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correspond to his MJUSIC V patch. This has caused sonme confusion, since 25

| mpl.enent ati ons_based on the farmula will sopetines give inconpatible
xesufts to inplenentati ons based on the MJSIC V patch, even though it was

t hought that the inplenentations were the sane. This confusion has taken
sopge years to sort out. WO 96/ 31867

PCT/ | B96/ O¥R86BB6E ode Hol m gi ves perhaps the best summar yFOF BRS¢ i ng
confusion and its resolution in his artjcle "Understandi ng FM

| mpl enentations: A Call for Common Standards," Conputer Misic Journal, vol.
16, no. 1, pp. 34-42 (1992). Hol mconcludes that there are actually two

di stinct nethods of FM synthesis, one 5 using Chowning' s formul a and one
using his particular MJSIC V patch inplenentation. Holm s anal ysis shows,
mat hemati cal ly, that Chowning's fornula actually inplenments phase

nmodul ation, while the MJUSIC V patch is "true" frequency nodul ati on. The
respective mathematical fornulas best illustrate the difference 10

bet ween Chowni AN APPAR/ : 3 y A

Chowni ng’ s FM synt hes

5 Fieldofthel .
This invention relates to a method and apparatus for synthesizing
musical sounds by frequency modulation using a filter, and in particular, a highpass
filter. ' ~

. 10  Background of the Invention
Frequency modulation has become a popular technique for

synthesizing musical sounds in applications where higher fidelity can be traded off for
lower cost. Using frequency modulation to synthesize musical sounds
("FM synthesis") was first described by John Chowning in his landmark 1973 article

15  "The Synthesis of Complex Audio Spectra by Means of Frequency Modulation,"
Journal of the Audio Engineering Society, vol. 21, no. 7, pp. 526-535. Chowning also
described a barticular frequency modulation technique in his article, which he pictured
schematically as a MUSIC V "patch," or software code that can be patched into the
MUSIC V sound synthesis program. |

20 In his article, Chovming gave a mathematical formula for his frequency
modulation technique, and he later obtained a patent, U.S. Patent No. 4,018,121,
based on that mathematical formula. Interestingly, although Chowning did not
mention it, the formula he gave for his frequency modulation technique does not
correspond to his MUSIC V patch. This has caused some confusion, since

25  implementations based on the formula will sometimes give incompatible results to
implementations based on the MUSIC V patch, even though it was thought that the

implementations were the same. This confusion has taken some years to sort out.



E(t)= A(t)sin([err]+1(t)sin([err])) 1 where E(t) is the

I nst ant aneous- anpl i tude—of_the synthesized nusical note, [err] is the _
Carrier frequency, I(t) is the time varying nodul ation index, and [err] is
t he nodul ation frequency. As is evident to those skilled in the art, 1(t),
[err] and [err] can be varied with 15 time to create the desired "tone
color" for QL@9§7C tone pitch provided by [err]. In cont P&IABIMEON\ S| C v
pat ch presented by Chowni ng, expressedsas a formula, is: E(t) =
A(t)sin([[err] + I(t)[err]sin([err]t)]?? 2 Note that the differences

bet ween the two equatio re.that the nodulation term.js now nultiplied by
the factor [err] and th?ﬁﬁé°@ﬂ‘ﬁs€°§\’%ﬂﬁhﬁgﬁwm°?mws W%}'ﬁﬁm -
function, rathad isfesdlyties in bis aiticle "Undenstandihg FM Infflerhontdtions:l2ChNforl - Because

of these differences, the two approaches give inconpatible results in sone

cases. |t shoufemmen Standards.hGomputemMutie Jouraalcval gl6anp-dn 5p-34e42d0BDl i n
under st andi ng {?ﬁﬁ?st. %?E iaﬁwﬁgfh;cnﬁ tinbP ?‘Bpio;ﬁﬁg Iy
appr oxi nat e thlg%péedrag | onth%f géac u | rrpi1 ementati ons o?y%t#e}%ycﬂlgé\?mi ng
fornul a and t hsing ChovmihgsTormyla andone kising hisparticuinn MITSICV pachual
I mpl ement ati ong roaches the forpulas above onl S e sanpling. period
used in the os’t‘ﬂﬁ%’?"a L‘Bﬁﬂ?&?‘“z’b?ﬁ?* '%ﬁl?%&?ﬁ;" &?&&gmgq?@qﬂ%*“as appl y
only when the aRiaR{ amplemnts PRase rodifafior whilte ik NISIC ¥ fatch'is ®REk" frequency

modulation. '

The respective mathematical formulas best illustrate the difference
10  between Chowning's FM synthesis formula and his actual MUSIC V patch.
Chowning's FM synthesis formula is:

E()= AWsin(e 1 + I(Ysin(w 1) 1
where E(t) is the instantaneous amplitude of the synthesized musical note, ©, is the
carrier frequency, I(t) is the time varying modulation index, and o, is the modulation
frequency. As is evident to those skilled in the art, I(t), © and o, can be varied with

15 time to create the desired "tone color” for the basic tone pitch provided by o,.
In contrast, the MUSIC V patch presented by Chowning, expressed as
a formula, is:

- E)= AWsin(fo.+ D)o .sin(0 )]0 2
Note that the differences between the two equations are that the modulation term is
now multiplied by the factor m,, and that the entire argument of the outer sine
20 function, rather than just ®, is now multiplied by the factor t. Because of these
differences, the two approaches give incompatible results in some cases.

It should be noted that although these equations are helpful in
understanding the theoretical basis for the two approaches, they only approximate the
operation of the actual implementations of the Chowning formula and the MUSIC V

25  patch. The operation of thé actual implementations approaches the formulas above
only as the sampling period used in the oscillators approaches zero. Moreover, the

above formulas apply only when the waveform of the outputs of both the carrier and
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are not, as is often the case, the actual operation of the inplenmentation
deviates fromthe applicable fornula. Follow ng Chowning's article, a

nunber of o) esigned real -tinme synthesizers using the g@&hgﬁs
descri bed %%hi%ﬂl ng. Many designed 5 I npl enent ati ons bgg:g on e MJSIC
V patch. Mst ofthese inpl enentations gsed phase increnment oscillators,

whi ch used as their frequency or "phase increnent” input the sumof a
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MJSI C V patch work quite musi ¢ synthesis Under very linmted
ci r cunst anBes implemjentatipns; haseskoncthe MUSKC V ipaichh Mostof these implementationsrused at
very slow rate . (t an.si.nply,be appropriatelyv scaled by the.,.
controlling c8@%&%%@“@%&%Hﬁ”%@‘%’ﬁﬁyﬂaﬁ%ﬁ?&ﬁﬂ@ﬁe‘? utre, as
fshovvrl_ abovlel, mtbeswwh cq6# Slowly timé Varying) Réciienty Pardmhetér whd ©AE 61 Mbresi ne
unction all ows _the
audio rate "frequency modulation” inputs. Others designed analog implementations
using analog voltage-controlled oscillators to implement the MUSIC V patch. Both

10  the analog and digital implementations expanded on the Chowning article,

demonsfrating such features as multiple modulators and carriers, cascaded FM
oscillators, and self-modulation. _
Implementations based on the MUSIC V patch work quite well for
music synthesis under very limited circumstances. If ®,, is essentially fixed (time
15 varying only at. very slow rates), I(t) can simply be appropriately scaled by the
controlling computer without substantial extra computation. Furthermore, as shown
above, the common factor "t" in the argument of the carrier sine function allows the
"t" to be factored out of both terms. This then allows the output of the modulation -
oscillator, I{t)o,sin(w,t), to be added directly to the carrier frequency «, before
20  applying this sum to the carrier oscillator phase increment input. Hence, this is truly
| frequency modulation, and the carrier oscillator need only have a single frequency
input. |
Unfortunately, if o, is time varyihg at a substantial rate, as is common
in certain applications, then I(t) must be scaled in a rapidly time varying 'manner in
25 order to produce reasonably sounding results. Because the number of multiplications
per second required to accomplish this is substantial, implementations based on the
MUSIC V patch become costly to implement. |
Also, the MUSIC V patch itself gives similar audible resulté to the
Chowning formula only when the modulator output waveform is n_ominally a
30 sinusoid. If waveforms with substantial harmonic content are included, such as the

commonplace sawtooth or square waveforms, some deviation occurs between the two



"t" to be factored out of both terns. This then allows the output of the
modul ation oscillator, I(t)[err]sin([err]t), to be added directly to the
arrier frequency [err] before 20 applying this sumto the carrier
oscillator phase increnent input. Hence, this is truly frequency

nmodyl ation, and the carrier oscillator need only have a single frequency
input. UnfO¥PaS#B&y if [err] is time varying at a subst L. , as-
is common in certain applications, then I (t) nust be scaled in a rapidly
time varying nanner in 25 order to prloduce reasonably sounding results.
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results to the Chowning fornmula only when dul ator output waveformis
nom nal |y a 30nultiplied hyoitscown ¢ffestive-dartorgencrateaudibly simildr a¢sultstorthei ¢ cont ent

devi ot on oo (TR i, ORRERR sAEGAGH SRaoRl, oF MRSl &t SivlBom O™
PCT/I896/06466mﬂmﬁmmnnmﬁmuﬁpnw&unjbdalnu50|daI har noni ¢ conponent of the
waveform Specifically, To avoid additional computations, most implementations based on the
MUSIC V patch simply multiply by the o, for a nominal sinusoid, rather than
multiplying each sinusoidal harmonic component by its own ©,,. These
implementations, therefore, give results that are not compatible with implementations
10  based directly on the Chowning formula in cases where the modulator output is not
nommally a sinusoid.
Accordmgly, existing FM synthesis nnplementatlons based on the
MUSIC V patch have some disadvantages. They require numerous multiplications,
which are costly. They can also give incompatible results, particularly in the case of
15 sawtooth and square waveforms. However, because they do not require two
frequency inputs to the carrier phase increment oscillator, they do have some
advantages over direct implementations of the Chowning formula. '
In contrast to the MUSIC V patch, when implemented directly the
Chowning formula performs "phase modulation” instead of true frequency |
20 modulation. Because a frequency integrated over time is a phase, the term I(t)sin(®t)
in Chowning's formula is actually being added to a phase, é)ct, rather than a frequency.
Moreover, this addition is done within the carrier phase increment oscillator, rather
than as a distinct addition operation performed prior to the frequency being input to
that oscillator, as is the case in true frequency modulation. Accordingly, as Holm
25. points out, a direct implementation requires two distinct inputs into the carrier phase
increment oscillator, one input representing the "static™ frequency and the other a
“phase modulation” increment value.
Like those based on the MUSIC V patch, existing phase modulation
implementations based directly on the Chowning formula also have some

30 disadvantages. They require a phase increment oscillator with both a frequency and a



such cases, the ith sinusoidal harnonic conponent in the MJSIC V patch nust

be.nultiplied-hy its own effective [err] to generate audibly simlar

sresufts to the Chowning formula. Once the sinusoids are conbi ned, as with a
square or sawtooth 5 waveform this is inpractical to do. To av0|d

addi tional conputations, nost inplenentations based on the MJSIC V patch

si iply nul MOASEINT t he [err] for a noninal sinusoid, rat he?cfmﬁm“g

mul ti pl yi ng each sinusoidal harnonic conponent by its own [err]. These

i npl enentations, therefore, give result$ that are not corrpati ble with

I mpl enent ati on bas rectly. on Chowni a_in, cases where
tg nodul at or P E b'ﬂﬂ“t’@“ﬁb‘fﬂﬁﬁ?ﬂ’w %Wa@@%m p%&i m.% “"ﬁ%"stl ng FM
synt hesi s Iﬁphﬁgﬁﬁkﬂtﬁ@ﬂ@dhﬁﬁ-ed on the MJSIC V patch have sone

di sadvant ages hey require numerous nultiplications, which are costly.
They can al so give i ncoNpnt ofitheexiging|implementations af. &M%W&P&E@%f 15
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contrast to the S| C n d dicectl Chowm
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nodul ati on. m nﬁn&ﬁﬁﬁﬂﬂﬁ?&fﬁﬂhﬁﬂéﬁhﬁﬂh&v&ﬁb&h&ﬁwﬁb?tll@ase the term

I (t)sin([err]t) in Chowning' s fornula Is actually belng added to a phase,.
[err], rather maﬁmagcall'yg@myncghase modulation based directly on Chowning's formula.
Moreover, unless a number of multiplications are done, none of the implementations
10  based on the MUSIC V patch give audibly similar results for all types of waveforms,

both sinusoidal and not, to the results of implementations based directly on

Chowning's formula.

_ Summary of the Invention

15 This invention provides a new circuit and method for synthesizing
musical sounds. In one embodiment, the invention includes a first order FIR highpass
filter that is placed between a inodulation phase increment oscillator and a carrier
phase increment oscillator. The invention may also include waveshaping circuits,
multipliers, time division multiplexing, and other types of filters.

20 : Another embodiment of the invention provides a music synthesis
method where a modulation phase increment is multiplied by a modulation index to
produce a modulation signal. That modulation signal is then filtered and added to a
carrier phase increment. Finally, that sum is multiplied by an amplitude envelope to
produce a signal representing a musical sound. The method may include using a first

25  order FIR highpass filter, waveshaping of both sinusoidal and non-sinusoidal
.waveforms, additional multiplying and time division multiplexing.

The invention also includes self-modulation and cascading.



Moreover, this addition is done within the carrier phase increnent
oscillator, rather than as—a-distinct addition operation perforned prior to
the frequency being input to that oscillator, as is the case in true
frequency nodul ati on. Accordingly, as Holm2 5 poi nts out, a direct

I mpd enentation requires two distinct inputs into the carrier_phase

i ncr enent &@M’g r, one input representing the "static" fREJBNY60nd t he
ot her a "phase nodul ati on" increnent value. Like those based on the MJSIC V
pat ch, existing phase nodul ation inplefrentati ons based directly on the
Chowni ng fornu . . disadvantages. They require a phase

I ncrenment osci 0 0 Equency and a WO 96/ 31867

PCT/ 1 B96/ 00460 5 phase i nput, which adds conplexity, and thus expense, to

the circuitry required tQ inpplengnt the oscillator. None of the existing
i npl ement ations of eithe °G%Fﬁﬁﬁ?§g“‘£ﬁ§ﬁf‘5 Wﬁﬁfﬁ&P@Wétmagﬂé’eof t he
t wo approaches,wtwemﬂédmgﬁ(gfnm%m%m%ge@ﬁ%% I&glﬁfl ts that

are audi bly corrﬁgti ble. I'n partic none co y of the
MUSI C V pha@se whichenent oscillator, with its-single frequency input,

Figure 1 shows a signal flow diagram of a known phase increment
oscillator.
Figure 2 shows graphically the basis for creating the eight standard
"OPL3" waveforms using a waveshaping circuit based on quadratic splines.
10 _ Figure 3 shows graphically the creation of the eight standard "OPL3"
waveforms using a waveshaping circuit based on quadratic splines;
Figure 4 shows a block diagram of a hardware implementation of a
‘waveshaping circuit based on quadratic splines. |
Figure 5 shows the relationship of signals in a waveshaping circuit
15  based on quadratic splines for the eight "OPL3" waveforms.
Figure 6 shows a signal flow diagram of a known first order FIR
highpass filter. -
Figure 7 shows a signal flow diagram of an embodiment of the present
invention.
20 : Figure 8 shows a signai flow diagram of the present invention in self-
modulated form.
Figure 9 shows a signal flow diagram of the present invention in
cascaded form. _
Figure 10 shows a block diagram of the present invention implemented
25  in multichannel real time hardware.
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It should be noted that, as used in this
10  specification and the appended claims, the singular forms "a", "an" and "the" include

the plural referents unless the context clearly dictates otherwise.

