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US-A-4 478 124 describes an electronic musi- cal instrument adapted to
interpolate between re- This invention relates to a tone signal process-
spective parameters constituting two kinds of des- ing device using a
digital filter and, more particu-   ignate sound aspects. Switches are
provided which larly, to realizing of rich filter characteristics by    5
may be operated to read out the parameters of the preparing filter
coefficients by interpolation and fur-  two kinds of sound aspects stored
in advance in a ther to realizing of timewise change of tone color
memory. The parameters obtained by interpolation by variably controlling
filter characteristics with    between the stored parameters are converted
into lapse of time and, still further, to controlling of    an analogue
signal which is applied to a music selective supply of filter coefficients
in accordance   10  synthesizer, whereby a musical tone signal is pro- with
tone color control information.                   duced. For setting the
parameters of a first sound An electronic musical instrument realizing
time-   aspect, knobs of a group of variable resistors are wise change of
tone color by timewise changing        operated and corresponding voltages
are stored in filter coefficients of a digital filter for controlling a  a
memory. Thereafter, the parameters of a second tone signal is disclosed in
EP-A-140,008. In this   15  sound aspect are set at the knobs of the
parameter electronic musical instrument, filter coefficients are  setting
variable resistors and also those parameters stored in a memory in
correspondence to a pre-         are stored in the memory. During the read
out determined time frame, filter coefficients corre-      procedure, the
difference is produced between the sponding to each time frame are read out
from the      parameters of adjacent groups of parameters, and memory at
each time frame and applied to the   20  this difference is evaluated for
interpolation. digital filter whereby  filter  characteristics  are      It
is an object of the invention to provide a tone changed frame by frame by
changing the filter          signal processing device capable of realizing
rich coefficients frame by frame.                           filter
characteristics without increasing amount of In a case where filter
characteristics are to be   prepared filter coefficients and thereby
realizing variably controlled in order to realize tone color   25  rich
tone color change control. control in response to tone color information
includ-     It is another object of the invention to provide a ing key
touch and key scaling, filter characteristics  tone signal processing
device capable of supplying had to be prestored in a memory for each
realiz-       filter coefficients which change smoothly at a rela- able
filter characteristics.                           tively fine time interval
without increasing amount In the prior art technique in which filter coef-
30   of prepared filter coefficients and thereby realizing ficints do not
change during one time frame. how-      smooth tone color change. ever,
tone color change is not obtainable when one         It is still another
object of the invention to time frame is relatively long with resulting
monoto-   provide a tone signal processing device capable of nousness in
the tone color. Besides, the tone color    performing selection of filter
coefficients in rich change tends to become unnatural due to abrupt   35
variety. change in filter coefficients when the time frame          The
tone signal processing  device of the changes. Such problems can be
overcome if the          present invention is defined by claim 1. time
length of one time frame is shortened. This           The control signal
generated by the control However leads to another problem that it requires
a   signal generation means may be tone color control filter coefficient
memory of increased capacity.  40  information based on any tone color
control ele- Further, in a case where a tone color control is   ments such
as lapse of time, key touch, tone pitch to be performed in accordance with
tone color          or tone range, output of manual operator, envelope
control information including key touch and key        shape data and low
frequency modulating signal. scaling, if rich tone color change control is
desired,     At least two sets of filter coefficients corre- multiple sets
of filter coefficients must be prestored   45   sponding to different
filter characteristics are re- in a memory and so the capacity of the
filter          spectively supplied by the filter coefficient supply
coefficient memory must be increased.                  means. The filter
coefficient interpolation means In the filter coefficient memory of the
prior art  interpolates the at least two sets of filter coeffi- technique,
addresses are simply assigned to re-        cients supplied by the filter
coefficient supply spective sets of filter coefficients stored therein and
50   means using the control signal generated by the one set of filter
coefficients is read out from an     control signal generation means as a
paramter of address corresponding to the tone color control
interpolation and supplies filter coefficients ob- information.
tained by the interpolation to the digital filter In this type of filter
coefficient selection sys-  means. tem, however, relation between address
storing fil-  55    Since fine filter coefficients corresponding to ter
coefficients and tone color information is a fixed  contents of the tone
color control can be produced one-to-one relation so that degree of freedom
in      by the interpolation, rich filter characteristics can the tone
color change control is scarce.               be realized and a rich tone
color change control 2    



3                  EP 0 266 703 B1                      4 can thereby be
realized without increasing amount    the decimal section. Therefore, the
filter coefficient of prepared filter coefficients.
operation data is data obtained by modifying the In a case where, for
example, timewise change     reference value data by the control data.
Selection of tone color is to be realized by changing filter    of filter
coefficient to be read out from the filter characteristics with lapse of
time, the filter coeffi-   5   coefficient memory means is made by the
selec- cient supply means supplies filter coefficients re-  tion means. The
selection means selects at least spectively for different time frames and
the control  two sets of filter coefficients in accordance with the signal
generation means generates a control signal   integer section of the filter
coefficient operation which changes its value with lapse of time. The
data and reads out these filter coefficients from the filter coefficient
interpolation means interpolates the   10  filter coefficient memory means.
The filter coeffi- filter coefficients for the different time frames sup-
cient interpolation means interpolates the at least plied by the filter
coefficient supply means in re-  two sets of filter coefficients read out
by the selec- sponse to the control signal which is a parameter    tion
means and supplies filter coefficients obtained of interpolation which
changes with time. As a        by the interpolation to the digital filter
means. result, filter coefficients supplied as the interpola-   is
Accordingly, in this case also, fine filter coeffi- tion output to the
digital filter changes their values  cients can be generated according to
contents of smoothly at each interpolation step from a filter    tone color
control so that rich filter characteristics coefficient corresponding to
one time frame to a      can be realized and a rich tone color change con-
filter coefficient corresponding to another time      trol can thereby be
realized without increasing frame whereby smooth timewise change in the
20   amount of filter coefficients prepared in the filter tone color can be
obtained.                           coefficient memory means. Besides,
filter coeffi- The filter coefficient interpolation system  ac-  cients to
be read out from the filter coefficient cording to the invention is
applicable also to acase  memory means are basically designated by the
where timewise change in the filter characteristics   reference value data
so that contents stored in the is unnecessary. Assume, for example, a case
25  filter coefficient memory means can be utilized in where a tone color
change control according to key    diverse variation and a rich tone color
change touch is to be made by variably controlling filter    control can be
also realized from this aspect. characteristics in accordance with key
touch. Even       With the device of claim 12, each set of filter if filter
coefficients prepared by the filter coefficient  coefficients stored  in
the  coefficient memory supply means in this case are only two sets of
filter  30   means is assigned with coordinate data of at least
coefficients corresponding to a weak key touch and    two axes and a
desired set of filter coefficients is filter coefficients corresponding to
a strong key     read out using this coordinate data as address. The touch,
fine filter coefficients can be obtained by    coordinate data of a
coefficient set to be read out generating control signals by the control
signal     is designated by the coordinate designation means. generation
means in response to multiple degrees   35   Coordinate data of at least
one coordinate axis in of key touch and performing the filter coefficient
the coordinate data designated by the coordinate interpolation operation
using these control signals  designation means is variably controlled by
tye as a parameter of interpolation whereby a rich tone   control means in
accordance with tone color control color change control corresponding to
the multiple   information. Thus, a filter coefficient set corre- degrees
of key touch can be realized. The same is  40  sponding to the variably
controlled coordinate data the case when the control signal is generated on
is read out from the coefficient memory means. the basis of other tone
control elements such as      The tone color control information is
information tone pitch or tone range, manual operator output,     based on
tone color control elements such as key envelope shape data and low
frequency modulating      touch, tone pitch, lapse of time, envelope shape
signal.                                         45  and manual operator
output signal. According to the device of claim 10, plural sets
Preferred embodiments of the invention will of filter coefficients for
realizing desired filter char-  now be described with reference to the
accom- acteristics are stored in the filter coefficient mem-  panying
drawings. ory means and filter coeffieicnt to be read out from     In the
accompanying drawings, this filter coefficient memory means is basically
50  Figs. 1a, 1b and 1c are block diagrams showing designated by the
reference value data determined       functions of an embodiment of the
invention; by the reference value data determining means.          Fig. 2
is a block diagram showing a hardware Aside from this reference value data,
the control       construction of an embodiment of an electronic data for
variably controlling tone color can be gen-    musical instrument
incorporating the device ac- erated by the control data generation means.
The   55   cording to the invention; operation means operates the reference
value data       Fig. 3 is a block diagram showing an example of and the
control data to obtain the filter coefficient   digital filter constructed
of an FIR filter of 32 operation data consisting of the integer section and
orders; 3    



5                  EP 0 266 703 B1                      6 Fig. 4 is a
diagram showing an example of a         modulating signal. memory format of
a filter parameter memory             In a case where, for example,
timewise change shown in Fig. 2;                                    of tone
color is to be realized by changing filter Fig. 5 is a diagram for
explaining an example of   characteristics with lapse of time, the filter
coeffi- interpolation of filter coefficients;          5   cient supply
means 202 supplies filter coefficients Fig. 6 is a diagram  showing an
example of          respectively for different time frames and the con-
contents stored in a data and working RAM           rol signal generation
means 203 generates a con- shown in Fig. 2;
trol signal which changes its value with lapse of Figs. 7 - 9 are flow
charts showing an example    time. The filter coefficient interpolation
means 204 of processings executed by a microcomputer   10  interpolates the
filter coefficients for the different section of Fig. 2 in which Fig. 7
shows main      time frames supplied by the filter coefficient supply
routine, Fig. 8 new key-on processing "outine       means 202 in response
to the control signal which and Fig. 9 timer interrupt routine
respectively;   is a parameter of interpolation which changes with Fig. 10
is a block diagram showing a hardware       time. As a result, filter
coefficients supplied as the construction of another embodiment of an elec-
15  interpolation output to the digital filter 201 changes tronic musical
instrument incorporating the de-   their values smoothly at each
interpolation step vice according to the invention;                   from
a filter coefficient corresponding to one time Fig. 11 is a graph showing
an example of co-        frame to a filter coefficient corresponding to an-
ordinate data assigned to respective sets of filter  other time frame
whereby smooth timewise change coefficients in one filter coefficient table
in a   20  in the tone color can be obtained. filter coefficient memory in
Fig. 10;                  The filter coefficient interpolation system  ac-
Fig. 12 is a diagram  showing an example of         cording to the
invention is applicable also to a case display in a filter relating
operation panel in Fig.  where timewise change in the filter
characteristics 10;                                                is
unnecessary. Assume, for example, a case Fig. 13 is a graph showing an
example of filter   25   where a tone color change control in accordance
characteristics realized by filter coefficient sets  with key touch is to
be made by variably control- in one filter coefficient table in
correspondence   ling filter characteristics in accordance with key to
coordinate positions to which these filter co-   touch. Even if filter
coefficients prepared by the efficient sets are assigned:
filter coefficient supply means 202 in this case are Fig. 14 is a diagram
showing an example of   30   only two sets of filter coefficients
corresponding to contents stored in a data and working RAM in        a weak
key touch and filter coefficients correspond- Fig. 10; and
ing to a strong key touch, fine filter coefficients can Figs. 15 - 18 are
flow charts showing an exam-      be obtained by generating control signals
by the ple of processings executed by a microcom           control signal
generation means 203 in response to puter section of Fig. 10 in which Fig.
15 shows   35   multiple degrees of key touch and performing the main
routine, Fig. 16 new key-on event routine,    filter coefficient
interpolation operation using these Fig. 17 filter coefficient operation
subroutine and  control signals as a parameter of interpolation Fig. 18
timer interrupt routine respectively.       whereby a rich tone color
change control corre- Referring to Fig. 1a, a digital filter 201 receives
sponding to the multiple degrees of key touch can a tone signal and filter
coefficients and controls the   40   be realized. The same is the case when
the control input tone signal in accordance with characteristics  signal is
generated on the basis of other tone determined by the filter coefficients.
A filter coeffi-  control elrnements such as tone pitch or tone range,
cient supply means 202 supplies at least two slls    manual operator
output, envelope shape data and of filter coefficients corresponding to
different filter  low frequency modulating signal. characteristics. A
control signal generation means   45   In the embodiment of Fig. 1b, filter
coefficient 203 generates a control signal for controlling tone   memory
means 205 stores plural sets of filter co- color. A filter coefficient
interpolation means 204   efficients realizing desired filter
characteristics. Ref- interpolates at least two sets of filter coefficients
erence value data determining means 206 deter- supplied by the filter
coefficient supply means 202   mines reference value data for designating
filter using the control signal generated by the control   50   coefficient
to be read out from the filter coefficient signal generation means 203 and
supplies filter       memory  means 205. Control data generation
coefficients obtained by the interpolation to the     means 207 generates
control data for variably con- digital filter 201. The control signal
generated by   trolling tone color. Operation means 208 operates the
control signal generation means 203 may be        the reference value data
and the control data to tone color control information based on any tone
55   provide filter coefficient operation data consisting of color control
elements such as lapse of time key    an integer section and a decimal
section. Selection touch , tone pitch or tone range, output of manual
means 209 selects and reads from the filter coeffi- operator, envelope
shape data and low frequency     cient memory means 205 at least two sets
of filter 4    



7                  EP 0 266 703 B1                      8 coefficients in
accordance with the integer section   tronic musical instrument of this
embodiment, var- of the filter coefficient operation data. Filter coeffi-
ious operations and processings including inter- cient interpolation means
204 interpolates the at     polation operation of filter coefficients are
con- least two sets of filter coefficients read out by the  trolled by a
microcomputer section 10 including a selection means 209 using the decimal
section of   5   CPU (central processing unit) 11, a program ROM the filter
coefficient operation data as a parameter  (read-only memory) 12 and a
working RAM (ran- of interpolation and supplies filter coefficients ob-
dom-access memory) 13. In addition, a timer coun- tained by the
interpolation to the digital filter 201.  ter 14 for determining basic
timing of the filter Accordingly, in this case also, fine filter coeffi-
coefficient interpolation operation is provided in the cients can be
generated according to contents of  10   microcomputer section 10. This
timer counter 14 is tone color control so that rich filter characteristics
stepped at a predetermined time interval (e.g., ev- can be realized and a
rich tone color change con-     ery 2 ms) by a predetermined clock pulse.
trol can thereby be realized without increasing           A keyboard 15
comprises keys for designating amount of filter coefficients prepared in
the filter  tone pitches of tones to be generated. A touch coefficient
memory means 205. Besides, filter co-   15  detection circuit 16 is
provided for detecting touch efficients to be read out from the filter
coefficient  of a key depressed in the keyboard with a suitable memory
means 205 are basically designated by          resolution, e.g., 32 stages.
