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supplied as address data to ROM 11 via subtractercir- cuit 13. After the
address data is supplied to ROM 11 Background of the Invention
from subtracter circuit 13, data corresponding to the address data is
output from ROM 11 which then trav- [Field of the invention]
5   els through loop circuit 12, then returning to subtract- er circuit 13.
The returned value is then subtracted The present invention relates to
musical sound   from the pressure data PD which is currently being
synthesizing devices which employ signal delay cir-  supplied to subtracter
circuit 13, the result of the sub- cults and/or FIR filters.
traction again supplied to ROM 11, and the cycle Is 10  then repeated.
Thus, it can be seen from this discus- [Prior Art]
sion and from Fig. 1 that a closed loop is established by this
construction. Accordingly, data is caused to Methods of synthesizing the
musical sounds of    propagate within a closed loop in which a resonance
conventional musical instruments (non-electronic)   function is
established, whereby a musical signal is are known in which the mechanism
of sound genera-   15  output. tion in the musical instrument is simulated
to obtain   With this kind of musical tone synthesizer, to the a tone
generation model which is then applied to the  extent that the supplied
pressure data PD corre- synthesis of the sounds of the target musical
instru-  sponds to a high air pressure, the fidelity improves for ment. In
Japan, such methods have been disclosed     the generated frequency
spectrum of the simulated In, for example, Japanese Patent Application
Laid-  20  reed vibration, as well as for the musical effect of Open, No.
63-40199, and U.S. Patent No. 4,130,043.   simulated transmission
characteristics of air pressure Below, a conventional musical tone
synthesizing de-  waves from tubular portions of the instrument. Thus, vice
based on this technology will be described.     to the extent that the
supplied pressure data PD cor- In Fig. 1, the layout of a musical tone
synthesizer  responds to a high value, a more natural sound is syn- is
schematically shown In which the musical tone gen-   25  thesized, that is,
a sound that more closely corre- eration of a woodwind instrument is
simulated. In the  sponds to the sound of the actual musical instrument
drawing, ROM (read only memory) 11 Is shown In       being simulated. which
a data table for a nonlinear function expressing  Simulation of the musical
sound of string instru- the response characteristics of the reed of a wood-
ments can be achieved using a circuit similar to that wind instrument are
recorded.                   30  shown in Fig. 1. In such a case, ROM 11
holds a data Loop circuit 12 simulates the tubular portions of  table for a
non-linear function expressing the elastic the woodwind instrument, that
is, loop circuit 12 sim-  characteristics of the strings of the string
instrument. ulates the resonator tube transmission characteris-  When
simulating a string instrument, loop circuit 12 tics of the instrument. In
loop circuit 12, multiple delay  simulates the propagation characteristics
of vibra- circuits having a fixed delay are arranged in series.  35  tions
in the strings of the string instrument. Just as Additionally, connected
into the loop circuit 12 at their  with simulation of a woodwind Instrument
loop circuit respective corresponding locations are various ele-  12
includes multiple delay circuits having a fixed de- ments including
junction units (impedance coupling  lay which are arranged in series.
Similar to the simu- circuits) forsimulating the dispersion of generated
air  lation of a woodwind instrument, loop circuit 12 in- pressure waves
created at locations In the tubular  40   dudes filters, Junction units,
etc. at their correspond- portions where the diameter varies and at tone
holes.  ing locations for simulating the resonator box, acous-
Additionally, filters, etc. are provided at correspond-  tic losses and
other characteristics of the string in- ing locations which simulate
acoustic losses occur-  strument. ring within each part of the
resonatortube. In general,  For simulation of the sound of either a
woodwind to the extent that the frequency of the generated   45  instrument
or a string instrument, by adjusting the de- sound Is high, acoustic losses
are great. For this rea-  lay interval of the signal propagated in the loop
circuit son, low passfliters are used forthe above mentioned  12, the
resonant frequency can be adjusted, that is, filters included in the loop
circuit 12.             the pitch of the generated sound can be adjusted.
Ba- Pressure data PD corresponding to the air pres-  sically, In this type
of circuit, the delay Interval of the sure applied at the reed by a
performer playing an ac-  50  signal propagated in the loop circuit 12 is
adjusted by tual woodwind instrument is supplied to subtracter   a switch
means whereby the number of individual de- circuit 13, and from this
supplied data value, the feed-  lay circuits in series with the loop can be
selected. back signal (this value corresponds to the pressure of  However,
with the pitch control as described In the reflected pressure wave from the
resonator tube)  the preceding paragraph, the loop circuit 12 delay In-
from loop circuit 12 is subtracted, the result of the   55  terval must
necessarily be an integral multiple of the subtraction operation then
supplied to ROM 11.       delay interval of one individual delay circuit.
Accord- With a circuit so constructed, pressure data PD  ingly, only
pitches of which the fundamental frequen- corresponding to the air pressure
applied to a reed is  cy is given by: 2    
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n = 1,2,3 .....[err] in Equ. 1 resulting in Equ. 2 shown below. can be
generated. Thus, considerable limitations ex-          [err](w) = 1 - a +
aexp([err]) ist in regard to the pitches that can be generated with   = 1 -
a + [err]  Equ. 2 this kind of circuit. In addition to not being able to
free-  The amplitude [err](w) is then given by Equ. 3 below. ly select a
pitch to be generated, because the range   5            [err](w) = |
[err](w)| of pitches that can be generated is noncontinuous, it      = ((1
- a + [err] is not possible to incorporate "pitch benders, vibrato     = (1
- 2a(1 - a)[err]  Equ. 3 functions, and other control means that rely on
vari-  According to Equ. 3, to the extent that angular fre- ation of pitch
over a continuous range.              quency w Is large, [err](w) becomes
small. Here w Is de- In Fig. 2, a circuit diagram for a musical tone syn-
10  fined so as to satisfy the relation [err] Thus, It thesizer is shown
suitable for generation of musical  can be seen that the FIR filter 3
functions as a low tones In which the envelope of a piano or similar in-
pass filter. strument is simulated, wherein the maximum sound        The
phase characteristics [err](w) are given by Intensity occurs immediately
after the tone is initiat-  Equ. 4 below. ed, followed by a gradual
decrease In intensity. Com-   15       [err](w) = arctan([err](w)) pared
with a percussion instrument such as a drum           [err]  Equ.4 the
envelope of which also demonstrates maximum                    [err] sound
intensity immediately following the onset of the  In Equ. 4, [err]
expresses the phase angle of sound, the decline in sound intensity is
relatively pro-  [err](w). In the musical tone synthesizer circuit under
longed with a piano. In the case of a horn orwoodwind   20   discussion,
the angular frequency w of the input sig- instrument, both the timing of
maximum intensity and  nal is significantly small compared with sampling
fre- the decline in intensity are delayed compared with a  quency [err]
which equals [err]. Accordingly, assuming piano or drum.
