show waveforms associated 
with transient voice generation utilizing the circuitry of 
FIGS. 2 and 3. 

FIG. 2 is an electrical block diagram of a computor 
organ in which a transient voice is introduced at the be 
ginning of tone production. 

FIG. 3 is an electrical block diagram showing a modi 
fication of the computor organ of FIG. 2 wherein the 
attack scaling of the generated tone does not scale the 
transient voice. 

FIG. 4 is an electrical block diagram of circuitry for 
producing chiff or other selectable transient voice ef 
fects in an electronic musical instrument. 

FIG. 5 is an electrical block diagram of the attack 
ldecay control logic and scale factor memories utilized 
in the instrument of FIG. 2. 

FIG. 6 is an electrical block diagram of circuitry for 
modulating the harmonic content of a tone produced 
by a computor organ as a function of time during attack 
and decay. 

FIG. 7 is an electrical block diagram of circuitry for 
separately scaling the constituent Fourier components 
of a musical tone produced by a computor organ during 

attack and decay. 
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FIG. 8 is an electrical block diagram of circuitry for 
providing alternative voices in a computor organ. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

The following detailed description is of the best pres 
ently contemplated modes of carrying out the inven 
tion. This description is not to be taken in a limiting 
sense, but is made merely for the purpose of illustrating 
the general principles of the invention since the scope 
of the invention best is de?ned by the appended claims. 
Operational characteristics attributed to forms of the 

invention ?rst described also shall be attributed to 
forms later described, unless such characteristics obvi~ 
ously are inapplicable or unless speci?c exception is 
made. 
The voicing improvements disclosed herein operate 

in conjunction with the basic computor organ 10 of 
FIG. 2. In this instrument, each time one of the key 
board switches 11 is depressed, a corresponding tone is 
produced via a sound system 12. The voice or tonal 
quality of the produced sound is established by a set of 
harmonic coefficients C" stored in a memory 13. In the 
embodiment of FIG. 2, a sinusoidal or flute~like tran 
sient voice is introduced during the attack by means of 
additional circuitry 14. This circuitry adds the transient 
coefficient D", to the corresponding harmonic coef 
ficient C" = C,,- in an adder 15. Accordingly, the sys 
tem of FIG. 2 implements equation 2 above for the spe 
cial case where all values of D" are 0 except for order 
n=n’. 
Observe that if the circuitry 14 were omitted, the 

basic computor organ 10 (FIG. 2) would operate in ac 
cordance with equation 1 to produce tones having no 
transient voice. Operation of the instrument It) in this 
mode first will be described, since each of the voicing 
improvements disclosed herein operates in conjunction 
with this basic instrument. 
Successive waveshape sample point amplitudes 

Xo(qR) are computed at regular time intervals I, in ac 
cordance with equation I. In the illustrative embodi 
ment described herein, a maximum of W='l 6 individual 
Fourier components are separately evaluated during 
corresponding calculation time intervals 10,, through 
rm“. These time intervals are established by a clock 16 
that supplies pulses on a line 17 at intervals to, to a 
counter 18 of modulo W=l6. The contents of the 
counter 18 designates the order n of the Fourier com 
ponent currently being evaluated. Signals designating 
the order n are provided on a line 19. A computation 
interval 2, timing pulse is provided on a line 20 by 
slightly delaying the counter 18 reset pulse (which oc 
curs at time rum) in a delay circuit 21. 
The fundamental frequency of the generated tone is 

established by a frequency number R accessed from a 
frequency number memory 23 in response to selection 
ofa keyboard switch 11. At the beginning of each com 
putation interval 2, the frequency number R, provided 
via a line 24 and a gate 25, is added to the previous con 
tents of a note interval adder 26. Thus the contents of 
the adder 26, supplied via a line 27, represents the 
value (qR) designating the waveshape sample point 
presently being evaluated. Preferably, the note interval 
adder 26 is of modulo 2W, where W is the highest order 
Fourier component evaluated by the instrument 10. In 
the embodiment described herein, W=l6, since sixteen 
Fourier components are sufficient for most pipe organ 

tone synthesis. 

6 
Each calculation timing pulse t,.,, is supplied via the 

line 17 to a gate 28. This gate 28 provides the value qR 
to a harmonic interval adder 29 which is cleared at the 
end of each amplitude computation interval it Thus 

5 the contents of the harmonic interval adder 29 is incre 
mented by the value (qR) at each calculation interval 
rw, through 16pm, so that the contents of the adder 29 
represents the quantity (nqR). This value is available 
on a line 30. 

An address decoder 31 accesses from a sinusoid table 
32 the value sin(1r/W)nqR corresponding to the argu 
ment nqR received via the line 30. The sinusoid table 
32 may comprise a read only memory storing values of 
sin(1'r/W) d: for 0 s (b ‘ (W/2) at intervals of D, 
where D is called the resolution constant of the mem 
ory. With this arrangement, the value sin(1r/W)qR will 
be supplied on a line 33 during the first calculation in 
terval rm. During the next interval 16,2, the value 
sin(1r/W)2qR will be present on the line 33. Thus in 
general the value sin(rr/W)nqR will be provided from 
the sinusoid table 32 for the particular n'" order com 
ponent specified by the contents of the counter 18. 
As mentioned earlier, a set of harmonic coefficients 

C" is stored in the harmonic coefficient memory 13. As 
each sinusoid value is supplied on the line 33, the har 
monic coef?cient Cn for the corresponding n'" order 
component is accessed from the memory I3 by a mem 
ory address control circuit 36 which receives the value 
n from the line 19. The accessed value C" is supplied 
via a line 37, the adder l5 and a line 37a to a harmonic 
coefficient scaler 38 where it is multipled by the attack 
ldecay amplitude scale factor S(t) present on a line 39. 
The product S(t)C,,, provided via a line 40, is multiplied 
by the value sin(1r/W)nqR on the line 33 in a harmonic 
amplitude multiplier 41. The output of the multiplier 
41, corresponding to the value of the Fourier compo 
nent presently being evaluated, is supplied via a line 42 
to an accumulator 43. 
The individually calculated Fourier components are 

summed in the accumulator 43. Thus at the end of each 
computation time interval :1 the contents of the accu 
mulator 43 represents the waveshape amplitude X0 
(qR) for the current sample point qR. Occurrence of 
the t, pulse on the line 20 transfers the contents of the 
accumulator 43 via a gate 44 to a digital-to-analog con 
verter 45. The accumulator 43 then is cleared in prepa» 
ration for summing of the Fourier components associ 
ated with the next sample point, computation of which 
begins immediately. 
The digital-to-analog converter 45 supplies to the 

sound system 12 a voltage corresponding to the wave 
shape amplitude just computed. Since these computa 
tions are carried out in real time, the analog voltage 
supplied from the converter 45 comprises a musical 
waveshape having a fundamental frequency established 
by the frequency number R then being supplied from 
the memory 23. 
The amplitude scale factors 8(1) are supplied from an 

attack/decay scale factor memory 47 that is accessed 
by an appropriate control circuit 48 operating in con 
junction with attack/decay control logic 49, all of 
which are described in detail in conjunction with FIG. 
5 below. 
Readout of the attack scale factors from the memory 