The kind of touch to be the reference value data so that contents stored in
detected may either be an initial touch or an after the filter coefficient
memory means 205 can be        touch. utilized in diverse variation and a
rich tone color   20  A filter mode switch 17 is provided for select-
change control can be also realized from this as-    ing one of two filter
coefficient interpolation modes. pect.
In the present embodiment, the filter coefficient In the embodiment of Fig.
1c, coefficient mem-    interpolation operation can be selectively made in
ory means 210 stores sets of filter coefficients     accordance with either
one of these two modes. realizing desired filter characteristics, each of
the   25   The selection of the mode is made by a filter mode plural sets
being assigned with coordinate data of   switch 17. two axes. Coordinate
designation means 211 des-          In the first mode (hereinafter referred
to as ignates coordinate data of a coefficient set to be    mode "0"), the
interpolation operation is performed read out from the coefficient memory
means 210.       on the basis of difference between two filter coeffi-
Control means 212 variably controls coordinate   30   cients corresponding
to adjacent time frames. data of at least one coordinate axis in the
coordi-      In the second mode (hereinafter referred to as nate data
designated by the coordinate designation    mode "1"), the interpolation
operation is performed means 211 in accordance with tone color control
on the basis of at least one of two filter coefficients information. A
filter coefficient set is read out from  corresponding to adjacent time
frames and a pre- the coefficient memory means 210 in response to  35
pared coefficient difference value. Details of these coordinate data
established in accordance with the    modes will become apparent as the
description designation by the coordinate designation means       proceeds.
211 and the variable control by the control means        In an operation
panel section 18, there are 212 and the read out filter coefficient set is
sup-   provided a tone color selection switch 19 and var- plied to the
digital filter 201. Accordingly, coordi-  40  ious other switches and
operation knobs for estab- nate data of at least one coordinate axis in the
lishing and controlling tones. coordinate data designated by the coordinate
des-        A filter parameter memory 20 prestores mul- ignation means 211
is variably controlled in accor-  tiple sets of filter coefficients
corresponding to plu- dance with tone color control information. Thus, a
ral time frames in correspondence to tone color filter coefficient set
corresponding to the variably   45   determining factors such as tone
colors, tone controlled coordinate data is read out from the       pitches
and key touches. One set of filter coeffi- coefficient memory means 210 and
filter character-    cients corresponding to plural time frames is se-
istics are variably controlled. The tone color control  lected in
accordance with the tone color kind se- information is information based on
tone color con-   lected by the tone color selection switch 19, tone trol
elements such as key touch, tone pitch, lapse   so   pitch of the key
depressed in the keyboard 15 and of time, envelope shape and manual
operator out-      key touch of the depressed key detected by the put
signal.                                          touch detection circuit 16
and filter coefficients Fig. 2 shows a hardware construction of an
corresponding to respective time frames are se- embodiment of an electronic
musical instrument        quentially and successivley read out form  the
incorporating the invention. In this embodiment,  55   memory 20 with lapse
of time during which the timewise change in filter coefficients is realized
by  tone is sounded. The read out filter coefficients of interpolating
filter coefficients corresponding to dif-  the respective frames are
supplied to the micro- ferent time frames as time elapses. In the elec-
computer section 10. In the microcomputer section 5    



9                  EP 0 266 703 B1                   10 10, operation for
interpolating filter coefficients of  waveshape to be designated for
reading out is adjacent time frames is performed and reulting
sequentially changed timewise and the designated interpolated output filter
cofficient obtained in each  waveshape is repeatedly read out. Any of these
interpolation step is supplied to a digital filter 23 in  systems may be
selectively employed. An example a tone signal generation circuit 22
through a data   5   of such system for generating a high quality digital
and address bus 21. This filter parameter memeory    tone signal by
accessing a waveshape memory 20 may consist of an internal ROM provided
inside    storing a waveshape of plural periods is described the electronic
musical instrument or consist of an  in Japanese Patent Application No.
86835/1986 ac- external ROM or other detachable external memory    ording
to which waveshape shape data to be stored in a medium.
10   waveshape memory is data-compressed by a suit- The tone signal
generation circuit 22 generates  able method such as LPC to save memory
capac- a digital tone signal having tone pitch correspond-  ity. to the
depressed key in response to information       The digital filter 23
receives the digital tone of the depressed key (i.e., key code and key-on
signal and the filter coefficient obtained by the signal) supplied through
the data and address bus   is  interpolation and controls the input tone
signal in 21 and supplies this digital tone signal to the digital
accordance with filter characteristics determined by filter 23 to apply a
tone control in accordance with  this filter coefficient. Any type of
digital filter may the filter characterisitcs of this digital filter 23. As
to  be used as the digital filter 23. Classifying digital the tone signal
generation system, any type of tone  filters in terms of the operation
type, there are two gnal generation system  may be employed. Any   20
basic types of digital filters, namely a finite impulse known system  such,
for example, as a memory         response (FIR) filter and an infinite
impulse re- reading  system   according  to  which  tone         sponse
(IIR) filter. An FIR filter is more convenient waveshape  sample  value
data  stored  in  a        in its designability, stability and suitability
for tone waveshape memory in accordance with phase ad      control. In
using an FIR filter, an example of a type dress data which changes at a
rate corresponding   25  in which the filter coefficient is changed
timewise is to the tone pitch designated by the key code is     disclosed
in Japanese  Patent Application  No. sequentially read out, an FM system
according to     26754/1985 and such digital filter may be em- which tone
waveshape sample value data is ob-        ployed. tained by executing a
predetermined frequency             A digital tone signal generated by the
tone modulation operation using the phase address data   30  signal
generation circuit 22 is converted to an ana- as phase angle parameter
data, and an AM system     log signal by a digital-to-analog converter 24
and according to which tone waveshape sample value       supplied to a
sound system 25. data is obtained by executing a predetermined
Fig. 3 is a diagramn showing a basic construc- amplitude modulation
operation using the phase      tion of the digital filter 23 constructed of
an FIR address data as phase angle parameter data. In the   35  filter of
32 orders. In the figure, x(n) is digital tone case of the memory reading
system, a tone            waveshape sample value data at any n-th sample
waveshape stored in the waveshape memory may         point in an input tone
signal. [err] represents unit be a waveshape of one period only but a
time delay element which determines time delay in waveshape of plural
periods is preferable for im-    one sampling period. Accordingly, x(n - 1)
repre- proving the tone quality. As a system in which a   40  sents digital
tone waveshape sample value data at waveshape of plural periods is stored
in and read    the n - 1-th sample point and x(n -31) represents out from a
waveshape memory, there are some         digital tone waveshape sample
value data at the n - known systems such as a system as disclosed by
31-th sample point. h(0) - h(31) are filter coeffi- Japanese  Preliminary
Patent Publication  No.       cients of 32 orders. The triangular block to
which 121313/1977  according  to  which  a complete  45  the filter
coefficient is applied represents a mul- waveshape from start of sounding
of a tone to the    tiplication element which multiplies data of the re-
end thereof is stored and read out once, a system    spective sample points
which have been delayed as disclosed by Japanese Preliminary Patent Pub-
by the delay elements with corresponding one of lication No. 142396/1983
according to which a        filter coefficients h(0) - h(31). Blocks
affixed with + waveshape of plural periods of an attack portion   50
symbols to which output of the multiplication is and a waveshape of one
period or plural periods of   applied are addition elements which add the
mul- a sustain portion are stored and, in reading, the    tiplication
outputs together and provide an output waveshape of the attack portion is
read once and    signal y(n). thereafter the waveshape of the sustain
portion is       A feature of such FIR filter is that it can obtain
repeatedly read out, and a system as disclosed by   55  linear phase
characteristics. By using linear phase, Japanese  Preliminary  Patent
Publication No.       phase of input waveshape of the filter corresponds
147793/1985 according to which plural waveshapes    to phase of output
waveshape thereof in complete which have been sampled dispersely are
stored, a     linear characteristics so that occurrence of distor- 6    



11                 EP 0 266 703 B1                          12 tion in the
waveshape can be prevented. This is       not necessary to pay particular
attention to design- preferable for filter processing of audio signals
ing of filter coefficients. such as voice and tone. Necessary and
sufficient          Fig. 4 shows an example of a memory format condition of
the FIR filter having such linear phase  of the filter parameter memory 20
which consists of characteristics is that its impulse response is of a    5
voice directory 20a, voice bank 20b and parameter symmetrical
characteristic The symmetrical char-     bank 20c. Actual filter
coefficients are stored in the acteristics of the impulse response means
that the    parameter bank 20c. The voice bank 20b stores filter
coefficients h(0) - h(31) have a symmetrical   address data for reading out
filter coefficients characteristic. In other words, by establishing the
which are determined depending upon combination filter coefficients with a
symmetrical characteristic,   10  of tone color determining factors
consisting of tone the above described linear phase characteristics
color kind, tone pitch and key touch from  the can be realized. In this
case, filter coefficients at  parameter bank 20c and stores also parameter
orders of symmetrical positions have the same          data for filter
coefficients interpolation operation. value so that it is not necessary to
prepare filter       The voice directory 20a stores voice offset
coefficients for all of orders N (= 32) but half of   15  addres VOA in
correspondence to plural kinds of the orders N will suffice. More
specifically. in a    tone color (voices 0 - N). In response to a tone case
where N is an even number as in this exam-       color code representing a
tone color selected by ple, 16 filter coefficients from the zero-th to the
the tone color selection switch 19, a voice offset fifteenth orders have
only to be prepared and filter  address VOA corresponding to the tone color
code coefficients at symmetrical positions of the zero-th   20  is read out
from this voice directory 20a. The voice to the fifteenth orders may be
utilized as filter     offset address VOA is data indicating initial
address coefficients from  the sixteenth to the thirty-first  of a memory
bank corresponding to each voice 0 - orders. In the present embodiment,
therefore, 16      N in the voice bank 20b. filter coefficients from the
zero-th to the fifteenth     The voice bank 20b consists of memory banks
orders are actually produced and these filter coeffi-  25  (voice banks)
corresponding  to the respective cients are used directly as those from the
zero-th    voices 0 - N. As illustrated by way of example with to the
fifteenth orders and also as those from the    respect to voice 0, each
voice bank consists of a sixteenth to the thirty-first orders which are at
sym-  key bank offset table and a key bank correspond- metrical positions
by folding these filter coeffi-    ing to plural key groups (key groups 0 -
M). cients.                                          30       The key bank
offset table stores key bank Another feature of the FIR filter is that it
has an  offset address KOA in correspondence to keys of excellent stability
for the reason that it has no     the keyboard 15. In response to the key
code of feedback loop. The IIR filter which has a feedback     the
depressed key, key bank offset address KOA loop is accompanied by the
problem of oscillation     corresponding to the key group to which the de-
whereas the FIR filter has no such problem and so   35   pressed key
belongs is read out from the key bank design of the filter is easy.
offset table. The key bank offset address KOA is The FIR filter is also
convenient in a case        data indicating initial address of a memory
bank where its filter characteristics should be changed    corresponding to
each of the respective key groups with lapse of time as in the present
invention. In    0 - M and consists of relative address data in that this
case, according to the prior art, sets of filter   40   voice bank.
coefficients must be prepared in correspondence to        The key bank
consists of memory banks (key respective filter characteristics which
differ with   banks) corresponding to the respective key groups time and,
as previously mentioned, a large number     0 - M. The key bank
corresponding to the respec- of sets of filter coefficients are required if
fine   tive key groups consists of a touch bank offset timewise variation
of filter characteristics is desired.   45  table and touch banks
corresponding to respective For overcoming this problem, according to the
in-     touch groups (touch groups 0 - L). vention, two sets (i.e., two
frames) of filter char-      The touch bank offset table stores touch
offset acteristics which are somewhat timewise distant       address TOA
corresponding to respective stages of from each other are prepared and sets
of filter       32-stage touch data which is detectable by the
characteristics are densely produced during lapse   50  touch detection
circuit 16. In response to touch of time between the two sets by performing
inter-     data detected by the touch detection circuit 16, polation. Thus,
filter characterisitcs which change   touch bank offset address TOA
corresponding to with time are obtained by filter coefficients which   the
touch group to which the touch data belongs is have been produced by the
interpolation. In realiz-   read out from  the touch bank offset table. The
ing the timewise changing filter characteristics   55  touch bank offset
address TOA is data indicating while interpolation of filter coefficients
is performed  initial address of a memory bank of each touch in real time,
the FIR filter which has an excellent   group 0 - L and consists of
relative address data in stability is particularly advantageous because it
is  that key bank. 7    



13                  EP 0 266 703 B1                     14 The touch bank
consists of memory banks               Coefficient address data CAD is an
address (touch banks) corresponding to the respective         data for
reading out filter coefficient corresponding touch groups 0 -L. The touch
bank corresponding       to a particular frame form the parameter bank 20c.
to each touch group consists of plural time frames       The parameter bank
20c stores sets of filter (frames 0 - K) as illustrated by way of example
with    5   coefficients of plural kinds (parameter sets 0 - R). respect to
touch group 0.                             One set of filter coefficients
consists, as illustrated Frame banks corresponding to the respective
by way of example with respect to parameter set 0, frames 0 - K store, as
illustrated by way of exam-    of 16 filter cooefficients CF(0) - CF(15)
from the pie with respect to frame 0, interpolation opration  zero-th to
the fifteenth orders. One set of the pa- parameter data FT, IN, IT and 11
and coofficient   10  rameter sets 0-R stored in the parameter bank 20c
address data CAD for the respective frame. Fur-      is designated by
coefficient address data CAD read ther, the frame banks store. if
necessary.  cooffi-    out from the frame bank and one set of the filter
cient difference value data DCF (0) - DCF (15) for     coefficient sets
CF(0) CF(15) corresponding to the the above mentioned mode "1".
designated parameter set is read out. More specifically, filter parameter
memories 20   15  Relative address of a frame bank correspond- having
different storage contents are separately     ing to one of the frames 0 -
K in one touch bank is provided for the modes "0" and "1 ". In the filter
designated by frame number FN. Each frame 0 - K parameter memory 20 for the
mode "0", one frame       corresponds to time sequence so that the frame is
bank consists of 8 addresses at which the inter-      frame 0 at the start
of sounding of the tone and olation operation parameters FT, IN, IT and 11
and   20  frame is switched to frames 1, 2, 3 ..... as a the coefficient
address data CAD are stored. In the   predetermined period of time elapses.