the approximation [err] = x which is true for suffi- As shown in the
diagram, an adder circuit 1, delay  ciently small values of x, and further
assuming that circuit 2, FIR (finite Impulse response) filter 3, and   25
[err]1 and that[err] which are true given multiplier circuit 4 are
sequentially provided, thereby  that w is sufficiently small, the
approximate equiva- forming a closed loop. In the illustrated circuit, the
de-  lence shown in Equ. 5 below can be derived from Equ. lay circuit 2
consists of a plurality of delay elements  4. serially provided, whereby
the input signal is delayed          [err]  Equ. 5 by a sampling time [err]
and then output to FIR filter 3.  30   Accordingly, the effective delay
interval [err] of the FIR Based on pitch data supplied to the delay circuit
2  filter 3 is given by Equ. 6 below. from a pitch control circuit (not
shown in the drawing),             [err] the number of delay stages n and
hence the sampling                   [err]  Equ. 6 time[err]
canbeselected.Themultipliercoefficientgfor        With the musical tone
synthesizer circuit under multiplier circuit 4 Is selected so that the
value for the   35   discussion, under ordinary circumstances, a signal
closed loop gain from adder circuit 1 to delay circuit  having a great
number of frequency components, for 2 to FIR filter 3 to multiplier circuit
4 back to adder cir-  example an impulse signal, is supplied to adder
circuit cult I again is slightly smaller than 1.             1. From adder
circuit 1, the signal is successively sup- As shown in Fig. 2, FIR filter 3
is made up of delay  plied to delay circuit 2, FIR filter 3, multiplier
circuit 4, circuit 5 wherein the input signal to FIR filter 3 Is de-  40
and then back again to adder circuit 1 to repeat the layed by a sampling
time [err] and then output, multiplier  cycle, traveling over the closed
loop thus formed. circuit 6 wherein the FIR filter 3 input signal is multi-
For a delay crcuit2 delay interval of [err] and a de- plied by 1 - a and
then output, multiplier circuit 7 to  lay interval of [err]for the FIR
filter 3 as a whole, the re- which the output of delay circuit 5 is
supplied where  quired time [err] for a signal to traverse one complete lap
it is multiplied by a and then output, and adder circuit  45   of the
musical tone synthesizer circuit shown in Fig. 8 wherein the output of
multiplier circuit 6 and multi-  2 is given by Equ. 7 below. plier circuit
7 are added and then output. This FIR fil-         [err]  Equ. 7 ter 3
functions as a timbre control low pass filter,  In this case, the closed
loop gain frequency charac- wherein the coefficient a Is chosen so as be
between  teristics of the circuit are such that  the frequency 0 and 0.5.
50  spectrum for the generated signal exhibits maximum Below, the
characteristics of FIR filter 3 will be  values at integral multiples of
the fundamental fre- described. For an FIR filter circuit having the layout
quency [err] which equals [err]. Accordingly, among the shown in Fig. 2,
the impulse response function [err](z)  frequency components of an input
impulse signal, is expressed by Equ. 1 shown below.                  only
those frequencies equal to the above mentioned [err]  Equ. 1           55
fundamental frequency [err] and harmonics which are The frequency
characteristics [err](w) of the FIR filter  integral multiples thereof
continue to circulate around circuit, where w  Indicates the
angularfrequency of the  the closed loop circuit, other frequency
components Input signal, are given by substituting exp([err]) for 3    
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suppressed. Forthe frequency com-  cuit together with an FIR filter circuit
provided as a ponents that continue to circulate around the closed  timbre
control filter are combined to form a closed loop circuit, each component
is governed according  loop. to the amplitude characteristics given by Equ.
3 above. In this way, the wave form of the signal prop-   5   Brief
Description of the Drawings agates over the closed loop circuit, that is
the timbre of the musical signal, is regulated. Due to the fact, as  Figs.
1 and 2 are schematic circuit drawings stated above, that the multiplier
coefficient g for mul-  showing conventional musical tone synthesizer cir-
tiplier circuit 4 is selected so that the value for the  cuits. closed loop
gain is slightly smaller than 1, the ampli-  10  Fig. 3 is a block diagram
showing the layout of a tude of the circulating signal gradually
diminishes. In  musical tone synthesizer of a first preferred embodi- the
closed loop circuit under discussion, the output of  ment of the present
invention. adder circuit 1 is used as the musical output signal.  Fig. 4 is
diagram showing a data structure em- With the above described FIR filter 3,
as can be  played in musical tone synthesizer shown in Fig. 3. understood
from Equ. 6 above, when coefficient a is  15  Fig. 5 is a block diagram
showing the layout of a varied, the delay Interval [err] in turn varies.
Thus, with  delay circuit of a second preferred embodiment of the this kind
of conventional musical tone synthesizer cir-  present invention for use in
a musical tone synthes- cuit employing an FIR filter for timbre control as
part  izer. of a closed loop circuit, when an attempt is made to    Fig. 6
is a time chart showing the operation of the adjust the timbre by varying
multiplier coefficient a,  20  delay circuit of the second preferred
embodiment of and hence 1 - a, because the delay interval for the  the
present invention. closed loop circuit as a whole varies, the pitch of the
Figs. 7 and 8 are block diagrams Illustrating an generated tone ends up
varying as well which is un-  applied example of the invention of the
present inven- desirable.                                         tion in
the form of a keyboard instrument. 25      Fig. 9 is a schematic diagram
illustrating the Summary of the Invention
structure of a circuit for Improving the accuracy of the delay interval
employed in the first preferred embodi- In consideration of the above, it
is an object of the  ment of the present invention. present invention to
provide a musical sound synthes-  Fig. 10 is a block diagram showing the
layout of izerfor which, by using a signal delay circuitforwhich   30   a
musical tone synthesizer of a third preferred em- the signal delay interval
can be arbitrarily chosen at  bodiment of the present invention. any
desired value, and for which the signal delay in-  Figs. 11 through 13 are
block diagrams showing terval can be continuously varied, a musical tone of
variations in the layout of a FIR filter employed in one any desired pitch
can be generated, and furthermore,  embodiment of the present invention.
for which the pitch of the generated musical tone can   35 be continuously
varied.                            Detailed Description of the Preferred
Embodiments Asecond object of the present invention is to pro- vide a
musical sound synthesizer for which, by using  [First Preferred Embodiment]
an FIR filter for the timbre control filter of which the total delay time
does not vary, it is possible to gener-  40  In the following sections the
preferred embodi- ate a musical tone for which the pitch of the generated
ments of the present invention will be described in de- tone does not vary
even when the timbre of the gen-  tail with reference to the diagrams.
First of all, a first erated tone is varied by variation of filter
parameters.  preferred embodiment will be described with refer- The above
mentioned objects are achieved by a   ence to Figs. 3 and 4. musical sound
synthesizer as claimed.          45      In Fig. 3, a block diagram
illustrating the layout of Especially, a musical sound synthesizer is
provid-  the musical tone synthesizer of the present embodi- ed having an
exciting means wherein an excitement   ment Is shown. In this diagram,
those components signal is generated and output based on both an input
which are identical to elements shown in Figs. 1 and signal and a returned
signal, and also having a signal  2 illustrating conventional devices will
retain the orig- delay circuitwherein the above mentioned excitement  50
inal identifying numerals Within musical tone control signal is delayed by
a fixed interval and then returned  information generation circuit 21,
control parameters to the above mentioned exciting means. With this mu-  a,
b, PD, etc. are generated based on input signals sical tone synthesizer, by
causing the above men-   supplied to thereto by various operators (not
shown), tioned exciting means and signal delay circuit to be in  for
example a keyboard. For the above mentioned a resonant state, a musical
signal can be generated   55   musical tone control information, included
are step corresponding to a desired pitch.                   number data
having integral and fractional portions, According to an advantageous
embodiment the     a and b respectively, this step number data being above
mentioned exciting means and signal delay cir-  used for determining the
generated pitch. Additional- 4    
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PD corresponding to air pressure   are then summed in adder circuit 29 to
obtain data W, applied to the reed of woodwind instrument, and other  as is
shown in Equ. 8 below. types of data may be included
W = [err]  Equ. 8 In Fig. 4, an example of a data structure for the  Thus,
by the above described signal processing with above mentioned step number
data is shown As   5   in interpolation circuit 24, linear Interpolation is
car- shown in Fig. 4, the data structure consists of a six-  ried out on
delayed data [err] and delayed data [err] teen bits. The five lowest order
bits from the least sig-  which corresponds to data one clock tick  [err]
earlier than nificant bits (LSB), bits zero to four are dedicated to
delayed data [err] whereby data W is obtained which represent the
fractional portion b of the step number  Is equivalent to delayed data
[err] further delayed by a data. Bits five to fourteen, are dedicated to
represent  10  delay interval given by [err]. the integral portion a of the
step number data. The     The above data W is supplied to direct current
most significant bit (MSB) of the most significant   component removal
filter 30 wherein direct current byte, bit fifteen, may be used to register
additional  components are filtered from the supplied signal, af- data, for
example as a parity bit.                  ter which the thus filtered
signal is returned to sub- Just as in the case with the conventional
circuit  15  tracter circuit 13. The above mentioned direct current shown
In Fig. 1, a data table is recorded in ROM 11  component removal filter 30
may be constructed, for representing a nonlinear function expressing the
example, from a circuit which accumulates supplied elastic characteristics
of the reed of a woodwind in-  data and derives a time averaged value,
combined strument. Direct current pressure data (bias data) PD  with a
subtracter circuit which subtracts the above corresponding to the air
pressure applied to the reed   20   described time averaged value from the
Input signal. of a woodwind instrument is supplied to subtracter cir-  As
Is clear from Fig. 3 and the above discussion, cult 13 from musical tone
control Information gener-  the input signal PD travels from subtracter
circuit 13 ation circuit 21. From subtracter circuit 13, the signal  to ROM
11 to shift register 22 to multiplexer 23 to In- is supplied to ROM 11 as
address data. Data Y corre-  terpolation circuit 24 to direct current
component re- sponding to the address data supplied to ROM 11 is  25
moval filter 30 and then back subtracter circuit 13 to then supplied to
shift register 22 as well as to multi-  repeat the loop, thus constituting
a closed loop circuit plexer 23 from ROM 11. Within shift register 22, the
in which data circulates whereby resonance is gener- data Y supplied from
ROM 11 is sequentially shifted  ated. In this way, a resonating signal is
generated bit-wise in synchrony with a sampling dock , until all  which
propagates over the closed loop and is sup- of data Y has been shifted into
multiplexer 23. The   30   plied therefrom as a musical tonl signal.