47 is initiated when any keyboard switch 11 is closed. 
Such switch closure causes a “key depressed“ signal to 
occur on a line 50 to initiate the attack. Successive 

scale factors S(t) are accessed from the memory 47 at 
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each full, half or quarter cycle of the note being gener 
ated, in accordance with the setting of a switch 51. 
Since the note interval adder 26 is of modulo 2W, it 

will reach a count of 32 at the end of each cycle of the 
selected note. At this time, an output will appear on a 
line 52. Thus with the switch 51 in the position shown 
in FIG. 2, a signal will occur on a line 53 at the end of 
each full cycle of note generation. At each half cycle, 
the note interval adder 26 will reach a count of 16 or 
32. The corresponding outputs are provided via an OR 
gate 54 to a terminal 55 of the switch 51. Similarly, 
quarter-cycle pulses will be provided to an OR gate 56 
when the note interval adder 26 reaches a count of 
8,l6,24 or 32. At each such time, a quarter-cycle signal 
will be supplied to the terminal 57 of the switch 51. 
Thus, the setting of the switch 51 will determine 
whether full, half or quarter cycle pulses are supplied to 
the line 53, and hence will determine how often succes 
sive scale factors 8(1) are accessed from the memory 
47. The signals on the line 53 also may be used to con 
trol transient voice duration and/or time dependent 
harmonic modulation as described below. 
The circuit 14 of FIG. 2 effectively inserts a transient 

voice into the tone generated by the instrument [0. 
This is done by adding a single, transient-related har 
monic-coefficient D", to the corresponding princi 
pal-tone-related coefficient C,,=C,, during evaluation of 
the n=n' order Fourier component. In effect, this 
causes the addition to the principal tone of a sinusoidal 
or ?ute-like transient voice having a frequency deter 
mined by the order n’. 
Advantageously, the coefficient D,“ is a binary 

number which contains a single binary 1 bit. The posi 
tion of this l-bit establishes the relative amplitude of 
the transient voice. In the circuit 14, the coefficient 
D, ' is loaded into a shift register 59 upon occurrence 
of the “key depressed” signal at the beginning of note 
production. A switch 60 permits manual selection of 
the transient voice relative amplitude by controlling the 
position of the single l-bit in the coefficient D," . For 
example, with the switch 60 set as shown in FIG. 2, the 
single binary l-bit will be loaded into the second shift 
register position 59-2. Binary zeros will be loaded into 
all other positions 59-1 and 59~3 through 59-1'. 
The order n' of the transient voice coefficient D,“ 

is established by a signal supplied on a line 61. As indi 
cated in the following Table II, the value it’ establishes 
the footage of the transient voice. The n’ signal may be 
provided to the line 61 from a manual switch (not 
shown) so as to allow selection by the musician of the 
transient voice footage. Alternatively, the input to the 
line 61 may be hard-wired so that a certain value of n’ 
always is provided. 

TABLE II 

Order 11' of Footage of 
Transient Voice Transient 
Coefficient Dn' Voice 

n’ = l 8-foot 
2 4' 
3 2 2/3’ 
4 2' 
5 I 3/5‘ 
8 I ' 

Transient Voice insertion is initiated as soon as any 
keyboard switch 11 is selected. At that time, the “key 
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depressed" signal on the line 50 sets a flip-flop 62 to . 

the I state, thereby enabling an AND gate 63. The 

value 11' supplied on the line 61 is compared with the 
value n present on the line 19 by a comparator circuit 
64. When the Fourier component of order n=n' is 
_being evaluated, the comparator 64 will provide an out 
put via a line 65 and the enabled AND gate 63 to en 
able a gate 66. As a result. the transient-related coeffi 
cient D,’ is supplied from the shift register 59 via a 
line 67, the enabled gate 66 and a line 68 to the adder 
15 where it is summed with the corresponding har 
monic coefficient C," present on the line 37. The 
combined coefficient (Dnr +C,,) is supplied via the 
line 37a to the harmonic coefficient sealer 38. In this 
manner, the instrument l0 computes the waveshape 
sample point amplitudes in accordance with equation 2 
above. Transient voice insertion is accomplished. 
The length of time that the transient voice is inserted 

is established by a transient duration counter 69 that is 
reset by the "key depressed” signal on the line 50. With 
a switch 70 set to the position shown in FIG. 2, ‘the 
counter 69 counts timing pulses from a transient dura 
tion rate clock 71. When a preset count has been 
reached, the counter 69 provides a signal on a line 72 
that resets the ?ip-?op 62. As a result, the AND gate 63 
is disabled, so that the compare signal from the com 
parator 64 can no longer enable the gate 66. This pre» 
vents the coefficient D,l r from reaching the adder 15, 
so that tone production continues only with the har 
monic coefficients C,.. In other words, insertion of the 
transient voice terminates, and the instrument 10 con 
tinues note production in accordance with equation 1 
above. ' 

The transient voice duration may be related to the 
number of cycles of the principal tone generated by the 
instrument 10. To accomplish this, the switch 70 is 
transferred to the contact 70a, so that the quarter, half 
or full-cycle signals from the line 53 are supplied to the 
transient duration counter 69. After a preset number of 
such signals have occurred, the counter 69 provides the 
signal on the line 72 that terminates transient voice in 
sertion. 
FIGS. 1A, 1B and 1C illustrate such transient voice 

insertion. The waveshape 74 of FIG. 1A represents the 
principal tone generated by the computor organ 10 
using only the harmonic coefficients C,,. For simplicity, 
this waveshape is shown as a sinusoid, however more 
typically it would be a complex waveshape. The in 
serted transient voice itself is illustrated by the wave 
shape 75 of FIG. 1B. This voice is generated by a coef 
ficient Dn' having an order n'=3 so that the transient 
voice has an effective 2 ‘its footage. The transient voice 
75 begins at time T0 when a keyboard switch 11 is de 
pressed, and ends at a time T1 established by the tran 
sient duration counter 69. 
The waveshape 76 of FIG. 1C is the actual wave 

shape generated by the instrument 10. Prior to the time 
T,, this waveshape 76 contains the combined principal 
tone 74 and transient voice 75. Subsequent to the 
abrupt termination of the transient voice at time T1, the 
produced waveshape 76 contains only the principal 
tone 74. 

In the waveshape 76, both the principal tone and the 
transient voice begin abruptly. However, in practice 
the attack scale factors 5(1) provided from the memory 
47 (FIG. 2) are used in the scaler 38 to scale the com 
bined harmonic coef?cients (C,,+D,," ) provided on 
the line 37a. The result is that the combined principal 
and transient voices gradually increase in amplitude 
during the attack period. This is illustrated by the wave 



3,913,442 

shape 77 of FIG. 1D, which is the same as waveshape 
76, but with a gradually increasing amplitude resultant 
from scaling by the attack scale factors S(t). 

It may be desirable to have the transient voice die out 
slowly rather than to end abruptly as shown in FIG. 18. 
Such transient decay readily may be accomplished 
merely by right shifting the contents of the shift register 
59 during transient voice insertion. Recall that the reg 
ister 59 contains the coefficient D" r , and that this co 
efficient consists of a binary number having a single I 
bit. The position of this l-bit establishes the relative 
amplitude of the transient voice. By right-shifting the 
position of the single l-bit in the register 59, the value 
D" r is reduced. Speci?cally, the value is halved for 
each right shift of one position. This results in a corre 
sponding decrease in relative amplitude of the inserted 
transient voice. 