‘ Unless defined otherwise, all technical and scientific terms used herein
have the same meaning as commonly understood by one of ordinary skill in the art to
which this invention belongs. Although any methods and materials similar or

15 equivalent to those described herein can be useful in the practice or testing of the
present inventibn, preferred methods and materials are described below. All
publications and patents mentioned herein are incorporated herein by reference.

This invention provides a method and apparatus for replacing the
multiplication by o, of the modulator output in a true frequency modulation

20  implementation with a highpass filter. Rather than explicitly multiply the modulator
output by @,, as suggested by Chowning in his article, the modulator output instead
passes through a ﬂrét order highpass filter with a cutoff slope of 6 dB per octave.
Such a cutoff slope means that for each octave of increase in modulator frequency, the
amplitude is doubled. _ _

25 As will be evident to those skilled in the art, this highpass filtering
operation is in principle the same as multiplying each sﬁmoidd harmonic component
of the oscillator output by its own frequency. Thus, it accomplishes the desired
multiplication of each harmonic component of a spectrally rich waveform by the
appropriate factor. _

30 Accordingly, this invention can be used to implement the Chowning

MUSIC V patch formula while eliminating the troublesome w,, multiplication. It also
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6 Brief Description of the Drawi ngs The objects, features and advantages of
the present invention will be apparent to one skilled in the art in |ight
of the followi ng detailed description in 5 which: Figure 1 shows a signal
fl ow di agram of a known phase increnent oscillator. Figure 2 shows

gr aphi cal | yWOr6316%i s for creating the el ght standard " OPLPCRABHMs Using
a waveshaping circuit based on quadrati g splines. 10 - Figure 3
shows graphically the creation of the eight standard "OPL3" waveforns using

gl \gg\r/:rsnhg!?l ggh é‘&g#otér%@ed on uadr a cars% i nes. Fi gﬂg&éﬁ?&g@gﬂbl ock
aveshapi ng. ol e E‘IE“&BES;‘?&‘%’)?‘S*J?M’% Pl Rpidi RGEs o, o 5.
wavef or ms. Fi g@ndibly compatibla withghe:Chdviming fd!mglaaunt still zeqknmml)f a smgleor der FIR
frequency input into the carrier phase increment oscillator. This combines the
5 simplicity of true "frequency modulation," using a simple MUSIC V-type phase
increment oscillator having a single frequency input, with the computational benefits
of the "phase modulation” technique.

Various embodiments of the present invention are illustrated in

Figures 1 through 10. These embodiments will first be described in terms of

10 conventional signal flow dlagrams.

Figure 1 shows a flow diagram for a simple phase increment oscillator.

The actual MUSIC V oscillators, as well as those of most subsequent real-time
synthesizers, were implemiented as “phase increment” oscillators. While many
variations of this oscillator exist, including in particular numeroﬁs connection

15 topologies for implementing various FM patches, the fundamental core of the
oscillator remains unchanged.

In a phase increment oscillator, a phase value is stored in a register or
memory, and at each successive sample period it is incremented by a phase increment,
which represents the instantaneous frequency of the oscillator. As will be easily seen

20 by those skilled in the art, if the phase increment (®,) input 10 is a constant much less
than 21, the signal at the output of the modulo operator 14 will be a "sawtooth”
waveform increasing slowly with constant slope from zero to 2, then jumping
suddenly back to zero to begin rising again. Hence this signal is commontly referred
to as a "phase sawtboth."

25 Although phase increment oscillators are often used to generate
standard phase sawtooth signals by using a constant input, they can also accept time
varying phase angle inputs. In either case, the resulting phase output can then be
transformed into a sine wﬁefom (or any other waveform) by a variety of techniqﬁes.

In MUSIC V, for example, a lookup table was used to convert the phase sawtooth .

30 into a sine wave.



hi ghpass filter. Figure 7 shows a si g'nal fl ow di agram of an enbodi nent of
t he present invention. 20 Figure 8 shows a signal flow

~di agram of the present invention in self- nodulated form Figure 9 shows a
signal flow diagram of the present invention in cascaded form Figure 10
shows a bl ock diagram of the present invepntion inplenmented 2 5 I n

nul ti chann®l0 9634867t i me har dwar e. WO 96/ 31867 PCT

PCT/ | B96/ 00460 7 Detail ed Description gf the Invention Before the present
met hods and apparatuses are described, “it is to be understood that this
invention is not limted to the particul ar _apparatuses or nethods 5 _
described as such, whi cASiswelknowndg thase skilledhia the art, phase ingreraent oscillatogs, | ¢

oo b ool T il LU SIS R e
be l'imting asoftwart hmningaona coimputee. b thisspecification, they are described as
implemented in time division multiplexed circuitry. The scope of the present
5 invention should not be limited to any' particular implementation of a phase increment
oscillator. .
In the phase increment oscillator shown in Figure 1, an adder 12 adds a
phase increment (®,) input 10 to the previous phase during each sample period. A
modulo operator 14 takes the result modulo 2x. A delay operator 22 then stores this

10  new phase until the next sample period, in which the above steps are repeated. A
waveshaping circuit 16 also receives this same phase signal, which it uses to produce
the desired waveform.

As mentioned above, the waveshaping circuit 16 can be implemented
using a ROM lookup table, and a variety of other techniques will also be evident to

15  those skilled in the art. The waveshaping circuit 16 can be designed to produce
whatever waveform is desired, sinusoidal or non-sinusoidal, from the output of the
modulo operator 14. ' | _

One method of generating wavefoﬁns based on quadratic splines
disclosed in co-pending Patent Application No. 08/418,518, filed on April 7, 1995,

20 can also be used to implement the waveshaping circuit 16 to generate the standard
eight waveforms of the Yamaha Corporation "OPL3" synthesizer chip. That quadratic
spline method is shown in Figures 2 through 5. '

The quadratic spline method performs the function of the waveshaping
circuit 16 in Figure 1. Figure 2 shows pictorially the generation, according to the

25 quadratic spline method, of an inverted sine waveform. Although for clarity the
example of a standard phase sawtooth being input to the waveshaping circuit 16 is
sometimes used in the detailed description of the quadratic spline method, it will be
evident to those skilled in the art that the phase angle input need not be limited to a
standard phase sawtooth; any phase angle input may be used. |

30 Row 2a of Figure 2 shows several cycles of the standard phase
sawtooth, with time varying over the horizontal axis and amplitude varying from -1



i nvention, which will be limted only by the appended clains. It should be
not ed that as used in this 10 specification and the appended clains, the
i ngul ar f or s "a", "an" and "the" include the plural referents unless the
context clearly dictates otherw se. Unless defined otherwi se, all technical
and- scientific terns used herein have the same nmeaning as commonly
under st ood BYP¥WMEGf ordinary skill in the art to which thi PONBIMOHEN

bel ongs. Al though any nethods and materials simlar or 15 equi valent to

t hose descri bed herein can be useful il® the practice or testing of the
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modul ati on 20 courspofaowudibleiconsegiierivea hi ghpass filter. Rat herdt BanCh
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in his article; the mdﬁwgﬁw %é’b‘gﬁ%}é‘@%& goffset of ®or der
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means that for, each octave of increase in nodul ator frequency,
anplitude is dPRFAOBY Pa’és Row 2¢ showsﬂleabﬂslmvaluqﬁftbwmtnmmmmw ed

MU pl i ng comi A B8R i il bt RhpRPIGRY, Blich BedoRiil 51t B B0 oy
its own frequemethod Etode ANDedowitinRow2oe Row2e shews tdesults of that ANDing.
Finally, Row 2f shows the end results of the quadratic spline method, obtained by
10  multiplying the signal in Row 2a with that in Row 2e, which can be seen to
approximate an inverted sine waveform of amplitude ranging from -% to V4. This is
an inverted form of the first standard "OPL3" waveform, obtained according to the
quadratic spline method.
Figure 3 shows pictorially the method, according to the quadratic
15 spline method, for forming each of the eight standard "OPL3" waveforms
(Waveforms #0 to #7). Each of the steps of the method shown pictorially in Figure 3
will be discussed in greater detail below when describing the operation of the

hardware embodiment of the quadratic spline method.
Column 3a of Figure 3 shows one cycle, from 0 to 2x. of each of the

20  eight waveforms. Column 3b shows the first modification, if any, to the input phase

sawtooth required by the quadratic spline method. This first modification results in

either the original phase sawtooth (for Waveforms #0 to #3), the original phase

sawtooth doubled in frequency (for Waveforms #4 and #5), and in one case, also

halved in amplitude (for Waveform #7), or the signum of the original phase sawtooth,
25  also halved in amplitude (for Waveform #6).

Column 3¢ shows the modified phase sawtooth shifted in phase, if
required, and its absolute value taken, if required, in both cases according to the
quadratic spline method. Column 3d shows the function which, according to the
quadratic spline method, is ANDed with the modified phase sawtooth of column 3¢,

30  and column 3e shows the results of the ANDing of columns 3¢ and 3d. Finally,
column 3f shows the results of the final step of the quadratic spline method,



mul tiplication of each harnonic conmponent of a spectrally rich waveform by

the appropriate factor. 30 Accordingly, this_invention can be
ruséd*to inplenent the Chowning MJUSIC V patch fornula while elimnating the

troubl esone [err] multiplication. It also WO 96/ 31867

PCT/ 1 B96/ 00460 8 allows for rapidly tinme varying nodul ator _frequencies
wi t hout th¥QAI87at i onal burden of frequent scaling of | (?F"&Wy, t he
present invention produces results audifyly conpatible with the Chowning
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Flgure 1 showdedeipmesyah B Bheriiirmyed sobRbE b 8 SBhorileciblie el RO
: 5 accomplished by appropriately combining, according to the quadratic spline method,
the steps of modifying the original phase sawtooth input, shifting the result in phase,
taking an absolute value, ANDing the result with certain phase sawtooth bits, and
finally a single multiplication. Note that the polarity of the approximated waveforms
is treated as being insignificant, as it does not affect the sound or harmonic content of

10 the waveform. However, as will be seen below, with minor modifications to the
circuitry described even the polarity can be corrected, if desired.

Figure 4 shows a detailed hardware implementation of the quadratic
spline method. A phase angle input 300 provides an input to both a
multiplexer/shifter 304 and control logic 314. The phase angle input 300 is a 16-bit

15  unsigned value representing the phase taken modulo 2x. Thus, a phase of zevo is
hexadecimat 0000, and a phase of aimost 2x is hexadecimal FFFF.

_ The multiplexer/shifter 304 is a multiplexer wired as a modified barrel
shifter. The control logic 314 drives the multiplexer/shifter 304 through a control
signal 316. In this embodiment, the control signal has two bits for representing the

20  four possible multiplexer/shifter functions. However, as will be evident to those
skilled in the art, the control signal 316 can have more than two bits if desired to
optimize the logic of the circuit. '

The steps for generating each of the standard "OPL3" waveforms will
now be described. First, the multiplexer/shifter 304 operates on the phase angle

25  input 300, as described in detail below. The output signal of the
multiplexer/shifter 304 for each waveform is shown in column 3b of Figure 3.

In Figure 4, when the control logic 314 sends a control signal 316 of
binary 00 to the multiplexer/ shifter 304, the multiplexer/shifter 304 outputs a 16-bit
signal identical to the 16-bit phase angle input 300 it received. This produces the

30  output signal shown in rows #0 to #3 of column 3b of Figure 3.



The actual MJUSIC V oscillators, as well as those of nbst subsequent

real -time synthesizers,—were i nplenented as "phase increnent” oscillators.
“Whi'l € many variations of this oscillator exist, including in particular
nuner ous connection 15 topologies for inplenenting various FM patches, the
fundanmental core of the oscillator remains unchanged. In I pcr ement
oscillator?wﬁmﬁﬂﬁze value is stored in a register or nennﬁvguai each
successive sanple period it is increnented by a phase increnment, which
represents the instantaneous frequencyl2zof the oscillator. As will be easily

seen 20 by those skilked isn th £t L ddf e a ' ﬁrll,é .tlerr I nput
10 is a constant much A@fnpﬁaﬁ?n%l:sgnrliltﬁhtéﬁelﬁﬂgﬁﬁﬁrp Wg@{'ﬁ&{mﬁ&%he
nodul o oper at @shils thi¢ 14-bit phase angleinpat 300 lef und bit, Bhifts offand ighdrdstarhystwi t h
constant. sl ope, fromzero to 2[err], then junping suddenly back to zero to
begin rising Stgaificant %Msph}’ﬂﬂﬁﬁ&?“@-ﬁﬁggﬁﬁﬁ'??“(é‘lsg'}écp’ﬂﬂ‘%ef&“hﬁhase

ioed to gener HPYMSB, Mauthemapiollyl Bt HakiaaR « ACBRIEZ 1o B8 phire BOE® 01 Mot
they can a$soinput3@0, niltiplying thei respltHytwe, andghen takipgithe resuit modulec2n. CHie, t he
L P ULIAL o3 s AR5 s Pl ' ool orm (or any
| ookup table was used t wheR thedohtrélsgral $1%a0 SRvhaltplexetRhiftel 3840is dinaty B0, Wave.
it outputs a fixed hexadecimal 3FFF. This produces the output signal shown in
row #6 of column3b. o
10 Finally, when the control signal 316 to the multiplexer/shifter 304 is
binary 11, it outputs the fourteen LSBs of the 16-bit phase angle input 300 unchanged,
and sets the two MSBs of the output signal both to the inverse of the next to the most
significant bit, i.e. bit 14, of the original input signal. In other words, it outputs the |
fifteen LSBs of the 16-bit phase angle input 300 plus n/2, sign extended. This
15 produces the output signal shown in row #7 of column 3b.
Next, a bank 318 of exclusive OR gates further modifies the 16-bit
output signal of the multiplexer/shifter 304. The exclusive OR bank 318 consists of
two sections. The first section of exclusive OR gates 306 acts only on the MSB of the
multiplexer/shifter 304 output signal, while the second section of exclusive OR
20  gates 308 acts on the other fifteen LSBs.
The exclusive OR bank 318 performs two functions, phase shifting and
a functional approximation to the absolute value function, or a coinbination of both, or
neither (a pass-through).  The output signal of the exclusive OR bank 318 for each

waveform is shown in column 3¢ of Figure 3.