Although not above mentioned step number data is also supplied    shown in
Fig. 3, the output signal can be derived from to multiplexer 23 wherein the
integral portion a of the  any point in the closed loop, as dictated by
design re- stop number data is selected by multiplexer 23. When
quirements. For the musical tone synthesizer circuit the clock rate of
sampling clock   is given by [err], after  thus described, for input
parameters from musical a delay interval given by [err], data Y is output
from mul-  35  tone control information generation circuit 21 given by
tiplexer 23 as delayed data [err] to interpolation circuit  a and b as
defined above, the characteristics of the 24.
control effected is given by Equ. 9 below. The above mentioned
interpolation circuit 24,                f = 1/(a + b)[err]  Equ. 9 wherein
a delay corresponding to the above men- tioned fractional portion b of the
step number data is  40  [Second Preferred Embodiment] effected, is made up
of a unit sampling time delay cir- cult 25, multiplier circuit 26,
multiplier circuit 27, sub-  In the following section, a second preferred
em- tracter circuit 28, and adder circuit 29. Delayed data  bodiment will
be described with reference to Figs. 5 [err] from multiplexer 23 is
supplied directly to both unit  and 6. sampling time delay circuit25 and
multipliercircuit27.  45  In Fig. 5, a block diagram illustrating the
layout of In the unit sampling time delay circuit 25, the sup-  the delay
circuit of the present embodiment is shown. plied signal Is delayed a unit
sampling period [err], and then  The structure of the delay circuit of the
present em- output to multiplier circuit 26 as delayed data [err]. Thus,
bodiment is distinct from and replaces the delay cir- at any given instant,
the delayed data [err] supplied to  cult employed in the musical tone
synthesizer of the multiplier circuit 26 corresponds to data obtained from
so  first preferred embodiment in which a shift register22 multiplexer 23
one unit sampling period [err] prior to the  and multiplexer 23 were used.
In the following discus- delayed data [err] supplied to multiplier circuit
27. Then,  sion, those components which are identical to ele- delayed data
[err] is multiplied by data b in multiplier  ments shown In Fig. 3 will
retain the original identify- circuit 26, and in multiplier circuit 27, the
delayed data  ing numerals. [err] is multiplied by 1 - b, which was
calculated In sub-  55  In Fig. 5, RAM (random access memory) 31 is tracter
circuit 28.                                  shown in which the output data
Y of ROM 11 Is tem- The results of the multiplication operations car-
porarily stored. Counter 32 is used as a read-write ad- ried out In
multiplier circuit 26 and multiplier circuit 27  dress counter for RAM 31.
In the present preferred 5    
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count dataforcounter32 is ten bits wide  in time [err] earlier. In this
way, a delay Interval of [err] Is and counts in descending order. Counter
32 thus   imparted to the data Y. counts from 1023 to 0 (210 values). Based
on a read-  As shown in Fig. 6, when counter 32 reaches write selector
signal RD/WD, RAM 31 switches be-   zero, the following count is 1023 from
which the tween read mode and write mode. When RD/WD   5   downward count
continues. Thus, after counter 32 equals 0, RAM 31 is in write mode.
Conversely,     passes zero, the read address continue as 1023 + a, RD/WD
equals 1, RAM 31 Is in read mode.            1022 + a, 1021 + a,.... It can
seen, therefore, that It Is Two AND gates 33 are provided. To one input
ter-  possible for the result of the addition operation in ad- minal of
each of the AND gates 33, the previously de-  der circuit 34 to exceed the
maximum address value scribed Integral portion a of the step number data is
10  of RAM 31. However, because adder circuit 34 sup- supplied, while to
the other Input terminal of each of  plies only the ten lowest order bits
of the calculated the AND gates 33, the above mentioned read-write
address to RAM 31, supplied address values remain selector signal RD/WD is
supplied. Adder circuit 34  in the range of 1023 to 0. Thus, for the case
when the adds the output of counter 32 and the combined out-  address
values calculated in adder circuit 34 equal puts of AND gates 33 to
generate address data which   15  1023 +a, 1022 +a, 1021 +a,..., the
corresponding ad- is then supplied to RAM 31. The output data of RAM  dress
values supplied to RAM 31 are a - 1, a - 2, a - 31 is supplied to an
interpolation circuit 24 which is  3,.... identical to that employed in the
first preferred em- bodiment as shown in Fig. 3. in interpolation circuit
[Application Example for a Keyboard Device] 24, the output data of RAM 31
undergoes the prevl-  20 ously described interpolation signal processing,
after  In the following section, application of the musical which the
output signal W is supplied to a direct cur-  tone synthesizer of either
the first or the second pre- rent component removal filter 30 Just as in
the case  ferred embodiment of the present invention to a key- of the first
preferred embodiment. In the present pre-  board type input device will be
described with refer- ferred embodiment, the output data Y of ROM 11 is  25
ence to Figs. 7 and 8. stored in RAM 31 at address locations 0 to 1023.
As shown in Fig. 7, the output of keyboard unit KB Fig. 6 is a time chart
showing the operation of the  which is In the form of key codes KC Is
supplied to delay circuit shown in Fig. 5. As can be seen in this
converter 101, where it is converted to step number drawing, read-write
selector signal RDIWD switches  data STG. The above mentioned conversion to
step back and forth between read and write mode in syn-  30  number data
STG is effected through Equ. 10 which chrony with the descending count of
counter 32. Over  is shown below. one count cycle (the period over which
the output of  STG = (50000/440) x [err]  Equ. 10 counter 32 remains at one
clock value), for the first  The significance of each constant in Equ. 10
will be half of the cycle, the read-write selector signal  explained here.