The frame filter parameter memory 20 for the mode "1". one      number FN
is data representing frame at the frame bank consists of 40 addresses at
whichthe     present time point. As described above, the num- interpolation
operation parameter data FT, IN, IT     ber of address of one frame bank
is, for example, 8 and 11, coefficient address data CAD and coefficient
25  in the case of the mode "0" and 40 in the case of difference value data
DCF(0) - DCF(15) are stored.    the mode "1 ". More specifically,
therefore, the rela- Either one of the filter parameter memory 20 for
tive address in a frame bank corresponding to each the mode "0" and the
filter parameter memory 20       of the frames 0 - K is "FN x 8" in the
mode "0" for the mode "1" may be mounted on the elec-          and "FN x
40" in the mode "1". tronic musical instrument as a factory set and the
30   An absolute address(hereinafter referred to as filter mode switch 17
may be switched in accor-       frame address FAD) in a desired frame bank
in the dance with the mode of the mounted memory.            filter
parameter memory 20 is determined by the Alternatively, both the filter
parameter memories 20  following operation formula using the voice offset
for the modes "0" and "1 " may be mounted on the      address VOA. key bank
offset address KOA and electronic musical instrument and one of these   35
touch bank offset address TOA read out from the memories 20 may be accessed
in accordance with        voice directory 20a, key bank offset table and
the mode selected by the filter mode switch 17.       touch bank offset
table: Parameter data for the interpolation operation        In the case of
the mode "0"; ill now be described. Frame time data FT represents duration
of the   40   FAD = VOA + KOA + TOA + FN x 8 particular frame. The frame
time data is "0" in the last frame and some data representing duration of
In the case of the mode "1": time other than "0" in other frames. The last
frame sustains until sounding of a tone is finished so that  FAD = VOA +
KOA + TOA + FN x 40 its duration time is indefinite. For this reason FT  45
"0" in the last frame.                                    That is. to the
voice offset address VOA repre- Interpolation shift number data IN is date
which   senting the inital address of the voice bank to be represents
amount of shift in shifting difference in  accessed is added the key bank
offset address filter coefficients of adjacent frames. This interpola-  TOA
which is relative address thereto and further is tion shift number data IN
is logarithm of intrpola-   50   added the touch bank offset address TOA
which is tion frequency data IT to be described below          relative
address thereto and further is added the Interpolation frequency data IT is
data which      frame bank relative data "FN x 8" or "FN x 40" represents
number of times (number of interpola-      which is relative address
thereto. In actual design, tion steps) the interpolation is performed for
inter-  for saving the memory capacity, the respective polating the filter
coefficients between the adjacent 55   offset addresses VOA. KOA and TOA
are ex- frames.                                               pressed in
1/16 in VOA, 1/8 in KOA and 1/8 in Interpolation interval data II is data
which repre-  VOA. In this case. the frame address FAD is deter- sents
duration of one interpolation step.             mined by correcting values
of the respective offset 8    
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follows:                           ference value DCF at each interpolation
step and, In the case of the mode "0":                     when
accumulation of the same number of times as the interpolation frequency
data IT has finally FAD = VOA x 16 + KOA x 8 + TOA x 8 + FN x
been completed, the filter coefficient reaches a 8
5   value corresponding to the filter coefficient FC1. As the frame is
changed, the same interpolation op- In the case of the mode "1":
eration as described above is performed with re- spect to next adjacent
frames 1 and 2. Such inter- FAD = VOA x 16 + KOA x 8 + TOA x 8 + FN x
polation operation is made for each order. 40
10 The mode "1": The storied structure of the filter parameter 20 as shown
in Fig. 4 is advantageous for saving of         In this mode, the
interpolation operation is per- the memory capacity. If filter coefficients
are stored  formed on the basis of at least one of the two filter
individually for all combinations of tone color kinds,  15  coefficients
corresponding to adjacent time frames key groups and touch groups, a
tremendous            and also a prepared coefficient difference value. In
amount of memory capacity will be required. By       the above described
mode "0", the coefficient dif- employing the storied structure as shown in
Fig. 4,  ference value DCF is obtained by calculation the memory capacity
required is greatly reduced.     whereas in the mode "1", coefficient
difference Since, in Fig. 4, there is a case where a common   20   values
DCF(0) - DCF)15) corresponding to the re- filter coefficient can be used
for different combina-  spective orders are prestored in the frame bank of
tions of tone color kinds, key groups and touch      the filter parameter
memory 20 and, therefore, ne- groups, the number of parameter sets 0 - R
stored    cessity for calculation for obtaining the coefficient in the
parameter bank 20c in Fig. 4 is by far        DCF is obviated. Accordingly,
in the mode "1", the smaller than the number of combinations of tone   25
interpolation operation with respect to the frames 0 color kinds, key
groups and touch groups whereby     and 1 is performed by accumulating the
coefficient the memory capacity can be saved.                    difference
value DCF read out from the frame bank An outline of the two filter
coefficient interpola-  to the filter coefficient FC0 corresponding to the
tion modes will be described.                        frame 0 at each
interpolation step time determined 30   by the interpolation interval data
11. When accu- Mode"0".                                           mulation
of the same number of times as the interpolation frequency data IT has been
complet- In this mode, interpolation operation is per-    ed, the
interpolation for the time frames 0 and 1 is formed on the basis of
difference between two filter  completed. As the frame is changed, the same
coefficients corresponding to adjacent time frames.  35  interpolation
operation is performed with respect to Referring to Fig. 5, description
will be made about  next adjacent frames 1 and 2. frame 0 and frame 1 which
are adjacent to each          An example of flow chart showing processings
other. Filter coefficient corresponding to the frame  relating to this
invention among processings ex- 0 is represented by FC0 and filter
coefficient cor-  ecuted by the microcomputer section 10 is shown
responding to the frame 1 by FC1. Difference be-   40  by Figs. 7 through
9. An example of data used with tween the two coefficients (FC1 - FC0) is
obtained   respect to these processings and contents stored and this
difference is shifted in accordance with the  in the working RAM 13 is
shown in Fig. 6. interpolation shift number data IN. This is equiv-      In
these figures, TIMER represents timer count alent to division by the
interpolation frequency data  value which is a count of the timer counter
14 (Fig. IT if shown by an operation formula. A coefficient  45  2) which
is stepped at a predetermined timing difference value DCF is thereby
obtained as fol-     (e.g., 2 ms). lows:
TCODE represents tone color code which re- presents a tone color selected
by the tone color (FC1 - FC0)/IT = DCF
selection switch 19 (Fig. 2). so      KCODE represents key code which
represents The interpolation operation is performed by      a key depressed
in the keyboard 15 (Fig. 2). accumulating this coefficient difference value
DCF      TDATA represents touch data which represents to the filter
coefficient FC0 corresponding to the   key touch detected by the touch
detection circuit frame 0 at each one interpolation step time deter-   16
(Fig. 2). mined in accordance with the interpolation interval  55  FT, IN,
IT and 11 represent the above described data 11. Thus, the filter
coefficient obtained by the  interpolation operation parameters and CAD
repre- interpolation operation gradually increases (or de-  sents the avove
described coefficient address. creases), starting from FC0, by the
coefficient dif-  These data corresponding to the present frame 9    
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the filter parameter memory 20 in       MODE is made "0" whereas if the
mode "1" has the previously described manner are stored in the     been
selected, the mode data MODE is made "1". RAM 13.
In the main routine, other switches and opera- FN represents the above
described fram number-   tion knobs in the operation panel 18 are scanned
ber and represents the present frame.             5   and necessary
processings are executed. RTIME represents start time and stores timer
Upon, detection of depression of a new key in count value TIMER at the
start of one interpolation   the keyboard 15, the new key-on processing in
Fig. step.                                                 8 is executed.
In thisprocessing, the key code of CIT represents present number of times
of         the newly depressed key is stored as the key code interpolation
(number of interpolation steps).   10   KCODE. Then, in response to this
newly depressed ACF(0) - ACF(15) represent present filter co-      key,
touch data detected by the touch detection efficient data CF(0) - CF(15)
from the zero th in the  circuit 16 is stored as the touch data TDATA.
fifteenthorders which change as the interpolation        Nextly, contents
of respective registers are ini- probceeds. As described previously, these
data        tially set. For example, processings such as setting can be
used also as the filter coefficients data from    15  the timer count value
TIMER to the start time the sixteenth to the thirty-first orders. More
specifi-  RTIME (i.e.. setting the start time of the initial cally, the
present filter coefficient data ACF(0) -  interpolation step to RTIME),
resetting the frame ACF(15) are supplied as the filter coefficients h(0)
number FN to "0" and resetting the present num- -h(15) from the zero-th to
the fifteenth orders in    ber of times of interpolation CIT to "0" are ex-
g. 3 and the present filter coefficient data ACF-   20   ecuted. (15) -
ACF(0) are reversely supplied in a symmmetri-     In next step 30. the
offset addresses VOA, cal manner as the filter coefficients h(16)  h(31)
KOA and TOA are read out from the filter param- from the sixteenth to the
thirty-first orders.        eter memory 20 in response to the tone color
code NCF(0) - NCF(15) reperesent filter coefficient     TCODE, key code
KCODE and touch data TDATA data CF(0) - CF(15) from the zero-th to the
fifteenth   25   and the frame address FAD is calculated in the orders
corresponding to next frame.                   previously described manner
in accordance with DCF(0) - DCF(15) represent the above de-          these
offset addresses VOA, KOA and TOA and scribed coefficient difference value
data corre-      the frame number FN. Since the frame number sponding to
the zero-th to the fifteenth orders. As   initially is FN = "0". frame
address FAD(0) of the described above, these data are obtained by cal-  so
frame 0 is obtained. culation in the mode "0" and read out from the
In next step 31, in response to the calculated filter parameter memory 20
in correspondence to       frame address FAD, the above described various
the present frame in the mode "1".                    interpolation
operation parameters FT, IN, IT and 11 An area for storing the above
described data or    and the coefficient address CAD are read out from
signals is provided in the data and working RAM    35  the frame bank of
the filter parameter memory 20 13. Also provided in the data and working
RAM 13      and the read out data are stored in a register in the are areas
for storing key data of depressed keys      RAM 13. (key codes and key-on
signals), operation detcction       In next step 32. in response to the
coefficient for switches and operation knobs in the opera-    address CAD,
a set of filter coefficients is read out tion panel 18 and ON/OFF data of
LED etc.        40  from the parameter bank 20c of the filter parameter
Fig. 7 shows main routine. In "key scanning        memory 20 and the read
out set is stored as processing", on-off states of respective keys in the
present filter coefficient data ACF(0) - ACF(15) in a keyboard 15 are
detected and. if depression of a      register in the RAM 13. new key has
been detected, "new key-on process-          In next step 33, the present
filter coefficient ing" in Fig. 8 is executed. For brevity of explana-   45
data ACF(0)  ACF(15) are supplied to the digital tion, in the present
embodiment, a tone corre-        filter 23 in the tone signal generation
circuit 22. In sponding to a newly depressed key is sounded in a     step
34, the key code KCODE, touch data TDATA signle tone preference system.
and key-on signal are supplied to the tone signal In "tone color switch
scanning processing", the    generation circuit 22. The reason for
executing tone color selection switch 19 is scanned, the tone   50  these
steps 33 and 34 before next steps 35 - 38 is color code of the selected
tone color is stored as    that processings of the steps 35 - 38 take time
so the tone color code TCODE and this tone color         that supply of the
data to the tone signal generation code is supplied to the tone signal
generation        circuit 22 is made before the steps 35 - 38 for circuit
22.                                           preventing delay in start of
sounding of the tone. In "mode switch scanning processing", the fil-  55
In next step 35, whether the mode data MODE ter mode switch 17 is scanned
to examine which of    is "0" or not is examined. If result is YES, i.e.,
the the modes "0" and "1" has been selected. If the      mode is "0", the
processing proceeds to steps 36, mode "0" has been selected, the mode data
37 and 38 where calculation for obtaining coefficint 10    
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data DCF(0) - DCF(15) for inter-    number of times of interpolation CIT
which has polation is performed. In step 36, frame address     been
increased by 1 has coincided with the inter- FAD(1) concerning the frame 1
which is next to the   polation frequency data IT or not, i.e., whether the
frame 0 is calculated and the coefficient address   interpolation has been
completed or not, is exam- CAD concerning the frame 1 is read out from the
5   ined. frame bank in the filter parameter memory 20 in         If the
interpolation has not been completed yet, response to this frame address
FAD(1). In step 37,  the processing proceeds to step 45 in which the a set
of filter coefficients is read out from the    coefficient difference value
data DCF(0) - DCF(15) parameter bank 20c of the filter parameter memory
is added to the present filter coefficient data ACF- 20 in response to the
coefficient address CAD    10  (0) -ACF(15) at each order and results of
the addi- obtained in the preceding step and this set of filter  tion are
used as new present filter coefficient data coefficients is stored as
filter coefficient data NCF-  ACF(0) -ACF(15) (e.g., "ACF(0) ACF(0) +
DCF(0) (0) - NCF(15) for next frame in a register in the      in zero-th
order). In this manner, the operation of RAM 13. In step 38, difference
between the filter    next one interpolation step is performed. In step
coefficient data NCF(0) -NCF(15) of the next frame   15  46, the present
filter coefficient data ACF(0) - ACF- and the present filter coefficient
data ACF(0) - ACF-  (15) which are new interpolation outputs are sup- (15)
(e.g., "NCF(0) -ACF(0)" in the zero-th order) is  plied to the digital
filter 23 in the tone signal calculated for each order and the coefficient
dif-   generation circuit 22. ference value data DCF(0) -DCF(15) is
calculated        As the routine from  step 41 to step 46 is by shifting
the difference in accordance with the   20  repeated, step 44 becomes YES
and the process- interpolation shift number data IN. The coefficient  ing
proceeds to step 47. In step 47, the frame difference value data DCF(0) -
DCF(15) obtained is   number FN is increased by 1 and the present stored a
register in the RAM 13.                     number of times of
interpolation CIT is reset to "0". In the mode "1 ", the processing
proceeds from   Thus, the frame is changed. step 35 to step 39 in which, as
described above,  25    In next step 48, whether the mode data MODE the
coefficient difference value data DCF(0) - DCF-  is "0" or not is examined.