25 ' When two control signals 320 and 322 received by both sections of the
exclusive OR bank 318 are both a logical "0", no change occurs. This pass-through
operation is used to produce part of the output signal shown in rows #6 and #7 of
column 3c of Figure 3.

When the first control signal 320 is logical "0" and the second control

30  signal 322 is logical "1", the output signal 324 of the exclusive OR bank 318 is the

one's complement of the multiplexer/shifter 304 output signal plus . In this case, the
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PCT/.1 B96/ 00460 9 As is . well known.to those_skilled in the art, phase .
i ncrenent oscillators can be inplenented in a variety of ways. In MJSICV,
they were inplenented as software running on a conputer. In this
specification, they are described as inplenented in time division

nul ti pl exoMO&BBET try. The scope of the present 5 inventi oRCYRMMMRot pe
limted to any particular inplenmentatigg of a phase increnent oscillator.
In the phase increment oscillator shown in Figure 1, an adder 12 adds a

hase increment ([err i pput 10 to the prevjous, phase duri each sanpl e
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in which the above steps are repeated. A wavéshaping circuit 16 al'so
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ﬁgﬁ'_ ginﬁﬂsgiodg[ ,Od]lcjfgmvTﬁ ve{hﬁ V;Lﬁ{'qir?éligsﬁafiﬁ% ig g?égigall r']lu"sl.g)ultg'la:,l setc:)gnd control
signal 322 is a logical "0", the output signal 324 of the exclusive OR bank 318 is the
sum of the multiplexer/shifter 304 output signal and =, since the MSB has
significance =. Accordingly, this operation can be used to shift a signal by . This
10  operation is used to produce all of the output signal shown in rows #1, #2, #3 and #5
. of column 3¢, and part of the output signal shown in rows #0 and #4.
When the two control signals 320 and 322 are both a logical "1", the
output signal 324 of the exclusive OR bank 318 is the one's complement of the output
signal of the multiplexer/shifter 304. As discussed above, this operation is a
15 functional approximation to the absolute value function. This operation is used to
produce part of the output signal shown in rows #6 and #7 of column 3¢ of Figure 3.
Next, a bank 310 of AND gates further modifies the 16-bit output
signal 324 of the exclusive OR bank 318. A control signal 326 to the AND bank 310
can force its 16-bit output signal to hexadecimal 0000, or leave it unchanged. This

20  performs the ANDing of each of the signals shown in column 3c of Figure 3 with the

corresponding signal shown in column 3d, with the output signal of the bank 310 for
each waveform shown in column 3e. - _ '
It should be noted that all of the Boolean logic described up to this
point is parallel in nature, and does not require any addition operations or other logic,
25  such as a carry chain, that requires each higher order bit to be processed as a result of
logical operations on lower order bits. Thus, the processing of this data involves only
a few gate delays and can be accomplished within a single clock cycle.
A 16-bit by 16-bit signed two's complement multiplier 312 then
receives both the 16-bit output signal of the multiplexer/shifter 304, unmodified (as -
30 shown in column 3b of Figure 3), and the 16-bit output signal of the AND bank 310

(as shown in column 3e), and multiplies them together. Because most current audio



nodul o operator 14. One nethod of generating waveforns based on quadratic
splines disclosed in co-pending Patent Application No. 08/418,518, filed on
April 7, 1995, 20 can also be used to inplenent the waveshaping circuit
16 to generate the standard ei ght waveforns of thehanaha ﬁbrporatkon ,
"OPL3" synthesizer chip. That quadratic spline nethod is shown in Figures
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10 As will be evident to those skilled in the art, depending on the size of

the available multiplier, it may be desirable to have either or both of the arguments of

‘the multiplier be less than 16 bits, since that would have only a minor impact on the

waveform fidelity. Moreover, it will also be evident that any type of multiplier could

10  beused, such as a full parallel multiplier, a serial multiplier, or a hybrid parallel/serial
multiplier, to accomplish this function.

In addition, the multiplier 312 output signal never reaches more than
one fourth of its theoretical maximum output value, since the peak values occur when
its inputs are each at an absolute value of half of full scale. The multiplier 312 output

15  signal 328 should be scaled to account for this.

As is evident from the above step-by-step description, the four control
signals 316, 320, 322 and 326 output by the control logic 314 must be set
appropriately to form the eight "OPL3" waveforms. These control signals 316, 320,
322 and 326 are determined by the waveform number 302 and the two MSBs of the

20  phase angle input 300. These control signals 316, 320, 322 and 326 then
appropriately control the multiplexer/shifter 304, the exclusive OR bank 318, the
AND bank 310 and the multiplier 312 to create the desired waveform from the phase
angle input 300.

Based on the waveform number 302 and bits 15 and 14 of the phase

25  angle input 300, the control logic 314 sets the control signals 316, 320, 322 and 326 to
the values shown in the truth table, Table 1, below. In Table 1, PHn indicates the nth
bit of the phase angle input 300, so that, for example, PH15 is the most significant bit.

! indicates logical complement, and ~ indicates an exclusive OR.



to +1 on the vertical axis. Note that the vertical axis has been scal ed and
a—fixed offset added-to-the standard view of the phase sawtooth varying
.fromO to 2[err]; this is of course of no audi bl e consequence. Row 2b shows
t he standard phase sawtooth with a phase offset of [err] 5 added to it.
In other words, the phase sawtooth has been shifted 180 de g the
hot i zont al WOJ8B18§%,\, 2 shows the absol ute val ue of the si gﬁgﬁ’l lgure
2b. Row 2d shows the signal, in this case sinply y(t)=1, which according to
the quadratic spline nmethod is to be ABDed with Row 2c. Row 2e shows the
results of th?tbé'#éj ng. Finally, Row 2f shows the end results of the
quadratic spl ?‘lé t hod, obtained by 10 mul tiplying the signal in Row 2a
wi th that in Gemrol&@ignahTakh Téble be seen to approxi mate an inverted sine
wavef orm of anplitude ranging from-[err] to [err]. This is an inverted
formof the first standard "OPL3" waveform obtained according to the
quadratic spl yaeeRhNod. Fi @ingobs ws pictorially the nmethod, according
to the quadratic 15 spline nmethod, for form ng each of the eight standard
"OPL3" wavief oNmmbénavef or ns 36 to #7) 32€ach of 332% steps 326 the net hod

shown pictoriglly in Figure 3 will bejgdi,scussed eater detail bel ow
when descri bi t he operati of the Rgp%ware e%gaig{rent of the quadratic

spline met hodgy Col um 3a of ggi gure 3 ghows one gycle, fr@HIE to 2[err], of
each of the 20 ei ght wavefornms. Colum 3b shows the first nodification,
if any, to th#2input phase 1 0 1

#3 00 1 0 IPH14
10 #4 01 PH14 'PH14 PHIS
#5 01 1 0o PHIS
#6 10 PHI15 PH15 1
#7 _ 11 'PH14 'PH14 PH15°PH14
15 Figure 5 shows in graphical form the various steps, described in detail

above, for producing each of the eight "OPL3" waveforms. Column 5a shows the
output signal of the mﬁltiplexerlshiﬁer 304, column 5b shows the output signal 324 of
the exclusive OR bank 318, column 5c shows the output signal of the AND bank 310,
and column 5d shows the output signal 328 of the multiplier 312. Note that the

20  vertical scale of column 5d is from -Y to Y4, while the vertical scale of the other
columns is-1to 1.

As can be seen in column 3f of Figure 3 and column 5d of Figure 5, alt
of the output waveforms, when created as described above, are simply inverted in
polarity from the desired "OPL3" waveforms. Inverted polarity has no audible impact

25  on the sounds of these waveforms. However, the precise waveform, correct in phase
and polarity, can be produced by taking the complement of the output waveform.
This can be done at a variety of locations in further signal processing circuitry, as part
of the multiplier 312, or by an additional circuit. As will be evident to those skilled in
the art, a one's complementing of the output signal may be sufficient to accomplish
30 thi§ inversion to the accuracy of the approximations herein described.
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method abpye, ikenablas eas &ﬁ%@t@!‘ﬂﬁ!@ e@l’h%" waveformsito be produceddr at i ¢

W&Qh?reh&inng large amounts of memory or intensive computation. However, as
will be evident to those skilled in the art, it does suffer from approximately 2%
harmonic distortion. Accordingly, for applications where the waveform can be an
approximation, and high accuracy in the waveform is not required, the waveshaping
circuit of the quadratic spline method provides advantages over other methods.

Returning to the description of Figure 1, once the waveshaping
circuit 16 of Figure 1 has produced its output, multiplier 18 then multiplies the
waveshaping circuit 16 output by an amplitude (A,) input 24 to produce an audio
signal (Y,) output 20 of the desired amplitude and frequency. As will be evident to
those skilled in the art, the phase increment (»,) input 10 can be time varying. The
amplitude (A,) input 24 can also bé time varying, in ways that will be evident to those
skilled in the art, to achieve amplitude envelope characteristics such as attack and
decay. '

Figure 6 shows a flow diagram for a first order FIR highpass filter,
which has been known to those skilled in the art for many years. These and other
filters are summarized in the April 1985 article "Introduction to Filter Theory," Report
No. STAN-M-20 (Stanford University, Center for Computer Research in Music and
Acoustics) by Julius O. Smith, reprinted in Digital Audio Signal Processing: An
Anthology, edited by John Strawn.

In the filter of Figure 6, the delay operator 34 delays the signal (X,,)
input 30 by one sample period. A subtractor 32 then subtracts the delayed input from
the original signal input 30, resulting in a highpass filtered output (Y,) 36. Note that
this simple highpass filter involves only one addition and no multiplications. Because
of its simplicity, it can be cheaply implemented. However, as will be evident to those -

skilled in the art, a variety of other filters can be used.
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10 A highpass filter 56 like that of Figure 6 then filters this output, which
effectively multiplies it by its component frequencies. In the simple example given
above, the output of the highpass filter 56 ig approximately, I(t)osin(@yt).

Next, an addér 58 then sums the output of the highpass filter 56 with a
carrier phase increment (®.) input 62. In the simple example given above, the output

15 of the adderis, approximately, ® +I(t)®y,sin{®pyt).

Finally, a carrier phase increment oscillator 60, also like that of
Figure 1, receives the sum from the adder 58 and a time varying amplitude (A,)
input 64, and produces an audio output from them. That audio output is a signal
representing a musical sound, produced by FM synthesis. In the simple example

20  given above, assuming that the carrier phase increment oscillator 60 is configured to
produce a simple sinusoidal waveform, its output is, approximately;

AWsin(lo +(Ho,sin(o,]t). As can be seen from Equation (2) above,
mathematically this example approximates the same results as Chowning's MUSIC V
patch. _

25 - If desired, any or all of the modulation phase increment osciliator 54,
the highpass filter 56, the carrier phase increment oscillator 60 and the adder 58 can
be designed to utilize the same adder circuitry by using time division multiplexing.
As those skilled in the art will recognize, although this may decrease the number of
logic gates needed, it will probably be at the expense of the speed and efficiency of

30 thecircuit. Accordingly, this tradeoff should be considered in designing a circuit of

the present invention.



25 input 300, as described in detail below The output signal of the

mul ti pl exer/shifter 304—for—-each waveformis shown in colum 3b of Figure
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columm 3b of Figure 3. WO 96/ 31867 18

PCT/ 1 B96/ 00460 12 When the control si gnal 316 to the multiplexer/shifter

304 is binary 01, it shlggﬁlfggom |cant b| ng‘%%%ﬂ)dtmg%tg#m bit,

shifts off and ignores the nost signi sets new | east
si gni ficant bi Flmwh)bettme(ﬂmandeGxed mem hER:vel/thenemay beal | y, thi s

mil £1pl ying. t AR e S iiton 1 o e BF s Pt Rl eyt 1)

This produces §geed and ¢fitiendydhdticas BOUbtained.r ows #4 and #5 of columm 3b. Wen
the control_signal 316 tQ tpe mul tjpl exer/shifter 304 is, binary 10, it
outputs a fixed hexadeci¥igallyspsmentiomed abgve the phase incregienhinputsiten ahasenown i n

row #6 of col Ufdregitnt oscillator can be time varying. Accordingly, in the circuit of Figure 7,
either or both of the modulator phase increment (®,,) input 50 and the carrier phase
increment (o.) input 62 can be time varying.

Figures 8 and 9 show additional variations of the present invention in

- 10 flow diagram form. Figure 8 shows "self-modulation”. In this case, the same
oscillator serves as both the modulation and carrier phase increment oscillators, and
the same w, serves as both the modulation and carrier phase increments.

In Figure 8, a phase increment oscillator 76 receives an amplitude (A,)
input 82 and a phase increment input, and produces an audio output from them. The

15 phase increment input to the phase increment oscillator 76 is obtained by feeding the
output of the phase increment oscillator 76 back into the circuit, once it has been
delayed by a delay operator 71. That same audio output is also used as a signal
representing a musical sound, produced by FM synthesis. As self-moduiation inFM
synthesis is well known, it will be evident to those skilled in the art how the present

20 invention can be implemented in a self-modulation topc}logy.

When the output of the phase increment oscillator 76 is fed back into
the circuit, it must be delayed at least one unit by the delay operator 71 to avoid the
circuit being an endless loop. A feedback shifter 70 (a shifter is a fixed multiplier
by 2") is then used, by varying a feedback input 78, to produce a signal of the desired

25 magnitude.

. A highpass filter 72 then filters the signal, after which an adder 74 then
adds the output of the highpass filter 72 to the current value of the phase increment
(o,) input 80. This sum is then used as the first phase increment (0,) input of the
phase increment oscillator 76, completing the self modulation loop.