First of all, 50000 represents the RD/WD equals one (read mode), and for
the second   35  sampling frequency [err] of the musical tone synthesizer
half of the cycle, the read-write selector signal  employed In the present
example, given by [err] RD/WD equals zero (write mode). When the read-
50kHz. The value 45 represents the key codes KC for write selector signal
RD/WD equals zero, that is,  astandard pitch A3, and 440 represents the
frequen- when RAM 31 is in write mode, the output terminal of  cy in hertz
(Hz) of the standard pitch A3. each AND gate 33 is forced to the zero
state. When   40  Shown in Fig. 7, converter 102 converts the step the
read-write selector signal RD/WD equals one,   number data STG from
converter 101 into the data that is, when RAM 31 is in read mode, integral
portion  format as shown in Fig. 4 and explained above. Delay a of the step
number data is able to pass through both  circuit 103 can be constructed
from a shift register of the AND gates 33 and is thus supplied from their
22, multiplexer 23, and an Interpolation circuit 24 as connected output
terminals to adder circuit 34. Thus,  45  with the delay circuit shown in
Fig. 3, or It can be In when the read-write selector signal RD/WD equals
the form of the delay circuit shown in Fig. 5. one, integral portion a of
the step number data is add-  Forstep number data of which the Integral
portion ed to the current count value from counter 32 in adder  a is ten
bits wide, when the delay circuit shown in Fig. circuit 34, the result of
the addition then supplied to  3 is used, the total number of delay stages
that can RAM 31 as address data.                       50  be provided by
shift register 22, multiplexer 23 and in- Accordingly, as can be seen in
Fig. 6, the data ad-  terpolation circuit 24 is 1024. For a musical tone
syn- dress during each read operation is equal to the cur-  thesizer of
which the sampling frequency [err] is 50 kHz, rent value of the Integral
portion a of the step number  using all 1024 delay stages, the
lowestfrequency that data added to the address of the following write oper-
can be generated is 48.8 Hz. Because the fractional ation. Thus, when the
cycle length for one count cycle  55  portion bofthe step number data
Isfive bits wide,fine of counter 32 and one read-write cycle is given by
[err],  control corresponding to a delay Interval of 0.03125 at any given
moment, the data output from RAM 31  ([err]) delay steps is obtainable in
interpolation circuit corresponds to the data Y written to RAM 31 ata point
24. Accordingly, at standard pitch A3, a maximum    11                  EP
0 393 702 B1                 12 



pitch resolution of on the order of 1/200 of a half note  [err] is
represented as the output of a multiplexer 23 as step (on the order of
1/200 of the difference between  shown in Fig. 3 which is supplied to delay
element [err]. A and A#) can be achieved.                          Thus,
delay element Do is a hypothetical delay ele- When it is desirable to
employ a "pitch bender" or  ment representing zero delay. The output of FIR
filter a vibrato function, rather than the converter 101   5   40 is
supplied to a direct current component removal shown in Fig. 7, the
converter 104 shown in Fig. 8 is  filter 30 as shown in Fig. 3. used. In
this case, conversion to step number data     To effect a delay circuit
having a delay circuit step STG Is effected through Equ. 11 which is shown
be-  number given by X (here X is a real number between low.
zero and n), when an [err] order Lagrange interpolation STG = (50000/440) x
[err]  Equ. 11    10  Is carried outforeach node of the shift register, for
the In the above Equ. 11 and in Fig. 8, c represents pitch  [err] node, the
multiplication coefficient fj, is given by bender data and d represents a
vibrato data which are  Equ. 12 below. supplied to converter 104 from the
musical tone con-            [err] trol information generation circuit 21
shown in Fig. 3.        [err] In the case of a pitch bender, a fixed
gradual shift in  15   Here [err] are a function and its first deriv- the
generated pitch is created beginning immediately  ative as given by Equ. 13
and Equ. 14 below. after the onset of tone generation, triggered by the
[err] = (X - a)(X - a + 1) ... (X - a + n)  Equ. 13 key-on signal from the
keyboard unit KB. The shifted                   [err] tone remains in
effect until the key-off signal from the             [err] keyboard unit KB
is detected. Thus, in this way, a   20  In the above equations, a
represents the delay step pitch that varies with time, commencing with the
key-  numberforthe front stage delay circuit through which on signal can be
generated based on the pitch bender  the signal of each node must pass
(here the delay in- data c supplied to converter 104. In the case of vibra-
terval for one step of the delay circuit is the same as to, vibrato data d
is read from a periodic function table  the individual delay of each of the
delay elements Do, recorded in the musical tone control information gen-
25   [err] eration circuit 21 and supplied to converter 104.     In
converter 105 shown at the top of Fig. 9, the Based on the supplied vibrato
data d, the generated  value for each multiplication coefficient [err] is
tone is caused to vary cyclically with respect to time.  calculated based
on the value for X using the above Equ. 12, 13 and 14. The calculated
values for each [Example of Tone Synthesizer Using Nonlinear   30
multiplication coefficient [err] are then supplied Interpolation]
to the FIR filter 40. Additionally, converter 105 sup- plies the previously
described integral portion a of the In the following section, a variation
of the musical  stage number to multiplexer 23. By substituting the tone
synthesizer of the first preferred embodiment as  FIR filter 40 thus
described and as shown in Fig. 9 for shown in Fig. 3 will be described with
reference to Fig.  35  the interpolation circuit 24 in the musical tone
gener- 9. For the apparatus under discussion, a non-linear  ator of Fig. 3,
It is possible to further improve the ac- interpolation method is used.
curacy of the delay Interval employed. For the musical tone synthesizer
shown in Fig. 3, If the output of multiplexer 23 is supplied to a conven-
[Third Preferred Embodiment] tional FIR (finite impulse response) filter,
wherein FIR   40 filter interpolation (or Lagrange interpolation) is car-
In the following section, a third preferred embodi- ried out, it is
possible to further improve the accuracy  ment of the present invention
will be described with of the delay interval achieved corresponding to the
reference to Fig. 10. fractional portion b of the step number data. Such a
In Fig. 10, a block diagram illustrating the layout circuit is shown in
Fig. 9. In this case, it is acceptable  45  of the musical tone synthesizer
of the present em- to either use a previously prepared data table for the
bodiment is shown. The musical tone synthesizer of multiplication
coefficients used In the FIR filter, or to  the present embodiment provides
an enhancement to calculate the coefficients using the Lagrange trans-  the
conventional circuit shown in Fig. 2, the FIR filter formation as will be
described below.               3 therein being replaced by a FIR filter 50.
The above As shown in Fig. 9, FIR filter 40 is comprised of  50   mentioned
FIR filter 50 is made up of a delay circuit a shift register made up of a
plurality of delay ele-  51 and delay circuit 52 wherein each of which the
in- ments [err] a plurality of multiplier circuits  put signal is delayed
for unit sampling interval [err] and [err] wherein the output of each delay
ele-  then output, a multiplier circuit 53 wherein the input ment [err]is
multiplied by a corresponding  signal is multiplied by a multiplication
coefficient [err] multiplication coefficient [err] and an adder cir-  55
and then output, a multiplier circuit 54 wherein the cuit [err] wherein the
output of all of the multiplier cir-  output of delay circuit 51 is
multiplied by a multiplica- cuits [err] are summed. As shown in Fig. 9,
tion coefficient [err] and then output, a multiplier circuit in the circuit
as described, the output of delay element  55 wherein the output of delay
circuit 52 is multiplied 7    13                  EP 0 393 702 B1
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by a multiplication coefficient f2 and then output, and  The amplification
characteristics [err](w) of the above an adder circuit 56 wherein the
output of multiplier cir-  filter are given by Equ. 25 below. cults 53, 54
and 55 are summed and output.                [err](w) = (k - 1)cos([err]) +
k  Equ. 25 Additionally, the musical tone synthesizer of the    The
coefficient k Is chosen so as to be between present embodiment includes
timbre operators (not   5   0.5 and 1 Inclusive as was the case for the
low-pass shown in the drawing) whereby according to their op-  filter
described above. It is apparent from Equ. 25 that eration, a timbre control
circuit (not shown in the  the FIR filter 50 can have characteristics as a
high- drawing) supplies multiplication coefficients [err] and
passfilterwhen the coefficients are determined soas f2 to their respective
multipiler circuits 53, 54 and 55.  to satisfy Equ. 22 through Equ. 24. The
delay interval The values for the above mentioned multiplication   10  of
the filter is unchanged regardless of the value coefficients [err] are such
that Equ. 15 to 17  chosen fork. below are satisfied.