Right-shifting of the register 59 is accomplished by 
closing a transient decay switch 78 to enable an AND 
gate 79. This permits shift pulses to be supplied to the 
register 59 from a transient decay rate clock 80. These 
pulses may be supplied during the entire transient voice 
duration, so that the decay begins immediately. Alter 
natively, the AND gate 79 may be enabled only during 
the latter portion of transient voice production by pro 
viding an enable signal on a line 81 from the counter 69 
during the desired portion of transient production. 
The resultant gradual decay of the transient voice is 

illustrated by the waveshape 82 of FIG. 1E. Here, tran 
sient voice insertion terminates at time T2. Between the 
times T, and T2 the transient voice continues to be in 
serted, but with decreasing amplitude. 
Observe in FIG. 1E that both the transient and princi 

pal voices increase in amplitude at the beginning of 
note production, as established by the attack scale fac 
tors 8(2). An alternative arrangement, shown in FIG. 3, 
permits the transient voice to begin abruptly at full am 
plitude, while the principal tone exhibits the normal at 
tack amplitude characteristics. The resultant wave 
shape 83 is shown in FIG. 1E. To accomplish this, the 
harmonic coefficients C,l are scaled by the attack/decay 
scale factors S(t), but the transient-related coefficient 
0,,‘ is not so scaled. This is accomplished by supply 
ing the output of the harmonic coefficient memory 13 
directly to the scaler 38, as shown in FIG. 3. The coeffi 
cient D" r is added to the scaled quotient S(t)C,, pres 
ent on a line 40d from the scaler 38. This is accom 
plished in an adder 15a that provides the output 
D"- +(S(t)C,,) on a line 40b to the harmonic ampli 
tude multiplier 41. The result is the waveshape shown 

in'FIG. 1F. 
In the transient voice insertion circuitry 85 of FIG. 4, 

a set of transient-related harmonic coefficients 0,, are 
contained in the register positions 86-] through 86-16 
of a shift register 86. Each coefficient 0,, is added to 
the corresponding principal voice harmonic coefficient 
C" in an adder 15' during transient voice insertion. As 
a result, the computor organ 10 together with the cir 
cuitry 85 generate tones in accordance with equation 2 
above. 
The duration of transient voice insertion is estab 

lished by a counter 69’ which enables a gate 87 
throughout the entire transient voice period. When so 
enabled, the gate 87 supplies the harmonic coefficient 
D,l contained in the first shift register position 86-1 via 
a line 88 to the adder 15'. The coefficients 0,, are recir 
culated through the register 86 in unison with the clock 
pulses 1",, so-that the first register position 86-1 always 
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10 
contains the harmonic coefficient D" of order n corre 
sponding to the coefficient C" simultaneously provided 
on the line 37. The recirculation is implemented by 
feeding the output of the first register position 86-1 
back via the line 88, an enabled AND gate 89 and a line 
90 to the last register position 86-16. Right shifting of 
the register 86 is enabled by t", clock pulses on the line 
17. 
The circuitry just described facilitates insertion of a 

transient voice of any tonal quality. Like the principal 
voice, the transient voice may contain up to W Fourier 
components having independent relative amplitudes 
established by the set of coefficients D" stored in the 
shift register 86. Some or all of these coefficients may 
be zero-valued. For example, a chiff effect is achieved 
by using all zero-valued coefficients D, except for D3 or 
D,,. The result will be chiff-like augmentation of the 
third or fifth harmonic of the principal voice. 
Unusual transient voice effects can be achieved with 

the circuit 85 by changing the contents of the shift reg 
ister 86 during transient voice production. To this end, 
different sets of transient harmonic coefficients are 
maintained in respective storage devices 92 and 93. At 
certain times during transient voice production, the set 
of coef?cients contained in the memory 92 or 93 is 
transferred into the shift register 86 in place of the pre 
vious contents thereof. 
For example, after a certain number of cycles of the 

principal tone have been generated, the transient dura 
tion counter 69' may provide a signal on a line 94 
which causes the harmonic coefficients from the stor 
age device 92 to be transferred to the shift register 86. 
The signal on the line 94, supplied via an OR gate 95, 
sets a ?ip-flop 96 to the 1 state. This disables the AND 
gate 89 so that the coefficients previously in the shift 
register 86 are not recirculated. A storage access con 
trol 97 is enabled to read out from the storage device 
92 the coefficient D, of order n specified by the signal 
on the line 19. This accessed coefficient is supplied via 
a line 98, and AND gate 99 enabled by the signal on the 
line 94, and the line 90 to the shift register position 
86-16. This transfer operation continues until all 16 co 
efficients D, from the storage device 92 have been 
transferred to the shift register 86. 
A counter 100 determines when the transfer has been 

completed. To this end, an AND gate 101 enabled by 
the 1 output of flip-flop 96, gates timing pulses In, from 
the line 17 to the counter 100. When a count of W=l6 
has been reached, corresponding with transfer of all l6 
coefficients to the register 86, the counter 100 provides 
an output on a line 102 that resets the ?ip-?op 96. As 
a result, the transfer is terminated, and the AND gate 
89 again is enabled to permit continued recirculation of 
the shift register 86. 
Later in the transient voice period, another output is 

obtained from the counter 69' on a line 103. This signal 
initiates transfer of the set of harmonic coefficients 
from the second storage device 93 via an AND gate 
104 to the shift register 86. In this manner, the sets of 
harmonic coef?cients used to generate the transient 
voice are programmatically altered as a function of 
time. Very unusual transient voice effects can be 
achieved. 

Details of the attack/decay scale factor memory 47, 
the memory access control 48 and the attack/decay 
control logic 49 are shown in FIG. 5. 
During the attack and sustain periods, the scale fac 

tors S(t) are provided from a memory 470 that has a 



3,913,442 
11 

plurality of storage locations 47-1 through 47-p each of 
which contains a separate value S(l). These stored 
scale factors are accessed successively under the con 
trol of a parallel load shift register 106 having a corre 
sponding plurality of positions 106-1 through 106-p. 
Only one of these positions contains a binary 1 bit. The 
storage location in the memory 47a corresponding to 
the register position containing the I bit provides the 
scale factor S(!) to a line 107 and thence via an enabled 
AND gate 108 and an OR gate 109 to the line 39. 
Such readout of the attack-sustain scale factor mem 

ory 47a is initiated each time that a keyboard switch 11 
is closed. For example, if the note C7 is selected by clos 
ing the corresponding switch 110, a signal is supplied 
via a line 111 and an OR gate 112 to a one-shot multivi 
brator 113. This produces the "key depressed" pulse 
on the line 50 that initiates readout of the memory 470. 
The “key depressed" pulse is provided to the "load" 

input of the shift register 106 to cause entry ofa binary 
I bit into the position 106-1, and to cause binary 0 bits 
to be entered into all other positions. The “key de 
pressed" pulse also sets a flip-?op 114 to the I state so 
as to enable an AND gate 115. Accordingly, the quar 
ter, half or full cycle pulses on the line 53 are fed via 
the AND gate 115 to the “shift” input of the register 
106. As a result, the single binary 1 bit contained in 
that register is advanced from location to location as 
each pulse occurs on the line 53. Successive scale fac 
tors S(t) thus are accessed from the memory 470 at a 
rate proportional to generation of successive cycles of 
the selected principal tone. 
The end of attack occurs when the single I bit in the 