30 Figure 9 shows multiple cascaded FM oscillators. A first phase

increment oscillator 94 receives a first modulator frequency (®,,;) input 90 and a first



10 Finally, when the control signal 316 to the

wut-tt+ptexer/ shifter—364—+s- bi nar y—33+—t outputs—the fourt-een—t-SBs—ef—the
.16-bit phase angl e i nput 300 unchanged, and sets the two MSBs of the output
si gnal both to the inverse of the next to the nost significant bit, i.e.

bit 14, ng?’ﬁt .pl nal input signal. In other words, it o
flfteen LSBs™ 0 e 16-bit phase angle input 300 plus [err]/2, sign

extended. This 15 produces the out put i gnal shown in row #7 of colum
3b. Next, a bank 318 of exclusive OR gat s further nodifies the 16-bit

out put si gnal ﬂdﬁdﬁn%ﬂe&%% 8 92 Bid $ro8ucddfrom théin 8 Sltphd, whichft thenk 318

consists of two sections first sectlon of exclusive OR gates 306 acts

only on the MPBsseson a first highpass Slter36. 1A first aisler 98 adds thesouipitjof therfirste t he

second secti Ofy { t other fifteen
LSBs. The excl u@ W%‘“{f‘% per ggﬁwf@@l ﬁmllaghase shifting and
a functional approxi nat ifdsecond phase imbredent ascillaior $04 then tomihuesthe 2ascadedi nat i on
of both, or neit pass-throu The out al of th excl usive OR
bank 318 { 8r &M@wmw%a@m e 98 ik ot odutaion

Wen two cont r:ﬂ&exs(lﬁﬂﬁﬁ @%Mn@ﬁ&bﬁé&ﬁl%@ﬂ%@o df‘ﬂi@se@ﬁnd he

excl usi ve OR bank 8 are both a logical "0", no change occurs. This

pass-t hrough dpedulatiopestiliator 104, a@erpvlodmvcmhddgf 108nddwistpacarsieynal  shown
320 1 5 1 ogi cat ey GRHERITE G compron o St eentrel stana
Finally, a third phase increment oscitlator 114 produces an audio
10  output from the sum from the second adder 108 and an amplitude (A,) input 112.
That audio output is a signal representing a musical sound, which has been moculated
by two modulation frequencies. Expressed as a formula, in a simple example where .
®es w,,',._and g are all constants, and the three phase increment oscillators 94, 104
and 114 are all configured to produce simple sinusoidal waveforms, the audio output
15 is, approximately:

AWSin o .+ 11 (V0w I5I0(e 0 1)+ L:() 0 n 2 Sin(e » 2071).

As will be evident to those skilled in the art, this type of cascading can
be used to produce particularly complex and spectrally rich waveforms. As will also
be evident to those skilled in the art, cascading can be done with as many levels as’

20  desired simply by adding modulation phase increment oscillators, adders and highpass |
filters. In fact, since a single adder can be used to perform all the additions for the
entire circuit by using time division multiplexing, in that case only pairs of
modulation phase increment oscillators and highpass filters need be added to add
another level of cascading.

25 These flow diagrams show exambles of how the present invention can
be applied in a variety of FM topologies. As will be evident to those skilled in the art,
they can be combined in further_ arbitrary and complex ways to produce a variety of

modulated waveforms.



30 signal 322 is Iogi cal "1", the output signal 324 of the exclusive OR
bank 318 is the one's coTﬁI’é‘ment of the multiplexer/shifter 304 output
signal plus [err]. In this case, the WO 96/ 31867

PCT/ | B96/ 00460 13 one's conplenent is only one LSB away fromthe two's
conpl ement ,.wolksiagy S, to the accuracy required, the sane reﬁ&hm‘g‘pt ai ned
by nultiplying by -1. Accordingly, taking the one's conplement can be used
to produce a functional approximation g the absolute value function. This
phase-shifting and absol ute value operation is used to 5 produce part of

the output si gnal shown Elmmmﬁ&ﬂﬂcd%amloﬂm:%n%?amréd

control signal 0 |s ical "1" but the second control signal 322 is a
| ogi cal "0", t ai n of she Brseph@vmm%s‘mmmwua@rs,he sum
of the multi pls@pégw g&# M5B has
significance [err]. Accord| , | S operattl’on ca useeg%sg&slgﬁ? %t a

signal by [er rqlVlSﬂm mﬂthﬂemnmpdaom ﬂ!ensclﬁatu&nﬂ state ]eveiduce all of t he out put
el Shou | T o ey g e e 0 7
are both a I ogmphine'hﬁiig cdch of theloseillatorsdis @ircitty, thé odchlfutddX Gle thbl ngiméank 318
's the one’s namﬁe rxll:[cm%]; w gccggsgnpgutixw parameters, when needed from a parameter
memory 138. As is evident to those skilled in the art, the oscillators could easily be
implemented in other ways, such as by "hardwiring" each oscillator so that each has
10 itsown dediéated circuitry. The tradeoff between different implementations is usually
between simplicity of the circuit and speed and efficiency of the circuit's operation.
Because this implementation does not limit the number of oscillators
used, several levels of modulation can be cascaded. However, the simplest case is
when only two oscillators are used, one a2 modulation phase increment oscillator and
15  one a carrier phase increment oscillator. In describing the operation of this
implementation, that simple case of only two oscillators will be used, which is shown
asa signal flow diagram in Figure 7. In addition, the description below also assumes
that o, and o, are both constants and that the two oscillators are both configured to
produce simple sinusoidal waveforms. However, it should be noted that the present
20  invention also allows other waveforms to be used. The choice of waveform is limited,
if at all, only by the configuration of the waveshaping circuit 158 that is implemented.
The operation of Figure 10 will now be described using the simple
example set forth above. First, a clock generator 136 provides the basic clock for the
circuit. The clock generator 136 produces a clock signal at KS times the sample rate,
25  where K is the number of oscillators to be implemented (in this example K=2) and S
is the number of clocks or states per oscillator. As is evident to those skilled in the
art, K and S are limited for a given sample rate by the speed of the logic and
memories.. | _ '
The clock generator 136 drives a state counter 134, which consists of _
30 two sections. The least significant portion of the state counter 134 divides thé

processing period of each oscillator into S states, one per clock pulse. The most



signal of the nultiplexer/shifter 304. As di scussed above, this operation
Ts—a-i5—functi onal approex nat i-en—te—t he -absetute val ue f uretioh—FHai-s—
-opération is used to produce part of the output signal shown in rows #6 and
#7 of columm 3c of Figure 3. Next, a bank 310 of AND gates further nodifies

the 16-bit signal 324 of the exclusive OR bank 318. si gnal
i rfgigiiadl

326 to the k 310 can force its 16-bit output signal xadeci mal
0000, or leave it unchanged. This 20 1performs t he ANDi ng of each of the
signals shown in colum 3c of Figure § wi th the correspondi ng signal shown

in colum 3d, # @aﬁt%uﬂ:ﬂ {’&Qﬁ“ Phh?%?;p‘ifc eform

shown in col ua"l e. I't's tggr%%e n eg,ﬁﬁ&;ﬁ@f 0 e ogﬁgd;r% gi c

descri bed up pmcessed Inahedimple ezamplelbeingidescribed here, anlyla single bitds neeigdito € any

addi ti on- operations .or other | ic,g?S uch as.a.carry chain, .tt}at

equi r o5 each o H g opliators; Adovhelon: of the onptes indicefes e completioata,

operati ons onWPe der bits. Thus, the processing of this data involves
a

only a few gate delays and _can be acconplished within a single clock cycle.
A'16-bit by 16-bit si gnter cixsuitof Eighrs Wnontains three plemories 1Birst, poparampeter ves

(a5 30 showherd B8 ek hg oy BohlefiofFhod il THRE. ) 1

t he AND bank pdrimetess cah invfude suchodateas tBe phase iidrements (bothdor the enodulagertandr .

Because nost gurrent audi,o \ . \
g‘ne carr{]er), amghtudes, envelope time constants and key-on signals, vibrato and

tremolo amounts, waveform type and interconnection information for the oscillators.
10 A controlling computer or microprocessor can write this data to be responsive to the
required musical notes, which can be generated by a keyboard in real time, by a
computer sequencef or by other means. Each of these variables must be set by an
application program in ways that are well-known to those skilled in the art.
Parameter memory address control logic 140 controls access to the
15  parameter memory 138. Within the processing period for either oscillator, the various
parameters will be accessed during different states and stored in the appropriate
parameter latches 142 in time to be used by the computational circuitry for calculation
of the current sample point for the current oscillator. The controlling computer or
microprocessor writes new data into the parameter memory 138 via the data input 130
20  during states in which no fetch of parameter data is required, as determined by
decoding the state S. During those states, parameter memory address logic 140 also
sets the write address of the parameter memory 138 to the address of the parameter
supplied by the controlling computer via address input 132.
There are two other memories in addition to the parameter
25 memory 138. A phase memory 154 stores the phase, taken modulo 2x, for 5oth
oscillators. A delay memory 166 stores two samples of the output of each of the two
oscillators. The contents of both of these memories are used during the processing of
the respective oscillators.
In Figure 10, the parameter, phase and delay memories are shown as -
30 being separéte. As will be evident to those skilled in the art, however, in certain



WD 96/ 31867

PCT/ 1 B96/ 00460 14 apptitations use just 16-bit signals, only the sixteen
-MBBs* of the multiplier 312 output signal are needed, so an abbreviated form
of. the multiplier can be used. The results of this multiplication for each

wavef or m argodg@eri N col um 3f of Figure 3. This conpl et epcriiBediio@@eSSi NY
needed to formeach of the standard "OPL3" 5 waveforns. As will be

evident to those skilled in the art, ggepending on the size of the available
mul tiplier, it may be desirable to have either or both of the argunments of

the nul ti plier jfglemematidnsdmaybeudvantageoti€® combine \ahy beall'\éfthe pithieter, Phiter
| npact on the waveformfidelity. Moreover, it will also be evident that any
type of nulti pARdier delay racmorigs intp ene,arImOreRAMOTXYNIE. | | paral | el nul tiplier,

Thi'e function. "1 n additi oo Sihey el pRostRe ot e et bl 18 il o A e
nore than one fiscusséd byf deseribingthe patcessig forapartieniaysarppie point by bothithece t he
P VoL e O iy Sl B e Ol 34 BB, 1
account for thi thefew Sanfplé ptimtiby! ORiMlatd?®, Fhick & thé MddElitisH sHasemeretrent | ON,
the four control signals 316, 320,322 and 326 output by the control |ogic
314 nust be sepscillator 54 of Figure 7, will be described. _
It should be noted that during the processing for each oscillator, the
address logic 140 for the parameter memory 138 causes the eight parameters for the
10 modulation oscillator to be accessed, based on a signal received from the state
counter 134, and they are read into the appropriate parameter latches 142. This need
not happen at one time, as long as each parameter latch is set at some point prior to
when it is used. The contents of the various parametef latches 142a to 142h, and how
they are used in the operation of the circuit, will be described below.
15 To generate Oscillator 0's phase for the new sample point, the
cumulative phése for the previous sample point must be added to the phase increment.
In the simple example being described here, this sum becomes the term w,t. To
compute this sum, the address logic 168 for the delay memory 166 causes the
previous phase output for Oscillator 0 to be output, and it passes through a shifter 174,
20  amultiplexer 146 and an adder/subtractor 150, none of which modify it, to a phase
accumulator 152, in which it is stored.
‘Once this is completed, based on control parameters for Oscillator 0
contained in the eighth parameter latch 142h, the control logic 148 causes the
‘multiplexer 146 to access the phase increment for Oscillator 0, which in the simple
25 example being described here is w,,, from the fourth parameter latch 142d. The
multiplexer 146 then passes the phase increment (w,,) on as one input to the
adder/subtractor 150, while at the same time the control logic 148 and a bank of AND
gates 144 cause the previous phase that is stored in the phase accumulator 152 to be
passed as the other input to the adder/subtractor 150, which adds the two quantities.
30 Note that this addition can be performed modulo 2%, which scales the

size of the phase accumulator word to 21f. The result of this addition is the new phase



appropriately to formthe eight "OPL3" wavefornms. These control signals
316, 320, 322 and-326 are deternined by the waveform nunber_302 and the two
M5Bs of the 20 phase angl e input 300. These control signals 316, 320, 322
and 326 then appropriately control the multiplexer/shifter 304, the
exclusive OR bank 318, the AND bank 310 and the nmultiplier 312 to create

t he. desi r e84 m from t he phase angl e input 300. Based TP of or m
nunber 302 and bits 15 and 14 of tthﬂmwe 25 angl e i nput 300, the
control logic 314 sets the control signals 316, 320, 322 and 326 to the

val ues shown i he..truith table,  Table 1., below.]ln Table PHh i ndi cat es
Ve mth bt or BoF FBCUMAaED, o e B5F ke St Bhine aich B fF et pmek e B8 5 {he
nost si gni fi cagasbinemoty 153di cates | ogi cal conplenent, and ” indicates an
excl usive OR WO 96/31867 . .

PCT/ | B96/ 00460 15 Tabl e Nexgsin(pat) nuistiprgalcplated, Thisyis dongbyes waysshaping

;?2) gt rol Sig nf'il Sircuft 158 NIEBE Sbrains the phase forO&illator 0 from te phase memory X34 and
: 5  transforms it into the desired waveform according to the waveshape parameters
contained in the third parameter latch 142¢c. In the simple example being described

here, the output of the waveshaping circuit 158 is sin(®,t) for the new sample point.
Although the phase incrementing operation described above and the
waveshaping operation are described as occurring in sequence, it may be a more

10 optimal design of the circuit to have the two operations occur simultaneously, sc that
two sample }Soints are being processed by the circuit at one time. By carrying out
these two operations in paralle), rather than sequentially, the speed of the circuit is
optimized. However, this will be at the expense of the more complex control scheme
required to enable parallel operation.