Only one FIR filter 50 Is used In the musical [err] = (1 - k)/2  Equ. 15
sound synthesizer shown In Fig. 10. Although, more [err] = k  Equ. 16
sophisticated characteristics can be given to the syn- [err] = (1 - k)/2
Equ. 17             15  thesizer by including a plurality of low-pass f
liters and The above value k Is between 1 and 0.5.              high-pass
filters. In such a case also, the delay Inter- For FIR filter 50, the
frequency characteristics  val is not influenced by the value k and
therefore re- [err](w) are given by Equ. 18 below.                    mains
constant, making it possible to synthesize mu- F2(w) = (1 - k)/2 +
kexp(-[err])           sical sounds at a desired pitch. + ((1 - k)/2)exp( -
[err])           20      Fig. 11 shows other examples of a low-pass filter
= exp( - [err]){((1 - k)/2)exp([err]) + k        or a high-pass filter
according to the present inven- ((1 - k)/2)exp( - [err])}
tion. The output from the FIR filter 50 is multiplied by = exp( - [err])((1
- k)[err] + k)  Equ. 18       coefficient y in multiplier circuit 60, and
the product The amplitude A2(w) is then given by Equ. 19 below.  thereby
obtained is subtracted from the output of de- [err](w) = | [err](w) |
25  lay circuit 51 in subtracter circuit 61. The coefficient = (1 -
k)cos([err]) + k  Equ. 19              y may be chosen from between 0 and 1
inclusive. According to the above Equ. 19, to the extent that an-  When the
coefficients [err] are chosen so that the gular frequency w is large,
[err](w) becomes small. That  FIR filter 50 functions as a low-pass filter,
the filter Is to say, FIR filter 50 functions as a low pass filter.  shown
in Fig. 11 outputs a signal wherein low fre- Further, to the extent that k
is small, the variation of  30   quency components have been subtracted
from the A2(w) with respect to frequency becomes great.       original
signal, that Is, the f liter functions as a high- The phase characteristics
[err](w) of FIR filter 50  pass filter The frequency components subtracted
are given by Equ. 20 below.                          from the original
signal are adjusted by varying the [err](w) = arctan([err](w))
coefficient y. Conversely, when the coefficients [err] = [err] Equ. 20
35  [err] are chosen so that the FIR filter 50 functions as a Accordingly,
the delay Interval [err] Is given by Equ. 21  high-pass filter, the filter
shown In Fig. 11 outputs a below.
signal wherein high frequency components have [err]= - [err](w)/dw
been subtracted from the original signal. That is, the = [err]  Equ. 21
filter functions as a low-pass filter. It is also possible In this way, it
can be seen that the delay interval[err]  40  to multiply the output of the
delay circuit 51 by a coef- of FIR filter 50 is constant even when
coefficient kva-  fident 1 - y using a multiplier 62 before the signal is
ries Accordingly, even when adjusting the timbre of  supplied to the
subtracter circuit 61. the musical tone synthesizer by varying coefficient
k,  FIR filter 50 multiplies 3 sample signals consec- the total delay of
the closed loop formed by adder cir-  utively located on the time axis
within a predeter- cult 1, delay circuit 2, FIR filter 50, multiplier
circuit 4   45   mined time Interval. The procedure is shown in Fig.
sequentially, and back to adder circuit 1 does not   13 in a generalized
form. As shown in Fig. 13, delay vary. Accordingly, the pitch that the
operator expects  circuit 71 consists of 2N + 1 delay units connected se-
to be generated is in fact generated. With the circuit  quentially to one
another, where N is given by an In- shown in Fig. 10, multiplier circuit 4
can be eliminated  teger. The delay intervals [err] of the data Dk (k is
equal by adding the multiplication coefficient g of multiplier  50
toorlargerthan -N and equal toorsmaller than N) out- circuit 4 to the
multiplication coefficients [err]              put from delay circuit 71
are given by Equ. 26 below. of multiplier circuits 53, 54 and 55
respectively.              [err] = (N + k)[err]  Equ. 26 The FIR filter
mentioned above can be utilized as  The multipliers [err] (k Is equal to or
larger than -N and a high-pass filter by choosing the coefficients [err]
equal to orsmallerthan N) multiplies each [err] by a cor- and f2 so that
Equ. 22 to 24 below are satisfied.  55  responding Ck (k is equal to or
larger than -N and [err] = (k - 1)/2  Equ. 22                  equal to or
smaller than N). Then, adder circuit 72 [err] = k  Equ. 23
adds the products obtained by the above multiplica- [err]= (k - 1)/2  Equ.
24                   tion operation. The coefficients Ck are determined so
15                  EP 0 393 702 B1                 16 that the total of
the 2N+1 coefficients is equal to 1,  preferred embodiments. The invention
includes all 



and Ck is equal to [err]                             the possible
modifications which can be derived from [err]  Equ. 27
the invention depicted by the whole of the claims. Given the above
conditions and Equ. 27, the fre- quency response function shown in Equ. 28
is ob-   5 tained.                                             Claims F(w)
=[err] [err]           1. A musical sound synthesizer comprising a signal
[err]                 delay circuit for substantially steplessly changing
[err]  10      a delay interval, the signal delay circuit compris- [err]
ing: [err]  Equ. 28                     (a) a delay control means (21) for
generating The above equation Equ. 28 is reformed to the follow-     and
outputting control data consisting of a ing form by introducing equation
Equ. 27.                real number bearing control information for F(w) =
exp[err]     15         controlling the delay Interval, the real number
[err]  Equ.29                         consisting of an Integral portion (a)
and a frac- The amplification characteristics A(w) of the above
tional portion (b); fliter is expressed by Equ. 30 below.
(b) a first delay means comprising a shift reg- A(w) = [err]
ister (22) for consecutively delaying an input Equ. 30
20         signal by a delay Interval which is an Integral The phase
characteristics P(w) of the filter and delay    multiple of a predetermined
delay Interval interval [err] are expressed by Equ. 31 and Equ. 32 be-
thereby generating a plurality of first Inter- low, respectively.
mediate signals, and also comprising a selec- P(w) = -[err]  Equ. 31
tion circuit (23) for selecting a first intermedi- [err]  Equ. 32
25         ate signal [err] from said plurality of first inter- The above
equations show that the delay interval of       mediate signals, said
selection carried out by the filter is independant of the coefficients Ck.
By vir-  selecting the multiple of said predetermined
tueofthischaracteristicofthefiltermentionedabove,         delay interval,
the selected first intermediate variation of timbre without changing the
pitch be-        signal being delayed with respect to the input comes
possible.                                30         signal by said delay
interval which Is a product of said predetermined delay interval and the
[Other applications of the present Invention]            integral portion
of said real number, and (c) a second delay means (24) for receiving A
musical sound synthesizer can be created by         the selected first
Intermediate signal Y. pro- making use of a delay circuit as described in
the first  35  ducing at least one second Intermediate sig- or second
preferred embodiments, and the FIR filter       nal [err] by delaying (25)
the selected first in- described in the third preferred embodiment. The mu-
termediate signal by the predetermined delay sical sound synthesizer thus
obtained is capable of      Interval, interpolating (26, 27, 28, 29) the
first broadly varying and finely adjusting the musical tim-
intermediate signal and said at least one sec- bre, while exactly and
continuously controlling the   40  ond intermediate signal for producing a
de- pitch of the sound.                                       layed signal
W, and outputting the delayed The first and second embodiments were ex-
signal, the delayed signal being delayed with plained in the form of
applications to the generation     respect to the first intermediate signal
by an of musical sound forwoodwind instruments, string in-     interval
which is a product of the predeter- struments, pianos, etc., and the third
embodiment de-  45  mined delay interval and the fractional portion scribed
an application for damping musical sounds.        of the real number, Even
so, application of the present invention is not        whereby the delayed
signal is delayed with limited to synthesize the sounds of these above
listed  respect to the input signal by a delay interval instruments but is
applicable to any kind of musical In-  which is product of the
predetermined delay inter- struments. In the same manner, the delay circuit
and   so  val and the real number output by the delay con- the FIR filter
according to the present invention is ap-  trol means. plicable to
synthesize any part of any conventional musical instrument. For example,
the FIR filter de-  2. A musical sound synthesizer according to claim
scribed in the third preferred embodiment can be       1 wherein the first
delay means comprises: used to simulate the sound pressure loss due to tons
55  (a) a memory means for storing the input data; holes of woodwind
instruments. Application of the         (b) an address generating means for
generat- present invention is not limited to those described as    Ing read
addresses corresponding to the sig- nal written a predetermined time
Interval be-    15                  EP 0 393 702 B1                      16
*  C   L   M  S  * that the total of the 2N+1 coefficients is equal to 1,
preferred embodiments. The invention includes all and Ck is equal to C-k.
the possible modifications which can be derived from 



Ck = C - k  Equ. 27                    the invention depicted by the whole
of the claims. Given the above conditions and Equ. 27, the fre- quency
response function shown in Equ. 28 is ob-   5 tained.