If it is YES, i.e., the (15) stored in the frame banks of the filter param-
mode "`", the processing proceeds to step 49. If it eter memory 20 are read
out from the frame bank      is NO, i.e.. the mode "1", the processing
proceeds corresponding to the frame address FAD(0) and the    to step 50.
read out coefficient difference value data DCF(0) -   30  In step 49, new
frame address FAD is cal- DCF(15) are stored in a register in the RAM 13.
culated in response to the above described offset After the above described
new key-on process-    addresses VOA, KOA and TOA and the new frame ing, a
timer interrupt routine in Fig. 9 is executed  number FN. If, for example,
the new frame number each time the timer count value TIMER is counted
FN is "1 ", the frame address FAD(1) of the frame 1 up (every 2 ms) and the
interpolation operation is  35  is obtained. In this case, since one frame
bank performed according to this routine.                 consists of 8
addresses when the mode is "0", the Referring to Fig. 9, in step 40,
whether the     new frame address FAD can be obtained by add- frame time
data FT is "0" or not, i.e., whether the  ing 8 to the frame address FAD of
the preceding present frame is the last frame or not, is examined.  frame.
In response to the calculated frame address Since interpolation is not
performed in the last  40   FAD, the above described various interpolation
op- frame, if the present frame is the last frame, the   eration parameters
FT, IN, IT and 11 and the coeffi- processing directly proceeds to "return".
If the     cient address CAD are read out from the frame present frame is
not the last frame, the processing  bank of the filter parameter memory 20
and these proceeds to step 41.                                 data are
stored in a register in the RAM 13. In step 41, whether difference between
the   45      In step 50, as in step 49, new frame address timer count
value TIMER and the start time RTIME     FAD is calculated in response to
the above de- has reached one interpolation step time set in       scribed
offset addresses VOA, KOA and TOA and accordance with the interpolation
interval data 11 or  new frame number FN and, in response to the not is
examined. In other words, whether one inter-  calculated frame address FAD,
the above de- polation step time has elapsed or not is examined.  50
scribed various interpolation parameters FT, IN, IT If this time has not
elapsed yet, the processing     and 11 and the coefficient address CAD are
read out proceeds to "return" whereas if it has elapsed, the  from the
frame bank of the filter parameter memory processing proceeds to step 42.
20 and these data are stored in a register in the In step 42, the timer
count value TIMER is set   RAM 13. Since, however, one frame bank consists
as the start time RTIME. The start time of next one   55  of 40 addresses
when the mode is "1", new frame interpolation step time is set to RTIME. In
next step  address FAD can be obtained by adding 40 to the 43, the present
number of times of interpolation     frame address FAD of the preceding
frame. CIT is increased by 1. In next step 44, whether the 11    
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"0", the processing proceeds to        present filter coefficient data
ACF(0) - ACF(15) for step 51 after step 49. In steps 51 and 52, as in
each order and results of the addition are used as steps 32 and 33 in Fig.
8, a set of filter coefficients  new present filter coefficient data ACF(0)
- ACF- is read out from the parameter bank 20c of the        (15), and the
present filter coefficient data ACF(0) - filter parameter memory 20 in
response to the    5   ACF(15) which are new interpolation output are
coefficient address CAD, this set of filter coeffi-    supplied to the
digital filtrr 23 in the tone signal cients is stored as present filter
coefficient data    generation circuit 22. In this case, even if the frame
ACF(0) - ACF(15) in a register in the RAM 13 and      is changed, reading
of filter coefficients corre- these present filter coefficient data ACF(0)
- ACF-    sponding to new coefficient address CAD and re- (15) are supplied
to the digital filter 23 in the tone   to  newal of the present filter
coefficients ACF(0) - signal generation circuit 22. In step 53, whether the
ACF(15) by the, new filter coefficients are not per- frame time data FT is
"0" or not, i.e., whether the   formed but the coefficient difference value
data new frame is the last frame or not, is examined. If il  DCF(0) -
DCF(15) co responding to the new frame is the last frame, the processing
proceeds to return   are accumulaled to the old present data ACF(0) - since
interpolation is not performed in the last  15   ACF(15). frame. If it is
not the last frame, the proressing      In the last frame of the mode "1 ",
the process- proceeds to step 54.                                   ing
proceeds from YES of step 57 to step 61. In In steps 54, 55 and 56,
approximately the          steps 61 and 62, the same processings as in
steps same processings as in steps 36, 37 and 38 in Fig.    51 and 52 are
executed. In this case, a set of filter for obtaining coefficient
difference valve data   20   coefficients is read out from the parameter
bank DCF(0) -DCF(15) for interpolation are executed. In     20c of the
filter parameter memory 20 in response step 54, frame address FAD(FN + 1)
for a frame         to coefficient address CAD corresponding to the FN  + 1
which is next to new frame FN is cal-         last frame, this set of
filter coefficients is stored as culated and, in response to this frame
address         present filter coefficient data ACF(0) - ACF(15) in a
FAD(FN  +  1), coefficient address CAD for the   25  register in the RAM 13
and these filter coefficient frame FN + 1 is read out from the frame bank
of       data ACF(0) - ACF(15) are supplied to the digital the filter
parameter memory 20. In step 55. in         filter 23 in the tone signal
genertation circuit 22. response to the coefficient adrress CAD for the
Instead of the processings of steps 61 and 62, the frame FN  + 1 obtained
in the preceding step, a        same processings as steps 59 and 60 may be
set of filter coefficients is read out from the pararn-   30   executed.
eter bank 20c of the filter parameter memory 20            The mode "1" is
advantageous over the mode and this set of filter coefficients is stored as
filter  "0", for the operation for calculating the coefficient coefficient
data NCF(0) - NCF(15) of next frame in     difference value data DCF(0) -
DCF(15) is unnces- a register in the RAM 13. In step 56, difference
sary and so accessing of data can be made more between filter coefficient
data NCF(0) - NCF(15) for   35   quickly in the mode " ". The mode "1"
requires an next frame and present filter coefficient data ACF-    extra
memory for storing the coefficient difference (0) - ACF(15) (e.g., "NCF(0)
- ACF(0)" in the zero-    value data but this memory can be of a small bit
th order) is obtained for each order. By shifting this  number and
therefore of a small capacity because ifference in accordance with the
interpolation  shift  the coefficient difference value data itself is a
small number data IN, coefficient difference value data   40   value.
DCF(0) - DCF(15) are obtained and the coefficient          The coefficient
difference value data for the difference value data DCF(0) - DCF(15) thus
ob-        mode "1" are respectively stored in the frame tained are stored
in a register in the RAM 13.         banks in the above described
embodiment. Alter- In the mode "1", the processing proceeds to
natively, the addresses may be stored in the frame step 57 after step 50.
In step 57, whether the frame 45   banks and the coefficient difference
value data may time data FT is "0" or not, i.e., Whether the new      be
stored in the parameter bank 20c. frame is the last frame or not, is
examined. If it is     In the above described embodiment, the inter- not
the last frame, the processing proceeds to step    polation operatoin is
executed by the software pro- 58 in which, as in step 39 in Fig. 8,
coefficient      cessings. Alternatively, the interpolation operation
difference value data DCF(0) - DCF(15) already   50   may be executed by a
hardware circuit provided stored in the frame bank of the filter parameter
exclusively for that purpose. memory 20 are read out from  the frame bank
In the above described embodiment, switching corresponding to the new frame
address FAD(FN)         of the time frame is made in response to the output
and the read out coefficient difference value data     of the timer counter
and therefore is unrelated to DCF(0) -DCF(15) are stored in a register in
the   55  the tone pitch. Alternatively, the switching of the RAM 13. In
next steps 59 and 60, as in the above       timer frame (and also
interpolation timing) may be described steps 45 and 46, new coefficient
dif-      controlled in association with the phase address ference value
data DCF(0) -DCF(15) are added to      signal of a tone to be processed. 12
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described  embodiment, the             The filter coefficient memory 114
consists of a switching of the respective frames is made in a       RAM in
which contents of filter coefficients stored predetermined order but it may
be made at ran-       can be rewritten. An external magnetic disc drive
dom.                                                  unit 115 is attached
to the electronic musical in- The manner of interpolation operation of the
5   strument and a flexible magnetic disc cartridge filter coefficients is
not limited to the one employed  (floppy disc) FDI storing multiple sets of
filter in the above embodiment but any other method          coefficients
is set in this disc drive unit 115 so that may be employed. The
interpolation need not be       the sets of filter coefficients can be
transferred to linear interpolation but may be of any desired inter-  the
filter coefficient memory 114 and stored there- polation characteristics.
For example, the interpola-   10  in. Further, a floppy disc FD2 (i.e.,
system disc) tion may be one made through a digital low-pass       storing
a control program is set in the disc drive filter. Alternatively, for
example, an initial value of a  unit 115 so that the control program stored
therein filter coefficient may be stored for the frame 1 and   can be
transferred to the program memory 112 and difference in filter coefficients
between adjacent    stored therein. frames may be stored for subsequent
frames and   15      A keyboard 116 has plural keys for designating this
difference data may be shifted to obtain the    tone pitches of tones to be
generated. A touch coefficient difference value data.
detection circuit 117 detects touch of a key de- This invention is
applicable not only to mon-     pressed in the keyboard 116. Kinds of
touches to ophonic musical instrumenst but also to polyphonic    be
detected may be either an initial touch or an musical instruments. The
keyboard and the tone   20  after touch. Key touch data detected by this
touch source circuit may be provided as a separate unit     detection
circuit 117 is utilized for controlling tone from the tone signal
processing device according      elements such as tone color, tone volume
an tone to the invention.                                     pitch. If the
Key touch data is utilized as tone color Referring now to Fig. 10 and
subsequent fig-      control information, it is used for controlling filter
ures, another embodiment of the invention will be   25  coefficient and
thereby modifying characteristics of described.
a digital filter. Fig. 10 shows a hardware construction of an          A
modulation wheel 118 is a manual operation embodiment of an electronic
musical instrument        means for generating tone color control
information incorporating the invention. In the electronic musi-  and this
tone color control information is used for cal instrument of this
embodiment, various oper-  30   controlling filter coefficients. ations and
processings including reading of filter       A low frequency oscillator
119 generates a low coefficients and filter coefficient interpolation
opera-  frequency signal as a modulating signal for filter tion are
controlled by a microcomputer section        coefficients. comprising a CPU
111, program memory 112 and             A key scaling table 120 generates
key scaling data and working RAM 113. The program memory   35   data
corresponding to the tone pitch of a tone to be 112 consists of a RAM in
which a specification of a  generated. This key scaling data is used as
tone control program  stored therein can be readily        color control
information for controlling filter coeffi- changed by rewriting the control
program.             cients. A filter coefficient memory 114 stores plural
A filter envelope generator 121 generates en- sets of filter coefficients
realizing desired filter  40   velope shape data having characteristics
such as characteristics, each of these sets being assigned    attack,
decay. sustain and release in response to with biaxial coordinate data as
address data. More    depression of a key. This envelope shape data is
specifically, for example, the filter coefficient mem-  used as tone color
control information for control- ory 114 comprises tables each of which
stores         ling filter coefficients. plural sets of filter
coefficients. Coordinate data   45  An operation panel section 122
comprises an having axes X and Y is assigned as address data      operation
panel 123 relating to a filter and other to each set of filter coefficients
in the respective  various tone determination and control switches tables.
An example of memory format of filter co-     and operators 124. By way of
example, the filter efficients in one table is shematically shown in Fig.
relating operation panel 123 comprises a display 11. In this figure,
coordinate positions of axis X are   50   230, cursor switches 231 and 232,
a filter edit n + 1 points of 0, 1, 2 . ..... n and coordinate      switch
233 and a ten key switch 234 and is used positions of axis Y are likewise n
+ 1 points of 0,  for performing operations relating to selection and 1,
2....  n. Filter coefficients FOO - Fnn of [err]   determination of filter
coefficients. sets are assigned to (n + 1)2 addresses identified       An
interrupt timer 125 is provided for determin- by crossing points of the
respective coordinate  55  ing loading of various set data and basic timing
of positions. One set of filter coefficients realizes one  the filter
coefficient interpolation operation and sup- desired filter characteristics
and consists of filter  plies an interrupt signal to the microcomputer sec-
coefficients of plural orders.                       tion at predetermined
interval (e.g., every 10 ms). 13    
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generation circuit 127 generates       If a parameter set mode (Parameter)
of No. 1 a digital tone signal having a tone pitch corre-      has been
selected, the picture of the display 230 sponding to a depressed key in
response to data of    changes to one shown by Fig. 12b. In this mode, the
depressed key (i.e., key code and key-on sig-     condition for reading out
filter coefficients for deter- nal) supplied through a data and address bus
126.   5   mining characteristics of the digital filter from the and
supplies this digital tone signal to a digital filter  filter coefficient
memory 114 and conditions for 128 to apply a tone color control in
accordance      variably controlling these filter coefficients are es- with
filter characteristics of this digital filter 128. As  tablished. A desired
one of items "tb1", "Dyn- a method for generating a tone signal, any type
of    axis". "dyn" and "fix" nn the upper stage of the tone signal
genration method may be utilized as   to  display 230 is selected and
desired data corre- described in the previous embodiment. In case the
sponding to the selected item is selected and de- memory reading method is
employed as the tone         termined by operation of the ten key switch
234. In signal generation method, an external sound may      the lower
stage of the items "tb1". "Dyn-axis", be freely sampled through a
microphone 129 and        "dyn" and "fix" in the display 230 is displayed
the sampled external sound waveshape data may   15  data selected and
determined in accordance with be read out from a waveshape memory to
generate      the selected item. These items will now be de- a digital tone
signal.                               scribed. The digital filter 128
receives, as in the digital    tb1: A filter coefficient table in the
filter coeffi- filter shown in Fig. 2, the digital tone signal and   cient
memory 114 is selected. Data selected here lter coefficients and controls
the input tone signal   20  is registered as filter coefficient table data
FTABLE in accordane with filter characteristics determined   in a register
in the data and working RAM 113 (see by the filter coefficients. As
previously described.  Fig. 14). the digital filter may be of any type. An
FIR filter of  Dyn-axis: Which of X and Y coordinate data in 32 orders as
shown is Fig. 3 is advantageous in      the filter coefficient table (see
Fig. 11) should be designability, stability and suitability for tone con-
25  variably controlled in response to the tone color trol. The following
description will be made on the   control information is selected. The
coordinate axis assumption that this FIR filter is used as the digital
which is variably controlled in response to the tone filter in the present
embodiment. In the previously   color control inf ormation will hereinafter
be referred described embodiment, filter coefficients of all or-  to as
"dynamic axis". If, for example. the axis X is ders N (= 32) are not
prepared since filter coeffi-  30  to be determined as the dynamic axis,
"0" is cients of an order at symmetrical position are of     applied by the
tne ten key switch 234 whereas if the same value but sixteen filter
coefficients from  the axis Y is to be determined as the dynamic axis, the
zero-th to the fifteenth orders are prepared.     "1" is applied by the ten
key switch 234. The data filter coefficients from the sixteenth to the
thirty-first  determined here is registered as dynamic axis data orders
being substituted by filter coefficients from   35   DYNAXS in a register
in the data and working RAM the zero-th to the fifteenth order at
symmetrical     113 (see Fig. 14). positions. In the present embodiment,
however, de-       dyn: The coordinate data of the dynamic axis scription
will be made on the assumption that all    is designated. The data
designated here is regis- lter coefficients from the zero-th to the
thirty-first  tered as dynamic axis reference coordinate data orders are
prepared. The FIR filter has an addi-  40   DYN in a register in the data
and working RAM 113 tional advantage owing to its excellent stability that
(see Fig. 14). even in a case where filter coefficients are densely
fix: The coordinate data of the axis which is not produced by interpolation
filter characteristics cor-  the dynamic axis (hereinafter referred to as
"fixed responding to the filter coefficients produced by     axis") is
designated. The data designated here is the interpolation can be obtained
without distortion.   45  registered as fixed axis coordinate data FIX in a
The digital tone signal produced by the tone      register in the data and
working RAM 113 (see Fig. signal generation circuit 127 is converted to an
14). analog signal by a digital-to-analog converter 130       Designation
of the dynamic axis coordinate and is applied to a sound system 131.