register 106 reaches the position 106-p. At that time, a 
signal is provided via a line 116 to the reset (R) input 
of the ?ip-?op 114. This resets the ?ip-?op 114 to the 
0 state, thereby disabling the AND gate 115 so that no 
more shift pulses are provided to the register 106. 
The final attack scale factor S(l) contained in the 

memory location 106-p continues to be supplied via the 
line 39 until the selected keyboard switch 11 is re 
leased. That is, the scale factor in the storage location 
106-p establishes the envelope amplitude of the pro 
duced tone during the sustain period. 
Decay begins when the selected keyboard switch 11 

is released. To facilitate continued tone production 
during the decay period, the frequency number mem 
ory 23 is accessed in response to a set of ?ip-?ops 118 
each associated with a corresponding keyboard switch 
11. Thus the switches 110, 119 and 120 for the notes 
C7, D, and C2, are connected to the set (S) inputs of re 
spective ?ip-?ops 118-1, 118-q and 118-r. 
Thus, e.g., when the switch 110 is closed, the ?ip-?op 

118-! is set, and a signal is provided via a line 121 to 
cause access from the memory 23 of the frequency 
number R associated with the note C,. When the key 
board switch 110 is released, the flip-flop 118-! is not 
immediately reset. As a result, the signal on the line 
121 remains high so that the selected frequency num 
ber R continues to be accessed from the memory 23 
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12 
during the decay period. However, opening of the 
switch 110 causes the output of the OR gate 112 to go 
low. As a result, an inverter 122 provides a high output 
that triggers a one-shot multivibrator 123. This in turn 
produces a “start of decay" signal on a line 124. This 
signal causes amplitude scale factors S(t) to be sup 
plied to the line 39 from the decay scale factor memory 
476. 
To this end, the “start of decay“ signal sets a ?ip-?op 

125 to the 1 state, This disables the AND gate 108 to 
prevent scale factors from the memory 47a from reach 
ing the line 39. The 1 output from the flip-flop 125 is 
supplied via a line 126 to enable an AND gate 127 to 
open a path for scale factors S(t) from the decay scale 
factor memory 47b via the OR gate 109 to the line 39. 
The "start of decay" signal on the line 124 also is fed 

to the “load" input of a parallel load shift register 128 
that is used to access the decay scale factor memory 
471). Like the register 106, the shift register 128 in 
cludes a plurality of locations l28-l through 128-k cor 
responding respectively to the storage locations 129-! 
through 129-k in the memory 47b. At the start of de~ 
cay, a single binary I bit is loaded into the shift register 
position 128-1. The corresponding memory position 
129-! preferably contains a scale factor 8(1) having a 
value equal to or very close to that stored in the attack 
sustain scale factor memory position 47-p. 
The 1 output from the ?ip-?op 125 also enables an 

AND gate 130 which feeds the quarter, half or whole 
cycle pulses from the line 53 to the “shift" input of the 
register 128. Accordingly, decay scale factors 8(2) are 
successively accessed from the memory 47b as the sin 
gle I bit is shifted through the register 128. This results 
in decreasing amplitude of the generated principal 
tone. 
The decay ends when the single 1 bit reaches the ?nal 

register location 128-k. At this time, an “end of decay" 
signal occurs on a line 131. This signal resets all of the 
?ip-?ops 118, to terminate access of the selected fre 
quency number from the memory 23, and hence to ter 
minate note production. Further, the “end of decay" 
signal resets the ?ip-?op 125 to the 0 state. This dis 
ables the AND gate 127 and enables the AND gate 108 
to insure that attack scale factors from the memory 47a 
will be supplied to the line 39 when the next keyboard 
switch 11 is depressed. 
Harmonic modulation as a function of time during 

attack and decay is implemented in a computor organ 
10 by the circuitry 135 of FIG. 6. At the beginning of 
attack, only higher order Fourier components are in 
cluded in the waveshape amplitude computation. As 
the attack progresses, additional lower order Fourier 
components are added to each computation, until ? 
nally all W Fourier components are included in the 
evaluation. This is illustrated by the following Table [11, 
wherein a zero indicates that the corresponding Fourier 
component is omitted from the waveshape amplitude 
computation, and a 1 indicates that the component is 
included. 

TABLE [11 

Quarter 

Cycles of |— Order I: of Fourier Component —————-——I 
Generated 

Tone l 2 3 4 5 6 7 8 9 10 ll l2 l3 l4 l5 16 

START OF 
ATTACK 0 0 0 0 0 O 0 O 0 0 0 0 CC CO CO C l O 

2 O (1 0 0 0 
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TABLE Ill-continued 

14 

Quarter 
Cycles of [————~——-——- Order in of Fourier Component —-————————? 
Generated 

Tone l 5 6 7 8 9 10 ll 12 13 l4 l5 l6 

l 
I 
1 
I 
l 
I 
l 
l 
l 
l 

I 
l 
l 
l 
l 
l 
1 
l 
I 
I 

In this example, during the first quarter cycle of the 
generated tone, only Fourier components having an 
order n=6 or greater are included in the computation. 
The number of components included in the computa 
tion increases until the eleventh quarter cycle, at which 
time all W components are included. 
During decay, the higher order harmonics first are 

deleted from the amplitude computations. Within 
creasing time, fewer and fewer Fourier components are 
included, as indicated by the illustrative Table IV be 
low. 

20 

25 

to a gate 140. [f the register position 136-1 contains a 
binary one, the resultant signal on the line 139 enables 
the gate 140 to supply the harmonic coefficient C,‘ 
present on the line 37 via a line 37' to the harmonic co 
ef?cient sealer 38. This component is included in the 
waveshape amplitude calculation. On the other hand, if 
the register position 136-1 contains a binary 0, no sig 
nal is supplied on the line 139 and the gate 140 is dis 
abled. This prevents the corresponding harmonic coef 
?cient C" from reaching the scaler 38, thereby effec 
tively deleting the corresponding Fourier component 

TABLE IV 

Quarter 
Cycles of i——-—————-——— Order n of Fourier Component -—————————1 
Generated 

Tone I 2 3 4 5 6 7 B 9 I0 I I I2 I 3 l4 I5 16 

START OF 
DECAY I l I I l I l I I l I I I I l I 

I I I l I I 0 0 0 0 0 0 0 0 0 0 0 
2 I I l I I 0 O 0 0 0 0 O 0 0 0 0 
3 I I l I 0 0 0 0 0 0 0 0 0 0 0 0 
4 I I I I 0 O 0 0 0 0 0 I) 0 0 0 0 
5 l I I 0 O 0 0 O 0 0 0 0 0 0 0 O 
6 l I I 0 0 0 0 O 0 0 O 0 0 0 0 0 
7 I 1 0 0 0 0 0 0 0 0 0 0 0 O 0 0 
8 l l 0 0 0 0 0 0 0 O 0 0 0 0 O O 
9 I O 0 I] 0 0 0 O 0 0 I) 0 0 I] 0 0 
IO 1 O 0 0 0 0 0 O I) 0 O 0 0 0 0 0 