15 An envelope generator 160 then obtains information about the key state
(on or off) and the attack, decay, sustain and release parameters from the first
parameter latch 142a, and computes the current envelope value for Oscillator 0. An
amplitude logic block 162 takes this current envelope value, obtains amplitude
parameters stored in the second parameter latch 142b, and computes from these values

20  an amplitude for Oscillator 0 for the new sample point. An amplitude multiplier 164
then multiplies the output of the waveshaping circuit 158 by the amplitude. The
output of the amplitude multiplier 164, which is I[(t)sin(w,t) in the simple example
being described here, is then stored in the delay memory 166, replacing the twice
previous output sample. |

25 The remainder of the circuit enables the summing of the output of an
oscillator with that of the previous oscillators for the same sample. This is done by
output control logic 172, a bank of AND gates 176, and an adder 178. In addition, an
accumulator 180 maintains the cumulative total of the outputs of all the oscillators. In
the simple example being described here, these operations are not necessary, and this

30 circuitry is not used. As will be evident to those skilled in the art, however, this
circuitry can be used when several notes in a chord are being generated at the same



00 PH15 'PH1S 1 #1 00

#0

1 0 _____PH1H #2 00 1

-1 #3 00 1 0 | PH14 10 #4
01 " PH14 | PH14 PH15 #5 01 1

0 PH15 #6 .10 PH15 PH15

11 WPI9/3186PH1 4 PH15 PH14 15 : Fi gure 5 BEHRI6PQ460

1 #7

gr aphi cal formthe vari ous steps, descré‘ped in detail above, for producing
each of the eight "OPL3" waveforns. Col'umm 5a shows the output .signal of

the nultiplexer/shifter 304, colym 5b s cRpws he output. s al 324 of the
& 3 e ool A

excl usi ve OR bime wifliseach pote having its|onpset
310, and col ungasad s Yauiits o Seviersl Qéﬁﬂaidrgﬂﬁhb%%&xﬁ{edtfbﬂ‘o\ﬁﬁb

that the 20
the verti cal
col um 3f of

P ag

these nk
312. Not e

vertical scale of colum 5d is from-[err] to | rr], whi |l e

sp@b@smgotmmnuosgﬂhmomllatmmuns As can be seen in

wavef or ns, V\hglnggiga?egng%‘ggﬁgg@?ﬁgap f&%@m "ﬁheﬁﬂl}g}t?%%p% polarity

f2 romthe ﬂ@i red%ﬂlﬂs%ci agﬂﬂ!hixﬁiiﬁfﬁ:cedsﬂhﬁfﬁeﬁﬁswtbé %Meﬁ?ﬁﬁlﬂaﬁn@ﬂﬂ?&(ﬁ' 1i. npact
5 on the soyunds of these waveforms.. However, the precise waveform
correct in phalewsye. brsause the output f Qacillgter{] must bs &‘M@Wé@dﬁfﬂo@mnt of

the out put wav@tQfistbr 1, the processing for the new sample point for Oscillator 1 is somewhat
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more complex. Note that the parameters for Oscillator 1 must be read from the
parameter memory 138 into the parameter latches 142, replacing the parameters for
Oscillator 0, at some point priof to the time that Oscillator 1's parameters are accessed
during the processing for Oscillator 1.

The processing for the new sample point by Oscillator 1 begins by
highpass filtering the output of any modulation oscillator for Oscillator 1. The
information latched in the seventh parameter latch 142g, determines which oscillator,
if any, serves as the modulator for the carrier oscillator. In the simple example being
described here, the seventh parameter latch 142g indicates that Oscillator O is a
modulation oscillator for Oscillator 1.

As can be seen from the signal flow diagram of a }ughpass filter in
Figure 6, the highpass filtering of Oscillator 0's output requires the two most recent
sample outputs of Oscillator 0. These two outputs are stored in the delay
memory 166. When required during the processing described below, these two values
are fetched from the delay memory 166 and input to the multiplexer 146.

If self-modulation is being done, a shifter 174 is provided to attenuate
these delayed signals, if desired. Because the simple example being described herein
does not include self-modulation, the shifter 174 is not used in this example.
However, it will be evident to those skilled in the art how this shifter 174, which uses
a feedback constant contained in the sixth parameter latch 142f, can be used to
perform the self-modulation for which the signal flow diagram is shown in Figure 8.

To generate the highpass filtered output of Oscillator 0 for the new
sample point, the difference between the two previous sample outputs of the

modulation oscillator, Oscillator 0, must be calculated. In the simple example being



This can be done at a variety of locations in further signal processing
cirouitry, as—part—of the nmultiplier 312, arhy an additional _circuit. As
. w1t be evident to those skilled in the art, a one's conplenenting of the
out put signal may be sufficient to acconplish 30 this inversion to the

accuracy of the approxi mations herein described. WO 96/
PCT/ | B96/ 08"4%%‘%}889 gure 4 provides circuitry, or hardwar e?—"‘ I C odi es
the quadratic spline nethod. However, ogs will be evident to those skilled

in the art, the quadratic spline nethod can al so be enbodied in firmare

ol ine 5 mefpBrbalnde SRR B diEens At I5aekalas Tndhghyify, 107 0T L €
to be producedyw,) iecordisglyifor thenévasaeple poiut) tise resulvismpproxiniately] ensi ve

conput ati on. However, as will be evident to those skilled in the art, it
does suffer fﬂ@ﬁn&ﬁ‘ﬁ%ﬂi mately 2% harnoni c distortion. Accordingly, for

applications where the 4g @&m ffofen ﬂﬂe% ¢ 1188 hgh accuracy
re}q('ﬁrlB ed, fﬁe & ap:a%g 1 forle

in the waveformis not waves circult of the
quadr ati ¢ Spl memare6&causesdhe previousiplmse oupput for@scillatdrd) torbetoltis, anditt ur ni ng

to the descri gt mRlugh vk thihet 174, Mafltifiiter 128 S0 S3eibtractor 150, none of

which modify it, to the phase accumulator 152, in which it is stored. Once this is
completed, the control logic 148 causes the multiplexer 146 to access the output of
Oscillator 0 for the new sample point, which is I(f)sin(w,t), from the delay

10 memory 166. The multiplexer 146 passes this next sample output as one input to the
adder/subtractor 150, while at the same time the control logic 148 and a bank of AND
gates 144 cause the previous sample output that is now being stored in the phase
accumulator 152 to be passed as the other input to the adder/subtractor 150, which
subtracts Oscillator 0's previous sample output from Oscillator 0's output for the new -

15 sample point. In the simple example being described here, the result is,
approximately, I{)o,sin(op,t).

Next, to generate Oscillator 1's phase for the new sample point, the
cumulative phase for the previous sample point for Oscillator 1 mﬁst be added to the
sum of the phase increment for Oscillator 1, which is ., and the output of the

20  highpass filtered output of Oscillator 1's modulation oscillator, Oscillator 0, which
output is I(t)o,sin(@,t). For the new sample point, this sum becomes,
approximately, [0cH(ogsin(at)]t.

To compute this sum, the address logic 168 for the delay memory 166
causes it to output the previous phase output for Oscillator 1, which then passes

25  through the shifter 174 and multiplexer 146, neither of which modify it, to the
addef/subtractor 150, which adds it to the conteﬁts of the phase accumulator 152. In
. the simple example being described here, those contents are the highpass filtered
output of Oscillator 0, or I()o,sin(®,t). This is done by having the multiplexer 146
pass the previous sample output for Oscillator 1 as one input to the
30 adder/subtractor 150, while at the same time the control logic 148 and the bank of
AND gates 144 cause the previous sum that is stored in the phase accumulator 152 to



circuit 16 of Figure 1 has produced its output, nmultiplier 18 then
multiplies the waveshaping circuit 16 output by an anplitude (Alerr]) input
-24 to produce an audio signal (Y[err]) output 20 of the desired anplitude
and frequency. As will be evident to 15 those skilled in the art, the

phase i ncregen rr]) input 10 can be tinme varying. The | e
(Alerr]) ingfﬂ&?&&?an al so be tinme varying, in ways that w%@é&&ﬁ%ent to
those skilled in the art, to achieve a\r&l i tude envel ope characteristics
such as attack and decay. Figure 6 sho a flow diagramfor a first order
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article "I ntrodyctefsre, this nbwlisiilis sttved irythe phigse acduniidatordBAN- M 20 (Stanford
University, Center for Conputer Research in Music and Acoustics) by Julius

O Smith, reprinted in Oigilysthe muitiplexsr JA6 pbtaing the pbasejncrement fomo| ogy,

edited by Johno§t; o) s Qadil frm Bl : e

del ay opgrat oro?%!ngxegﬂe{ﬁuﬁ%m?i%#{%é' E | nplht'%jl %2‘%?5?2‘”{5’@%%;'&“ od.
A subtract dr 3passéscthe phdse inarement (og) oledsaope dnpubh i the ddder/subiractor 15§, maile 8f gnal

i nput 30, resulting i.n hi ss. fiLltered. out Y[ er 36. . Not e, t hat
th!os sinple hi Bﬁﬁ?ﬂ%%ﬁ‘&%ﬁ\?ﬁ’ﬁéé&?ﬁ‘?f mé‘ﬁ“ ;%c%e the previous

nul tiplicati ongum BRe¢RstRedh the phasd dtohmalator 152 fo Bepassed asthe ey inplibloshent ed.

However, as wil] be evident to those 3 0 skilled in the art, a variety of
other filters @eder/sbtrgetor150, which adds the two quantities. |

Note that any or all of the additions and subtractions discussed above
10 can be performed modulo 2z, which scales the size of the phase accumulator word
to 2x. The result of all these additions and subtractions is the new phase for
Oscillator 1, or [0 +H(t)®,,sin(®t)]t for the new sample point, which is then stored
back into the phase memory 154.
' Next, sin([o+1(£)o,Sin(@x$)}t) must be calculated for the new sample
15 point. This is done by the waveshaping circuit 158, which obtains the phase for
~ Oscillator 1 from the phase memory 154 and transforms it into the desired waveform
according to the waveshape parameters contained in the third parameter latch 142¢.
In the simple example being described here, the output of the waveshaping circuit 158
is, approximately, sin([w+I(t)o,sin(w,t)]t) for the new sample point. As noted
20  above, although the phase incrementing operation described above and the
waveshaping operation are described as occurring in sequence, in a more optimal
design the circuit can have thé two operations occur simultaneously.
The envelope generator 160 then obtains information about the key
state (on or off) and the éttack, decay, sustain and release parameters from the first
25  parameter latch 142a, and computes the current envelope value for Oscillator 1. The
amplitude logic block 162 then takes this current envelope value, obtains amplitude
parameters stored in the second parameter latch 142b, and computes from these values
an amplitude for Oscillator 1 for the new sample point. An amplitude multiplier 164
then multiplies the output of the waveshaping circuit 158 by the amplitude. The
30 output of the amplitude multiplier 164, which is approximately



VD 96/ 31867 PCT/ 1 B96/ 00460
A7 -Fgwre 7 Fagr am-for—-an enbodi-prent. of the_present.
.invention. In this flow diagram phase increnment oscillators |ike that
shown in Figure 1 and a highpass filter like that shown in Figure 6 are

bot h used dul ation phase increnent oscillator 54 |ike ‘%% jgure 1
recei ves avﬁ)% ggtvor phase 5 i ncrement ([err]) input 50 al% a tine
varyi ng nodul ation index (I[err]) inpgy 52 and produces an audio rate
nodul at or waveform output. To take a sinple exanple where [err] is a

constant and t ul. r s i c ured to
roduce a- i mAQ- BB nhaBRF i B S bR bl Bsctbiaed Wb O
phase i ncr enerstorebinithé dﬁlaymEﬂOQSIGGamemmmhceprb\ﬁbl)mmﬂhmbk forl O

A hi ghpass flm-éer 56 like that of Figure 6 then filters this output, which

ef fectively sﬂ"ﬂ s |t by Its conponent frequencies. In the sinple
exanpl e given above, Qﬁo%hﬁehétﬁﬁiﬂ&iéfﬂxbbir&htéﬁble%themmmg

approxi mat el y, I(t)[err%sm( [err]t). Next, an adder then suns t he out put

of the hi ghpaoftle mltmn oban oscillatox voﬁrﬂwmfﬂpﬂmmoum@m fof fhersaine samplgt  62.
appr oxi mat ol y, FYE PPl CORERI R skt belel Heorlopetptionl s A6 Boedshey, and
i ncr enent OSCIﬂnkairaﬁu-ﬁ%noahfdd l'i ke that of
After both oscillators have been processed, based on the contents of the
fifth parameter latch 142e, the output control logic 172 causes the contents of the
10 accumulator 180 to be passed to the audio output latch 182, and the accumulator 180

to be cleared using the AND gates 176. Processing then begins for a new sample

beginning with Oscillator 0. In this way, a signal representing a synthesized musical

sound is generated at the audio output latch 182, where it can be amplified, as

appropriate, and used to powei' a speaker where it can be heard. This FM synthesis
15 process occurs in real time.

As noted above, according to the teachings of this specification, the
circuit of Figure 10 can be used to support a variety of FM topologies, such as self-
modulation, cascading and simultaneous generation of several musical notes, in ways
that are well known to those skilled in the art. As also noted above, tonal qualities,

20  such as tremolo and vibrato, can also be implemented in the present invention by
varying o., ®,, and A(t) by combining techniques well known to those skilled in the -
art with the teachings of this specification.

Finally, it should be noted that the parameters can be stored in a variety
of formats in the parameter memory 138, which allows for compatibility with existing

25  synthesizers. In such cases, additional logic may be needed to interpret the data in the
parameter latches 142 into the correct format.



Fi gure This s acen cedim from t he adder 58 and a tine varying anplitude
(A[er_r])Jil pregtices an audi o output fromthem That audio

‘out put i esent i m-a_—-;a——m:e—e—g—a—l——se&nd- produced by FM synt hesi s.
In the sinple exanple 2 0 gl &S §§§)§u%1é§SBEEN 1g that the carrier phase

i ncrenent | r 60 is coffigurigh roduce a sinple g | dal

wavef orm ??gsg%%ﬁt I's, approximtely, Sﬂ%gam
A(t)sin([[err]+l(t)[err]sin([err]t)]t As can be seen from Equation (2)

. above, mathematically this exanple apptoxi nates the sanme results as

Chowni ng' s MJUSiisatMs eRirkdd is:2 D | f desired, any or all of the
nodul ati on phase increnment oscillator 54, the highpass filter 56, the
carrier phase increnent oscillator 60 and the adder 58 can be designed to

utilize the same adder gircui,tr usiong, tinme . division nultiplexing. As

those skilled in the artc"wi | M%Bﬁﬁw@&@mmﬂwmmmw t he

nunber of |-ogimmmdpmwem§mmwmhﬁc%e}pﬁusm ¢Of the
'S

speed and efficigency of 30 the circuit. Accordingly, tradeoff shoul d

be consi dePed 8% gning a circuit of the present invention. WD
96/ 31867 2. Thecircuit of claim 1 wherein the filter is a hifhpaks fiteg, O000 18

3. Thecircuit of claim 2 wherein the highpass filter is a first order
FIR highpass filter. '
10
4. The circuit of claim 1 wherein the modulation phase increment
oscillator comprises waveshaping means.

5. The circuit of claim 4 wherein the waveshaping means
15 produces sinusoidal waveforms.

6. The circuit of claim 4 wherein the waveshaping means

produces non—sinus_oidal waveforms.

20 7. Thecircuit of claim 1 wherein the carrier phase increment
oscillator comprises waveshaping means. )

| 8. Thecircuit of claim 7 wherein the waveshaping means
produces sinusoidal waveforms.
25
9, The circuit of claim 7 wherein the waveshaping means

produces non-sinusoidal waveforms.

10.  The circuit of claim 1 wherein the modulation phase increment

30 oscillator comprises a multiplier.