data and fixed axis coordinate data is effected by An outline of an example
of selection and de-   5o   applying desired coordinate values by the ten
key termination of filter coefficients by using the opera-  switch 234. As
described previously with reference tion panel 127 will be described.
to Fig. 11. the sets of filter coefficients stored in the Upon turning on
of the filter edit switch 233.    respective tables in the filter
coefficient memory the display 230 displays a filter edit men" whose    114
are assigned with the coordinate data of X and contents are as shown in
Fig. 12a. The user selects  55   Y axes and one set of filter coefficients
is identified a desired one of edit modes 1 - 4 by operation of     by
combination the dynamic axis coordinate data the ten key switch 234.
and the fixed axis coordinate data designated in the items dyn and fix. If
values of coordinate data 14    



27                 EP 0 266 703 B1                     28 assigned to the
respective sets of filter coefficients  selected, the picture of the
display 230 changes as are integers, values of the dynamic axis coordinate
shown in Fig. 12d. In this mode, various conditions data and the fixed axis
coordinate data which can    of a low frequency modulating signal generated
by be designated here are not limited to integers but  the low frequency
oscillator 119 are determined. A they may contain decimals. If the
designated co-   5   desired one among items "wave", "speed", "de- ordinate
data conains decimal, filter coefficient di-  lay" and "depth" in the upper
stage of the display rectly corresponding to this data is not stored in
230 is selected by operation of the cursor switches the filter coefficient
memory 114 so that the filter  231 and 232 and desired data correponding to
the coefficient is obtained by interpolation.            selected item is
selected and determined by the More specifically, if, for example,
designated   10  ten key switch 234. In the lower stage of the items
coordinate data ocnsists of an integer section only  "wave", "speed",
"delay" and "depth" is displayed as in (1, 1), the designated filter
coefficients can be  data determined in correspondence to the selected
obtained without performing interpolation by read-  item. ing out a set of
filter coefficients F11 corresponding  wave: A waveshape of the low
frequency mod- to this coordinate (1, 1) as shown in Fig. 13. If,  15
ulating signal generated by the low frequency os- however, the designated
coordinate data contains a   cillator 119 is selected. For example, a
desired decimal section as in (1, 1.5), a set of filter coeffi-  waveshape
is selected from  among sinusoidal cients F11 corresponding to coordinate
(1, 1) and    wave, triangular wave, saw-tooth wave, inverted another set
of filter coefficients corresponding to  saw-tooth wave and square wave.
Data selected coordinate (1, 2) are read out from the filter coeffi-  20
here is registered as low frequency waveshape cient memory 114 as shown in
Fig. 13 and inter-      data WAVE in a register in the data and working
polation is performed between the respective co-     RAM 113 (see Fig. 14).
ordinates at a ratio corresponding to decimal val-      speed: Speed
(frequency) of the low frequency ues (0, 0.5) of the respective coordinates
to obtain  modulating signal generated by the low frequency a set of filter
coefficients which are actually not  25  oscillator 119 is determined. Data
determined here stored in the filter coefficient memory 114.        is
registered as low frequency speed data SPEED Reverting to Fig. 12a, if an
envelope select     in a register in the data and working RAM 113 (see mode
(Envelope) of No. 2 has been selected, the      Fig. 14). picture of the
display 230 changes as shown in Fig.     delay: Delay time from start of
depression of 12c. In this mode, various conditions for forming an   30
the key to start of oscillation of the low frequency envelope shape for
variably controlling filter coeffi-  oscillator 119 is determined. Data
determined here cients are determined. A desired item among items    is
registered as low frequency oscillation delay "R1", "R2, , "R3", "R4",
"L1", "L2", "L3", and "L4"   time data DELAY in a register in the data and
of the upper stage of the display 230 is selected    working RAM 113 (see
Fig. 14). by operation of the cursor switches 231 and 232   35    depth:
Amplitude (i.e., modulation factor or and desired data corresponding to the
selected       depth) of the low frequency modulating signal gen- item is
determined by the ten key switch 234. In     erated by the low frequency
oscillator 119 is deter- the lower stage of the items "R1", "R2", "R3",
mined. Data determined here is registered as low "R4", "L1", "L2","L3" and
"L4" is displayed data      frequency amplitude data DEPTH in a register in
which has been determined in correspondence to  40  the data and working
RAM 113 (see Fig. 14). the selected item. These items will now be de-
The low frequency oscillator 119 generates the scribed.
low freuquency modulating singal in accordance In association with attack,
decay, sustain and   with these data WAVE - DEPTH. release which are
elements of a normally known           Reverting to Fig. 12a, if a key
scaling mode envelope shape, "R1" determines an attack rate,  45  (Scale)
of No. 4 has been selected, the picture of "R2" a decay rate, "R3" a
sustain rate. "R4" a       the display 230 changes as shown in Fig. 12e. In
release rate, "L1" an attack level, "L2" a decay     this mode, a desired
one of plural key scaling level, "L3" a sustain level and "L4" a release
level  curves in the key scaling table 120 is selected. respectively. Data
of the respective items R1 - L4   Data selected here is registered as key
scaling are registered as filter envelope determining data  50  curve
select data KYSCV in a register in the data FENV(0) - FENV(7) in a register
in the data and      and working RAM 113 (see Fig. 14). A key scaling
working RAM 113 (see Fig. 14). The filter envelope   curve corresponding to
this key scaling curve se- generator 121 in Fig. 10 generates, upon genera-
lect data KYSCV can now be read out selectively tion of the key, envelope
shape data in accordance   from the key scaling table 120 and key scaling
with the filter envelope determining data FENV(0) -   55   data
corresponding to tone pitch (or tone range) of FENV(7).
a depressed key in this key scaling curve is read Reverting to Fig. 12(a),
if a low frequency mod-  out from the table 120. ulating signal set mode
(Lfo) of No. 3 has been    29                 EP 0 266 703 B1
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An example of flow chart of processings relat    panel 123 with touch data
TDATA. modulation ing to this invention among processings executed
wheel data WHEEL.D. envelope shape data EG- by the microcomputer section is
shown in Figs 15    DATA. low  frequency  modulating  signal data - 18. An
example of contents stored in the data and  LFODAT and key scaling data
KYSDAT and result working RAM 113 used in association with these    5   of
the modulating operation is used as the dynamic processings is shown in
Fig. 14.                     axis coordinate data DYNDAT. The data TDATA,
KCODE represents key code which represents       WHEELD, EGDATA. LFODAT and
KYSTAT may a key depressed in the keyboard 116 (Fig. 10).       contain
decimal section and the dynamic axis co- TDATA represents touch data which
represents    ordinate data DYNDAT obtained by the modulating a key touch
which has been detected by the touch   10  operation may also contain
decimal section. As detection circuit 117 (Fig. 10).
described above, in the filter coefficient memory WHEELD  represents
modulation wheel data          114, a filter coefficient which directly
corresponds which corresponds to amount of operation of the       to
coordinate values containing decimal section is modulation wheel 118 (Fig.
10).                      not assigned and in this case a filter
coefficient The data FTABLE - KYSCV have been de-   15  corresponding to a
coordinate value containing scribed before.
decimal section is obtained by performing inter- EGDATA represents envelope
shape data and        polation operation. The operation for modulating or
shows present value of envelope shape data used      modifying the dynamic
axis reference coordinate for controlling filter coefficients generated by
the  data DYN with the data TDATA, WHEELD, EG- lter envelope generator 121
(Fig. 10).           20   DATA, LFODAT and KYSDAT used as tone color LFODAT
represents low frequency modulating       control information may be any
arithmetic operation signal data and shows present value of the low
such as addition, subtraction, multiplication and di- frequency modulating
signal generated by the low     vision. For example, addition and
subtraction may frequency oscillator 119 (Fig. 10).                  be
used. KYSDAT represents key scaling data and   25          COEFA and COEFB
are interpolation operation shows present value of key scaling data read
out     coefficient registers which store two filter coeffi- from the key
scaling table 120 (Fig. 10) in accor-   cients which are to be subjected to
the interpola- dance with the tone pitch (or tone range) of the     tion
operation. The interpolation operation is effec- depressed key.
ted between coefficients of the same order in filter DYNDAT represents
dynamic axis coordinate  30  coefficients of two sets which are to be
subjected data and shows present value of the dynamic axis.    to the
interpolation operation. The registers COEFA XAXIS represents X axis
coordinate data and      and COEFB store filter coefficients of the order
shows presnt coordinate value.                       which are presently to
be subjected to the inter- YAXIS represents Y axis coordinate data and
polation operation. shows present coordinate value.                 35
COEFD(0) - COEFD(31) are filter coefficient One of the X axis and Y axis
coordinate data     registers which store filter coefficient data of the
XAXIS and YAXIS corresponding to the dynamic         respective orders
(from the zero-th to the thirty- axis is of the same contents as the
dynamic axis    first) which have been finally obtained by reading
coordinate data DYNDAT and the other of the X       from the filter
coofficient memory 114 and the axis and Y axis coordinate data XAXIS and
YAXIS   40  interpolation operation. The filter coefficient data of is of
the same contents as the fixed axis coordinate  the respective orders
stored in the filter coefficient data FIX.
registers COEFD(0) - COEFD(31) are supplied to By combination of the X axis
coordinate data     the digital filter 128 to determine the characteristics
XAXIS and the Y axis coordinate data YAXIS. filler   of this filter.
coefficients to be read out from the filter coefficient   45  Fig. 15 shows
a main routine. In "filter relating memory 114 are specified. In this case,
one of the   operation panel scan processing", on-off detection coordinate
data XAXIS and YAXIS is the same as       scanning of switches of the
filter relating operation the fixed axis coordinate data FIX and this data
is  panel 123 is performed and, in accordance with designated by the
processing in the parameter set    result of this scanning, the processings
relating to mode (see Fig. 12(b)) using the operation panel  50  selection
and determination of filter coefficients as 123. On the other hand, the
other of the coordinate  described already with reference to Fig. 12 are
data XAXIS and YAXIS corresponding to the dy-        performed to register
the data FTABLE, DYNAXS, namic axis coordinate data DYNDAT is one which
DYN, FIX, FENV(0) -FENV(7), WAVE, SPEED, DE- is modified by various tone
color control informa-   LAY, DEPTH and KYSCV in the registers of the tion
as described below.                        55  data and working RAM 113. An
operation is made for modulating the dy-          In a next processing,
data WAVE, SPEED, DE- namic axis reference coordinate data DYN des-
LAY and DEPTH for determining the low frequency ignated as desired by
operation of the operation     modulating signal registered in the data and
work- 16    31                 EP 0 266 703 B1                     32 



ing RAM 113 are supplied to the low frequency           In next step 146,
the touch data TDATA, modu- oscillator 119 (abbreviated as LFO in the
figure)   lation wheel data WHEELD and key scaling dta and the filter
envelope determining data FENV(0) -   KYSDAT are operated with respect to
the dynamic FENV(7) are supplied to the filter envelope gener-   axis
reference coordinate data DYN and the coordi- ator 121 (abbreviated as
filter EG in the figure).  5   nate data DYN is variably controlled by
these data In a next processing, on-off detecion scanning   and results of
operation are registered as dynamic of the keyboard 116 and other operators
124 is       axis coordinate data DYNDAT. In this case, en- performed and
data obtained as a result of this      velope shape data EGDATA and low
frequency scanning which are necessary for forming a tone      modulating
signal data LFODAT are not included in are supplied to the tone signal
generation circuit  10  the operation because initial values of these data
127 (abbreviated as TG in the figure).               have been made "0". If
the initial values of these When depression of a new key has boon de-
data are not "0", these data may be included in the tected during the
on-off detection scanning con-      operation. Nextly, "filter coefficient
operation sub- cerning the respective keys, "new key-on event
routine" is executed. routine" shown in Fig. 16 is executed. For brevity
15  An example of "filter coefficient operation sub- of explanation, in the
embodiment shown in Fig.      routine" is shown in Fig. 17. In this
processing, 16, the program has been made on the assumption      whether
the dynamic axis data DYNAXS is "1" or that the tone corresponding to the
newly depressed   not is examined (step 147). If it is "1", the dynamic key
is sounded in a single tone preference system.   axis is Y axis and the
processing proceeds to step On the way the main routine is executed, "tim-
20   148. In step 148, the dynamic axis coordinate data er interrupt
routine" shown in Fig. 18 is executed   DYNDAT which has been obtained in
the preceding regularly each time an interrupt signal is provided  step 146
is registered as the Y axis coordinate data from the interrupt timer 125.
YAXIS and the fixed axis coordinate data FIX which In the "new key-on event
routine" shown in       has been designated in the above described "filter
Fig. 16, key code of the newly depressed key is  25  relating operation
panel scan processing" is regis- registered as KCODE (step 140). Then, key
touch      tered as the X axis coordinate data XAXIS. data which has been
detected by the touch cletec-        In next step 150, contents of an order
register tion circuit 117 in response to depression of the    C are set to
"0". The contents of the order register newly depressed key is registered
as TDATA (step     C indicate the order of filter coefficients which are
141).                                          30  to be obtained presently
by operation. In next step 142, initial value "0" is set as the   In next
step 151, one of the filter coefficient envelope shape data EGDATA and
signal "1" re-       tables in the filter coefficient memory 114 des-
presenting that there is a depressed key is sup-    ignated by filter
ceofficient table data FTABELE plied as key-on signal KON to the envelope
gener-    which has been determined in the above described ator 121. The
initial value of the envelope shape   35  "filter relating operation panel
scan procssing" is data EGDATA is not limited to "0" but may be any
selected and a set of filter coefficients correspond- other value. Upon
receipt of "1" as the key-on       ing to X and Y coordinate values
designated by signal, the envelope generator 121 starts genera-   integer
sections of the X axis coordinate data tion of evnelope shape data.