I I , 
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In the embodiment of Table IV, during the ?rst quar 
ter cycle of the decay, only Fourier components of 
order n=5 or less are included in the amplitude compu 
tation. All higher order Fourier components are omit 
ted. During later quarter cycles of the decay, additional 
Fourier components are deleted, until, at the tenth 
quarter cycle, only the fundamental component (n=1 } 
is utilized. 
The scheme illustrated by the Tables 11] and IV is im 

plemented by the circuitry 135 (FIG. 6). Speci?cally, a 
shift register 136 contains a single 16-bit binary num 
ber, each bit of which designates whether or not the 
Fourier component of corresponding order is to be in 
cluded in the amplitude computation. For example, at 
the start of attack, the shift register 136 will contain the 
number (000001 1111111111). This corresponds to 
the ?rst line of Table 111 above. Each bit is contained in 
a respective shift register position 136-1 through 
136-16 associated with a respective value of n. 
The contents of the shift register 136 is left-shifted by 

one position at each calculation time interval at”. The 
contents of the first register position 136-1 is provided 
via a line 137, an enabled AND gate 138 and a line 139 
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from the amplitude computation. 
The shift register 136 is loaded at the beginning of 

each computation interval upon occurrence of the r, 
pulse on the line 20. The number loaded into the regis 
ter 136 is established by a set of ?ip-?ops 142 cooper 
ating with an attack/decay cycle counter 143. The 
counter 143 is reset at the beginning of attack by oc 
currence of the “key depressed" signal on the line 50. 
This signal, supplied via an OR gate 144 and a line 145, 
resets both the counter 143 and all of the ?ip-?ops 142. 
Upon occurrence of the first full, half or quarter 

cycle pulse on the line 53, the counter 143 registers a 
count of 1. The resultant output on a line 146 sets a 
first ?ip-?op 142-1 to the I state. This enables a gate 
147 to supply binary l‘s to all of the shift register posi 
tions 136-6 through 136-16. The remainder of the flip 
?ops 142-2 through 142-6 remain in the 0 state. As a 
result, binary 0's are entered into each of the shift regis 
ter positions 136-1 through 136-5. In other words, the 
contents of the shift register 136 now coincides with 
the first line of Table III. Shifting of the register 136 
and readout onto the line 139 proceeds as described 
above, with the result that only Fourier components of 
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order n=6 or greater are included in the waveshape am 
plitude calculation. 
As additional quarter cycles of the tone are gener 

ated, corresponding pulses occur on the line 53. When 
the counter 143 reaches a count of three, the ?ip-flop 
[42-2 is set. Thus, upon occurrence of the next iI pulse 
on the line 20, binary l's will be entered into shift regis 
ter positions 136-5 through 136-16. The contents of the 
register 136 now will correspond to that of the third 
line of Table Ill. Accordingly, Fourier components of 
order n=5 or greater will be included in the amplitude 
computation. 
Operation in this manner continues, with the ?ip 

flops 142-3 through 142-6 being set respectively when 
the counter 143 reaches a count of 5,7,9 and 1]. 
Thereafter, binary l’s are loaded into all positions of 
the shift register 136 at each occurrence of the pulse tr. 
All W Fourier components are included in the ampli 
tude computation. 
A similar operation takes place during decay. The 

“start of decay" pulse, supplied via the line 124, the 
OR gate 144 and the line 145, resets all of the flip-?ops 
142 and the counter 143. In addition, the “start of de 
cay" pulse sets a ?ip-?op 149 to the 1 state. This dis 
ables the AND gate 138 and enables another AND gate 
150. Now the signal from the shift register position 
136-] is inverted by an inverter 151. The inverted sig 
nal is supplied via the enabled AND gate 150 and the 
line 139 to the gate 140. As a result of the inversion, 
occurrence of a binary l-bit in the register position 
136-1 will cause the gate 140 to be inhibited, thereby 
deleting the corresponding Fourier component from 
the waveshape amplitude computation. Conversely, ifa 
binary zero is present in the position 136-1, the gate 
140 will be enabled and the corresponding harmonic 
coefficient C,I will be supplied to the scaler 38. 
During decay, the shift register 136 is loaded in ex 

actly the same way as during the attack. Thus, upon oc 
currence of the ?rst pulse on the line 53 following the 
"start of decay", the counter 143 assumes a count of 
one, and the ?ip-?op 142-1 is set. The binary number 
(000001 1 l I l l l l l l l) is loaded into the shift register 
136. Now, because of the inversion operation just de 
scribed, the contents of the register 136 cause the first 
?ve Fourier components to be included in the wave 
shape calculation. However, all components of order 
n=6 or greater are deleted from the computation. That 
is, the circuitry accomplishes the harmonic modulation 
indicated by line one of Table IV above. As the decay 
progresses, fewer and fewer components are included 
in the calculation, until subsequent to the ninth pulse 
on the line 53, only the fundamental (n=l ) component 
is utilized. At count 11 the ?ip-flop 142-6 is not set, 
since an AND gate 152 is disabled during decay. When 
the decay terminates, the "end of decay" signal on the 
line 131 resets the ?ip-flop 149. This disables the AND 
gate 150 and enables the AND gates 138 and 152 in 
preparation for production of the next note. 
A limitation of the harmonic modulation system just 

described arises when the desired tone has few higher 
harmonics. For example, suppose that an 8-foot ?ute 
tone is played. This voice consists primarily of a single 
sinusoid at the fundamental frequency, hence only the 
Fourier component of n=l is of substantial value. Ac 
cordingly, if the attack scheme illustrated in Table III is 
used, little or no sound will be produced until the elev 
enth quarter cycle. At that time, generation of the fun 
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16 
damental will begin abruptly rather than gradually, An 
objectionable “keying click” also might resultv 

Similarly, ifa l-foot sinusoidal or ?ute-like tone were 
being played, a gradual attack would be achieved, but 
an abrupt decay would result, This is evident from 
Table IV, which shows that the l-foot signal (corre 
sponding to a harmonic order n=6) will end abruptly 
after the second quarter cycle of the decay. 
These limitations are overcome by using the addi 

tional circuitry 154 shown in phantom in FIG. 6. A set 
of switches 155 are associated with ?ute-like or similar 
sinusoidal voices. If an 8-foot sinusoidal stop switch 
155a is closed, the counter 143 is preset to a count of 
eleven. As a result, the attack proceeds immediately 
from the eleventh step listed in Table III above. Since 
this causes the shift register 136 to have all 1 ‘s to be en 
tered therein, all harmonics will be included in the 
waveshape amplitude computation immediately from 
the beginning of the attack. Since the selected 8~foot 
sinusoidal tone consists primarily or entirely of a single 
Fourier component of order n=l, this component will 
be included in the amplitude computation from the be 
ginning of the attack. The tone will come on gradually, 
exactly as desired. 