Claims F(w) = [err] [err]              1. A musical sound synthesizer
comprising a signal [err]                   delay circuit for substantially
steplessly changing = exp[err]                                    a delay
interval, the signal delay circuit compris- [err]
Ing: [err]  Equ. 28                     (a) a delay control means (21) for
generating The above equation Equ. 28 is reformed to the follow-     and
outputting control data consisting of a Ing form by introducing equation
Equ. 27.                 real number bearing control information for F(w) =
exp[err]                          15      controlling the delay interval,
the real number + [err]     Equ. 29                       consisting of an
integral portion (a) and a frac- The amplification characteristics A(w) of
the above       tional portion (b); filter is expressed by Equ. 30 below.
(b) a first delay means comprising a shift reg- A(w) = [err]
ister (22) for consecutively delaying an input Equ. 30
20         signal by a delay interval which is an integral The phase
characteristics P(w) of the filter and delay    multiple of a predetermined
delay interval interval [err] are expressed by Equ. 31 and Equ. 32 be-
thereby generating a plurality of first Inter- low, respectively.
mediate signals, and also comprising a selec- P(w) [err] Equ. 31
tion circuit (23) for selecting a first intermedi- [err] Equ. 32
25          ate signal [err] from said plurality of first Inter- The above
equations show that the delay interval of       mediate signals, said
selection carried out by the filter is independant of the coefficients Ck.
By vir-  selecting the multiple of said predetermined tue ofthis
characteristicofthefiltermentioned above,      delay interval, the selected
first intermediate variation of timbre without changing the pitch be-
signal being delayed with respect to the input comes possible.
30         signal by said delay interval which Is a product of said
predetermined delay interval and the [Other applications of the present
invention]             integral portion of said real number; and (c) a
second delay means (24) for receiving A musical sound synthesizer can be
created by          the selected first intermediate signal [err] pro-
making use of a delay circuit as described in the first  35  ducing at
least one second Intermediate sig- or second preferred embodiments, and the
FIR filter       nal [err] by delaying (25) the selected first in-
described in the third preferred embodiment The mu-       termediate signal
by the predetermined delay sical sound synthesizer thus obtained is capable
of       interval, interpolating (26,27,28, 29) the first broadly varying
and finely adjusting the musical tim-     intermediate signal and said at
least one sec- bre, while exactly and continuously controlling the   40
ond intermediate signal for producing a de- pitch of the sound.
layed signal W, and outputting the delayed The first and second embodiments
were ex-              signal, the delayed signal being delayed with plained
In the form of applications to the generation     respect to the first
intermediate signal by an of musical sound forwoodwind instruments,string
in-       interval which is a product of the predeter- struments, pianos,
etc., and the third embodiment de-  45  mined delay interval and
thefractional portion scribed an application for damping musical sounds.
of the real number, Even so, application of the present invention is not
whereby the delayed signal Is delayed with limited to synthesize the sounds
of these above listed  respect to the Input signal by a delay interval
instruments but is applicable to any kind of musical in-  which is
productof the predetermined delay inter- struments. In the same manner, the
delay circuit and   50  val and the real number output by the delay con-
the FIR filter according to the present invention is ap-  trol means.
plicable to synthesize any part of any conventional musical instrument. For
example, the FIR filter de-  2. A musical sound synthesizer according to
claim scribed in the third preferred embodiment can be       1 wherein the
first delay means comprises: used to simulate the sound pressure loss due
to tone   55  (a) a memory means for storing the input data; holes of
woodwind instruments. Application of the         (b) an address generating
means for generat- present invention is not limited to those described as
ing read addresses corresponding to the sig- nal written a predetermined
time interval be- 9    17                  EP 0 393 702 B1
18       * C   L   M   S   * fore, the predetermined time Interval being a
signal by 2N+1 delay intervals [err] and output- product of the
predetermined delay interval        ting 2N+1 delayed signals, wherein the
delay 



and the integral portion of said real number,      interval [err] are
products of a predetermined whereby the signal corresponding to the
delay interval [err] and 2N+1 integers (N + k), the read address is output
as the first intermediate   5  products given by signal.
[err] = (N + k) [err] N being natural numbers, and k being 3. A musical
sound synthesizer according to claim         equal to or larger than -N and
equal to or 1 wherein one of the first intermediate signal and    smaller
than N; the second Intermediate signal is multiplied by   10  (b)
calculation means for multiplying the de- the fractional portion of said
real number, and the   layed signals by respective 2N+1 coefficient other
of the first intermediate signal and the sec-   [err] adding 2N+1 products
obtained by said ond intermediate signal is multiplied by a differ-
multiplication operations, and outputting ences of 1 minus the fractional
portion of said real  sums of said additional operations, wherein number,
and both products are added to obtain  15     the coefficientfk satisfy the
following relation, the delayed signal.
[err] whereby the characteristic of the filter 4. A musical sound
synthesizer according to claim         can be changed without changing the
average 1 wherein the second delay means comprises            propagation
delay time. means for generating Lagrangean coefficients  20 for
Interpolation, and means to interpolate the  10. A musical sound
synthesizer according to claim first intermediate signal and said at least
one sec-  9 wherein the calculation means multiplies said ond Intermediate
signal using the Lagrangean       sum of said additional operations by a
first prede- coefficients for producing the delayed signal.     termined
value to obtain a first product, multiplies 26      said input signal by a
second predetermined val- 5. A musical sound synthesizer according to any
ue to obtain a second product calculates a differ- one of the preceding
claims comprising:             ence between the first product and the
second resonance means for receiving an Input        product, and outputs
the difference. signal and a feedback signal, and outputting a resonance
signal wherein the resonance means   30  11. A musical sound synthesizer
according to claim and the signal delay circuit are set in resonance  10
wherein the first predetermined value and the for synthesizing musical
sounds.                    second predetermined value are equal to 1. 6. A
musical sound synthesizer according to claim   12. Amusical sound
synthesizeraccording to anyone 5 which further comprises operation keys for
in-  35  of claims 9 through 11 the synthesizer compris- putting
operational information to the synthesiz-  Ing: er. and wherein said
control data are modulated       (a) resonance means for receiving an
inciden- according to the operational information.             tal signal
and a feedback signal, and output- ting a resonance signal; 7. A musical
sound synthesizer according to claim   40   (b) a signal delay circuit; 5
which further comprises wave generating                wherein the
resonance means, the signal means for outputting modulation waves, and
delay circuit and the FIR filter are set in reso- wherein said control data
are modulated accord-     nance for synthesizing musical sounds. ing to the
modulation waves. 45 8. A musical sound synthesizer according to claim
Patentansprnche 5 which further comprises operation keys for in- putting
operational information to the synthesizer  1. Musilktonsynthesizer, der
elne Signalverzage- and wave generating means for outputting mod-
rungeschaltung zur im wesentlichen stufenlosen ulation waves, and wherein
said control data are  5o  Anderung elnes Verz8gerungsintervalls auf-
modulated according to the operational informa-    weist, wobel die
Signalverzogerungsschaltung tion and the modulation waves.