* c L M S *
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Asvml'l‘hls’:dhswﬂhﬂ Replacdd t 0 those skilled in the art, the entire circuit of

F1—gtrre | Vi si on nul—H—pL—exed He#e—&gal n, however—there-may
be a tr a reductien_in the nunber of Iogl c gates required and
t he Iev spee and effici rTc&ﬂthf*ﬂ"E G5 BE,? tained. 5

men

Finally, a ed above, t e phaﬁgpL i nput s t 0 R-HABSSR4s60
I ncr enent &W“ﬁ;r can be ti me—vary+ ..ym ccardingly, in the circuit of

Figure 7, either or both of the nodul ator phase i ncr enent ([err]) input 50
and the carrier phase increnent ([err]29input 62 can be tine varyi ng.

Figures 8 and 9 show ad ptio i M??Bﬁﬁé den in 10
fl ow diagram form Fi guﬁe 8 ?Eécﬁ@ito?Haﬂﬂ ﬂatlon" I'S case t he sane
osci | | at or seroseiflatas cémprises multiplied. at i on and carri er phase increnent
oscillators, and the sane [err] serves as both the nodul ation and carrier
phase increnents. In Figure 8, a phase increnent oscillator 76 receives an
anplitude (Alerr]) inputj282 gFRécifcuRtioFeRir NGvHerehR theichiBuil is tidipisiauces an
audi o output fromthem The 15 hase increnment input to the phase

i ncr enent ésmmﬂlﬂP’GXed?'GPF%"lMaﬁQ\&!mEy feedi ng the output of the phase

I ncrement oscillator 76 back into the circuit, once it has been del ayed by
a del ay operator 71. That sane audio output is also used as a signal
representing a nusical slaund',l‘hq:)eimliitmfdlah;x 1 Milieseim theefreuit isAimesdivisionodul at i on
in FM synt hesi s .i.s, we it will be evident to those skilled in the
art how the prBWHpex t@provx %0 can be inplemented in a sel f-nodul ation

t opol ogy.
10 14.  The circuit of claim 1 further comptisixig an adder interposed
between the filter and the carrier phase increment oscillator.

_ 15.  The circuit of claim 14 wherein at least two of the modulation
phase increment oscillator, the carrier phase increment oscillator, the filter and the
15  adder utilize th_e same adder circuitry.

16. A circuit to synthesize sounds comprising a filter for operating
on a signal which is then applied to a frequency input of a carrier phase increment

oscillator.
20 _
17.  Acircuitto sjmthesize sounds comprising:
a modulation phase increment oscillator for producing a modulation
signal from a modulation phase increment and a modulation index;
a filter for producing a filtered version of the modulation signal;

25 ~ an adder for producing a sum of the filtered version of the modulation
signal and a carrier phase mcrement, and
a carrier phaselincrement oscillator for producing an audio signal from
the sum.
18.  The circuit of claim 17 wherein the carrier phase increment
30  oscillator comprises circuitry for producing the audio signal from the sum and an

amplitude envelope.

T AR i



When tthl °‘i§hase i ncrement oscillator 76 is fed back into the
circyit, ayed--at -1 east one unit by the delay operator 71 to
avoi d th an endl ~A—feedback shifter 70 (a shifter

is afixed nulti pI | er by 2") |slt'ﬁmvdsedﬁ%yﬁﬁfd¢ /i ng a feedback input 78,
to produce wovk8i@y of the desifed 2 REPLAGERNi tudp. A hi ghp@;ﬁyw 72
then filters the S|gnal after which an adder 74 then adds e output of
the highpass filter 72 to the current el ue of t he phase increnent ([err])
‘input 80. This sumis then used as the first phase increnent ([err]) input
of the phase increnent ggci |M%&6fcmb%mwﬁoaﬂhﬁowati0“ | oop.
30 Figure 9 shows nultiple cascaded FM oscilTators. A first
phase i ncr enencrement andfpxthe carrier-phase/increment is timervagingat or frequency ([err])
i nput 90 and a first WD 96/ 31867

PCT/ 1 B96/ 00460 19 nodul ation index (lI[err]) input 92, and produces from

t hem an out put whi ch i20themantim&imfelauﬁ%%&e{n&heHhaﬂﬂﬁ’&ﬁmﬁéiiﬂor% A

first adde add ‘F’ tpu,t .Oof the first highpass filter 96 to a second
nmodul at or re eWij‘ eﬁ“?"]’?Wﬁb‘H’F"fEUG“SA second phase increnment oscillator

104 then conti nues the cascaded

D

21. A method of synthesizing sounds comprising the steps-of:
producing a modulation signal from a modulation phase increment and
a modulation index; ‘
10 filtering the modulation signal;
adding the filtered modulation signal and a carrier phase increment to
obtain a sum; and

producing an audio signal from the sum.

15 22.  The method of claim 21 wherein the producing step comprises

producing an audio signal from the sum and an amplitude envelope.

23.  The method of claim 21 wherein the filtering step comprises
using a highpass filter. '
20

24.  The method of claim 23 wherein the filtering step comprises
using a first order FIR highpass filter.

25.  The method of claim 21 wherein the step of producing a
25 modulation signal comprises waveshaping.

26.  The method of claim 25 wherein the waveshaping step

comprises producing sinusoidal waveforms.

30 ' 27.  The method of claim 25 wherein the waveshaping step

comprises producing non-sinusoidal waveforms.
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5  nudig/Sheet kas Boen Replaced vi ng t he sum fromthe first adder 98 and a second
Todul at i rr]9—t nput B2—A-secend—highpass fitter 106 filters—
- t hé "out§ ond nodulation_oscillator 104, after which a second
adder 108 adds | 0 a carrilefHIEr&pEnesxS @eNr)]) input 110. Finally, a

third phas%‘,&&glggent osci |l ljator REpLAcEmluces jan audi o 10 Kq%ﬁ omt he
ot ut .

sum from t he second adder 1 (Alerr]) inp hat
audi o output is a signal representi ng,a nmusi cal sound, which has been
nodul at ed by two nodul ati on frequenci'es. Expressed as a fornula, in a

si Pl e exanpl e where [osg]  Bankisd br iy 2 WncORMARLPor AMHIE SpEAS

phase increment oscillators 94, 104 an 14 are all

si npl e si nusoraetvpriseswaveshaping.t he audi o output 15 is, approximately: A (t)
Sin([[err]+ I[err](t)[err] Isin([err] 1t) + I[err](t)[err]2 sin([err] '
2t)]t). As will be evident to those skilled in the art, this type of

cascadi ng can be used tm,prmmﬁemmaﬁaw%ﬁaﬂmmmpsﬁgagag ally rich
waveforns. As will also he evident to those skilled in the art, cascading
can be don® wFemPrsss prodycing sippsoidal waveformtasi r ed sinply by addi ng modul at i on
phase i ncrement oscillators, adders and highpass filters. In fact, since a
singl e 'adder can be used to performall the additions for the entire
circuit by using tine ddi siThe method of claiimi2f whereinthet waeshaping stepai r s of
nodul ati on phase anrggent osci.llators a m;y ghpass filters need be added

to add anot heFOPRRAEP PRIFUCIRE ROpypiApsoidal wavelo

10 31, The method of claim 21 wherein the step of producing a
modulation signal comprises multiplying. |

_ 32. The method of claim 21 wherein the step of producing a signal
comprises multiplying.
15
33. The method of claim 21 wherein at least one of the steps is time

division multiplexed.

34,  The method of claim 21 wherein at least two of the steps utilize
20  the same adder circuitry.

35.  The method of claim 21 wherein the modulation phase

increment and/or the carrier phase increment is time varying.

25 36. The method of claim 22 wherein the modulation index and/or
the amplitude envelope is time varying.

37. A circuit to synthesize sounds by self-modulation comprising:
a phase increment oscillator for producing a self-modulation signal
30 from a first phase increment, where the self-modulation signal is also used as a signal

representing a sound;

| RO Y O



25 This Sheet Has B&a Replickdw di agr ams show exanpl es of how the present
I nventi orl nﬁ”ﬂﬂ T d rm—a variety of FMtopologies. As wll be evident

-to t hose art, ] Q\Q{Hrb@ opfpned in further arbitrary and
npl ex ways to pro a vari ‘ﬁﬁ/" St % é\pfvavef or ns. WO 96/ 31867

PCTLI B96/ 0 gure 10 s bl ock di agr%m
mul ti channg%gggéﬂ“fl me hardware inplenentation of the present ‘Invention

whi ch supports nmany oscillators, selec3dvely interconnected. In this

enbodi ment, the circui try operat es using time division nultiplexing at both
the oscillator and statg g4k chde e self-mbiRilagh pI exing at the
oscillator |level neans that an |¥rptPerrent| ng eaclt of’ the
oscillators as circuit ry,ﬁltehbrpmdmtmaaﬁh&e&wa'sieaoﬁthblsdﬁmodnhnmstgnﬂwi rtual
circuitry" by aﬁcessi ng their paraneters, when needed from a paraneter
menory 138. s evident to those skilled in the art, the oscillators

coul d easily be inpl eneaﬁaauetfbrgidmemg\ay&nosu@mlﬁ&dmm&wm ring" each
oscillator so that each has 10 its_own dedicated circuitry, The tradeoff

bet ween di Pf erselftmadyjstionsignal anda second nlgaaamcvmbm the sHgn isthe firstphase;c
circuit and spgedq.apd efficiency of the circuit's operation. :

38.  The circuit of claim 37 further comprising a shifter, disposed
between the delay operator and the filter, which multiplies the delayed
10  self-modulation signal by a fixed amount.

39.  The circuit of claim 38 wherein the modulation phase
increment oscillator comprises czrcuxtry for producing the self-modulation signal from
the first phase increment and an amplitude envelope;

15 _

40.  The circuit of claim 39 wlierein the amplitude envelope is time

4]1. A circuit to synthesize sounds by cascading comprising:

at least two modulation phase increment oscillators comprising

20 circuitry for producing a modulation signal from a modulation phase increment and a
modulation index, wherein at least one of the at least two oscillators receives the
filtered output of a previous of the at least two oscillators;

at least one filter comprising circuitry for producing a filtered version
of at least one of the modulation signals produced by at least one of the modulation

25  phase increment oscillators;

at least one adder comprising circuitry for producing a sum of the
filtered version of at least one of the modulation signals and a second modulation
phase increment; and

a carrier phase increment oscillator for producing a signal representing
30  asound from the sum of the filtered and added outputs of the at least two modulation
phase increment oscillators.

————
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Because this inplenentation does not limt the nunber of oscillators used,
Ton can—be—cascaded—However, the srAptest—case s
whén only two oscillators arefuseth:-one-a—fedu-ati on phase increnent
oscillator and 15 one a carti'Bf phase "i"acBEdeht oscillator. In describing
t he Operatmﬂfﬁ?sévhi s inpl emept ati JFEPLARED sinp| e case of pgt '
oscillators w be used, which is shown as a gnal flow diagramin Figure
7. In addition, the description bel owddl so assunes that [err] and [err] are
both constants and that the two oscillators are both configured to produce

sinpl e si nusoi dal Wavef 4. 5. THAQHRNP6 claibn AN WHrEin e dafHicd dhisdcrbrientpr esent 2

0 invention also allows other waveforns to be used. The choi ce of

wavef orm i s | ¢seillater comprisgs cirruitry dor prodngingtthe signal reprsentinga sopnd fyem the
o AL ] \ pagel 10
w11 now be. ol s phothcbd B e e Il oREERIcF g ol g R Bhythe? | " 211 C 10,

cl ock generator 136 provides the basic clock for the circuit. The cl ock
generator 136 produces clogk signal .at KS fines the l.e, rat 2 5
where K iélt he nunber ot osch Ic%'gFg}TIG“b W{’ﬁfﬁém%ja(m “Eqﬁ"@&?érrpl e
K=2) and S ismg%pnm%v&gpqugﬁgga@h&stat es per oscillator. As is evident
to those skilled in the art, K and are limted for a given sanple rate by
the speed of the logic and nenories. The clock generator 136 drives a state
counter 134, which consists of 30 two sections. The |east significant

portion of the state counter 134 divides the processing period of each
oscillator into S states,. one per clock pulse. The nost

L A



W 96/ 31867
PCTH1B96/00460 21 sigmifrcant portt+en—of the—<oeunter provi des—a—eceurt—ef—
-thé*virtual oscillator being processed. In the sinple exanple being
described here, only a single bit i E‘qu he two oscillators.
‘t e

An_over f | og, Q?Dgg counter indicate kr%%%b npIEBIRRENOf a SpEPlfeRblsb0d: 5
The circuit o Igure 10 contains t ACEB. Firjst, a paranmet er nenory
138 contains the controlling paraneters for both ofThe oscillators. These
paranmeters can i ncl ude such data as the phase increnments (both for the

nodul ator and the carrier), anplitudes, efv£ppe tinme constants and key-on
signals, vibrato and trenol o anounts, waveformtype and interconnection
information for the oscillators. 10 A control ling computer or

m croprocessor can wite this data to be responsive to the required nusical-
notes, which can be generated by a keyboard in real tine, by a conputer
sequencer or by other means. Each of these variables nust be set by an
application programin ways that are weld-known to those skilled in the
art. Paraneter nmenory address control® ogu c 140 controls access to the 15
paranmeter nmenory 138. Wthin the procRkssing period for either oscillator,

t he vari ous
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paranmeters wl|l be accessed during different states and stored in the

appropri ate paraneter +ateches 142—+t-ti ne—to—bhe—tused by—the—conputational—
_ Cireuitry for calculation of the current sanpl e p0|nt for the current

oscillator. The controlling conp r “QrloCr g@ggssor wites new data into
the para r ry 138 via thej i? dur ipegyBéeidoséd | N
whi ch nonﬁgﬁeﬂgﬁgpparaneter dat a

s r;EﬁPﬂé as_ddaterm ned by decodi ng the
state S. During those states, paraneter nenDry address logic 140 al so sets
the wite address of the paraneter nenor %ﬁ to the address of the
parameter supplied by the controlling c r via address input 132. There
are two other nenories in addition to the paraneter 25 menory 138. A
phase nmenory 154,stores the phase, taken nodulo 2[err], for both
oscillators. 463 h t he out puts of each of
the two oscillator. g mpnor i es used during
t he processing of g | | r,
phase and del ay ne be A£vi dent
to those skilled
PCT/ | B96/ 00460 ~22

+1 i

9w 4w em BT
=1+ FIG. 2d
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i npl ementations it may be advantageous to conbine any or all of the
parameter, phase and/ or—detay nenortes i nt'oone—or—nore ne