During decay, the counter 143 is disabled whenever 
any sinusoidal voice is selected. As a result, all O’s are 
loaded into the shift register 136, and all harmonic co 
efficients C, are supplied to the sealer 38. However, 
since only one of these coefficients C,, is of substantial 
amplitude, the tone continues to be produced through 
out the decay, with the envelope amplitude controlled 
by the decay scale factors 8(2) supplied on the line 39. 
There is no abrupt termination of the decay. 
To disable the counter 143 during decay, closure of 

any switch 155 provides a signal via an OR gate 157 to 
an AND gate 158. During decay, the 1 output of the 
flip-?op 149 enables the AND gate 158, so that a signal 
is supplied via a line 159 to the “disable" terminal of 
the counter 143. 
Another technique for modulating the harmonic con 

tent of the generated tone as a function of time during 
attack and decay is shown in FIG. 7. In this embodi 
ment, the attack and decay scale factor memories 47a, 
47b of FIG. 5 are not employed with the computor 
organ 10. Rather, separate attack/decay scale factors 
S(t),, are provided from a set of memories 160 for each 
of the constituent Fourier components. For example, 
during evaluation of the fundamental (n=l) Fourier 
component, the harmonic coefficient Cl present on the 
line 37 is scaled by the scale factor 3(1)l supplied from 
the memory 160-1 via an AND gate 161-] enabled by 
the n=l signal from the counter 18’. Similarly, the re 
maining Fourier components of order n=2 through 
n=16 are scaled respectively by separate scale factors 
provided from the memories 160-2 through 160-16 and 
the associated AND gates 161-2 through 161-16. 
Each of the memories 160 is accessed by an associ 

ated memory access control 162-1 through 162-16. 
These control circuits 162 all are responsive to the con 
tents of an attack/decay cycle counter 163 which 
counts the quarter, half or full cycle pulses received on 
the line 53 from the note interval adder 26.1n this man 
ner, the scale factors 5(1),, are updated selectively as 
time progresses during the attack and decay. This up 
dating need not be tied to the number of cycles of the 
generated tone. Alternatively, the counter 163 could 
count pulses from an optional clock 164 shown in FIG. 
7. This is accomplished when a switch 167, normally 
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set to the position 167a, is transferred to the position 
167b. 
The counter 163 is reset at the beginning of both at 

tack and decay. This is accomplished by providing the 
“key depressed” and “start of decay” signals via an OR 
gate 165 to the reset terminal of the counter 163. A 
flip-?op 166 indicates to the control circuits 162 
whether attack (A) or decay (D) is in progress. The 
?ip-?op 166 is set by the “start of decay" signal on the 
line 124. it is reset by a “end of decay” signal obtained 
from the counter 163 when a preset count is reached. 
This “end of decay” signal also is supplied via a line 
131' back to the attack/decay control logic 49 (FIGS. 
3 and S) to cause resetting of the ?ip-flops 118. The 
?ip-?op 166 is set to the 1 state only during decay, and 
remains in the 0 state during attack and sustain. The ar 
rangement of FIG. 7 provides complete ?exibility for 
modulation as a function of time of the harmonic con 
tent of the generated tone. 

Provision of extra voices for the computor organ 10 
is facilitated by the circuitry 170 of FIG. 8. Typically, 
the instrument 10 will be provided at the factory with 
not one, but a set of harmonic coefficient memories 13, 
13’ and associated access controls 36, 36'. Each of the 
memories 13, 13' will store a set of harmonic coeffici 
ents C,I associated with a respective voice. For exam 
ple, the memory 13 may include the coefficients of set 
“A” of Table I, while the memory 13’ may include the 
set “B” of Table I. Accordingly, if the stop tab switch 
171A is closed a diapason tone will be produced; if the 
stop 1718 is closed, a ?ute tone will result. 
The number of such memories 13, 13' contained in 

the instrument is of course an economic factor. Gener 
ally, the instrument manufacturer will provide suffi 
cient voices to satisfy the average user. However, 
greater ?exibility of voicing may be desired by the mu 
sician. For example, the instrument as sold may contain 
voices preferred for entertainment purposes. A musi 
cian, however, may desire voices that more accurately 
simulate pipe organ sounds. 
Voicing at the selection of the musician advanta 

geously is accomplished by providing the instrument It) 
with an external data insertion device 172 that is used 
to provide additional sets of harmonic coef?cients C,I 
to the instrument. For example, the device 172 may be 
a punched card reader, a punched tape reader, an opti 
cal reader that senses marked cards or tape, a magnetic 
card or magnetic tape reader, a diode pegboard, or 
merely a set of switches. 
The optional voice is selected by turning a switch 173 

to connect with a terminal 173a. This connects a ran~ 
dom access “scratch pad" memory 174 via a line 175, 
the switch 173 and a line 37b to the scaler 38. As a re 
sult, during the waveshape amplitude computations, 
the appropriate coefficients C, are supplied from‘the 
memory 174 under the direction of a memory access 
control 176 that receives the present value n from the 
line 19. 
The optional voice harmonic coefficients are entered 

into the random access memory 174 from the insertion 
device 172 when a switch 177 is in the position shown 
in FIG. 8. For example, the device 172 may be a 
punched card reader. The instrument manufacturer 
may provide to a user a deck of punched cards, each of 
which contains in coded form a set of harmonic coeffi 
cients associated with a different voice. The musician 
will then select the desired voice, and feed the card into 
the device 172. The coefficients will be transferred into 
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the random access memory 174, from which they will 
be accessed as required during the real time waveshape 
synthesis. 
As an alternative, the instrument may be provided 

with a relatively large, read only memory 178 that con 
tains many sets of harmonic coefficients associated 
with different voices. The switch 177 then may be used 
to select which of these stored extra voices is to be 
transferred into the random access memory 174 for uti 
lization by the computor organ 10. 
For further ?exibility, voices may be combined. 

Thus, e.g., if the switch 173 is set to the position 173b, 
the harmonic coefficients stored in the random access 
memory 174 will be combined with those provided 
from the selected memory 13, 13'. The combined coef 
ficients, summed by an adder 179, are provided to the 
scaler 38 so that the instrument 10 will produce notes 
having the combined tonal characteristics of two or 
more separate voices. 
The various components of the musical instrument 

disclosed herein are conventional circuits well known 
in the digital computor art. As indicated by the follow~ 
ing Table V, many of these items are available commer 
cially as integrated circuit components. 

TABLE V 

Conventional Integrated 
Component Circuit‘(or other reference) 

Note interval adder 26 (a) SlG.8260 arithmetic logic 
and harmonic interval element [p.37] 
adder 29 

(b) SIG.8268 gated full adder 
[ll-97] 

(c) Tl SN54B3, SNS483 4-bit 
binary full adders[p.9—27 l ] 
a(may be connected as 
shown in Flores‘ Section 
ll.l to accumulate sum) 

Sinusoid table 32 and (a) TI TMS440S sinusoid table 
memory address decoder and addressing circuitry 
31 

(1:) TI TMS4400 ROM containing 
512 words of S-bits 
[p.l4—l88] programmed 
to store sin values 
May be implemented as shown 
in application sheet SIG 
catalog. p.28 using SIG 
8202 buffer registers and 
8260 arithmetic element 
Also can be implemented using 
SIG 8243 scaler [p.65] 
Same as harmonic amplitude 
multiplier 41 
SIG 8223 read-only memory 
which includes 
address control circuitry 

Harmonic Amplitude (a) 
Multiplier 41 

(b) 

Harmonic coefficient 
sealer 38 
Harmonic coefficient 
storage 92 and storage 
access control 97 

‘TI = Texas lmtrucment Co. (Page references are to the Tl “integrated Circuits 
Catalog for Design Engineers“, First Edition. January, 1972] SIG == Sugnetics. Sun’ 
nyvale, California [Page references are to the SIG “Digital 8000 Series TTL/MSl“ 
catalog, copyright l97l I 
‘Flores, lvan “Computer Logic" Prentice-Hall. 1960 

Intending to claim all novel, useful and an obvious 
features shown or described, the applicant claims: 

1. In a musical instrument of the type including gen 
eration means for computing in real time the ampli 
tudes at successive sample points of a musical wave 
shape, and a converter for converting said waveshape 
amplitudes to musical signals as the computations are 
carried out, said generation means including circuitry 
for individually calculating the constituent Fourier 
components of that musical waveshape and an accumu 
lator for summing these Fourier components to obtain 
each waveshape amplitude, the relative amplitudes of 
said Fourier components with respect to each other 
being established by a set of harmonic coefficients, the 
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improvement Comprising; 
means for adding to one of said harmonic coefficients 
a single binary word consisting of all binary 0‘s and 
a single binary l—bit to produce a transient voice 
having a relative amplitude established by the posi 
tion of said single l-bit within said word, said tran 
sient voice having a substantially sinusoidal wave 
shape. 