XAXIS and the Y axis coordinate data YAXIS in the In next step 143, an
initial value "0" is set as   40  selected table are specified and filter
coefficient the low frequency modulating signal data LFODAT      among the
set of filter coefficients of the order and a start command is applied to
the low fre-       designated by the order register C is read out. The
quency oscillator 119. In response to this start     filter coefficient of
a certain order thus read out is command, the low frequency oscillator 119
starts     designated  by FCOEF {FTABLE, C, (XAXIS)I, oscillation. However,
actual oscillation is started   45  (YAXIS)I}. The filter coefficient of a
certain order upon lapse of the delay time determined by the       thus
read out is stored in one interpolation opera- above described data DELAY.
tion coefficient register COEFA. In next step 144, a key scaling curve cor-
In next step 152, as in step 147, whether the responding to the key scaling
curve select data      dynamic axis data DYNAXS is "1" or not is exam-
KYSCV is selected in the key scaling table 120 and   so  ined. If the
result is "1", the processing proceeds key scaling data corresponding to
the tone pitch of  to step 153 whereas if the result is "0", the pro- key
code KCODE in this selected key scaling curve    cessing proceeds to step
154. is read out from the key scaling table 120. The         In step 153,
in the filter coefficient table des- read out key scaling data is
registered as KYSDAT.   ignated by the data FTABLE, a set of filter coeffi-
In next step 145, output of operation of the   65  cients is specified by
the integer section (XAXIS)l modulation wheel 118 is loaded and registered
as     of the X axis coordinate data XAXIS and a Y axis the modulation
wheel data WHEELD.                    coordinate value (YAXIS)l + 1 which
is larger than the integer section (YAXIS)l of the Y axis coordi- 17    33
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nate data YAXIS by 1 and filter coefficient among      pressed key are
supplied to the tone signal genera- this set of filter coefficients which
is of the order  tion circuit 127. designated by the order register C is
read out. The       Description will be made about "timer interrupt filter
coefficient of a certain order thus read out is  routine" shown in Fig. 18.
Firstly, whether sounding designated  by  ECOEF {FTABLE, C, (XAXIS)I   5
of a tone is presently made or not is examined in (YAXIS) + 1} in the
figure. The filter coefficient of  step 160. If a tone is being sounded,
the process- a certain order thus read out is stored in the other   ing
proceeds to step 161. If no tone is being interpolation operation
coefficient register COEFB.    sounded, the processing proceeds to
"return". In this case, sicne the Y axis is the dynamic axis.       In step
161. envelope shape data which is interpolation along the Y axis is
performed.      10   being produced by the filter envelope generator In
step 154, in the filter coefficient table des-  121 is loaded and
registered as EGDATA. ignated by the data FTABLE, a set of filter coeddi-
In next step 162. the low frequency modulating cients is specified by an X
axis coordinate value      signal data which is being produced by the low
(XAXIS)I +  1 which is larger than the integer         frequency oscillator
119 is loaded and registered section (XAXIS)l of the X axis coordinate data
is   as LFODAT. XAXIS by 1 and the integer section (YAXIS)I of the
In next step 163, as in the above described Y axis coordinate data YAXIS
and filter coefficient    step 145. output of operation of the modulation
among this set of filter coefficients which is of the  wheel 118 is loaded
and registered as the modula- order designated by the order register C is
read       tion wheel data WHEELD. out. The filter coefficient thus read
out is des-   20     In next step 164, the touch data TDATA, modu- ignated
by ECOEF {EFABLE, C, (XAXIS)I + 1.            lation wheel data WHEELD,
envelope shape data (YAXIS)I} in the figure. The filter coefficient of a
EGDATA, low frequency modulating signal data certain order thus read out is
stored in the other     LOFDAT and key scaling data KYSDAT are op-
interpolation operation coefficient register COEFB.    erated with respect
to the dynamic axis reference In this case, sicne the X axis is the dynamic
axis,  25   coordinate data DYN to variably control the coordi-
interpolation along the X axis is performed.           nate data DYN and
results of the operation are In next step 155, an operation for
interpolating   registered as the dynamic axis coordinate data between the
filter coefficients stored in the regis-   DYNDAT. ters COEFA and COEFB is
performed by using, as             Then, "filter coefficient operation
subroutine" in a parameter, a decimal section of coordinate value   30
Fig. 17 is executed to produce filter coefficient data corresponding to the
dynamic axis in the X axis        by interpolation operation and the filter
coefficient coordinate data XAXIS and the Y axis coordinate        data
obtained are supplied to the digital filter 128. data YAXIS. The filter
coefficient obtained by this        Assuming  that a filter coefficient
table as interpolation operation is registered in the filter    shown in
Fig. 13 has been selected, an example of coefficient register COEFD(C) (one
of COEFD(0) -   35   selection of filter coefficients and interpolation op-
COEFD(31)) corresponding to the order designated       eration will be
described. In Fig. 13, for facilitating by the order register C. The
function of this inter-   understanding. filter characteristics curves
realized polation operation may be linear interpolation or      by sets of
filter coefficients are schematically ther suitable curve (e.g., secondary
curve or any      shown at coordinate positions of the respective
interpolation curve prestored in an interpolation   40  filter coefficients
sets FOO - F22. In these filter function memory).
characteristics curve, horizontal axis f represents Then, the contents of
the order register are       frequency and vertical axis L represents
level. increased by 1 (step 156) and whether this value is        Let us
now assume that the dynamic axis data larger than the maximum order 31 or
not is exam-     DYNAXS is "1 " (assuming that the Y axis is the ined (step
157). If the value has not exceeded the   45   dynamic axis), dynamic axis
reference coordinate order 31, the processing returns to step 151 and
data DYN is set at "0" and the fixed axis coordi- the same processing as
described above is re-          nate data FIX is set at "2". In this case,
"2" peated with respect to next order. By repeating        corresponding to
the fixed axis coordinate data is steps 151 - 157. filter coefficients of
all orders have  initially designated as the X axis coordinate data been
completed and step 157 becomes YES. Then   50   and "0" corresponding to
the dynamic axis refer- the processing proceeds to step 158.
ence coordinate data DYN is initially designated as In step 158, filter
coefficient data of all orders  the Y axis coordinate data. By this
designation, the stored in the filter coefficient registers COEFD(0)
filter coefficient set F20 assigned to the Y, Y co- -COEFD(31) are supplied
to the digital filter 128.     ordinate positions (2, 0) is selected.
Reverting to Fig. 16, upon completion of the   55     If an operation for
modulating the dynamic axis filter coefficient operation subroutine, the
process-  reference coordinate data DYN is performed by ing proceeds to
step  159 in which key code            using the touch data TDATA,
modulation wheel KCODE and key-on signal KON of a newly de-
data WHEELD. envelope shape data EGDATA, low 18    35                  EP 0
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frequency modulating signal data LFODAT and key        chaned to the
integer section as in "1.2", the Y scaling data KYSDAT which are tone color
control       axis coordinate data YAXIS is changed to "1.2" information
and the dynamic axis coordinate data       and. accordingly, the integer
section (YAXIS)I of DYNDAT obtained as a result of this operation is
the Y axis coordinate data YAXIS is changed to "1" for example "0.3", the Y
axis coordinate data    5   so that the filter coefficient set selected
from the YAXIS is changed to "0.3". However, the integer        filter
coefficient table is changed to the set F21 section (YAXIS)l of the Y axis
coordinate data         assigned to the X. Y coordinate (2, 1). The filter
YAXIS is "0" and remains uncharged and the filter      coefficients of this
filter coefficient set F21 are read coefficient set selected from the
filter coefficient   out from the filter coefficient table and stored in
the table still is F20 assigned to the X, Y coordinate   10  register
COEFA. This change is accompanied by positions (2, 0) and remains unchanged
from the        reading from the filter coefficient table and storing
initially set one. However, interpolation operation is  in the register
COEFB of a filter coefficient set F22 performed between the filter
coefficient sets F20       assigned to Y. Y coordinate positions (2, 2)
speci- and F21 by using decimal section "0.3" of the Y        fied by Y
axis coordinate value (YAXIS)l + 1 = axis coordinate data YAXIS as a
parameter         15  "2" which  is larger than the integer section More
specifically, filter coefficients of the filter  (YAXIS)l of the Y axis
coordinate data YAXIS by 1 coefficient set F20 assigned to the X, Y
coordinate    and the X axis coordinate data XAXIS which is "2". positions
(2, 0) is stored in the register COEFA       Thus, the filter
characteristics realized by filter co- whereas filter coefficients of the
filter coefficient set  efficients prepared by the interpolation operation
F21 assigned to X, Y coordinate positions (2, 1)   20   are synthetic
filter characteristics obtained by inter- specified by the Y axis
coordinate data (YAXIS)l +     polating, at a ratio corresponding to the
decimal 1 = "1" which is larger than the integer section       section
"0.2" of the Y axis coordinate data YAXIS, (YAXIS) of the Y axis coordinate
data YAXIS by 1       the two filter characteristics corresponding to the
and the X axis coordinate data XAXIS which is "2"      filter. coefficient
sets F21 and F22. If the filter is selected from  the filter coefficient
table and   25   coefficient set F21 realizes high-pass filter char- stored
in the register COEFB. Thus, the interpola-     acteristics and the filter
coefficient set F22 realizes tion operation is performed between the filter
co-     low-pass filter characteristics, the filter characteris- efficients
stored  in the registers COEFA  and         tics can be variably controlled
in accordance with COEFB by using the decimal section "0.3" of the Y
magnitude of a composite value of the data axis coordinate data YAXIS as a
parameter. The   30   TDATA, WHEELD, EGDATA, LFODAT and KYS- filter
characteristics realized by the filter coeffi-  DAT which are tone color
control information over a cients prepared by the interpolation operation
are     range from high-pass filter characteristics of a rela- synthesized
characteristics obtained by interpolat-   tively low cut-off frequency
corresponding to the ing, at a ratio corresponding to the decimal section
set F21 to high-pass filter characteristics of a rela- "0.3" of the Y axis
coordinate data YAXIS. the two   35  tively high cut-off frequency
corresponding to the filter characteristics corresponding to the filter co-
set F22. efficient sets F20 and F21 which have been sub-            In
steps 152, 153 and 154 in Fig. 17, the jected to the interpolation. If, for
example, the filter  coordinate value of axis corresponding to the dy-
coefficient set F20 realizes low-pass filter char-      namic axis is
increased by 1 whereas the coordi- acteristics and F21 realizes high-pass
filter char-   40   nate value of axis corresponding to the fixed axis is
acteristics, the filter characteristics can be variably  not increased by 1
and filter coefficient at cor- controlled in accordance with magnitude of
com-        responding coordinate is stored in the register posite value of
the data TDATA, WHEELD. EG-            COEFB. Alternatively, the coordinate
values of the DATA, LFODAT and KYSDAT which are tone color           X and
Y axes may be respectively increased by 1 control information over a range
from filter char-   45   and filter coefficient at corresponding coordinate
acteristics which are close to the low-pass filter     may be stored in the
register COEFB. In other characteristics of F20 to filter characteristics
which  words, filter coefficient of a certain order repre- are close to the
high-pass filter characteristics of   sented by FCOEF (FTABLE, C, (XAXIS)l
+ 1, F21.                                                   (YAXIS)l + 1)
may be stored in the interpolation As described above, in a case where the
filter  so   operation coefficient register COEFB. In this case,
coefficient set F20 assigned to the X, Y coordinate    by setting data
containing a decimal section as the positions (2, 0) has been initially
designated and an  fixed axis coordinate data FIX during "filter relating
operation is performed for modulating the dynamic      operation panel scan
processing", filter coefficient axis reference coordinate data DYN by a
composite      along the fixed axis corresponding to the decimal value of
the data TDATA, WHEELD, EGDATA,   55   section can be interpolated. LFODAT
and KYSDAT which are tone color control            In the above described
embodiment, a coordi- information, if the dynamic axis coordinate data
nate axis (dynamic axis) which is controlled in DYNDAT obtained as a result
of the operation has       accordance with the tone color control
information 19    37                  EP 0 266 703 B1
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is only one axis. The X and Y axes may however        should generate
envelope shape data for each of be both dynamic axes. If so, in a case
where          tone generation channels. coordinate data of both axes are
simultaneously        In the embodiment of Fig. 10 also, the key- variably
controlled, the shifting direction of  filter  board 116 and the touch
detection circuit 117 may coefficient to be selected on the coordinale of
the    5   be provided as a separate unit from a unit incor- filter
coefficient table need not extend along only   porating a tone signal
processing device. In this one axis but may be freely set such, for
example.     case. data is transmitted according to MUDI stan- as obliquely
or drawing circle on the coordinate      dard. Further, the present
invention is applicable plane.
not only to tone signal processing of scale notes In the above described
embodiment. the dy-   10  but also to signal processing of rhythm sounds
and namic axis is common to any tone color control        other sounds.
elements such as key touch. key scaling and on-          In the above
described embodiment, coordi- velope shape. The dynamic axis may however be
nate axes in the filter coefficient table consist of selected independently
from each other tone color     two axes (i.e.. two dimensional coordinate).
The control element. In this case, the synthesining op-   15  coordinate
axes rnay however consist of three axes eration of corresponding tone color
control informa-  (i.e., three dimentional coordinate) or one axis (i.e.,
tion and coordinate data changing operation cor-      one dimentional
coordinate). responding thereto should be performed with ro-           From
the standpoint that coordinate data of a spect to X axis and Y axis
selected as the dynmaic  filter coefficient to be read out is changed by
xis for each of the tone color control elements. By   20   variably
controlling coordinate data of at least one this arrangement, further
complex filter control can  coordinate axis in accordance with tone color
con- be realized.                                          trol information
and a set of filter coefficients to be In the above described embodiment,
the filter     read out from the filter coefficient memory is there-
coefficient table can be selected as desired by the  by changed, it is not
essential to perform interpola- user. Alternatively, a suitable filter
coefficient may   25  tion operation. If interpolation operation is not
per- be automatically selected in accordance with tone    formed, an
accurate tone color control (filter char- color selection operation.
Further, in the  above   acteristics control) may be realized by causing
described embodiment, selection of the dynamic        multiple sets of
filter coefficients to be stored in the axis and determination of dynamic
axis coordinate     filter coefficient memory. data and fixed axis
coordinate data are made as   30     As described above; according to the
invention, desired by the user so that designation of the X     filter
coefficients are generated by interpolation so and Y coordinate data can be
rnade as desired by      that filter coefficients can be generated densely
in the user. Alternatively, an arrangement may be       accordance with
contents of the tone color control made so that suitable data can be
automatically      without increasing the amount of filter coefficients
selected in accordance with a suitable operation   35  to be prepared.