.-Sstep-by-step operation of the circuit of Fi gure 10 will now be discussed by
descri bing the processing for T‘t‘l tu r%gﬁ poi nt by both the 5

modul at i on wéBgigsat or 0) and ca[ né%bég g 1) oscil pairpEosedsd! St

t he processing for the new sanpl ¢ poi cillator O, which is the

nodul ati on phase increnent oscillator 54 of Figure 7, will be described. It
shoul d be noted that during the processi gr each oscillator, the address
| ogic 140 for the paraneter nmenory 138 cggé . the eight paraneters for the
10 nmodul ation oscillator to be accessed, based on a signal received from
the state counter 134, and they are read into the appropriate paraneter

| atches 142. This need not happen at one tine, _as |ong
| atch is set at
vari ous par tie
operation of
generate Gscill
phase for the p
In the sinple expRy
[err]t. To conp
causes the pgg
passes throug
adder/ subtract

N
=~

#5

#6

#7 //\/\/

FIG. 3a FIG. 3b FIG. 3¢ FIG. 3d

L

G. 3e FIG. 3f

-
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accunul ator 152, in which it is stored. Once this is conpleted, based on
-control par -l | at or—8—cent ai ned——the ei ghthrparanreter—+ateh
- 142h, the control logic 148 causes the nultiplexer 146 to access the phase
increment for Gscillator 0, whiche-A-the sinple 25 exanpl e bei ng

descri bed ies. [err], fromthej folir SH=pak atch 1gefmoblofuso

mul ti pl exeera %ng%ié‘flen passes the phase |mgg§§?§%f\le rj) on as one input to
t he adder/subtractor 150, while a control logic 148 and
a bank of AND gates 144 cause the previous phase that is stored in the
phase accunul ator 152 to be passgd as thg4 pGher input to the
adder/subtractor 150, which adgsey he two quantities. 30 Not e
that this addition can be per®Por¥ed nodulo 2[err], which scales the size of
t he phase accunul ator word to [err] The result of this addition is the
new phase WD 96/ 31867
PCT/ | B96/ 00460 23 for Oscillat n—ﬁ or [err] for the new sanple point,

which is then stored bag ase menory 154. Next, S|n([err]t) nmust
be calculated. This is flone v g wavgshagyng circuit 158, which obtains the
phase for Gscillator O from t'hgphas gory 154 and

zﬂ.
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5 transforns it into the desired waveform according to the waveshape
paraneters contai ned—TTmtihe t hirdparanet er—tatcth—142c. T mthe—srmpte

- exarnpl e being described here, the output of the waveshaping circuit 158 is
sin([err]t) for the new sanple porﬂ-t~—~~AH—hough_Lh_e_phase i ncrementing
operation dgsdshideed above and the w\éwefshapl ngS @EENdt | on arpcrianenedeed as
occurring in sequence, it nmay be ErmrehE’DACEw)ptl mgl design ofthe circuit
to have the two operations occur sinmultaneousty—se that two sanple points
are being processed by the circuit at one finme. By carrying out these two
operations in parallel, rather than seqﬁa t9al|y, the speed of the circuit
Is optimzed. However, this will be at the expense of the nore conpl ex
control scheme required to enable parallel operation. 15 An
envel ope genergtor 160 then obt ains infor rratlon about the key state (on or

paraneter |

GCsci |l | at or ?d

val ue, obtains 3 \

142b, and conput es fromthese values 20 an anplitude for Gscillator O for
At . ' i$lies the

out put of the gghay ' [ ut put of the

anmpl i tude W% van q [ ' ' [ :

tw ce previous®output sanple.

X

ad.
T

FIG. 5a  FIG. 5b FIG. 5¢ FIG. 5d
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25 The remai nder of the circuit enables the sunm ng of the
out put ~of an—ostrttator—wth t hat—of~—the previous—osci | tators—for—thesane
- sample. This is done by output control Iogic 172, a bank of AND gates 176,
and an adder 178. In addition, an‘atcu ratornigg' Hai ntai ns the cumul ati ve
total of tygepsigeyts of all the op L SLé N si npl ecramsedossobei ng

descri bed here, these operations gre n sary i and this 30 circuitry

is not used. As will be evident to those skilled in the art, however, this
circuitry can be used when several notes iy) a chord are heing generated at
the same’ WD 96/ 31867 6

PCT/ 1 B96/ 00460 24 time, with each note having its own set of nodul ati on and
carrier oscillators. In these cases, the results of several oscillators
nust be summed fol |l owi ng the separate processing of the various oscillators
or oscillator groups. This conpletes the processing for the new sanple
point for 5 Gscillator 0, and a simlar process then begins for the
carri-er oscillator, Gscillator 1. However, because the out put of Gscillator
0 nust be highpass filtered and used by Gscill ator t he processing for

t he new sanple point for Oscillator 1 is sonewhat nD3 conplex Not e t hat

the paraneters for Gscillator 1 nust be read fr2ﬁ1th
Xn ' Yn

30 36

54 56 58 60
/ / /
?3""1 > HIGH~ - . —>¥n
|osciLator| | Pass OSCILLATOR
I —> FILTER )
52 -
-
62
Ap
64

FIG. 7
// SUBSTITUTE SHEET (RULE 26"

i



paraneter nenory 138 into the paraneter |atches 142, replacing the
paranmeters for 10 CsciTTator O, at sone pUTﬂT—pTTOT to t het+we—t+hat—
-Cscillator 1's parameters are accessed during the processing for Gscillator
1. The processing for the new sanp nt_by_ CBClIIator 1 begi ns by

hi ghpass f wées318¢y t he out put of anpyHifodyl atl on @J | at or peayédrdeisdo at or

1. The information latched in the geventqg atch 1429, determ nes
whi ch oscillator, 15 if any, serves—as—4 n nndulator for the carrier
oscillator. In the sinple exanple being descrlbed here, the seventh
paraneter |atch 142g indicates that OsciPlAQor 0 is a nodul ation oscillator
for Gscillator 1. As can be seen fromthe’signal flow diagram of a hi ghpass
filter in Figure 6, the highpass filtering of Gscillator 0's out put
requires the two nost recent 2 0 sanple outputs of Gscillator 0. These
two outputs are stored in the delay nmenory 166. \Wen required during the
processi ng descri bed bel ow, these two values are fetched fromthe del ay
menory 166 and input to the multiplexer 146. |If self-nodulation is being
done, a shifter 174 is provided to atjenuate these delayed signals, if

desired. Because the sinple exanpl e BRing described herein 25 does not
i ncl ude sel f-nodul ation, the shifter 174 is not used in this exanple.
However, it will be evident to those pkilled in the art how this shifter
174, which uses a feedb bntained in the sixth p ter latch
142f, can be used to pefformthe selffnodul ation for which the signal flow
diagrami’s shown in Figure 8. ' ) °
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Ta generate the highpass filtered output of Oscillator 0 for the new 30
sanpl:e point, the difference betweemthe t woprevieous sanple-outputs of the

nodul ation oscillator, Oscillator 0, nUst be calculated. In the sinple
exanpl e bei ng WO 96/ 31867
PCT/ 1 B96/ O0OWemsé2amBetiescri bed here, ca QUILaPﬁhg t"huSsBicEN eren;&&ﬁ%ﬁ in,
approxinately, mul ti'plying by [err]. [ AccoriPR4CED for {he new sanp poi nt,
the result is, approximately, I(t)[err]sin([errJt)y—To conpute this
di fference, the address logic 168 for the delay 5 menory 166 causes the
previ ous phase output for Gscillator 0 to Q§Ap tput, and it passes through
the shifter 174, nmultiplexer 146 and adder/ ractor 150, none of which
nodify it, to the phase accunulator 152, in which it is stored. Once this
i s. conpl eted, the control |ogic 148 causes the nmultiplexer 146 to access
t he output of Gscillator O for the new sanpl e point, which is
I (t)sin([err]), fromthe delay menory 166. The mul ti pl exer 146 passes
-this next sanple output as on nput to the adder/subtractor 150, while at
the sane tinme the COHtrOhthJICudﬁ%b a bank of AND gates 144 cause the
ein
Ok
23

previous sanple output thaR{s g stored in the phase
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accurul ator 152 to be passed as the other input to the adder/subtractor
=156, whrch subtracts GOscill at or—0spr evi ous—sanpte output—frTomGscitiator
: 0's output for the new 15 sanple point. In the sinple exanple being
descri bed here, the result is, app.r_axi__mat,_,e,_,l__y_L__ml_‘_(_t_) [err]sin([err]t). Next,
to generatgnghsighd ator 1's phase fHistde newssarpld poi nt pcirsvsmossel at i ve
phase for tﬂe previ ous sanpl e poijnt foggﬁ}g&ééiator 1 nmust be added to the
sum of the phase increnment for Oscrttater—i—whichliis [err], and the out put
of the 20 hi ghpass filtered output of Gscillator 1's nodul ation
oscillator, GCscillator whi ch out put 'ﬁ(gt)[err]si n([err]t). For the new
sanple point, th S S, appr oxi Y, '
[[err]+l(t)[err]=rn( To conpute this sum the address |ogic 168
for the del ay ¢s it t@loutput the previous phase output for
Gscillator 1, J;ich.

¢s 25 hrough the shifter 174 and
mul ti pl exer 14q, ei hi ch rmj fy. it, to the adder/subtractor 150,
whi ch adds it tjo™t h& hade accunul ator 152. In the sinple

A he
exanpl e being descri cg Ss—arethehrghpass— T 1TTe) ed
out put of Osci ljkat ¢ sEollarrli). This is daone hy haling the
mul ti pl exer 144Tpas Q@I output for Gscillator | js]|one
i nput to the_3d R ™while at the sane tine the fontrol
| ogi ¢ 148 ars-t‘he hja 1f4fcause the previous sumthpatfis
stored in t@’ phase accunul atop |52 tp = o
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26 be passed as the other input to the adder/subtractor 150, .which adds the
. two quantities. As before, this new sumis stored in the phase .accujul at or
152. Finally, the nultiplexer 146 obtains the phase jncrements¥ ot

Cscillator 1, which is [err], fromthe fourth paraneter
mul ti pl exer 146 5 passes the phase mc‘?érﬁent ([err]) o% ?neﬁg‘zfﬂﬂ&‘e?d

t he adder/subtractor 150, while at- the time the control |ogic 148 and
t he bank of AND gatges 14 cause I he prevggus su% I S stg fd in the =
phase accunul ator 132 to BEELh - FYRReSiFe 8

adder / subt ractféﬁtssots%ﬁmmeged hbaqmnqaamdulwon\Msghancmm al | :

of the additi estidldcerbis@Acnans Sisriiss plasdOoVfcrdinentC adce1 P05 or ned
nmodul o 2[erg],cg@hi ch scal es the size of the phase accunul ator word to

2[err]. The resulf of all these additions and subtractions is the new phaée
for Oscillator 1, of+[[eTe+Flrspit gficdainrt] twhareisy thRefittex daiae
poi nt, which ilﬁ.ghbasssf.tttﬁi' @gk.i nto the phase nenory 154. Next,

+
sG] () Ter e g il e aRinch; Wi L hioulg sovt o 1
for Oscillat OIEIP-tPFoﬂrgfhe"-‘plﬁa§érﬂ§n%¥ ) $TRBigRPRIR LTt into the
desired wageform 4. The circuit of any one of the preceding claims,
wherein the modulaticn phase hczemt oscillator (§0)
comprises waveshaping means.

5. The circuit of claim 4, wherein the modulation
phase increment oscillator (60} waveshaping means produces

15 ainuscidal waveforms.

6. The cixcult of claim 4, wherein the modulation
phase increment oscillator (60) wavashaping means produces
ron-sinusaidal waveforms.

7. The circuit of any one of the p:ecedmg claims,

20 wherain the carrier paase increment oscillator (60)
comprises waveshaping means.

8. Tha circuit of claim 7 whs:rein the carrier
phase increment cscillator wavasbaping means producasg
sinusoidal waveforms.

25 9. The circuit of elaim 7 wherein the carrier
phase increment oscillater waveshaping meana produces non-
sianuscidal waveforms.

10. The cixecuit of any cne of the preceding claims,
wherein the modulation phase increment oscillator comprises

30 a multipliaer.

11. The circuit of any one of r.he preceding claims,
wherein the carrier phase increment ogcillator comprises a
nultiplier.

12. The circuit of any one of the precading claima,

'35 wherein the circuit is time division multiplexad to provide
X oscillators.

A, RN O - - ‘



v R R ¢ ATAGNT TANRLTW S
ce e

: accord| ng to the waveshape parameters contained in the third pararreter

_latch 142c. In the sinple exanple being described here, the out put of the

_ waveshaping circuit 158 is, approximately,
S|n([[err]+|(t)[err]3|n([err]t)]t) for the new sanpl e poi nt 'As n'oted‘ 20i

above, although the phase increnenting.opgration described above and t he |
waveshapi ng operation are described as occurring in sequence, in a nore

optimal design the T3¢ cuithecebrdsite ofheany veme pef sheopseceding claims,
si mul t aneous| Yheth I n f about!
U LaneouS ke £n oEYe aaegan 9ENEK AliQha a@@aéﬂsm P LY Eéxé& es;pifavael e

1
1

(OE gr the attack ecay, Sus a| n and
paraneters fr(? rrst 25 paraneter |atch 142a, and conputes the

current envel ope valtie fSheGoirduitt of AnyTome a:fplthbuneetbergﬂm icladhsl62 thi

tﬁkes t hi 3 yurﬂ@ahegnggatﬁghgfﬁ | W8 adduxai| ggt a{@féﬁmt dpgéggggl,gr&,st ored in;
e second par, an utes from val ues an

anpl i tude for %g'grﬁ 3?% Lhe Fﬁfr?‘?ﬂé f’ﬁaﬁesng gi\;gﬁﬁﬁ'l itude

mul tiplier 164 theniSult Thei ebreuid oft p&aimfli.hGMOth&!-)ll@& tweit 158

the anpli EU?eoiTﬁﬁe&QoduﬂttiBHt pRisd MRicaRRbAE UskeiltlabioR!, | ERe ldkirrswhi Ch i s

approxi matel y

PCT/ | B96/ 00466”‘27‘A%?‘f§$“?f("["-[ BPFﬁ’r‘t"t‘j’T eFPfsﬁ\’("[%’i AR FPE P8 %e simpl e

exanpl e bdithgudddes pele mame afide

16. A circuit to synthesize sounds comprising a
filter {56) for operating on & signal which is then applied ;
' {
to & frequency input of a carrier phase increment _ |
|

ogcillatox (&0).

is5 17. & circuit ms claimed in claim 1, wherein:
the wodulation phase increment oscillator is arranged
to produce a modulation signal from a modulation phase
increment and a modulation indax;

the filter ie arrange to produce a filtered ver-icn
20 of the modulation mignal;
an adder is provided for producing a sum of the
filteved version of the modulation signal and a carrier .
phase increment; and i

the carrier phase increment oscillator is arramged to
25 produce an audio signal from the sum.