2. In a musical instrument of the type including gen 
eration means for computing in real time the ampli~ 
tudes at successive sample points of that waveshape, 
and a converter for converting said waveshape ampli 
tudes to a musical tone as the computations are carried 
out, said generation means including circuitry for indi 
vidually calculating the constituent Fourier compo 
nents of that musical waveshape, and an accumulator 
for summing these Fourier components to obtain each 
waveshape amplitude. the relative amplitudes of said 
Fourier components with respect to each other, and 
hence the voice of the produced musical tone, being 
established by a set of harmonic coefficients, said in 
strument being provided with several such sets of har 
monic coefficients and with stop tab switches to permit 
selection of which of such provided sets is utilized by 
said generation means, the improvement for providing 
additional voices to said instrument comprising: 

storage means within said instrument for storing an 
optionally inserted set of harmonic coefficients, 

a switch for connecting said generation means to uti 
lize the harmonic coefficients from said storage 
means when said switch is in one position and for 
connecting said generation means to utilize a set of 
harmonic coefficients provided in the instrument 
when said switch is in another position, and 

an external data insertion device for entering said op 
tional set of harmonic coefficients into said storage 
means. 

3. In a musical instrument of the type including gen 
eration means for synthesizing a musical waveshape by 
computing in real time the amplitudes at successive 
sample points of that waveshape, and a converter for 
converting said waveshape amplitudes to musical sig 
nals as the computations are carried out, said genera 
tion means including first circuitry for individually cal 
culating the constituent Fourier components of that 
musical waveshape, and an accumulator for summing 
these Fourier components to obtain each waveshape 
amplitude the relative amplitudes of said Fourier com 
ponents with respect to each other being established by 
a set of harmonic coefficients utilized by said first cir 
cuitry, each harmonic coefficient having the same 
order as the corresponding Fourier component, the im 
provement for dynamically modifying the voice of the 
produced musical signals, comprising: 

storage means for storing voice modification data 
each associated with a Fourier component of 
corresponding order, each such voice modifica 
tion data designating the extent to which the rela 
tive amplitude of the corresponding Fourier 
component should be altered, 

access control means for supplying each voice 
modification data from said storage means in uni 
son with calculation of the Fourier component of 
corresponding order, and 

modification means for modifying the harmonic 
coefficient of corresponding order in accordance 
with said supplied voice modification data, the 
modified harmonic coefficients being utilized by 
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said generation means to establish the relative 
amplitude of the corresponding Fourier compo 
nent. 

4. A musical instrument according to claim 3 wherein 
said voice modi?cation comprises addition of a tran 
sient voice, and wherein; 

said storage means comprises a register containing a 
single transient voice related harmonic coefficient 
of a specified order, wherein 

said access control means comprises a comparator 
for comparing the order of the Fourier component 
presently being calculated with the order of said 
single transient voice related coefficient, and gate 
means for supplying said transient voice related co 
efficient from said register to said modi?cation 
means when said comparator detects identity be 
tween the compared orders, and wherein 

said modi?cation means comprises an adder for add 
ing said transient voice related coefficient to the 
harmonic coefficient of corresponding order. 

5. A musical instrument according to claim 4 wherein 
said transient voice related coefficient consists of a bi 
nary word having a single binary " l ” bit, the position of 
said l-bit in said word establishing the relative ampli 
tude of the transient voice, further comprising: 

transient voice amplitude control means for altering 
the position of said single l-bit in said register to 
control the relative amplitude of said transient 
voice. 

6. A musical instrument according to claim 5 wherein 
said register comprisies a shift register, and wherein 
amplitude control means comprises; 

shift means for shifting the contents of said register at 
controlled time intervals. 

7. A musical instrument according to claim 3 wherein 
said voice modi?cation comprises addition of a tran 
sient voice, wherein 

said storage means contains a set of transient voice 
related harmonic coefficients of different order, 
and wherein 

said modification means comprises an adder for add 
ing each supplied transient voice related coeffici 
ent to the harmonic coefficient of corresponding 
order. 

8. A musical instrument according to claim 7 wherein 
said transient voice produces a chiff effect, and 
wherein the only transient voice related harmonic coef 
ficient of non-negligible value in said set is that coeffici 
ent associated with the Fourier component contribut 
ing a third or fifth harmonic to said musical waveshape. 

9. A musical instrument according to claim 7 to 
gether with; 
means for altering the values of the transient voice 

related harmonic coefficients contained in said 
storage means at controlled time intervals. 

10. A musical instrument according to claim 3 
wherein said voice modification comprises modi?ca 
tion of the harmonic content of said musical signals, 
wherein: 

said storage means comprises a shift register storing a 
set of binary bits each associated with a particular 
Fourier component order, the value of each bit 
designating whether or not the correspondidng 
Fourier component is to be included in the wave 
shape amplitude summation, and wherein 

said modi?cation means comprises a gate for en 
abling the associated harmonic coefficient to be 
utilized by said generation means if the corre 
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sponding bit is of one binary value, and for provid 
ing a zero-valued harmonic coefficient to said gen 
eration means if the corresponding bit is of the 
other binary value. 

11. A musical instrument according to claim 10 fur 
ther comprising; 
means for loading different sets of binary bits into 

said shift register at controlled time intervals, so 
that during attack the value rim," is decreased pro 
gressively with time, where rim", is the lowest Fou 
rier component order included in the waveshape 
amplitude summation during attack, and so that 
during decay the value rim“ is increased progres 
sively with time, where nm“ is the highest Fourier 
component order included in the summation dur— 
ing decay. 

12. A musical instrument according to claim 3 
wherein said voice modi?cation comprises modulation 
of the harmonic content of said musical signals, 
wherein 

said storage means comprises a plurality of memories 
each containing a set of attack/decay amplitude 
scale factors associated with a respective Fourier 
component order, wherein ‘ 

said access control means is time controlled to access 
different scale factors from said memories at differ 
ent times during waveshape generation. and 
wherein 

said modi?cation means comprises a scaler for multi 
plying each harmonic coefficient by the scale fac 
tor currently accessed from the memory that stores 
factors of corresponding order. 

13. A musical instrument according to claim 3 to 
gether with an external data insertion device opera 
tively connected to said ?rst circuitry for providing said 
set of harmonic coefficients to said musical instrument, 
said provided harmonic coefficients being utilized by 
said generation means to establish the tonal quality of 
the generated musical signals. 