folgendes aufweist (a) VerzOgerungssteuermittel (21) zur Erzeu- 9. A
musical sound synthesizer according to claim         gung und Ausgabe von
Steuerdaten, die aus I comprising an FIR filterforfiltering an input sig-
55  elner reellen Zahl bestehen, weiche die Steu- nal and outputting a
filtered signal, the FIR com-    erinformation zur Steuerung des Verzoge-
prising:                                              rungsintervalls
enthilt, wobel die reelle Zahl (a) delay means for delaying the incidental
10    19                 EP 0 393 702 B1                 20        1111
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einern  3. Musiktonsynthesizer nach Anspruch 1, bel dem Bruchteil (b)
besteht;                         eines der beiden Zwischensignale mit dom 



(b) erste Verzigerungsmittel, die sin Schie-   Bruchteli der reellen Zahl
multipliziert wird, und beregister (22) zur fortlaufenden Verzoge-     das
andere der beiden Zwischansignale mit einer rung eines Eingabeslgnal um sin
Verzoge-   5    Differenz von I minus dem Bruchtsll der reellen
rungsintervall, das sin ganzzahiiges Vielfa-   Zahl multiptiziert wird, und
beide Produktb ad- ches sines vorgegebenen Verz8gerungsin-        diert
werden, urn das verzogerte Signal zu erhal- tervalls ist, urn dabsi sine
Vieizahl von ersten  ten. Zwischensignalen zu erzeugen, sowie sine
Auswahischaltung (23) aufweisen zurn Aus-  10  4. Musiktonsynthesizer nach
Anspruch 1, bei dem wahIen sines ersten Zwlschensignals Y. aus      die
zweiten Verzdgerungsmittel Mittel zur Erzeu- der Viszahl von ersten
Zwlschensignalen,      gung von Lagrange-Koefflzienten zur interpolati-
wobel die Auswahl durch Auswahlen des Viol-    on und Mittel aufwelsen, urn
das erste ZwIschen- fachen des vorgegebenen Verz8gerungsin-         signal
und wenigsten sin zweites Zwischensignal tervails durchgefihrt wird und des
ausge-  15  unter Verwendung der Lagrange-Koeffizienten wahitl erste
Zwischensignal in bezug auf das   zu interpolieren zur Erzeugung des
verzogerten Eingabesignal urn das Verz6gerungsintervall    Signals.
verzogert wird das sin Produkt des vorgege- benen Verz8gerungsintsrvalls
und des ganz-  5. Musiktonsynthesizer nach irgendeinem der vor- zahligen
Teils der reellen Zahl Ist; und  20    hergehenden Ansprulche, der
folgendes aus- (c) zwelts Verzogerungsmittel (24) zur Auf-    welst: nahme
des ausgewahiten ersten Zwlschensi-       ResonanzmIttei zurn Empfang sines
Eingabesi- gnals Ya, die wenigstens sin zweites Zwl-      gnals und sines
Rflckkoppiungesignals zur Aus- schensignal Y.. Idurch Verzogerung (25) des
gab. sines Resonanzsignals, wobel die Reso- ausgewahlten ersten
Zwischensignals um sin  25  nanzmittol und die Signalverzagerungsschal-
vorgegebenesVerzogerungsintervalI herstel-     tung in Resonanz zur
Synthetisierung sines Mu- len, das erste Zwischensignal und das wenig-
slktons versetzt werden. stons sine zweite Zwischensignal Interpole- ren
(26, 27, 28, 29) zur Herstallung sines ver-  6.
MusiktonsynthesizernachAnspruch 5, derferner zogerstn Signals W und das
verz8gerte Si-  30   Bedienungstasten zur Elngabe elner Bedie- gnal
ausgeben, wobel das verz8gerte Signal      nungainformation fur den
Synthesizer aufweist, In bezug auf das erste Zwischsnsignal urn sin  und
bel dem die Stbuerdaten entsprechend der Intervall verzogert wird, das sin
Produkt des  Bedlenungsinformation modullert werden. vorgegebenen
Verzogerungsintervalle und des Bruchbtels der reellen Zahl ist, wobei das
36  7. Musiktonsynthesizer nach Anspruch 5, derferner verzOgerte Signal In
bezug auf das Eingabe-    Wellenerzeugungsmittel zurAusgabe von Modu-
signal um sin Verzogerungsintervall verzo-     lationswellen aufweist, und
bel dom die Stbuer- gert wird, das sin Produkt des vorgegebenen    daten
entsprechend den Modulattonswelien mo- Verzogerungaintbrvalls und der
reellen Zah-    duilert werden. Ienausgabe durch die Verz8gerungsatsuer-
40 mittel Ist.                                 S.
MuslktonsynthesizernachAnspruch 5, derferner Bedlenungstasten zur Elngabe
von Bedlenungs- 2. Musiktonsynthesizer nach Anspruch 1, bel dem
information fOr den Synthesizer und Wellener- die ersten Verz8gerungsmittbl
foigendes aufwel-   zeugungsmittbl zur Ausgabe von Modulations- sen:
45      wellen aufweist, und bel dem die Stsuerdaten (a) Speichermittel
zurSpelcherung der Einga-   entsprechend der Bedienungsinformation und
bedaten;                                       den Modulationswelien
moduliert werden. (b) Adressenerzeugungsrnittel zur Erzeu- gung von
Leseadressen, die dem Signal ent-  9. Musiktonsynthesiezr nach Anspruch 1
mit oinem sprechen, das sin vorgegebenes Zeitintervall  5o  FIR-Filterzur
Flltrung sines Eingabesignais und zuvor elngeschrleben worden ist, wobel
das     Ausgabe sines gefliterten Signals, wobei das FIR vorgegebene
Zeltintervall sin Produkt des      folgendes auswelst vorgegebenen
Verzogerungsintorvalls und           (a) Verzfgerungsmittel zur Verzogerung
des des ganzzahiigen Tells der reellen Zahl let,      eingehenden Signals
um 2Nd1 Verz8ge- und das der Leseadresse entsprechende Si-  55
rungsintervalle rk und Ausgabe 2N+1 verzo- gnal ala das erste
Zwischensignal ausgege-        gerter Signals, wobel die VerzOgerungsinter-
ben wird.                                         valle rk Produktb elnes
vorgegebenen Inter- vails ,, und 2N+1 ganzer Zahlen (N + k) sind    21
EP 0 393 702 i1                 22    1 li*I  IIISII I 1II I! und man die
Produite erhilt durch:                 une partie fractionnaire (b); ck =
(N + k)s.                          b) des premiers moyens de retard compre-
wobei N natfirliche Zahlen sind, und k gleich       nant un registre A
decalage (22) pour retarder 



oder gr6Ber als -N und glelch oder kIeiner als     consbcutivement un
signal d'entree par un in- N sind;                                  5
tervalle de retard qui eat un multiple entler (b) Bierechnungsmittel zur
Multiplikation der      d'un Intervalle de retard prnd~termIn6 engen-
verz8gerten Signals um einen respektliven          drant ainsl plusiours
premiers signaux Inter- 2N+1-Koeffizienten fk zur Addition von 2N+1
m6dialres, et comprenant bgalement un cdr- Produkten, die durch die
Multiplikatlonsope-       cult de selectlon (23) pour s6lectionner un
ration erhalten werden und Ausgabe von   10        premier signal
Intbrmbdlalre Y4 a partir des- Summon der Additionsoperatbonen, In denen
dits plusleurs premiers signaux Interm6dlail- der Koeffizient fk folgender
Beziehung go-         res, ladite s6lection se produlsant en s6e-o nigt,
tionnant Is multiple dudit intbrvalle de retard fk = f- k
pr6d6termine, le premier signal Interm6dlalre wobel die Charakteristik des
Filters geandert  15  s6lectlonn6 6tant retard6 par rapport au si- worden
kann ohne die Durchschnittsausbrei-          gnal d'entree par ledit
Intervalle de retard qul tungsverzogerungszeit zu Andern.