18. The circuit of claim 17, whereian the carrier
phase increment cseillator comprisss circuitry for
producing the audio signal from the sum and an amplitude
anvelope.

30 18. The circuit of c¢laim 17 or claim 18, wherein
the wodulation phase increment and/or the carrier phase
increment is time varying.

20. The cireuit of claim 18, whersin the modulatien
u:dax and/or the amplitude envelope is time varying.

35 21. A method of synthesizing sounds, comprising the
steps of: :

[ o o
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stored in the delay nenory 166,

for_Gscillator
‘the summing 5

oscillators for the sane sanple.

tlh.ud « TATASKT TAND WU wld:s 7, 28/c0

repl acing the twi ce previous output sanple :

1. As discussed above, the remainder ofthe circuit enables

of the output of an oscillator with that of 't;he~;pr.ev'i,py.s;
In the sinple exanpl e being:deggrikeds »
here, these operations are not necessary, gyd this circuitry is not used.
After both oscillators have been processed, based on the contents of the

fifth paraneter |atchpge@mingha moduidricnmsighal oficn a7 Rodalscion phase

contents of theiiBremahe 3l fbadd sed to the audio output latch
182, and the accumul a 180 toE’ge gr.i& tig@i?

Processi ng then begi nst¥gEiR9, ERR SmoRila

earlg using the AND gates 176.
g

i BHPRE i th Oscillator 0. In

this way, a signal repidisignithegfilsered anidndatborsicignalonnd & scapyierat ed atj?
the audio o_uspug,hgggc{h%n\gnggeagh?%lggma@#%fied, as appropriate, and
e . [ .

used to power a speakez[ Q&re | t ca‘:@d=

process occurs

eard

Algpal Lrem,

% FM synt hesi s 15

FeRg 8RB

inre

this specification, t#. ci Toei setiodriafucdald 2 wheresedthe produednga
variety of FM 1 epabOgbmsridadC Brodusid -anatuHia! & Qha1c 33eAdtRe @i and

si mul t aneous geg_ﬁir%%ﬁ?‘%{et %g\‘/,gé_%lnrrum cal notes,”in ways that are well

As al so noted above, tonal qualities,

known to those

e a

such as trefdl o and dr at hecusthod ohelaip Zhwn cdaln 22e whersdnt the
i nvention by vafyleerins dteddotpilady =AM Qi ROgKANN iE4UEEx WEE4) KNown to

those skilled in them.

is

20

25

34Q

3s

- The method of claim 23, wherein the Eiltering
step comprises a first order FIR highpass filter.

~25. The method of any one of claima 21 to 24,
wharein the stsp of producing a wodulation signal comprises
waveghaping,

258. The mathod of claim 25, wherein the waveshaping
step compriges producing sinugcoidal waveforms.

27. The method of claim 25, wherein the waveghaping
step comprises producing non-ginusoidal waveforms.

28. The wethod of any ocne of claimg 21 to 27,
wherein the step of producing a signal comprises
waveshaping,

2%. The methed of claim 28, whersin the waveshaping
gtep comprises producing sinuaaid&l waveforms.

~ 30. The method of claim 28, whersin the waveshaping
gtep comprises producing non-sisusoidal waveforms.

' '31. The method of any one of claime 21 to 30,
wherein the atep of producing a modulation signal comprises
multiplying. '

32. The method of any one of claims 231 to 30,
wherein the step of producing a signal comprises
multiplying. '

33. The mathod of any one of claime 21 to 32,
wherein at lsast one of the staps is time division
multiplexed.

Wy

®*§ o the teachings of '

20}
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art wth the teachings of this specification. Finally, it should be noted j
that the paraneters can be stored in a variety of formats in the par anet er:
menory 138, which allows for conpatibility with existing.25 synthesizersl
In such cases, additional |logic may be needed to interpret the.data i.n the
par amet er Iatches 142 into the correct format. - 28 - 1. A circuit tol

syhthe;ize sounds, conprising a filter-(3%)-interposed between a nDduIatloh

phase i ncrenent osc +Iat3£e(54 and a carrlereghase i ncrement oscillator 5[
(60). 2. The circ | BeEhad ofanyi pnenet felaime 23 &oh3Fhpass fllter|

(56). 3. The'!xsiraématoteasltamm2¢fv&w aitepshar il watf sahecaddds) is a |
first order Fb&rbhgggg§s filter. 10 4. The circuit of any one of i

the preceding clal eint e nodul ati on phase | ncrenent oscill ator
(60) conprlse waves %p|n§& od of any one of <laimes 21 to 34,

wherein the mndulation phase increment and/or the carriax i

phase increment is time varying. |

36. The method of ¢laim 22, wherein the modulation

index and/or the amplitude envelops is time varying. ,

37. A circuit to synthesize sounds by self- :

10 medulation comprising: !
a phase increment oacillataxr for preducing a self- ;
wedelation signal from a first phase increament, where the %
self-modulaticn signal is alsc used as a siénal ;
represanting a sound;

a2 delay operator which delays the self-moduilatiocn '%
signal; ;

a filter for producing a tiltered version of the ' |
self-wodulation signal; and _ !

an adder for producing a sum of the filtered version ‘
of the self-modulation signal and a sacond phase incrament,
where the sum is the firxst phase increment.

38. The circuit of claim 37, further comprising a
shifter, disposed between the delay cperator and tha
filter, which multiplies the delayed self-modulation signal !
35 by a fixed amocunt.

35. The circuit of elaim 38, wharain the modulation
Phase increment oscillator comprises ecixrcuitry for
producing the sslf-modulation signal from the first phase ,
increment and an awplitude envelope. o
30 40. The cirocuit of claim 33, wheyrein the amplitude
envelope is time varying.

41. A circuit to synthesize sounds by cascading
comprising:
at leaat two modulation pbase increment oscillators -
comprising circuitry for producing a medulation signal from !
- a modvlation phase incrament and a modulation index, 3

i5

20

35
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5. The circuit of -claim4, wherein the nodul ati on phase increnent
oscillator (60) waveshaping means produces 15 sinusoidal waveforns. 6.
The circuit of claim4, wherein the nodul ati on phase i ncrenent oscill ator
(60) waveshapi ng means produces non-sinusoi dal waveforms. 7: - The circuiit

of any one of the preceding clainms, 20 wherein the carrier phase |ncreneAt

oscillator (60) corrpri'ses waveshapi ng rreaas* 8. The circuit of claim7}
wherein the cary

i e hasg increnen CI|| geans produce&
si nusoi dal wav¥P% qﬁgpa§5§eas: ongg 2 of 8éﬁ Fm@§$ %§¥§##1? WHerein the |
carrier phase ¥ereireanthesfillaved oummaﬁompmm N BEe $hA ont '
si nusoi dal vvavﬂﬁmwolguiirmdyg cuit of any one of the preceding clai ms
wherei n the nodul atign se I t 0 30 a a
mul tiplier. 11. Theg'cF‘? a? Cfé'gggg %&?ﬁgitﬁggp{r:ecegl i%;c 5, wherein :'_
the carrier5p q#é\geﬁeﬁi-l%ﬁﬁﬁq varaion b ats deagt

i
modulation signals produced by at least one of the ' i
modulation phase increment oscillators;
at least one adder comprising circuitry for producing
s sum of the filtered version of at least one of the

|

10 wmodulation signals and a second medulation phase i{ncyement; ‘
’ |

|

i

and

a carrisr phase increment oscillator for producing a
signal represaenting a sound from the sum of the filtexed _
and added outputs of the at least two modulation phase ’.

15 increment oscillators.

42. The circuit of claim 41, wherein the carrier
phage increment oscillator comprises circuitry fox
producing the signal representing a scund from the final

i
sum produced by the at least one adder and an smplituda
20 envelope.

: ‘31

s oma8

The circuit of claim 42, wherein the modulation
index and/cr the amplituds envelope is time varying.
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multiplier. 12. The circuit of any one of the preceding clai Prg”BSSgs /00480
wherein the circuit is time division nultiplexed to provide K oscillatékz-ﬂﬁ-gs
~-29- 13. The circuit of any one of the preceding clainms, wherein the
circuit is tinme division nultiplexed to provide S states. 14. The circuit
- of any one of the preceding clains, 5 further conprising an adder (5B)
i nterposed between the filter and the er Qer phase increnment oscillator.
15. The circuit of claim 14, wherein a /{ ast two of the nodul ati on phase
i ncrenent oscillator, the carrier phase increnent oscillator the filter and
the adder 10 wutilise the nane adder circuitry. 16. A circuit to
synt hesi ze sounds conprising a filter (56) for operating on a signal which
is then applied ' .
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to a frequency input of a carrier phase increnent oscill atorPCBIB) .9 ﬁ?/d’?&" 60
circuit .as clained in claiml1, wherein: the nodul ati on phase i ncrenent . 06. 96
“oscillator is arranged to produce a nodul ati on signal froma nodul ation

phase i ncrenment and a nodul ation index, the filter is arrange to produce a
filtered version 20 of the nodul ation signal; an adder is provided for
producing a sumof the filtered versionzsy he nodul ation signal and a

carrier phase increnent; and the carrief-/pitase i ncrenent oscillator is
arranged to 25 produce an audio signal fromthe sum 18. The circuit of
claim17, whgreip the carrigf phase incrgnent oscillator conprisgs

circuitry for prpducing the”hudio signafifromthe gl and an applitude

envel ope. 30 Or €laim 18/ wherein the
nodul ati on phase —-Rcr-agfAt—inttine

varyi ng.
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20. The circuit of claim 18, wherein the nodul ati on index ancgl/’%r gta /00460
_anplitude envelope in time varying. 35 21. A nethod of synthesQZlﬂé.ﬁ
‘sounds, conprising the steps of: - 30 - producing a nodul ati on signal

froma nodul ati on phase increnent and a nodul ation index; filtering the
nodul ati on signal; adding the filtered nodul ation signal and a carrier 5
phase increment to obtain a sum and pr§dd9 ng an audi o signal fromthe
sum 22. The net hod of claim 21, wherefn the producing step conprises
produci ng an audi o signal fromthe sum and an anplitude envel ope. 10
23. The nethod of claim21 or claim22, wherein the filtering step

chorel ﬁeff% PNering T AT O ‘Moqﬁﬂ \/\
i - vzl
- / \/
LTV
’ @ _ W
Y0 AP Ml
SV A/ A 3w

#6

AN //\/\/ N
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FIG.3a FIG. 3b FIG. 3c FIG. 3d FIG. 3e FIG.3f
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6
step conprises a first order FIR highpass filter. 25. The rreCH[B : ég@z; Sﬁs&.

_one_of claims 21 to 24, 15 wherein the step of producing a nDduIatlon
signal conprises waveshaping. 26. The nethod of claim25, wherein the
waveshapi ng step conprises produci ng sinusoi dal waveforns. 27. The nethod
of ¢l aim 25, wherein the waveshaping 20 step conpri ses producing
non- si nusoi dal waveforns. 28. The neth oég? any one of clainms 21 to 27,
wherein the step of producing |gnal I ses waveshapi ng. 29. The

met hod of claim 28, wherein emyaveshapi ng 25 step conprises producing
si nusoi dal waveforns. 30. Thge nmethod of claim28, wherein the waveshapi ng
step conprises produci ng non-isi nugoi dal waveforns. 31. The nethod of any
one of clainms 21 to 30, wher 'ﬁofﬁb step of producing a nodul ati on si gnal
conprises 30 nultiplying. 32 e nethod of any one of clainms 21 to 30,

wherein the step of praducinp a signal conprises
=& ~
=23 ‘d‘
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mul tiplying. 33. The nethod of any one of clainms 21 to 32, 35 mheren

| east one of the steps is time division nultiplexed. -31- 34. The

~ rethod of any one of claim 21 to 33, wherein at least two of the steps
uti-lize the same adder circuitry. 35. The nethod of any one of clains 21
to0.34, 5 wherein the nodul ati on phase i ncrenent and/or the carrier phase
increment is time varying. 36. The netBodDf claim 22, wherein the

nodul ation index and/or the anplitude envelope is tinme varying. 37. A
circuit to synthesize sounds by self- 10 nodul ation conprising: a phase
i ncrement oscillator for producing a self- nodulation signal froma first

phase_inc;; nt, pherg th TZ\/\/\ t . T/\ /\ /\
WAAA A | YATRY
' NA UWAA ]
SV VVV
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sel f-nodul ation signal is also used as a signal representing a sound;ﬂ@ﬁ(ﬁ_gs
a del ay operator which delays the self-nodulation signal; a filter for °°
“producing a filtered version of the self-nodul ation signal; and an adder
for: producing a sumof the filtered version 20 of the self-nodul ation
signal and a second phase increnent, where the sumis the first phase
increnent. 38. The circuit of claim3% /A8 ther conprising a shifter
di sposed between the delay operator and the filter, which nultiplies the
del ayed sel f-nodul ation signal 25 by a fixed anobunt. 39.. The circuit of
cl aim 38, wherein the nodul ati on phase increnent oscillator conprises-
circuitry for producing the self-nodulation signal fromthe first phase
i ncrenent and an anplitude envel ope. 30 40. The circuit of claim
39, wherein the anplitude envelope is tinme varying,. 41. A circuit to
synt hesi ze sounds by cascadi ng
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conprising: at |east two nodul ati on phase increnment oscillators 35 7.0 96
conprising circuitry for producing a nodul ation signal froma nodul ati on
phase increment and a nodul ation index, -32- wherein at |east one of the

at :l east two oscillators receives the filtered output of a previous one of
the at least two oscillators; at |east one filter conprising circuitry for
5 producing a filtered version of at I?ys one of the nodul ation signals
produced by at | east one of the nodul at Yo phase increnent oscillator; at
| east one adder conprising circuitry for producing a sumof the filtered
version of at |east one of the 10 nodul ati on signals and a second

nodul ati on phase increnent; and a carrier phase increnent oscillator for

produci ng a
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signal representing a sound fromthe sumof the filtered and added out pu057 06. g
of thre at | east two nodul ati on phase 15 increnent oscillators, 42. )
circuit of claim4l, wherein the carrier phase increment oscillator
conprises circuitry for producing the signal representing a sound fromthe
final sum produced by the at | east one adder and an anplitude 20 envel ope.
43. The circuit of claim42, wherein the ation index and/or the
- anplitude envel ope is tinme varying. WO 3¥867 33 42. The circuit of
claim41 wherein the carrier phase increnment oscillator conprises circuitry
for producing the signal representing a sound fromthe final sum produced
by the at | east one adder and an anplitude envel ope. 5 43.
The circuit of claim42 whereip the nodul ati on i ndex and/.or the anplitude
envel ope is tinme varying. ' .
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