14. In a musical instrument of the type having: 
first means for computing the Fourier components of 
a periodic complex waveshape at successive sam 
ple points, said Fourier components being com 
puted separately for each sample point, said com 
putations occurring at a clock rate independent of 
the period of said waveshape, the computed Fou 
rier components having different respective orders 
n between a minimum order nm", and a maximum 

order rim“, 
accumulator means for adding the component values 

calculated by said ?rst means to obtain the wave 
shape amplitude at said each sample point, and 

means for providing musical notes from the wave 
shape amplitudes obtained in said accumulator 
means, and wherein said first means comprises: 
note selection means including keyboard switches 

for selecting a frequency number establishing the 
separation between successive sample points, 
said number thereby establishing the period of 
the resultant musical note, 
note interval adder, operative during each suc 
cessive amplitude computation, to add said se 
lected number of the sum previously contained in 
said note interval adder, the resultant contents of 
said note interval adder representing the sample 
point for which said waveshape amplitude is 
computed, 
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means for obtaining a trigonometric value, the ar 
gument of said trigonometric value being the 
product of the said sample point designated by 
the contents of said note interval adder times the 
order of the Fourier component presently being 
calculated, 

a harmonic coefficient memory storing a set of har 
monic coefficient values designating the relatiive 
amplitude of each constituent Fourier compo 
nent ofa principal tone with respect to the ampli 
tudes of the other constituent Fourier compo 
nents of that tone, and 

a multiplier for multiplying each obtained trigono 
metric value by the modi?ed harmonic coeffici 
ent of order corresponding to that of the Fourier 
component presently being calculated the prod 
ucts of such multiplication being the calculated 
Fourier component values which are added by 
said accumulator means to obtain the sample 
point amplitudes, 

the improvement for modifying the tonal quality of 
the provided musical notes during portions of note 
production, comprising; 

attack and decay signal means, responsive to depres 
sion and release of any keyboard switch, for pro 
viding respective start of attack and start of decay 
signals, and 

modi?cation means for modifying the harmonic coef 
ficients accessed from said harmonic coef?cient 
memory as a function of time during the attack or 
decay periods initiated respectively by said start of 
attack and start of decay signals, the resultant mod~ 
i?ed harmonic coefficients being supplied to said 
multiplier. 

15. A musical instrument according to claim 14 
wherein said tonal quality is modified by the addition to 
said principal tone of a transient voice, said modifica 
tion means comprising: 
a storage device containing at least one transient 

voice-related harmonic coefficient, and 
an adder for adding each transient-voice-related har 
monic coefficient to the principal-tone-related har 
monic coefficient of corresponding order to obtain 
a modi?ed harmonic coefficient that is utilized by 
said multiplier during calculation of the Fourier 
component value of corresponding order. 

16. A musical instrument according to claim 15 to 
gether with; 

a transient duration counter, responsive to the con 
tents of said note interval adder, for counting the 
number of fractional cycles of the provided musical 
note that have been generated since occurrence of 
said start of attack signal, and 

means for changing the values of the transient-voice 
related harmonic coefficients in said storage device 
in response to the count of said transient duration 

counter. 
17. A musical instrument according to claim 16 

wherein said storage device is a register storing a single 
transient-voice-related harmonic coefficient that is 
added to the principal-voice-related harmonic coeffici 
ent of corresponding order for a period of time estab 
lished by said transient duration counter, resulting in 
the production ofa transient voice of substantially sinu 
soidal waveshape. 

18. A musical instrument according to claim 17 
wherein said single transient-voice-related harmonic 
coefficient consists of a binary number having a single 
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binary I bit. together with clock means for shifting the 
position of said single 1 bit in said number, and hence 
changing the relative amplitude of the transient voice, 
as a function of time, 

19. A musical instrument according to claim 15 to 
gether with‘, 

an attack scale factor memory containing a set of at 
tack scale factors that establish the amplitude en 
velope of the generated principal tone during at— 
tack, 

attack memory access control circuitry, initiated by 
said start of attack signal and responsive to the 
number of cycles of the generated tone, for access' 
ing successive attack scale factors from said scale 
factor memory, and 

a scaler for scaling the modi?ed harmonic coeffici~ 
ents by the scale factor value currently accessed by 
said control circuitry prior to utilization of said 
modi?ed harmonic coefficient by said multiplier. 

20. A musical instrument according to claim 19 
wherein the summed transient-and principal-voice 
related harmonic coefficients from said adder are 
scaled by said sealer, so that the combined principal 
tone and transient voice both have an envelope estab 
lished by said stored attack scale factors. 

21. A musical instrument according to claim 19 
wherein only said principal-voice-related harmonic co 
efficient is scaled by said scaler prior to addition to said 
transient-voice-related harmonic coefficient in said ad- 30 
der, so that only the principal tone but not the transient 
voice has an envelope established by said stored attack 
scale factors. 

22. A musical instrument according to claim 14 
wherein said tonal quality is modified by selectively, 
programmatically deleting certain Fourier components 
from each waveshape amplitude computation during 
attack and decay, and wherein said modi?cation means 
comprises: 

a storage device containing a single binary word hav 
ing one binary digit associated with each Fourier 
component that can be included in each waveshape 
amplitude computation, 

a gate, operative as each harmonic coefficient is ac 
cessed from said harmonic coefficient memory, for 
permitting said accessed harmonic coefficient to be 
utilized by said multiplier if the associated binary 
digit is of one binary value and for providing a zero 
valued harmonic coefficient to said multiplier if the 
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associated binary digit is of the other binary value, 
and 

time controlled means, initiated by said start of at 
tack or start of decay signals, for selectively alter 
ing said single binary word at certain time intervals 
during attack and/or decay, 

23. A musical instrument according to claim 22 
wherein: 

said storage device comprises a shift register that is 
shifted in unison with the accessing of said har 
monic coefficient memory, the contents of one po 
sition of said shift register being used to control the 
enabling of said gate, and wherein 

said time controlled means comprises a counter, 
' reset by said start of attack and start of decay sig 

nals and responsive to the contents of said note in 
terval adder, that counts the number of cycles of 
fractional cycles of the principal tone that have 
been generated since the start of attack or decay, 
and load circuitry for entering different binary 
words into said shift register when the counter 
reaches certain preset count values. 

24. A musical instrument according to claim 23 
wherein said load circuitry enters data into said shift 
register that cause the value of the minimum order rim", 
to be decreased progressively during attack, and that 
cause the value of the maximum order rim" to be de 
creased progressively during decay. 

25. A musical instrument according to claim 24 fur 
ther comprising circuitry for preventing such alteration 
of constituent Fourier component minimum and maxi 
mum order when a principal tone having a substantially 
sinusoidal waveshape is being generated. 

26. A musical instrument according to claim 14 
wherein said modification means comprises; 

separate attack/decay scale factor memories each 
containing a set of attack/decay amplitude scale 
factors associated with a respective Fourier com 
ponent order, 

time dependent access control means, initiated by 
said start of attack and start of decay signals, for 
accessing different scale factors from each attack 
ldecay scale factor memory at different times dur 
ing attack and decay, and 

a harmonic coefficient scaler for multiplying, each 
harmonic coefficient accessed from said harmonic 
coefficient memory by the currently accessed at 
tack/decay scale factor of corresponding order, 

;I‘ * * it * 