eat un produit dudit Intervalle de retard pred6- termin6 et de ladie partie
entiere dudit nom- 10. Musiktonsynthesizer nach Anspruch 9, bei dem
bre rMel ; it die Berechnungamittel die Summe der Additions-  20    C) des
seconds moyens de retard (24) pour re- operatlonen mit eilnem  erstin
vorgegebenen           cevoir le premier signal Intbrmediaire s6lec- Wert
multiplizieren, um sin erstos Produkt zu er-     tionnb Y. produisant au
momns un second s1- halten, das Eingabesignal mit einem zwelten vor-
gnal intermbdialre 4.1 en retardant (25) le gegebonen Wert multiplizieren,
um sin zwelts         premier signal Intermbdiaire s6iectbonn6 par Produkt
zu erhalten, sine Differenz zwlschen   25     l'intervalle de retard
prd~termin6, intirpolant dem ersten Produkt und dem zweiten Produit be-
(28,27,28,29) le premler signal intermbdlalre rechnen und die Differenz
ausgeben.                   et ledit au mons un second signal intermbdial-
re pour produire un signal retard6 W, et dbli- 11. Musiktonsynthesizer nach
Anspruch 10, bel dem         vrer le signal retardb, Is signal retardb
btant der erste vorgegebene Wert und der zweite vor-  3o    retarde par
rapport audit premier signal Inter- gegebene Wert gleich 1 sind.
mhdialre parun Intervalle qul estun produltde l'intervalle de retard
predbtbrmine et de la 12. Musiktonsynthesizer nach elnem der Anspriche
partle fractionnaire du nombre rMel,  de 9 bis 11, wobel der Synthesizer
folgendes auf-        manilre quo le signal retardb eat retarde par waist
35         rapport au signal d'entrbe par un Intrvalle de (a)
Resonanzmittel zum Empfang eines eln-          retard qui eat le produit de
l'intrvalel de re- gehenden Signals und sines Riickkopplungs-         tard
pred~termine et du nombre rbel dblivrb signals und zur Ausgabe elnes
Resonanzsl-           par les moyens de commando de retard. gnals; (b) sine
Slgnalverz8gerungsschaltung;.  4o  2. Synthbtbseur de musique solon la
revendication wobel die Resonanzmittbl, die Signalverz8ge-        1, dana
loquel les premiers moyens de retard rungsschaltung und der FIR-Filter in
Resonanz      comprennent: versezt werden zur Synthetislerung von Musikt8-
a) des moyens de memoire pour stocker lea non.
donnbes d'entrde; 45         b) des moyens do generation d'adresses pour
engendrer des adresses de lecture corres- Revendicatlons
pondant au signal ecrit un intervaie de temps preddterminh avant,
I'lntervalle de temps prb- 1. Synthetiseur de musique comprenant un circuit
A        d~terminA etant un produit do l'intervalle de retard de signal
pour changer essentlellement  5o     retard prbdbtirminA et de Ia partle
entlere du- sans paller, un Intervalle de retard, le circuit A re-  dit
nombre reel, tard de signal comprenant:                               de
manlere quo le signal correspondant A a) des moyens (21) de commando de
retard,       I'adresse de lecture eat delivre en tant que pre- pour
engendrer et delivrer des donn6es de        mier signal intermedlaire.
commando consistent en un nombre reel por-  66 tant des Informatlons de
commando pour       3. Synthetisour de musique solon la revendicatlon
commander l'intervaile de retard, le nombre
1,danslequell'undespromieretsecondsignaux reei consistent en une partle
entlere (a) et en  Intermrdialres eat multipliA par la partle fraction- 12
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dudit nombre r6el, et l'autre desdits premier   N 6tant des nombres
naturels et k 6tant 6gal etsecond signaux Intbrmedialresestmultipli6 par
a ou plus grand que -N et 6gal A ou plus petit la diff6renco de 1 - la
partie fractionnalre dudit    quo N; 



nombre rhel, et les doux produits sont addition-      (b)desmoyensdecalcul
pourmultiplierlessi- n6s pour obtbnir le signal retarde.        5
gnaux retardes par un 2N + 1 coefficient fk respectif, additionner2N + 1
produits obtenus 4. Synthdtiseur de musique solon la revendication
par lesdites opbrations de multiplication et d6- 1, dans lequel les seconds
moyens de retard           livrerdessommesdeaditesopiratlonsd'addl-
comprennent des moyens pour engendrer des             tion, dans lequel le
coefficient fk satisfalt A la coefficients de Lagrange pour interpolation,
et  10   relation suivante: des moyens pour interpoler le premier signal
in-                    fk = f - k tbrm6dialre et ledit au momns un second
signal In-       de maniere quo la caractiristique du flitre termedialre en
utilisant les coefficients de La-   peut etre chang6e sans changementdu
temps de grange pour produire le signal retard6.            retard de
propagation moyen. 15 5. Synthetiseur de musique solon l'une quelconque
10. Synthetiseur de musique solon la revendication des revendications
precedentes, comprenant:        9, dans loquel lea moyens de calcul
multipilent la- des moyens de resonnance pour recevoir        dite somme
desdites operations d'addition par un signal d'entr6e et un signal de
r6action, et pour  une premiero valeur prhd6termin6e pour obtenir d6livrer
un signal de resonnance, dans loquel les   20  un premier produit,
multiplient ledit signal d'en- moyens de resonnance et le circuit A retard
de si-  tr6e par une seconde valeur prdd~termin~e pour gnal sont mis en
r~sonnance pour synthetiser de    obtenir un second prodult, calculent une
differen- la musique.                                        co entre les
premier et second produits et dell- vrent la difference . 6. Synthetisour
de musique solon la revendication   25 5, comprenant en outre des cibs de
fonctionne-  11. Synthotiseur de musique solon la revendication ment pour
entrer des informations fonctionnelles   10, dans loquel la premlere valour
prdd6termin6o au synthetiseur et dana lequel lesdites donnees    et la
seconde valeur pred~termlneo sont egales de commando sont moduleas solon
les informa-       A 1. tions fonctionnelles.                      30 12.
Synthetiseurde musique solon l'une quelconque 7. Synth6tiseur de musique
solon la revendIcation      des revendlcations 9 A 11, le synthhtiseur 5,
comprenant en outre des moyens de genera-       comprenant: tion d'ondes
pour d6livrer des ondes de modula-       (a) des moyens de resonnance pour
recevoir tion, etdans lequel lesditesdonnees de comman-  S6    un signal
incident et un signal de reaction, et de sont moduleess slon les ondes de
modulation.       d6livrer un signal de resonnance, (b) un circuit A retard
de signal, 8. Synthetiseur de musique solon la revendication           dans
lequel les moyens de r6sonnance, le 5, comprenant en outre des cles de
fonctionne-     circuit A retard de signal et le filtre FIR sont mis ment
pour entrer des Informations fonctionnelles   40  en resonnance pour
synthAtiser de la musique. au synthbtiseur et des moyens de generatlon
d'ondes pour d6livrer des ondes de modulation, et dans lequel lesdites
donnees de commando sont modulees solon les informations fonction- nelles
et les ondes de modulation.         45 9. Synthetiseur de musique selon la
revendication 1, comprenant un filtre FIR pour filtrer un signal d'entree
et delivrer un signal filtre, Is filtre FIR comprenant:
50 (a) des moyens a retard pour retarder le signal Incident par 2N + I
intervalles de retard Tk et d~livrer 2N + I signaux retardes, dans loquel
les Intervalles de retard 'k sont des prodults d'un Intbrvalle de retard
pr~ditermine s, et de   55 2N + 1 entlers (N + k), les produits etant don-
nes par la relation: 'k= (N + k)v. 13    