Accordingly, rich filter characteris- such as tone color selection
operation.               tics can be realized with a relatively simple
circuit In the embodiment of Fig. 10, the interpolation    construction in
a tone color control using a digital operation etc. are executed by the
software proces-   filter whereby a tone color change control which is
ings. These operations may be realized by a           rich in variety can
be realized. By timewise chang- hardware circuit provided exclusively for
that pur-  40  ing the value of a control signal as an interpolation pose.
parameter, for example. filter coefficients which In the above described
embodiment, the low       change smoothly with  a relatively fine time
interval frequency oscillator 119 and the filter envelope    can be
generated without increasing the amount of generator 121 are constructed of
hardware  circuits   filter coefficients to be prepared whereby a smooth
provided exclusively for these purposes. These cir-   45  timewise tone
color change can be realized with a cuits may however be realized by
software proces-    relatively simple circuit construction. In a case
sings.                                                where the value of
the  control signal as interpola- In the above described embodiments.
genera-     tion parameter changes in accordance with tone tion of key
scaling data is effected by reading out   color control elements such as
key touch, tone the data from  the key scaling table 1   Alter-  so   pitch
or tone range,` manual operator output, en- natively, key scaling data
corresponding to a de-     velope shape data and low frequency modulating
pressed key may be generated by performing a        signal, fine filter
coefficients can likewise be ob- predetermined operation in accordance with
the        tained without increasing the amount of filter coeffi- key code.
cients to be prepared whereby a tone color change In the embodiment of Fig.
10 also, the inven-   55   control rich in variety corresponding to the
tone tion is applicable not only to monophonic musical     color control
information can be realized. instruments but to polyphonic musical
instruments.        Further, according to the invention, filter coeffi- In
the latter case, the envelope generator 121        cients to be read out
from filter coefficient memory 20    39                  EP 0 266 703 B1
40 



means are basically designated generally by refer-        out at least two
sets of filter coefficients from ence value data and. accordingly, contents
of stor-       said memory means by designating their mul- age in the
filter coefficient memory means can be         tiaxial coordinate addresses
in accordance with utilized with rich variation by determining this refer-
the desired tone color control characteristics. ence data as desired so
that a tone color change    5 control rich in variety can be realized in
this man-  2. A tone signal processing device as defined in ner also. In
other words. selection of filter coeffi-     claim 1 wherein at least two
sets of filter coeffi- cients can be made easily and in various manners
cients supplied by said filter coefficient supply whereby a further complex
digital filter characteris-     means respectively correspond to different
tics control can be made in a relatively simple   to      time frames,
manner.                                                   the control
signal generated by said control Further, according to the invention.
coordinate        signal generation means changes its value as data of at
least two axes are assigned to each set        time elapses, and of filter
coefficients stored in memory means and       said filter coefficient
interpolation means pro- coordinate data of at least one coordinate axis in
is   duces timewise changing filter coefficients by coordinate data for a
set of filter coefficients which    interpolation by timewise changing the
control has been designated to be read out is variably            signal
which is used as a parameter of inter- controlled in response to tone color
control in-          polation and thereby causes the filter char- formation
and the set of filter coefficients corre-       acteristics in said digital
filter means to change sponding to the variably controlled coordinate data
20  timewise. is read out from the memory means. Selection of filter
coefficients can therefore be made in various   3.  A tone signal
processing device as defined in manners depending upon selection of the
coordi-           claim  1 wherein the control signal generated nate axis
to be changed and variable control of the       by said control signal
generation means has a coordinate axis whereby a further complex digital
25    value corresponding to the touch applied to a filter characteristics
control can be made in a rela-     depressed key for designating tone pitch
of the tively simple manner.                                     tone
signal. Claims                                                 4. A tone
signal processing device as defined in 30      claim 1 wherein the control
signal generated 1. A tone signal processing device comprising:
by said control signal generation means has a filter   coefficient
supply      means             value corresponding to tone pitch or tone
(202:210;20:114) fer supplying filter coefficients    range of the tone
signal. in accordance with desired tone color control characteristics;
35   5. A tone signal processing device as defined in control signal
generation means (203:15.16.18:        claim 1 wherein said control signal
generation 116,117.118.122) for generating a control sig-        means
comprises envelope shape generation nal for c`ntrolling a tone color of a
tone.           means and generates the control signal which digital filter
means (201;23;128) for receiving        has a value corresponding to
envelope shape an input tone signal and filter coefficients and   40  data
generated by said envelope shape gen- controlling the input tone signal in
accordance       eration means. with characteristics determined by the
filter coefficients:                                      6. A tone signal
processing device as defined in characterized in that
claim 1 wherein said control signal generation filter    coofficiont
interpolation    means   45   means comprises means for generating a low
(204;10: 111. 112. 113) are provided for interpo-    frequency modulating
signal and generates the lating between at least two sets of filter coeffi-
control signal which has a value corresponding cients supplied by said
filter coefficient supply     to this modulating signal. means using the
control signal generated by said control signal generation means and sup-
50   7. A tone signal processing device as defined in plying to the digital
filter means interpolated       claim  1 wherein said control signal
generation filter coefficients: and                             means
comprises manually operated operator said   filter   coefficient   supply
means          means and generates the control signal which (202;210;
20:114)  includes  memory  means             has a value corresponding to
output of opera- (210;114) for storing plural sets of filter coeffi-   55
tion of this operator means. cients. each of these sets being assigned with
multiaxial coordinate data as address data and     8. A tone signal
processing device as defined in reading means (211;111,112,113) for reading
claim 1 wherein said filter coefficient interpola- 21    39
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are basically designated generally by refer-         out at least two sets
of filter coefficients from 



ence value data and, accordingly, contents of stor-        said memory
means by designating their mul- age in the filter coefficient memory means
can be          tiaxial coordinate addresses in accordance with utilized
with rich variation by determining this refer-   the desired tone color
control characteristics. ence data as desired so that a tone color change
5 control rich in variety can be realized in this man-   2. A tone signal
processing device as defined in ner also. In other words, selection of
filter coeffi-      claim 1 wherein at least two sets of filter coeffi-
cients can be made easily and in various manners           cients supplied
by said filter coefficient supply whereby a further complex digital filter
characteris-      means respectively correspond to different tics control
can be made in a relatively simple   10       time frames, manner.
the control signal generated by said control Further, according to the
invention. coordinate        signal generation means changes its value as
data of at least two axes are assigned to each set          time elapses,
and of filter coefficients stored in memory means and          said filter
coefficient interpolation means pro- coordinate data of at least one
coordinate axis in  is     duces timewise changing filter coefficients by
coordinate data for a set of filter coefficients which     interpolation by
timewise changing the control has been designated to be read out is
variably             signal which is used as a parameter of inter-
controlled in response to tone color control in-           polation and
thereby causes the filter char- formation and the set of filter
coefficients corre-        acteristics in said digital filter means to
change sponding to the variably controlled coordinate data   20  timewise.
is read out from the memory means. Selection of filter coefficients can
therefore be made in various   3. A tone signal processing device as
defined in manners depending upon selection of the coordi-            claim
1 wherein the control signal generated nate axis to be changed and variable
control of the        by said control signal generation means has a
coordinate axis whereby a further complex digital   25     value
corresponding to the touch applied to a filter characteristics control can
be made in a rela-      depressed key for designating tone pitch of the
tively simple manner.                                      tone signal.
Claims                                                 4. A tone signal
processing device as defined in 30       claim  1 wherein the control
signal generated 1. A tone signal processing device comprising:
by said control signal generation means has a filter   coefficient
supply      means              value corresponding to tone pitch or tone
(202;210;20;114) for supplying filter coefficients     range of the tone
signal. in accordance with desired tone color control characteristics;
35   5. A tone signal processing device as defined in control signal
generation means (203;15,16,18;         claim 1 wherein said control signal
generation 116,117,118,122) for generating a control sig-         means
comprises envelope shape generation nal for controlling a tone color of a
tone:            means and generates the control signal which digital
filter means (201;23;128) for receiving         has a value corresponding
to envelope shape an input tone signal and filter coefficients and   40
data generated by said envelope shape gen- controlling the input tone
signal in accordance        eration means. with characteristics determined
by the filter coefficients;                                      6. A tone
signal processing device as defined in characterized in that
clairn 1 wherein said control signal generation filter   coefficient
interpolation    means   45     means comprises means for generating a low
(204;10;111,112,113) are provided for interpo-         frequency modulating
signal and generates the lating between at least two sets of filter coeffi-
control signal which has a value corresponding cients supplied by said
filter coefficient supply      to this modulating signal. means using the
control signal generated by said control signal generation means and sup-
50   7. A tone signal processing device as defined in plying to the digital
filter means interpolated        claim 1 wherein said control signal
generation filter coefficients; and                               means
comprises manually operated operator said   filter   coefficient   supply
means           means and generates the control signal which (202;210;20;
114)  includes  memory  means              has a value corresponding to
output of opera- (210;114) for storing plural sets of filter coeffi-  55
tion of this operator means. cients, each of these sets being assigned with
multiaxial coordinate data as address data and     8. A tone signal
processing device as defined in reading means (211;111,112,113) for reading
claim 1 wherein said filter coefficient interpola- 21    41
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performs interpolation operation on    13. A tone signal processing device
as defined in the basis of difference between two filter co-
claim  12 wherein said control means is ca- 



efficients which are to be interpolated                pable of selecting a
coordinate axis along which the coordinate data may be modified. 9. A tone
signal processing device as defined in    5 claim 1 wherein said filter
coefficient interpola-  14. A tone signal processing device as defined in
tion means performs interpolation operation on         claim  1 wherein
said control signal having a the basis of at least one of two filter
coeffi-        value changing with a lapse of time so that cients to be
interpolated and a prepared coeffi-       said characteristic to be
imparted to said tone cient difference value.                       to
signal changes with a lapse of time. 10. A tone signal processing device as
defined in      15. A tone signal processing device as defined in claim 1
which further comprises reference val-         claim 1 wherein said control
signal has a con- ue data determining means (206) for determin-
stant value. ing reference value data for designating a set   16 of filter
coefficients to be read out from said    Patentanspruche memory  means
(210;114), and  operation means (208) for operating said reference value
1. TonsianalverarheitL'ngsvorrichtung, mit: data and said control signal to
provide fitter        einer       FilterkoeffizientenzufUhreinrichtung
coefficient operation data consisting of an in-   20   (202;210:20;114) zum
Zufahren von Filterkoef- teger section and a decimal section,
fizienten entsprechend gewOnschten Klangfar- and    wherein   said
reading    means               bensteuereigenschaften: (211:111,112,113)
reads out at least two sets          einer
Steuersirnalerzeugungseinrichtung of filter coefficients from said memory
means        (203:15, 16.18:118 ,117.118.122) zum Erzeugen in accordance
with the integer section of said   25    eines Steuersignals zum Steuern
einer Klang- filter coefficient operation data, and said filter     farbe
eines Tones: coefficient      interpolation      means              einer
Digitalfiltereinrichtung (201 ;23;128) zum (204;10;111,112,113)
interpolates between said         Empfangen eines Eingangstonsignals und
von at least two set of filter coefficients using the
Filterkoeffizienten und zum  Steuern des Ein- decimal section of said
filter coefficient opera-   30  gangstonsignals entsprechend den von den
tion data as an interpolation parameter                Filterkoeffizienten
bestimmten Eigenschaften; dadurch gekennzelchnet, daB 11. A tone signal
processing device as defined in          eine
Filterkoeffizienten-Interpolationseinrich- claim 10 wherein said control
signal is numeri-        tung (204;10;111,112,113) zum  Interpolieren cal
data containing a decimal section and said   35    zwischen wenigstens zwei
Filterkoeffizienten- operation means (208) performs at least one of
sdtzen vorgesehen ist. die von der Filterkoeffi- addition. subtraction.
multiplication and  divi-       zientenzufflhreinrichtung geliefert werden,
wel- sion.                                                  che das von der
Steuersignalerzeugungsein- richtung erzeugte Steuersignal verwendet und 12.
A tone signal processing device as defined in  40      der
Digitalfiltereinrichtung interpolierte Filterko- claim   1  wherein  said
reading   means              effizienten 7uf~ihrt; und (211;1 11.112.113)
includes coordinate designa-        die
FilterkoeffizientenzufUhreinrichtung tion means (211) for designating
coordinate            (202;210:20:114)  eine   Speichereinrichtung data of
at least one sel of filter coefficients to     (210:114) zuLMI Sneichern
von mehreren Filter- be read out from said memory means in ac-   45
koeffizientensitzen. wobei jedem dieser SAtze cordance with the desired
tone color control           Multiaxial-Koordinatendaten als Adreldaten zu-
characteristics, and control means (212) for           geordnet  sind. unid
eine  Leseeinrichtung modifying coordinate data along at least one
(211;111.112,113) zum  Auslesen von minde- coordinate axis of the
coordinate data des-            stens zwei Filterkoeffizientensdtzen aus
der ignated by said coordinate designation means,  so
Speichereinrichtung durch Angabe ihrer Multia- so that another multiaxial
coordinate location is      xial-Koordinatenadressen  entsprechend  den
designated by the modified coordinate data in          gewiinschten
Klangfarbensteuereigenschaften such a manner that another set of filter
coeffi-       aufweist. cients is read out from said memory means in
accordance with the designated other multiax-   55  2.
Tonsignalverarbeitungsvorrichtung  nach  An- ial coordinate location.
spruch 1. bei der wenigstens zwei von der
Filterkoeffizientenzufjhireinrichtung  gelieferten Filterkoeffizientensatze
jeweils unterschiedli- 22    43                 EP 0 266 703 B1
44      *    C   L   M   S      * chen Zeitrahmen entsprechen,
auf der Basis von wenigstens einem von zwei das von der
Steuersignalerzeuguligseinirich-          zu interpolierencden
Filterkoeffizienten und ei- tung erzeugte Steuersignal seinen Wort zeitlich
nem  vorbereiteten  Koeffizientendifferenzwert 



andert, und                                          clurchfUhrt. die
Filterkoeffizienten-Interpolationseinirichtung    5 durch Interpolation
sich zeitlich Andeninde Fil-  10. Tonsignalverarbeitungsvorrichtung  nach
An- terkoeffizienten erzeugt, indem  das Steuersi-       spruch 1, die
ferner eine Referenzwertdaten- gnal, das als Interpolationsparameler
vorwen-         Bestimmungseinrichtung  (206) zum  Bestim- det wird,
zeitlich geandert wird, und cladurch        men von Referenzwertdaten
aufweist, urm ei- eine zeitliche Veranderung der Filtereigen-   10      nen
aus der Speichereinrichtung  (210;114) schaften in der
Digitalfiltereinrichtung bewirkt.     auszulesenden Filterkoeffizientensatz
zu be- stimmen, sowie eine Operationseinrichtung >  3.
Tonsignalverarbeitungsvorrichtung  nach  An-           (208) zum
Verarbeiten der Referenzwertdaten spruch 1, bei der das von der
Steuiersignaler-        und des Steuersignals, um Filterkoeffizienten-
zeugungseinrichtung erzeugte Steuorsignal ei-  is     Operationsdaten  zu
liefern, die aus einem nen Wert aufweist, der dem zur Bestimmung
Ganzzahlabschnitt und einem Dezimalabschnitt der Tonhohe des Tonsignals auf
einm gedrOck-          bestehen, te Taste ausgeUbten Anschlag entspricht.
und    bei   der   die    Leseeinrichtung (211;111,112,113) wenigstens zwei
Filterkoeffi- 4. Tonsignalvenanbeitungsvonrichtung  nach  An-   20
zientensatze entsprechend dem  Ganzzahlab- spruch 1, bei der das von der
Steuersignaler-        schnitt der Filterkoeffizienten-Operationsdaten
zeugungseinrichtung erzeugte Steuersignal ei-         aus der
Speichereinrichtung ausliest, und die nen Wert aufweist. der der Tonhdhe
oder dem           Filterkoeffizienten-Interpolationseinrichtung Tonbereich
des Tonsignals entsprichl.                (204;10;1 11,112,113) zwischen
den wenigstens 25      zwei Filterkoeffizientensatzen interpoliert, wo- 5.
Tonsignalverarbeitungsvorrichtung  nach  An-          bei der
Dezimalabschnitt der Filterkoeffizien- spruch 1, bei der die
Steuersignalerzeugungs-        ten-Operationsdaten als
Interpolationsparame- einrichtung eine HUlikurvenformerzeugungsein-
ter verwendet wird. richtung aufweist und das Steuersignal er- zeugt, das
einen Wert aufweist, der von der   30   11.
Tonsignalverarbeitungsvorrichtung  nach  An-
Hulikurvenformenzeugungseinrichtung  erzeug-          spruch 10, bei der
das Steuersignal aus nume- ten HOlIkurvenformdaten entspricht.
rischen Daten besteht, die einen Dezimalab- schnitt enthalten, und bei der
die Operations- 6. Tonsignalverarbeitungsvorrichtung  nach  An-
einrichtung (208) von Addition, Subtraktion, spruch 1, bei der die
Steuersignalerzeugungs-   35    Multiplikation und Division wenigstens
eines einrichtung cine Einrichtung zum Erzeugen ei-         durchfahrt. nes
Niederfrequenz-Modulationssignals auf- weist und das Steuersignal erzeugt,
das einen     12. Tonsignalverarbeitungsvorrichtung  nach  An- _,,    Wert
aufweist, der diesem  Modulationssignal          spruch  1,  bei  der  die
Leseeinrichtung entspricht.                                  40      (211
;111,112,113) aufweist: eine Koordinaten- bestimmungseinrichtung (211) zum
Bestimmen 7. Tonsignalverarbeitungsvorrichtung  nach  An-          von
Koordinatendaten von wenigstens einem spruch 1, bei der die
Steuersignalerzeugungs-         entsprechencl den gewunschten Klangfarben-
einrichtung eine manuell bet~tigbare Bedien-          steuereigenschaften
aus der Speichereinrich- einrichtung aufweist und das Steuersignal er-  45
tung auszulesenden Filterkoeffizientensatz und zeugt, das einen Wert
aufweist, der clem Aus-         eine Steuereinrichtung (212) zum
Modifizieren gangssignal der Betatigung dieser Bedienein-          von
Koordinatendaten entlang wenigstens einer richtung entspricht.
Koordinatenachso der von der Koordinatenbe- stimmungseinrichtung bestimmten
Koordina- 8. Tonsignalverarbeitungsvorrichtung  nach  An-   50     tendaten
clerart, dal3 von den modifizierten Ko- spruch 1, bei der die
Filterkoeffizienten-Inter-      ordinatendaten eine weitere
Multiaxial-Koordi- polationseinrichtung den Interpolationsvorgang
natenposition derart bestimmt wird, daB ein auf der Basis der Differenz
zwischen zwei zu          weiterer Filterkoeffizientensatz  entsprechend
interpolierenden Filterkoeffizienten durchfluhrt.     der bestimmten
anderen Multiaxial-Koordina- 65      tenposition aus der
Speichereinrichtung ausge- 9. Tonsignalverarbeitungsvorrichtung  nach  An-
lesen wird. spruch 1, bei der die Filterkoeffizienten-Inter-
polationseinrichtung den Interpolationsvorgang 23    45                  EP
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Tonsignalvera-boitungs.voriichtung  nach  An-       2. Disposilif pOrt? 1e
traitemrent d'un signal sonore spruch 12, bei der clie  teuereinrichtu'>g
in-          suivant la rcvendication 1, dans lequel au stande ist, eine
Koordinatenachse auc;:uv-h-            moins deux jeu>< de coefficients de
filtrage 



len, entlang der die Koordinatendaten modifi-          fournis par ledit
moyen d'alimentation en coef- ziert werden kbrnner.
s        ficients de filtrage correspondent, respective- menit. a
diff6rents Atats dans le temps, le si- 14.
Tonsignalveirabeitungsvoriicihtunig  nao h  An-        gnal de commande
g9ndir par ledit moyen de spruch 1. bei der das Stnuersignal c"'n Wfert
gen~ration de sicgnaux do commande change aufweist, der sich zeitlich
andert, so :tal3 ich        de valeur au '!I' -t .- mesure que le temps die
auf das Tonsignal zu (ibertrageido a.igon    tO     s'ecoule, Ot schaft
zeitlich andert                                 ledit moyen d'interpolation
de coefficients de filtrage produit des coefficients de fiftrage K\.115.
TonsignalverarbeituLigsvorrichtung  nacl  An-         changeant
psriediqpernent par interpolation en spruch 1, bei der das Steuersignal ein
;n koii          changeant periodiqluement le signal de corn- stanten Wort
aufweist.                        15        mande  iui est utilisd comme
parametre d'in- terpolation -7t. de ce fait, fait changer periodi-
Revendications                                              quement lIs
caracteristiques de filtrage dans ledit moyen -e filtrage numerique. 1.
Dispositif pour le traitement d'un signal sonore, k_.  comprenant:
2o   3. Dispositif poltr le traitement d'un signal sonore un moyen
d'alimnentalion en coefficien d.c fil-PI       suivant la revendication 1,
dans lequel le signal trage (202; 210 : 20 : 114) pour fournii des
de commando g6n&re par ledit rnoyen de ge- coefficients defiltrago solon
les caractc(risciCIuOs    n6ration do signaux cdO commande a une va- de
commande de torialitR desir~es,                      leur corresponclant a
ia pression appliqu6e sur un moyen de generation de signaux de com-   25
une touche 9nfor1cI4e pOUr ddsigner la hauteur mande (203; 15, 16, 18: 116,
117. 11C. 122)             de son du signal sonore. destine a gen6rer Lno
signal de c:monando pour commander uno tonalitM d'un sor.               4.
Dispositif pOUr' le traitement d'un signal sonore un moyen de filtrage
nurnrique (201: 23. 128)           suivant la revendication 1, dans lequel
le signal v      destin6 a recevoir un signal sonore d'  ntrdc et   30   de
comrandcl genrer par ledit moyen de g6- des coefficients de fil~t*ige et a
comn - ndei lo       neration de siglauW de commande a une va- signal
sonore d'ontrec solon les caracteristi-         leur corrosp)ondant A Ia
hauteur de son ou ques d6termin6es par les coefficients de filtra-
I'6tend'.ue d* son 'IJ signal sonore. ge, caracterise en ce que
35   5.  Dispositif pc'ur le traiternent d'un signal sonore des rnoyens
d'interpolalion de coefficieils. de         suivant Ia revendication 1,
dans lequel ledit filtrage (204; 10; 111. 112, 113) scn,"' jrvus
moyen de gen6ration de signaux de comman- pour l'interpolation  entre au
moins doeLo  jew: de comprend ULn moyen' de generation de for- de
coefficients de filtrage fournis .at Icdit          me cl'enveloppe et
genere le signal de corn- moyen d'alimentation en coefficients de filtrage
40   mande qui a une valeur correspondant aux a l'aide du signal de
commande g6n6re par               donn6es de forme d'enveloppe g6n6r6es par
ledit moyen dco g6enration de signaux d* corn-          ledit moyon de
gjndration de forme d'envelop- mande et fournissant au moyen d:, filirage
pe. numerique des coefficients de filtragr intnrpo- 16s, et
4s   6. Dispositif pour le traitornent d'un signal sonore ledit moyen
d'alimentation en coeffi:.-i'O clde         suivant la rovenJdication 1.
dans lequel ledit filtrage (202; 210; 20; 1 d1!) comports 1in Mn71iy-on
moyen ds ganiration de signaux de comman- de mermoiro (210; 114) destine &
enregistrer            de comprend  Lno mno.yon pour g6nerer un si- une
pluralit6 de jeux de coefficients de filtrage,      gnal de modulation
basse frequence et g6nbre a chacun de ces jeu;: Mtant attribu-&*  des   50
le signal de commande qui a une valeur cor- donnoes de coorclonnrees
multiaxiale  ;. mme           respondcant a r: signal de modulation.
donnAes cl'adrosse, ot un moyen dc  t .cture (211; 111, 1-12. 113) destine
a lire ,:. minoms     7. Dispositif pour !e traitement d'un signal sonore
deux jeux do coefficients de filtreg,_ dudit           suivant la
rovendication 1, dans lequel ledit moyen de mimoire en dtsignant leurs
adres-   55         moyen de g6nzration do signaux de comman- ses de
coordorin6os multiaxiales selon 1c-s ca-         de comprend un moyen
op6rateur a comman- racteristiques de commando de tonalI"c  cl16si-
de manuelle et genere le signal de commando r6es.
qui a ine valeur correspondant a la sortie 24    47                   EP 0
266 703 B1                  48       *    C  L  M   S    * d'operation ds-
cc moy z-n operateur                      '16sirfes. et un moyen de
commande (212) destin- a m-difier les donnees de coordon- 8.  Dispositif
pour le traitc c>,.nt d'un s, :al -:n-nore     noes Sur au rnoins un axe de
coordonnees des 



suivant la revendication 1, dans loquol ledit             rlonn&ks do
coordonn6es par ledit moyen de moyen d'interpolation de coefficients de
filtra-    5     d6signation de coordonnees, de manikre qu'un ge effectue
l'operation d'interpolation base sur          autro enplac'-merrl de
coordonness multiaxia- ia difference entre dr;.: coefficieiv' ri filtrage
lis est d4 s'9n.{' pa'r ios donnees de coordon- devant tro interpolks.
rifts modifinsr dc tolle maniere qu'un autre jeu de ccefficients de
filtrage est lu dudit 9.  Dispositif pour le traitement d'un signal sonore
10     myelln de m6moire selon l'autre emplacement suivant la
iovenclication 1, dans lequel ledit            de corsronnm;- mn.liaxialos
design6. moyen d'interpolation de coefficients de filtra- go offectue
l'opiration d'interpolatior- basA sur     13. Dispositif po,, c
traitement d'un signal sonore au moins l'un de de '.': oefficionf- '
'ilfwage           suivaeW la 'm.'f cr':at;rn 12, dans lequel ledit devant
A-tre interpol6s et une valour do diff-   15      mcyeo  r   eommnande ost
susceptible de s6- rence de coefficients pr6par6e.
loctionne! un axc* da coordonn4es sur lequel pouvont Mtre moclififes les
donn6es de coor- 10. Dispositif pour le traitement d'un signal sonore
donn6es. suivant la revendication 1 qui comvndl. en <_.     outre, lin
moyen de determination de donnees   20   14. Dispasitir pouir 1e Iraitement
d'un signal sonore do valour de r6ference (206) dost.- -   ld~ter-
suivant la rer .n1rhoation 1, dans loquel ledit miner les donn6es de valeur
de rer - :  pour              signal doe 2orrmnande a une valeur changeant
designer Lill jeu do (-r!officients do )Th ..fy Ja lire   au couis rld'ln
faps de temps, de maniere que dudit moyen d mdrmoire (210; 114). et un
ladite caraclzristique ~  attribuer audit signal moyen d'operation (208)
destine a fairc des   25          sonoro ^hange au coirs d'un laps de
temps. op6rations sur lesditcs donnees de alour de r6fdrence et sur ledil
skinal de con '-,,-+o afin     15. Dispositif pour le traitement d'un
signal sonore de fournir des donneis ld'operation de coeffi-
suivant i?. revendication 1, dans lequel ledit cients de Filtrage
consistant en une partio on-           signal de commande a une valeur
constanto. tiere et on une partic decimale,                30 at dans
loquel lediR moyen des  'UI' (211; 11 1, 112. 113) lit aU moins deux jou;;
de coeffi- cients de filtrage dudit moyen r:lo  mrmoire selon la partie
entiere desdites donnees d'op6- ration do coofficionts de filtrago, et
lodit moyen    35 d'interpolaticn de ccc.ficients do r     (?04; 10; 111.
112. 113) effec:ue linterp eat~' ontre lesdits au moins deu; jeux de cc.-
'r. ons de ,.   filtrage utilisant la pa!lie d~cima'  cle dites donn6es
d'op6ration de coefficients de filtrage   40 comme pararnftre
d'interpolation. 11. Dispositif pIour le traitement d'un sigrv:! sonore
suivant la rovorndicatio- 10^, dains OCq!Il ledit signal de commande est
une donnee num6ri-   45 quo contenant unl  paltica dkcin- -:!  t i^dit
moyen d'op6ration  (208) effectue a . manls l'uno parmi uLne addition.
soustraction. mnultipli- cation et division. 50 12. Dispositif pour lo
traitoment d'un i~gnil sonore suivant la rovendicalic-! 1, dans 'erl edit
moyen de locture (2   11 1, 112. 1 ') campor- to un moyen do dcsignation de
t c      Irc!rr~es (211) destine A d6signer les donnd-s de coor-   55
donneos d'au moins un jeu de coeffii-ionts de filtrage v lire dudit moyen
de rmn.  i-r cslon les caract6ristiques de commande de lonalit6 25    


